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EFACE

Electronic Communications: Systems and Circuits is the first truly “high-tech” approach
to the presentation of electronic communications systems and circuits. All of the latest
technology of integrated circuits, digital communications techniques, lasers, fiber optics,
and the microcomputer as a problem-solving tool are used here. It was written to:

B Bring the latest communication technology into the classroom.
B Take advantage of classroom accessibility to microcomputers.

B Demonstrate new integration of digital technologies into the mainstream of electronic
communications.

B Emphasize the integrated circuit as a major building block in communications
equipment.

B Expand upon the topics of laser and fiber optics as a major method used in com-
munication systems.

B Omit out-dated topics that tend to stay in revised editions of early communication
textbooks.

B Address the importance of troubleshooting and instrumentation by including these
topics as a major section in every chapter of the book.

This text is designed for a first course in electronic communications. You can employ
it early in a curriculum because the only prerequisites are DC/AC theory and some ele-
mentary algebra. This is an excellent text to use in the first or second year technician
programs or sophomore/junior year of engineering technology programs. It is recom-
mended that a devices class be taken as a corequisite.

Electronic Communications: Systems and Circuits uses a systems to circuits approach.
This is achieved by dividing the text into two major parts. The first part presents com-
munication systems. Circuits are presented in the last part. This method has several
advantages:

M You need not have completed a course in electronic devices.

B Attention can be focused on the theory, purpose and application, and troubleshooting
of communication systems, without bogging you down in the details of circuit theory.

B The integrated circuit can be introduced early as a major component in communi-
cation systems. From a troubleshooting standpoint it can be treated as a circuit element.

xi



xii

ELECTRONIC COMMUNICATIONS

B Communication circuits are introduced when you are technically ready to see where
they are used in a system. This approach allows for the similarities and differences
of communications circuits to be presented to you in a clear and logical arrangement.

B You can now focus attention on one major area at a time, first systems, then circuits.

Major Features

The major features of this text include:

Chapter Objectives. Every chapter begins with a set of objectives that you are expected
to achieve after completing the chapter. These are written in a manner that makes them
easy for you to understand.

Chapter Introduction. Every chapter begins with an important introduction. This is
designed to motivate you and give an overview of the key chapter topics and the reason
for their presentation.

Review Questions. Each chapter is divided into topical sections. The end of each sec-
tion contains review questions designed to give you an opportunity to test your compre-
hension of the material just presented. The answers to the review questions are found at
the end of the text.

Numbered Equations. Every equation presented is numbered for easy reference. This
numbering system is used when the equation appears in an example so that you may make
easy reference to where it is first presented.

Detailed Examples. Numerous detailed examples illustrating step-by-step solutions to
problems are presented throughout the text. Each major step is presented with all variables
and units clearly defined. '

Troubleshooting and Instrumentation. Every chapter ends with a special section on
Troubleshooting and Instrumentation. These sections contain topics that relate to the topic
of the chapter. Techniques in troubleshooting communication systems and the instrumen-
tation required are presented in the systems portion of the text, while circuit troubleshoot-
ing and instrumentation is presented in the circuits portien of the text.

Tabular Information. Numerous tables are used to present the interrelationship of im-
portant communication topics and concepts. These tables are designed to show you the
commonalities and differences between communication systems, terminology, and cir-
cuits. They are an outstanding teaching aid for the classroom and valuable learning tool
for the individual reader.

Illustrations. Many elaborate illustrations are used in this text with the intent of teach-
ing concepts. These are extremely valuable in class presentations of new concepts. These
illustrations are presented in a manner that removes as many learning obstacles as possible
while preserving the important technical nature of the subject.

Chapter Problems. Problems are presented in enough quantity to provide ample prob-
lem solving experience in electronic communications. The intent is to build your confi-
dence and reinforce important chapter features. The solutions to the odd-numbered prob-
lems are found at the end of the text.

Digital Appendix. An appendix that introduces fundamental digital concepts (such as
binary numbers, logic gates and flip-flops) is included if you lack a digital foundation.
This affords the instructor the opportunity to include this topic which is now well inte-
grated into communications technology. The topic is a suggested prerequisite for the chap-
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ters on pulse communication techniques and digital communication techniques, as well as
the chapter on phase-locked loops.

Formula Appendix. All new formulas presented in a chapter are summarized in the
appendix. This feature offers a method of reviewing and reinforcing important mathe-
matical relationships.

Ancillary Materials

The concept of the microcomputer as a patient teacher is used here. Every text comes
with a floppy disk. The disk contains a series of self-instructional troubleshooting simula-
tion programs. With the use of a special disk used only by your instructor, you may have
your progress monitored. In this manner, you have the opportunity to get more individual
attention than what is normally available in a standard laboratory setting. This is a powerful
learning feature never before available to electronic communication students.

A coordinated laboratory manual is available with this text. The experiments use the
same systems to circuits approach used by the text. Integrated circuits used in commu-
nication systems that are easy and inexpensive to purchase are emphasized in the exper-
iments. The experiments cover the full range of communications from the VCR, optical
fibers, antennas and transmission lines to phase-locked loops, active filters and integrated
circuit voltage regulators. Every experiment contains an important troubleshooting section,
with detailed explanations for conducting a successful experiment.

A special Instructor’s Guide is available for those who teach from this text. All end
of chapter problems are answered and important comments and suggestions concerning
all of the lab experiments are presented. Special emphasizes is placed on areas where
students may encounter problems. Here, learning activities are suggested for the instruc-
tor’s use. Each program used on the accompanying floppy disk is clearly explained with
its use and limitations.
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CHAPTER 1

M Introduction
and Review

OBJECTIVES

In this chapter, you will study:

What this book covers.

What you should already know.
A review of reactance.

A review of impedance.

A review of resonance.

The definitions of troubleshooting and instrumentation.

OOo0Oo0o0oooao

Major categories of troubleshooting.

INTRODUCTION

The material you learned in the alternating current (AC) electrical circuits course is used
in this text. Reviewing this material now will help you learn the new information presented
in electronic communications. The microcomputer simulation for this chapter is an RLC
circuit simulation. This program will determine the resonant frequency and bandwidth of
an RLC circuit. You need only supply the values of the capacitor, inductor, and circuit
resistance; the computer will do the rest.

1-1

SCOPE OF THE TEXT

This text covers all of the important concepts of electronic communications. When ‘you
complete this text, you will have studied the technical details of radio, television, satellite
communications, microwaves, fiber optics, and lasers. In addition, integrated circuits are
emphasized. Different integrated circuits (ICs) are shown in Figure 1-1.

Integrated circuits are rapidly replacing discrete components such as transistors, diodes,
resistors, capacitors, and inductors. Because of the increasing use of ICs, this text is di-
vided into two main sections. Section 1 (Chapters 1-12) introduces electronic commu-



Chapter 1 Introduction and Review 3

Figure 1-1 Integrated circuits used in electronic communication circuits. Copyright by Mo-
torola, Inc. Used by permission.

nication systems. You will discover how complete systems, such as AM-FM receivers and
transmitters, function. Integrated circuits are also introduced in these chapters.

Section 2 (Chapters 13-17) introduces the analysis of discrete component circuits,
such as radio frequency amplifiers, oscillators, and all the other important communication
circuits that use discrete components or act in conjunction with ICs.

Learning electronic communications in this manner also allows you the time needed
to have your devices and circuits course be in-step with this text. Thus, to start this text,
you need not know anything about transistor operation or ICs, a welcome relief from the
more traditional methods of presenting electronic communications.

Each chapter contains a section of the highest priority: troubleshooting and instru-
mentation. These two areas have the greatest job potential for graduate technicians. These
important areas are not treated lightly in this text, nor are they included at the expense of
important electrical concepts.

This text has many other important features. You can use your microcomputer as a
system and circuit simulation tool. Each text comes with a floppy-disk containing pro-
grams that relate to each chapter of the text.

A very important chapter, not usually included in traditional communications text-
books, is Digital Communication Techniques. This chapter applies these circuits to com-
munications systems and circuits. Digital and logic circuits are widely used in home en-
tertainment systems and industrial and military communication applications.

A laboratory manual accompanies this text. It presents practical applications of the
theory given here. The manual also presents experiments in practical troubleshooting and
circuit analysis techniques using ICs and discrete components. Developing these skills will
help you get and keep your first job in the growing field of electronic communications.
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1-2

WHAT YOU SHOULD ALREADY KNOW

Before starting this text, you should have successfully completed the following:

B A basic DC and AC electrical circuits course including laboratories
M Introductory algebra
B Some introduction to trigonometry

DC Electrical Circuits
You should be familiar with:

B Series, parallel, and series-parallel resistive circuits
M Electrical power dissipation

B  Circuit loading

W Bridge circuits

AC Electrical Circuits

This chapter reviews some important AC electrical circuit topics. Areas you should know
that are not covered are

Analysis of periodic waveforms such as the sine wave and square wave
Transformers and impedance matching

Time constants, integrators, and differentiators

The basic theory of operation of the analog DC and AC milliammeter
Concepts of phasors

Laboratory Skills

You should have acquired the following laboratory skills:

B Using the VOM and electronic multimeter to measure resistance, voltage, and current

W Using the oscilloscope to measure period, frequency, peak-to-peak and instantaneous
values of periodic waveforms

Soldering, desoldering, and basic electrical assembly techniques

Identifying and testing resistors, capacitors, inductors, transformers, and relays
Safely operating DC laboratory power supply

Graphing electrical circuit variables on semilog graph paper

Constructing simple electrical circuits from schematic diagrams

Using the laboratory function generator

Mathematics Skills
You should know how to

B Add, subtract, multiply, and divide signed algebraic expressions

B Use powers of ten, scientific notation, and metric units as they apply to electrical
standards :
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Solve a linear equation in one unknown
Solve right triangles and use them to solve AC electrical circuits

It would also be helpful to know electrical applications of logarithms.

Computer Programming

You do not need to know anything about computer programming. To start the student disk,
simply refer to the instructions on the back of the last page in the book. Once you are started,
follow the instructions presented on the disk. Your progress will automatically be monitored
so that you may receive valuable help from your instructor when you need it.

Devices and Circuits

It isn’t necessary to have completed a course in electronic devices and circuits, where you
learn about diodes, transistors, and ICs. If you are just starting a devices and circuits
course, then you will find that this text will pace you so that as you cover topics in the
devices course, their communication applications will be presented here. If you are not
taking such a course, you will need to spend more time on the material presented in Section
2 of this text.

1-2 Review Questions

1.
2.

Explain the relationship between voltage, current, and resistance.

In a series DC circuit, what happens to the total circuit current if the circuit resistance
increases? decreases? What happens to the total circuit resistance if one resistor in the
circuit increases? decreases?

. In a parallel DC circuit, what happens to the total circuit current if the circuit resistance

increases? decreases? What happens to the total circuit resistance if one resistor in the
circuit increases? decreases?

For a DC circuit consisting of a 5-k{) resistor connected to a 12-V source, find (A)
the circuit current, (B) the power dissipated in the resistor, and (C) the power delivered
by the source.

. A 1-kQ resistor, a 3.3-k{) resistor, and a 5.2-k{) resistor are connected in series to a

12-V DC source. Calculate (A) the total circuit current, (B) the voltage drop across
each resistor, and (C) the power delivered by the source. .
A 1-kQ) resistor, a 3.3-k() resistor, and a 5.2-k{) resistor are connected in parallel
across a 12-V DC source. Calculate (A) the total circuit current, (B) the current in
each resistor, and (C) the power delivered by the source.

. What are the rms value and the peak-to-peak value of a sine-wave having a peak voltage

of 24 V? If the voltage has a frequency of 12 kHz, what is the period? How much
power would be dissipated by this source when it is connected to a 150-() resistor?

. A transformer has 10 turns on the primary and 150 turns on the secondary. If a

120-V rms signal is applied to the primary, what is the secondary voltage?

. If the transformer secondary in problem 8 is connected to a 100-{) resistor, find the

secondary current, the primary current, the power delivered by the source, and the
power dissipated by the 100-() resistor.
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1-3

REVIEW OF REACTANCE

Overview

Recall that reactance is nothing more than the opposition of a capacitor or an inductor to
current flow. The unit of measurement for reactance is the ohm (()).

Capacitive Reactance
A capacitor opposes a change in voltage. The more rapidly the voltage applied across a
capacitor is changing, the quicker will be the current to and from the capacitor. In other
words, the greater the change of voltage applied to a capacitor, the greater will be the
amount of capacitive current. This can be expressed mathematically as
o= (Equation 1-1)
ic=C— uation 1-
c Az q
where i = Instantaneous capacitor current in amperes
C = Capacitor value in farads
Av = Rate of change of the applied voltage in volts
At = Rate of change of time in seconds

When a sine wave is applied across a capacitor, its reactance may be expressed math-
ematically as

1
2nfC

o= (Equation 1-2)
where X = Capacitive reactance in ohms
m =3.14159 ...
f = Frequency of the applied sine wave in hertz
- C = Capacitor value in farads

Example 1

Determine the peak current for the circuit in Figure 1-2.

v,,=12vd J_
f = 1KHz r\? C‘=5“FT

Figure 1-2
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Solution
First determine the amount of capacitive reactance:

1

- 2mfC
X, =31.80

Xec

(Equation 1-2)

Next, using Ohm’s law for reactance, calculate the circuit current:

1=
Xec
1 =377 mA

Therefore, the circuit in Figure 1-2 will have a peak current of 337 mA when a sine
wave with a peak voltage of 12 V and a frequency of 1 kHz is applied to the 5-wF
capacitor.

Inductive Reactance

An inductor opposes a change in current. The more rapidly the current in an inductor tries
to change, the more the inductor will create a voltage across itself to oppose the current
change. In other words, the greater the change of current in an inductor, the greater will
be the amount of voltage developed by the inductor to oppose the current. This can be
expressed mathematically as

vp=1L E (Equation 1-3)
At
where v, = Instantaneous inductor voltage in volts
L = Inductor value in henries
Ai = Rate of change of inductor current in amperes
At = Rate of change in time in seconds

When a sine wave is applied across an inductor, its reactance may be expressed math-
ematically as

X; = 27nfL (Equation 1-4)

where X, = Inductive reactance in ohms ({))
T =3.14159 ...

J = Frequency of the applied sine wave in hertz
L = Inductor value in henries
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Example 2

Determine the peak current for the circuit in Figure 1-3.

V,=5V
f=12 kHz é’ L““‘”%

Figure 1-3

Solution
First determine the amount of inductive reactance:

X, =27wfL (Equation 1-4)
X, =2260

Next, using Ohm’s law for reactance, calculate the circuit current:

14
Ip=—
Xi
Iy =22mA

Hence, the circuit in Figure 1-3 will have a peak current of 22 mA when a sine
wave with a peak voltage of 5 V and a frequency of 12 kHz is applied to the 3-mH
inductor.

1-3 Review Questions

1. What is reactance? Describe the difference between inductive reactance and capacitive
reactance.

2. For a circuit consisting of a capacitor and an AC voltage source, what will happen to
the circuit current if (A) the source frequency is increased? the source frequency is
decreased? (B) the source amplitude is increased? the source amplitude'is decreased?

3. For a circuit consisting of an inductor and an AC current source, what will happen to
the inductor voltage if (A) the source frequency is increased? the source frequency is
decreased? (B) the source amplitude is increased? the source amplitude is decreased?

4. A 15-pF capacitor is connected to a source with an rms voltage of 24 V. What is the
capacitive reactance if the source frequency is (A) 10 kHz? (B) 10 MHz?

5. For the circuit of problem 4, what is the peak circuit current for the given frequencies?
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6. A 120-pH inductor is connected to a source with an rms voltage of 12 V. What is the
inductive reactance if the source frequency is (A) 10 kHz? (B) 10 MHz?

7. For the circuit of problem 6, what is the peak circuit current for the given frequencies?

8. What value of capacitor will produce an rms current flow of 10 mA when connected
to a 50-V AC voltage source (peak value) at a frequency of 25 MHz?

9. What value of inductor will produce an rms current flow of 120 mA when connected
to a 110-V voltage source (peak value) at a frequency of 60 Hz?

1-4

REVIEW OF IMPEDANCE

Overview

Impedance is nothing more than the total opposition to current flow in a reactive circuit.
The unit of measurement for impedance is the ohm ().

Series Circuit Impedance
For a series circuit consisting of a resistor, capacitor, and inductor, the total circuit imped-
ance may be expressed mathematically as

Z=VR+ X, - X.)? (Equation 1-5)

where Z = Impedance of the circuit in ohms
R = Resistance of the circuit in ohms
X; = Inductive reactance of the circuit in ohms

Xc = Capacitive reactance of the circuit in ohms

Example 1

Find the impedance of the circuit in Figure 1-4.

R1 =5Q

Vs
f=24MHz M C1=0.001 yF
L1 =5 I.lH

Figure 1-4
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Solution
First, calculate the capacitive reactance:
1
2nfC (Equation 1-2)

Xc

Next, compute the value of the inductive reactance:

X, =27nfL (Equation 1-4)
X, =750

Now calculate the circuit impedance:
Z=VR+ X, — X.)* (Equation 1-5)
Z=10Q

The circuit in Figure 1-4 has an impedance of 10 Q.

Phase Angle

The mathematical relationship of the phase angle between the circuit current and the ap-
plied voltage for a series RLC circuit is

X; .
0 = arc tan ; (Equation 1-6)

where 6 = Phase angle in degrees
X1 = Total circuit reactance (X; — Xc) in ohms
R = Circuit resistance in ohms

Example 2

For the circuit in Figure 1-4, find the phase relationship between the circuit current
and the applied voltage. Construct the resulting phasor diagram.

Solution
Obtain the values from Example 1-3:

Xt
0 = arc tan —
R

0 =arctan 1.8 = 61°

The resulting phasor diagram is shown in Figure 1-5.
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X =98

Figure 1-5

Parallel Circuit Impedance

There are several ways to find the impedance of a parallel RLC circuit. One method, which
requires a minimum of mathematics (but not the fewest calculations) is to first find the
total circuit current and then use Ohm’s law to find the total impedance.

The total circuit current in a parallel RLC circuit can be expressed mathematically as

I;=VIi+ d.- 1)} , (Equation 1-7)

where I; = Total circuit current in amperes
I = Current in resistive branch in amperes
I, = Current in inductive branch in amperes
I = Current in capacitive branch in amperes

Example 3

What is the impedance of the parallel RLC circuit in Figure 1-6?

vy

= m
f=10 kHz 3 !

~
Ci1=0.12 uF

Figure 1-6
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Solution
First calculate the peak current in each branch of the circuit.
For the resistive branch:

v,
&=;§
I = 12mA

For the capacitive branch, first find the capacitive reactance:

1
X. =
“omfC
Xc=133Q (Equation 1-2)

Now the current in the capacitive branch is

4
Ie==

Xc
Ic = 180 mA

For the inductive branch, first find the inductive reactance:

X, =2=nfL (Equation 1-4)
X, =126 0

Now the current in the inductive branch is

v
I =—

Xi
I, = 190 mA

The total current is

Lr=VI;+ 1. -1,) (Equation 1-7)

Ir = 16 mA

The circuit impedance is

Iy
Z=15kQ
Conclusion

You have completed your review of impedance. The concept of impedance is very im-
portant in electronic communication systems because inductors, capacitors, and resistors
are found throughout communication circuits. If you had any difficulty with the example
problems, go back and review them. '
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1-4 Review Questions

1. How would you define impedance?

2. What is the difference between reactance and impedance?

3. What is the phase relationship between the current and the voltage in (A) an inductor?
(B) a capacitor? (C) a resistor?

4. What is the phase relationship between the current in a series RLC circuit and the
current in (A) the inductor? (B) the capacitor? (C) the resistor?

5. What is the phase relationship between the current in a series RLC circuit and the
voltage across (A) the inductor? (B) the capacitor? (C) the resistor?

6. Calculate the impedance and determine the phase angle between the total circuit cur-
rent and the applied voltage for a series RLC circuit where Vs = 8 V (peak value),
f=75MHz,C = 1.9pF, L =5 pH, and R = 1.2 kQ.

7. If the components with the circuit values in problem 6 are placed in parallel, find the
impedance and the phase angle between the applied voltage and the total circuit current.

1-5

REVIEW OF RESONANCE

Overview

Resonance can be defined as that condition in a series LC circuit when the capacitive
reactance is equal to the inductive reactance. In a parallel LC circuit, resonance occurs
when the current in the inductive branch is equal to the current in the capacitive branch.

If a series LC circuit is connected to an AC voltage source whose frequency is grad-
ually increased, the value of the inductive reactance will start to increase while the value
of the capacitive reactance will start to decrease. At only one frequency will the inductive
reactance equal the capacitive reactance. This frequency is called the resonant frequency
of the circuit.

The same is true for a parallel LC circuit. The value of the impedance of the inductive
branch will equal the value of the impedance of the capacitive branch at only one fre-
quency. This frequency is again called the resonant frequency.

Series Resonance
The resonant frequency of a series LC circuit can be expressed mathematically as

1

" 2mVIC

where f, = Frequency of resonance in hertz
T = 3.14159 ...
L = Inductor value in henries
C = Capacitor value in farads

f (Equation 1-8)
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Example 1

What is the resonant frequency for the circuit in Figure 1-7?

#01 = 15[4F
v, @
%,L1=50,4H

Figure 1-7

Solution
The resonant frequency is

1
fi= ﬁ (Equation 1-8)
1
f.=5.8kHz

The frequency where the inductive reactance equals the capacitive reactance for the
circuit in Figure 1-7 is 5.8 kHz.

Frequency Response of Series LC Circuit

For the LC portion of a series RLC circuit, the voltage across the capacitor is 180° out of
phase with the voltage across the inductor. Thus the total reactive voltage is equal to the
difference of V. and V. This relationship is shown in Figure 1-8. Note, from Figure
1-8, that as the frequency of the source is increased toward resonance, the circuit current
increases.

The net result of this is that the total impedance of the circuit is decreasing as the
frequency of the source is increased toward resonance. You can conclude from this that
resonance in a series RLC circuit produces minimum circuit impedance (only the resistance
R is left). It also produces maximum circuit current.

As the frequency of the voltage source is increased above resonance, the value of the
inductive reactance becomes greater than the value of the capacitive reactance. When this
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|
|
A : RESONANCE
(AMPERES) i
|
SOURCE RESISTANCE !
— N ]
|
ﬂ' !
R, o A i
| s
v _ 180° OUT — >
v, V= VL Ve OF PHASE fy (VC VL) f(HeftZ)
f A
L1 VL Vx VL= VC
(VOLTS) !
J |
|
|
|
i
1
|
1
i
I\ VOLTAGE DROP DUE
i J TOINDUCTORR

——-

f, (Vi Vo = 0) f (Hertz)

' Figure 1-8 Reactive voltages in series ALC circuit.

happens, the total circuit impedance will begin to increase and the circuit current will start
to decrease. These relatitonships are shown in Table 1-1.

Parallel Resonance

The resonant frequency of a parallel LC circuit may be determined by the same method
as for a series resonant circuit.

Table 1-1 EFFECTS OF CHANGING FREQUENCY IN A SERIES RLC CIRCUIT

f VL VC - VL - VC Z IT
Below f, decr. incr. incr. incr. - decr.
At f; -Ve -V, 0 min. max.

Above f, incr. decr. incr. incr. decr.
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Example 2

What is the resonant frequency of the circuit in Figure 1-9?

-

@ $c,=350p|= $L1=250yH

Figure 1-9

Solution
The resonant frequency is

1

k= oie

f. =538 kHz

(Equation 1-8)

The resonant frequency of the circuit in Figure 1-8 is 538 kHz.

Frequency Response of Parallel RLC Circuits
For a parallel RLC circuit, the current in the capacitor branch is 180° out of phase with
the current in the inductor branch.

It is helpful to compare the phase relationships of a series RLC circuit and a parallel
RLC circuit. See Figure 1-10. Note that for the series RLC circuit, the current is every-
where the same.

For the parallel RLC circuit, voltage is everywhere the same. This means that the
voltage (both phase and magnitude) across each component of the circuit is the same.
Only the phase and magnitude of the current in each component of the circuit can be
different. Table 1-2 summarizes this discussion.

Currents in a Parallel LC Circuit
Current behavior in a parallel LC circuit is summarized in Table 1-3.

Conclusion

The series LC circuit is sometimes referred to as the dual of the parallel LC circuit. You
can see the reason for this. At resonance, the impedance of a series LC circuit is a min-
imum, and maximum circuit current flows. Exactly the opposite is true for the parallel
I.C7 circuit.
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A
Vi
SERIES f v,
c Ve :> —
_’_ Va
L “ Ve
\
A
PARALLEL Ic
>
R$|nk ¢ |k Lg/L ) —
Ir
/L
Y
Figure 1-10 Phase comparisons of series and parallel RLC circuits.
able VOLTAGE AND CURRENT RELATIONS IN RLC CIRCUITS
Sqries: RLC Circuit Currents
Circuit I, I I, I,
All in phase and equal in value
Circuit Voltages
VT VR VC VL

Phase changes with I

In phase with I Lags It by 90°

Leads I by 90°

Parallel RLC

Circuit Voltages

Circuit Vi A Ve v,
All in phase and equal in value
Circuit Currents
IT IR IC IL

Phase changes with V¢

In phase with Vi  Leads Vi by 90°

Lags V; by 90°
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EFFECTS OF CHANGING FREQUENCY IN A PARALLEL LC
Table 1-3 CIRCUIT

S I Ic Ic - I, Z I

Below f, incr. decr. incr. decr. incr.
At f; —Ic -1 0 max. min.
Above f; decr. incr. incr. decr. incr.

These concepts are very important in the analysis of electronic communication Sys-
tems. Learn them well.

1-5 Review Questions

1. Define resonance.

2. What are the differences between resonance in a series LC circuit and in a parallel LC
circuit?

3. When is the voltage across the inductor exactly equal and opposite to the voltage across
the capacitor in a series LC circuit?

4. Is the current in a series LC circuit ever equal and opposite in any of its reactive
components? Explain.

5. When is the current in the capacitive branch equal and opposite to the current in the
inductive branch of a parallel LC circuit?

6. Is the voltage in a parallel LC circuit ever equal and opposite in any of its reactive
components? Explain.

7. What is the resonant frequency of a circuit containing only a 12-mH inductor and a
5-wF capacitor? Does it make any difference if these components are in series or in
parallel? ’

8. What value of inductor should be used with a 1-uF capacitor in order to have a circuit
with minimal current at 1 MHz? How should these components be connected?

9. What value of capacitor should be used with a 5-wH inductor in order to have a circuit
with a maximum current at 500 MHz? How should these components be connected?

% TROUBLESHOOTING AND INSTRUMENTATION

Q)

Discussion

This section introduces the concepts of troubleshooting. Troubleshooting is the act of lo-
cating and repairing in an electrical circuit a fault that causes improper operation of the
circuit.

fizsy

=

I
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Instrumentation is the use of equipment to measure electrical quantities for the purpose

of keeping these quantities within prescribed limits to ensure proper system operation.
More will be said about instrumentation in the next chapter.

Troubleshooting
Several major categories of faults in electronic communications systems are as follows:

1.

Complete failures

This is usually the easiest kind of problem to correct. A complete failure means that
the entire electrical system is inoperative. .A complete failure may occur because the
power cord is not connected to the wall outlet, or the on—off switch may be faulty, or
the electrical power supply within the system is defective.

. Poor system performance

This area can be more difficult to analyze. Poor performance means that the system is
not operating within the performance limits of its original design. Thus a communi-

“cation receiver may not be receiving all of the stations it was designed to receive. A

transmitter may not be conveying all of the information it was designed to handle. Poor
system performance may be due to a weak component within the system. A knowledge
of system operation and proper instrumentation is necessary to locate errors due to poor
system performance.

. Tampered equipment

An old saying among communication technicians is, “If it works, don’t fix it!” Tamp-
ering with equipment for the purpose of experiment, modification, or attempted repairs
can leave the system inoperative or performing poorly.

Intermittent fault ‘

This problem is the most difficult. An intermittent is an inconsistant fault that causes
the system to be inoperative or perform poorly. The difficulty of finding the cause of
an intermittent is in keeping the problem consistent. Intermittents can be caused by
mechanical defects, temperature changes, or erratic electrical behavior of components
and connections.

. Massive traumas

These system failures may cause more than one part of the system to fail. A massive
trauma is a system failure caused by an outside intrusion into the system that results
in an inoperative system, poor system performance, or intermittents. Examples of mas-
sive traumas are fire, smoke, dropped equipment, water immersion, lightning damage,
and applications of voltages with incorrect polarities or values.

You will learn how to troubleshoot from examples in the text and from the accom-

panying laboratory manual.

1-6 Review Questions

1.

How would you define troubleshooting? instrumentation?

2. Name the five major categories of troubleshooting.

3.

What is usually the easiest category of troubleshooting? What is the most difficult?

4. Define an intermittent. Give an example.
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MICROCOMPUTER SIMULAT ION

The first troubleshooting

b

The purpose of this program is to introduce
simulation programs work and how you can

simulation program on your disk is called DISK INTRODUCTION.
you to the details of how your troubleshooting
take advantage of the other disk features.

The first time you use your disk, it will ask you to enter your name as well as some
other information. All of the information entered by you will become a part of a permanent
record on your disk and cannot be changed. Your instructor will need this information to

identify your disk from those of other students,

CHAPTER PROBLEMS

(Answers to odd-numbered problems appear at the end of the text.)

1. For the circuits in Figure 1-11, find the total current.

12V
1
Thi—
+ —
v = Ri=200 $ $ Ri=2Mn <
< <
_"' +
R1 =2kQ
‘VAVAV
(A) (8) (©)
Figure 1-11
2. Find the total current for the circuits in Figure 1-12.
Ry =4k Ry =22Mq
A'A'A' A'A'A'
o
> +
Vo= Ri=100 3 JT- 24V
8 kV
illll —
(A) (B) C)

Figure 1-12
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3. Using the circuits shown in Figure 1-13, find the value of the resistor.
VR:f
I=2A I=3mA
+] e +
12v F A 15V =
—_ < —_
(A) ) ©
Figure 1-13
4. What is the value of the resistor for each circuit in Figure 1-14?
2 kV
Hi—
/I=6A
+] |
BV = A
(A
Figure 1-14
5. Calculate the applied voltage for the circuits in Figure 1-15.
R, =3.3 k& R, = 1.2 MQ
I1=2A
4 \ -1
Vi = Ri=10023 =V
— < +
\/ /=8uA
(A B)
Figure 1-15

©
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6. What is the power dissipation of each resistor in Figure 1-16?

Ry =2kQ Ry =1MQ
I=2A
+ ® +]
5V T < A =
/=2mA
100 V
i
(A) B) ©
Figure 1-16
7. For the circuits in Figure 1-17, what is the power dissipation of each resistor?
18V
—i|s
i
I=5A /=3 uA
L, » 3,
=50V 2R 2R =4aMa
-7 >
A— —Jij—
Ri=52k& + -
(A (8) ©

Figure 1-17
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8. Calculate the total resistance for each circuit in Figure 1-18.

V,=12V =

$A =100
<
>
LR =129
ﬂ
>
3R=150

Figure 1-18

G

V,=24V

=

9. Solve for the total resistance for each circuit in Figure 1-19.

V,=36V

i

AAA

AAA.

<
:R1=22Q

<
> R, =330

<
:R3=51ﬂ

Figure 1-19

A

(B)

b <
3r=1ka 3R =33ke
AvAvA'
Rg =2.1KkQ
B
R, =8.6 kQ
AV‘VAY
< >4
<:pq,—_-s.g Kk ?R3=7.4 kQ
=
Ve=110V
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Ve=10V =

Ve=15V

10. For each circuit in Figure 1-20, calculate the total resistance.

1t

R3=1kﬂ:

<
R
T3

R 35

vy

l;
-

Figure 1-20

11.
12.
13.
14.
15.
16.
17.

A

= R,=1on§

VY

Rz=1on§

A A A4

Figure 1-21

A)

@
<

—

V,=24V

o Lo

<
2R =51ka

AAA

>
:R3=10k9

AAA

Find the total current for each circuit in Figure 1-19.
Solve for the total current in each circuit of Figure 1-20.
What is the voltage drop across each resistor in Figure 1-19?
Calculate the voltage drop across each resistor for the circuits in Figure 1-20.
Determine the power delivered by the source for the circuits in Figure 1-19.
What is the total power dissipated by the circuits in Figure 1-20?
For the circuits in Figure 1-21, determine the total resistance.

A A4

R,

B)

AAA

>
:R1=1kﬂ

<
:: H2=2kﬂ

|
L
o~
I

B)
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18. Find the total resistarice for each circuit in Figure 1-22.

¢ . al
V,=50V = R=250% R2=1095E R1=”‘955 vs=25v-:—n2=3.3kn§: Rs:gkﬂsf

) B)

Figure 1-22

19. What is the current through each branch of the circuits in Figure 1-23?

R1 =5 kﬂ ) R|
AvAvAv - A'AvA'
4
+— < < +1 < <
Ve=12V = R2=2ksz:: R3=6kn:: Vs=24V = R2=2kn;t Ra;: 0V
wZm
(A) (B)
Figure 1-23

20. For the circuits in Figure 1-22, what is the current in each resistor?
21. For the circuit in Figure 1-23(B), find the value of R;.
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22. Find the indicated value for each circuit in Figure 1-24.

250 V
R1 =12 kﬂ "_ 4]
k
Vs=85V+-'— R:=15kQ$ R =24k $ Vs=1kv—-'L" R, 3 |10MA ::Ra=4kﬂ
=T < b2 +T 2Q <
(A (8)
Figure 1-24
23. What are the Thevenin equivalents of the circuits in Figure 1-25?
[~=== - I | i~ - ‘i
Ry =1kQ | ! Rs =8 kQ |
MWy — — Wy !
| 1 |
| { |
I I I
| | I
+ 3 a ! > S - i
V=18V = 2 R.=2ka Ri=10ka $ R, =12ka$ =Vv,=36V

al i i :
| | |
| | |
| ! [
i I
1 |
I L — |
| |

®» ' ®)
Figure 1-25
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24. Determine the Thevenin equivalent for each circuit in Figure 1-26.

- i -
! R, = 8 kQ2 I ! R = 3k I
1 AAA | . 1 AAA :
l YVV l b | AA A
| ! | ll
| ! | !

: | |
i | |
+.4. 3 : ! & & _+ !

Ve=100V= $ R =12ka R1|=24kﬂ:: R:=15kaQ Tve=1kv

| ! !
l ! |
| ! |
1 : !
. — :
| 1
I 4 b J
(A) (B)
Figure 1-26
25. Find the Norton equivalent for each circuit in Figure 1-27.

Tttt ST T [Tttt T T T Tt 1

] R; =100 Q : ] R; =1kQ

I A~ —e : A

l | [

| | |

i [ I

[ | |

| ! |

I | |

! e i | & & _

sl=2A<+ 1:R2=52$|7- Ffl1=2kn:: R.=2ka$ ls =5 mA

|

|

! | %

| | |

| 1 |

5 | !

I L i

| a . :
e J
(A) (8)

Figure 1-27
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26. Solve for the Norton equivalent for each circuit in Figure 1-28.

i 3 | “:
! Ri =150 I 'Ry =75kq !
! AAA ! ° P ! AAA |
: AA A4 N T vy |

I | |
I ! I I
' | | i
I : | |
i i i |
| | | |
! 3 i ! < !

ls—SAG‘ :: R,=18 & R2=5.2kﬂ:> Is=1|0mA
| ! | l
! ! I |
i i i i
| I | |
| | 1 |
I | 1 |
H I o1l ]
| — | |
R | e J
(A) (8)

Figure 1-28

27. Determine the maximum power that can be delivered to the load for each circuit in

Figure 1-29.
Ry =3.3 ke R,=759
W <« —H— A
+-n_ < <
Vs=12V% R2=5kﬂ:: R, RL/{ R,=5295: Ik=1A

(A) (B)
Figure 1-29
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28. What is the maximum power that can be delivered to the load for the circuits in Figure

vs=36vé

1-30?
R, =110 k2
AvA'A' <<
R=75ka$ *$ g,
X
«
(A
Figure 1-30

R, =150 Q

AAA

—>

R1=75xz§

\AA4

AAAM

G) I, = 50 mA

®)

29. For the waveforms in Figure 1-31, determine (A) V5, (B) Vpp, (C) Vi, (D) frequency,

and (E) period.

VOLTAGE (V)

4 4
34
2 T
14

0

TIME (ms)

(A)
Figure 1-31

VOLTAGE (V)

0.4

0.3 1

TIME (ms)

T ¥ 1 ‘ I T T ¥
0.1 02 03 04 05 06 0.7 0.8 0.9

B)
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30. For each waveform in Figure 1-32, find (A) V,, (B) Vep, (C) Vo, (D) frequency,
and (E) period.

VOLTAGE (V) VOLTAGE (mV)
| .

20 + 8+
15+ 6T
10 + 4+
54 21

TIME (us)

0 } t } 0 t + t } >

1 2 3 1 2 3 9 10
-54 -2+
-10t+ -4 1
-151 -6T
-20 1 -8 T
(A) (8)

Figure 1-32

31. Find the power dissipated in each resistor in Figure 1-33.

Ry =209 Ry =10kQ

AAA AAA,
AAAS vy

Vo=12V _ d Vp=24v Ly=1mH
Cr\Pf=1OKHz %C“”‘F r\;f=1MHz

(A) (8
Figure 1-33
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32. What is the power dissipated by each resistor in Figure 1-34?

Ly = 10 mH C: = 30 pF
L1 -
- >
Vo=50V $h - >Vv"°°V $ R =2ka
@f=20kHz $A=1ka Q\" f=5 MHz $
(A) (B)

Figure 1-34

33. Determine the output voltage and output current for each transformer circuit in Figure
1-35.

1:20 12:1

$ A, =10ke
> T

(A) (B)
Figure 1-35
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34. What are the output current and output voltage for the transformer circuits in Figure

1-36?
12:1 1:100
5 kO
<
vp=155vdf\P g R=100kQ$ vp=2oov©
(A) (B)
Figure 1-36 4

35. Determine the reflected primary impedance for the transformer circuits in Figure
1-35.

36. Calculate the reflected primary impedance for the transformer circuits in Figure 1-36.

37. Calculate the total reactance of the inductive and capacitive circuits in Figure 1-37.

Ci=0.1 “F#
C’\Pf=50kHz C?f=50kHz #C1=0.1yF ?L,=0.2mH

Ly=02mH

(A) 8)
Figure 1-37
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38. Determine the total reactance of the inductive and capacitive circuits in Figure 1-38.

L1 =0.1mH

®f=1MHZ @f=50MHZ Ly=10uH #C1=1pF

Cy = 200 pF ;l:

G (B)

Figure 1-38

39. Find the impedance of each circuit in Figure 1-39.

R1=189
— 1 KHz f=8 MHz
v=1ov@ Ci =20 4F ,9 3 = §L1=3;4H
P _ 1 C, = 200 pF
V=12V R, = 150 @
Li=2mH
(A) (8)

Figure 1-39
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40. What is the impedance of each circuit in Figure 1-40?

R, =210
f= 12 kHz . f = 455 kHz
Vp=12V ’\) 1 =10 mH
V,=50V
C; =0.05 uF
1€
(A
Figure 1-40
41. For the circuits in Figure 1-39, determine the phase angles.
42. What is the phase angle for each circuit in Figure 1-40?
43.
What is the power factor for each circuit?
44,
45. Calculate the impedance of each circuit in Figure 1-41.
C:=5 pF
1€
f=20MHz |-
@ R =1k 3
Vo=24V

Y

(A

Figure 1-41

aY

10 mH

:

)
$ 'l"‘
Ry =24 kQ

g f=100 kHz
Lawnd ()

5V

B)

R, =50Q

Ly =100 mH

b
R,=100 k@ &

C = 10 pF

Calculate the actual power delivered by the source for each circuit in Figure 1-39.

Determine the actual power delivered by the source for each circuit in Figure 1-40.

. <

- 3

T

C, =20 pF

(8)
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f=5MHz

V, =100 V

46. For the circuits in Figure 1-42, what is the total impedance?

R1=1kﬂ R1=150Q

AAA AAA

@

Cy = 0.02 4uF * L, = 0.05 yH

vy yvv

f=12 MHz
S

~ 000 ~

C,=50pF* 3L2=3#H

(G ()

Figure 1-42

47.
48.
49.
50.
51.
52.
53.
54.
55.

What is the phase angle for each circuit in Figure 1-41?

For each circuit in Figure 1-42, determine the phase angle.

What is the resonant frequency of each circuit in Figure 1-39?

Calculate the resonant frequency for each circuit in Figure 1-40.

What will be the currents at resonance for the circuits in Figure 1-39?

Determine the circuit current for each circuit in Figure 1-39.

How much current will flow at resonance for each circuit in Figure 1-40?
Calculate the total circuit currents at resonance for the circuits in Figure 1-41.
What will be the total circuit current at resonance for each circuit in Figure 1-42?



CHAPTER 2

Elements of
Communication

OBJECTIVES

In this chapter, you will study:

0 Some of the difficulties with early forms of communication.

[J How electricity was first used to overcome some of the limitations of

communications.

(] What is used to make electrical currents assume the patterns of the human
voice. A

[J How the sun’s radiation differs from and is similar to the human voice.

[J How radiation overcomes the disadvantages of the human voice.

[0 How radio stations differ.

[0 Some important concepts in instrumentation.

INTRODUCTION

This chapter introduces the reasons for electronic communications. The concepts here lay
the foundation for all of the subsequent material. It’s important to understand what a
carrier is and why it’s needed. Read this chapter carefully. It’s important.

The second troubleshooting simulation program on your disk shows you how to trouble-
shoot a four stage amplifier using a signal generator.

2-1 | BASIC COMMUNICATION SYSTEMS

First Communication Systems

One of the most used communication systems is the human voice. It normally uses air as
its medium for transmission. The mouth acts as the transmitter, the ear as the receiver.

36

A

J
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The human voice has some major disadvantages: It cannot travel over long distances,
and the louder you talk, the less private will be your message. Sound also travels relatively
slowly, a little more than 1000 feet per second.

In the past, smoke signals, tribal drums, and the reflection of light off shiny objects
were used to help reduce the distance problem. These methods didn’t help much for pri-
vacy, but they did serve our ancestors for thousands of years.

Overcoming the Problem

If communications between people remained that way, civilization, as we know it today,
could not exist. Envision living just 100 years ago. If you told someone then that someday
you would be able to hear a conversation on the other side of the world while it was in
progress, you would probably have been laughed at.

Suppose you told people back then that you would also be able to actually see what
is happening thousands of miles away! Most certainly you would have been considered a
strange person. Imagine pulling out your transistor radio or your portable TV and tuning
it in (assuming someone had a transmitter)!

Everyone knows that we have overcome the limitations of the human voice. We have
taken the powerful instrument of the spoken word and combined it with our intelligence
to produce a combination relied upon by all but understood by few. The purpose of this
text is to help you become one of the few who understand how electronic communication
works and how to keep it working.

The basic communication system of the voice, ear, and eye has had its range increased
to the limits of light itself.

With electronic recordings such as the audio and video cassette recorder, the sounds
and visions of today can be quickly and economically preserved for the future.

2-1 Review Questions

1. What is one of the most common forms of human communication?

2. Name some disadvantages of the human voice for communications. State some
advantages.

3. What were some of the methods used to overcome the limitations of the human voice?

4. How has electronics expanded: your ability to acquire information?

e-2

THE TELEGRAPH

First Telegraph System

The invention of the telegraph was a major breakthrough. It allowed people to commu-
nicate over long distances and, in theory, was private. A simple telegraph system is shown
in Figure 2-1. When the electrical circuit is completed by closing the switch on the trans-
mitting end, current flows, causing the relay to energize on the receiving end. When the
relay energizes, a “clicking” sound is made, which lets the person at the receiving end
know that the transmitting switch was closed. Opening and closing the switch and using
a code known to sender and receiver (such as the Morse code) allowed information to
rapidly exchange over long distances.
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Figure 2-1 A simple telegraph system.

The advantage of that system was rapid transmission of information over very long
distances. Its disadvantages were that wire was needed as a medium, and only one message
at a time could be sent. In Chapter 8, you’ll see how this was overcome through multiplexing.

2-2 Review Questions

1. What was the main advantage of the telegraph system? What were some of its
disadvantages?

2. Why was a source of electrical energy needed for the telegraph system?

3. Briefly describe how a simple telegraph system operates.

2-3

THE TELEPHONE

First Telephone

The telegraph system had another major disadvantage. Anyone wanting to use one had to
know a code of dots and dashes, or pay someone who knew the code to interpret for them.
The invention of the telephone opened an era of instant communications for anyone who
could hear and speak the same language. The most basic features of a telephone system
are shown in Figure 2-2.

The transmitter consists of a microphone that converts the sound waves of the speaker
into electrical currents that essentially assume the same frequency and amplitude of the
voice waves going into the microphone. These electrical currents in turn cause a changing
magnetic field around the coil of the headset. This field has the same pattern of frequency
and amplitude as the electrical currents in the circuit. As the magnetic field changes in
frequency and amplitude, it causes the metal disk to move in the same pattern. Thus the
metal disk is essentially moving in step with the voice waves of the person speaking into
the microphone. The moving metal disk causes the air around it to move in much the
same pattern as the original voice, and the listener hears a reproduction of what the speaker
said. A device such as the microphone and the headset is called a transducer.
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Figure 2-2 Basic telephone system.

The Importance of Electricity

The telegraph and the telephone both demonstrate the importance of electricity in over-
coming the limitations of the human voice. With electricity, large distances could be cov-
ered at speeds close to 186,000 miles per second, and with some hope of a private
conversation.

But the telegraph and the telephone both had one severe limitation: Wired connections
needed between the transmitter and the receiver. This didn’t work well for people on boats.
It made communications over long distances static and sometimes unreliable. Any hope
of communicating with or controlling devices in space was completely out of the picture.

Further investigation was taking place around this time concerning the exact nature
of electricity. It was found that energy from the sun could influence electricity in a wire.

2-3 Review Questions

What was the major advantage of the telephone? State a disadvantage.

Why does a telephone system require electrical energy?

Describe how the basic telephone transmitter works. What is it called?
Describe how the basic telephone receiver works. What is it called?

What is a device such as the microphone and the headset sometimes called?

Nk L=

2-4 | ELECTROMAGNETIC RADIATION

Definition \
Electromagnetic radiation is electrical energy that can travel through space. Unlike the
human voice, it doesn’t require a medium, such as air or wires, for transmission. Light -
and heat can be viewed as electromagnetic radiation.
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Envision the energy given off by the sun. It travels at the speed of light (186,000
miles each second) in a vacuum. An experiment that illustrates this phenomenon is shown
in Figure 2-3. As soon as air is removed from the glass jar, you can still see the bell
ringing, but you can’t hear it. This demonstrates that sound requires a medium for trans-
mission, but light does not!

Components

Electromagnetic radiation contains electrostatic and magnetic fields. These fields can be
measured in terms of frequency and intensity. What you detect as light is really a very
small part of the entire frequency spectrum. The main parts of the frequency spectrum are
shown in Figure 2-4. Note that the visible part of the spectrum is a very narrow band of
frequencies within the electromagnetic spectrum. All of the frequencies within this spec-
trum travel at the speed of light and do not require a medium.

The important concept here is that since electromagnetic radiation consists of different
frequencies, they can be thought of as sine waves. Thinking of electromagnetic radiation
as sine waves is one of the most important concepts in electronic communications. This
means that every electromagnetic wave has a frequency, period, amplitude, and phase
relationship with other electromagnetic waves.

2-4 Review Questions - |

1. What is electromagnetic radiation?
2. How does electromagnetic radiation differ from the human voice? How is it the same?
3. Describe a simple experiment that demonstrates the difference between light and sound.
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Figure 2-4 Main parts of the frequency spectrum.

4. What is the frequency spectrum?
5. What is the frequency band for visible light?
6. What distinguishes one electromagnetic wave from another?

2-5

CONCEPT OF A CARRIER

All communication systems that can send and receive information through space, such as
radio, television, and satellite communications, use electromagnetic radiation. When in-
formation, such as the human voice, uses electromagnetic radiation to transmit the infor-
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Figure 2-5 Simple “flashlight” communication system.

mation (much the same as current in a wire was used to transmit the voice patterns), then
the electromagnetic radiation is called a carrier. It is called this because it “carries” the
information. ’

Figure 2-5 shows a simple flashlight communications system where light is used as
the carrier. If you imagine this system as waveforms, the light would be represented as
a very high frequency and the voice as a very low frequency. What is happening is that
the voice is causing the amplitude of the light wave to change. There is no voice in the
light wave, only the change in amplitude (intensity) of the light, which represents a pattern
identical to the original voice wave. Such a waveform is shown in Figure 2-6.

AMPLITUDE OF CARRIER
IS CHANGED BY THE
/ LOW-FREQUENCY VOICE (AUDIO)

~

HIGH-FREQUENCY CARRIER

THE CHANGE IN AMPLITUDE REPRESENTS THE
ORIGINAL INFORMATION

Figure 2-6 Waveforms in flashlight system.
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With such a system, a voice pattern (or any other pattern of information) can now be
carried by electromagnetic radiation. Here the information to be sent (in this example a
voice wave) is causing a measurable characteristic of the carrier to change. This process
is called modulation. The voice wave is causing the amplitude of the carrier wave to
change. Hence, this process is called amplitude modulation (AM).

Information can cause a measurable characteristic of the carrier wave to change in
other ways. When the information causes the frequency of the carrier wave to change,
then the modulation process is called frequency modulation (FM). If the transmitted in-
formation causes the phase of the carrier wave to change with respect to some standard,
then the modulation process is called phase modulation (PM).

In the simple flashlight communications system, the receiver takes the measurable
changes of the carrier wave, which represents the transmitted information, and restores it
to its original form. For the flashlight system, the original form was a voice wave. The |
process of removing the transmitted information from the carrier and restoring it to its
original form is called demodulation.

At last, by the use of a carrier wave, information can be sent at the speed of light.
No medium is needed to do this. Boats, spaceships, and star-seeking robots can respond
to your commands. In return, valuable information can be returned to you just as quickly
and accurately.

2-5 Review Questions

What kind of radiation is used by radio, television, and satellite communications?
What is a carrier? -

In the simple flashlight communications system, what is the carrier?

What changes does the voice wave cause in the simple flashlight communications
system?

Describe the modulation process.

What characteristics of a carrier can be modulated?

What does AM mean? Describe the process.

What does FM mean? Describe the process.

What does.PM mean? Describe the process.

What does demodulation mean?

P

S st

2-6

FREQUENCY ALLOCATIONS

How Radio Stations Differ

The Federal Communications Commission (FCC) assigns different carrier frequencies to
all transmitting radio and television stations. They do this so that you may select the one
you want to receive.

This process, called frequency-division multiplexing (FDM), allows many different
kinds of information to be transmitted at the same time without interfering with each other.
Figure 2-7 illustrates this concept. :

You can think of the flashlight system discussed in the last section. If frequency di-
vision multiplexing were used, it would mean that you would see the-lights of many
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Figure 2-7 Frequency-division multiplexing.

flashlights at the same time. All of the light beams from these flashlights would be am-
plitude modulated. You would be able to tell the difference between each flashlight by
the color (frequency) of the transmitting light. Thus if you wanted to receive the signal
from the “green” flashlight and none of the others, you would place a green filter over
your receiver to block out all light except for the green light. You would then receive the
information being transmitted by the green transmitter and none of the others.

Radio and Television Receivers

The preceding flashlight analogy is very similar to how radio and TV reception works.
In your radio or TV, there is an electrical filter called a funer. The tuner receives only
one transmitting frequency and rejects all others. You will study more about tuners in the
next chapter. For now, the important concept is to realize that different transmitters within
your reception area all use carriers set to different frequencies.

2-6 Review Questions

1. How does the Federal Communications Commission cause one radio station to be dis-
tinguished from another?
2. What is frequency-division multiplexing?
Describe a simple flashlight transmitting system that uses frequency-division multiplexing.
4. What electrical device inside a communication receiver selects one station and rejects
all others?

w
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TROUBLESHOOTING AND INSTRUMENTATION

Instrumentation

When devices are used to measure electrical quantities, a general procedure is used by
the experienced technician. The procedure is as follows:

1. A decision is made to make the measurement
This decision may be made after you determine that a system fault exists. This deter-
mination usually results from experience with the system to be measured.

2. A measurement procedure is selected 7
The procedure may consist of making sure that all system operating controls have been
properly set, or it may be a good visual inspection. The technician may “feel” for the
presence or absence of heat, based on what the technician has experienced as normal.
The technician’s sense of smell can detect the odor of a burning resistor or transformer.

3. The measurement is conducted
Here the actual measurement is made. It is important to record what the measurement
indicated. There is another old saying: “The lightest pencil mark is better than the
world’s best memory.” There are usually good reasons for old sayings.

4. The data is analyzed
The process of analyzing the data consists of comparing the recorded measurement to
some standard. This step is very important. From previous measurements, experienced
technicians usually know what the standard should be. If the equipment being measured
comes with complete documentation, then electrical values printed on schematics or.
measurement tables are used as the standard. If none of these are available, then making
the same measurement on an identical working system, if available, will yield a stan-
dard of reference. Without any of these standards, the technician may have to math-
ematically analyze the circuit.

5. Act on the analysis
If a discrepancy exists between the measured data and the standard, then some action
is required, such as troubleshooting to correct the fault, reporting the discrepancy to
others, or simply giving the system to someone else for troubleshooting.

2-7 Review Questions

1. Before making a system measurement, what must you be sure of?

2. State a good habit when making measurements.

3. What do you do when analyzing measurement data?

4. What are some actions to be taken when a measurement discrepancy is found?

MICROCOMPUTER SIMULATION

The second troubleshooting simulation program on your disk helps you develop your
troubleshooting skills for the task of troubleshooting a multi-stage amplifier using a signal
generator. Be sure to activate the instruction mode and then the demonstration mode before
starting the test mode. Do this for all of the simulation programs on your disk.
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CHAPTER PROBLEMS

(Answers to odd-numbered problems appear at the end of the text.)

TRUE/FALSE
Answer the following questions true or false.

1. The most common form of communication is the human voice.

2. The human voice travels at the speed of light.

3. One major advantage of the telegraph system is the ability to carry information quickly
over long distances.

4. An advantage of the telegraph system is that no electrical energy is required.

5. The most basic telegraph system functions by opening and closing a switch in a simple
series circuit.

MULTIPLE CHOICE
Answer the following questions by selecting the most correct answer.

6. The transmitting part of a simple telephone system is the:
(A) headset.
(B) microphone.
(C) battery.
(D) none of these.
7. In a telephone system, the microphone:
(A) converts electricity into sound.
(B) converts sound into electrical movements.
(C) powers the phone system.
(D) shows the user where to speak.
8. In a telephone system the headset:
(A) converts electrical movement into sound.
(B) reconstructs the original voice.
(C) converts the voice into electrical movement.
(D) does both (A) and (B).
9. A transducer is:
(A) a microphone.
(B) a battery.
(C) a headset.
(D) both a microphone and a headset.

10. The major disadvantage of the telephone and the telegraph is:
(A) their use of electricity.
(B) their expense.

(C) their need for wires.
(D) none of these.

B
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MATCHING

Match the correct abbreviations on the right to the statements on the left.

11. Changes the carrier frequency (A) FM

12. Changes the carrier amplitude (B) PM

13. Changes the carrier phase ) AM

14. Modulates the signal strength (D) None of these

15. Modulates the color of the light

FILL IN

Fill in the blanks with the most correct answer(s).

16. Energy from the sun is called radiation.

17. Unlike the human voice, electromagnetic radiation does not require a .

18. Electromagnetic radiation contains an electrostatic field and a/an field.

19. The entire range of of electromagnetic radiation is called the frequency
spectrum.

20. A small range of frequencies is called a of frequencies.

OPEN ENDED

Answer the following questions as indicated.

21. Describe what properties of an electromagnetic wave can be measured.

22. How can one electromagnetic wave be distinguished from another?

23. Describe the concept of a carrier. Why is a carrier necessary?

24. What is the difference between the carrier and the modulating signal? How are they
the same?

25. What is frequency-division multiplexing? How does this distinguish one transmitter

from another? What unit in the receiver selects the signal?
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OBJECTIVES

In this chapter, you will study:

[J The purpose of an antenna ground systeml

The function of a tuner and how it receives different frequencies.
Why the reproducer cannot function directly from the carrier.
What detection is and why it is necessary.

What all communication receivers have in common.

What a spectrum analyzer does and how it opérates.

The fundamentals of waveform analysis and the meaning of the Fourier series.

O000Oo0o0o0oao

What block diagrams mean and how to troubleshoot them.

INTRODUCTION

This chapter is a departure from the systems to circuits approach of this text. There is a
good reason for this. Every circuit component used in this chapter, with the exception of
the diode, should already be familiar to you. What a diode does will be explained here.
Understanding what all communication receivers must have to function will give you a
good overview for the remainder of the systems section of this text.

The third troubleshooting simulation program on your disk will help you improve your
troubleshooting efficiency. Here the program will keep track of the steps you use in trouble-
shooting and advise you accordingly.

48
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3-1

ANTENNA GROUND SYSTEM

Discussion

This section starts with the front end of a communication receiver. You are introduced to
the reception part of a communication system first because most readers are more familiar
with receivers than transmitters. The next chapter introduces what happens to the trans-
mitted signal once it is received by the antenna ground system.

Antenna Ground System

All electronic communication systems require an antenna ground system. An antenna is
any device that converts electromagnetic radiation into electrical signals. An antenna could
be a piece of wire or your body. You’ll learn more about the important details of antennas
in Chapter 10. For the example here, the antenna will be a 6-foot length of wire.

Giving the antenna a return path to the earth (earth ground) gives it a source and a
storage place for electrons. This makes it easy to convert radio waves into electrical cur-
rents. The schematic of an antenna ground system is shown in Figure 3-1(A). What is
happening to it is shown in Figure 3-1(B).

An antenna ground system will convert all radio signals (and anything else that comes
along with them) into electrical signals. So if you were trying to receive the AM carrier
wave of one transmitting station (say it had a carrier frequency of 1 MHz), your antenna
ground system would pick it up and also all of the other radio stations in your area.

Recall from the last chapter that frequency-division multiplexing (FDM) is used to
distinguish one station from another. Assume that there are three commercial AM stations
in your area. Your antenna ground system would be converting each of their carrier waves
into electrical currents, as shown in Figure 3-2. As you discovered in the last chapter, a
tuner was used to select one station and reject all the others. Tuners are the subject of the
next section.

Conclusion

In this section you were introduced to that part of all communication receivers that converts
the radio waves into electrical energy. The chapter on antennas will present a detailed
discussion about antenna theory. For now, know what an antenna does and why it’s needed.

SCHEMATIC

§7 RADIO WAVE :7 ,
ALTERNATING

~— ANTENNA CURRENTS
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: /ﬁLk— EARTH GROUND mn
) 4 (®)

Figure 3-1 Antenna ground system.
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3-1 Review Questions

1. What is an antenna?
2. What does an antenna do?
3. What is the difficulty in working with an antenna?

THE TUNER

Discussion

This section will demonstrate a most practical application of the resonant circuits you
studied in AC. These circuits are used as tuners; without them, modern communications
would not be possible. This is what makes frequency division multiplexing work.

_ The Tuner

A tuner is an electrical circuit capable of selecting one frequency and rejecting all others.
The most basic tuner is a resonant circuit. Figure 3-3 shows the two basic types of resonant
circuits.

Recall from your basic electrical circuits course that a parallel resonant circuit has
maximum impedance at resonance, and a series resonant circuit has minimum impedance
at resonance. If you connected a parallel resonant circuit into the antenna ground system
and selected the values of L and C so that the resonant frequency of the circuit were
1 MHz, then you would have maximum voltage across the circuit at 1 MHz and no other
frequency. Figure 3-4 shows this arrangement.

With the addition of a parallel resonant circuit, your AM receiver will be able to tune
in one radio station (the one at 1 MHZ) and reject all others. Using a variable inducter
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or capacitor allows you to change the resonant frequency of the tuner, thus selecting dif-
ferent stations. For now, a variable capacitor will be shown to indicate that different radio
stations may be selected. The signal you’ve captured contains the exact image of the
transmitted AM radio wave. A way must be devised to convert this into something you
can hear.

Conclusion

All communication receivers use tuners to select one station. It is important that you un-
derstand what the tuner does and its place in the total communication system.
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Figure 3-4 Effects of adding a parallel resonant circuit.
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3-2 Review Questions

1. What is a tuner?

2. What is the purpose of a tuner?

3. What determines the station that will be selected by a tuner?
4. How can tuners be made to select different stations?

3-3

THE REPRODUCER

Discussion

In this section, you will discover why the headset will not work when connected directly
to the tuner. Understanding why something doesn’t work is helpful in understanding what
does work.

Reproducer

In Chapter 1, you were introduced to the basic construction of a headset used in telephone
communications. This is shown in more detail in Figure 3-5. For the telephone system,
all currents flowed in one direction because a battery was used. These fluctuating direct
currents produced a changing magnetic field that made the metal disk move in step with
the changing current and thus reproduce sound.

The simplest radio receiver does not have a battery. All of the energy to operate this
kind of receiver comes from the radio wave itself. As an example, the radio wave for the
given tuner could be changing at a rate of 1 000 000 times each second!

Putting the headset across the tuner, as shown in Figure 3-6, doesn’t cause the metal
disk to produce any sound. This arrangement doesn’t work for many reasons, one of which

METAL DISK SOUND
ELECTROMAGNET ——\ ' ‘ WAVES
N

A
ey
AN I/ ]
{ ' Il !
el/ /l 'l
CONNECTIONS {i |
BRIy
ﬁ \\\I ‘\\\
=4 4 /// \\\
\ / A\
AN W\

CHANGING MAGNETIC‘/

FIELD CAUSES METAL DISK TO
MOVE IN STEP WITH
VOICE CHANGING CURRENT

Figure 3-5 Construction of earpiece for headset.
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Figure 3-6 AM receiver that will not work.

is that the metal disk in the headset cannot vibrate at 1 MHz. Even if it could, you couldn’t
hear it!

What is needed is some way of causing only the changes in the amplitude of the
carrier wave not the carrier wave itself, to move the metal disk. The changes in the am-
plitude of the carrier wave represent the sound; that’s what you want to get. You don’t
need the carrier frequency any more; it’s already done the job of getting from the station
to you. The device that will restore the audio from the changes in the amplitude of the
carrier wave is called a detector. :

~

Conclusion

You are now ready to tackle the reason for a detector. As you will see in Chapter 16,
there are many kinds of detectors. For now, it’s important that you know why a detector
is needed and that all communication receivers require some kind of detection.

3-3 Review Questions

1. What is the purpose of a reproducer?

2. Describe the basic construction of a headset.

3. What causes the headset to create sound? .

4. Why isn’t sound created when the headset is connected directly to the tuner?

3-4

NEED FOR DETECTION

Discussion

Now that you know why a reproducer doesn’t work when connected directly to a tuner,
you will see what it takes to make it work. What you are trying to do is to reconstruct
the original audio from the amplitude changes of the radio wave. Keep this in mind as
you study this section.
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The Detector

A detector is an electrical device or circuit that detects the information imposed on a carrier
wave. For the simplistic AM receiver, the detector is a diode. A diode is an electrical
device that allows current to flow in only one direction. The schematic symbol of a diode
is shown in Figure 3-7.

When a diode is added to the simple AM receiver, the current waveform of the re-
ceived signal is converted from AC to pulsating DC. Figure 3-8 shows what happens. The
diode has caused the currents in the headset to flow in the same direction, but they are
still pulsating at the alarming rate of 1 000 000 times each second. This is still too fast
for the metal disk or your ear.
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Figure 3-8 Electrical currents in a simple AM receiver with diode added.
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Restoring the Audio Information

If you analyzed the resultant waveform caused by the diode, the audio information has
been preserved. Look at Figure 3-9. The audio can be reconstructed if a capacitor is added
across the headset. See Figure 3-10 for what happens when the capacitor is added.

Conclusion

You now have a complete receiver system. This is something that you can build in the
lab and it will actually work. These types of receivers were very popular at the beginning
of the radio age. They were called crystal receivers. The crystal was the detector. These
receivers do not need a battery; all of their energy came from the received signal. The
next section is a summary of what is needed by all communication receivers.

RESULTING
WAVEFORM
ACROSS

CAPACITOR

E\

=

FILTER
CAPACITOR (AUDIO)

ELECTRICAL
CURRENTS IN
HEADSET ARE
NOW AUDIO

Figure 3-10 Reconstructing the audio.
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3-4 Review Questions

1. Define a detector.

2. What is a diode?

3. When a diode is used as a detector in the simple AM radio, what happens to the
waveform of the carrier?

4. What device other then a diode is required to reconstruct the modulating signal?

3-5

THE BASIC RECEIVER

Discussion
This section brings together all of the new information covered in these last two chapters.

It is the foundation section for the rest of the information that will follow in receiver
systems.

The Basic Receiver

Figure 3-11 shows the most basic AM receiver and the waveforms of each section. All
radio communication systems require the four sections in the most basic radio receiver:

1. An antenna ground system
2. A tuner

3. A detector

4. A reproducer

This is true for your stereo FM radio, your TV set and the satellite around Pluto taking
orders from earth. All of them must have at least these four basic sections.

O#MMW OWM 0 ,,]IMM, ﬂﬂllh dm]h
DETECTOR

ANTENNA T&NCE)R (PULSATING DC)

(FLUCTUATING DC)

(AC)
WAVAVAN
M :> REPRODUCER

1
RADIO —i—
WAVE

S B
il

Figure 3-11 Most basic AM receiver with waveforms.
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Conclusion

When you construct one of these AM receivers in the lab, you will discover many prob-
lems with it. The sound is difficult to hear. You can’t get many different stations. But
that’s what the rest of this book is about—how to improve on this most basic model.

3-5 Review Questions

1. What is the fewest sections required by all communication receivers?
2. Name the sections required by all communication receivers.
3. State the purpose of each section in question 2. -

3-6

WAVEFORM ANALYSIS

Discussion

In this section, you will review some important concepts of complex waves. You must
understand what is presented here in order to understand communication systems.

Periodic Waveforms

Frequency-domain analysis shows that any periodic wave consists of pure sine waves.
Three basic periodic waveforms are shown in Figure 3-12.

Spectrum Analysis

A spectrum analyzer (see Figure 3-13) is an instrument that indicates the frequencies that
are present and their amplitudes. Think of a spectrum analyzer as consisting of a very
sensitive filter (such as a tuner) that can be set to any single frequency. If that frequency
is present at the input of the filter, then the analyzer will indicate the magnitude of the
frequency. This arrangement is shown in Figure 3-14.

The filter of the spectrum analyzer can be adjusted so that it indicates the presence
of a range of pure sine waves. For example, suppose three sine waves of different fre-
quencies, each having a different amplitude, were present at the input of the spectrum

SINE WAVE SQUARE WAVE SAWTOOTH

NN

N N NN

Figure 3-12 Three basic periodic waves.




58 ELECTRONIC COMMUNICATIONS

Figure 3-13 Typical spectrum analyzer. Courtesy of Tektronix Inc.

analyzer (see Figure 3-15). As the filter is adjusted from 1 MHz to 250 kHz, the meter
will indicate three readings:

1. 2 VatlMHz

2. 3V at 500 kHz
3. 5V at 250 kHz

To graph these values, let one axis represent frequency and the other represent voltage.
See Figure 3-16. The graph means that there is a sine wave with a frequency of 250 kHz

ADJUSTABLE — INDICATES
FILTER MAGNITUDE
INPUT SIGNAL gl';lé " W/ZE
FILTER
> (SET TO
1 MHz) METER
1- MHz SINE WAVE y =

Figure 3-14 Concept of a spectrum analyzer.
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f=1MHz
Vop=2V

/7

f—500kHz

FILTER

f=250 kHz a
Vop=5V

v

Figure 3-15 More than one sine wave at input to spectrum analyzer.

METER

and a peak-to-peak voltage of 5 V, another sine wave with a frequency of 500 kHz and
a peak-to-peak voltage of 3 V, and a third sine wave with a frequency of 1 MHz and a
peak-to-peak voltage of 2 V. In practice, a spectrum analyzer actually displays such a
graph for you on the face of its CRT (cathode ray tube). You need only know what the

graph means.
A
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Figure 3-16 Graph of a frequency spectrum.
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Example 1

A spectrum analyzer displays the information in Figure 3-17. (A) How many dif-
ferent sine waves are present? (B) Which sine wave has the greatest amplitude? (C)
Which sine wave has the smallest amplitude?

<
3
=

- N WA OO N ®
]
I

: > f(MHz)

Figure 3-17

Solution
Each frequency division is in megahertz. The voltage division is in millivolts.

(A) There are three different sine waves indicated by the display: 4 MHz, 6.5 MHz,
and 8§ MHz.

(B) The 6.5-MHz sine wave has the greatest voltage—6 mV.
(C) The 4-MHz sine wave has the smallest amplitude—2 mV.

Other Periodic Waves

When a square wave is observed on a spectrum analyzer, a surprising result occurs. See
Figure 3-18. What is observed is that a square wave consists of odd harmonics of a sine
wave. An infinite number of odd harmonics consisting of pure sine waves exist for a pure
square wave. Note from Figure 3-18 that the amplitude of each sine wave (the first three
harmonics are shown) is different and is a function of the peak-to-peak amplitude of the
square wave:

2A
Vv=— (n is odd) (Equation 3-1)
nw
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Figure 3-18 Sine waves in a square wave.

where Vy = Voltage of Nth harmonic
A = Peak-to-peak amplitude of square wave in volts
= 3.14159 ...
n = Number of the harmonic [1,3,5...,n (odd)]

Figure 3-19 shows how a square wave is made up of pure sine waves.

Fourier Series
The Fourier series is a mathematical formula showing that all periodic functions are made
up of pure sine waves. In mathematical terms

v =V, + Vysin(wt + ;) + V, sin(Rwt + ¢,) (Equation 3-2)
+ V3 sin(Bwt + &3) + -+ - + Vy sin(Not + dy) '
where v = Resultant waveform

Vy = Voltage of harmonic

¢ = Phase angle
o = Radian frequency (2nf)

RESULTANT WAVEFORM

FUNDAMENTAL

SECOND ODD
HARMONIC

FIRST ODD
HARMONIC

Figure 3-19 How a square wave is created.
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Figure 3-20 Spectra of common periodic waveforms.

Y
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fs

This equation says that every periodic wave consists of a DC component (V,, which may
be zero) and the sum of pure sine waves of various amplitudes, which are related to a
fundamental frequency (w) at various frequencies and phase angles.

The resultants of some of the more common periodic waveforms are shown in Figure
3-20. These waveforms are what you would essentially see on the output of a spectrum
analyzer for the given input waveforms.

Example 2

Sketch the frequency spectrum of the first three harmonics of the waveform in Figure

3-21.



Chapter 3  Elements of Radio Communication 63

3
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~Y
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-40 4
Y
Figure 3-21

Solution
First, solve for the frequency:

fe 1
P
1
f=—=1MHz
1ps
Since a sawtooth is made up of all harmonics, the other frequencies are
f,=2X1MHz = 2MHz
f2=3X1MHz =3 MHz
The amplitude of each harmonic is
A

VN=_
nm

The amplitude of the given sawtooth is
A=50V+10V=60V

Hence,

60
H=—=19.1V
1w
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60
f2='—=9.5V
2w

60
=—=64V
37w

The frequency spectrum is shown in Figure 3-22.

20 T 19.1V
18 +
16 +
14 +

12 +
0l 95V

6.4V

+ f t ! > f(MHz)

Figure 3-22

Conclusion

Waveform analysis is important in modulation. You will discover in the next chapter that
when one sine wave modulates another, many surprising results occur.

3-6 Review Questions

1. What is a spectrum analyzer and what does it do?

2. Describe the basic theory of operation for a spectrum analyzer.

3. How is the output information of a spectrum analyzer displayed? What are the units
of measurement for each axis?

What happens when a square wave is analyzed by a spectrum analyzer?

What can be said about any periodic waveform?

What is the meaning of the Fourier series?

Name a periodic waveform that consists of only odd harmonics.

Nowe
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Discussion

TROUBLESHOOTING AND INSTRUMENTATION

Schematics of complex communication circuits that show all the resistors, capacitors, in-
ductors, diodes and other circuit components are sometimes too detailed. Occasionally, a

more simplified representation is desired, especially when trying to determine the signal
flow through a communications system. This can be done with block diagrams.

TUNER DETECTOR REPRODUCER
Figure 3-23 Block diagram of simple AM receiver.
SIGNAL
ORIGINATING O. uT PROCESSING
CIRCUIT CIRCUIT
SIGNAL SIGNAL
IN ouT
SIGNAL SEI“:;P#;L
IN___| TERMINATING MIXING ,
CIRCUIT CIRCUIT
SIGNAL
ouT
TINPUT
* SIGNAL
INPUT PROCESSING OUTPUT
CIRCUIT

FEEDBACK

Figure 3-24 Typical block diagrams.
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Circuit

MBLOCK DIAGRAMS AND TROUBLESHOOTING TECHNIQUES
Type of

Function Troubleshooting Method Example(s)

Originating Creates own signal Check output with scope or meter to see  Oscillator

Processing Changes the signal or Check input and output and compare the ~Amplifier

if signal is present

impedance matching  two signals for desired results Tuner
Terminating  Performs a final If input signal is OK and terminating Headset

function circuit does not produce desired output, CRT

then problem is in terminating circuit Relay

Mixing Combines two signals Check both input signals; then check for Mixer

to produce a single out desired output
Feedback Output effects the Break open feedback loop and test as a  Automatic

input processing circuit gain control

Block Diagrams

The simple AM receiver introduced in this chapter could be represented by the block
diagram in Figure 3-23. The signal flow is from the antenna, through the tuner, through
the detector, and to the reproducer. If the detector were not functioning (suppose it were
open), then the received signal would still be present in the antenna and tuner, but there
would be nothing at the input of the reproducer. Figure 3-24 shows the common types of
block diagram representations for different circuits in communication systems. Table 3-1
shows what each block in Figure 3-24 could represent and presents a troubleshooting strategy.

Each block in a block diagram can be considered as a stage. The first step in trouble-
shooting a defective system is to use a block diagram and to first find the defective stage.
Once the defective stage is located, the system schematic can then be referenced to find
the exact cause of the problem. . ‘

In the next chapter, the troubleshooting and instrumentation section will introduce you
to equipment used for signal injection and signal tracing. Both methods are widely used
in troubleshooting communication systems to isolate a defective stage.

3-7 Review Questions

1. What is a block diagram?

2. How does a schematic differ from a block diagram?

3. When are block diagrams used? When are schematics used?

4. Describe the function of the (A) originating circuit, (B) processing  circuit,
(C) terminating circuit, (D) mixing circuit, (E) feedback circuit.

Give examples of each circuit in question 4.

State the troubleshooting procedure for each circuit in question 4.

Al
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MICROCOMPUTER SIMULATION
The third troubleshooting simulation on your disk is called SIGNAL GENERATOR II.
This is similar to the previous troubleshooting simulation program with one major difference:
the computer will keep track of the steps you actually use in troubleshooting! You will again
be presented with a signal generator for troubleshooting a four stage amplifier, but this time
you will be encouraged to maximize your troubleshooting efficiency. As you will see, when
troubleshooting a four stage amplifier, only three tests are needed to find a single defective stage
using signal generator techniques.

The skills you acquire in this troubleshooting simulation can be used in future trouble-
shooting simulations. More importantly, these are the foundation skills necessary to build
your future as an electronics technician.

CHAPTER PROBLEMS

(Answers to odd-numbered problems appear at the end of the text.)

TRUE/FALSE

Answer the following questions true or false.

An antenna receives one station and rejects all others.

An antenna ground system converts radio waves into electrical currents.

The most basic tuner is a resonant circuit.

A tuner selects one station and rejects all others.

You can select different radio signals by changing the value of the capacitor in the
tuner.

MULTIPLE CHOICE
Answer the following questions by selecting the most correct answer.

6. Connecting a headset directly across the tuner in a simple AM radio receiver:
(A) produces sound in the headset.
(B) will not produce sound in the headset.
(C) will burn out the tuner.
(D) will not work until a battery is added.

7. To make the headset reproduce the original modulating signal, the metal disk must:
(A) move in step with the frequency of the received carrier.
(B) move in step with the changes in amplitude of the received carrier.
(C) vibrate fast enough to keep up with the high-frequency radio wave.
(D) have a source of energy from a battery.

8. A diode detector:
(A) converts AC into pulsating DC.
(B) allows current to flow in one direction only.
(C) detects the modulating signal.
(D) does all of the above.

9. The audio is reconstructed from the radio wave by:
(A) the action of the headset.
(B) having the audio removed from the carrier.

N
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(C) the action of a filter capacitor connected across the headset.
(D) none of the above.
10. Which of the following do not require a tuner:
(A) TV receiver?
(B) CB receiver?
(C) communications satellite?
(D) All communication receivers require a tuner.

MATCHING
Match the block diagram in Figure 3-25 to the correct function.

(A l

(B)

(©)

) l

)
Figure 3-25

11. Processing circuit with feedback
12. Mixing circuit

13. Reproducer

14. Oscillator

15. Amplifier

FILL IN
16. Any periodic waveform consists of combinations of pure waves.
17. A analyzer is an instrument that indicates what frequencies are present and

their amplitudes.
18. A square wave is made up of an infinite number of harmonics.
19. A periodic waveform made up of an infinite number of all harmonics is the
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. 20. The is a mathematical formula showing that all periodic functions
are made up of pure sine waves.
OPEN ENDED

Answer the following questions as indicated.

21. For the frequency spectrum in Figure 3-26(A), what frequencies are present and what
are their amplitudes?

22. For the frequency spectrum in Figure 3-26(B), what are the frequencies and their

amplitudes?
V (mV) V()
A A
9+ ’ 94
8 + 8 +
7+ 7+
6 1 6 1
5+ 5+
4 + 4 4
3+ 3 4
2+ 2+
]
. e ffMHj) ' . . . f (kHz)
; 2 3 4 5 6 7 ;3 1 2 3 :1 5 els 7 s; s;

Figure 3-26
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23. Determine the amplitude of the first three harmonics for the waveform in Figure
3-27(A).

24. For the waveform in Figure 3-27(B), determine the amplitude of the first three harmonics.

25. Construct a graph of the spectrum for each waveform in Figure 3-27.
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Figure 3-27



CHAPTEF

Amplitude
ModulationSystems

OBJECTIVES

In this chapter, you will study:

4

[0 How to analyze an AM waveform.
The definition of noise and how noise is measured.
How an AM waveform is measured using the modulation index.

What spectrum analysis of an AM wave reveals.

OooOoagod

How the AM waveform is transmitted and what is required to make mod-
ulation occur.

What a superheterodyne receiver is and why it is superior to other receivers.
The definition of gain and sensitivity and how they are measured.

How to use dBm to calculate power in a communication system.

O00Ono

Troubleshooting techniques in signal tracing and signal injection.

INTRODUCTION

There is a lot of new information in this chapter. When you complete it, you will have a
detailed understanding of an AM communication system. You will encounter your first
block diagrams of a communication system. Recall that block diagrams were introduced
in the troubleshooting and instrumentation section of Chapter 3. Make sure you understand
that section before starting on this chapter.

The fourth troubleshooting simulation on your disk demonstrates the use of a signal tracer.
Here you have the opportunity to develop troubleshooting skills using signal tracing tech-
niques. Having this skill is a valuable addition to the troubleshooting skills you have acquired
from the previous troubleshooting simulations on your student disk.

71
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4-1

AMPLITUDE MODULATION ANALYSIS

AUDIO

RADIO

FREQUENCY t

Discussion

In this section you will see that the AM wave consists of frequency components other
than the carrier wave, because an AM wave is not a pure sine wave. From the discussion
in the last chapter, you may suspect that it is made up of more than one sine wave. Your
suspicion is correct.

Producing the AM Wave

If you simply combine two frequencies, a low-frequency audio with a high radio frequency
(RF), the result will be as in Figure 4-1. You can see that the output waveform results in
two sine waves: one riding on the other. The familiar AM waveform is not present.

What is needed is some way of making the sine waves unpure, such as a square wave
or pulsating DC. Doing this will create harmonics. Harmonics are needed in order to
produce a waveform that is not a pure sine wave, such as an AM carrier. One simple
method of doing this is by introducing a diode as shown in Figure 4-2. The diode causes
distortion of the input waveform. Distortion makes the resultant signal differ from the
input signal.

The circuit in Figure 4-2 is called a modulator. A modulator is an electronic device
or circuit that affects the process of modulation. The word “modulate” means to change.
The diode is a nonlinear device. A nonlinear device is one that produces an output that
does not rise and fall with the input. Clearly, the output of the modulator is AM pulsating
DC. This waveform is the same as that in the diode detector of the simple AM receiver.

-
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J
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Figure 4-1 Result of the simple combining of two frequencies.
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Figure 4-2 Introducing a diode to cause distortion.

Restoring the AM Wave

What is now needed is a way of converting the AM pulsating DC into the familiar AM
AC waveform. You can accomplish this by using a resonant circuit that has the same
resonant frequency as the RF carrier. Figure 4-3 shows the result.

Conclusion

In this section, you discovered that it takes a nonlinear device to produce an AM wave.
This concept is important for the information to follow. You also saw that the circuit used
to generate an AM wave from a low-frequency signal and an RF carrier is called a modulator.

4-1 Review Questions

1. What happens when you combine two sine waves of different frequencies?
2. What is distortion? Why is distortion necessary?

3. Describe the operation of a simple diode modulator.

4. What does “modulate” mean?

4-2

MODULATION FACTOR

Overview

In the last section, you saw how to create an AM waveform. In this section, you will see
how much the carrier wave should be modulated by the modulating signal.
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Figure 4-3 Restoring the AM waveform.

Modulation Factor :

Look at the three AM waveforms in Figure 4-4. Waveform A has a small amount of
modulation, waveform B a larger amount of modulation, and waveform C has so much
modulation that the carrier disappears. As indicated in Figure 4-4, there are three classes
of modulation: '

1. Less than 100% modulation
2. 100% modulation
3. Greater than 100% modulation -

Modulation of the carrier at greater than 100% is undesirable because it causes dis-
tortion of the recovered audio signal at the receiver. This distortion is shown in Figure
4-5.

The amount of modulation can be measured, and this measurement is called the mod-
ulation factor. This is expressed as

m= 1 (Equation 4-1)
where m = Modulation factor (no units)

B = Peak value of modulating signal

A = Peak value of unmodulated carrier
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Figure 4-5 Resulting distortion from overmodulation.
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Figure 4-8 Graphical representation of modulation factor.

Note: B and A must be in the same units. This is shown graphically in Figure 4-6. When
the modulation factor is expressed as a percentage, it is called the percent modulation:

X 100% : (Equation 4-2)

Example 1

What is the percent modulation of the AM transmitter in Figure 4-7?

AUDIO
D AMPLIFIER

RF
OSCILLATOR
‘% T

MODULATOR

N

—]

Figure 4-7
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Solution
Using the formula for percent modulation:

B

my = X 100% (Equation 4-2)
30V

m, = —— X 100%
50V

m, = 60%

A sketch of the resulting waveform is shown in Figure 4-8.
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Figure 4-8

Modulation Measurement

When you want to measure the percent modulation from an existing AM waveform, use
the following direct measurement procedure: Observe the AM waveform on a laboratory
oscilloscope. A typical waveform is shown in Figure 4-9. The percent modulation may
be found from ’
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Figure 4-9 Typical AM waveform.

Vmax - Vm.in
=

= X 100% (Equation 4-3)
Vnax T Vain

my

where m, = Percent modulation
Vinax = Maximum value of AM waveform
Vimin = Minimum value of AM waveform

Example 2

What is the percent modulation of the AM waveform in Figure 4-10.
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Solution
Using the relationship:
vaax - Vmin
m, = —————— x 100% _ ~ (Equation 4-3)

’ Vmax + min
_ 160V - 40V

m,=-——"———
160 V + 40 V
m, = 60%

120
X 100% = — X 100%
200

Conclusion

In this section, you discovered that the amount of modulation of an AM waveform is
measurable. You also saw that overmodulation is undesirable and that the amount of mod-
ulation can be calculated from laboratory measurements. The next section will present
important information concerning what happens when you mix two frequencies together
to get an AM waveform. As you will see, harmonics are produced because the resulting
waveform is not, in itself, a pure sine wave.

4-2 Review Questions

1. Describe the following waveforms: less than 100% modulation, 100% modulation, more
than 100% modulation.

2. What is the modulation factor? How is it different from percent modulation?

3. What is the problem with modulation of more than 100%?

4. Describe a method of measuring the amount of modulation on your oscilloscope.

4-3

AM SPECTRUM AND BANDWIDTH

Discussion

As you discovered in the last section, in order to produce an AM waveform you needed
to introduce distortion. The resulting waveform, since it was no longer a pure sine wave,
contained harmonics. This section introduces what these harmonics mean, why they are
important, and how to measure and predict them.

Sidebands

Whenever a modulating frequency (fy) amplitude modulates a carrier frequency (fc), the
result is four different sine waves:

1. The original modulating frequency fy

2. The original carrier frequency fc

3. The sum of the two frequencies: f& + fu

4. The difference between the two frequencies: fo — fu

If the modulating frequency is a much lower frequency than the carrier (which is
usually the case), then the low-frequency modulating signal is never transmitted. The
transmission finally received by the receiver is therefore three sine waves: f, fo + fu, and

fc - fM-
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Figure 4-11 Frequencies contained in an AM waveform.

When a spectrum analyzer is used to observe a transmitted AM wave that has been
modulated with a low-frequency audio sine wave, the result looks like Figure 4-11. Ob-
serve that the center frequency is the carrier, and on either side of it are the other two
frequencies. Because of this relationship, the frequencies on either side of the carrier are
called the sidebands. The sideband at a higher frequency than the carrier is called the
upper sideband, and the sideband that is at a frequency lower than the carrier is called
the lower sideband.

Hence the upper sideband frequency is

Juss =Jc T fu (Equation 4-4)
and the lower sideband frequency is
fiss=fc—fm (Equation 4-5)

When a carrier wave is modulated by a nonsinusodial waveform, such as a square
wave, the resulting sidebands contain many different frequencies, as shown in Figure
4-12. This frequency spectrum occurs because the modulating square wave actually con-
sists of an infinite number of odd harmonics. Each of these harmonics adds and subtracts

- from the carrier wave and causes the multiple frequencies in each sideband.

v CARRIER

LOWER UPPER

A V(VOLTS)

-
-

fc f

Figure 4-12 Frequency spectrum when carrier is modulated by a square wave.



Chapter 4 Amplitude Modulation Systems 81

Example 1

A carrier frequency of 750 kHz is modulated by a 3-kHz sine wave. State the values
of the transmitted frequencies. Which frequency is the upper sideband? Which fre-
quency is the lower sideband?

Solution
The resultant transmitted frequencies are

fc =750 kHz
fc + fu=750kHz + 3 kHz = 753 kHz (Equation 4-4)
fc —fu=750kHz — 3 kHz = 747 kHz (Equation 4-5)

The upper sideband is 753 kHz.
The lower sideband is 747 kHz.

Bandwidth
Bandwidth is defined as the range of frequencies from the lower sideband to the upper
sideband. This is expressed as

BW = fuss — fiss (Equation 4-6)

where BW = Bandwidth in hertz
fuss = Upper sideband in hertz

fiss = Lower sideband in hertz

Here is another method of calculating bandwidth for a transmitted AM signal. Start
with the formula

BW = fusg — fiss

Since fysg = fc + fu and fisg = fc — fu, substitute in the original equation to get

BW = (fc +fw — (fe —fw

BW = fc + fu — fc T fu

BW =fc —fc + fu + fu

BW = 2fy (Equation 4-7)

Equation 4-7 states that the bandwidth of a transmitted AM wave is twice the value of
the modulating frequency. In the United States, the allowed bandwidth of commercial AM
radio stations is 10 kHz. This means that the highest modulating frequency that can be
used by the transmitting station is 5 kHz (2 X 5 kHz = 10 kHz).
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Example 2

A 10-MHz carrier is modulated with a 5-kHz sine wave. What is the bandwidth of
the transmitted AM signal?

Solution

BW = 2fy (Equation 4-7)
=2 X 5kHz = 10kHz

Conclusion

The bandwidth of a transmitted AM wave plays an important role in the design and align-
ment of AM receivers. As you will see in the next section, the bandwidth of the resonant
circuits used to select the received station must be close to that of the transmitted signal.
For those of you who remember your AC well, this means that the Q of the tuner will
play an important role in the quality of your radio.

4-3 Review Questions

1. What sine waves are produced as a result of mixing two sine waves of different
frequencies?

What are sidebands? Define an upper sideband and a lower sideband.

Describe the resulting spectrum of modulating a carrier with a square wave.

What is bandwidth? What electrical circuit determines bandwidth?

What determines the bandwidth of a transmitted AM waveform?

What is the allowable bandwidth of commercial AM radio in the United States?

A ol

4-4

AMPLIFIERS AND NOISE

Definition

An amplifier is a circuit that increases the amplitude of a signal. The idea is to put a small
AC signal on the input and get out a larger AC signal of the same frequency from the
output. Devices such as transistors are used to construct amplifier circuits. Amplifier cir-
cuits used in communications will be covered in detail in the circuits section of this text.

For now, an amplifier will be treated from a block-diagram point of view, as shown in
Figure 4-13.

/\\f — AMPLIFIER - [\
INPUT SIGNAL \/

‘OUTPUT SIGNAL

Figure 4-13 Block diagram of an amplifier.




Chapter 4 Amplitude Modulation Systems 83

Amplifier Gain

Amplifier gain is defined as the ratio of the output signal strength to the input signal

strength. Amplifiers can have their gains measured in terms of signal voltage, current, or
power. This is expressed mathematically as

Voltage Gain
Vou

Ay, = v (Equation 4-8)
where Ay, = Voltage gain (no units)

Vo = Output signal voltage

Vin = Input signal voltage

Current Gain

i
A== (Equation 4-9)
lin
where A; = Current gain (no units)
i = Output signal current
i;, = Input signal current

Power Gain

Pout
AP =

7 (Equation 4-10)

where Ap = Power gain (no units)
P, = Input signal power in watts
P;, = Output signal power in watts

Example 1

What is the voltage gain of the amplifier in Figure 4-14?

‘5mVv —> AMPLIFIER

> 1V
i INPUT OUTPUT

Figure 4-14 o
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Solution

From the formula for voltage gain,
VO\“ . .
Ay = v (Equation 4-8)

1V 1

T 5mV (5% 107%)
Ay = 0.2 X 10° = 200

o I B

Ay

Amplifiers are used in communication systems to increase the strength of signals. In
this chapter, you will see how they are used in communication receivers.

Noise
Noise is any undesired signal. When a signal is transmitted from one point to another,
noise is-introduced. The noise distracts from the modulating information and may be so
bad that the received signal cannot be understood.

Some sources of noise are:

I. External Noise

A. Natural
1. Weather conditions
2. Energy from the sun (sun spots)
3. Radiation from space

B. Manufactured
1. Industry
2. Vehicles
3. Other communication equipment

II. Internal Noise
A. Passive components: resistors, wires, capacitors, etc.
B. Active components: transistors, FETSs, etc.

Signal-to-Noise Ratio

When a weak radio signal is amplified, the noise accompanying the signal is amplified
along with it. The ratio of the signal strength to the noise strength is an important mea-
surement in communication work. If you have a communication receiver with amplifiers
that do not introduce any noise, then the ratio of the amount of signal to the amount of
noise is

S
SNR = N (Equation 4-11)

where SNR = Signal-to-noise ratio
S = Signal strength
N = Noise strength
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Noise Figure

Practical amplifiers introduce some noise into the signal as the signal is being amplified.
The noise figure (NF) is a measure of the degradation of the signal caused by the receiving
system and is given by
Sin/ N, in .
NF = ——— (Equation 4-12)
SOU[ NO‘.I!

A perfect receiver or amplifier would have a noise figure of 1.
Frequently, noise figure is expressed in dB (decibels) as

NF(dB) = 10 log(NF) (Equation 4-13)

An ideal receiver or amplifier has a noise figure of 0 dB.

Example 2

The input signal to a receiver is 100 wV, and the internal noise at the input is
10 V. The signal of the output, after being amplified, is 2 V, and the noise at the
output is 0.5 V. What is the noise figure?

Solution
Using the relationship for NF,
S in/ N; in .
NF = ——— (Equation 4-12)
SOl.lt/ N out

100 pV/10 pV 10
2V/0.5V 4
NF = 2.5

Conclusion

In this section, you saw what an amplifier is, how amplifier gain is measured, and the
role of noise in communication systems. In the next section, you will learn how amplifiers
are used to make the basic AM receiver even more powerful.

4-4 Review Questions

1. Define an amplifier. Give an example.

2. Define gain. Can gain be less than 1?

3. What is the similarity between the formulas for power gain, voltage gain, and current
gain? What are the differences?

. Define noise. Name some causes of noise.

. Explain signal-to-noise ratio. What is the definition of noise figure?

. What is the noise figure of an ideal amplifier? Explain.

A L A~
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4-5 | RECEIVER SENSITIVITY AND dB

Sensitivity
Receiver sensitivity is a measure of the weakest signal that can be put into a useful form
by the receiver. One problem with the most basic AM receiver introduced in the last
chapter was poor sensitivity. This meant that you could hardly hear the received signal
from the strongest radio station. Weaker stations could not be heard at all. This radio
suffered from poor sensitivity.

Radio frequency amplifiers are used in communication receivers to increase their sen-
‘ sitivity. A typical RF amplifier will have tuned resonant circuits on the input and on the
P output to select the desired signal. See Figure 4-15.

Cascaded Amplifiers

Cascaded amplifiers have the output of an amplifier connected to the input of another
amplifier. This arrangement greatly increases a receiver’s sensitivity. See Figure 4-16.

i INPUT
[ RF ¥
1 :> g L C% AMPLIFIER ct é OUTPUT

Figure 4-15 Block diagram of a typical RF amplifier with tuned circuits.

wor T | —
=

; |

| |
: |

| =t * |
i RF | RF !
! % AMPLIFIER # ! ¥ AMPLIFIER #é l
| 1 |
B FIRST - SECOND ,l
STAGE STAGE |

Figure 4-16 Cascading amplifiers to increase receiver sensitivity.
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Sometimes, cascaded amplifiers are referred to as a multiple-stage amplifier, since
more than one amplifier is used in the overall system. This system of RF amplifiers can
take very weak radio signals (from long distances) and amplify them into larger signals.
They also amplify the input noise and add their own internal noise to the received signal.

The total gain of such a system is the product of the gain of each stage:

Ar=AAA; ... Ay (Equation 4-14)

where Ar = Total gain of the system
A, ... Ay = Gain of each amplifier

Decibel Gain

When working with multiple-stage amplifiers it’s convenient to use decibel gains. The
power gain in dB is

Ap(dB) = 10 log(Ap) (Equation 4-15)

The advantage of using power gains in dB is that the overall system gain of a multiple-
stage amplifier is the sum of each of the individual amplifier gains:

A1(dB) = A;(dB) + A,(dB) + A3(dB) + ... + Ay(dB) ' (Equation 4-16)

Example 1

A two-stage RF amplifier has a power gain of 100 for its first stage and 10 for its
second stage. What is the overall system power gain? Express this in dB.

Solution

There are two methods of working this problem.
Method 1
Find the total power gain by multiplication:

AT = APIAPZ (Equation 4"14)
Ar =100 X 10 = 1 000

Convert to dB:
Ap(dB) = 10 log(Ap) (Equation 4-15)
Ap(dB) = 10 log(1 000) = 10(3) = 30 dB
Method 2

Convert each power gain to dB:

Ap(dB) = 10 log(Ap) (Equation 4-15)

For first stage:
Ap(dB) = 10 log(100) = 10(2) = 20 dB
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For second stage:

Apy(dB) = 10 log(10) = 10(1) = 10dB

Now add the dB power gains:

A1(dB) = A;(dB) + A,(dB) (Equation 4-16)
Ar(dB) =20dB + 10dB = 30 dB

Either method yields the same answer.

The preceding problem is illustrated graphically in Figure 4-17.

—] A, =100 » A, =10 p—> > —» A, = 1000 |—>

—»{ A, =20dB »| 4, = 10dB }—> ) —>» A, =30dB}—>

Figure 4-17 Gfaphic illustration of system gain.

Helpful Aid

Many communication technicians use the following rule when using power gains in dB.
Every doubling of the power gain represents an increase of 3 dB. This is shown in Table

4-1.
Table 4-1 RELATIONS OF POWER GAIN TO dB

‘ Power Gain dB

1 0

2 3

4 6

8 9

16 12

Negative Decibels

Sometimes the power gain is less than 1. When a signal is transmitted through space, it
loses power. This power loss (attenuation) is usually expressed in dB by the same formula
for power gain in dB. As an example, if the transmitted signal is 5 W and the received
signal is 10 mW, then the power gain is
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A, =2 (Equation 4-10)
pin
10mW 10 x 10°?
AP — s
5W 5
Ap = 0.002

Converting to dB gives

Ap(dB) = 10 log(Ap) (Equation 4-15)
Ap(dB) = 10 10g(0.002) = 10(—2.69) = —26.9 dB

Table 4-2 gives an approximation of power gains less than 1 and their dB relations.

Table 4-2 POWER GAINS LESS THAN UNITY
Power Gain dB
1 0
0.5 -3
0.25 -6
0.125 -9
0.062 5 -12

dBm

The measurement of dBm is used to indicate the power level with respect to 1 mW. The
“m” is a reminder that the milliwatt reference is being used. dBm is expressed mathe-

matically as

P(dBm) = 10 log< ) (Equation 4-17)

1 mW

For example, a power of 2 W in dBm is

2W
P(dBm) = 10 log< ) = 10 log(2 000) = 33 dBm
1 mW

The advantage of dBm is that it simplifies power measurements. Many meters have
a dBm scale. Using this scale to measure the input and output power in dBm makes
amplifier gain calculations much easier. This is shown in the following example.
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Example 2

An amplifier measures —9 dBm of input signal and 0 dBm of output 51gnal as shown
in Figure 4-18. Determine the gain of the amplifier in dB.

READING AT READING AT
INPUT TO OUTPUT OF
AMPLIFIER —»{ A, = 9dB | — AMPLIFIER

Figure 4-18

Solution

Since the needle moved from —9 dBm to 0 dBm, the amplifier has a decibel power
gain of 9 dB.

Decibel Voltage Gain

You will find that in many cases voltage gain measurements are more common than power
gain measurements. Decibels are also used to express voltage gain. Mathematically, the
voltage gain in dB is

Ays) = 20 log(Ay) (Equation 4-18)
If A, = 10, then
Ayary = 20 log(10) = 20(1) = 20 dB

As the voltage gain doubles, the dB gain increases by 6; the converse is true with a
decrease. Tables 4-3 and 4-4 illustrate.

Table 4-3 dB VOLTAGE GAIN

Voltage Gain dB
1 0
2 6
4 12
8 18
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Table 4-4 dB FOR VOLTAGE GAINS LESS THAN 1

Voltage Gain dB
1 0
0.5 -6
0.25 -12
0.125 —18

Conclusion

The sensitivity of a receiver is greatly increased by amplifiers. The changes in the voltage
and power levels of communication signals are usually measured in dB or dBm. Knowing
how to use these measurements is an important step in becoming a qualified communi-
cations technician.

4-5 Review Questions

Explain receiver sensitivity.

How is a radio’s sensitivity increased?

What are cascaded amplifiers? How does this arrangement improve receiver sensitivity?
How is the total gain of several amplifiers computed?

What is the advantage of computing gains in dB?

Define a dBm. What is the reason for using dBm?

QUNnE LN =

RECEIVER SELECTIVITY

Introduction

The ability of a receiver to select one station and reject all others is of prime importance.
Many frequency allocations to different transmitters require that the receiver be selective
enough to receive only one station at a time.

Factors

One factor that affects the selectivity of a receiver is the bandwidth of the tuned circuits
used in the RF amplifiers. Recall from the last section that the RF amplifier used to in-
crease the receiver sensitivity used tuned circuits to select the desired signal. Also recall
from Section 4-3 that the transmitted AM wave contained a carrier and two sidebands.
The receiver must be selective enough to select only one radio station, but not so selective
that it rejects the sidebands of the received signal.

As discussed in basic AC courses, the bandwidth of a resonant circuit is

BW=f;,—fL (Equation 4-19)

where BW = Circuit bandwidth in hertz
fu = Upper cutoff frequency in hertz

fi = Lower cutoff frequency in hertz
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The Q (quality) of a resonant circuit is related to the bandwidth by
fe
BW

where Q = Quality of the circuit (no units)
J: = Resonant frequency of the circuit in hertz
BW = Circuit bandwidth in hertz

0= (Equation 4-20)

Frequency Response

In the design of an RF amplifier, the frequency response is very important. Figure 4-19
illustrates the relation of circuit bandwidth to receiver selectivity.

The frequency response curves represent the response of three different tuned circuits.
Each circuit can be analyzed as follows:

Circuit A

This circuit’s bandwidth is too wide. Stations A and B will be amplified by the same
amount. Hence, for circuit A, the selectivity is poor.

Circuit B

Circuit B has just the right amount of bandwidth. Only station B is being amplified. This
circuit has just the right amount of selectivity.

Circuit C

This circuit has too much selectivity. Note that the bandwidth is so narrow that the side-
bands of the received signal are not being amplified. Since the information is contained
in the sidebands, no useful output will occur.

CIRCUIT ' CIRCUIT CIRCUIT
A B c v
Av A Av ‘r STATION
STATION STATION STATION B
A B B

fc fe fc
f f f
L L
#’c o o
R R
LARGE MEDIUM NARROW
BANDWIDTH BANDWIDTH BANDWIDTH

Figure 4-19 Relation of circuit bandwidth and receiver selectivity.
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00~

"

Coil Resistance

As explained in basic AC texts, the Q of a resonant circuit is related to the resistance of
the inductor (coil) by

== (Equation 4-21)

where Q = Q of the inductor (no units)
X; = Inductive reactance in ohms

R, = Resistance of inductor in ohms

From equations (4-20) and (4-21) the relationship between selectivity and the resonant
circuit used in the receiver can be developed: Since

fe
= Equation 4-20
o BW (Eq )
and
X
0== (Equation 4-21)
R,
then
f_X%
BW R,
Solving for BW,
R.f:
BW = ;f (Equation 4-22)
L

The following example illustrates an application of this relationship.

Example 1

A tuned radio frequency (TRF) receiver is shown in Figure 4-20. The transmitting
AM stations all have a bandwidth of 10 kHz. The TRF is shown tuned to 550 kHz.
Determine the bandwidth of any single stage.

RF RF AUDIO

Ci | AMPLIFIER C; Lg L3 Cs | AMPLIFIER | Ca Ly AMPLIFIER

=

R, R,

4 SPEAKER

L1=L2=L3=L4=8.3mH
C1=C2=C3=C4=10pF
RL1 = HL2=RL3=RL4=5209

Figure 4-20
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Solution

First compute X;:
X, = 2mfL (Equation 1-4)
X, = 6.28 X 550 kHz X 8.3 mH ’
X, = 28.7kQ)

Now compute the bandwidth:

R.f: .
BW =— (Equation 4-22)
Xy
_ 520 ) X 550 kHz
28.7 kQ)
BW = 9.97 kHz

Many problems occurred with the TRF receiver, which led to the development of a
new type of receiver, presented in the next section.

Conclusion

You should now be familiar with the terms “selectivity” and “sensitivity.” This section
demonstrated what factors influenced selectivity.

4-6 Review Questions

1. Explain the meaning of receiver selectivity.

2. What determines the selectivity of a receiver?

3. What is the relationship between the bandwidth of the transmitted signal and the re-
ceiver selectivity?

4. Explain what is meant by “too much selectivity.”

What problems would a receiver with poor selectivity experience?

6. Explain the difference between selectivity and sensitivity.

W

4-7

SUPERHETERODYNE RECEIVER

Discussion

In 1927, the TRF receiver was replaced by the superheterodyne receiver. The word comes
from “heterodyne,” which means to mix or combine frequencies. The word “super” was
used for commercial effect to help sell the radio when it first appeared on the market. The
main advantage of the superheterodyne receiver is its constant bandwidth while tumng to
different radio stations.

The sensitivity and selectivity of a superheterodyne receiver are so good that this form
of receiver is the most common in use today.
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RF IF ) AUDIO
AMPLIFIER > MIXER »| AMPLIFIER »| DETECTOR = AMPLIFIER |,

(ONE OR (ONE OR
(TUNER) MORE) MORE)
A A SPEAKER
AUTOMATIC
LOCAL GAIN CONTROL
OSCILLATOR (AGC)

Figure 4-21 Block diagram of AM superheterodyne receiver.

Block Diagram

The block diagram of a superheterodyne receiver is shown in Figure 4-21. The automatic
gain control (AGC) is a method used to help keep the gain of the receiver constant as
stations of different signal strengths are received. The circuits section of this text will
present the important details of AGC.

The purpose of a superheterodyne receiver is to keep the receiver bandwidth constant.
This is done by keeping the tuned circuits used by amplifiers tuned to the same frequency.
This in turn is accomplished by intermediate frequency (IF) amplifiers. These amplifiers
are always tuned to the same frequency regardless of the frequency of the incoming signal.
They are called IF amplifiers because the frequency they are amplifying is between the
frequency of the received signal and the frequency of the audio that will eventually operate
the loudspeaker.

Heterodyning

Recall that when two frequencies are mixed together in a nonlinear device the result is
the two original frequencies, the sum of the two frequencies, and the difference between
the two frequencies. This principle makes the superheterodyne receiver practical.

For most commercial AM receivers, the IF amplifiers are tuned to 455 kHz. If
the received radio signal is 1 000 kHz, then the local oscillator will have a frequency of
1 455 kHz. ,

An oscillator is a circuit that creates its own frequency. In the receiver, an oscillator
is called local because it is contained locally inside the receiver. It is usually referred to
as the LO.

The received signal and the LO signal will come together in the mixer. The output
of the mixer will be the original two frequencies (1 000 kHz and 1 455 kHz) along with
the sum and difference frequencies (2 455 kHz and 455 kHz). Since the IF amplifier has
tuned circuits that are fixed at 455 kHz, it is the 455-kHz signal that will pass through
the receiver. This is shown in Figure 4-22.

The point is that the LO frequency must always be 455 kHz more than the frequency
of the received station. This is done by physically connecting (ganging) the variable ca-
pacitor in the tuner to the variable capacitor in the tuned circuit of the oscillator. As you
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ZI Z

1000 kHz 455 kHz
(WITH SIDEBANDS) (WITH SIDEBANDS)
— ] TO
INPUT DETECTOR

IF |
j} % MIXER % # AMPLIFIER E :>
l l OUTPUT
‘ | \Z
TUNED

TO 455 kHz TUNED
\ TO 455 kHz

1 455 kHz LOCAL

el

OSCILLATOR

Figure 4-22 Heterodyning principle.

TWO SEPARATE

VARIABLE CAPACITORS —;\

INPUT
RF
AMPLIFIER MIXER
SHAFT CHANGES
BOTH CAPACITORS
AT THE SAME
%Cz Lz OSCILLATOR ‘
/ /
/ GANGED /
/ CAPACITOR J
pA— /

Figure 4-23 Ganged capacitors in superheterodyne receiver.
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will see in the circuits section of this text, one method of controlling the frequency de-
veloped by an oscillator is a resonant circuit. This arrangement is shown in Figure 4-23.
If you now wished to receive a radio station at a different frequency, say 750 kHz,
the LO would then have to be at a frequency of 1205 kHz. This would give the required
difference frequency of 455 kHz for the IF amplifier.
The LO frequency can be determined from the relationship

Jfro =fr T fir (Equation 4-23)

where  fio = Frequency of the LO in hertz
fr = Frequency of the received signal in hertz
fir = Frequency of the IF amplifier in hertz

Example 1

What is the LO frequency if the IF frequency of an AM superheterodyne receiver
is 455 kHz and the received signal is 830 kHz?

Solution
Using the relationship:

Jro=fr t fir (Equation 4-23)
fio = 830kHz + 455 kHz = 1 285 kHz

Image Frequency

There is a potential problem with superheterodyne receivers: They can receive more than
one station at a time. One station is the one you wanted; the other, called the image, is
not. Here is how this happens.

Suppose you want to get a radio station at 600 kHz. This means that the LO will be
at 1 055 kHz. This is fine as long as there is not another radio station at 455 kHz above
the LO frequency (1 055 kHz + 455 kHz = 1 510 kHz). If there is, then the LO will mix
with it as well as the desired station. The result is as follows:

Mixing with 600 kHz station
Difference frequency: fio — fx = 1 055 kHz — 600 = 455 kHz.
Mixing with 1 510-kHz station
Difference frequency: fz — fio = 1 510 kHz — 1 055 kHz = 455 kHz
The image frequency can be determined from the formula
fi=2r o (Equation 4-24)

where f; = Image frequency in hertz
Jfir = IF frequency in hertz
fz = Frequency of received signal in hertz
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The image frequency rejection is a measure of how well a receiver can reject an image
frequency. The use of an RF amplifier greatly reduces image frequency interference. Many
low-cost superheterodyne receivers do not use an RF amplifier.

Example 2

What is the image frequency for an AM superheterodyne receiver with an IF fre-
quency of 455 kHz when tuned to a carrier with a frequency of 550 kHz?

Solution

Using the relationship:
fi=2fr t/r (Equation 4-24)
fi =2 X 455 kHz + 550 kHz
£, =910kHz + 550 kHz = 1 460 kHz

Conclusion

In this section, you saw how the most common form of AM receiver is constructed. The
next section shows two methods for troubleshooting the superhet receiver.

4-7 Review Questions

Explain the meaning of superheterodyne.

Describe the block diagram of a superheterodyne receiver.

What is the purpose of AGC?

What is an advantage of a superheterodyne receiver?

Describe the heterodyning principle. State the purpose of the LO and mixer.
Explain what an IF amplifier does.

What is an image frequency? How can image frequencies be reduced?

Nk L=

TROUBLESHOOTING AND INSTRUMENTATION

Troubleshooting Block Diagrams

Troubleshooting with a block diagram is a convenient way of isolating a faulty stage so
that a detailed analysis of that stage can be made. In this section, you will analyze the
superheterodyne (superhet) receiver from a block-diagram standpoint. You will then see
how to troubleshoot it using the two most common methods of isolating a faulty stage:
signal injection and signal tracing.

Superhet Analysis

Consider the block diagram of a superheterodyne receiver in Figure 4-24. Table 4-5 sum-
marizes the purpose of each stage and the input and output signals you should expect.



Figure 4-24 Block diagram of superheterodyne receiver with power supply.
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POWER OUTPUT VOLTAGE
——>
SUPPLY TO ALL AMPLIFIERS
RF - . IF AUDIO
AMPLIFIER > MIXER AMPLIFIER »| DETECTOR AMPLIFIER [
\ SPEAKER
LO

Table 4-5 SUPERHETERODYNE FUNCTIONS

Stage

Function

Input Signal

Output Signal

LO

Mixer

Speaker

Detector

Power supply

RF amplifier

IF amplifier

Audio amplifier

Provides power to all stages
of receiver

Selects desired frequency
and amplifies it

Creates a sine wave to be

mixed with the incoming
received signal

Mixes the LO signal with
RF to produce a difference
frequency

Amplifies the 455-kHz
signal from mixer

Restores the audio and
bypasses the RF

Amplifies the audio signal
from the detector

Converts the audio
waveform into sound

AC power 120 VAC,
60 Hz
Radio signals

None

LO and RF

Same as output of
mixer
455-kHz AM

Audio from detector

Audio signal

6 to 12 VDC

Amplified radio
signal

AC that is 455 kHz
more than fy

fio T 1k
fLo - fR

Jro and fr
Amplified 455 kHz

AM
Restored audio

Amplified audio

Sound waves
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Signal Tracing

In the troubleshooting examples that follow, assume that the problem with the receiver is
no sound from the speaker. When troubleshooting using the signal tracing method, use
an instrument like the oscilloscope. No matter which method is used, always check the
power supply voltage first, using a voltmeter. The reason is that if the power supply is
not functioning properly, then nothing in the receiver will work correctly, since the power
supply supplies power to the amplifiers.

Once you have checked the power supply, go to the “middle” of the receiver and see
if a signal is present on the output of the IF amplifier. If there is, this tells you that all
the stages to the left of the IF amplifier output are working. This means that the problem
must be in one of the stages to the right of the IF amplifier output. If you do not see a
signal here, then the problem must be to the left of the IF amplifier output. See Figure
4-25.

Continue this procedure until you find a stage with an input signal but no output signal.
That stage is the defective one. To check the LO, simply look for an output signal.

Signal Injection

The signal injection method of troubleshooting involves using an RF generator that can
be modulated with an audio tone. The output frequency of the RF generator is variable
and can be tuned to represent that of a radio station, LO, or IF amplifier. Most RF gen-
erators contain an audio signal output for injecting an audio signal into the audio amplifier.
A laboratory RF signal generator is shown in Figure 4-26.

OK
Figure 4-25 Using signal tracing in superhet.

OF THESE STAGES

IF AUDIO
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ﬁ (NO OUTPUT)
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OF THESE STAGES
- I | Aubio
T ﬁ D SPEAKER
OUTPUT (NO OUTPUT)
SIGNAL PROBLEM IS IN ONE
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Figure 4-26 Laboratory RF generator. Courtesy of Hewlett-Packard Company.

To troubleshoot a superhet receiver using the signal injection method, inject an audio
tone at the input of the audio amplifier. If you hear a tone at the speaker, then the problem
must be to the left of the audio amp. If a tone is not heard, then the problem must be
from the audio amp to the speaker. As before, always check the power supply first. Figure
4-27 illustrates the signal injection troubleshooting method.

PROBLEM IS IN
ONE OF THESE

\{/ STAGES

A IF AUDIO
—»] MIXER » AMPLIFIER »| DETECTOR » AMPLIFIER [—>
T TONE AT
SIGNAL OUTPUT
INJECTED
HERE
NO TONE
AT OUTPUT
IF AUDIO
AMPLIFIER >| DETECTOR ~| AMPLIFIER
SIGNAL PROBLEM IS
INJECTED #IN THIS AREA
HERE

Figure 4-27 Troubleshaooting by signal injection.
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Conclusion .

This fourth troubleshooting simulation introduces you to a signal tracer. Unlike the signal
generator used in the previous two troubleshooting simulations, the signal tracer typifies a
general class of instruments that depend upon the presence of a signal for troubleshooting
purposes. The instructions for this simulation will show you how this instrument is used
and the demonstration mode will allow you to practice with this new instrument until you
are confident that you can easily use it. The testing mode will then give you an opportunity
to experience some ‘real’ troubleshooting using a signal detector.

4-8 Review Questions

1. State the function of each section of a superheterodyne receiver.
, 2. Describe the input and output signals for each stage of a superheterodyne receiver.
| 3. Describe the signal tracing troubleshooting method. Give an example. What instrument
can be used for signal tracing?
4. What is a signal generator?
5. Describe the signal injection troubleshooting method. Give an example.

MICROCOMPUTER SIMULATION

The microcomputer simulation on the diskette for this chapter introduces you to a signal
tracer. This program gives you a challenging opportunity to use the signal tracer as often
as you wish. The random-number generating feature is again used to simulate the practical
situation where you don’t know what problem you may encounter. The computer’s memory
capabilities are used to keep score of your troubleshooting progress.

CHAPTER PROBLEMS

(Answers to odd-numbered problems appear at the end of the text.)

What happens when two different frequencies are combined across a resistor?

Is an AM carrier a pure sine wave? Explain.

Explain the meaning of distortion. Give an application where distortion is useful.
What is a nonlinear device? Is a resistor a nonlinear device?

Describe the process of modulation.

Sketch the diagram of a simple AM modulator. Explain how it works.

Which of the waveforms in Figure 4-28 have less than 100% modulation?

In Figure 4-28, which waveforms have more than 100% modulation? Which have
100% modulation?

9. What is the modulation factor for waveforms A and B in Figure 4-28?

10. Determine the modulation factor for waveforms B and C in Figure 4-28.

11. Express the percent modulation for waveforms A and B in Figure 4-28.

12. Comment on the detected waveform of Figure 4-28(C).

AN AE BN =
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13. Sketch the resultant AM waveform of the two waves in Figure 4-29(A).
14. Sketch the resultant AM waveform of the two waves in Figure 4-29(B).
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2
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(A)
Figure 4-29
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15. What is the percent modulation of the oscilloscope waveform in Figure 4-30(A)?
16. Determine the percent modulation of the oscilloscope waveform in Figure 4-30(B).
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(B)
Figure 4-30

17. What are the resulting frequencies when a 12-kHz sine wave modulates a 550-kHz
carrier?

18. Calculate the resulting frequencies when a 150-MHz carrier is modulated by a
25-kHz signal. ‘

19. What is the bandwidth of the resultant AM waveform in problem 18?

20. Determine the bandwidth of the AM waveform in problem 17.
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21. Sketch the resultant spectrum from modulating a 2-MHz carrier with a 10-kHz sine
wave. Identify the upper and lower sidebands. What is the resultant bandwidth?

22. For each of the following sets of frequencies, the higher frequency is the carrier, the
lower is the modulating frequency. Determine the upper and lower sidebands and the
bandwidth. Sketch the frequency spectrum. (A) 15 MHz and 5 kHz (B) 120 MHz
and 15 kHz

23. Determine the gain of each amplifier in Figure 4-31.

. mv\/\ /\ IN aupio |ouT Pn=3mW RF
\/

T AMPLIFIER - —>| AMPLIFIER |
‘ Pour=2W
1.
| T
i 5mV
Figure 4-31
24. Determine the signal-to-noise ratio of the following: (A) S = 3 mV,
N = 20 wV; (B) Sour = 12 V, Noyr = 2 mV.
25. Determine the signal-to-noise ratio of the following: (A) Sn = 24 mV,
N = 0.09 mV; B) Sour = 4.6 V, Noyr = 0.5 mV.
26. What is the noise figure of the amplifier in Figure 4-32(A)?
27. What is the noise figure of the amplifier in Figure 4-32(B)?
|
|
Sin =18 mV F Sour = 180 mV : Sin =28 mV RE Sour=1.4V
—>| AMPLIFIER [ : —> AMPLIFIER [
Nn =20 yV NOUT =0.3mV | Ny =10 IAV ‘ Nout = 0.7 mV
|
|
(A) i (B)

Figure 4-32
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28. What is the total gain of the TRF receiver in Figure 4-33(A)?

29. Compute the total gain of the TRF receiver in Figure 4-33(B).

30. Convert the gain of each stage in the TRF receiver in Figure 4-33(B) to dB. Compute
the total gain in dB.

31. Express the gain of each stage of the TRF receiver in Figure 4-33(A) in dB. What is
the total gain in dB?

L\l\ ﬂnnﬂn“”nn. RF RF AUDIO
AMPLIFIER [ AmpLIFIER | DETECTOR ™1 AmPLIFIER [
A, = 12 A, = 10 A, =05 A, =5 Pour
(A)
ln. RF RF AUDIO
Il AMPLIFIER ] ampuipier ] PETECTOR 71 AmPLIFIER [
A, =18 A, =8 A, =07 A, =10 Pour
(B)
Figure 4-33

32. Express the following gains in dB: (A) 2, (B) 4, (C) 16.

33. If the input signal to an amplifier is 3 mW, compute the output signal for the following
power gains: (A) 3 dB, (B) 9 dB, (C) -3 dB, (D) —12 dB.

34. For an amplifier with an input signal of 12 mW, what would be the output signal if
the amplifier gain were (A) 4 dB? (B) 6 dB? (C) —2 dB? (D) —6 dB?

35. Express the signal input power of problem 34 in dBm.

36. Convert the input signal power of problem 33 to dBm.
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37. Which curves in Figure 4-34 have too much selectivity if the received signal has a
bandwidth of 20 kHz?

38. Determine the response curves in Figure 4-34 that have the correct selectivity for an
AM signal with a bandwidth of 5 kHz.
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I I

(A) (B ©
Figure 4-34

39. For an IF frequency of 455 kHz, what must be the LO frequency when receiving the
following stations: (A) 580 kHz? (B) 800 kHz? (C) 995 kHz?

40. If the IF frequency is 455 kHz, what must be the LO frequency if the following
stations are being received: (A) 660 kHz? (B) 1.05 MHz? (C) 775 kHz?

41. What is the image frequency for each station in problem 40?

42. Determine the image frequency for each station in problem 39.




CHAPTER 5

Sideband
Systems

OBJECTIVES

In this chapter, you will study:
O The building blocks of AM transmitters.

[0 What factors determine transmission power.

O Different types of sideband systems.

[0 How sidebands are produced and how to measure them.

[0 How to distinguish between the following sideband systems: (A) vestigial,
(B) suppressed carrier, (C) single sideband.

0 The building blocks of SSB receivers.

[0 How to measure carrier rejection in SSB transmitters.

INTRODUCTION

As you will see in this chapter, transmitting the carrier and both sidebands is not the most
efficient way to transmit information. Since there is no modulating information in the
carrier, the energy used to transmit it is wasted. Intelligence is contained only in the
sidebands. Putting the transmitting energy in the sidebands and not in the carrier can
greatly increase the overall system efficiency.

The fifth troubleshooting simulation on your student disk will again present the use of
the signal tracer as a troubleshooting tool, but this time, your troubleshooting efficiency will
be encouraged. Here the computer will again keep a record of the measurements you have
made and offer suggestions as to how you may improve.

AM TRANSMISSION

Discussion

The creation and transmission of an AM radio wave is quite straightforward. An AM
transmitter consists of two basic sections: the RF section and the audio section. These two
sections handle the carrier and the modulating information. They are then combined in a
circuit called a modulator. The result is then transmitted as a radio wave.

100
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Block Diagram

Two major arrangements are used in the construction of an AM transmitter. One is for
high-level modulation, and the other is for low-level modulation. The block diagrams are
shown in Figure 5-1. The difference between high-level and low-level modulation will be
explained shortly. For now, Table 5-1 summarizes the purpose of each stage of an AM
transmitter, including the kind of input and output waveforms to expect.

High-Level Transmission

High-level AM transmission means having the carrier wave modulated at the power am-
plifier stage. The advantage of high-level transmission is greater system efficiency. The
main disadvantage is increased system cost. The reason for the increased cost is that the
audio signal must have circuits that bring this signal to a high power level. Most high-
power AM transmitters use high-level transmission.

RF
CARRIER
OSCILLATOR

RF RF
BUFFER FREQUENCY RF
[ | > [ »] VOLTAGE | »| POWER
AMPLIFIER MULTIPLIERS AMPLIFIER DRIVER AMPLIFIER

AF AF AF
D——> AMPLIFER [ DRIVER [] POWER

A

AMPLIFIER

(MODULATOR)

(A) HIGH-LEVEL MODULATION

RF
CARRIER
OSCILLATOR

RF RF
| awrLiren [ woonpaess ] VoLTace bl oo bl powen
AMPLIFIER AMPLIFIER

AF AF
D_’ AMPLIFIER AMPLIFIER

A A

(MODULATOR)

(B) LOW-LEVEL MODULATION

Figure 5-1 High-level and low-level AM transmitters.
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Table 5-1

PURPOSE OF EACH SECTION IN AM TRANSMITTER (FOR HIGH-
LEVEL MODULATION SYSTEMS)

Output Signal

Buffer amplifier

Frequency
multiplier

AF amplifier
AF driver
AF modulator

RF voltage
amplifier
RF driver
amplifier

RF power
amplifier

Isolates oscillator from next
stage, helps keep oscillator
stable

Increase oscillator frequency

Amplifies audio signal from
microphone

Increases audio signal power

Changes amplitude of RF
carrier

Increases volt. gain of RF
carrier

Prepares RF to operate PA

Drives antenna circuit to
produce transmitted AM
radio wave

Pure unmod. sine
wave

Pure unmod. sine
wave at 0scC.
frequency

Audio signal from
microphone

Audio signal from
AF driver

Audio signal

Pure RF sine wave*

Pure RF sine wave*

Pure RF sine wave
and audio*

Stage Purpose Input Signal
RF carrier Creates RF signal None Pure unmod. sine
oscillator wave

Pure unmod. sine
wave

Pure unmod. sine
wave at higher
frequency

Audio signal with
voltage gain

Audio signal with
power gain

Audio signal

Pure RF sine wave*

Pure RF sine wave*

AM waveform

*Note that this is different for a low-level AM system.

Low-Level Transmission

Low-level AM transmission means having the carrier wave modulated at stages preceding
the RF power amplifier stage. This method is more economical than high-level transmis-
sion. This saving comes because the audio signal can be at a low power level. The dis-
advantage of this method is lower system efficiency. Low-level transmitters are usually

found in low-power, low-cost systems.

Conclusion
In the circuits section of this text, you will see how each of the transmitter circuits dis-
cussed here is constructed. For now, you saw what it takes to produce the fundamental
AM waveform. '

5-1 Review Questions

1. Name the two major sections of an AM transmitter.
2. What is the name of the stage where the audio signal is combined with the RF carrier

for (A) high-level modulation? (B) low-level modulation?
3. What is the difference between high-level modulation and low-level modulation? What

are the advantages and disadvantages?
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4. What stage in an AM transmitter creates its own sine wave?
5. What is the main difference between an AF amplifier and an RF amplifier?
6. Describe the purpose of a frequency multiplier.

9-2 | TRANSMISSION POWER

Overview

When the AM wave is transmitted, it can be shown that all of the information is contained i
in the sidebands. Recall that an AM waveform consists of a carrier with upper and lower
sidebands. Under optimum conditions, two thirds of the transmitter power is put into the
carrier. The remaining third goes to the sidebands.

Power Content
Figure 5-2 shows the voltage and the power content of a transmitted AM wave. Since 3
power is proportional to the square of the voltage, the power content of an AM waveform '
is expressed as
J mve\" mV2  mPc
‘ PSB = —_— = =

2 4 4
|
! 2
U mP¢
| Psp = 4

(Equation 5-1)

where Pgg = Power content in one sideband in watts
m = Modulation factor (no units)

P. = Power content of the carrier in watts |

mPe  m’P¢

P = p + 2 + Pc (Equation 5-2)

where Py = Total transmission power in watts

m = Modulation factor (no units)
Pc = Carrier power in watts

3
g
;
s
,
z

! Ve Pc
mVe mVe :
2 2
m2P¢ m2P¢
4 4
fC - fM fC fc + fM fC - fM fc fc + fM
VOLTAGE POWER
Figure 5-2 Voltage and power content of AM wave.
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Equation 5-2 can be simplified to

m’Pc

Factoring P gives

m2
P = PC<1 + —2—> (Equation 5-3)

Example 1

Determine the power being transmitted for the carrier and the sidebands when the
percent modulation is 100% and the total power content of the AM signal is 1 000 W.

Solution
From the equation for total power:

m*Pe  m*Pc

P = 2 + P¢ (Equation 5-2)
m*P,
Py =P <
Hence
1.0)°P,
1000W=Pc+( 2) <
1000 = P + 0.5P¢
1000 = 1.5P¢

Solving for P gives
1000

15
= 666.67 W

The power in the sidebands (shared equally between them) is
Pysg + PLsg = 1 000 — 666.67 = 333.33 W

Since PUSB = PLSB9 then

2PLSB = 333.33

333.33
PUSB = PLSB = _2_' = 16666W
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This example shows that even under ideal conditions (100% modulation), the power
in the sidebands is only one third of the total power in the transmitted radio wave.

Carrier Power

The power of the carrier remains the same no matter what the percentage of modulation
is. The following example uses this concept.

Example 2

The percent modulation of an AM wave changes from 30% to 60%. At the 30%
modulation level, the power content of the carrier was 500 W. Calculate the sideband
and the carrier power when the percent modulation is 60%.

Solution

Since the power content of the carrier in an AM wave remains the same regardless
of the percent modulation,

Pceomy = Pcgowy = 500 W

Using the relationship for power content in each sideband:

. mZP C .
Pgp = 2 (Equation 5-1)
(0.60)*(500 W)
0.36 X 500
Py=—""—"—=45W
4
Hence

Pysg = Prsg = 45 W

Another Technique
Here are some important facts about AM transmission:

B Only the sidebands contain the information being transmitted.

B The upper sideband and the lower sideband are identical. You only need one of them
to extract the modulating information.

B The RF carrier, which does not contain any information, requires two thirds of the
total transmission power.

These facts led to the practice of transmitting only one sideband called single-sideband
(SSB) transmissions. By not transmitting the carrier and one of the sidebands, the trans-
mission efficiency would be greatly increased and the bandwidth would be decreased.
These improvements allowed for more transmitters of different frequencies on the same
band and lower transmission power requirements.
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Consider the number of stations. that can be accommodated in a specified band of

frequencies for standard AM transmission
BWg
S =
2fm

For single-sideband (SSB) transmission,

BW;
Ns =
I

where Ny = Number of stations
BW; = Spectrum bandwidth in hertz

(Equation 5-4)

(Equation 5-5)

fu = Frequency of the modulating signal in hertz

Example 3

Determine how many AM stations can be accommodated in a 100-kHz spectrum if
the highest modulating frequency is 5 kHz for (A) standard AM transmission, (B)

SSB transmission.

Solution
For standard AM transmission,

_ BW;

2fw
100 kHz 100 x 10’

T 2x5kHz 10 x 10°
N, = 10 stations

Ns

N

For SSB transmission,
B BWg

Ju
_ 100kHz _ 100 x 10’

Ns

5 kHz 5 % 10°
N = 20 stations

N

(Equation 5-4)

(Equation 5-5)

Note: This example assumes that there are no guard bands between each of the
transmitting stations. A guard band is a range of frequencies between each station
where no transmission is allowed. Guard bands keep stations from interfering with
each other.
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Conclusion

In this section, you saw what led up to the development of single-sideband systems. These
systems will be discussed in the next section.

5-2 Review Questions

1. In a transmitted AM wave, state where the information is contained.

2. For a station transmitting music, state how much music information is contained in the
carrier.

3. Determine when there is maximum power in the sidebands.

4. What is the maximum power that can be contained in the sidebands compared to the
carrier power?

5. What is the difference between the upper sideband and the lower sideband in terms of
information content?

6. What is the relationship between the carrier power and the percent modulation?

7. Explain how SSB transmission allows more stations to be located within the same
frequency spectrum when compared to standard AM transmission.

8. What is a guard band? What effects do guard bands have on the number of stations
within a given frequency spectrum?

TYPES OF SIDEBAND SYSTEMS

Overview

This section presents an overview of the four standard types of AM transmission. After
you understand this, then study the detailed analysis of each transmission system that
follows.

Standard AM Transmission

Up to now, you have been dealing with standard AM transmission. It consists of a carrier
with an upper sideband and a lower sideband. A more detailed analysis of this kind of
transmission will be helpful. Suppose you want to transmit music from a standard piano.
The frequency range of its keyboard is from below 30 Hz to above 4 kHz.

To take a closer look at what happens to the frequency spectrum, three cases will be
studied:

1. The spectrum when there is no sound at all
2. The spectrum when a piano note of around 30 Hz is to be transmitted
3. The spectrum when a piano note of around 4 kHz is to be transmitted

In all three cases, assume that the carrier frequency is 1 MHz. Figure 5-3 shows the
resulting frequency spectrum for the three cases.

Note that in all three cases, the carrier is always present, even when no music is being
transmitted. When there are no sidebands present, the resultant waveform is a pure RF
sine wave. No matter how many sidebands are present, the carrier is always a pure sine
wave. Figure 5-4 shows how the familiar AM waveform is actually constructed from three
sine waves of three different frequencies: The lower sideband (fc — fw), the carrier (f),
and the upper sideband (f. + .
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Figure 5-3 Three spectr'umé produced by music.

Figure 5-4 Actual construction of AM waveform.
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The figure shows how critical the phase relationship of the sidebands is in the outcome
of the resultant AM waveform. Because of atmospheric conditions, the phase of one side-
band may often shift during transmission of the radio wave. This condition is sometimes
called “fading”; even though the signal is still strong, the reconstructed audio seems to
disappear. Fading can result from changes in the phase relationships of the sidebands.

When the waveform is put into a detector (like the simple diode detector), the result
is the sum and difference of the sidebands and carrier. Recall that when two or more sine
waves are combined in a nonlinear device, the result is new frequencies that are the sum
and difference of the original frequencies. Hence, the difference between each sideband
and the carrier is the transmitted audio frequency.

Eliminating the Carrier

If the radio transmitter could be constructed so that the carrier were not transmitted, only
the sidebands, then considerable transmitter power would be saved. The basic idea of
eliminating the carrier and transmitting only the sidebands is shown in Figure 5-5 for the
same three cases of modulation.

As the figure shows, when there is no sound, there is no carrier. The point is that the
only time power is being transmitted is when there is some information. This type of
modulation is called suppressed-carrier modulation. This type of modulation will be stud-
ied in more detail later in the chapter. For now, just get the basic idea of what suppressed
carrier modulation means—no carrier, just sidebands.

Eliminating One Sideband and the Carrier

Since both sidebands contain the same information, one sideband could be eliminated,
along with the carrier, and the required transmission bandwidth would be only half as
wide. The advantage here is the ability to get more different stations within a frequency
range.

The resulting frequency spectrum for transmitting only one sideband (in this case the
upper sideband) is shown in Figure 5-6 for the three cases of modulation. This kind of
transmission is called single-sideband (SSB) modulation. The transmitted waveform looks
just like a pure sine wave, which is what you would expect, because what is being trans-
mitted is only one of the sine waves that was a part of the original complex AM waveform.
Therefore during transmission, there is no fading. Since there is only one sideband, there
is no other sideband or carrier to be interfered with.

Vestigial Sideband Transmission

Suppressed-carrier and SSB transmission have one big disadvantage. The receiver needs
to reinsert the missing carrier. This can be expensive, lack some fidelity, and be prone
to other problems.

Instead of completely eliminating the carrier vestigial sideband transmission will par-
tially reduce only one sideband and keep the carrier. This means a carrier need not be
reinserted by the receiver. This transmission is called vestigial sideband transmission; its
frequency spectrum is shown in Figure 5-7.

The main advantage of vestigial sideband transmission is reduced bandwidth of tele-
vision stations. This reduction is necessary because much information must be contained
in a TV signal. Many TV stations occupy a given frequency allocation along with required
guard bands.
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Figure 5-5 AM transmission without carrier.
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Figure 5-6 Frequency spectrum when only one sideband is transmitted.
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Figure 5-7 Freguency spectrum of vestigial sideband transmission.

Conclusion

This section presented the four major types of sideband systems. The next three sections
will present suppressed-carrier, single-sideband, and vestigial sideband systems in greater
detail.

5-3 Review Questions

1.

2.
3.

Describe what happens in standard AM transmission when no modulating signal is
being transmitted.

What is fading? How is it caused?

Explain the difference between (A) standard AM transmission and suppressed carrier;
(B) suppressed-carrier transmission and single sideband; (C) single sideband and ves-
tigial sideband.

. Compare the transmission of a 30-Hz tone to that of a 4-kHz tone using (A) standard

AM transmission, (B) suppressed carrier, (C) single sideband, (D) vestigial sideband.

" Describe the form of AM transmission that always produces a single pure sine wave.

Why does this happen? What would happen if you tried to detect this waveform with
a diode detector?

State the main problem in receiving a suppressed-carrier transmission or a single-
sideband transmission.

. What is an application for vestigial sideband transmission?

SUPPRESSED CARRIER

Overview

Suppressed-carrier modulation is the elimination of the carrier and the transmission of only
the upper and lower sidebands. This kind of transmission is sometimes referred to as
double sideband (DSB). In the last section, the advantages of suppressing the carrier were
introduced. In this section, some of the details of how this is accomplished are presented.
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Figure 5-8 Effects of a balanced madulator.

Balanced Modulator

Recall that a modulator was that section of a transmitter that combined the audio infor-
mation with the RF carrier. A specially constructed modulator, called a balanced modu-
lator, is used in suppressed-carrier transmission. What makes a balanced modulator unique
is that the effects of the carrier are “balanced out” by the internal circuit, and the resulting
output contains only the sidebands. The effect of a balanced modulator is shown in Figure
5.8. Note that when there is no modulating signal, there is no output. This conforms with
the spectrum of a suppressed-carrier wave shown in the last section—no audio, no output.

Example 1

A DSB signal contains 1 kW. How much power is contained in the sidebands and
the carrier frequency?

Solution

In a DSB signal there is no carrier. Therefore the carrier power is zero. Since
Pysp = Pisg, then

2PSB=1kW

1 kW
PSB=_2—=05kW

Hence, the power in each sideband is 0.5 kW.
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Figure 5-9 Resultant waveform from balanced modulator.

The resultant waveform of the suppressed-carrier modulator is shown in Figure 5-9.
Note that the resultant “envelope” is twice the modulating frequency. This is what you
would expect to get if you used a simple diode detector at the receiver end. When you
pass upper and lower sidebands through a nonlinear device, the result is the sum and
difference of the two signals. The difference is an audio signal that is twice the original
audio.

This can be expressed mathematically as

Jr = fuss — fiss (Equation 5-6)

Example 2

A diode detector is used to reconstruct the audio from a DSB transmitter. If the
transmitting frequency is 2 MHz and the modulating frequency is 5 kHz, determine
the frequency of both sidebands and the reconstructed audio.
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Solution :
The frequency of both sidebands is the sum and the difference of the carrier fre-
quency and the modulating frequency:

Juss = fc + fu (Equation 4-4)
fuss = 2 MHz + 5 kHz = 2 005 000 Hz

Jiss = fo = fu (Equation 4-5)
Jfiss = 1 MHz — 5 kHz = 1 995 000 Hz

Since the envelope of a DSB wave is twice the frequency of the modulating wave,
a diode detector would produce twice the modulating frequency. Using the relationship:

Jr = fuss — fiss (Equation 5-6)
Jr = 2005000 — 1995000 = 10 000 Hz
fr = 10kHz

This is double the original modulating frequency.

A detailed discussion of balanced modulator circuits is given in the circuits section
of this text. For now, know what role a balanced modulator plays in electronic
- communications.

IC Balanced Modulator

There are many integrated circuits available that perform the function of a balanced mod-
ulator. One is the LM1596/LM1496 IC balanced modulator. Note that the internal work-
ings of the IC are not shown in a conventional schematic; only the external connections
are shown. Figure 5-10(A) is the internal construction of a typical IC, and Figure 5-10(B)
shows the wiring diagram of the balanced modulator.

~

Typical Application and Test Circuit
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Numbers in parentheses show DIP connections,

N
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Note: S, is closed for “adjusted” measurements,

Suppressed Carrier Modulator

Figure 5-10 Typical IC and IC balanced modulator. Courtesy of National Semiconductor
Corporation o
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National
Semiconductor

Audio/Radio Circuits

LM1596/LM1496 Balanced Modulator-Demodulator

General Description

The LM1596/LM1496 are double balanced modu-
lator-demodulators which produce an output
voltage proportional to the product of an input
(signal) voltage and a switching (carrier) signal.
Typical applications include suppressed carrier
modulation, amplitude modulation, synchronous
detection, FM or PM detection, broadband fre-
quency doubling and chopping.

The LM1596 is specified for operation over the
~55°C to +125°C military temperature range. The
LM1496 is specified for operation over the 0°C
to +70°C temperature range.

Features

® Excellent carrier suppression

65 dB typical at 0.5 MHz
50 dB typical at 10 MHz

® Adjustable gain and signal handling
® Fully balanced inputs and outputs

® Low offset and drift

® Wide frequency response up to 100 MHz

Schematic and Connection Diagrams
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Metal Can Package

signaL v (1)

cam anuust (7)

(s) -oureur

-CARRIER
eyt

SCARRIER
INPUT

(s} courrur
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“sinac i (4)
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TOP VIEW
Note: Pin 10 is connected electrically to the
case thiough the device substrate.

Order Number LM1496H or LM1596H
See NS Package HO8C

Dual-tn-Line Package
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TOP VIEW
Order Number LM1496N
See NS Package N14A

Figure 5-11 Specification sheet for LM1596/LM1496. Courtesy of National Semicon--

ductor Corporation

A specification sheet for the LM1596/1.M 1496 balanced modulator is shown in Figure
5-11. The IC comes in different packages: metal can and dual-in-line.

Disadvantages of DSB

Since the carrier has been removed in DSB, the receiver must reinsert the carrier. This
is very crucial, since the carrier must be not only at the correct frequency but also have
the correct phase. These relationships are required if the AM waveform is to be restored
for proper detection. This requires expensive and very accurate circuity. Later in the chap-
ter, you will be introduced to a receiver that reinserts the carrier.
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Conclusion
The balanced modulator is the key to suppressed-carrier transmission; the bandwidth has
not been reduced. The next section will introduce SSB transmission.

5-4 Review Questions

1. Describe the main feature of DSB transmission.

2. What is the difference between a standard AM modulator and a balanced modulator?

3. Explain the difference between the envelope of a standard AM transmission and that
of a DSB transmission.

4. Why is the envelope of a DSB transmission twice the frequency of the modulating
signal?

5. Describe the major disadvantage of DSB modulation.

6. Discuss the bandwidth of DSB transmission compared with standard AM transmission.

SINGLE SIDEBAND

Discussion
This section presents the details of eliminating one of the sidebands from the output of a
balanced modulator and reproducing the original audio at the receiver. This technique
presents some major problems. Single sideband (SSB) transmission has a wide range of
applications.

Eliminating a Sideband

For the purpose of discussion, it makes no difference which sideband is eliminated. In
the following example, the lower sideband will be eliminated. Recall the example of trans-
mitting piano music. Consider what must be done when 30 Hz is the modulating fre-

quency. Assume that the carrier frequency is 10 MHz. The desired result is shown in

Figure 5-12.
|
e SUPPRESSED CARRIER
(10 MHz)
I
| N ‘
N / 7N Ve FILTER RESPONSE
: ~
SUPPRESSED / SN
LOWER / N

N\

SIDEBANDS / N\ :
ll / UPPER SIDEBANDS
| N\
il O |
|

\,
\
\

\ ‘ \
\

—»(60 Hz|=— 10 000 030 Hz

Figure 5-12 Suppressing the lower sideband and carrier.
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Only 60 Hz separates the two sidebands (the result of the balanced modulator receiv-
ing the 30-Hz audio tone). Keep in mind that you are trying to filter out a frequency of
9999 970 Hz (LSB) from a frequency of 10 000 030 Hz (USB).

The required circuit Q to do this can be computed as follows:

fr
Q=3w

10 MHz
60 Hz

= 166 667

A circuit Q of this magnitude is not practical. As you will see in the chapter on filters,
practical crystal filters have Q’s of about 50 000. There is another method to suppress one
sideband, without having to resort to impractical high-Q circuits.

Conversion Frequency

If the audio signal is first mixed with a low radio frequency, say 100 kHz, the result will
be a lower Q for filtering. See Figure 5-13. Note that the separation of the sidebands is
still 60 Hz, but now the required Q of the highpass filter circuit is greatly reduced:

100 kHz
60 Hz

= 1666

For voice, where the lower limit of 100 Hz is acceptable for intelligence, the band-
width separation would be 200 Hz, and the required Q using the same conversion fre-

quency is

LOWER
SIDEBAND
99 970 Hz

/\/\ 30 Hz

i

UPPER

SIDEBAND

100 030 Hz 100 030 Hz
SINE WAVE

M0y

| HIGHPASS

FILTER [ > OUTPUT

AUDIO | BALANCED
|)—> AMPLIFIER > MODULATOR
MICROPHONE
A
100 kHz/
CONVERSION
OSCILLATOR

T FILTER

\ N RESPONSE
/// A

/ \
I/
\
UPPER
_’\ 60 Hz [=— SIDEBAND
100 030 Hz

Figure 5-13 Results of using a conversion frequency.
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_ 100kHz _
200 Hz

This value is practical for economical highpass filters.

Power Savings

Single-sideband transmission saves considerable transmission power, as the following ex-

ample illustrates.

Example 1

If a 10-kW SSB transmitter were to be replaced by a standard AM signal with the
same power, what would be the power content of the carrier and each sideband when
the percent modulation is 100%? Compare the sideband power of the SSB to the
standard AM transmitter.

Solution
The total power content of a standard AM wave is
m*Pc  m*Pc
4 4
(1.0)*P¢ N (1.0)*Pc
4 4

Pr=Pc+ (Equation 5-2)

10000 W = Pc +
Pc
10000 W = P + ~2—= 1.5P¢

Solving for P gives

10 000
Pc= " = 6 666.67 W

The power content of both sidebands is

Pggr = Py — P¢
Pgar = 10000 — 6 666.67 = 3 333.33 W

The power in one sideband is

3.333.33
PSB=_-2—= 1666.67W

Thus for the same transmission power, one sideband in standard AM would contain
only 1666.67 W. This compares with 10 000 W of power contained in the same
sideband of an SSB transmitter.
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9 899 940 Hz 10 100 060 Hz
99 940 Hz I I 100 060 Hz
60 Hz

AUDIO | BALANCED HIGHPASS BALANCED |y | POWER
—>1 AMPLIFIER MODULATOR FILTER *IMODULATOR AMPLIFIER
AUDIO 10 100 060 Hz
IN T 7 ‘ SINE WAVE

CONVERSION CARRIER -~
OSCILLATOR 100 060 Hz OSCILLATORi LN
1/ AN

100 kHz 10 MHz -
200 kH _l‘_.]
z 10 100 060 Hz

Figure 5-14 Block diagram of typical SSB transmitter.

e

SSB Transmitter

The block diagram of a typical SSB transmitter is shown in Figure 5-14. Note what now
happens. The first filter is a highpass filter with a practical Q of about 1 000. This easily
rejects the lower sideband for audio frequencies down to 50 Hz. The resulting upper side-
band is then fed into another balanced modulator. This time, the two new sidebands are
at least 200 kHz apart, each containing the original audio frequency.

Now, a second filter, inherent in the power amplifier, is used to remove the new lower
sideband. This again can be done with a practical Q value. For the given example where
fc = 10 MHz:

_10MHz
200 kHz
The power amplifier acts as a highpass filter. For this kind of amplifier, a Q of 50 is
easy to obtain.

Conclusion

This section introduced you to the concept of using-4 lower frequency carrier to “bring
up” the audio frequency. This was done so it became practical to filter out one of the
sidebands. You will see this principle used in many other applications. Understanding its
use in SSB systems will help you recognize it in other systems.

5-5 Review Questions

1. In SSB transmission, which sideband can be eliminated? |
2. Describe why a very high Q filter is needed to filter out a sideband from its carrier.
3. What is a conversion frequency?
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4. State the purpose of a conversion frequency oscillator.

5. Describe why it is easier to filter out the desired sideband after it is mixed with a
conversion frequency.

6. How many filters are used in the SSB transmitter presented in this chapter?

5-6

VESTIGIAL SIDEBAND

Discussion

For television, vestigial sideband transmission is used. The TV frequency range is quite
extensive, since visual (picture) information along with synchronizing and voice must be
included in the sidebands of the transmitted wave. For color TV systems, color information
adds even more requirements to the sidebands.

Vestigial Sideband Generation

Figure 5-15 is a block diagram of a portion of a vestigial sideband transmitter. The main
feature of vestigial sideband generation is the presence of a highpass filter. Note that the
filter allows all of the USB, carrier, and part of the LSB to pass. The advantages of this
compared to standard AM are:

B The transmission bandwidth is reduced.
B Some power requirements are reduced.

The advantage of this compared to single sideband is:

B Since the carrier is still present, the signal is easy to detect at the receiver end.

UPPER
CARRIER SIDEBAND

LOWER T
SIDEBAND y | .
/ >\
FILTER [ r_l \
1 1 l’RESPONSE ” N
EomATON —
—»| MODULATOR »| SIDEBAND OUTPUT
FILTER
A
RF
CARRIER
OSCILLATOR

Figure 5-15 Creation of vestigial sideband.
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~—— CARRIER
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fe — 0.75 MHz J fo — fc + 0.75 MHz

Figure 5-16 Transmitted TV spectrum.

The main disadvantage of vestigial sideband modulation is that the receiver must make
up for the part of the sideband that was suppressed. The resulting spectrum for the trans-
mitted TV signal is shown in Figure 5-16.

As required by the Federal Communications Commission (FCQC), both sidebands of
the TV signals below 750 kHz are transmitted. Only the upper sideband contains required
picture frequencies above 750 kHz. It will work out at the receiver end that since both
sidebands for frequencies of 750 kHz and below are present, these frequencies will be
stronger than the higher frequencies present in only the upper sideband. Thus the IF am-
plifiers in TV receivers have their tuned circuits tuned to emphasize the visual frequencies
above 750 kHz. The response curve for the TV IF is shown in Figure 5-17. As you will
see in the chapter on television, a TV uses a superheterodyne receiver.

Conclusion

You have explored four methods of sideband transmission. The next section presents a
receiver used to make sense from SSB transmission. Recall that, unlike vestigial sideband
where the carrier is still preserved, SSB must have the carrier reinserted before the mod-
ulating information can be restored.

CARRIER
100% &"_

50%

-0.75 +0.75
Figure 5-17 TV IF response curve.
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5-6 Review Questions

State what information other than sound must be transmitted in TV transmission.
Describe what circuit is used to create vestigial transmission.

State some of the advantages of vestigial sideband transmission.

Describe a disadvantage of vestigial sideband reception.

Explain how the TV IF is tuned to compensate for vestigial sideband reception.

DR W=

5-7

SSB RECEIVERS

SINE WAVE

| )
10 004 000 Hz WWWWV\/ fo
FLTER 1~ ~
i [

Overview

Single-sideband receivers must reinsert the carrier before detection can take place. The
design of SSB receivers requires very stable oscillators. This stability is necessary because
the reconstructed modulating signal is the result of the relationship of the phase and fre-
quency of the reinserted carrier to the received SSB signal.

Carrier Reinsertion

Figure 5-18 is a block diagram of a method to reinsert the carrier of an SSB signal. If the
original modulating signal were 4 kHz and the received sideband were 10 004 000 Hz,
then a carrier of 10 MHz would have to be generated by the oscillator in Figure 5-18.
The output of the mixer (a nonlinear device) would be the original two frequencies and
their sum and difference. If the result were put through a lowpass filter, the output would
be the difference frequency of 4 kHz.

The oscillator used to reinsert the carrier must be very stable. If its frequency changes
by even a small amount, the result would not be an accurate reconstruction of the original

AUDIO ‘
fc—fR‘\U‘I fCA\I i/—fﬁ fC+fg—\
UPPER 4 kHz
SIDEBAND - - ya Ny
,7 X
_— f,
A R 5] LOWPASS
ER > o
/VWWV\M " —_— MIX| FILTER OUTPUT
|

10 MHz REINSERTED RESPONSE
SINE CARRIER
WAVE OSCILLATOR

N\
\

\
A

4 kHz

SINE WAVE Avj

Figure 5-18 Carrier reinsertion technique.
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Figure 5-19 Double conversion in SSB receiver.

modulating signal. For this reason, the incoming signal is first reduced to an IF frequency
using a superheterodyne receiver. See Figure 5-19.

Usually the desired accuracy is achieved by an automatic frequency control (AFC) E,
circuit. Sometimes, a pilot carrier signal is sent along with the sideband. This pilot carrier
signal is generated at the transmitter and is used as a reference frequency for the carrier
reinsertion oscillator.

If the receiver is to receive SSB signals from transmitters with different frequencies,
then some method of changing the frequency of the reinsertion oscillator is necessary.

This can be done with different crystals for the local oscillator (LO) and a variable fre-
quency oscillator for the carrier reinsertion.

If the pilot carrier method is used, the variable frequency oscillator can have its fre-
quency adjusted by the radio operator. In this case, it is called a beat frequency oscillator
(BFO), because the operator adjusts the BFO frequency until a low-frequency “beat” is
heard. This beat indicates that the frequency difference between the BFO and the pllot
carrier is almost zero.

Receiver Block Diagram

The block diagram of an SSB receiver is shown in Figure 5-20. Observe that the RF
amplifier, LO, mixer, and IF amplifiers are the same as in a conventional AM radio. The
difference is in the second mixer and BFO. Through the BFO and second mixer, the carrier
is reinserted and detection can take place.

Because of the conversions required by the received signal, tuning an SSB receiver
requires some patience from the operator. Many parts of the SSB receiver are made up

]
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RF _ 1ST _ IF 2ND AUDIO
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TO ALL
POWER REQUIRED
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Figure 5-20 SSB receiver block diagram.

of ICs rather than discrete components. As an example, the second mixer can be con-
structed using an inexpensive IC. Mixers will be presented in the circuits section of the
text.

Conclusion

SSB receivers require more stages than the standard AM receiver. You saw that very stable
oscillators were required in order to accurately reinsert the carrier. When you start the
circuits section of this text, you will see how discrete components such as transistors,
resistors, and diodes are used to accomplish the task required by each of the receiver
blocks.

5-7 Review Questions

State what an SSB must do before detection can take place.

State the major requirement of the oscillators used in an SSB receiver.
Describe what is meant by AFC.

What is the purpose of a pilot carrier?

What is a BFO? Describe how it is used.

How many mixers are in an SSB receiver? Describe the purpose of each one.

A o e

TROUBLESHOOTING AND INSTRUMENTATION

SSB Instrumentation

The alignment and maintenance of SSB systems is different from other types of com-
munication systems. This section introduces the techniques used in SSB transmission testing.
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Figure 5-21 Basic carrier suppression test.

Carrier Suppression

Recall that for a true SSB transmitter, the carrier should not appear at the output of the
transmitter. If the SSB transmitter is not properly maintained, a carrier can appear at the
output, with the result that transmitter power is wasted. This condition defeats one of the

main advantages of SSB

A simple test setup to measure the relative degree of carrier suppression is shown in
Figure 5-21. The dummy load is a device that simulates the transmitting antenna but does
not allow any signal to be transmitted. Dummy loads are necessary because you don’t
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Figure 5-22 Typical dummy load.
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Figure 5-23 Carrier suppression scope patterns.

want to transmit a radio signal while adjusting the transmitter. That could disrupt other
communication signals because your transmitting frequency is changing from the adjust-
ments. A typical dummy load is shown in Figure 5-22.

The in-line wattmeter ensures that the output power of the transmitter is adjusted prop-
erly. The coupling T is an electrical device that extracts a small amount of RF energy for
use by the oscilloscope.

The adjustment procedure in the maintenance manual for the particular SSB trans-
mitter should be followed for proper adjustment of carrier suppression. In general, no
matter what the adjustment procedure, here is what you look for.

Figure 5-23 shows the scope signal for good and poor carrier suppression. Note that
the presence of a carrier begins to produce an output waveform that is similar to the
standard AM transmitted wave.

Carrier-Suppression Measurement

For some systems, it is impossible to completely suppress the carrier. In these cases, the
technician must adjust the transmitter to bring the carrier down to certain specifications.
Carrier suppression is usually measured in dB and is defined as

Vo
ScdB = 20 log (ﬁ) (Equation 5-7)
R
where ScdB = Carrier suppression in decibels
V,» = Peak-to-peak envelope voltage in volts
Vr = Voltage of envelope ripple in volts

Figure 5-24 illustrates where the measurement is made on the output signal.

T (T e

1
RIPPLE

LOPE HEIGHT

Ui YUY L

Figure 5-24 Measurements for carrier suppression.
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Example 1

For the output signal of the SSB transmitter in Figure 5-25, what is the carrier
suppression in dB?

50 V

L P

Figure 5-25

Solution
Using the formula for carrier suppression:

v,
ScdB = 20 1og<$> (Equation 5-7)

R
S0V
ScdB = 20 log<77> = 20 log(50) = 20 X 1.7
ScdB = 34 dB

Conclusion

This section introduced you to one method of transmitter alignment. The purpose of a
dummy load was discussed.

5-8 Review Questions

1.

2.
3.
. Describe the oscilloscope pattern of the output wave of an SSB transmitter when no

Explain the result of having the carrier frequency appear at the output of an SSB
transmitter.

Describe a dummy load. Why is it needed?
Explain a coupling T. Give an example of its use.

~

carrier is present.

. How does the oscilloscope pattern of the output wave of an SSB transmitter appear

when the carrier affects the output signal?
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MICROCOMPUTER SIMULATION

The fifth troubleshooting simulation on your student disk encourages you to improve your
troubleshooting efficiency when using a signal detector for troubleshooting. This program
will keep a record of the measurements you have made and then offer suggestions. Having
a troubleshooting history presented to you can help you improve your troubleshooting effi-

ciency. Your goal here is to make only the actual measurements required for determining
which stage, if any, is a fault with the system.

This program prepares you for the next troubleshooting simulation. There you will have

the opportunity to use both a signal generator and a signal detector.

CHAPTER PROBLEMS

(Answers to odd-numbered ﬁroblems appear at the end of the text.)

1.
2. In an AM transmitter, explain the purpose of the RF section and the audio section.
3.

4. Describe each stage in an AM transmitter, state its purpose, and describe the input

o v

10.
11.
12.
13.
14.
15.
16.
17.

18.

Describe the main features of an AM transmitter.
What constitutes the input to an AM transmitter? the output?

and output signals of each stage.
State the advantages and disadvantages of high-level transmission.

. State the advantages and disadvantages of low-level transmission.
. How many AM stations can be accommodated in a 150-kHz bandwidth if the highest

modulating frequency is 10 kHz?

For problem 7, how many stations could be accommodated if the highest modulating
frequency were 3 kHz?

How many AM stations could be accommodated in a 100-kHz bandwidth if the high-
est modulating frequency were 8 kHz and a 1-kHz guard band were required between
each station?

For problem 9, how many stations could be accommodated if the guard band were
increased to 1.5 kHz?

For problem 7, how many stations could be accommodated for (A) DSB? (B) SSB?
For problem 9, how many stations could be accommodated for (A) DSB? (B) SSB?
What is the power in the carrier and each sideband for an AM signal with 80% mod-
ulation and a total power of 2 500 W?

Calculate the carrier and total sideband power for an AM signal with 90% modulation
and a total power of 1 750 W.

If the power content of the carrier of an AM wave is 5 W, determine the power content
of each sideband and the total power transmitted when the carrier is modulated 50%.
Find the total power transmitted for an AM transmitter and the power in each sideband
when the carrier power content is 100 W and the carrier is modulated 75%.

For problem 15, what is the power content of the carrier when the modulation is
increased to 100%?

For problem 16, determine the power content of the carrier when the percent mod-
ulation is decreased to 50%.
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19.

20.

21.

22.

23.

24.

25.

26.

27.

28.

29.

30.

31.

32.

33.

34.

35.
36.
37.
38.

39.

If an AM wave has a power content of 500 W at the carrier frequency, find the power
content of one sideband for 85% modulation.

Determine the power content of each sideband in an AM transmitter for a carrier
power of 12 kW with a modulation index of 0.6.

Determine the percent modulation for an AM wave that has a power content of
12 kW in the carrier and 2 kW in each sideband when modulated by a single tone.

Find the percent modulation for an AM wave that has a power content of 50 W in
the carrier and 15 W in one sideband when modulated with a 5-kHz sine wave.

If the total transmitted power of an AM wave is 15 kW, find the percent modulation
if the signal in each sideband contains 1 kW.

For an AM wave with a total transmitted power of 100 kW, calculate the percent
modulation for a sideband power content of 10 kW in each sideband.

In a particular AM transmitter, the percent modulation of the AM wave changes from
40% to 60%. If the original power content at the carrier frequency was 800 W, de-
termine the power content of the carrier and each sideband after the percent modu-
lation was increased to 60%.

For an AM transmitter, if the original power content of the carrier is 500 W and the
percent modulation goes from 30% to 80%, calculate the power content of the carrier
and each sideband after the percent modulation has increased to 80%.

An SSB signal contains 500 W. State how much power is in the sidebands and how
much is at the carrier frequency.

For a 750 W SSB signal, how much power is contained in the carrier and the sidebands?
If the total transmitted power in a DSB transmitter is 12 kW, determine the power in
the carrier and in each sideband. What is the transmitted power when there is no
modulating signal?

If the total power for a DSB transmitter is 25 kW, calculate the power in each side-
band and the carrier. What is the transmitted power when there is no modulating
signal?

Determine the transmitting power for the SSB transmitter in problem 27 when the
modulation index is 0.0.

For 0% modulation, what is the total transmitting power for the SSB transmitter in
problem 28?

An SSB transmitter that contains 8 kW is to be replaced by a standard AM signal of
the same power content. Determine the power content of the carrier and each sideband
for 75% modulation.

An SSB transmitter with 12 kW of transmission power is to be replaced by a standard
AM signal of the same power content. Calculate the power content of the carrier;and
each sideband if the modulation index is 0.6.

Describe the circuit in an SSB transmitter that eliminates the carrier.

What is the purpose of a balanced modulator?

If a diode detector were used to detect a DSB signal, what relation does the detected
signal have to the original audio?

For a DSB signal detected by a diode detector, what is the original modulating fre-
quency if the detected frequency is 2 kHz?

Explain why a carrier must be reinserted for DSB transmission.
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40. Is it necessary to reinsert the carrier for SSB reception? Explain.

41. Describe what causes fading.

42. What method of AM transmission reduces the effects of fading? How is the fading
reduced?

43. Identify the waveforms in Figure 5-26.

M A M f

1A I

Figure 5-26

44. Identify the waveforms in Figure 5-27.

(M AN

L 3!

(A) 8)
Figure 5-27
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45. Figure 5-28 is a block diagram of an SSB transmitter. Identify each block and state

its purpose.

46. If the audio input is a 1-kHz sine wave, what will be the output frequencies at point A

in Figure 5-28?

47. What frequency will be at point B of Figure 5-28 for (A) an upper sideband? (B) a

lower sideband?

48. What frequency will be at point C of Figure 5-28 for (A) an upper sideband? (B) a

lower sideband?

AUDIO

IN

A

Figure 5-28

49. For the SSB signal in Figure 5-29(A), determine the amount of carrier suppression

in dB.

50. For the SSB signal in Figure 5-29(B), what is the amount of carrier suppression in

dB?

~— 500 kHz
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Figure 5-29
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CHAPTER B

Frequency and

Phase Modulation
Systems

OBJECTIVES

In this chapter, you will study:

[0 The similarities of AM and FM transmissions.

[0 What frequency modulation is and how it is produced.

[0 Details of the frequency spectrum and FM bandwidth.

0 How to analyze FM transmitters.

[0 How to analyze FM receivers and what PM is.

[0 How stereo FM systems function.

[ Principles of a sweep generator and how it is used.
INTRODUCTION

This chapter introduces you to the details of frequency modulation (FM) and phase mod-
ulation (PM) systems. These modulation methods are very similar. There are many ad-
vantages to FM and PM. One advantage is a great reduction in noise. You will see how
FM stereo functions and how it produces such a realistic sound.

Troubleshooting simulation number six on your student disk gives you the opportunity
to use both a signal generator as well as a signal detector. Here you will be able to develop
troubleshooting techniques using more than one troubleshooting instrument.

141
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B-1

WHY FM?

Discussion
Recall that there were three different ways of placing information on a carrier wave:

1. Having the modulating signal change the amplitude of the carrier (amplitude modu-
lation—AM).

2. Having the modulating signal change the frequency of the carrier (frequency modu-
lation—FM).

3. Having the modulating signal change the phase of the carrier (phase modulation—PM).

In this chapter, you will first be introduced to frequency modulation (FM). You will then
see that the difference between FM and phase modulation (PM) is very slight.

Advantages of FM

Figure 6-1 shows two transmitted signals. One signal uses AM, the other uses FM. Noise
effects the amplitude of radio signals. If the changes in amplitude can be removed inside
the receiver, then the noise will not be reproduced in the speaker. '

In AM, the changes in amplitude cannot be removed; doing so would also remove
the original information. In FM, the changes in amplitude do not represent any intentional
information. Thus, in FM receivers, a circuit called a limiter is used to remove any changes
in amplitude of the received FM signal. This is shown in Figure 6-2. In FM, it is the
change in frequency that represents the original information. The limiter in an FM receiver
removes the effects of noise but does not disturb the original modulating information.

A common example of the “noise-free” reception of FM compared to AM is your TV
set. Picture information is transmitted to you as AM, but sound information is in FM. So
you can observe a “noisy” picture while hearing noise-free sound.

Conclusion

In this section, you saw the main feature of FM compared to AM. As you will see later |
in this chapter, FM is not completely noise free, but the noise that causes changes in the
amplitude of the FM wave.can be eliminated. The next section presents a basic way of
producing and measuring an FM waveform.

6-1 Review Questions

Name three methods of modulating a carrier wave.

Where is the modulating information contained in (A) FM? (B) AM?
How can noise affect a transmitted signal?

How are the effects of noise removed from FM?

What is a limiter? Why can’t an AM receiver use a limiter?

SNBE LD
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Figure 6-1 Comparison of AM and FM signals.
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Figure 6-2 Functions of a limiter.
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B6-2

FM GENERATION

Discussion

To generate an AM wave, an audio signal had to change the amplitude of the carrier wave.
In FM, an audio signal has to change the frequency of the carrier wave. There are several
techniques for doing this. To present the basic concepts of FM generation, a simplified
technique is used in this section. Later in the chapter, a block diagram of a practical FM
transmitter will be discussed.

Basic Idea

To generate an FM wave, assume you have an oscillator with an LC circuit that controls
the frequency of the sine wave produced by the oscillator. See Figure 6-3.

Recall that an oscillator is a circuit that produces its own signal. In this case, the
oscillator is producing a high-frequency radio wave. The frequency of the output wave of
the oscillator will change if the value of the capacitor or inductor changes. The following
presentation uses a microphone that acts as a variable capacitor.

Figure 6-4 shows the construction of a capacitor that is sensitive to sound waves. Such
a capacitor is called a capacitance microphone. As you learned in AC circuits, a capacitor
is two metal plates separated by an insulator. The value of a capacitor is affected by the
distance between the plates: the closer the plates, the greater the value of the capacitor.

Figure 6-5 shows the capacitance microphone used as the capacitor in the LC circuit
of the RF oscillator. The sound received by the capacitor will affect the frequency of the
signal produced by the oscillator. Figure 6-5 illustrates one of the most important concepts
in the generation of FM. The amount of frequency change in an FM signal is determined
by the strength (amplitude) of the modulating signal.

LC
c=x L —>
OSCILLATOR oUT

fout

1
f = —_—
our 2nVLC

Figure 6-3 An LC oscillator.
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Figure 6-4 Basic construction of capacitance microphone.

Frequency Deviation

Frequency deviation ( f,) means how much the FM carrier frequency changes (deviates)
from its normal frequency. The normal frequency of the FM carrier is the frequency it
has without any modulating signal. This normal frequency is also called the resting fre-
quency (fo)-

As shown in Figure 6-6, the frequency deviation (fp) of the FM carrier is caused by
the amplitude of the modulating signal. Hence, in FM, it is said that the amount of fre-
quency deviation is proportional to the amplitude of the modulating signal.

It is helpful to visualize the relationship between the modulating sine wave and the
EM carrier. This relationship is shown in Figure 6-7. The resting frequency is the fre-
quency of the carrier when the amplitude of the modulating signal is zero. This is as it
should be, for an amplitude of zero is the same as no modulation at all.

Look closely at Figure 6-7. Note that the full range of change of the FM carrier (from
its lowest frequency to its highest) is double its frequency deviation (how much it changes
from its resting frequency). For example, if the FM carrier deviated by 5 kHz from its
resting frequency, its rotal frequency swing would be 5 kHz above and 5 kHz below the
resting frequency for a full range of 10 kHz. This full range of change is called the carrier
swing and is related to the frequency deviation by

fes =2fp (Equation 6-1)

where fog = Carrier swing in hertz
f» = Frequency deviation in hertz
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Figure 6-5 Changing the carrier frequency.
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Figure 6-6 Relation of frequency deviation to modulating signal.
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The upper frequency reached by the FM carrier is equal to the resting frequency plus
the frequency deviation:

fa=fct+h (Equation 6-2)
The lower frequency reached by the carrier is equal to the resting frequency minus the
frequency deviation:

fi=fe—F (Equation 6-3)

where fy = Upper frequency reached by FM carrier in hertz
f. = Lower frequency reached by FM carrier in hertz
fe = Resting frequency of the FM carrier in hertz
f,» = Frequency deviation of FM carrier in hertz

Example 1

A 100-MHz FM carrier is modulated by an audio tone that causes a frequency de-
viation of 20 kHz. (A) Determine the carrier swing of the FM signal. (B) Find the
lowest and highest frequencies attained by the FM signal.

Solution

(A) Determine the carrier swing:
fes = 2/ (Equation 6-1)
fos =2 X 20 kHz = 40 kHz

(B) Find the highest carrier frequency:
fa=fctfo » (Equation 6-2)
fu = 100 MHz + 20 kHz = 100.02 MHz

Find the lowest carrier frequency:

fL=fc—fo (Equation 6-3)
f. =100 MHz — 20 kHz = 99.98 MHz

Rate of Change

Since the amplitude of the modulating wave causes the change in frequency of the FM
carrier, you may be wondering what does the frequency of the modulating wave do to the
FM carrier. What happens here is shown in Figure 6-8. The frequency of the modulating
signal affects how rapidly (rate of change) the FM wave changes its frequency. For an
audio signal of 10 Hz, the FM wave will deviate from its resting frequency 10 times each
second. For an audio signal of 100 Hz, the FM wave will deviate from its resting frequency
100 times each second. Putting this another way, how far from its resting frequency the
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Figure 6-8 Effects of modulating signal frequency.
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FM wave deviates is determined by the amplitude of the audio signal. How often the FM
wave deviates from its resting frequency is determined by the frequency of the audio

signal.
Modulation Index

Since the FM carrier is influenced by both the amplitude and the frequency of the mod-
ulating wave, a measurement called the modulation index is given as
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m = é (Equation 6-4)
Y

where m; = Modulation index of the FM wave (no units)
fo = Deviation of the FM wave in hertz
fu = Frequency of the modulating signal in hertz

Example 2

What is the modulation index of an FM signal with a carrier swing of 10 kHz when
the modulating signal is 8 kHz?

Solution

The formula for modulation index uses carrier deviation ( fp), not carrier swing ( fcs).
Hence, a conversion to frequency deviation must first be made:

fes = 2fp ' (Equation 6-1)
10 kHz = 2f;
10 kHz
D~ = 5kHz

Now use the definition for modulation index:

my = fo / (Equation 6-4)
v
5kHz
my = kH = 0.625
8 kHz
Conclusion

Two important characteristics of an FM carrier were presented. One was the amount of
frequency deviation, and the other was the rate of frequency deviation. What caused these
changes and how they were measured were also presented.

You will use this information in the next section. There you will learn about the FM

spectrum and bandwidth.

6-2 Review Questions

1.
2.

3.
. Define frequency deviation. Explain what is meant by the resting frequency of an FM

&

Describe the main difference between FM and AM.

Explain the basic construction of a capacitance mlcrophone How does a voice wave
cause its capacitance to change?

What affect does the modulating signal amplitude have on the resulting FM wave?

carrier.

. Describe the relationship between frequency deviation and carrier swing. How could

you determine the highest and lowest carrier frequencies?
Explain what effect the frequency of the modulating signal has on the FM carrier.

. Describe what factors determine the modulation index of an FM carrier.
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Figure 6-9 Commercial FM frequency allocations.

6-3 | FM SPECTRUM AND BANDWIDTH

Discussion

Each commercial FM broadcast station in the 88—108-MHz band is allocated a 150-kHz
channel plus a 25-kHz guard band on either side of the channel. This arrangement is shown
in Figure 6-9. You may wonder why such a large bandwidth is required for an FM station,
especially since the maximum allowable modulating frequency for commercial FM is
15 kHz. For AM transmission, the required bandwidth is only 10 kHz (2 X 5 kHz). In
this section, you will discover that the frequency modulation of a carrier wave produces
many unexpected sidebands.

FM Sidebands

Frequency modulation was first put into practical use in 1936. Before then, some scientist
thought that the transmission of FM was not practical. The reason was that FM created
an infinite number of sidebands. However the sidebands closest to the carrier contain most
of the information. Figure 6-10 gives you an idea of the behavior of the carrier and side-
bands of a typical FM signal. Note the changes in the carrier and the surprising creation
of new sidebands. This happens even though the modulating frequency is the same; only
its amplitude is changing.

~ Here is a summary of what is taking place.

Figure 6-10A

Here there is no modulating frequency. The frequency spectrum shows only the presence
of the FM carrier. This is as you would expect.
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Figure 6-10 Sidebands and bandwidth of FM signal.
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Figure 6-10B

Now, a small 1-kHz signal modulates the frequency of the carrier. The resulting spectrum
shows two sidebands, each 1 kHz away from the carrier. This is what you get in AM—
‘the only difference in FM is that the amount of carrier is reduced. Other sidebands are
being generated (an infinite number), but, since they are so small, they can be ignored.

Figure 6-10C

A real surprise occurs. The only difference between this situation and the last is that the
amplitude of the modulating frequency has been increased. Doing this increases the fre-
quency deviation of the carrier. Note the increase in the number of significant sidebands
and the corresponding decrease in the carrier. Also note that even though the modulat-
ing signal is still 1 kHz, the increase in amplitude has caused the bandwidth to increase to
6 kHz. This is where the FM spectrum and bandwidth differs from the AM spectrum and
bandwidth.

Figure 6-10D

Now the carrier has completely disappeared, and more significant sidebands appear. Again,
the frequency of the moduating signal has not changed; only the amplitude has changed.
The bandwidth has increased to 10 kHz in order to accommodate the significant sidebands.
The modulating frequency has stayed at 1 kHz; its amplitude is the only quantity that has
increased. Again, this is much different from what you’d expect from AM.

FM Bandwidth

Don’t be misled by the preceding analysis. The key to the number of significant sidebands
of an FM signal is the modulation index. Hence, for the previous example, the amplitude
of the modulating signal could have been kept constant and its frequency changed instead.
Figure 6-11 shows a graph that relates the bandwidth of the FM signal to the modulation

index.
15
14 4
13 A
12 4
11 +
10
M

. H H i L 3 . i i |

2hy  4fy  6fw  Bhy 10y 121y 14fy 16f, 18fy 20fy 22f, 24f,

FM BANDWIDTH (Hz)
Figure 6-11 Modulation index (M) to FM bandwidth relations.
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Example 1

What is the bandwidth required to transmit an FM signal with a modulating fre-
quency of 10 kHz and a carrier deviation of 30 kHz.

Solution
First, compute the modulation index:
m; = é (Equation 6-4)
fu
30 kHz
m = =3
’ 10 kHz

Use the chart in Figure 6-11 for m; = 3, the bandwidth is close to 12y
Hence,

BW = 12 X 10 kHz = 120 kHz

Deviation Ratio
Deviation ratio can be defined as the largest modulation index in which the maximum
permitted frequency deviation and the maximum modulating frequency are used.

_ fD (max)

Rp (Equation 6-5)

f M (max)

where Ry = Deviation ratio (no units)
fo @many = Maximum deviation of FM carrier in hertz
M man = Maximum modulating frequency in hertz

For commercial FM, the maximum carrier deviation is 75 kHz, and the maximum
modulating frequency is 15 kHz. Hence, the deviation ratio is

_75KHz _
15 kHz

Rp

For the sound section of commercial television, the maximum carrier deviation is
25 kHz and the maximum modulating frequency is 15 kHz. Thus,
25 kHz '

= - = 1.67
15 kHz

[

D

Percent Modulation
The percent modulation of an EM carrier can be determined from the formula

Moy _ Jo cuan % 100% (Equation 6-6)

f D (max)
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where Mgy = Percent modulation (no units)
fo @eweary = Actual frequency deviation of FM carrier in hertz
fb @max = Maximum allowable frequency deviation of FM carrier in hertz

Example 2

For an FM transmission with a frequency deviation of 20 kHz, determine the percent
modulation for a commercial FM station.

Solution
The maximum allowable frequency deviation of commercial FM (in the 88-

108-MHz band) is 75 kHz.

My =M X 100% (Equation 6-6)

fD (max)

20 kHz

~ 75 kHz
My = 26.67%

X 100% = 0.266 7 X 100%

‘FM

Narrowband FM )
It can be shown that if the modulation index for FM is kept less than 3, then the resultant
bandwidth depends mainly on the frequency of the modulating signal. Thus, the bandwidth
of narrowband FM can be calculated in the same manner as that of AM.

BWey (amowy = 2fm (Equation 6-7)

where BWgy amow) = Bandwidth of FM signal in hertz
fu = Frequency of modulating signal in hertz LY

Example 3

What is the bandwidth of a narrowband FM signal generated by a 6-kHz audio that
modulates a 125-MHz carrier?

Solution
This is narrowband FM, so
BWeM (marrow) = 2/ (Equation 6-7)

BWia ramow) = 2 X 6 kHz = 12 kHz
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Conclusion

This section presented the complexity of an FM wave. You saw how the sidebands changed
with different values of the modulation index. A graph was presented that related the
bandwidth of an FM signal to a given modulation index.

The computer applications section for this chapter presents a detailed analysis of the
FM spectrum. Using the program presented there gives a valuable insight to FM spectrum
analysis that is not normally available.

6-3 Review Questions

1. Define a guard band. How are guard bands allocated in commercial FM stations?

2. If the largest modulating signal allowed for commercial FM is 15 kHz, why is such a
large bandwidth required?

3. Describe the major differences between the bandwidths of an AM wave and an FM
wave.

4. Explain how the term “deviation ratio” is used in FM.

5. What is the deviation ratio for commercial FM? What is this ratio for the sound section

of commercial television?

Explain what percent modulation means for FM.

. What is narrowband FM? How is it different from wideband FM?

~o

6-4

FM TRANSMITTERS

Discussion

There are many similarities between FM and AM transmitters. This section presents the
main parts of an FM transmitter.

The main difference between FM and AM transmitters is that an FM transmitter must
cause the carrier frequency to represent the modulating signal. You were given a brief
introduction to how this could be done in the first section of this chapter.

Basic FM Transmitter
A basic FM transmitter is shown in Figure 6-12. The purpose of each section is as follows:

Audio Amplifier
Amplifies the audio signal to the level needed to operate the FM modulator.

FM ///
MODULATOR _~~
D_> AUDIO o yd POWER
AMPLIFIER - e RE o AMPLIFIER
7
MICROPHONE " OSCILLATOR

Figure 6-12 Basic FM transmitter.
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FM Modulator—RF Oscillator

Causes the frequency of the RF oscillator to change in accordance with the frequency and
amplitude of the audio signal.

Power Amplifier

Brings the resultant FM waveform from the previous circuit up to the required power for
transmission.

Transmitter Drift

There is a major problem with the basic FM transmitter just presented. At the high fre-
quencies assigned to commercial FM (88—108 MHz), an RF oscillator tends to drift (change
its frequency). If a more stable oscillator (such as a crystal oscillator) were used, then
there is the problem of making the oscillator frequency deviate the required amount for
FM. One solution to these problems is an FM transmitter that uses frequency multipliers.

Frequency Multipliers

A frequency multiplier is a circuit that causes the output frequency of the circuit to be a
multiple of the input frequency. Block diagrams of some frequency multipliers are shown
in Figure 6-13. '

In practical applications, frequency multipliers that multiply a given frequency by
more than 3 are usually not used. If greater frequency multiplications are needed, then
the scheme shown in Figure 6-14 is used.

The main features of a frequency multiplier are shown in Figure 6-15.

Recall that harmonics are multiples of a fundamental frequency. As demonstrated in
the computer applications section of Chapter 3, the amplitude of harmonics decreases with
increasing frequency of the harmonic. Thus, the fourth harmonic has a smaller amplitude
then the third harmonic. This characteristic is one reason why frequency multiplier§ are
cascaded to produce large values of frequency multiplication. ‘

four =2 fiy
FREQUENCY /\
MULTIPLIER p—>»

AN

VA i e VAV,
i :> : four =3 fiy
4

A\ ] AW AWA
| - VvV

Figure 6-13 Typical frequency multipliers.
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Figure 6-14 Cascading frequency multipliers.
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Figure 6-15 Main features of a frequency multiplier.

Typical FM Transmitter

The block diagram of an FM transmitter is shown in Figure 6-16. The transmitter uses a
much lower RF oscillator (called the master oscillator). Thus, frequency stability of the
unmodulated carrier is more easily achieved. In order to increase the frequency of the
master oscillator to the required 96 MHz used for transmission, the three frequency mul-
tipliers are used.
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Figure 6-16 Typical FM transmitter.

The maximum carrier deviation on the output of the transmitter is 75 kHz. The fre-
quency multipliers will also increase the amount of deviation of the master oscillator as
given by

Jp 0wy = Nefp ua) (Equation 6-8)
where  fi, ou = Frequency deviation of the output in hertz
N; = Amount of frequency multiplication (no units)
Jo may = Frequency of master oscillator in hertz
Example 1
For the FM transmitter in Figure 6-17, what is the final carrier frequency deviation
and resting frequency?
fc = 7.5 MHz
fo =6 kHz
FM
AUDIO MODULATOR | y [FrEQUENCY| |FREQuENcY| |FREQUENCY POWER
> AMPLIFIER MULTIPLIER (3] MULTIPLIER [ MULTIPLIER [ , 0 ocr o
RF x 2 X 2 x 3
OSCILLATOR
Figure 6-17
Solution

The final carrier frequency is
Je =12 X 7.5 MHz = 90 MHz

The final deviation of the carrier is

/o ©uw = Nefp (MA)
Jp oy = 12 X 6 kHz = 72 kHz

(Equation 6-8)
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Figure 6-18 FM transmitter with preemphasis network.

FM Noise

It can be shown that for FM noise increases linearly with frequency. This kind of FM
noise causes frequency distortion of the FM signal. If a circuit called a preemphasis net-
work is used in an FM transmitter, the modulation index for higher frequencies is increased
and frequency distortion due to FM noise is greatly reduced. Figure 6-18 is a block dia-
gram of an FM transmitter using a preemphasis network.

Using a preemphasis network at the transmitter end requires a deemphasis network
for the FM receiver. This is discussed in the next section. "

Conclusion

The transmission of FM is usually accomplished by frequency multiplication. Using this
method makes it easier to stabilize the master oscillator, while producing the required
frequency deviation of the carrier on the output. FM noise that causes frequency distortion
can be greatly reduced by a preemphasis network in the transmitter. The next section
presents an introduction to FM receivers.

6-4 Review Questions

1. What is a major problem with a very-high-frequency oscillator?

2. What is the main purpose of an FM transmitter? How does this compare with an AM
transmitter?

3. Describe a frequency multiplier. What is the main advantage of using a frequency
multiplier in an FM transmitter?

4. Explain what is meant by cascading frequency multipliers.

5. What relationship does the frequency deviation of an FM wave have to the amount of
frequency multiplication used in the FM transmitter?

6. Explain why a preemphasis network is used in an FM transmitter. What does it do?

B-5

FM RECEIVERS AND PHASE MODULATION

Discussion

This section introduces FM receivers. The main difference between an FM receiver and
an AM receiver is the method of detection. This should be expected since the two mod-
ulating systems differ in how they carry the intelligence.

You will also see the difference between frequency modulation and phase modulation.
Phase modulation is used a great deal in space communications. You’ll see why PM is
the best choice in many applications. '
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Figure 6-19 Basic FM receiver.

Basic FM Receiver

Figure 6-19 is a block diagram of the basic FM receiver. Notice the similarity between

this receiver and an AM receiver. The primary differences are the IF frequency, limiter,

deemphasis network, automatic frequency control (AFC) and wider bandwidth requirements.
The purpose of each section follows:

RF Amplifier

Selects the desired FM signal and rejects all others. Amplifies the selected FM signal.

Local Oscillator
Generates a sine wave that is the IF frequency above the incoming signal.

Mixer

Mixes the incoming FM signal with the local oscillator signal. Produces the sum and
difference of the two original frequencies. '
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IF Amplifiers

Intermediate frequency amplifier amplifies the difference frequency. In commercial FM
receivers, the IF amplifiers are tuned to 10.7 MHz.

Limiter
Clips the peaks of the FM waveform, thus eliminating the amplitude changes caused by
noise.

FM Detector

Converts changes in carrier frequency to changes in amplitude. These amplitude changes
now represent the original transmitted audio information.

Deemphasis Network

Compensates for the effect of the preemphasis network at the FM transmitter. Reduces
the higher-frequency audio signal.

AFC

Automatic frequency control, circuit used to prevent the local oscillator frequency from
drifting. Unlike AM receivers, the local oscillator frequency of an FM receiver is very
high (88 MHz + 10.7 MHz = 98.7 MHz at the low end). A drift of just 0.1% would
cause a frequency change of at least 98.7 kHz! Hence, the local oscillator frequency is
checked by noting the amount of FM detection caused by a small change in the frequency
of the local oscillator. This change is then fed back by the AFC circuitry to bring the local
oscillator back to the required frequency.

Audio Amplifier(s)
One or more amplifiers that take the reconstructed audio signal and bring it to a level that
can operate the receiver speaker system.

Loudspeaker

Converts the changes in electrical energy into changes in air pressure, thus reproducing
the original sound.

Power Supply

Supplies voltage and current to the required stages. It may consist of a simple battery or
complex circuitry that converts the 120 V AC to different DC voltage levels required by
each circuit in the FM receiver.

PM and FM

The main difference betweén phase modulation (PM) and frequency modulation (FM) is
in how the modulating information affects the carrier. In phase modulation (PM), the only
thing required is that the phase of the RF carrier be changed with regard to some reference
phase. This criteria creates a very narrowband signal. A PM signal with a very narrow
bandwidth has the advantage of having its transmission power concentrated where the
information is contained. Phase modulation is also more noise free than frequency mod-
ulation and requires a much simpler transmitter. These are some reasons why PM is a
favorite for satellite communications.
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Conclusion

You were introduced to the main parts of an FM receiver. Here you discovered that the
FM receiver has more sections than the AM receiver has. In the circuits portion, you will
study the details of each of these circuits.

The main differences between FM and PM were presented. You will appreciate these
differences more when the circuits that produce these modulation techniques are introduced.

6-5 Review Questions

1. Describe the main differences between FM and AM receivers. ’
2. What is the purpose of a limiter? What is the purpose of a deemphasis network?
3. Explain what AFC means. What is its function in an FM receiver?
4. What is the main difference between FM and PM?
5. Describe the advantage of PM over FM.
MONAURAL FM STEREO FM
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FM
FM
SIGNAL § SIGNAL
FM l FM j
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Figure 6-20 Difference between stereo and monaural.
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B6-6

FM STEREO

FM
SIGNAL

Discussion
Stereo FM transmission was authorized by the FCC in 1961. Stereo FM, in contrast to
monaural FM, has two different audio signals: One signal replicates what the left ear
would hear; the other replicates what the right ear would hear if the listener were actually
present where the sound was being created. Figure 6-20 illustrates this difference between
stereo and monaural sound reproduction. :

The difference between the results of stereo and monaural is that stereo gives the
listener a sense of direction. )

Basic Concept

One very direct method of transmitting stereo is by using two transmitters and two re-
ceivers to produce the two different audio signals, one for each ear. Transmitting stereo
FM in this manner is illustrated in Figure 6-21.
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‘\ / MICROPHONE
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STATION A - STATION B FM
SIGNAL

LEFT RIGHT
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RECEIVER g RECEIVER
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STATION A / STATION B

&,

LISTENER

Figure 6-21 One method of creating stereo FM.
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This method is not used for several reasons: (1) It requires too much equipment. (2)
It requires two separate transmitters, thus using up the limited channel space in the com-
mercial FM band. (3) It requires that the listener tune in two different receivers.

A method had to be found that would allow two different audio signals to be trans-
mitted ftom one transmitter and received by one receiver. There was also another require-
ment; whatever system was developed, the transmission of FM stereo had to sound like
monaural for those people who already had the old FM monaural receivers. In other words,
stereo FM had to be compatible with monaural FM. How this was achieved is discussed
next.

Adding Audio Signals

First, you need to know what is meant by signal addition and signal subtraction. This
knowledge will help you understand TV stereo as well.

Figure 6-22 shows the concept of signal addition by using square waves. Square waves
are used because their addition and subtraction are easy to follow. The same analysis
methods apply equally well to complex audio waveforms. This signal addition produces
an equivalent monaural signal.

Subtracting Audio Signals

Figure 6-23 shows the same square waves as in Figure 6-22, but now one of them (the
right channel) is being sent through an inverter. The other signal is being sent through a
delay network so that when the two are again added there is no time delay between them.
The resulting signal is not equivalent to a monaural signal. But if it is combined with its
equivalent monaural signal, a surprising result occurs.

v-{-— LEFT SIGNAL
0 t /'\/ v
- 3
2 2
1
o . LEFT + RIGHT
- L+R
RIGHT SIGNAL '
v 2
1 =3
o N .
m

Figure 6-22 Adding two signals.
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Figure 6-23 Subtracting two signals.

Combining the Two Signals

If the L + R and the L — R signals are transmitted as two different audio signals, the
L + R signal can be used in monaural receivers. For stereo reception, Figure 6-24 shows
how the addition and subtraction of these two signals in a stereo FM receiver can recreate
the two original left (L) and right (R) audio signals.

FM Stereo Generation

Figure 6-25 is a block diagram of an FM stereo transmitter. Note the circuits that generate
the two audio signals L + R and L — R. The use of a balanced modulator and master
oscillator generate a pilot carrier to produce the frequency spectrum in Figure 6-26.

The FM receiver now need only reverse this process. Figure 6-26 shows that a mon-
aural FM receiver receiving the stereo signal will not reproduce the pilot subcarrier because
it is above the response of most audio systems and, certainly, human hearing. Thus the
L — R signals are also no problem for a standard FM monaural receiver, so compatibility
has been achieved.

The pilot subcarrier is put at 19 kHz because it is easier to extract the subcarrier in
the receiver. If the pilot subcarrier were at 38 kHz, it is only a few cycles removed from
the L — R sidebands, thus making extraction of the carrier difficult.

FM Stereo Reception

The stereo signal-processing circuity of an FM stereo receiver is shown in Figure 6-27.
The two signals L + R and L — R are now added and subtracted to produce the original
two L and R audio signals.

L
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Figure 6-24 Reproducing the two original signals.

Conclusion

The concepts of FM stereo generation and reception were presented here. The process of
adding and subtracting two signals to produce compatibility between two different systems
is not unique to stereo FM. You know that a black-and-white TV will reproduce a color
TV transmission in black and white, while a color TV will reproduce it in color. Again,
color TV transmission must be compatible with a black-and-white TV receiver. Chapter

7 uses all of the communication systems you have studied. New systems will also be
introduced.
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Figure 6-27 FM stereo processing circuits.

6-6 Review Questions

1. Describe the difference between stereo and monaural reception from the standpoint of
the listener.

Why aren’t two separate FM transmitters used to transmit a stereo FM signal?
Explain signal addition. Give an example of audio signal subtraction.

In terms of stereo FM, explain compatibility.

Describe how a single FM station transmits a stereo signal. What portion of this signal
is used in a monaural FM receiver?

Why is a pilot carrier needed in stereo FM transmission? Explain the reason for the
frequency used by the pilot carrier.

7. Describe the basic process of separating L and R audio signals in a stereo FM receiver.

S

TROUBLESHOOTING AND INSTRUMENTATION

Sweep Generators

Sweep generators are used in testing and aligning communications equipment. Basically,
a sweep generator produces a range of radio frequencies over and over again—hence the
name sweep generator. This frequency repetition allows you to quickly test the frequency
response of radio frequency RF and intermediate frequency IF amplifiers.
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Figure 6-28 Basic construction of a sweep generator.

The construction of sweep generators is based upon a special oscillator circuit that
can repeatedly change or sweep its output frequency. One such circuit is called a voltage
controlled oscillator (VCO); its operation is presented in this section.

Basic Construction

The basic construction of a sweep generator is shown in Figure 6-28. The VCO creates
a sine wave whose frequency is directly proportional to the amplitude of the control volt-
age. If the control voltage input is a sawtooth waveform, then the output of the VCO will
be a sine wave with a sweeping change in frequency that repeats itself according to the
frequency of the sawtooth control voltage.

Practical Sweep Generator

It is important that a sweep generator have a constant rate of change of its sweep frequency
and a constant output amplitude during the sweep. These qualities are produced by adding
the circuits in Figure 6-29.

SAWTOOTH
GENERATOR _1

DIFFERENTIAL [\A/\N\“m
AMPLIFIER

> VGO VAgnﬁLE CALIBRATED
> ™| ATTENUATOR
AMPLIFIER

A ) W

DISCRIMINATOR | - ALC i

SWEEP
FREQUENCY
OUTPUT

Figure 6-29 Practical sweep generator.
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The discriminator circuit does exactly the opposite of a VCO. A discriminator gives
an output voltage whose amplitude is proportional to the frequency of the input. The
differential amplifier has an output voltage proportional to the difference between its two
input signals. The purpose of using a discriminator with a differential amplifier is to ensure
that the output frequency change of the VCO remains linear.

The automatic level control (ALC) is similar to the automatic gain control (AGC)
circuit discussed with AM receivers. The ALC makes the variable gain amplifier maintain
a constant output amplitude. The calibrated attenuator is used to reduce the output of the
sweep generator to an amount specified by the user.

Sweep Generator Application

A typical application of a sweep generator is shown in Figure 6-30. If the amplifier under
test is an IF amplifier, then the display on the oscilloscope will replicate the frequency
response curve of the amplifier.

When alignment of RF and IF amplifiers is required, the sweep generator becomes a
valuable tool. Be sure to disable any AGC circuits when doing an alignment. If you don’t,
you will get an inaccurate alignment because the AGC is trying to keep the amplifier gain
constant.
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CURVE OF HORIZONTAL

EQUIPMENT INPUT
UNDER TEST 7 /

SWEEP GENERATOR

yi
| S—— —
==l | R I VERTICAL INPUT——/ /__\A
EQUIPMENT
UNDER

/ \ TEST \
/ DETECTOR

SAWTOOTH SWEEP OUTPUT
OUTPUT

Figure 6-30 Typical sweep generator applications.
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Bessel Function

The graph of Figure 6-11 gave an indication of the bandwidth of an FM signal. The graph
~ was derived from a mathematical statement called a Bessel function of the first kind. Its
form is as follows:

ml> [ 1w/ /D m/2)° +]

JN(mI) = (3 n n! l(n + 1)! 2!(}1 + 2)' 3'(" + 1)'

where m; = The modulation index
Jn (m;)= The sideband in question

Conclusion

The sweep generator is used in the alignment of AM and FM radio receivers as well as
TV receivers. It is a valuable tool in any communication repair and service area. Sweep
generators come in a variety of frequency ranges, depending on the particular equipment
to be aligned. Specialized sweep generators, such as those made for commercial TV align-
ment, have built-in markers and specific key frequencies to mark picture, sound, and color
information.

6-7 Review Questions

Describe the basic principle of operation of a sweep generator.

Why is the term “sweep generator” used to describe the instrument?

Explain the operation of a VCO.

What effect does an input control voltage of a sawtooth have on the output frequency
of a VCO?

Describe the purpose of a discriminator.

Explain the basic operation of a differential amplifier.

Define ALC. How is it used in a sweep generator?

Describe a typical application of a sweep generator. How is an oscilloscope used in
this kind of application?

H L=

el ANS

MICROCOMPUTER SIMULATION

Be sure to do the instructions as well as the demonstration for troubleshooting simulation
number six on your student disk. For this simulation, you will have the opportunity to use
a signal generator as well as a signal detector.

Up to this point, your troubleshooting simulation programs have been a GO/NO-GO
situation. This means that if there was a bad stage, then no signal at all could get through.
In real troubleshooting situations, this is not always the case, and in the next troubleshooting
simulation, you will begin to learn other troubleshooting skills that will help you analyze other
types of problems commonly found in communications equipment.
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CHAPTER PROBLEMS

(Answers to the odd-numbered problems appear at the end of the text.)

—_
N i e R

11.
12.
13.
14.

15.
16.

17.
18.

19.

20.
21.

22.

23.

24.

25.

26.

State three methods of placing information on a carrier wave.

Which of the three methods in problem 1 are similar? What is the major difference?
State a major advantage of FM. State a major disadvantage.

What circuit inside an FM receiver helps reduce the effects of noise?

List the major differences between FM and AM.

Give an example of the noise-free operation of FM compared to AM.

What is the function of an FM limiter?

Why can’t an AM receiver use a limiter?

Explain the basic construction of a capacitance microphone.

What effect does the amplitude of the modulating signal have on the FM carrier?
Define resting frequency and frequency deviation.

Explain the relationship between carrier swing and frequency deviation.

An 88-MHz FM carrier is modulated by an audio tone that caused a frequency de-
viation of 15 kHz. Determine (A) the carrier swing of the FM signal and (B) the
lowest and highest frequencies obtained by the FM signal.

Repeat problem 13 for a carrier frequency of 105 MHz and a frequency deviation of
10 kHz. .

Explain the effect of the modulating signal frequency on the FM carrier.

What happens to the FM carrier if the modulating frequency doubles, while its am-
plitude stays the same.

What factors determine the modulation index of an FM wave?

What would happen to the modulation index of an FM wave if the modulating fre-
quency increased? if the amplitude of the modulating frequency increased?
Compute the modulation index of an FM signal with a carrier swing of 10 kHz when
the modulating signal is 5 kHz.

Solve problem 19 if the carrier swing is 15 kHz for a modulating signal of 8 kHz.
The maximum frequency of an FM signal modulated by a 3-kHz sine wave is
100.02 MHz, and the minimum frequency is 99.98 MHz. Determine (A) the carrier
swing, (B) the carrier frequency, (C) the frequency deviation of the FM signal, and
(D) the modulation index.

Solve problem 21 if the modulating sine wave is 5 kHz and the maximum and min-
imum frequencies of the carrier are 100.04 MHz and 99.96 MHz, respectively.

For an FM signal in the 88—108-MHz broadcast band with a frequency deviation of
15 kHz, determine the percent modulation.

Determine the percent modulation of an FM signal in the audio portion of a TV broad-
cast if its frequency deviation is 20 kHz. )

Compute the amount of carrier swing necessary to produce an 80% modulation for
the audio portion of the TV band.

Determine the amount of carrier swing required to produce a 75% modulation for the
88-108-MHz FM broadcast band.
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27.

28.

29.

30.

31.

32.

33.

34.
35.

36.

37.

38.

39.

40.

41.
42.
43.
44,
45.
46.
47.
48.
49.
50.
51.

52.
53.

Find the percent modulation of an FM signal in the TV audio band that has a carrier
swing of 50 kHz.

Determine the percent modulation of a commercial 88—108-MHz FM signal with a
carrier swing of 110 kHz.

For a 75-MHz FM carrier modulated by a 5-kHz audio tone that causes a frequency
deviation of 15 kHz, determine (A) the modulation index and (B) the FM signal
bandwidth.

Calculate the modulation index and the FM signal bandwidth of a 50-MHz FM carrier
modulated by a 3-kHz audio tone that causes a frequency deviation of 7 kHz.
Calculate the modulating frequency that causes an FM signal to have a bandwidth of
50 kHz when its frequency deviation is 15 kHz.

An FM signal with a frequency deviation of 20 kHz has a bandwidth of 50 kHz.
Determine the frequency of the modulating signal.

If a 100-MHz FM carrier is modulated by a 10-kHz sine wave, with a carrier swing
of 50 kHz, determine (A) the modulation index and (B) the bandwidth.

Redo problem 33 if the FM carrier is modulated by a 5-kHz sine wave.

What is the bandwidth of a narrowband FM signal generated by a 2-kHz audio signal
and a 110-MHz FM carrier?

Determine the bandwidth of a narrowband FM signal caused by a 6-kHz sine wave
and a 150-MHz FM carrier.

Determine the bandwidth of an FM signal when a 3-kHz audio signal modulates a
75-MHz FM carrier causing a frequency deviation of 1.5 kHz.

Find the bandwidth of an 80-MHz FM carrier when modulated by a 5-kHz audio
signal that causes a frequency deviation of 3.4 kHz.

For an FM transmitter, the initial carrier frequency is 8 MHz with a frequency de-
viation of 1 kHz. If the total frequency multiplication of the transmitter is 12, deter-
mine the final FM carrier frequency and the final frequency deviation.

Repeat problem 39 for an initial frequency deviation of 2.5 kHz and a carrier fre-
quency of 6 MHz.

What is a preemphasis network?

Describe the use of a deemphasis network. Why is it needed?

What does an FM detector do?

What is the difference between an AM detector and an FM detector?

What is the purpose of AFC in an FM receiver?

Draw the block diagram of an FM receiver and explain the function of each block.
Describe the difference between FM and PM.

How is information contained in PM? What are some of the advantages?

From the standpoint of the listener, what is the difference between AM and FM?
Describe the basic requirements of a stereo system.

Give an example of the addition of two signals and an example of the subtraction of
two signals.

Show graphically how two signals are added and subtracted.

How are the L. + R and L — R signals combined in FM stereo to produce the original
left and right audio signals?
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54.

55.
56.

57.
58.
59.
60.

Graphically demonstrate how the addition and subtraction of the L + R and L — R
stereo FM signals produce the original left and right audio signals.

What is the frequency for the pilot subcarrier for commercial stereo FM?

Explain why the pilot subcarrier uses a different frequency and not its original fre-
quency for stereo FM.

Describe a sweep generator.

Explain what a VCO does.

Draw the block diagram of a sweep generator.

Show how a sweep generator could be used to check the response characteristics of
an FM IF amplifier.
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CHAPTER

Television
Systems

OBJECTIVES

In this chapter, you will study:

[0 The transmission requirements of TV in the United States.

How the TV picture is created and its relation to the transmitted TV signal.
Basic operation of a black-and-white TV receiver.

Basic operation of a color TV receiver.

The principles of stereo TV and its other possibilities.

Principles of video cassette recorders.

ooooodg

Basic principles of computer-aided troubleshooting.

INTRODUCTION

This chapter covers material that will introduce you to the fascinating world of television
systems. Television is a unique area of electronic communication that, like the invention
of the telephone and radio, has revolutionized the way we live, work, and play. This
important part of electronic communication is covered from a system point of view. The
circuit details appear in the circuit section of this text.

7-1

TELEVISION SYSTEM REQUIREMENTS

Discussion

Television allows you to experience events from places you may never visit. Television,
as a mode of communication, has had such an impact on our lives that it controls our
attitudes, opinions, and buying habits.

177
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Television is the primary mode of communication sought by politicians, advertisers,
and many nonprofit organizations. It is so readily accepted within the privacy of the home
that much of family life is centered around TV program scheduling.

The basic requirements of this most amazing invention are presented in this chapter.

Required Information

A TV station must be able to transmit all of the information shown in Figure 7-1. The
complete (composite) TV signal consists of

B Monaural or stereo sound

B Light and dark (intensity) picture information
B Color information

B Synchronizing information

All of this information must be transmitted so that it can be received by any TV receiver
(black and white or color).

Frequency Allocations

Television stations are separated by frequency-division multiplexing (FDM). Each TV sta-
tion is assigned a transmitting frequency called a channel. This channel has an assigned
bandwidth of 6 MHz. The reason for such a large bandwidth requirement is that much
information must be contained in the TV signal. The frequency allocations for commercial
TV in North America are:

B Channels 2-6 54-88 MHz
B Channels 7-13 174-216 MHz
B Channels 14-83 470-890 MHz

Channels 2-6 are just below the commercial FM band, which makes it easier for man-
ufacturers to combine an FM radio with a TV receiver.

Components of a TV Signal

Figure 7-2 graphically shows the major components of a TV signal and how they are
distributed within the TV receiver. There are key circuits that separate individual elements
of the composite TV signal into individual components. These signals are then routed to
specific parts of the TV receiver. A knowledge of this routing process is essential to
troubleshoot and repair TV receivers.

TV Picture Tube

The basic construction of a TV picture tube is shown in Figure 7-3. The basic operation
of the TV picture tube is similar to that of the cathode ray tube (CRT) in your laboratory
oscilloscope. Electrons are “pulled” from the electron gun by a very large positive voltage
applied to the picture tube. The tube in Figure 7-3 is a black-and-white tube because there
is only one electron gun and the phosphor coating consists of a single type of “white”
phosphor. Unlike the CRT of your. laboratory oscilloscope, the TV picture tube uses mag-
netic deflection instead of electrostatic deflection.
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Figure 7-2 Components of a TV receiver.
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Figure 7-3 Basic construction of TV picture tube.
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Raster Development

Figure 7-4 shows the development of a TV raster, which is used to present a TV image.
Note that only four lines are developed across the face of the TV screen. Actually, there
are 525 lines across the picture face that form the complete TV raster. These lines appear
to be present all at the same time because of the persistence of the phosphor. Persistence
is the ability of the phosphor to glow for a short time after it has been struck by an electron.

The sawtooth waveforms that make up the TV raster originate from oscillators within
the TV. The waveforms produced by these oscillators must be synchronized with the pic-
ture information arriving from the TV station. This synchronization is accomplished by
sync (synchronizing) pulses.

Composite TV Signal

The complete (composite) TV signal is shown in Figure 7-5. You can see the location of
the horizontal sync and blanking pulses along with the corresponding picture information
contained between the horizontal blanking pulses.

Figure 7-6 shows the relation of the TV signal to picture development on the TV
screen. As the figure shows, a large amplitude will decrease the intensity of the electron
beam. If the signal is large enough (as for the blanking pulses), the electron beam can be
completely cut off. The horizontal blanking pulses cut off the beam so that the horizontal
retrace lines do not appear across the picture screen.
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Figure 7-5 Composite TV signal.
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Figure 7-6 Relation of TV signal to picture development.

Conclusion

This section gave you an overview of the major requirements of a TV system. Almost
every major electrical communication circuit can be found in a TV receiver. The real
engineering feat is the production of such a complex piece of equipment at such a relatively
low cost to the consumer.

7-1 Review Questions

1. Is the information used to represent a TV picture transmitted all at the same time?

Explain.

What information must be contained in a TV signal?

. What is a TV channel? What are the bandwidth requirements? Why is such a large
bandwidth required?

4. What kind of modulation is used to transmit picture information? sound information?

Name the major components of a TV receiver.

6. Explain the basic operation of a TV picture tube.

W

W
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7. Describe how a raster is developed. How many oscillators are required to do this?
8. What is a sync pulse? What is a blanking pulse?
9. Describe a composite video signal.

7-2 | TELEVISION SYSTEM SPECIFICATIONS

Discussion

The previous section gave an overview of the requirements of a TV system. This section
gives the specific requirements of a TV system. Television works for the same reason that
motion pictures work. The human eye has a certain persistence that ignores the flickering
between motion picture frames, provided the frames are presented fast enough. The same
principle holds for television; even though the electron beam is scanning one line at a
time, you won’t see any “flicker” if the lines making up the frames are presented fast
enough.

Horizontal Deflection

How fast should the horizontal line scan the TV screen? How many lines are necessary
to make a complete picture? Two major factors must be considered:

|
| 1. The information must be presented rapidly enough so that persistence of vision does
| not result in flicker.
2. The bandwidth requirements of the system must be reasonable.

} It was decided to use AM to transmit the video (picture) information in order to hold

i down the bandwidth requirements. However, the more rapidly picture information is sent,
‘ ; the larger the bandwidth. The final result was a compromise between presenting infor-

i mation fast enough to prevent flicker and keeping the bandwidth a reasonable size.

1

|

|

Interlaced Scanning
It was decided to present the viewer with one complete TV picture consisting of 525 lines
every /5 of a second, called a frame. This decision kept down the video bandwidth re-
quirements but would produce flicker. To overcome the flicker, scientists sent two TV
fields consisting of 262.5 lines each that were interlaced with each other. Each field was
iRt presented every /¢, of a second. Having two interlaced fields produced a single television
e frame at a rate of 7g, or /s, of a second. This produced a flashing rate of "/, of a second,
ik which exceeds the flicker rate (about 30 Hz) of the average eye.

The interlaced scanning method is shown in Figure 7-7. Note that there is a total of
525 lines, all of which are not seen by the viewer.

I Scanning Frequencies |
| The interlaced scanning method determined the frequencies of the horizontal sawtooth.
The total number of lines to be scanned each second is given by
fs = LiF¢ (Equation 7-1)
where fs = Scanning frequency in hertz
L = Total lines per frame
i F1 = Total frames per second
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Example 1

What must be the horizontal scanning frequency of a commercial TV receiver?

Solution
Using the relationship

Js = LoFr (Equation 7-1)
fs =525 X 30 Hz = 15 750 Hz

Thus, the horizontal scanning frequency must be 15.75 kHz.

Vertical Blanking Signal

The composite video signal for commercial TV is shown in Figure 7-8. The purpose of
the equalizing pulses before and after the vertical sync pulse is to keep the horizontal
oscillator in sync during vertical blanking. The pulses present during vertical sync are
used for the same thing.
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Figure 7-8 Vertical blanking signal.

Teletext

In 1983, the FCC authorized the use of the vertical blanking interval for the transmission
of digital data. This digital data can appear on your TV screen as text and graphics.

Closed-caption information, automatic color balance information, or other test signals
can also be sent at this time.

To get information from the teletext transmission, you need to buy a teletext decoder
or buy a newer TV with this capability built in. Teletext services bring stock market reports
as well as weather and sports reports. Teletext is usually accompanied by advertising,
where the advertiser picks up the costs of the transmission.

To see if teletext is available on any of your TV channels, simply adjust your TV’s
vertical hold until you can see the vertical blanking (this will appear as a thick horizontal
bar across the screen). If the bar appears to have randomly moving white dots rather than
being almost pure black, then teletext is being transmitted. The moving white dots are the
digital data being transmitted during the vertical blanking.
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Bandwidth Requirements

- To provide enough picture detail, the video signal must produce small picture elements.
A picture element is the smallest bit of information that can be displayed on the screen
(about 0.05 inch). You need 525 vertical picture elements because there are 525 lines on
the screen. The ratio of the screen width to its height (called the aspect ratio) for com-
mercial TV is 4 to 3. Hence, there must be “; picture elements for each horizontal line.
This works out to

4
525 X 3 = 700 horizontal picture elements

Since there are 525 vertical picture elements, the total number of picture elements for one
picture must be

525 X 700 = 367 500 picture elements

Since these picture elements are presented 30 times each second, the total number of
picture elements scanned each second is

30 X 367 500 = 11 025 000 picture elements per second

This is quite a lot of information, but, unlike our ears, the human eye requires great
quantities of information!

Consider each peak of a sine wave (the positive and the negative) as capable of pro-
ducing a picture element. Then converting the required picture elements per second to sine
wave frequency:

1
2 X 11025000 = 5 512 500 Hz

Since TV sets are mass produced, there will be some interlacing problems and the
shape of the electron beam will not be perfect. The FCC assumes that these imperfections
will reduce the required video frequency by about 25%. This factor is called the utilization
ratio. Hence, the highest required video frequency would be '

(0.75)(5 512 SOOkHz) =4134375Hz o

The FCC has set 4.2 MHz as the maximum video signal that commercial TV may
transmit. Hence, an AM bandwidth of 8.4 MHz would be needed. To reduce this band-
width requirement and maintain picture detail, vestigial sideband transmission is used.
Recall that vestigial sideband maintains its own carrier, so the receiver doesn’t need to be
as complex as an SSB receiver. See Figure 7-9. Note the location of the sound. As stated
in the previous chapter, TV sound is transmitted as FM with a 25-kHz maximum frequency
deviation.

Conclusion

The specifications of a commercial TV system were developed to meet specific require-
ments. There is the requirement of conveying a large amount of information for the video
signal while maintaining a reasonable bandwidth to allow as many TV stations as possible.
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Figure 7-9 Television spectrum requirements.

The frequency allocations of commercial TV stations are listed in Table 7-1. They
are divided into two major categories: VHF (very high frequency) and UHF (ultrahigh
frequency).

The channels in the UHF band are continuous from channel 14 through and including
channel 83. Table 7-1 lists only seven of these UHF channels to indicate their frequency
range. '

Table 7-1 TV FREQUENCY ALLOCATIONS

VHF Band (Lower) VHF Band (Upper) UHF Band
Channel  Frequency Channel  Frequency Channel  Frequency
No. Range (MHz) No. Range (MHz) No. Range (MHz)
2 54-60 7 174-180 14 470-476

60—-66 8 180-186 24 530-536
66-72 9 186—-192 34 590-596
(4 MHz not in TV band) 10 192-198 44 650-656
5 76-82 11 198-204 54 710-716
6 8288 12 204-210 64 770-776
M 88-108 13 210-216 83 884-890
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7-2 Review Questions

1. What are the two major factors that determine how fast the picture information of a
TV receiver is presented?

2. Explain why video information is presented as AM.

3. Describe interlaced scanning. Why is it used?

4. What is the difference between a frame and a field in a TV picture? How often is a
frame presented? How often is a field presented?

5. What two factors determine the horizontal scanning frequency?

6. Describe a picture element. What determines the maximum number of vertical picture

elements?

What do the terms “aspect ratio” and “utilization ratio” mean?

. Briefly describe the spectrum requirements of a TV signal.

9. How is the transmitted TV signal bandwidth kept at 6 MHz?

% =

7-3

BLACK-AND-WHITE TELEVISION

Discussion

This section presents a detailed block diagram of a standard black-and-white TV receiver.
The circuits contained in each block will be presented in detail in the circuits section of
this text. For now, it’s important to understand a TV receiver system. In the next section,
you will be introduced to a color TV receiver.

Television Receiver

The block diagram of a standard black-and-white TV receiver is shown in Figure 7-10.
The function of each stage follows:

UHF Tuner

Selects the desired UHF station. Consists of a UHF mixer and oscillator that change the
incoming selected UHF signal to 45 MHz, which is amplified by the RF amplifier of the
VHF tuner.

VHF Tuner

Contains an RF amplifier that selects the desired VHF station. It also prevents the local
oscillator frequency from radiating back through the receiving antenna and improves the
signal-to-noise ratio.

Fine-Tuning Controls

Adjust the local oscillator frequency. The fine-tuning control for the UHF tuner consists
of a variable capacitor; for the VHF tuner, it consists of a variable inductor.

Video IF

Usually consists of two or more stages of amplification. IF amplifiers provide most of the
signal gain and produce required selectivity.
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Video Detector

Converts video IF into the composite video signal (ideally consisting of 0 MHz to
4.2 MHz) and a lower-frequency sound IF of 4.5 MHz.

Automatic Gain Control

Controls gain of IF amplifiers to maintain a constant IF gain as the strength of the incoming
signal varies due to atmospheric conditions or changing from station to station. Note the
AGC level control adjustment.

Video Amplifier

Wideband amplifiers that amplify frequencies up to 4.2 MHz, which are used to control
the intensity of the electron beam as it sweeps across the TV screen.

Contrast Control

Basically a video amplifier gain control that controls the output signal amplitude of the
video amplifier, thus affecting the amount of difference between black and white.
Brightness Control

Controls the strength of the electron beam: the stronger the beam, the brighter the picture
displayed.

Sound IF

Amplifier that separates the 4.5-MHz sound IF from the video signal. The FM sound IF
signal is amplified and sent to the sound detector.

Sound Detector

Converts the frequency modulation into amplitude changes that represent the original sound.
The output of this stage is audio signals.

Audio Amplifier

Amplifies the detected audio signal. Note the variable-resistor volume control. Causes the
speaker to vibrate at the reconstructed audio rates, thus reproducing the original sound.
Sync Separator

Separates the vertical and horizontal sync pulses from the composite video signal.

Vertical Oscillator
Produces the 60-Hz sawtooth required for vertical deflection.

Vertical Height Control

Controls the amplitude of the vertical oscillator output, which controls the height of the
displayed raster.

Vertical Hold Control

Helps control the frequency of the vertical oscillator. Adjusting this properly prevents the
picture from “rolling” vertically.

Vertical Amplifier

Amplifies the output sawtooth of the vertical oscillator to provide sufficient signal to op-
erate the vertical deflection coil around the CRT.
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Vertical Linearity Control

Helps maintain the results of the vertical sawtooth so that the picture is displayed in a
uniform vertical field.

Horizontal Oscillator

Creates the sawtooth used for horizontal deflection of the electron beam.

Automatic Frequency Control

Helps control the frequency of the horizontal oscillator by comparing the received hori-
zontal sync pulse to the output of the horizontal oscillator.

Horizontal Amplifier

B Provides the drive for the horizontal deflection coil.

B Produces high-voltage pulses used by the high-voltage power supply.

B Creates pulses used by AFC, AGC, and horizontal blanking circuits.

B When a high-voltage tube is used, it provides the filament voltage for the tube.

Horizontal Width Control
Controls the picture width by adjusting the amplitude of the horizontal sawtooth.

Horizontal Hold

Helps control the frequency of the horizontal oscillator, which prevents the picture from
“tearing” horizontally when adjusted properly.

Horizontal Linearity Control

Helps maintain a uniform display of the picture along the horizontal.

Damper

Helps develop the complete picture and helps to create the high voltage for the picture
tube.

High-Voltage Rectifier

Causes high-voltage pulses to appear as a steady DC voltage for the TV screen.

Low-Voltage Power Supply
Produces the voltages required by the various stages in the TV receiver.

Conclusion
A TV receiver is a very complex system. It consists of more than 25 separate and unique
circuits, ranging from RF amplifiers to complex pulse circuits.

The next section introduces a color TV receiver. As you might expect, even more
circuits are required for this system.

7-3 Review Questions

1. Name the major circuits contained in a TV tuner.
2. What TV signals are amplified by the video IF amplifier?
3. What is the purpose of the sync separator?
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4. How many oscillators does a black-and-white TV receiver contain? What are their
frequencies?

5. Describe how the output of the video amplifier affects the picture seen on the picture
tube.

COLOR TELEVISION

Discussion
A color TV signal must meet many different requirements:

B It must be compatible with black-and-white TV receivers.
B It must stay within the 6-MHz bandwidth already allocated to black-and-white TV.
B It must be able to simulate the wide variety of colors seen by the human eye.

If it were not for the compatibility requirements, the color TV system could be much
simpler.

Colors

Colors may be formed from primary colors by subtractive or additive color mixing. Sub-
tractive mixing uses the filtering action of dyes, inks, and pigments on reflective light.
This kind of color mixing is most familiar to artists, printers, and painters. Additive mixing
uses the color mixing from light sources. The three primary colors for additive mixing
are red, green, and blue. All of the colors that you perceive on your color TV use additive
mixing. An example of additive mixing is shown in Figure 7-11

MAGENTA —
— WHITE

~—CYAN

BLUE GREEN
PROJECTOR PROJECTOR

Figure 7-11 Results of additive color mixing.
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The important thing to note is that white is made up of all three of the primary additive
colors. White is formed when the intensity of each primary color is carefully controlled.
If the intensity of red is 30%, green 59%, and blue 11%, then the color additive mixing
process will produce the brightest white possible.

A Color Transmission System

One method of transmitting a color TV signal is shown in Figure 7-12, but the system is
impractical for the following reasons:

B  The viewer must buy at least three TV receivers to view the color and one more to
view a black-and-white transmission.

M  Since the bandwidth requirements for video information are O to 4.2 MHz, it would
require a total bandwidth of 3 X 4.2 MHz = 12.6 MHz just for the video information
of one color TV transmission.

Obviously, the color TV system you use doesn’t require three or four sets. The method
used requires a very special color TV picture tube.

| Color TV Picture Tube

The basic construction of a color TV picture tube is shown in Figure 7-13. Note that the
l color phosphor dots are arranged in triangles. A single triangular arrangement of the three
} color dots is called a triad.
| Each electron gun always excites the same color phosphor. Thus the electron gun that
| excites the green phosphor is called the green gun; the others are called the red and blue
i guns.
| These electron guns sweep the screen in unison (as if they were a single gun) in the
same manner as black-and-white TV. By controlling the intensity of the electron beam
| from each electron gun, the color phosphor triads can simulate all the colors you see on
your color set. When white is to be reproduced, the color intensities are 30% red, 59%
green, and 11% blue.

The Color Signal

The color signal has to be added to the existing black-and-white TV signal within existing
bandwidth requirements, and it must be compatible with a black-and-white TV receiver.
This addition is carried out like the addition in FM stereo, where left and right signals
i were added and subtracted.

} The production of a color TV signal at the studio is illustrated in Figure 7-14. The
figure shows that the black-and-white signal (called the Y signal) is transmitted along with
the difference between the red and white (R — Y) and the difference between the blue
and white (B — Y). To allow compatibility with black-and-white TV, the R — Y and
B — Y signals are placed at a higher frequency by using suppressed-carrier techniques.
See Figure 7-15. .

: The composite color signal is the vector sum of the R — Y and B — Y signals. This
i is so because the two color signals are 90° out of phase with each other. Note the use of
balanced modulators to produce the color signals in order to suppress the color carrier. If
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Figure 7-15 Creation of composite color signal.

the color carrier were not suppressed, a fixed pattern of 920 kHz would appear on your
TV screen during color transmission. This frequency is the difference between the color
carrier and sound carrier frequencies. The burst generator ensures that the color sync pulse
is transmitted only during horizontal blanking.

A subcarrier frequency of 3.579 545 MHz was chosen in order to reduce interference
with the rest of the composite video signal. The color subcarrier frequency produces an
interleaving process of the color signal (called the chrominance) with the rest of the com-
posite video signal. The interleaving is shown in Figure 7-16.

Because a suppressed carrier is used, the carrier must be reinserted by the color TV
receiver. Signal reinsertion is done by a crystal-controlled oscillator contained in each
color TV receiver. To keep the phase relationship of the color oscillator correct for carrier
insertion, the transmitted color TV signal contains a color sync burst. This burst is located
on the “back porch” of each horizontal blanking pulse, as shown in Figure 7-17.

The resulting color signals are called chrominance signals. They are phase modulated
with reference to the phase of the transmitted color sync burst. The phase relationships
and corresponding colors are shown in Figure 7-18.

The transmitted color TV signal now contains a phase modulated component that rep-
resents color information. Such a composite signal is shown in Figure 7-19.
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Figure 7-17 Color sync burst location.

Color TV Receiver

Combining the R — Y and B — Y signals with the Y signal gives the original red and
blue signals. If the reconstructed red and blue signals are then subtracted from the Y signal,
then the green signal is left (because the Y signal is made up of red, blue, and green).
Therefore, in a color TV receiver, all three colors can be restored to operate each color
gun. Using this method makes it possible to squeeze all of the color information into the
required 6-MHz commercial TV bandwidth.
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Figure 7-18 Phase relationships and corresponding colors.
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Figure 7-19 Composite color TV signal.

A block diagram of the color portion of a color TV receiver is shown in Figure 7-20.
The function of each stage follows:
Chroma Bandpass Amplifier
Separates the high-frequency color (chrominance) signal from the rest of the composite
video signal received from the video amplifier and amplifies it.
Color Control

Controls the amplitude of the chrominance signal from the bandpass amplifier. Determines
the amount of color intensity (saturation) on the screen.
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Color Killer

Ensures that no color appears on the screen while viewing a black-and-white signal (when
color dots do appear on the screen during a black-and-white reception, this problem is
called “confetti”). The color killer turns off the bandpass amplifier when there is no color
signal.

Color Killer Control
Adjusts the level required to activate the color killer control.

Color Burst Separator and Amplifier

‘Amplifier is turned on when the color burst appears on the back porch of the horizontal
blanking pulse. It feeds the transmitted color reference signal to the color phase detector.

Color Phase Detector (chroma phase detector)

Ensures that the 3.58-MHz color oscillator is in phase with the transmitted color reference
signal.

Tint Control

Adjusts the phase of the 3.58-MHz color oscillator relative to the phase of the transmitted
color signals. Since the phase difference between these signals controls the color, adjusting
the tint control affects the resulting picture color.

Chroma Oscillator (color reference oscillator)

The crystal-controlled 3.58-MHz oscillator used as the subcarrier that was suppressed at
the transmitter. Its phase acts as the reference for the incoming color signals.

R - Y and B — Y Demodulators

Convert high-frequency chrominance signal into color difference low-frequency video.
Have the same chrominance signal from the chroma bandpass amplifiers and the
3.58-MHz signal from the color reference oscillator. The chroma signals fed into each of
these are 90° out of phase with each other.

G — Y Amplifier :
Matrix that converts the incoming R — Y and B — Y signals into a G — Y output.
Amplification of this signal also takes place here.

Conclusion

This section gave a brief introduction to the principles and major circuits of color TV.
Keep in mind that there are textbooks available on just color TV. You should have an
understanding of the major requirements of a commercial TV system.

7-4 Review Questions

1. Describe some major requirements for the transmission of commercial color TV.

2. Explain the difference between additive and subtractive color mixing.

3. Give an example of an impractical color TV system that requires three different cam-
eras and transmitters. Explain how the system would work and why it is impractical
to implement.

4. Describe the basic construction of a color TV picture tube.
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5. Why are the electron guns given the names red, green, and blue? Are the electrons
colored?

6. What factor determined the selected frequency of the color carrier? Why isn’t the color
carrier transmitted?

7. Explain the purpose of the color sync burst. When is it transmitted?

8. Name the major components of a color TV receiver.

STEREO TELEVISION

Discussion

In 1984, the Federal Communications Commission (FCC) authorized multichannel TV sound
(MTS). This system includes the option of transmitting a TV signal with a stereo sound
signal. The first commercially televised program to use MTS was the 1984 Olympics in
Los Angeles, California.

As you will see, multichannel TV sound (MTS) is much more than just the addition
of stereo sound transmission. It is a very flexible arrangement that allows many different
transmission options.

BTSC System

The Broadcast Television Systems Committee (BTSC), appointed by the FCC and con-
sisting of representatives from TV broadcasting and equipment manufacturers, recom-
mended the presently accepted MTS system to the FCC. Therefore, the MTS system is
called the BTSC system.

A “fully loaded” BTSC system is shown in Figure 7-21. Observe the similarity in the
use of L + R and L — R signals, as was done for stereo FM. Hence, the transmission of
stereo TV sound is compatible with TV receivers that do not have stereo capabilities.

The L — R signal is a DSB-SC (double-sideband suppressed-carrier). The pilot carrier
is a multiple of the suppressed carrier and thus easily reinserted in the TV receiver equipped
to receive it.

PILOT SECOND AUDIO
MAIN STEREO PROGRAM (SAP) PROFESSIONAL
CHANNEL 7 ( SUBCHANNEL 7 CHANNEL
L +R L-R
* DSB - SC SAP
I
<15 kHz-» LOWER | UPPER SUBCHANNEL
SIDEBANDS! SIDEBANDS
! I 1
1 I

fu 2f, 3f, 5f;, 6.5f,
fu = 15.734 kHz
Figure 7-21 A fully loaded BTSC system.
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Figure 7-22 MTS options.

A second audio channel can be used to transmit the audio in another language. This
channel is referred to as the second audio program (SAP). An optional professional chan-
nel is also available, which can be used for communications between TV stations or be-
tween a TV station and its remote units.

The actual configuration of the MTS audio baseband leaves many options. As shown
in Figure 7-22, the only requirements by the FCC are the main audio channel and the
frequency of the pilot carrier.

Conclusion

Multichannel TV sound is a new and exciting addition to TV communications. There is
great flexibility available in this system. It is conceivable (though not likely) that the
professional channel could be used to turn off your VCR during commercials.

7-5 Review Questions

1. Explain how the standards for stereo sound broadcasting on commercial TV were
established.

Define MTS as it applies to commercial TV.

Describe what other options are available with MTS.

What is a fully loaded BTSC system?

State one use of an SAP channel.

What are some uses of professional channels?

Sk wn
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7-6

VIDEO CASSETTE RECORDERS

Discussion

In the last few years, the most popular consumer item in the electronics marketplace has
been the video cassette recorder (VCR). This instrument allows the recording, duplication,
and playback of TV signals. This section introduces the operation of the VCR and the
differences between the two most popular recording techniques: Beta and VHS.

Magnetic Recording
In a VCR, three items must be recorded:

1. Video information (including color)
2. Sound information
3. Control information (to ensure proper tape speed)

This information is recorded by placing it on a '/,-inch polyester-base recording tape using

recording/playback heads, as shown in Figure 7-23. As the tape moves under the re-

cording head, the frequency and strength of electrical signals can produce a permanent

magnetic pattern on the tape. This magnetic tape pattern can be used to reproduce the

same electrical currents when the tape is moved under a playback head. See Figure 7-24.
The relationship of the wavelength of the recorded signal and the tape speed is

tape speed
wavelength = - -
input signal frequency
ELECTRICAL
SIGNAL
Q.0 00
[[]] [«— RECORD/PLAYBACK
\van vy HEAD
GAP
7 MAGNETIZATION
PATTERN
(REPRESENTS
PATTERN OF
ELECTRICAL
SIGNAL)
MAGNETIC FIELD —»{ | . /
\\\\ ~N ///
S-——"" IN s||s N||IN s|]|s N

TAPE MOVEMENT —»
Figure 7-23 Basic elements of video tape recording.
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Figure 7-24 Relationships of electrical signal and record tape patterns.

For audio signals where the frequency range is from 20 Hz to about 20 kHz, a tape
speed of about 19 cm/s is sufficient for good-quality recordings. However, for video
signals, where the frequency range is from O Hz to over 4 MHz, a tape speed of 2 280
meters per minute would be required. This would make a 1-hour recording tape larger
then the average home TV set! '

Rotating Tape Heads

The high-frequency video recording requirements are satisfied by having the video re-
cording and playback heads rotate on a drum while the tape moves across the drum. This
increases the relative speed of the tape to the record/playback head. Thus less recording
tape is used. See Figure 7-25. The head and track arrangement is the same for VHS and
Beta. The difference between the two systems is their relative speed. Beta is 6.9 m/s,
and VHS is 5.8 m/s. The speed of the drum cylinder is 1 800 rpm for VHS and Beta.

VCR Recording

The VCR servo system ensures precise tracking of the rotating heads. Beta and VHS both
use an automatic servo control system.

The vertical sync pulses of the TV signal are used to synchronize the rotating heads
with the tape movement. This is done by having the heads rotate just slightly faster than
1 800 rpm (30 Hz). The vertical sync pulses are sent to a divide-by-2 circuit, which
produces the control signal. This control signal is recorded on the tape by a separate
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Figure 7-25 Arrangement of recording heads in VCR.
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stationary control track head located adjacent to the audio head. This arrangement is shown
in Figure 7-26.

The figure shows that the rotating magnet on the video head scanner is fed into a
comparator circuit, which compares the actual rotating frequency to the vertical scanning
frequency of the TV signal. This method ensures that the control signal is in step with
the received video signal.

VCR Playback
Figure 7-27 shows the VCR servo system in the playback mode. The comparator now
compares the head scanner speed to that of the recorded 30-Hz control signal. Thus syn-
chronization of the tape in playback mode is achieved.

The recording pattern of a video cassette tape is shown in Figure 7-28.
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Figure 7-27 VCR in playback mode.
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Figure 7-28 Recording pattern of video cassette tape.
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Conclusion

This section briefly described video cassette recording and playback. You were introduced
to the requirements of this system and how these requirements were achieved. Video cas-
sette recorders have opened new opportunities in home entertainment and educational sys-
tems. The maintenance and repair of these instruments also mean new and exciting job
opportunities for the service technician.

7-6 Review Questions

1. State the three kinds of information that a VCR must record.

2. Name the two major VCR recording methods.

3. Explain why the VCR record/playback heads must rotate in relation to the moving
recording tape.

4. Describe what portion of the TV signal is used to synchronize the video information
on the recording tape.

5. What is the frequency of the VCR control signal? How is it used in the record mode?
in the playback mode?

TROUBLESHOQOTING AND INSTRUMENTATION
Computer-Aided Troubleshooting

Computer-aided troubleshooting (CAT) consists of using a computer when troubleshooting
and repairing electronic equipment. Any personal computer can be used that can accom-
modate an interface to allow signals to be analyzed. Figure 7-29 shows the basic require-
ments for CAT.

MONITOR TO MAKE
READINGS OF TEST

RESULTS _7

CABLE
CONNECTIONS
SPEAKER

EQUIPMENT
UNDER TEST

I
OO

DISK DRIVE FOR STORING
TROUBLESHOOTING PROGRAM
AND TEST RESULTS

FOR RECORDING
MEASUREMENTS

KEYBOARD
FOR ENTERING
COMMANDS

Figure 7-29 Basic requirements for CAT.
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CAT Example
Suppose a technician wants to use CAT to measure the gain of an amplifier. The amplifier
under test is shown in Figure 7-30. The system works as follows:

1. The computer interface takes the input and output signals of the amplifier and converts
them to digital information.

2. The peak detector outputs the peak reading of its input signal. The magnitude of the
peak detector output is then sent to an analog-to-digital converter (A/D converter).

3. The A/D converter inputs digital information into the computer.

4. A program (software) inside the computer records the two readings.

Levels of CAT

You may think of CAT as being divided into different levels. Theoretically, a computer
could not only diagnose the problem but also cause a robot arm to replace the defective
part.

Level 1 CAT

The technician gives all instructions to the computer, and the computer simply displays
the values of the measurements. The technician decides what to do with the data.

Level 2 CAT

The technician gives all instructions to the computer, and the computer displays both mea-
sured and calculated values.

CIRCUIT UNDER TEST7

INPUT VIDEO OUTPUT
SIGNAL I AMPLIFIER | SIGNAL
-«—TEST LEADS

TEST LEADS— /N

o Yy =y 7{
|
PEAK PEAK }
DETECTOR DETECTOR | !
|
|

. |=~—COMPUTER

! Y Y | INTERFACE
|
AID A/D !
CONVERTER CONVERTER| |
|
__________ |

\V// v

T0 cCoMpUTER— & —

Figure 7-30 Example of CAT.
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Level 3 CAT

The computer recommends troubleshooting procedures to the technician. These procedures
are based on previous readings made by the computer. The technician still decides what
measurements are to be made.

Level 4 CAT

The computer automatically makes tests and displays results for observation or technical
documentation. Voice synthesizers inform technician of possible difficulties. The tech-
nician may override the computer by voice or keyboard commands.

Level 5 CAT

Same as level 4, except the computer directs a robot arm or similar device to change
suspected parts.

Level 6 CAT

Same as level 5, but the computer is integrated into parts inventory control. Parts are
automatically ordered as needed to maintain proper inventory level.

You can speculate on higher levels of CAT. CAT is used where it is more economical
than a technician with hand tools and equipment. Large organizations that frequently ser-
vice the same type of equipment depend heavily on CAT.

Future of CAT

For the communication service technician, CAT represents exciting new opportunities.
Technicians familiar with software and hardware have new employment potentials. The
field of electronics has never been stagnant. Its future and the future of all technicians
depends on the dynamic changes inherent in the science and applications of electronics.

Conclusion

The microcomputer simulation section that follows presents a sample CAT program for
TV troubleshooting. Many technicians are concerned about the growing use of CAT. Re-
member, it is technicians who must understand and even repair the CAT system itself! A
CAT system that troubleshoots communication equipment requires technicians who un-
derstand communications as well as computer science.

7-7 Review Questions

List the basic components needed for CAT. What is the purpose of each?

Discuss a typical application for CAT. Why is a computer interface circuit needed?
List some advantages and disadvantages of CAT.

Explain the purpose of an A/D converter.

Describe different levels of CAT. What is the highest level you can envision?

R =

MICROCOMPUTER SIMULATION

The seventh troubleshooting simulation on your student disk presents the troubleshooting of
systems using gain measurements. In this simulation an RF type voltmeter is used to measure
the input and then the output of an amplifier. From this, a calculation of gain may be made.
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This is then compared to the required specification for the system being analyzed. From this,
you can then determine if the system is within acceptable standards.

CHAPTER PROBLEMS |

(Answers to odd-numbered problems appear at the end of the text.)

R

o

oo

10.
11.
12.
13.
14.

-15.
16.

17.
18.
19.
20.

21.
22.

23.
24.

Describe the information that a TV station must transmit.

Explain the purpose of (A) horizontal sync pulses and (B) vertical sync pulses.
Describe the use of FM and AM in TV transmission.

Explain how one TV station is separated from another.

What is the relation of commercial FM frequency allocations to commercial TV
allocations?

Does the relationship of the commercial FM band to commercial TV band have any
benefit? Explain.

Describe how the major components of a TV signal are distributed inside a TV receiver.

. State the major sections of a black-and-white TV and explain the purpose of each.
. In a TV picture tube, what is the purpose of the (A) electron gun and (B) the large

picture tube voltage?

State the kind of deflection used in a TV picture tube. What causes the electron beam
to be seen on the screen?

What determines the “color” of a black-and-white picture tube?

Explain the development of a TV raster. Why is a raster necessary?

How many horizontal lines are used to develop a TV raster?

What two circuits inside a TV receiver develop the raster? How are these circuits
timed to ensure that they are in step with the same circuits at the transmitting station?
List the main parts of the composite video signal.

What is the relationship of the horizontal blanking pulse to the horizontal sync pulse?
Why is this relationship necessary?

In a composite video signal, what is the relationship between the amplitude of the
signal and the intensity of the electron beam in the receiver picture tube?

Is all the information seen on a TV screen presented at the same time? Explain. How
does this relate to motion pictures?

What two principles prevent the TV viewer from observing flicker?

Why was AM chosen to transmit TV picture information? What is the relationship
between the amount of picture information sent per unit time and the bandwidth used
to transmit this information?

Explain interlaced scanning. Why is it used?

State the difference between a TV field and a TV frame as it relates to picture in-
formation. Is there a difference between the scanning frequencies of a frame and a
field? Explain.

What is the relationship between the scanning frequency and the total lines per frame?
If the number of lines per frame were to double over that presently used in North
America, what would be the new scanning frequency required?
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25.
26.
27.

28.

29.
30.

31.
32.
33.
34,
3s.
36.
37.
38.
39.
40.
41.
42.
43.

44,
45.

46.

47.

48.
49.

50.

51.

52.

53.
54.

How much time is allocated for horizontal retrace? for vertical retrace?

Define equalizing pulses. Explain their purpose.

What is a picture element? How many picture elements are required in the vertical
direction?

What determines the number of vertical picture elements?

Define aspect ratio. What is the aspect ratio in commercial TV receivers?

How does the aspect ratio determine the number of picture elements in the horizontal
direction? For an aspect ratio of 1:1, what is the relationship of the number of picture
elements in the vertical direction to the number in the horizontal direction?

Define utilization ratio. How is this applied to commercial TV?

What factors determine the highest required video frequency to be transmitted?
What is the highest video frequency set by the FCC for commercial TV?

Explain how the transmitted bandwidth of commercial TV is reduced to 6 MHz. Ex-
plain why this reduction in bandwidth was not taken further.

What is the relationship of the sound carrier to the picture carrier in commercial TV?
What is the maximum deviation allowed for the sound portion of commercial TV?
Name the two major categories of TV frequency transmission. Which category has
the most available TV stations?

What is the total number of available TV stations?

Sketch the frequency spectrum for channel 5. Give each significant frequency.
Sketch the frequency spectrum for channel 9. Give each significant frequency.
Draw the block diagram of a black-and-white TV receiver and describe the purpose
of each block.

The RF amplifier in the tuner serves two purposes; what are they?

Describe the differences between UHF and VHF tuners. What are their similarities?
What section of a TV receiver determines the bandwidth and produces the most signal
gain?

Explain the purpose of the video detector. What two signals does it produce?

What is AGC? What does it do? What sections of a TV receiver are controlled by
AGC?

Describe the difference between a video amplifier and an audio amplifier. What are
their similarities?

Explain how the contrast control affects the TV picture. What circuit does the contrast
control affect?

Explain the difference between the contrast control and the brightness control.

What is the function of the sync separator? If this section of the TV receiver expe-
rienced problems, what would be the most likely result on the picture?

Draw the block diagram of the vertical oscillator. Show what controls are available
with the vertical oscillator and describe their functions.

Draw the block diagram of the horizontal oscillator. Show what controls are available
with the horizontal oscillator and describe their functions.

If the horizontal oscillator stopped oscillating, what would happen to the output of
the high-voltage power supply? Why would this occur?

List the requirements for a color TV signal.

Explain the difference between additive and subtractive color mixing. Which method
is used in color TV? '
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55.

56.

57.

58.

59.
60.

61.
62.
63.
64.
65.
66.

67.
68.

69.

70.
71.
72.

73.
74.
75.

What percentage of the primary colors used in color TV are needed to produce the
brightest white?

List the main differences between a color picture tube and a black-and-white picture
tube.

Why are the electron guns in a color TV picture tube called the green, red, and blue
guns?

Describe how the color TV signal is produced in order to provide compatibility with
black-and-white TV receivers.

Describe the components of a composite color TV signal.

What is the subcarrier frequency for color transmission? Why was this frequency
selected?

What circuit in a color TV receiver reinserts the suppressed carrier of the color signal?
What part of the color TV signal ensures that the phase of this circuit is correct?
Sketch the color wheel and explain how the phase relations develop different colors
in the color TV receiver.

What is a chrominance signal? How is the color information contained in such a
signal?

What modulation process is used for color transmission?

Explain how the primary colors are reconstructed in a color TV receiver.

Sketch the block diagram of the color circuits used in a color TV receiver. Describe
the purpose of each block.

Explain MTS. What options are provided for this kind of transmission?

Sketch the frequency spectrum of a fully loaded BTSC system. Briefly describe how
each section may be used.

Explain the method used to transmit stereo sound. Describe how this method is similar
to commercial FM stereo transmission.

Describe some of the other options available with MTS.

Describe the basic requirements for a VCR system.

Sketch the recording heads used in a VCR and show their relationship to the recording
tape.

Explain what portion of the TV signal is used to control the speed of the video tape.
Describe a basic system used for CAT.

What is meant by CAT levels?
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OBJECTIVES

In this chapter, you will study:

O The reasons why pulse modulation is superior to other forms of electronic
communications.

[0 The basic concepts of signal sampling.

O The different methods of pulse modulation, including pulse amplitude mod-
ulation, pulse duration modulation, and pulse position modulation.

0 What constitutes pulse code modulation and delta modulation.

0 The systems used to develop and receive these pulse communication
techniques.

O Frequency-division multiplexing as used in telephone systems.

INTRODUCTION

| Pulse communications is one of the fastest-growing areas of electronic communications.
i Its concepts go back as far as 1812, but its growth into consumer electronics has exploded
it in the last decade. Part of this was brought about because of the availability of inexpensive
‘ integrated circuits (ICs). Communication technicians must understand the basic principles
of pulse communications. This chapter offers the essential introduction.

8-1 | BASIC IDEA

Discussion

There are some basic principles of pulse communications that make it more desirable than
other forms of electronic communications. This section introduces you to some of the
fundamental techniques of pulse communications.

f 214 v .
G TR



Chapter 8 Pulse Communication Techniques 215

Sampling

The reason for sampling can be demonstrated by the following example. Suppose a factory
contains several processing vats. Each vat has a thermometer that must be carefully mon-
itored. The temperatures of these vats can be observed in two main ways. See Figure
8-1.

Observe from the figure that to receive continuous data, four workers are required.
This may not be necessary, since any change in the temperature of the vats will be gradual
and such a system is not very economical when you consider the salaries and fringe ben-
efits of four people.

The other method shown in Figure 8-1, sampling data, is a more efficient system.
Only one worker must monitor the temperatures of all four vats. If the worker makes the
samples faster than the thermometers can change, then the same effect as continuous sam-
pling is achieved at a reduced cost (one fourth less in this example).

This situation is similar to- transmitting and receiving information in electronic com-
munications. Obviously, sampling data rather than continuous monitoring produces greater
system efficiency and allows many different kinds of information to be transmitted on one
carrier. Thus, only one transmitter and one receiver are needed.

Sampling Electronic Signals ‘

Suppose it was necessary to transmit three different electrical signals over a single
wire. By sampling techniques, this transmission could be carried out as in Figure 8-2.
Both switches are changing in such a manner that when the transmitting switch is at
position A so is the receiving switch. This kind of electronic sampling is called time-
division multiplexing (TDM). This name was applied because multiple signals are made
by sampling them at different times. The chart recorders are assumed to have a slow
response time that is much less than the sampling rate. Thus the graphs of each waveform
look smooth and continuous.

RECEIVING CONTINUOUS SAMPLING DATA

Figure 8-1 Concept of data sampling. "
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Pulse Modulation Techniques

Think of these electronic sampling schemes as using information samples called pulses.
For example, consider the worker sampling the temperature of all four vats. Every “peek”
at a particular thermometer could be considered as a “pulse” of information received by
the worker’s eyes. Similarly, each time a signal was received by the chart recorders, it
remained for a short time, and thus could be called a “pulse.”

In each case, amplitude information (amount of temperature, amplitude of each wave-
form) of each signal was sent for only a short time. This technique is called pulse am-
plitude modulation (PAM). It is called this because the amplitude of the resulting pulse
changes in step with the modulating signal.

Several types of pulse modulation techniques are used in electronic communications.
See Figure 8-3. The first three techniques are called analog pulse modulation. They are
called this because some characteristic of the pulse (amplitude, duration, or position) is
continuously varied.

The fourth method is called digital modulation. 1t is called this because the modulating
signal is sampled and this sample is then converted into a digital code. This digital code
now represents the amplitude of the modulating signal. You will discover how electronic
communication systems produce and demodulate all four of the pulse modulation tech-
niques just presented.

Conclusion

This section presented the basic concepts of information sampling. These concepts will
be used in the rest of this chapter.

8-1 Review Questions

1. Describe the difference between continuous monitoring of data and sampling of data.

2. When is the data sampling more efficient than continuous monitoring? When is sam-
pling not as accurate as continuous monitoring?

3. For the electronic sampling scheme in Figure 8-2, what are some of the factors that
would cause the waveforms on the chart recorders to not look continuous?

4. What is time-division multiplexing? How is this different from frequency-division

multiplexing?

Describe the four methods of converting a sine wave into pulse modulation.

What is the difference between analog pulse information and digital pulse information?

7. Which form of pulse modulation is similar to AM?

AN

8-2

SAMPLING THEOREM

Discussion

In electronic communications, sampling is the process of taking a periodic sample of the
waveform to be transmitted and transmitting the samples. If enough samples are sent, the
waveform can be reconstructed at the receiving end. One method of sampling a waveform
is shown in Figure 8-4.
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Figure 8-4 Waveform sampling.

Using a mechanical device such as a relay is not a practical method of sampling, since
electronic means are available, but it does serve to illustrate the concept of waveform
sampling.

Sampling Frequency

The more samples that are taken, the more the final outcome looks like the original wave.
However, if fewer samples of one wave could be taken, then other kinds of information
could be transmitted. This is analogous to having one person reading the temperatures of
several vats. The less time spent reading the temperature of any single vat, the more time
is left to read the temperatures of other vats (or to get other kinds of information).

The question is, what is the minimum sampling rate that can be used for any signal
so that the signal will be correctly restored at the receiver? The answer is given by the
sampling theorem (called the Nyquist sampling theorem): The sampling frequency of a
pulse modulated system must be equal to or greater than twice the highest signal frequency
in order to convey all the information of the original signal.

Mathematically this theorem says

fs = 2 frman (Equation 8-1)

where  f, = Minimum sampling frequency to
ensure that the samples contain
all of the information of the
original signal
Jramaxy = Maximum frequency of the modulating signal
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Example 1
A pure 1-kHz sine wave is to be sampled at the lowest possible rate for transmission

as pulses. What is the minimum sampling frequency required to ensure that all com-
ponents of the wave are restored at the receiver?

Solution
Using the sampling theorem—

fs‘ = 2fN(max) (Equation 8'1)
fi=2X 1kHz = 2kHz

Hence, the minimum sampling frequency must be 2 kHz.

Aliasing Distortion

Aliasing distortion occurs when the sampling rate is less than the sampling theorem allows.
An example of this kind of distortion is in old western movies where the wheels of wagons
seem to be turning the wrong way. This effect is shown in Figure 8-5.

The reason for the “wagon wheel” distortion is that the sampling rate of the movie
camera was less than twice the radian frequency of the rotation of the wheel. This kind
of distortion with pulse sampling can be illustrated by using a frequency spectrum analysis.
This is explained in the following subsection.

WHEELS APPEAR TO
ROTATE IN WRONG
DIRECTION

/

DIRECTION OF TRAVEL

Figure 8-5 Example of aliasing distortion.
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Figure 8-6 Frequency spectrum of a modulating waveform.

Effects of Sampling on Frequency Spectrum

Assume that the frequency spectrum of the modulating wave is as in Figure 8-6. Note
that this represents some kind of complex wave (such as voice) and that the higher-order
harmonics are smaller in amplitude.

Figure 8-7 shows what happens when the modulating wave is sampled at twice its
maximum frequency. Theoretically, the harmonics of the sampling extend to infinity. But,
in practice, the resulting spectrum need only be passed through a lowpass filter to be
restored. So that a practical lowpass filter can be used to pass only the highest modulating
frequency (fy) and not any components of the higher sampling harmonics, the sampling
rate is made slightly larger than 2fy. This higher sampling rate (f;) creates a guard band
between fy and the lowest-frequency component (f, — fy) of the sampling harmonics.
Therefore a practical lowpass filter can be used to restore the original modulating signal.
See Figure 8-8.

h
fu 2fy 3fy 4f,, 5fy 6fy fu

Figure 8-7 Results of sampling at 2fy.
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Figure 8-8 A more practical sampling rate.

The restoration of the modulating signal from the PAM waveform by a lowpass filter
is shown in Figure 8-9. This is similar to the action of the filter capacitor in an AM
detector.

Aliasing distortion occurs when the sampling rate is lower than the sampling theorem
allows. The effect on the resulting spectrum is shown in Figure 8-10.

PAM INPUT :

RECONSTRUCTED
WPASS
,';,?_TER AUDIO OUTPUT
Figure 8-9 Restoring the sampled waveform.
Av
ALIASING DISTORTION
! |
! |
fo =t fm fs 2fs 3f

Figure 8-10 Aliasing distortion spectrum.
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Conclusion

The sampling theorem demonstrated the minimum requirements for transmitting sampled
information. This theorem is contained in the subject of information theory. Information
theory is in itself a complete field of knowledge with many useful applications.

8-2 Review Questions

1. Describe the process of sampling as used in electronic communications.

2. What is an advantage of taking as few samples as possible of a modulating wave with-
out distortion?

3. State the sampling theorem.

4. Explain aliasing distortion. Give an example.

5. State why a practical sampling rate is usually slightly more than the sampling theorem

requires.

When sampling, what is a guard band? Why is it used?

7. Describe the action of a lowpass filter in regard to restoring the modulating frequency
of a PAM signal.

o

PULSE AMPLITUDE MODULATION

Discussion

Pulse amplitude modulation (PAM) is the most direct form of pulse modulation. In this
sampling process, the amplitude of the pulse varies in proportion to the amplitude of the
modulating signal.

Types of PAM

The two general types of pulse amplitude modulation are dual polarity and single polarity.
Both are shown in Figure 8-11.

The analog bilateral switch is an IC circuit that uses electronic (nonmechanical) switches.
Practical methods of generating PAM can use this type of switch. An example is a
4016 IC. This chip contains 14 pins and is shown in Figure 8-12. Note that there are four
separate electronic switches. Each switch has its own separate control. For example, the
switch between pins 1 and 2 is controlled by an input voltage on pin 13.

Using the analog switch to create PAM is shown in Figure 8-13.

Demodulation

To demodulate PAM, a lowpass filter is used. The slope of the filter must be steep enough
to pass the highest modulating frequency and to eliminate the lowest sampling frequency
component. This means that the filter’s cutoff must fall well within the guard band of the
particular PAM system.

Pulse amplitude modulation is transmitted over wire, or it can modulate a carrier wave.
When carrier wave modulation is used, PAM is very susceptible to noise. Thus PAM is
not the most popular form of pulse modulation.




Chapter 8 Pulse Communication Techniques 223

DUAL-POLARITY OUTPUT ! SINGLE-POLARITY OUTPUT
ANALOG BILATERAL
SWITCH
INPUT INPUT PAM
SIGNAL PAM SIGNAL
» P M
output |0V OUTPUT
FLUCTUATING
DC

A =y —

SAMPLING
RATE

SAMPLING
RATE

AAA
\AA4
AAA
A\ A AL

|
|
I
|
|
I
I
I
I
|
|
I
I
I
I
I
|
I
I

=

||F

Figure 8-11 Generation of PAM waveform.
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Figure 8-12 CMOS analog switch.
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Figure 8-14 Sampling system transmitter.
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CLOCK

COUNTER

Time-Division Multiplexing

Pulse amplitude modulation allows more than one signal to be transmitted at a time. This
concept is called time-division multiplexing (TDM). Figure 8-14 shows a possible sampling
system using the 4016 analog switch. The system allows four separate channels of infor-
mation to be multiplexed and transmitted over a single output. The system consists of four
AND gates controlled by a 2-bit binary counter. When the counter is at 00,, AND gate
A is activated, thus closing switch A. When the counter is at 01,, the only AND gate
activated is B, which closes switch B. Thus only one switch at a time is activated and a
time-division multiplexed signal appears at the output.

How fast the sampling takes place is determined by the frequency of the clock that
controls the binary counter.

A sampling system receiver is shown in Figure 8-15. The receiving time-division
multiplexing system is similar to the transmitter. Here, the received signal is switched
between the proper channels by another 2-bit binary counter, which is controlled by the
AND gates in the same manner as the TDM transmitter. For this system to function prop-
erly, the transmitter clock must be synchronized with the receiver clock.

4016
®
1 2 :> CHANNEL A
®
:> 3 e 4 :> CHANNEL B
©
INPUT D e :> CHANNEL C
10 @ 1 :> CHANNEL D

_FLI'LI'L:>-1 | 60

2-BIT BINARY | CP

5@
Q4 Qo [

A

Figure 8-15 Sampling system receiver.
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Conclusion

This section showed practical circuits that could be used to generate PAM. You also learned
some of the limitations of pulse amplitude modulation (PAM) and some more information
about time-division multiplexing (TDM).

8-3 Review Questions

1. Describe PAM.

2. Explain the difference between dual-polarity PAM and single-polarity PAM. Describe
a generalized circuit that can be used to generate each kind.

Discuss the operation of an IC switch.

Describe the process of TDM. Why is it used?

What is the main disadvantage of PAM?

Explain how an integrated switch can be used to multiplex signals.

Describe a generalized circuit for a four-channel TDM receiver.

NoLsw

8-4

PULSE DURATION MODULATION

Discussion

This section introduces you to the concepts of pulse duration modulation (PDM). Pulse
duration modulation is in the class of pulse time modulation (PTM), where some time
variation of the pulse rather than the amplitude is affected by the modulating signal. In
the next section, you will see the other method of PTM called pulse position modulation
(PPM). PAM, PDM, and PPM are equivalent to AM, FM, and PM (phase modulation).

General Idea

In pulse duration modulation (PDM), some aspect of the duration of the pulse represents
the information about the modulating signal. Figure 8-16 shows the three types of pulse
duration modulation.
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©)
LEADING-EDGE | L1
PDM A N I |

Figure 8-16 Three types of PDM.
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Figure 8-16(A) shows a symmetrical PDM waveform. In this case, both the leading
and trailing edges of the pulses are varied according to the amplitude of the modulating
signal. Note that when the modulating signal is at zero, the width of the pulse is at a
“reference” width. Thus, as the amplitude of the modulating signal goes positive, the pulse
width increases; and as the amplitude of the modulating signal goes negative, the pulse
width decreases. It is important to note that the spacing between the centers of the pulses
remains constant.

Trailing-Edge PDM

Figure 8-16(B) shows trailing-edge PDM. In this kind of sampling, the trailing edge of
the pulse varies in accordance with the amplitude of the modulating signal. Note that the
leading edges of the pulses remain at a fixed rate relative to each other. Therefore the
timing between each leading pulse edge is constant.

Leading-Edge PDM ,

Figure 8-16(C) shows leading-edge PDM. Here the leading edge changes in accordance
with the amplitude of the modulating signal. Note that the trailing edge of each pulse is
fixed, and the timing between the trailing edges is constant.

Generating PDM

Figure 8-17 shows a method of generating PDM. There are two signals: a sawtooth wave
and the modulating signal. Both are combined in a linear amplifier (one that does not
produce distortion). Recall from Chapter 3 that when two signals are added this way the
result is the waveform in Figure 8-17.

ov
MODULATING
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: [\ ' ) COMPARATOR
: +V
——

V‘+ +V
SUMMING _||.I II u ”l " " "

NETWORK PWM OUTPUT
q a n ” n a p r »l— )

TRIANGULAR
WAVE

Figure 8-17 Method of generating PDM.
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The next circuit in the PDM generator is a comparator. This circuit will produce an
output voltage of either +V or zero volts and nothing in between. That is, if the voltage
at its (+) terminal is more than the voltage at its (—) terminal, then the output will be
+V. This condition is called saturation because the output signal cannot get any larger
than +V. If the voltage at its (+) terminal is less than the voltage at its (—) terminal, then
the output will be zero volts. This action is shown in Figure 8-18.

If the reference voltage at the (—) terminal of the comparator is increased to +1V,
then the output of the comparator will not saturate until the input signal is greater than
+1 V. At values less than +1 V, the input signal keeps the comparator output at zero
volts.

To produce symmetrical PDM, a triangular wave was used as the sampling waveform.
Figure 8-19 shows how leading-edge and trailing-edge PDM are produced.
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OUTPUT VOLTAGE
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Figure 8-18 Action of a comparator.
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Figure 8-19 Producing leading- and trailing-edge PDM.

PDM Demodulation

A simplified method of demodulating a PDM signal is shown in Figure 8-20. The input
PDM signal is differentiated and fed into a positive-peak clipper and a negative-peak clip-
per. The resulting two waveforms operate a ramp generator, which produces an ideal
sawtooth output while it is on. When the off input of the ramp generator is activated, its
output returns to zero. This is similar to the action of an RS flip-flop. The difference is
that the output is a sawtooth whose amplitude is proportional to the amount of time be-
tween an on input condition and an off input condition. '

The resulting sawtooth is effectively an AM wave that is fed into a lowpass filter or
integrator. The resulting waveform is a close reconstruction of the original modulating
signal. ’ ’
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Conclusion

In this section, you saw how a PDM signal was created and demodulated. The advantage
of PDM is similar to that of FM—a more noise-free reception. In the next section, you
will learn the other aspect of time-division multiplexing (TDM) called pulse position mod-
ulation (PPM).

8-4 Review Questions

Explain the difference between PAM and PDM.

What is the relationship between PTM and PDM?

Name the three types of PDM.

Describe the action of a comparator.

Describe a method of producing symmetrical PDM.

Explain the difference between producing leading-edge PDM and trailing-edge PDM.
Describe the results of differentiating a square wave.

What is a clipper? What is the difference between a positive-peak clipper and a
negative-peak clipper?

Explain the operation of a ramp generator.

. Describe a simple PDM demodulator.

PHAINE RN =
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8-5

PULSE POSITION MODULATION

Discussion

Pulse position modulation (PPM) is another form of pulse time modulation (PTM). In
PPM, the position of the pulse relative to a reference is changed in accordance with the
amplitude of the modulating signal. Pulse position modulation has less noise due to am-
plitude changes, because the received pulses may be clipped at the receiver, thus removing
amplitude changes caused by noise.

Typical PPM Waveform

Figure 8-21 shows a typical pulse position modulation (PPM) waveform. Note the ref-
erence train of pulses. The PPM pulses are measured with respect to these reference pulses.
Observe that when the signal goes positive, the modulated pulses fall behind the reference
pulses. When the signal goes negative, the modulated pulses start before the reference
pulse. As you will see in this section, this is not the only form of PPM. The criterion for
PPM is that the position of the pulse be changed by the amplitude of the modulating wave.

Producing PPM

A method of producing PPM is shown in Figure 8-22. The modulating signal is first
converted into PDM. Then the PDM signal is fed into a differentiator. The time constant
of the differentiator is such that positive and negative “spikes” are produced on the output.
This is then set to a positive-peak clipper. Recall from the last section that a positive-
peak clipper is a circuit that effectively removes the positive parts of the differentiated
waveform. The resulting waveform triggers a one-shot flip-flop. This circuit goes “true”
(+5 V) for a predetermined amount of time and then returns to its “false” (0 V) state.
This circuit is also referred to as a monostable multivibrator.
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Figure 8-21 Typical PPM waveform.




232 ELECTRONIC COMMUNICATIONS

_'__IPRAI—L Jﬁ/ ~N— Y JUIL

PPM
MODULATING out
SIGNAL

/\ PDM POSITIVE 1y | ONE-sHOT

> FIF

\/ —> coNVERTER [ DIFFERENTIATOR |-  PEAK

INPUT )

CLIPPER

Figure 8-22 A method of producing PPM.

Figure 8-23 shows the relative position of the various signals in the development of
PPM. Note that the PDM is trailing-edge modulation. This makes the leading edge fixed,
which in turn makes the positive part of the differentiated waveform unchanged by the
modulating signal. Thus, the positive portion of the differentiated wave is clipped. The
resulting negative portion of the differentiated wave contains the information about the
modulating signal in terms of its relative position. The one-shot causes pulses of equal
duration to appear on the output. The position of the resulting pulse now carries the in-
formation about the modulating signal.

PPM Demodulation

Figure 8-24 shows a typical PPM demodulator. The received PPM signal is first sent to
a limiter, which removes any amplitude variations due to noise. Reference pulses along
with the PPM pulses are used to control the output of a flip-flop. The flip-flop output is
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Figure 8-23 Relative position of PPM signals.
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Figure 8-24 Typical PPM demodulator.

now proportional to the amount of time between the reference pulses and the PPM pulses.
The resulting signal is now PDM. This signal is sent to a PDM-to-PAM converter (this
circuit was explained in the last section). A lowpass filter is then used to reconstruct the
original modulating signal. Figure 8-25 shows the time relationships of the resulting

waveforms.
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Figure 8-25 Resulting waveforms in PPM demodulation.
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Conclusion

This section concluded the major ways of producing pulse modulation. In the next section,
you will be introduced to digital modulation.

8-5 Review Questions

Explain how information is transmitted using PPM.
What is the relationship between PPM and PTM?
Define reference pulses. How are they used in PPM?
Describe the process of producing PPM.

What is a monostable multivibrator?

Describe the process of PPM demodulating.

SUNh L=

8-6

PULSE CODE MODULATION

Discussion

Pulse code modulation (PCM) is a form of digital communications. The amplitude of the
modulating signal is converted into a digital code (it could be a binary number that rep-
resents the signal amplitude). This process is similar to the action of an analog-to-digital
converter (A/D converter) where the amplitude of the analog signal is converted into a
digital code. Analog-to-digital converters are discussed in Chapter 9.

On the receiving end, PCM can now be reconstructed into the original modulating
waveform. But it doesn’t have to be. Since the transmission is a digital code, this digital
code can be processed at the receiving end by a computer, thus producing a wide variation
of signals based upon the original modulating signal. This process is the essence of digital
sound recordings, where noise can be removed by computer software rather than by hard-
ware. The difference is that ideal hardware can be represented by software when it is not
possible or economically feasible to obtain such hardware.

Quantized Pulses

In PCM, the pulses result from sampling the modulating waveform. In essence, the mod-
ulating waveform is “sliced” into small units or quantized. These quantum points are then
converted into a binary code that represents the amplitude of the waveform at that point.
Figure 8-26 illustrates the process.

In the figure, the sine-wave amplitude is 7 volts. Each sampling point is taken at equal
intervals. These points represent the quantizing points of the waveform. Observe that these
quantizing points are similar to PAM, but these amplitudes are not continuous they are
quantized. Note from the figure that the first quantizing point falls exactly at 3.5 volts.
Since the quantizing levels are expressed in whole numbers, the value of 3 (01 1,) is given
to this point. The next sampling point falls exactly at 5 volts; hence, the quantizing point
has a value of 5 (101,). The important point is that each quantizing level is equal to or
less than the actual value of the modulating wave at that sampling point.
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Figure 8-26 Quantizing the sine wave.

Quantizing Noise

Quantizing noise is the error or distortion introduced by PCM when the modulating signal
is not an exact value of the resulting binary code. Quantizing noise occurs when the mod-
ulating wave lies somewhere between two quantizing points in PCM. This problem can
be reduced by increasing the sampling points, but that would also increase the required
bandwidth of the system and the number of pulses required for each code. In some digital
sound recording systems, there are 65 536 quantizing points, which require 16 binary
places (1111 1111 1111 1111, = 65 535,y). Thus, in these systems, great accuracy can
be obtained, and the effect of quantizing noise minimized. Compare this with the example
here of using only eight quantizing points (O through 7).

PCM Coding

Figure 8-27 shows the resultant binary code of the quantized wave of Figure 8-26. Each
portion of the wave is converted to a binary number that represents the final wave. Since
there are eight levels of the wave, 3 bits are needed, 000, to 111,, giving a range from
0 to 7 volts. The resulting pulse code along with the quantized wave is shown in Figure
8-28.

In practical systems, an 8-bit code is usually used for PCM along with a sync or
reference pulse. Using an 8-bit code reduces quantizing noise since it allows 256 quan-
tizing steps.

PCM Transmitter _

A PCM transmitter is an encoder. An encoder is a circuit that converts a signal into a
specified code. For the circuit in Figure 8-29, an analog-to-digital converter converts the
incoming analog (continuously changing) modulating signal into a digital (discrete) signal.
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Figure 8-27 Quantized wave coding.
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Figure 8-28 Resulting PCM. waveforms.

This PCM encoder circuit is sometimes called a flash converter, because the input
signal is easily converted into a binary number code. The circuit consists of three differ-
ential amplifiers that have either a 0-V (false) or a +5-V (true) output, depending on the
level of the input signal (which varies between 0 and +3 V). The outputs of these dif-
ferential amplifiers operate the logic circuity consisting of an exclusive NOR gate and two
AND gates. The resulting logic output is a binary number representation of the input signal.
Thus, the modulating signal is quantized, and PCM is achieved.
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PCM Demodulator

A PCM demodulator is shown in Figure 8-30. The PCM demodulator uses the 4016 analog
switch, AND gate decoders, and a serial-in—parallel-out shift register. The closure of each -
electrical switch produces a discrete output voltage determined by the values of each of
the individual voltage sources (these voltages could also have been achieved by a voltage
divider).

The 2-bit PCM signal is fed into the shift register, and the 2-bit ring counter activates
the parallel output so that the complete 2-bit PCM code activates the proper AND gate.

The resulting waveform is then passed through a lowpass filter where the original
modulating wave is restored. In this simplified system, quantizing noise is quite large.
The next chapter will present practical A /D (analog-to-digital) and D/A (digital-to-analog)
converters along with a practical serial-to-parallel register called the UART (universal asyn-
chronous receiver transmitter). The UART can be used to transmit and receive digital data.
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Figure 8-30 PCM decoder.

Companding

Companding is a process used to overcome two difficulties of PCM:

1. The uniform step size in quantization means that weak signals will have more quan-
tizing noise.

2. Signals with a large dynamic range (from very small to very large values) require many
encoding bits, which may not be practical for a particular system.

Both problems are illustrated in Figure 8-31.

Companding increases the number of quantization steps for small signals and de-
creases the number of steps for large signals. The method of companding is shown in
Figure 8-32. On the receiving end, a complementry expander is used to restore the com-

| panded signal.
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Conclusion

This section explained the concepts of digital modulation. Digital modulation techniques
can produce many unique waveforms based upon the original modulating signal. For PCM,
the modulating signals can be video or audio. Video and sound synthesizers can be pro-
duced, which can take pictures and sounds of “real” objects and transform them into
creations limited only by the imagination of the user and the system software.

8-6 Review Questions

Describe the main difference between PCM and other forms of pulse modulation.
Explain the basic function of a D/A converter.

Describe the essence of digital recordings.

What does quantizing a waveform mean?

Give an example of quantizing a sine wave.

What are some advantages of converting a signal into PCM?

Describe the action of a flash converter.

What is quantizing noise? How can it be reduced?

Describe the action of a PCM decoder.

What is the purpose of companding? Briefly describe the companding process.

CORXNAUN A W~
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DELTA MODULATION

Discussion

Delta modulation, in its simplest form, transmits just 1 bit per sample, and the polarity
of the bit indicates if the signal is larger or smaller than the previous sample. See Figure
8-33.
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Figure 8-33 Example of delta modulation,
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Advantages of Delta Modulation

Delta modulation is a form of PCM. Its advantages are

B Simplified encoding

M Simplified decoding

B Reduction of bits to be transmitted

B  Responds more rapidly to fast-changing signals (music and video)

Delta Modulation Transmitter

A simplified delta modulation transmitter is shown in Figure 8-34. It consists of an up-
down binary counter. When the up input is true, the counter counts up to large numbers
during each clock pulse, thus making the output voltage of the digital-to-analog converter
(D/A converter) larger. When the down input of the counter is true, it counts toward zero
with each clock pulse, thus making the output of the D/A converter smaller. The resulting
output of the D/A converter is a staircase waveform that follows the modulating signal.
The output of the comparator goes to a type D flip-flop. Every time the output of the
comparator is zero (meaning that the modulating signal is decreasing), the Q output goes
to O at the next clock. Every time the output of the comparator is +5 V (meaning that
the modulating signal is increasing), the Q output of the flip-flop goes to a +5 (or 1).
The output code is shown in Figure 8-34.

DELTA MODULATION
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—_—+
. »1 D Q J >
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Ll B \
ANALC m:> >
DOWN __ UP
DIGITAL-
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ANALOG UP-DOWN
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} } 111101000000101

CODE:
1="“UP”
UP COUNT ~ DOWN COUNT 0 = "DOWN
Figure 8-34 Simplified delta modulation transmitter.
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