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Preface

This book is about the analysis and design of the radio-frequency electronic
circuits that are the building blocks of radio transmitters and receivers. It
reflects the developments of the past decade, which have initiated an unprec-
edented growth in the use of analog radio systems for personal and business
voice communications. Continuing advances in solid state technology have
resulted in transmitters that are smaller, cheaper, and more reliable than ever
before. Parallel developments have occurred in the home entertainment radio
and television fields. As a result, radio engineers versed in the solid state art
are in demand.

Because of the rapid changes in radio technology, teachers of courses in
radio circuits have often had to rely on material that is scattered through
many different textbooks, technical journals, and application notes. This
volume meets the need for a comprehensive book on radio electronics.

Solid State Radio Engineering is unique because of its broad coverage of
both receiver and transmitter circuits and its illustration of theoretical
concepts with numerical examples from real circuits. Design that uses prac-
tical circuit elements instead of idealized mathematical models is
emphasized. The letter symbols used for semiconductor device currents and
voltages conform for the most part with IEEE Standard notation.

The last five chapters present for the first time in textbook form consider-
able information on RF power amplifiers. Currently, power amplifier design is
often accomplished by using cut-and-try techniques and rules of thumb. Often,
theoretical explanations of power amplifier operation are too complicated or
require too much time for a designer to use. This book brings these principles
to the student or practicing design engineer in a way that not only makes them
understandable but also makes them useful for design. The discussions in
Chapters 12 to 16 include not only accepted state-of-the-art technology, based
on bipolar junction transistors, but also VMOS RF power FETs, high-
efficiency techniques, envelope elimination and restoration, and other newly
emerging technologies that are expected to play significant roles in radio
engineering during the next decade.

This book is intended to be both a reference for the working engineer and
a textbook for senior-level students in electrical engineering and electrical
technology. A knowledge of complex algebra, Fourier series, and Fourier
transforms will enable its reader to handle the mathematics in the book. As an
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aid to self-study, practical design examples are included throughout. These
are reinforced by homework problems that are keyed to the corresponding
sections of the text.

The material presented is appropriate for either a two-semester or three-
quarter course sequence. For shorter course offerings, some chapters may be
omitted. For example, if receiving systems are of primary interest, Chapters 1
to 11 can be used. For transmitters, Chapters 1 to 8 and 12 to 16 (with the
possible omission of Sections 14-3 to 14-6) are recommended. If the students
have an adequate background in noise and modulation theory, Chapters 2 and
8 can be omitted. Prior knowledge of resonant impedance matching might
permit skipping all of Chapter 3, with the exception of Section 3-6, which is
used frequently in the following chapters.

A brief introductory chapter considers the concept of modulation and the
functions performed in a typical transmitter and receiver. It is followed by a
discussion of electrical noise because of its importance in the design of RF
amplifiers and mixers in receivers. Chapters 3 to 7 include the component
parts of receiver systems, and Chapter 8 provides the modulation theory
necessary for an understanding of the operation of AM, SSB, FM, and TV
receivers.

A thorough treatment of the design of narrowband, tapped resonant
circuits for impedance matching, as well as the use of tapped mutual in-
ductance circuits for both wideband and narrowband matching, is given in
Chapter 3. The design of small-signal, tuned amplifiers for maximum gain with
a specified degree of stability is considered next. This is followed by an
analysis of sinusoidal oscillations in LC and crystal oscillator circuits; and a
unique, laboratory-tested procedure is given for the design of a common-base
Colpitts oscillator for specified output.

A phase-locked loop will soon be included in nearly every radio receiver,
transmitter, and piece of test equipment. Hence, the simpler aspects of loop
operation are outlined in Chapter 6, along with the characteristics of the basic
loop components and some applications to communication equipment. This is
followed by analysis of diode, BIT, and FET mixer circuits.

Chapters 9 to 11 are devoted to receivers. Because design techniques are
changing constantly with the introduction of new integrated-circuit packages,
the fundamental signal processing in each type of receiver is stressed without
a detailed description of all possible circuits. Analysis of various types of AM
and FM detectors is found in the corresponding chapters, along with in-
formation on ceramic, crystal, and surface-acoustic-wave IF filters. The basic
principles of color picture transmission are given in Chapter 11, along with a
block-diagram explanation of the receiver circuitry. Although not directly
related to the subject matter of the book, this is the one piece of radio
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equipment that the student owns and uses every day. Furthermore, it in-
corporates most of the principles studied in preceding chapters.

Chapters 12 to 16 are organized by practice rather than theory. Thus Class
A and B amplification along with the broadband transformer and filter
networks normally used in SSB transmitters are discussed first. Similarly,
Class C and Class C mixed-mode power amplifiers and the discrete-element or
transmission-line matching networks normally used with them, are presented
together. Chapter 14 treats several types of high-efficiency power amplifiers
(Classes D, E, F, and S). Chapter 15 includes CW, FM, and AM transmitters,
since they have similar configurations. The last chapter examines single-
sideband and multimode transmitters, envelope elimination and restoration,
and other related techniques.

Herbert L. Krauss
Charles W. Bostian
Frederick H. Raab
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1 Radio

Communication
Systems

1-1 Introduction

This book is devoted to the analysis and design of the electronic circuitry
used in radio communication systems. It presumes that the reader is familiar
with audio-frequency amplifiers; hence the primary emphasis will be on radio
transmitter and receiver circuits. The transmitting and receiving antennas and
the propagation path between them are important parts of an overall system,
but a discussion of these elements is left to other texts.

Communication systems transmit information in the form of electrical
signals that represent speech, music, television pictures, scientific and busi-
ness data, and so forth. The waveforms of these signals are complex and
continually changing, but the frequency spectrum of the signals is usually
limited to a specified bandwidth either by the nature of the signal source or by |
filters in the transmitting equipment. Since many of these signals occupy a |
frequency band that extends downward to a few hertz, they cannot be |
transmitted in their original form over a common transmission path because it
would not be possible to separate them at the receiving end. A separate
transmission line or separate radio path for each signal would not be feasible
from either an economic or a practical standpoint. Hence the overall com-
munication system must provide a means for simultaneous transmission of a
number of signals either by shifting them into different parts of the frequency
spectrum or by sending samples of the signals on a time-shared basis.

The wavelength (1) in meters of a radio wave is given by c/f, in which c is



SR,

the velocity of light (3 x 10®* meters per second), and f is in hertz. (For RF
calculations it is convenient to remember that f in megahertz X A in meters =
300.) A radio antenna should have a physical size of one-half wavelength or
more for reasonable efficiency. Hence, as the transmission frequency is
increased, the physical size and cost of the antenna are reduced and its
efficiency increases.

1-2 Elements of a radio system

The process whereby the original message is converted into a new form
suitable for radio transmission is called modulation. The modulation process
causes some property—such as the amplitude, frequency, or phase—of a
high-frequency carrier’ wave to be deviated from its unmodulated value by an
amount proportional to the instantaneous value of the modulating (message)
signal. Thus the content of the original message is shifted to a portion of the
frequency spectrum in the vicinity of the carrier frequency. In the receiver
this process is reversed in a detector that recovers the original signal.

Figure 1-1 shows a simplified block diagram of a radio transmitter and
receiver in order to illustrate the signal processing that takes place. The
function of each block is explained below.

1. The source of the message signal may be a microphone, phono pickup,
television camera, or other device that transforms the desired information
into an electrical signal.

2. The signal is amplified and often passed through a low-pass filter to
limit the bandwidth.

3. The RF oscillator establishes the carrier frequency or some submultiple
of it. Since good frequency stability is required to keep the transmitter on its
assigned frequency, the oscillator is often controlled by a quartz crystal.

4. One or more amplifier stages increase the power level of the signal from
the oscillator to that needed for input to the modulator. Class C operation is
used wherever possible to obtain high efficiency. Tuning of the output circuits
to a harmonic of the input frequency results in “frequency multiplication™ so
that the final carrier frequency can be a multiple of the oscillator frequency.

5. The modulator combines the signal and carrier frequency components
to produce one of the varieties of modulated waves discussed in Section 1-3.
In the simplified system shown in Fig. 1-1 the output signal spectrum lies in
the vicinity of the desired RF carrier frequency. In many transmitters a
second oscillator and mixer (similar to blocks 10 and 11) are inserted between

'The ‘“‘carrier” may be a sinusoidal wave or a train of pulses.

2 | Radio Communication Systems
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blocks 5 and 6 in order to shift the modulated wave to a higher-frequency
range.

6. Additional amplification may be required after medulation to bring the
power level of the signal to the desired value for input to the antenna.

7. The transmitting antenna converts the RF energy into an electromag-
netic wave of the desired polarization. If a single (fixed) receiver is to be
reached, the antenna is designed to direct as much of the radiated energy as
possible toward the receiving antenna.

8. The receiving antenna may be omnidirectional for general service or
highly directional for point-to point communication. The wave propagated
from the transmitter induces a small voltage in the receiving antenna. The
range of amplitudes of the induced antenna voltage may be from tens of
millivolts to less than 1 microvolt, depending upon a wide variety of con-
ditions.

9. The RF amplifier stage increases the signal power to a level suitable for
input to the mixer and it helps to isolate the local oscillator from the antenna.
This stage does not have a high degree of frequency selectivity but does serve
to reject signals at frequencies far removed from the desired channel. The
increase in signal power level prior to mixing is desirable because of the noise
that is inevitably introduced in the mixer stage.

10. The local oscillator in the receiver is tuned to produce a frequency fio
that differs from the incoming signal frequency frr by the intermediate
frequency fir; that is, fio can be equal to frr+ fir OF fre— fir-

11. The mixer is a nonlinear device that shifts the received signal at fgr to
the intermediate frequency fir. Modulation on the received carrier is also
transformed to the intermediate frequency. '

12. The IF amplifier increases the signal to a level suitable for detection
and provides most of the frequency selectivity necessary to ‘“‘pass” the
desired signal and filter out the undesired signals that are found in the mixer
output. Because the tuned circuits in blocks 11 and 12 always operate at a
fixed frequency (fir), they can be designed to provide good selectivity.
Ceramic or crystal filters are often used.

13. The detector recovers the original message signal from the modulated
IF input.

14. The audio or video amplifier increases the power level of the detector
output to a value suitable for driving a loudspeaker, a television tube, or other
output device.

15. The output device converts the signal information back to its original
form (sound waves, picture, etc.).

In addition to the desired signal that is processed by the receiver, electrical
noise is added in the transmission path, and is generated within the RF

4 | Radio Communication Systems



amplifier, local oscillator, mixer, and so forth. The block diagrams shown in
Fig. 1-1 are for illustrative purposes only. In practice, so many variations in
transmitter and receiver systems are encountered that no single block diagram
could even be considered typical. The general layout of receivers or trans-
mitters for particular applications will be discussed in detail in later chapters.

1-3 Modulation

To extend the concept of modulation introduced in the previous section, the
basic definitions of commonly used types of modulation will be given here.
Let the voltage of an unmodulated carrier wave be given by

v(t) =V, sin(wt + ¢) = V. sin 6(t) (1-1)

in which w, is the carrier (radian) frequency, V. the amplitude, and ¢ an
arbitrary phase angle.

Amplitude Modulation

In an amplitude-modulated (AM) wave, the deviation of the amplitude V.
from its unmodulated value is proportional to the instantaneous value of the
modulating wave. In other words, if the modulating signal is F(t), the carrier
amplitude must vary in time according to the expression

Ve(t) = V[l + mF(1)] (1-2)

in which m, is the modulation factor. The value of m,F(t) cannot exceed
unity without introducing distortion. Figure 1-2a illustrates a modulating
signal F(t), and the corresponding amplitude-modulated wave is shown in Fig.
1-2b. Note that the envelope of the AM wave [given by (1-2)] has the same
shape as the modulating signal.

Angle Modulation

In angle modulation, the angle 8(¢) in (1-1), rather than the amplitude, is
varied from its unmodulated value by the modulating signal. Phase and
frequency modulation are particular forms of angle modulation. In phase
modulation (PM), the angle 8(t) in (1-1) is made to vary proportionately to the
modulating signal F(t). In frequency modulation (FM) the instantaneous
frequency,

do(o)

o(t) ==

Modulation | 5
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is caused to vary from its unmodulated value in a manner proportional to
F(t). In both cases the amplitude of the wave remains constant. Figure 1-2
illustrates AM, FM, and PM waves resulting from a triangular modulating
signal.

Pulse Modulation

In pulse modulation systems, the “‘carrier” consists of a train of pulses that
can be modulated in amplitude, repetition frequency, or spacing in a manner
completely analagous to the AM, FM, and PM waves previously discussed.
The sampling theorem shows that the continuous transmission of a message
signal is unnecessary—it can be reconstructed completely from samples taken
at a rate at least twice the highest frequency present in the signal. Thus, for a
signal that is bandlimited to 4kHz, a modulated pulse train with a mean
repetition frequency of 8 kHz is sufficient and the pulses can be of arbitrarily
short duration.

In pulse code modulation, each sample is represented by a set of seven or
more pulses (or spaces) that represent a binary code for the sample amplitude.
This system has greater immunity to noise at the expense of higher pulse
repetition rates and greater bandwidth.

1-4 Frequency and Time Multiplexing

The modulated pulse train produced by any of the foregoing methods is still
of relatively low frequency. For radio transmission, this pulse train forms the
modulating signal that in turn modulates (by AM, FM, etc.) a high-frequency
carrier.

In frequency-division multiplexing (FDM) the modulating process shifts
the signal to a portion of the frequency spectrum in the vicinity of the carrier
frequency. Since the portion of the spectrum to be utilized is determined by
the carrier frequency, different signals can modulate carriers of different
frequencies and all of them can be transmitted simultaneously. The receiver
can choose the desired signal band by means of selective filters. This is done,
for example, in AM, FM, and TV broadcasting, and in long-distance carrier-
telephone systems. _

Time-division multiplexing (TDM) is an alternate process in which a
number of signals are transmitted over a common facility by letting the
signals occupy the same frequency band on a time-sharing basis. This method
is used with pulse modulation systems. The individual “samples” of a given
signal are of sufficiently short duration that the time between samples can be
used to transmit other signals. In such systems the transmitter is switched or

Frequency and Time Multiplexing | 7



commutated to each signal channel sequentially. The receiving system must
then be switched in synchronism with the transmitter to separate the various
signals prior to final demodulation.

1-5 Comparison of Modulation Systems

Each of these modulation systems has its good and bad features. Amplitude
modulation utilizes the simplest detectors and requires the least bandwidth
(particularly if only one sideband is transmitted). However, it has the lowest
immunity to noise and both transmitter and receiver circuitry becomes more
complicated if single-sideband transmission is used.

Wideband frequency modulation employs simpler transmitter circuitry and
provides much better rejection of noise and intérfering signals than AM. It
requires a bandwidth approximately five times that of a comparable AM
signal, however. Pulse code modulation (PCM) provides even better trans-
mission in the presence of noise but requires a further increase in circuit
complexity and bandwidth. The choice of a particular technique depends
upon the communication system requirements.

8 |/ Radio Communication Systems
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10 FM and PM

Receivers

Receivers for FM and PM differ from their AM counterparts in that they have
(1) larger IF bandwidths, (2) amplitude limiters, (3) frequency or phase
detectors, and (4) stereo multiplex capability. Except for the increased
bandwidth (200 kHz for broadcast FM, less for other services), the front-end
design is the same as for AM receivers.

10-1 IF Amplifier Systems

The wide bandwidths required by angle-modulated signals and the necessity
for amplitude-limiting the IF signal before detection (because most detectors
respond both to amplitude and frequency or phase variations) once neces-
sitated such specialized design techniques as stagger-tuned transformers and
multiple-stage limiters in FM IF systems. The present availability of low-cost
wideband integrated-circuit (IC) amplifiers and crystal or ceramic filters that
outperform discrete-component IF strips has obviated the need for such
techniques; hence the following discussion is restricted to IC system design.

The IF frequencies (or the last IF frequency in the case of multiple-
conversion systems) are usually higher than in AM receivers; for example, the
most common IF frequencies are 10.7 MHz for FM and 455 kHz for AM. The
larger bandwidth required for FM dictates a higher IF frequency in order to
ease the design requirements on the IF filter. This filter should have a sharp
cutoff in order to reject adjacent channel signals, but at the same time to

295
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avoid distortion it must exhibit phase linearity (vs. frequency) in the pass-
band.

Phase distortion in an FM or PM system is the counterpart of amplitude
distortion in an AM system. It arises when the relative phase relationships
between the FM carrier and sidebands are altered and it hampers accurate
recovery of the modulating waveform [1]. If the overall IF system (tuned
circuits, filters, and amplifiers) has a transfer function whose phase decreases
linearly with frequency, it will amplify FM signals without phase distortion.
This may be shown mathemalically [2]; intuitively, it may bc argued that a
network with a lincarly decreasing phase characteristic simply introduces a
frequency-independent time delay and thus passes the FM carrier and side-
bands without changing their relative phases.

Unfortunately, there are no convenient formulas to relate phase non-
lincarity between the antenna and the detector to the distortion produced in
an FM receiver. The designer seeks as linear a phase characteristic as can be
justified economically and may achieve it by using components whose phase
nonlinearities cancel cach other. Phase distortion is obviously a more serious
problem to the manufacturer of a high-quality home entertainment receiver
than it is to the manufacturer of a taxicab radio.

A typical IF system (Fig. 10-1) consists of an LC tuned circuit, an
integrated circuit amplifier, a crystal or ceramic IF filter, and either a detector
or a second IF amplifier and then a detector. Hard limiting is achicved by
driving the last amplifier stages into saturation and cutoff for all IF signals
within the intended dynamic range of the receiver. The result is that the signal
fed from the last IF amplifier into the detector is a frequency-modulated
square wave.

Most commercial FM detectors are included in IC packages that also
contain several stages of IF amplification. The detector specifications pub-
lished by the manufacturer list the input voltages required for a variety of
output characteristics such as decibels of quieting, SNR, recovered audio
output, and limiting. The minimum input power requircd for satisfactory
detector operation and the input power available from the antenna under the

Fig. 10-1 Block diagram of an IC IF system.

From IF. o Baqdpass (- IE _ 5 Detector
1nixer I amplifier lilter amplifier
To
audio
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—
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3= Fig. 10-2 Block diagram of an FM receiver.
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a desired minimum-signal conditions determine the overall gain required be-
a tween the antenna terminals and the detector. The designer must apportion
e- this gain between the RF amplifier, the mixer, and the IF system.
As an example of the calculations involved in the preliminary design of an
n- FM receiver IF system consider the block diagram in Fig. 10-2. Assume that
in the minimum signal to be received will deliver 2V into a 300-ohm RF
e amplifier input resistance and that a detector IC has been chosen which
3€ requires 1 mV into 40 kQ for full limiting. The detector is to be preceded by a
18 ceramic filter requiring 700-ohm source and load resistances and having a
er 6-dB insertion loss. Under full limiting conditions the detector receives
2.5 x 10-"' W and the filter-terminating resistor draws 1.429 x 10° W. The total
n power output from the filter is 1.454 X 10° W; if a 6-dB conversion loss is
or assumed, the IF stage must deliver 5.787 X 10° W. The power input to the RF
y amplifier is 1.333 X 10"“ W, and the overall antenna terminals to IF filter gain
s required is 56.4 dB. Since commercial IF amplifier ICs are capable of about
al 40-dB gain, a conservative 10 to 15-dB gain each may be allotted to the RF
: amplifier and to the mixer.
SO
b; 10-2 FM Detector Characteristics
0
io Basically, an FM detector is a circuit whose output voltage is proportional to
ry the difference between a reference frequency and the frequency of an input
he signal. Normally, the detector is adjusted so that the output voltage has the
same magnitude, but opposite polarity, for input frequencies equally spaced
above and below the reference. The transfer characteristic of an ideal FM
detector is shown in Fig. 10-3. The characteristic of a real detector has finite
.~ frequency and voltage limits and is not perfectly linear.
o
&s Analysis of a Generalized FM Detector

Those FM detectors that include tuned transformers function as a frequency-
to-amplitude converter driving a conventional AM envelope detector and a
low-pass filter. Although this also at least partially describes the phase-locked
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Fig. 10-3 Transfer characteristic of an ideal FM detector.

Output
voltage
= Input
=
. f
Design center regseng
frequency

loop (PLL) detector, other circuits discussed in this chapter develop a train of
pulses whose width is proportional to the input frequency and then integrate
the pulse train to recover the modulation envelope. Nevertheless, all of these
detectors have the same kind of transfer function, and the analysis to follow
will illuminate the common characteristics of them all.

Following the approach of Taub and Schilling [3], and working in the
frequency domain with the notation of Fig. 10-4, the frequency-to-amplitude
wansfer function H (jw) is given by

. Vilj) |
H(jo) = jow = V(i) (10-1)

in which o is a constant. In the time domain, (10-1) implies that

vt) =0 jd_l%:ﬂ (10-2)
and the frequency-to-amplitude converter functions as a time-domain
differentiator. The proportionality in (10-1) of output voltage to input
frequency causes white noisc in the upper part of the IF passband to produce
correspondingly greater output than noise in the lower part. (See also the
discussion in Section 8-7.)

If a signal with fixed amplitude A, carrier frequency wo, and variable phase

angle 9(¢t) such that
v,(t) = A cos [w,t + 0(1)] (10-3)

Fig. 10-4 Representation of an FM detector.

Frequency -—+——0
* to +¢‘ Envelope + Low-pass +
o amplitude _"i?‘ detector _”l3 filter Va
vertel
—— converter
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is applied to the converter, the output will be

vy(t) = — aA[wo + %] sin [wot + 6(1)] (10-4)
With input v,(t), the envelope detector output is
v4(t) = cAw, + A % (10-5)

The first term in (10-5) is a dc component that will be filtered out along with
oA(dé/dt) components above the maximum modulating frequency. In an FM
signal with modulating voltage v,(¢t) and modulation index my,

0(t) = my f v (t) dt (10-6)
of . .
te and the alternating component of wv;(t) is equal to cAmu,(t). Thus the
se modulating waveform v,(t) is recovered.
W
Response to Interference and Noise
gz When either noise or an interfering signal is present along with a wanted

signal at an FM detector input, the SNR determines the nature of the detector
output. For a given modulation index and detector type, a threshold SNR
-1) exists. So long as the input SNR is above this threshold, the output SNR will
be significantly greater than the input SNR. Since the bandwidth of the IF
signal at the detector input is larger than the bandwidth of the audio signal at
the detector output, the SNR improvement with detection is commonly

-2) described as “trading bandwidth for SNR.” It comes about because (1) signal

power in the entire signal bandwidth contributes to the output signal power,
in but (2) only noise power within plus or minus the highest modulating
yut frequency of the carrier contributes to the output noise power. Hence, above
ice threshold, if the highest modulating frequency is fixed and the modulation
he index is increased, the output signal power will increase but the output noise

power will not. However, raising the modulation index will raise the detector
ase threshold and ultimately the input SNR will fall below threshold. Below

threshold the output SNR improves with decreasing modulation index and IF
-3) bandwidth. This behavior resembles that of an AM detector. Figure 10-5

illustrates the general threshold behavior of a hypothetical FM detector.

The threshold sets the ultimate sensitivity limit of an FM detector, and
considerable effort has been devoted to development of detectors with the
lowest possible threshold. At present, one of the lowest thresholds is offered
by the phase-locked loop [4].

The improvement of SNR with detection above threshold is responsible
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Fig. 10-5 Threshold in an FM detector.
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for the phenomenon called capture, in which only the stronger of two or more
interfering signals is audible at the receiver output. If the ratio of desired to
undesired signal is sufficiently high at the detector input, it will be so much
higher at the output that the undesired signal effectively disappears. This
behavior is in sharp contrast to AM systems, in which annoying interference
can result even with a large ratio of desired to undesired signals. With today’s
crowded spectrum, the capture effect is one reason that mobile radio com-
munications use FM.

Capturc is measured by a quantity called the capture ratio. For practical
purposes this is essentially the ratio in decibels of wanted to unwantcd signal
that will cause a 30-dB suppression of the unwanted signal. The formal (and
exact) definition gives the capture ratio of an FM receiver as the result of a
complicated measurement process in which the suppression of the signal from
one signal gencrator by the signal from a second signal generator is observed
at a series of standard input levels. The reader who needs to make caplure
ratio measurements should consult [5]. Typical values for good-quality home
entertainment receivers lie between 1 and 2 dB.

Capture is responsible for an effect called quieting, where the audible
noise output from an FM receiver decreases sharply or vanishes entircly with
the appearance of a sufficiently strong input signal. What happens is that the
large increase in postdetection SNR, which occurs above threshold, makes
the output signal so much stronger than the noise that the noise is no longer
heard.

Quieting may be described mathematically [1] by representing the noise
input to the FM detector as a phasor with random amplitude and phase.
Sudden phase and instantaneous frequency changes by this noise voltage
produce audio noise at the detector output. When a signal is present, the input
voltage to the detector can be represented as the phasor sum of the signal plus
noise; when the signal amplitude 1s greater than the noise amplitude the phase
and instantaneous frequency changes of the compositc waveform are much
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smaller than those of the noise alone and very little noise is present at the
detector output.

The quieting sensitivity of an FM receiver is defined as the unmodulated
carrier amplitude measured in microvolts rms that produces a specified
reduction in output noise over the output noise present under no-signal
conditions. A quieting sensitivity specification for a typical narrow-band FM
receiver would be 0.5 microvolts for 20-dB quieting; a broadcast receiver
might require 1.7 microvolts for 30-dB quieting.

10-3 Practical Detectors

nore FM detectors have existed for over 40 years, and many detector circuits have
«d to been manufactured that emphasize the technology available at a particular
auch time. In vacuum-tube days, active devices were expensive, bulky, short-lived,
This and hot, and engineers designed FM receivers around circuits that required
ence the fewest possible active components. Thus the earlier Foster-Seeley dis-
lay’s criminator was later supplanted in many applications by the ratio detector,
com- since the ratio detector was less sensitive to amplitude variations in the
incoming signal and could tolerate IF amplifiers with fewer stages. With the
stical advent of ICs, the economics of detector design were reversed and active
ignal devices became much cheaper to produce and package than tuned circuits;
(and hence the design goal became one of eliminating inductors and transformers
of a whenever possible. This effort was encouraged by the availability of ICs with
from hard-limiting IF stages, since the older tuned-transformer detectors could not
srved demodulate a frequency-modulated square wave.
pture Which FM detector should be selected for a particular application? There
10me seems to be no consensus among design engineers in industry at present.
Some manufacturers are still using ratio detectors and discriminators; others
dible have gone to fully digital detectors, and still others are using quadrature
with detectors or phase-locked loops. Although from an academic point of view it
1t the would seem that digital detectors are the simplest to install and align and that
1akes phase-locked loops offer the best weak-signal performance, economic
nger arguments (particularly the cost of retraining service personnel) and personal
and corporate feelings about achievable levels of AM rejection and distortion
noise play important roles in today’s market. For this reason this chapter will
hase. describe a variety of detectors, some of which may seem obsolete to acade-
>ltage mic readers and others of which may seem unproved to designers in industry.
input
1 plus
phase
much
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Discriminators

The basic Foster-Seeley discriminator shown in Fig. 10-6 uses a frequency-
sensitive phase shift to demodulate FM. To analyze its operation, consider
first the voltage relationships in the coupled circuits L,C,— L,C, of Fig. 10-7.

If the impedance coupled into the primary circuit is negligible in com-
parison with the primary self impedance,' then the primary current I; will be

Il—_—‘Vl

= oL, (10-7)

The voltage induced in the secondary by I is jwMI,; at the secondary
resonance frequency o, the secondary current will be

— jwaIl = M L
L= ~R, " L.R, (10-8)
The voltage across the capacitor is
2V2 . j(UCCQI;_ (10'9)
therefore,
_ jmcclM :
Vz_____ZLfRz Vi (10-10)

Fig. 10-6 The Foster-Seeley discriminator.

i
+ +
= . .
Lz V2 pes— C2 Co -~ Ro Va
. ) = o
i SN Vo
Cc " RFC = -
V2 CO Rg Vb
Last IF stage

b4
I——l

F

This condltlon will be mel in practice; see [6, p. 607].
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Fig. 10-7 Circuit used to illustrate phase relationships in the Foster-Seeley
discriminator. The resistors shown represent the internal resistance of
the coils.

2

CimE

\1

=y

and at resonance V, leads V, by 90° as in Fig. 10-8a. At frequency w slightly
different from w,,

V, = }ﬂ)CgM x V] z](ﬂCgMV[
27 2L\R, T 1+ (1/R)[jwLy + (1/jwC5)] 2L \R,
X{I—Ri[ijerj;lb—zJ} (10-11)
2

and the phase angle between V| and V, is given by

Vo _ (-w_Lz_1>_ —1(w_14_1) _
Arg(Vl)—Arg] R, oGR, = cot R,  oCR, (10-12)

Then if
w=w+Aw (10-13)
the phase angle formula reduces to
7)ot (7)o (52) -
Arg (V1 cot R, cot o (10-14)

where Q is the Q of the secondary circuit. For Aw >0 (0 > w.) the angle is
less than 90°, and for Aw <0 (w < w.) the phase angle is greater than 90°.
These two conditions are illustrated in Figs. 10-8a and b.

To carry this analysis over to the Foster-Seeley discriminator of Fig. 10-6,
assume that C, and C. are RF short circuits and the RFC is an RF open
circuit. These conditions place point A at RF ground, and the RF voltage V,
applied to the top diode and the R,C, network is

Ve= Vit V, (10-15)
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Fig. 10-8 Phase relationships in the discriminator transformer. (a) Resonance:
w = w.; (b) below resonance: w < ac; and (c) above resonance:

W > We.
A
Vi
-
(ﬂ) \{— V2
Vs
Vi <\
S
(b) —V2
Vs
Vi
- J

()

Under the same conditions the RF voltage V} applied to the bottom diode and

filter network is
Vi=Vi—V, (10-16)

The phase relationship between V; and V, is as shown in Fig. 10-8; Fig. 10-9
illustrates the variation with frequency of V; and V. The hasic relationships
are
V.=V, when @ = @,
|Vi<|Vil when o <o
and
|Vil>|Vi] when o>
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e Fig. 10-9 Phase relationships in the discriminator showing the diode voitages.
e: (a) Resonance w = w.; (b) below resonance: w < w.; and (c) above
resonance: w > w.

Vs

—

(b)

and (c)

-16)

10-9 If the diode rectification efficiency is n, then the output voltage V, is given
hips by

Vo=Va—Vy=n|Vi-n|V} (10-17)

A plot of V, versus frequency is shown in Fig. 10-10. The principal short-
coming of the discriminator is evident from (10-17); any change in the input
signal amplitude will be reproduced in V,, V;, and V, and any AM on the
incoming signal will be demodulated. A good limiter must precede the
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Fig. 10-10 Foster-Seeley discriminator output characteristics.

V, , output voltage

= w, Input
“Wo frequency

Peak-to-peak
separation

discriminator for satisfactory operation. This requirement has eliminated the
Foster-Seeley discriminator from almost all mass production entertainment
receiver circuits in favor of the ratio detector, and many integrated circuits
that are popularly called discriminators are actually ratio detectors.

The primary problem in discriminator design is the transformer; most
designers avoid this by specifying off-the-shelf units. For a detailed discussion
of the procedure and further references, see [7, pp. 300-311].

The Ratio Detector

The ratio detector offers better AM rejection® than the discriminator and will
operate satisfactorily with poorer limiting in the preceding stages. For many
years ratio detectors were standard in almost all FM receivers, and many
manufacturers still feel that they offer superior audio performance.

The theory of ratio detector operation will be developed using Fig. 10-11.
The ratio detector differs from the discriminator of Fig. 10-6 in three ways:
the lower diode is reversed; an extra pair of resistors R, and a capacitor C;
have been added: and the output voltage is taken between different points.
From one viewpoint the circuit behaves as a half-wave rectifier with two
diodes in series and an RC filter; the filtered output appears as V3. If the diode
rectification efficiency is m, V; is proportional to M|V,|, where V, is the phasor
IF voltage on either side of the secondary center tap. Over the operating

ZAM rejectlon Is the ralio in decibels of the FM detector audio output power for a specified
FM input to the audio output power for a specified AM input. The characteristics of the FM
and AM signals vary with detector application and manufacturer; for example, RCA
specifies that in measuring AM rejection in the CA 3013 IC the FM signal shall have an
amplitude of 10 mV rms, a carrier frequency of 4.5 MHz, a modulating frequency of 1 kHz,
and a +25-kHz frequency deviation. The corresponding AM signal is required to have the
same carriar frequency, carrier amplitude, and modulating frequency with 50 percent
modulation.
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Fig. 10-11 The basic ratio detector.

he
nt L
its :
bandwidth of the detector |V,| and V; are essentially frequency independent.
st Since V3 is divided across equal resistances (R;) symmetric with respect to
n ground, the voltages V. and V, are of equal amplitude and
V.= Y (10-18)
2
_Vs
1y
1y Vi=V.+V, (10-20)
In terms of V, and the phasor primary voltage V), the phasor IF voltage
de V. between the anode of the upper diode and ground is
'St
C, Vi=V,+V, (10-21)
ts. and the phasor IF voltage V; between the cathode of the lower diode and
vo ground is
de Vi=V—V, (10-22)
;or
ng The corresponding rectified voltages are®
_ Vo=n|Vi+ V| (10-23)
ed and
.‘h,: Ve =1n|Vi— V) (10-24)
an
Lze' 3The reader may note that, in Fig. 10-11, V, and V| have the same polarity but V, and V|
it have opposite polarities. This is because the top and bottom diodes also have opposite

polarities.
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By elementary circuit analysis

Vo=Vy;—V, (10-25)
and

Vo=V, +V, (10-26)
From (10-19)

V, = Y2—3— vy (10-27)
or

_ Xa_ Xg_ _ Va . Vb
V, = > + 5 V= — (10-28)

For the same circuit parameters the ratio detector is thus 6dB less
sensitive than the discriminator. The difficulties in obtaining optimum com-
ponents (particularly transformers) for these circuits tend to reduce this
difference, and in practice the sensitivity of the two circuits is about the same.

When the ratio detector is in steady-state operation, the diodes conduct
during a small portion of each IF cycle to recharge the capacitors (i.e., to
replace the charge supplied by the capacitors to the resistors and to the load).
For the diodes to conduct, the instantaneous IF voltages V; and V} must be
larger than the instantaneous values of V, and V,. If the input signal level
drops, the peak values of V; and V} also drop and the diode conduction
period is shortened. This reduces the secondary circuit dissipation and raises
the secondary circuit Q because the diodes now connect the secondary
windings to the resistors for a smaller fraction of each cycle. By (10-14) the
phase angle between the primary and secondary voltages is a function of Q; at
a given frequency deviation Aw, an increase in Q makes Arg (V,/V,) smaller
and increases the ratio detector output voltage in the same way as an increase
in Aw. This compensates for the decrease in output brought about by the
decrease in IF amplitude that started the discussion. Similarly, an increase in
input signal level would tend to raise the output voltage while at the same
time causing a decrease in Q and a corrcsponding decrease in the detector
output. The compensating effects of signal amplitude and circuit Q on the
output voltage can be balanced by the insertion of additional resistors R, as in
Fig. 10-11a and the ratio discriminator made relatively insensitive to am-
plitude variations whose period is short in comparison to the discriminator RC
time constant. For details on this and other design considerations in maximiz-
ing ratio detector AM rejection, see [1, pp. 392-401].

The ratio detector can be modified in a number of ways to reducc costs or
to suit particular applications. For example, thc R, resistors in Fig. 10-11 are
unnecessary (R; and the load provide a suitable dc path) and, if the ground
point is shifted as in Fig. 10-12a, the choke may be eliminated. Another
variation (Fig. 10-12b) adds a third winding to the transformer and eliminates
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Fig. 10-12 Ratio detector modifications.
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C both the choke and the coupling capacitor. This technique is popular with IC

5 users because almost all of the external components can be housed inside the
transformer can. The third winding is nonresonant and tightly coupled to the

= primary so that its voltage is proportional to, and in phase with, the primary

& voltage [7]. It thus serves the same purpose as the coupling capacitor in Fig.

d 10-11: to connect the primary voltage in series with the secondary. The

. resistor in series with the extra winding improves AM rejection. Fig. 10-13

i§ illustrates the ratio detector modification used in the RCA CA 3013 IC.

Practical Detectors | 309



Fig. 10-13 Ratio detector usedin RCA 3013 and 3014 ICs. All iabeled components
except C» are on the IC chip itself; the capacitors with D labels are
realized with diodes. (From “RCA Linear Integrated Circuits,” SSD-
201C, 1975. Courtesy of RCA Solid State Division.)
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Coincidence or Quadrature Detectors

A quadrature detector is a circuit that (1) splits the IF signal into two parts, (2)
passes one part through a network with a phase shift of 90° plus some
constant times the IF deviation from center frequency, (3) multiplies the
shifted and unshifted components together, and (4) selects the audio
frequency portion of the multiplier output spectrum. Mathematically, this
operation is easy to describe. For the IF center radian frequency o, and
instantaneous radian frequency w, let the phase shift A@ in radians be given
by

A8 =%—K(w—wo)=%—KAw (10-29)

The inputs to the multiplier are V, sin (wt) and

7 sin (wt + 2 KAw) = V, cos (wf — KAw) (10-30)

Multiplied together, these produce V.2 sin (wt) cos (ot — KAw), which has a
low frequency component given by
_ 2

V.
2

sin (kAw)

For KAw < 0.25 rad so that
sin (KAw)=~ KAw (10-31)

this term is linear in Aw and reproduces the modulating waveform.
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s Figure 10-14 illustrates a quadrature detector broken down into functional

e blocks. The parallel RLC circuit resonates at o, and the phase shift Ag
)- between V, and V,, is given by
A9 = Arg “;" =~ -721—— tan™' (Q,8) (10-32)

where Q, is the resonant-circuit Q at w, and

w w,

6= e (10-33)

For small frequency shifts, A8 is sufficiently linear with frequency for the
circuit to produce acceptable quality audio.

Analog multiplication and good IF limiting were difficult to achieve in
vacuum tube circuits, and special purpose multigrid tubes like the 6DT6 were
developed for service as quadrature detectors in TV receivers [1]. Here the
lower quality required in TV audio as compared with FM broadcasting, the
lack of a tuned transformer, and the relatively high audio output of the
quadrature detector gave this circuit an economic advantage over the other
FM detectors available at the time.

The TV quadrature detector depended upon special vacuum tubes that

2) have no single-transistor counterpart. Solid-state quadrature detectors
evolved with the analog multiplier replaced by a digital AND gate. This is a

1€ :
circuit, illustrated schematically in Fig. 10-15, that produces an output (+5
‘16 3 . - - ., .
io volts is a standard value) only if both of its inputs are positive. Since an AND
s gate may properly be called a coincidence circuit (because it produces an
2d output when there are coincident signals at both inputs), the solid-state
5 quadrature detector is frequently called a coincidence detector.
) Fig. 10-14 Symbolic quadrature detector.
Analog
Amplitude multiplier
limited Vin Low-pass | Audio
.0) I\F . filter output
input
Gy
a
Vo
Phase
shift R L o
network
31)

I
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Fig. 10-15 Idealized AND gate.

input-Outpul Relationships
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In the coincidence detector, the IF signal is hard limited to a square wave.
'I'he square wave is split; part of it goes directly to one input of the AND gate
and the other goes through the phase shifter of Fig. 10-14 and then to the
other AND input. Since the phase shifter contains a high-Q resonant circuit,
the phase-shifted component will be essentially a sine wave at the IF center
frequency. When the sine wave and the square wave are both positive, the
AND gate output will be +5 volts. When one or both are negative, the output
will be 0 volts. The circuit is sketched in Fig. 10-16.

The output of thc AND gate is a train of pulses whose length is propor-
tional to the phase difference between the sine and square waves. When the
two are in phase, the pulse length is half the IF period, and when they are 180°
out of phase the pulse length is zero (no output). Representative waveforms
appear in Fig. 10-17. If the AND gate feeds an RC integrator, the integrator
output voltage is proportional to the average value of thc inpul pulse train and
hence to the frequency deviation of the input signal. Thus integrator output
reproduces the modulating waveform.

If the phase shift without modulation is not +90°, the coincidence detector
is not truly a quadrature detector, but it will still demodulate FM. At =90°
phase shift the sine and square waves overlap for one-quarter of a pertod; at
0° they overlap for a half period and at 180° they do not overlap at all. At 180°

Fig. 10-16 Coincidence detector using an AND gate.
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Fig. 10-17 Waveforms in the coincidence detector. (a) Output for a 45° phase

shift (w > w,); (b) output for a 90° phase shift (no modulation); and {c)
output for a 135° phase shift (v < w,).
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the AND gate has no output and at 0° it delivers its maximum output of §
volts for half of an IF period. If the no-modulation phase shift is set at +90°,
the detector can recover modulation corresponding to sine wave phase
changes of +90°; at any other reference setting the operating range is
reduced.

A reduced operating range is not a serious drawback in most applications,
and a popular IC realization of the quadrature detector [8] shown in Fig. 10-18
is designed to operate with a 45° phase shift under conditions of no modula-
tion. In the notation of Figs. 10-14 and 10-16, this means that at the IF center
frequency w,, R = 1/w,c,. At instantaneous frequency w the phase shift A9 of
(10-32) is given by

(i3] /w
— fan-! 0 0
0= tan {1 T Ox(ado)(wlwg) = (wo/w)]} (10-34)

For unambiguous detection A must be in the first quadrant. This requires

w>_w°—
T V1+1/0,

and permits a maximum symmetric frequency swing with a modulation of

* (“’°‘ \/[-T)TQ))

around w,. See Problem 10-3.2.

Zero-Crossing Detectors

The basic problem in FM detection after a hard-limiting IF section is deter-
mining the instantaneous frequency of a frequency-modulated square wave.
In principle this can be done by measuring the time interval r between
successive zero-crossings and doubling its reciprocal 1/7 in a digital proces-
sor. Doing this digitally provides a frequency resolution far beyond that
required in communications FM receivers; since it is also expensive, a
combination of digital and analog techniques is used to convert the time
interval between zeros to an analog voltage.

One of the earliest commercial applications of the zero-crossing detector
was marketed in 1973 in the Heath Company’s AJ-1510 digital FM tuner [9].
The circuit is sketched in Fig. 10-19 and the waveforms appear in Fig. 10-20.

The IF signal is applied to the input of an IC containing a trigger and a
monostable multivibrator. The trigger fires the multivibrator whenever it
senses a positive zero crossing in the input signal. When fired, the multi-
vibrator puts a voltage (nominally + 5 volts) on one of its outputs (called the Q
output) and holds it for a fixed time interval equal to one-half cycle at the IF
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Fig. 10-19 A zero-crossing detector.
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IF

center frequency. When Q is at 5 volts, the other output Q (pronounced “not
Q) is at 0 volts; when Q is at 0 volts, Q is at 5 volts. When an incoming
unmodulated signal is tuned precisely to the IF center frequency, the Q and Q
outputs are mirror images of each other, as shown in Fig. 10-20a.

The Q and Q outputs each go to RC integrators and then to the input
terminals of a differential operational amplifier. The op-amp output is a constant
times the difference between the average value of Q and Q. If the signal
frequency increases, Q pulses are initiated more frequently. The average
voltage at Q increases and the average voltage at Q decreases, swinging the
op-amp output positive. Similarly, a drop in signal frequency will make the
op-amp output negative. The result is a linear transfer function relating
op-amp output to IF frequency deviation.

Phase-Locked LLoop Detectors

As described in Chapter 6 the phase-locked loop (PLL) is a feedback system
that develops an error voltage proportional to the phase difference between an
input signal and a signal produced by a voltage-controlled oscillator (VCO).
The error voltage is filtered and applied to the VCO so as to make the VCO
operate at the signal frequency. If the signal frequency increases, the error
voltage will increase and raise the VCO frequency; the opposite will happen if
the signal frequency decreases. The VCO control voltage thus follows the
frequency modulation of the input signal and if the control voltage is ac-
cessible outside of the PLL chip, the PLL will serve as an FM detector.

Although phase-locked loops offer a low SNR improvement threshold and
are a popular subject for mathematical analyses, very few receiver manufac-
turers have adopted them as FM detectors. Apparently, PLLs that are
commercially available at the present time have relatively poor AM rejection
and relatively high distortion. In addition, they require about the same number
of external resistors and capacitors as other IC detectors and have no
inherent cost advantage.

Detectors for Digital FM

The detectors described in the previous paragraphs are suitable for recovering
the analog frequency or phase modulation used in voice communications
systems and in commercial broadcasting. However, modern satellite and
terrestrial microwave communications systems employ pulse code modulation
and digital PM almost exclusively. Systems in current use generally employ
either differentially coherent phase shift keying (DCPSK) or quadrature phase
shift keying (QPSK), and the detectors for these angle-modulation schemes
are quite unlike those described here.
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10-4 FM Stereo Reception

In stereophonic sound reproduction, the sounds captured by two independent
microphones are replayed through two sets of speakers. This requires two
independent audio channels. With reference to the microphone placement as
seen by a listener facing the sound source, these are called the left channel
(L) and the right channel (R).

After stereophonic disk recording became popular in the mid-1950s, there
was a movement to extend this technique to FM broadcasting. Some stations
holding dual AM and FM licenses conducted experiments in broadcasting one
channel on their FM transmitter and the other on their AM transmitter, but:
obviously this approach was unsatisfactory. It was soon replaced by the
present technique of broadcasting both channels simultaneously with a single
FM transmitter.

In stereo broadcasting, the L and R signals are not themselves trans-
mitted. Instead they are combined to form a sum (L + R) and a difference
(L — R) channel. The sum channel is transmitted directly. The difference
channel modulates a 38-kHz subcarrier, producing a DSB/SC signal. A
19-kHz “pilot” signal phase coherent with the 38-kHz subcarrier is trans-
mitted to synchronize the subcarrier oscillator in the receiver with the
subcarrier oscillator at the transmitter. The complete spectrum is sketched in
Fig. 10-21.* The composite waveform modulates an I'M transmitter in the
usual manner.

When stereo broadcasting was introduced, the FCC required that existing
monaural receivers be capable of receiving stereo broadcasts as mono without

Fig. 10-21 Spectrum of the modulating waveform used in FM stereo broadcast-

ing.
Amplitude
A
(L +R) {L — R) channel
channel  Pilot / A \ SCA
|
I
|
I
] - Frequency
0.03 15 19 23 38 53 75 inkHez

“The part of the spectrum labeled SCA is the Subscription Carrier Authorization band. It is
used by some stations to transmit background music by subscription (i.e. for a monthly
fee) to businesses.
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modification. This is the reason that the L+ R and L — R signals are trans-
mitted instead of L and R. The L + R signal is identical to that broadcast by a
monaural transmitter and this is all that a monaural receiver detects.

The pilot is transmitted rather than the subcarrier because 19 kHz falls into
an empty portion of the composite spectrum. If the 38-kHz carrier were
transmitted, it would have to be separated from the L. — R sidebands, which are
only +30 Hz away. This would require expensive filtering.

Conceptually, an FM receiver demodulates the stereo signal and recovers
the spectrum of Fig. 10-21. Since modulating frequencies above 15 kHz are
not transmitted in ordinary monophonic broadcasting, the audio amplifier
stages of a monaural receiver simply eliminate the pilot carrier and the
difference channel and the receiver behaves as if it were receiving a monaural
broadcast. On the other hand, a stereo receiver coherently demodulates the
L — R and L+ R signals and, by adding and subtracting the recovered L + R
and L — R information, reproduces the original left and right channels.

A common circuit used to decode FM stereo broadcasting is shown in Fig.
10-22 [10]. It is similar to the phase detector of Section 6-5, and much of that
discussion applies here. The composite signal is applied to the base of Q,. The
Q, collector current is derived from the emitters of Q; and Q,. A 38-kHz

— ) o =

0 0 = 0 W W
.

W

Fig. 10-22 FM stereo decoding circuit.

o =9

+ Supply
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Rs

is
ly
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square-wave phase-locked to the 38-kHz suppressed carrier switches Qs and
Q. on and off in turn. This will be called the switching waveform.
Initially, ignore Q,, Qs, and Q. The voltage Vi is then proportional to the
product of the composite signal and the switching waveform F(t)*, Fig.
10-23a, that drives Q;. Since Qs is off when Qs is on, and vice versa, the
voltage Vg is proportional to the product of the composite waveform and a
switching waveform F(t)”, shown in Fig. 10-23b.
The switching waveforms are related by

F(ty =1-F(@)" (10-35)

The function F(¢)" is identical to the waveforms of Problem 7-3.1 with
r = T/2, and its Fourier series representation is given by

F(H = ! + 2 CcOS wol s coS 3wyt — - - - (10-36)
2 m 37
Here
iy = (10-37)
° T

is the radian switching frequency. Similarly, F(t)” can be expressed as

F(t)_=%—%cos wot+%r—cos 3w,t — -+ (10-38)

At any instant, the composite signal consists of an audio frequency
component (L + R), a pilot carrier P, cos w,t/2, and the DSB/SC difference

Fig. 10-23 Switching waveforms used in the FM decoding circuit. (a) The F(t)"
waveform; (b) the F(t)” waveform.
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signal (L — R) cos w,t. The total composite spectrum can be written

V.=(L+R)+P, cos “’2‘" +(L — R) cos (w,t) (10-39)
Multiplying V. with F(t)" and F(t)” to obtain V; and V; yields
V= K{L er R + i (L — R) + higher-frequency terms} (10-40)

where K is a constant of proportionality. Similarly,

L+R
2

Vi = K{ - % (L — R) + higher-frequency terms} (10-41)
The higher-frequency terms in (10-40) and (10-41) can be eliminated by a
high-pass filter. We assume for convenience that K is unity; then combining
terms yields

V.= L(1+ i)+R(1—l) — 0.82L +0.18R (10-42)
2 T 2 T
11 11

Ve =R(—+—>+L(———) — 0.82R +0.18L (10-43)
2 T 2 T

Hence V. is approximately L and Vi is approximately R. The channel
separation S for this arrangement is 13 dB, where S is given by

L component of V,
R component of V,

R component of Vg

S =201log;o L component of Vp

=20 1logy

(10-44)

The channel separation can be increased to about 45 dB through small
correction voltages supplied by Q,, Qs and Qq. The collector current of Q, is
proportional to the negative of the composite signal: — V.(¢). Since transistor
Qs is driven by F(t)*, its contribution to Vy is proportional to — V.(¢)F(t)".
Call this contribution Vg ; its low-frequency components are

Vi, =—K{0.82L +0.18R} (10-45)
where K| is a constant of proportionality. The total value of Vk is then
Vr=(0.82-0.18K))R + (0.18 - 0.82K )L (10-46)

Similarly, for the left channel the total value of V; is
Ve =(0.18—0.82K)R + (0.82—-0.18K )L (10-47)

If the circuit is adjusted so that K, = 0.18/0.82 = 0.220, theoretically infinite
channel separation can be obtained. In practice 45 dB is adequate.
Thus far, nothing has been said concerning generation of the phase-
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Fig. 10-24 Scheme for generating a coherent 38-kHz switching waveform.

Phase detector

19-kHz

. Filter > 76-kHz VCO
pilot

19-kHz reference

+2 o +2

%

38-kHz output to stereo decoder

coherent 38-kHz switching signal. This is done by a PLL system mounted on
the same chip as the stereo decoder; the circuit [11] is sketched in Fig. 10-24.
In it the filtered output of a 19-kHz phase detector drives a 76-kHz VCO. The
VCO output is divided by 2 to provide a coherent 38-kHz signal for the stereo
decoder and divided by 2 again to provide a 19-kHz comparison signal for the
phase detector. The VCO is an RC relaxation oscillator and does not need to
produce a symmetric waveform output. Symmetry is supplied by the divide-
by-2 circuit.

10-5 A Note on Quadraphonic Sound

At the present time there is some interest on the part of audio enthusiasts in
four-channel sound recording and reproduction. Called “quad,” this system
employs four independent microphone channels and a corresponding sct of
four speaker systems for reproduction. Quad is easiest to implement with
four-channel tape equipment, but at least two mutually incompatible quad
disk recording schemes are available. The situation with regard to broadcast-
ing is confused; several systems have been proposed, but these are also
mutually incompatible and have not been approved by the Federal Com-
munications Commission for normal broadcasting use. For this reason,
quadraphonic detectors and decoders will not be discussed here. The inter-
ested reader should consult the Journal of the Audio Engineering Society for
detailed articles on the subject.

10-6 Audio Considerations: Preemphasis and Deemphasis
In deriving the characteristics of a generalized FM detector, it was pointed

out that noise in the part of the receiver IF passband farthest away from the
carrier is demodulated with greater audio output than noise in the parl nearest
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the carrier. This means that the noise level in the higher-frequency part of the
demodulated audio spectrum will be greater than the noise level at the lower
frequencies. To a listener the signal-to-noise ratio will seem higher for a
low-frequency modulating signal than for a high-frequency modulating signal.
If the modulating signal were processed before modulation by a filter whose
transfer function was linearly proportional to frequency, the demodulated
signal and the demodulated noise would have the same relative amplitudes at
any modulating frequency. But this would introduce a further complication:
distortion in the detected audio. This distortion could be removed by post-
detection filtering with a filter whose transfer function varied inversely with
frequency.

a Such a procedure is followed in FM broadcasting. The filtering process is
called preemphasis at the transmitter and deemphasis at the receiver. By FCC

Fig. 10-25 Preemphasis and deemphasis circuits and transfer functions. (a)
Preemphasis; and (b) deemphasis. (From T. McMullen, FM and
Repeaters for the Radio Amateur, The American Radio Relay
League, Inc., © 1972.)
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Regulations the preemphasis filter for broadcast applications must be an RL
network with a time constant of 75 microseconds and the deemphasis filter is
usually an RC network with the same time constant. Typical preemphasis and
deemphasis circuits are shown in Fig. 10-25 [12]. Electrically, the preemphasis
network is a differentiator and the deemphasis network is an integrator.
Therefore, the portion of the audio signal above 2122 Hz is differentiated
before transmission and integrated after reception.

10-7 An Example of a Complete FM Receiver

The complete design of an FM receiver is a complicated process involving
much of the material presented in all the chapters of this text. For obvious
reasons it is not possible to go through such a design here. To illustrate a
typical result, Fig. 10-26 reproduces the FM tuner portion of the Pioneer
Electronic Corporation Model KP-250 automobile FM receiver and cassette
tape player.

The KP-250 is typical of many commercial receivers in that it incorporates
a blend of technologies to achieve a desired level of performance. The FM
detector, for example, is a variation of the ratio detector realized with discrete
components. On the other hand, the IF section employs IC amplifiers and
ceramic filters.
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PROBLEMS

10-1.1. The receiver in Fig. 10-2 is to be redesigned around a filter that
requires 2000-ohm input and load resistances and has an insertion loss of
3.5 dB. Calculate the overall gain required between the RF amplifier input and
the filter input.

10-1.2. Show that a network whose transfer function has a constant
amplitude and a phase angle that decreases linearly with frequency simply
introduces a frequency-independent time delay and does not cause phase
distortion.

10-1.3. The detector portion of the receiver in Fig. 10-2 is replaced by an
IC dclector requiring 160 uV (rms) into a 9-kQ input resistance for full
limiting. The detector must see a minimum 10-dB SNR at its input for
satisfactory operation. The receiver is designed to receive broadcast FM
(200-kHz bandwidth) and must reach full limiting for a 3-uV input signal at
the RF amplifier input from an antenna with a 300-ohm source resistance and
a noise temperature of 300 K. Calculate the overall gain and the minimum
overall noise figure required for the stages ahead of the filter.

10-2.1. An AM receiver can be made to receive FM (after a fashion) by
what is called slope detection. In it the receiver is tuned so that the carrier
frequency (at IF) falls on the sidc of the TF response curve. To explore the
slopc dectection process, imagine that the output of the receiver IF section can
be modeled by a parallel resonant circuit with a Q, = 50 and a resonance
frequency f, of 455 kHz driven by a current source as in Fig. P10-2.1a. The
voltage v developed across the resonant circuit is applied to an envelope
detector. The receiver is tuned so that the IF carrier frequency f. lies at the
frequency below resonance, where |[v/vm.,] = 0.707, as in Fig. P10-2.1b.

(a) Determine f..

(b) Assume that the FM signal has a peak deviation of =5kHz. Plot the
transfer characteristic of the detector and comment on its linearity.

(c) Repeat part (b) for a peak deviation of =75 kHz. This should tell you why
slope detection does not work at all for broadcast FM.
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Fig. P10-2.1 (a) Equivalent circuit of a slope detector; and (b) response curve
indicating slope detector tuning.
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10-3.1. Assuming that the integrated circuits are ideal, between what
theoretical frequency limits will the zero-crossing detector of Fig. 10-19
operate linearly? Express your answer in terms of multiples of the IF center
frequency.

10-3.2. Equation (10-34) gives the phase shift A6 for a ‘‘quadrature”
detector like the Motorola MC1357 in which the no-modulation phase shift is
45°. With reference to Fig. 10-14, this means that »,C,R = 1, where w, is both
the resonance frequency of the parallel combination of R, L, C; and the IF
frequency without modulation. Remembering that Q, = »,CR, derive equa-
tion (10-34).

10-3.3. For Q,=50 and f,=10.7MHz, plot A6 versus f over the
frequency range p

f, £ (f,— —l*vﬁ
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10-3.4. For operation at f, = 10.7 MHz the Motorola MC1357 data sheet
specifies that L=2.0uH, C;=120pF, R =39000hms, and C,=4.7pF. It
states that the Q of R and L is 20. Assume that L is slug-tuned and can be
adjusted to resonate with C, at 10.7 MHz, and then calculate the lower
frequency limit of the detector in two ways:

(a) Assuming that Q, = 20.
(b) Ignoring the data sheet value of 20 for Q, and using Q, = w,C>R.
The measured value shown on the data sheet is 10.48 MHz.

10-4.1. Verify that multiplying V. in equation (10-39) by F(t)* in (10-36)
in an analog multiplier with gain K yields the expression for V, given hy
equation (10-40).
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1 2 Linear

Power
Amplifiers

Power amplifiers (PAs) are used when the efficiency and output power of an
amplifying circuit are the important considerations. The various types of PAs
are identified by their classes of operation, that is, Classes A, B, C, D, i, I',
G, H, and S. Except for Class A, all of these amplifier types are easily
differentiated from small-signal amplifiers by their circuit configurations,
methods of operation, or both. There is no sharp dividing line between
small-signal and Class A power amplifiers; the choice of terms depends upon
the intent of the designer.

Class A and B linear RF power amplifiers are considered in this chapter.
These PAs have appreciable power gain, produce a magnified replica of the
input signal voltage or current wave, and are typically used in SSB and
multimode transmitters where accurate reproduction of both the envelope and
the phase of the signal is required. (Linear RF amplification can also be
accomplished with other types of PAs by the use of techniques described in
Chapter 16). Tuned circuits or low-pass filters are not integral components of
Class A or B amplifiers; however, they are often included to ensure adequate
harmonic suppression.

Because the bandwidth of a typical RF signal is a small [raction of the
carrier frequency (and of the bandwidth of the PA), the unwanted signals in
the output of the power amplifier may be divided into three categories. Figure
12-1 depicts the relationship of these signals to the desired signal, which
consists in this case of two tones of equal amplitudes at frequencies f. =+ f,,.
Amplifier nonlincarity produccs two typcs of unwanted signals, called har-
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Fig. 12-1 Distortion products in an RF power amplifier.
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monics and intermodulation distortion (IMD) products. The IMD products
(identified as third, fifth, seventh, and ninth orders in Fig. 12-1) are prominent
near the carrier frequency. They cause distortion in the received signal and/or
adjacent channel interference. Other unwanted signals include parasitic and
subharmonic oscillations and mixer products; they are called spurious
products or simply “spurs.” In an RF PA, the harmonics and some of the
spurious products may be removed by filters; however, the IMD generated
must be of an acceptably low level.

Bipolar junction transistors (BJTs) were used in most RF power ap-
plications prior to the publication of this text. The recently developed vertical
MOSFET (VMOS) devices were being incorporated into many new designs
because of their ease of biasing and immunity to second breakdown. Con-
sequently, both BJTs and VMOS devices are used in the following chapters,
with attention given to their relevant characteristics and the associated
differences in design. (Similar design principles are generally applicable to
high-power vacuum-tube equipment.) Construction of both bipolar and
VMOS RF power transistors is discussed in Appendix 12-1.

To ensure PA reliability, the designer must pay careful attention to such
transistor ratings as maximum base (gate) and collector (drain) voltages and
currents, maximum junction temperature, and operating conditions that lead
to second breakdown in BJTs. The meaning of peak voltage and current
ratings is obvious, although the designer must note carefully how the given
rating is related to other circuit conditions such as base bias. Junction
temperature is discussed in Section 12-9. Second breakdown is caused by an
excessive value of the instantaneous collector voltage-current product, resul-
ting in hotspotting within the transistor.

Device specifications must be interpreted cautiously, since values given on
data sheets are often related to the intended use of the device rather than its
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maximum ratings. For example, a “28-V” linear RF power transistor' is
intended for use in a Class B PA with a 28-V dc supply, and hence has a
maximum voltage rating of at least 56 V. Similarly, the maximum dc supply
current is sometimes given as a rating rather than the maximum instantaneous
collector current.

Two parameters that are very useful for comparing different PA
configurations and classes of operation are the efficiency and power output
capability. Collector power efficiency (n), or simply efficiency is defined as the
ratio of the RF output power to the collector circuit dc input power. The
normalized power output capability (Pn.) is defined as the maximum RI*
output power that can be obtained without exceeding the peak collector
voltage and current of 1V and 1A, respectively. The actual output power
capability is obtained from Pn. by multiplying it by the transistor collector
voltage and current ratings. Values of Pn.. 7, and other parameters for
various types of amplifiers are tabulated in Appendix 14-1.

It will be convenient in this and the following chapters to express in-
stantaneous voltages and currents in terms of angular time

0 = wt = 27ft (12-1)

because most processes in power amplifiers are periodic and can therefore be
described completely in terms of the behavior within a single RF cycle
0=6<2m).

Transistor characteristics have been simplified and high-frequency effects
have largely been ignored to allow tractable equations and analytical modeling
of PAs. Nonetheless, the designer will find the predicted results generally
accurate to within a few percent and quite adequate for design purposes.
Large signal transistor behavior is divided into three regions, designated
cutoff, active, and saturation (Fig. 12-2). Note that the term saturation is used
here with FETs in a manner analogous to its use with BJTs; many texts on
semiconductor theory use saturation to refer to a limiting current.

An NPN BIJT (Fig. 12-2a) is placed in the cutoff region by application of
vge less than its cut-in voltage V, (=0.7V for silicon devices); in this region
the BJT is essentially an open circuit. As vgg is increased to just greater than
V,, the transistor enters the active region. The base-emitter junction becomes
a forward-biased diode and the collector-emitter junction becomes a current
source whose current is linearly proportional to the base current. To operate
in the active region, vy must be larger than the saturation voltage Viat
(= Vcgsa= 0.3V for a single BJT with a low collector current). If the load will

'Common designations and their uses are 8V (portable), 12V (mobile and aircraft), 28V
(military), and 50 V (fixed).
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Fig.12-2 Simplified device characteristics and models. (a) Bipolar junction
transistor (BJT); (b) VMOS field effect transistor (FET).
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not allow vcg > Vi, the device enters the saturation region, and the collector-
emitter junction voltage is roughly equivalent to a constant voltage V..

An FET (Fig. 12-2b) is similarly placed in the cutoff region by application
of vgs less than threshold voltage Vi (=2 to 3 V for VMOS power FETs); it
is also essentially an open circuit under these conditions. As vgs is raised
above V7, the FET enters the active region and the drain-source connection is
roughly equivalent to a current source. The value of the drain current in a
VMOS FET is roughly linearly proportional to vgs — V¢ although in small-
signal FETs it is proportional to (vgs — Vr)>. (See Appendix 12-1.) An FET is
roughly equivalent to a resistance R,, when in the saturation region; it is
placed in this region if the load would produce a drain voltage less than ipR,,
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if the FET were in the active region. Vacuum tube characteristics are
somewhat similar to FET characteristics; however, Vr is negative and a
positive grid-cathode voltage will cause significant grid current to flow.

12-1 Class A Amplification

The circuit of a grounded-emitter Class A power amplifier (Fig. 12-3a) is
similar to that of the analogous small-signal amplifier. In a PA application, thc
load resistance is usually low enough to make the effects of the device shunt
resistance and reactance negligible. Since the Q (quiescent) point (i.e., I¢g) 1s
selected to keep the transistor in its active region at all times, the device is
equivalent to a current source (Fig. 12-3b). The parallel-tuned circuit or
cquivalent filter is not a necessary part of a Class A amplifier. However, since
no device is perfectly linear, a tuned circuit or filter is often included to
prevent harmonic currents from reaching the load.

In the amplifier of Fig. 12-3a the driving signal and bias applied to the base
arc assumed to produce the collector current i-(8) shown in Fig. 12-3c¢.

lc(O) = ICQ - Icm sin 6 (12-2)

(Methods of producing proper drive and bias are discussed later.) Harmonic
components of ic(8) are omitted in (12-2) because they generally have little
effect on the power or efficiency of a Class A amplifier. The dc and ac
components of ic(#) must flow through the choke (RFC) and blocking
capacitor (C,), respectively, and therefore become the input current Iy, = Ico
and output current i,(8) = L, sin 8, respectively. Harmonic currents produced
by device nonlinearities are bypassed to ground by the parallel-tuned circuit.
All of the carrier-frequency component of i-(6) flows through the load
resistance R (assuming proper tuning of the parallel-tuned circuit and negli-
gible effects from RFC and C,) and produces the output voltage

v,(0)=I.,R sin § = V,,, sin 0 (12-3)

The collector voltage must have a dc component equal to the supply
voltage and an ac component equal to the output voltage, thus

pe(8) = Ve + Vm 5in 8 = Ve + Vn sin 8 (12-4)

Since current-source operation of the device can be maintained only when
ve(0) is positive, it is necessary to limit the output voltage V,, to values less
than Vc.? (Actually, the maximum V,, must be slightly less than V¢ due to

2An analogous requirement applies to VMOS FETs and vacuum tubes.
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Fig.12-3 Class A amplifier. (a) Circuit; (b) equivalent circuit; and (c) wave-
forms.
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the saturation effects that will be discussed in Section 12-3.) Since the
collector current ic(8) must similarly be positive, I = Ico is usually set equal
to, or slightly larger than, the peak output current L,,= Vou/R < Vcd/R.
Consequently, the input power is

Ved

P; = Veelae = R (12-5)
the output power is
_ ‘/om2 ‘/CC2
P, = R = 2R (12-6)
and the efficiency is
= B"_ — V"’"z - 1 12
TP T IVE 2 (12-7)

The power P, dissipated in the transistor is the difference between P; and P,.
The relationships of power and efficiency to the output voltage are shown in
Fig. 12-4. A good design will assume the maximum value of P, = P; to allow
for no-signal or reduced-signal conditions.

Inspection of the waveforms in Fig. 12-3c shows that when the Class A
PA is delivering its maximum output, the peak instantaneous collector voltage

Fig. 12-4 Efficiency and power versus collector voltage swing in a Class A

amplifier.
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and current are Vcmax=2Vee and g = 2Icq =2V:e/R. The normalized
power output capability is therefore

P - Vccz/ 2R . l
UC,maxiC.max 2Vee)2 VCC/ R) 8

If two devices operating as Class A amplifiers are combined in a com-
plementary or a push-pull configuration (similar to that of Fig. 12-5a),
P... =3 This arrangement cancels most of the even harmonic currents
generated by device nonlinearity.

Class A RF power amplifiers most commonly are used as low-level driver
amplifiers. In these applications, the power consumed by the Class A amplifier
is a relatively small portion of the total transmitter power. Class A RF PAs
are also used at microwave frequencies where it is difficult to employ other
classes of amplification.

Prax= (12-8)

Example 12-1.1. Design (specify component values and ratings for) the
output portion of a Class A PA that delivers 1W to a 50-ohm load at
f =10 MHz with a supply voltage of +12 V: First, the peak RF output voltage
from (12-6) is V,n, =(2RP,)"?=10V. The peak RF current is then L, =
Voml/ R =200 mA; hence, Iy =200 mA, P, = 12 (0.2)=24W, and n =12.4=
41.7 percent. Peak device ratings are Vemax = 12+ 10=22V, icpay =
200 + 200 = 400 mA. During normal operation, P, =24—1=14W: however,
to allow safe operation with reduced signal amplitude, the heatsink must
dissipate P;=P;=24W. For Q=S5, X, =Xc, = ?=10; hence L, =
0.159 uH and C, = 1592 pF. The reactance of the RFC should be at least 10R
to minimize its effect on the circuit, hence RFC =8 wH. Similarly, for
X¢, =R/10, C, = 3200 pF.

12-2 Class B Amplification

Class B operation is more efficient than Class A for linear RF amplification;
hence Class B is frequently used in medium- and high-power linear PAs. The
most common configuration is the push—pull transformer-coupled circuit of
Fig. 12-5a, but complementary versions similar to those used for audio
frequency (AF) amplification are also used [1]. A tuned, single-ended version
can be used for narrowband linear amplification; it is similar to the Class C
amplifiers discussed in Section 13-1.

The principles of operation of a Class B RF PA are similar to those of a
Class B AF PA [2]. The two transistors are driven 180° out-of-phase so that
each is active for half of the cycle and cut off during the other half of the
cycle. When the transistors are in the active region, they are essentially
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Fig. 12-5 Class B amplifier. (a) Circuit; and (b) waveforms.
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current sources. The higher efficiency may be attributed to the zero collector
current in the transistors when their collector voltages are highest. It is
important to note that in Class B amplification, neither device by itself
produces an amplified replica of the amplifier’s input. The signal is split apart,
amplified efficiently, and then reassembled.

Assume that the devices are perfectly linear and that each device is a
source of a half-sinusoid current of peak amplitude I, (Fig. 12-5b). During a
given half-cycle, only one-half of the primary winding of transformer T1
carries current. The transformation of the current in m turns of the primary to
n turns of the secondary produces a sinusoidal output current

i0(8) = Ly sin 6 (12-9)
which in turn produces the output voltage
0,(0) = %IcmRo sin 0 = V,, sin 6 (12-10)
Transformation of this voltage to the primary winding gives the collector
voltage waveform
UC](O) = VCC + ch sin 6 (12-11)
where the collector voltage swing is

2
Vem ="Von =" s IenRo = IR (12-12)

Above, R is the resistance seen across one-half of the primary winding with
the other half open.

Maintenance of a nonnegative collector voltage requires that V., < Vcc,
thus limiting the output power to

2 2 2
ch - VCC _ VCC

T2R T 2R 2(mndR, (12-13)

P,

The center-tap current icr(8)= I.,|sin 8| is the sum of the two collector
currents, and the input current I is the dc component of the center-tap
current, thus

2w
lio= 5 f icr(8) do = 2hem — 2 Ven (12-14)
27 Jo T 7 R

The efficiency is then

n=to=Tlm T 0785 (12-15)
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Fig. 12-6 Efficiency and power versus collector voltage swing in a Class B

amplifier.
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Since the peak collector voltage is Vec+ Ve =2Vcc and the peak collector
current is I, = Ved/R,
Ve 2R 1

Prax = (ZVCC)(VCC/R):Z (12-16)

The power dissipated in each device (Pyy) is half of the difference between P;
and P,. The maximum dissipation in each transistor is

_ _ v
Pdl,max Pd2,max - ﬁ (12'17)

and occurs when V., =2Ved 7 (see Fig. 12-6).

Example 12-2.1. Design a Class B amplifier to deliver 25 W to a 50-ohm load
using a dc supply with Ve =28 V. Tuned matching networks are not to be
used: From (12-13), R = 28%/(2 x 25) = 15.7 ohms. The most convenient value of
R is 12.5 ohms, obtained with m/n = 1. To obtain 25W, V., = V2RP, =
V2% 12.5%25=25V. Then I, = V../R=2A, Iy, =2l,/m=127A, and P; =
1.27 x 28 = 35.6 W. From these, n = 25/35.6 = 70.1 percent, and the maximum
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collector dissipation in each device is (28)*/(7* % 12.5) =6.35 W from (12-17).
The transistors must withstand peak voltages of 28+25=53V and peak
collector currents of 2 A.

12-3 Practical Considerations

The previous two sections have discussed idealized Class A and B power
amplifiers. The performance of a real amplifier will not be quite as good as
that predicted for the idealized model because real devices have saturation
voltage and/or resistance and real loads can include reactance. At high
frequencies, charge storage effects [3] can cause distortion of the collector
current waveform, further reducing efficiency. In general, these effects may
be neglected when f < f7/10 but are quite significant when f > f4/2.

Saturation Voltage

Bipolar junction transistors are characterized by a largely constant collector-
to-emitter voltage during saturation (Fig. 12-2a). A BJT in the power amplifier
circuits of Figs. 12-3 or 12-5 will enter saturation whenever the PA is driven
hard enough so that the minimum instantaneous collector voltage is equal to
the saturation voltage V. To avoid saturation, the driving signal must be
small enough to keep the collector voltage swing below

Veff = VCC - Vsat (12-18)

The maximum output voltage, output power, output current, and input current
are calculated using the effective supply voltage Vg in place of V.. However,
input power is still calculated using V¢ This decreases the maximum
efficiency by a factor of Ve/Vee; for example, the maximum
efficiency of Class A and B PAs is reduced to 3(Veal Veo) and (7/4)0( Vg Vo),
respectively.

At low frequencies (f < f;/10), Vi, is simply the specified Vcgay for the
device (typically 0.3 V for silicon transistors at low currents). If a Darlington
arrangement is used, Vg =~ Vcgey+ V,, where V, is the forward-biased
base-emitter voltage drop (typically, 0.7 V for silicon transistors). At higher
frequencies (f > f/10), V.. becomes larger than Vcge.y for steady-state
operation. The increase in V, appears to be related to the time it takes for
the entire transistor to become saturated. This “RF saturation voltage” may
be as high as I or 2V and is sometimes specified in device data sheets.
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Saturation Resistance

The saturation (or “on”) resistance (R.,) of FETs, like the saturation voltage
of BJTs, limits the maximum output but does not affect operation in the active
region. Saturation occurs when the minimum instantaneous drain voltage is
equal to the product of drain current and saturation resistance; that is, for
Class B, Vpp — IimR = I;nR,.. Consequently, to avoid saturation, Vg, must be
less than the effective supply voltage

R

Veff: R + Rnn

Vop (12-19)
For Class A operation, or for a single-ended, tuned, Class B PA (see Section
13-1), the effects of R,, are doubled; that is, Vs = VopoRI(R +2R,,). In either
case, the maximum output voltage and power and input current are computed
using V., and input power is then computed using Vpp, as for the effects of
saturation voltage.

Reactive Loads

Although most real-life loads include at least some reactance, most dis-
cussions of PA design techniques ignore load reactance. The causes of load
reactance include mistuning, the variation of filter impedances with
frequency, the transformer inductance, and antenna impedance variations.
The effects of load reactance include reduced efficiency, increased dis-
sipation, and increased second-breakdown stresses.

Standard circuit analysis techniques can be used to replace any passive
linear circuit (at a single frequency) by a single conductance shunted by a
single susceptance. These appear as 1/R, and B, in Fig. 12-5a and are
transformed to an admittance Y = 1/R + jB across one winding of the primary
of T1. Since the transistors are operated as current sources, the output
current i,(#) is still given by (12-9). However, the output voltage v,(6) now
has a magnitude (see Problem 12-3.2)

Vo = p(%)rmRo (12-20)
where

_UR _ 1
P=1Y] ~ V1+(BR)

and it is shifted in phase with respect to the output and collector currents.
Power output and input are still computed from Vordl2R and Vecly, respec-
tively. However, to achieve the same output power, the dc supply current and
input power must be increased by the factor 1/p from those required if thc

(12-21)
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reactance were not present. Consequently, the efficiency decreases by the
factor p; for example, a Class B PA with a reactive load has a maximum
efficiency of (w/4)p.
A maximum power dissipation per device of
Ve

Pdl,max = m (12-22)

is possible and occurs with a collector voltage of

Vem = 2Vee (12-23)
7P

(provided, of course, that this value is less than V). In addition to the larger
heatsinks required, the designer must also consider the instantaneous collec-
tor voltage-current product, since this leads to second breakdown. The safe
operating area is commonly specified in the data sheets for low-frequency
power transistors; if this is available, the designer can simply determine
several instantaneous values of collector voltage and current and check them
against the boundaries given in the data sheet. However, data sheets for RF
power transistors more commonly give the maximum voltage standing wave
ratio (VSWR) that the transistor can withstand. The VSWR can be deter-
mined from the load impedance using formulas given in Section 16-6.

Example 12-3.1. Determine the effects resulting from a susceptance of 20
mmhos across the load of the Class B amplifier of Example 12-2.1 if drive is
increased to maintain the 25 W output: For a 25-W output, V,,, must remain at
25 V. The 20 mmhos at the load becomes 0.08 mhos at the collectors; hence,
|Y|=0.113 mhos and L, = Vew|Y|=2.83 A. Following Example 12-2.1, I =
1.80 A, P, =50.4 W, 7 =49.6 percent, and P, = 12.7 W. The voltage rating is
the same as in Example 12-2.1, but the current rating is increased to 2.83 A,
and the dissipation rating is more than doubled.

12-4 Intermodulation Distortion and Bias

Intermodulation distortion (IMD) consists of those distortion products occur-
ring near the carrier frequency (Fig. 12-1) and results from an RF PA’s
inability to reproduce exactly the envelope and phase of the input signal.
(Exact reproduction of the sinusoidal carrier is unnecessary, since harmonics
are removed by the tuned output circuit or filter.) Two major causes of IMD
are crossover effects (discussed subsequently) and gain reduction at high
current (Section 12-5). Two other sources of IMD are device saturation and
variation of collector capacitance with collector voltage. Saturation causes
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both ““flat-topping” of the envelope and unwanted phase modulation (due to
storage-time effects) and is avoided by not overdriving the amplifier (i.e., by
not exceeding the maximum output for the intended class of operation). The
voltage-variable capacitance is inherent in semiconductor junctions, but its
effect is usually small in most PA applications.

Intermodulation distortion is usually measured with a test signal composed
of two sinusoids of equal amplitudes that are separated in frequency by 1 to
2kHz. The resulting products (Fig. 12-1) are called ‘“third-order,” “fifth-
order,” and so forth, in the same manner as mixer intermodulation products
(Section 7-5). The most commonly used measure of IMD [4] is the ratio of the
largest intermodulation product to the amplitude of one of the two tones;
—30 dB is usually the worst allowable IMD ratio for a transmitter. This ratio is
easily measured on a spcctrum analyzer but is too small to be measured
accurately (or even detected) with an oscilloscope. It is interesting (and
useful) to note that mirror-image upper and lower sideband intermodulation
products are the result of either pure envelope distortion or pure phase
distortion; unequal intermodulation products of the same order indicate
simultaneous envelope and phase distortion [5].

A less commonly used test of linearity employs noise-like signals [6].
Consider a band-limited white noise signal, which has a power spectrum that
is flat from f. — f.. to f. + f and zero at all frequencies outside of this band. If
this signal is the input to an amplifier, any signals in the output that are
immediately above f. + f,, or below f.—f, are due to amplifier nonlinearity
(this may be seen through use of the convolution integrals discussed in
Section 7-1). Because it is difficult to produce a rectangular spectrum, it is
convenient to use a noiselike signal with zeros in its power spectrum. Such a
spectrum is provided by amplitude modulation of a carrier by a pseudoran-
dom noise sequence of +1s and —1s; Zeros occur at =f,, +3f,, +5f,, and so
forth, from the carrier where f,, is the “chipping” (bit) rate. Energy present in
the outputl ul these frequencies is then a measure of thc amplificr’s non-
linearity. The advantage of using a noiselike test signal is that it simulates
more accurately the effects of a speech signal than does a two-tone test.

Crossover Distortion and Bias

Real devices (BJTs, FETs, or vacuum tubes) operated in Class B do not
change abruptly from a cutoff mode to an active (linear current source) mode.
The actual change is gradual and nonlinear, and usually involves an offset
voltage. Consequently, an effect called ‘‘crossover distortion” alters the
waveform as one device enters cutoff and the other device becomes active.
These effects are most pronounced with signals of relatively small amplitudes
(with respect to maximum PA oulput).
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Crossover distortion is minimized by biasing of the bases or gates of the
active devices to produce a small quiescent current in the collector or drain.
Too little quiescent current results in no output when the input is less than a
certain amplitude. Too much bias results in an excess gain for small-amplitude
signals. The amount of quiescent current required for minimum distortion is
most readily determined experimentally, since theoretical prediction is quite
complicated. Typically, the minimum IMD ratio occurs with a quiescent
current between 1 and 10 percent of the peak collector or drain current; the
exact value is seldom critical. Because of this quiescent current, each device
conducts current during slightly more than one-half of an RF cycle. This led
to the use of the term ‘““Class AB” for vacuum tube PAs and some early solid
state PAs; however, many authors simply use ‘“‘Class B> with the under-
standing that a quiescent current will be used.

Bias Supplies

Suitable bias for FET PAs is easily obtained from a regulated supply voltage
through an adjustable resistive voltage divider and an appropriate bypass
network [5, 7]. However, a simple fixed voltage bias cannot be used with BJT
PAs. The effect of increasing the temperature of a pn junction is ap-
proximately equivalent to a shift of the device characteristics by about
2mV/°C; that is, a 1°C increase in temperature produces approximately the
same increase in current as would a 2-mV increase in junction voltage.?
Suppose that a bias voltage Vg is applied to the base of a BJT and is quickly
adjusted to produce the desired quiescent collector current. The quiescent
current causes power to be dissipated in the transistor, raising the tem-
perature of the junction. This in turn increases the collector current, which
increases the dissipation. Since there is little dc resistance in the collector
circuit, there is almost no limit to the collector current that can be drawn. This
process is called thermal runaway and leads to device destruction.
Maintaining an essentially constant quiescent collector current then clearly
requires a source of bias voltage that decreases with the junction temperature
at approximately 2 mV/°C. Such a voltage source can be obtained by mount-
ing a diode of construction similar to that of the RF power transistor on the
heatsink and biasing it with a constant current. The diode voltage controls a
“current amplifier” that supplies bias current to the bases (Fig. 12-7a). The
current amplifier may be an operational amplifier [9] or voltage regulator [10].

%This positive temperature coefficient is not obvious in (4-2), which does not show the
temperature dependence of the reverse saturation current Igs. The overall effect [8] is
approximately equivalent to a change in Vge of 1.7 mV/°C for germanium and 1.8 mV/°C for
silicon.
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Fig. 12-7 BJT bias circuits. (a) Using operational amplifier; and (b) using

emitter follower.
’__I%QL
’ . | Bypass
!
c2 |

+Vee
7 RFC
Q
hy C‘D Current 2
amplifier =3
Y1 l: + Ip
+/ b T @
Vp D }:BB == Bypass
(a)
ﬂ<j
= bypass
|
|
Ca2
Q2
RFC

, bypass

(b)

364 | [linear Power Amplifiers




An alternative current amplifier (Fig. 12-7b) uses a pair of diodes and an
emitter (voltage) follower [11]. In all cases, current is supplied through the
input transformer center-tap and a bypass network (CI-RFC-C2). Reference
diodes are built into some RF power transistor packages, and special biasing
components are available that match the temperature characteristics of RF
power transistors and mount on the heatsink.

The current that the bias supply must furnish varies with the drive level.
In Class B operation, each transistor base requires an approximately half-
sinusoidal driving current of peak amplitude (I.,+ Ic)/B, where B is the
current gain of the RF power transistor and I- is the quiescent collector
current. The center-tap current is then a full-wave rectified sine wave added
to the bias current, and the maximum bias supply current (required at peak
amplifier output) is

_dow |, Ic
IBB,max . 7TB + ,B (12-24)

Bias supplies for Class A operation are similar to those for Class B
operation. Although more base current (Izg = Io/B) is required, a slightly
larger fractional variation of I- with temperature is allowable, since its effect
on IMD is small.

Real bias-current amplifiers require some input current (I, in Fig. 12-7b),
and therefore tend to load the reference diode. Since any variation of the
diode current degrades the ability of the bias amplifier to maintain constant
quiescent current, the reference diode is typically biased to conduct 10 to 100
times the current required by the amplifier loading it. Exact analysis of bias
circuits containing resistive voltage drops may require the use of graphical or
numerical techniques. Effects of temperature differences can, however, usu-
ally be estimated through the 2 mV/°C equivalence.

Example 12-4.1. Design the bias supply circuit of Fig. 12-7b for the PA of
Example 12-2.1, and determine the effects of 10°C temperature difference
between the reference diode and the RF power transistor. Assume that 8 = 20
for all transistors and that a quiescent current of 25 mA per device gives the
minimum IMD ratio: From Example 12-2.1, I;. = 1.27 A without the quiescent
current, and hence Ipgm.x = (1.27+0.025)/20 =66 mA, and [, = 0.066/20 =
3.3 mA. A diode current of 10 times I, is selected so that Ip =33 mA and
I, =36.3 mA. Since the 28 V supply is much larger than the approximate 1.4 V
drop across the two diodes, a resistor R; = (28 — 1.4)/0.0363 = 733 ohms will
behave like a current source. (R, would actually be a 2-k{) variable resistor.)
The effect of 10°C temperature difference will be about the same as that of a
20-mV change in Vpgg; the quiescent current will therefore increase by a
factor of exp(0.02/0.026) = 2.16 to a value of 53.9 mA per device.
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12-5 Drive and RF Feedback

Large-signal operation of any device—BIJT, FET, or vacuum tube—Iis quite
different from small signal operation. Most noticeable are the increased
effects of device nonlinearities at higher outputs. The discussion of distortion
in small-signal amplifiers may have caused the reader to give up hope for
linear power amplification. Linear large signal operation is possible, however,
and is achieved by the careful design of drive and feedback circuits. Although
design principles for output circuits are similar for all devices, the design
principles relating to input circuits vary greatly from onc decvice to another.

Drive

BJTs. The relationship of the collector current to the base-emitter voltage in
a BJT is exponential, and is therefore inherently nonlinear for large-signal
operation. For this reason, power amplifiers often use current drive rather
than voltage drive. The collector current and the base current are nearly
linearly related [12] because the base-emitter voltage is a logarithmic function
of the current driven into the base. Ideally, the logarithmic and exponential
functions cancel each other, but in practice, there is not perfect linearity.
Most notable is the decrease in current gain 8 at high collector currents.

To understund how a Class B PA using BJTs is driven, suppose that a
sinusoidal current is driven into the primary winding of transformer T'1 in Fig.
12-8a. During the positive half-cycle of this current, there is a tendency for
current in the secondary winding to flow from the base of Q2 toward the base
of Q1. Since this direction of current flow is in the reverse direction for the
base of Q2 and the forward direction for the base of Q1, current flows only
from the center-tap to the base of Q1. The current flowing into the base of Q1
causes the voltage vg(0) to rise above the bias voltage Vpg. The transformer
reflects this as a decrease in the voltage v;,(0) on the base of 2, as shown in
Fig. 12-8b. During the negative half-cycle of the driving current, the base of
Q2 is similarly forward-biased and the base of Q1 is similarly reverse-biased.
If stray reactances and transistor capacitances are ignored, only one base is in
the circuit at a given time.

If a constant current gain B is assumed, each base requires a half-
sinusoidal driving current of peak amplitude I.,/B. The sinusoidal driving
current thus has a peak amplitude (I../B)(n/m). At any instant, the driving
voltage vp(0) is formed by the transformation by T'1 of the voltage waveform
on the forward-biased base. Although the waveform vp(8) is nonsinusoidal, it
is convenient to assume that it is sinusoidal. Its peak amplitude is then (m/n)
(I.mw/B)Rp, where Ry is the large-signal equivalent base resistance. This resis-
tance may be defined as (m/n)’ times the ratio of the fundamental frequency
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Fig. 12-8 Drive of a Class B BJT PA. (a) Circuit; and (b) waveforms.
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component of the driving voltage to the amplitude of the driving current.

Values of Ry (or impedance Zg) are usually given in transistor data sheets;
: typically, values range from one to several ohms. This value may be used to
) determine the required driving power

= (12-25)
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and the driving-point resistance Rp, which is (m/n)*Rg. The power gain can be
computed as the ratio of the output and driving powers.

Driver amplifiers are typically Class A or B PAs, and predrivers are
typically Class A PAs or small-signal amplifiers (Chapter 16). Ideally, the
driver should be a current source (with infinite shunt resistance), since the
base voltage to collector current relationship is nonlinear. However, shunt
resistances and reactances inherent in the transistors and coupling networks
often make achievement of ideal current source operation difficult at low
power levels. Tor this reason, negative feedback, a shunt resistance (Rs in
Fig. 12-8a) or hybrid couplers (Section 12-7) are often used in the input
circuitry of a PA.

FETs. In Class A operation, the ideal square-law relationship between the
gate-source voltage and the drain current introduces no distortion in the
fundamental frequency signal [13]. However, in Class B operation, the ideal
square-law characteristic results in a square-law (i.e., nonlinear) relationship
between the amplitudes of the fundamental frequency components of the
input and output signals. Fortunately, the VMOS power FETs [14] have
characteristics that are square-law at low levels and linear al medium and high
levels. The effects of the square-law region appear as Crossover distortion and
are minimized by proper choice of the bias voltage.

The drive of an FET PA must produce gate voltages corresponding to the
desired drain currents. The input impedance of a MOSFET is primarily a large
capacitive reactance with a small resistive component due to gate to drain to
load coupling. Consequently, the input impedance of an FET PA is generally
higher (and drive power is generally lower) than in a PA using comparable
BITs. It is important to note that current simultaneously flows in the gates of
both the active and the cutoff FET. The input impedance of a single FET is
therefore multiplied by 2(m/n)’ to obtain the driving impedance of a circuit
similar to Fig. 12-8a. Because of the high, capacitive driving impedance,
transformers used to couple the driving signal and bias voltage to the gates
can be quite different [25] from those used in BJT PAs.

Emitter Feedback

An emitter resistor (Fig. 12-9a) can help to linearize the input voltage to
output current transfer characteristic of a Class A or B power amplifier by
suppressing the effects of variations in S with current, temperature, and
frequency. Some emitter resistance (*‘ballast”) is often included in RF power
transistors to cause even division of current within the device (see Appendix
12-1) so that some emitter feedback is inherent in most PAs.

Insertion of resistance Ry in the emitter lead (Fig. 12-9a) produces an
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Fig. 12-9 RF feedback. (a) Emitter feedback; and (b) coliector feedback.
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v = (ic + ig) Rz = (1 + %) O Rz okl (12-26)

As long as B is large, it is apparent that the emitter voltage will be essentially
proportional to the collector current, in spite of variations in 8. By design, the
variations in vgg required to produce the collector current are small in
comparison to vg. Consequently, the base voltage vp is simply veg+ V, when
the transistor is active. The driving voltage (applied to the base) and the
collector current are thus forced to be proportional to each other.

Through a straightforward analysis, the driving impedance of the circuit of
Fig. 12-9a can be shown (Problem 12-5.1) to be

Rgr=(B+ 1R+ Rp (12-27)

Similarly, the PA voltage gain can be shown to be R/Rg. These two expres-
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sions are identical to those for small-signal amplification. The primary
difference is that in a Class B PA, emitter feedback must act on the total
instantaneous collector current rather than only its ac component. Shunting
R with a capacitor can thus distort the current waveform.

Since Ryr depends directly upon B, it is often desirable to provide a fixed
resistance shunt (Rs in Fig. 12-8a) for ac drive current. Also, it is important to
note that emitter feedback has no effect if current (rather than voltage) drive
is used. Source feedback in FET PAs is not generally practical because the
large gate voltages produce large voltages on the source resistor and hence
excessive power dissipation.

Collector Feedback

Another form of RF feedback that can be used with BJTs feeds a small
portion of the collector current into the base. This is most easily accom-
plished with a simple resistor Rr (Fig. 12-9b) and a blocking capacitor Cr. If
device gain falls off at higher frequencies, an inductor Lr may be added to
decrease feedback action at those frequencies. (Effects of phase shifts due to
Ly, the transistor, and the lead must be remembered in evaluating the PA’s
stability.) This form of feedback linearizes the amplifier’s input current to
output voltage transfer characteristic.

Since the base current is the sum of the drive and feedback currents, and
since the feedback current is proportional to the output voltage and V), is small
in comparison with vcg

’EC= i = iBF+”% (12-28)
For large values of B, the base current is very small, and the ac collector
voltage is therefore forced to be proportional to the drive current. (Note that
if the driver is a voltage source, collector feedback will not improve linearity.)
For large values of B, the resultant equivalent current gain (ic/igr) is ap-
proximately RHR, and the equivalent base input resistance is

Rpg

Rer =17 BRIR-

(12-29)

Other Forms of Feedback

The use of a transformer to couple a portion of the output current into the
bases can be used to linearize a BJT amplifier’s input current to output
current transfcr characteristic. Transformers may similarly be used with FET
PAs to linearize the input voltage to output voltage characteristic. Envelope
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feedback, discussed in Chapter 16, controls the driver (or a previous am-
plifier) to provide the drive amplitude that produces the desired output in spite
of amplifier nonlinearities.

Example 12-5.1. Determine the drive requirements of the PA of Example
12-2.1 if B =20 and Ry = 4 ohms. Then select a value of Rg that will result in
an approximate voltage gain of 10. Further, determine the effects of the
emitter resistance on amplifier efficiency and drive if B can vary from 20 to
40: First, with B = 20, each base requires a half sinewave of current whose
peak amplitude is 2/20 = 0.1 A. The drive power is then Ppr = (0.1)>x 4/2 =
20 mW; hence the power gain is 31 dB. To get a voltage gain of 10, Rg =
R/10 = 1.25 ohms. Efficiency is reduced according to the ratio of resistances;
that is, now n =78.5x(12.5/13.75) = 71.4 percent. The use of feedback in-
creases the equivalent base resistance to 1.25(8 + 1) +4, and hence values
from 30.25 to 55.25 ohms are possible. The drive power required with emitter
feedback is determined by first finding the current needed and then using the
value of Rgr corresponding to a given current gain. The drive power varies
from 151 to 69 mW, causing the power gain to vary from 22.2 to 25.6 dB.

12-6 Wideband Transformers

Linear RF power amplifiers are often used in applications (such as HF SSB)
that require operation over a large range of frequencies. Class B and D PAs
generally require good transformer response to at least 3 times the output
frequency, since the collector waveforms contain harmonics. Consequently,
wideband transmission line transformers must be used rather than the con-
ventional (colloquially called “wire-wound””) type of transformers, which
have discrete windings.

The bandwidth limitations inherent in conventional transformers may be
understood by considering the autotransformer of Fig. 12-10a, which has been
tapped in the center to provide a 4:1 impedance transformation. Low-
frequency performance is degraded by the shunt susceptance (magnetizing
inductance) of the windings (Fig. 12-10c), while high-frequency performance
is degraded by the series reactance (leakage inductance) of the windings
[12, 16].

Transmission line transformers employ a simple but clever concept that
allows improved high-frequency performance. Figure 12-10b shows the
above-mentioned autotransformer rearranged into distinct primary and
secondary windings. Since these remain connected, the 4:1 impedance trans-
formation is preserved. Ideally, the current in each winding has the same
magnitude, and the voltage across connections a and ¢ is the same as the
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Fig. 12-10 Transmission-line transformer models. (@) Autotransformer; (b)
transmission-line transformer; (c) low-frequency model; and (d)
high-frequency model.
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voltage across connections b and d. The two separate windings may therefore
be replaced by the two conductors in a single transmission line as in Figs.
12-11a, b, or c.

At low frequencies, the shunt susceptance degrades performance, as with
ordinary transformers. However, at high frequencies, the series reactance
combines with the interwinding capacitancc and the circuit behaves as-a
transmission line, greatly extending the high-frequency response.
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Fig. 12-11 Construction of transmission-line transformers. (a) Twisted wire; (b)
coaxial cable; (c) stacked cores; and (d) brass tube.
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Configurations

A variety of transmission line transformer configurations [17, 18] is depicted
in Figs. 12-12 to 12-14. Easily recognized are the 1:1 (balun) and 4:1
configurations of Fig. 12-12a and b. Figure 12-12¢ and d shows how an n’: 1
impedance transformation can be obtained. A current I/3 driven into the
upper winding of the upper transformer in Fig. 12-12¢ will cause a current of
I/3 to flow in the lower winding of the upper transformer. This current then
similarly produces a current I/3 in the lower winding of the lower transformer,
resulting in a current I driven into the load R. A voltage V appearing on the
load also appears across connections g and h of T2, causing it to appear
across connections ¢ and f as well. The voltage from e to f added to the
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Fig. 12-12 Transmission-line transformer configurations. (a) Balun (1:1); {(b) 4:1;
{c) 9:1; and (d) 16:1.
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voltage on the load produces 2V across connections ¢ and d of T1. This
similarly results in a voltage 3 V appearing at the input to the combination of
T1 and T?2. Figure 12-12d shows a similar arrangement that produces a 16:1
impedance transformation. Figure 12-13a shows an alternative to Fig. 12-12d
that also produces a 16:1 impedance transformation. Note that in all cases,
the characteristic impedance of the transmission line is specified by the
voltage across the end of the line and the current flowing through the line.
Push-pull amplifiers such as Class B and Class D require slightly different
arrangements. Figures 12-13b and ¢ show how two or more transmission line
transformers may be combined to enable push-pull operation (either for drive
or output). As shown, the upper transistor (current source) is active, while the
lower one is off and therefore forms an open circuit. In (b), a current [ in the
load results in a current I in the upper winding of T2, and hence a current I
in the lower winding of T2 (whether or not the load is grounded). The current
in the lower winding must also flow through the right-hand winding of T,
which then produces a current I in the left-hand winding. The total current
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Fig. 12-13 Transmission line transformer configurations. (a) Alternate 16:1; (b)

push-pull 1:4; and (c) push-pull 1:9.
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Fig. 12-14 Transmission line transformer configurations. (a) “‘Brass tube”’; and
(b) “Bootstrap.”
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supplied by the upper device is therefore 2I. A voltage V/2 appearing on the
device causes a voltage V/2 to appear across the right-hand winding of T1.
This causes a voltage of V/2 to appear across T2, as shown, producing a
voltage V on the load. Transformer T'1 is commonly called a “hybrid,”” while
T2 is commonly called a “balun.” (Balun T2 could be connected as in Fig.
12-14a rather than as shown in Fig. 12-13b; however, the high-frequency
response would be degraded.)

A commonly used version of the transmission line transformer employs a
pair of brass tubes as a single-turn winding, as shown in Fig. 12-11d. Ferrite
cores are stacked over the two tubes to provide the required minimum shunt
reactance. The secondary winding is formed by wires running through the
brass tubes. This arrangement may easily be visualized as a transmission line
transformer when the secondary has only one turn, To visualize transmission
line operation for othcr turns ratios, suppose that the secondary winding is
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formed by winding and connecting two pieces of wire in parallel. The same
voltage and current relationships are still present so that transmission line
operation is preserved. Now suppose that the two pieces of wire are rear-
ranged to form a two-turn secondary winding. The current flowing in one
direction through a brass tube is equal to the sum of the currents flowing in
the other direction in the two wires inside that tube. The voltage across each
secondary winding is the same as in the 1:1 version. The transmission line
mode of operation at high frequencies is therefore preserved, even though the
secondary winding has been split into two (or more) turns. This type of
transformer is often used in the arrangement shown in Fig. 12-14a, where an
impedance transformation of 4n*/m?:1 is obtained for push—pull operation.
Note that either m or n = 1 if a “brass tube” transformer is used.

The transformer shown in Fig. 12-14b “piggybacks’ a few extra turns onto
a transmission line transformer to obtain a slightly different transformation
ratio. Although high-frequency performance is not as good as with an ideal
transmission line arrangement, this configuration can usually be used to pro-
vide up to a 6:1 transformation with only slight degradation [19,20]. The
high-frequency response of a variety of other configurations may also be
improved by forming some sort of transmission line with the windings.

Design Considerations

The first step in any design involving transmission line transformers is to
select a configuration that gives the desired impedance transformation. The
next step is to determine the characteristic impedances of the transmission
lines needed (and to make sure that they are realistic). The performance of
transformers in small-signal circuits is often given in terms of a 3-dB insertion
loss [18]. However, since PAs act primarily as current (or voltage) sources,
the insertion loss definition of bandwidth is not especially useful. More
important to the design of PAs is the impedance seen by the PA (or devices)
at different frequencies. As discussed in Section 12-3, any reactance appear-
ing in the load of a Class A or B amplifier results in a decrease in efficiency
and an increase in device stress.

Low-Frequency Response. As mentioned earlier, the low-frequency res-
ponse of a transformer (transmission line or conventional) is degraded by a
shunt susceptance that appears across the primary winding in Fig. 12-10c.
This susceptance is due to the magnetizing inductance of the transformer [18],
which is given by

A

If: n*Ap (12-30)

P, SR,
L,= > =47n°p

where n is the number of turns in the primary winding, u the core per-
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meability, A, the effective area of the core, and L, the average magnetic path
length. These effects are often combined in one quantity A;, which is given
(typically) in millihenrys per thousand turns squared.

High-Frequency Response. The designer may incorrectly assume that the
upper-frequency limit of a transmission line transformer is determined by the
quality of the transmission line used. However, the transformer does not
employ the line as a transmission line, feeding power into one end and taking
it from the other. The current is driven into only one (not both) of the
conduclors al a particular end of the transmission line, and the voltage is
applied from end to end, rather than across one end. Compatibility with both
ideal transformer and ideal transmission line operation is therefore only
possible for frequencies at which the length of the line is a relatively small
fraction of a wavelength (0.1 to 0.3 A, maximum).

The voltages and currents (Fig. 12-10d) at the ends of a transmission line
of characteristic impedance Z, and length [ are related by [21]

Vi= V,cos yl + jl,Z, sin vyl (12-31)
I,=1,cos yl + j% sin yl (12-32)

where y is the propagation constant of the line (y = w/v, where v is the phase
velocity in the line). These equations can now be used to solve for the other
voltages and currents in a circuit employing a transmission line transformer
[22]. For the 4:1 configuration of Fig. 12-10d,

Zy cos yl + jZ, sin vyl

Zin(low end) = Z, 5 cos 1) + jZ, sin 71 (12-33)
with Z; loading the high end and
Z.(high end) = ZOZZL(I + cos yl) + jZ, sin yl (12-34)

Z, cos yl + jZ sin yl
with Z; loading the low end.

Transmission Line

Since deviations of the characteristic impedance of the transmission line from
the desired value (or deviations of the load from its intended value) cause a
degradation of the transformer’s high-frequency response, careful selection of
the line is important. Coaxial cable is desirable when it is available in the
required impedance. Twisted wire [23] may be used to produce impedances
between about 10 to 200 ohms. Thin wire and large spacing (insulation)
produce a high characteristic impedance, while large wire, tight twisting, and
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close spacing (enamel insulation) produce low characteristic impedances. It is
also possible to connect two transmission lines in parallel to obtain a lower-
impedance line. Empirical measurements made with the aid of a time-domain
reflectometer or an RF impedance meter are most helpful in achieving the
desired characteristics.

Flux Limits

The ferrite cores commonly used in RF transformers saturate at high flux
densities. It is therefore necessary to design the transformers to keep the flux
considerably below the saturation level. Failure to do so results in non-
linearity, generation of harmonics, and inefficiency. At low frequencies the
flux in the core is given by [23]

g = Vens X 10°

= m gauss (12-35)

where V., is the rms voltage on the winding, n the number of turns in the
primary, f the frequency, and A, the effective area in square centimeters. At
higher frequencies where the transmission line effects take over, the flux
decreases below that given by (12-35). The maximum flux is thus determined
by using the lowest frequency of operation in (12-35). The flux levels for core
saturation and nonlinearity are usually given in the manufacturer’s data
sheets.

Example 12-6.1. Select broadband transformers for use with the PA of
Example 12-2.1 and specify the characteristic impedance of the transmission
lines needed. Match R = 12.5 ohms and Rz =4 to 50 ohms: Since the output
requires a 4: 1 transformation, two transformers arranged as in Fig. 12-13b are
used: Z,(T1)=25ohms, and Z,(T2)=500hms. To transform 4ohms to
50 ohms is awkward for a transmission-line configuration, but a 9:1 trans-
formation will yield 36 ohms, which should be good enough. The configuration
shown in Fig. 12-13¢ is therefore used to drive the bases, Z,(T'1) = Z,(T2) =
12 ohms, and Z,(T3) = 24 ohms.

12-7 Power Combiners and Splitters

When a larger output is needed than can be obtained from a single device or
pair of devices, ‘“hybrid coupler” [25] circuits can be used to combine two or
more power amplifiers. Direct parallel operation of the devices is unsatis-
factory because the currents do not divide equally among the devices.
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Basic Hybrid Transformer

The basic hybrid transformer (Fig. 12-15a4) can be used to combine the
outputs of two PAs that are driven 180° out of phase with respect to each
other. Shown here are two PAs operating as current sources and producing
sinusoidal current outputs represented by I, and I,. Since the sum of the
ampere-turns in an ideal transformer must be zero,

L=%m+h) (12-36)

that is, the transformed sum of the two output currents is delivered to the
load. The difference in the two output currents (I;—I,) flows through the
resistor R,. (Note that the hybrid coupler tcchnique is not used to combine
the outputs of the two transistors in push-pull operation; to attempt this
produces a different mode of amplification [26].)

When I,=I,, no current flows in R,, and V,= V,=(m/n)V,, so it is
apparent that both PAs deliver equal power to the load and each sees a load
resistance of R = (m/n)’2R,). If R, = R/2, both PAs see a constant load of
value R even when I, # I, (see Problem 12-7.1), which is one advantage of the
hybrid coupler.

The hybrid coupler is not, however, a cure-all for all possible problems
encountered by a PA. If, for example, the load is shorted or vpened, that
effect is reflected to the collectors of each PA. Load reactances and variations
are similarly transformed to the PAs.

Power Splitting

Figure 12-15b shows the basic hybrid transformer splitting the power from a
current source driver into two loads, which might be the inputs of the PAs of
Fig. 12-15a. If R, = R,, the power and current are, of course, evenly divided.
In general, however,

Q_m( 2Rh+R2 ) (12_37)

I n\4R,+R,+R,

and the current is not equally split when R, # R,, for any value ofR,.

To obtain equal drive currents in both PAs in spite of base resistance
variations, the center-tap of the transformer may simply be omitted (R, = «).
Failure (open circuit input) of one PA will shut off the drive current to the
other. This is not undesirable, since the resistor in the output coupler would
have to dissipate half of the output of one of the PAs, and the net efficiency
would be cut in half as well.
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Fig. 12-15 Hybrid couplers. (a) Basic hybrid combiner; (b) hybrid splitter; and (c)
broadband hybrid combiner.
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Broadband Hybrids

The broadband transmission line transformer techniques discussed in the
previous sections can also be used to make broadband hybrid couplers. For
example, the previously discussed basic hybrid transformer is often made
using brass tubes, as in Fig. 12-11d.

Figure 12-15¢ shows how a pair of transmission line transformers may be
combined to make a hybrid coupler (commonly called a “180° hybrid”). The
actual hybrid coupler is T1, and T2 is a balun. Using the same analysis as was
used for the PA hybrid combiner, onc can show that the load gets the sum of
the driving currents (with m = 2n), while the difference in the driving currents
flows through R,. Now, however, R = R,J2 (for I;=1), and R, = R,/4 to
maintain a constant PA load resistance. Other aspects are similar to those of
the basic hybrid coupler.

Other Hybrids

A variety of types of hybrid couplers exists. Reversal of the phase of I, in any
of the previously discusscd couplers will dump all of the power into Ry; R.
then receives that power due to differences between I, and I,. Four PAs can
be combined through a set of three splitters and three combiners. However, it
is also possible [25] to make n-way hybrids directly. An example of the use of
such a coupler is a 1-kW HF linear PA made by combining four smaller PAs
[27].

Example 12-7.1. Design hybrid couplers to combine two of the PAs from
Example 12-2.1 to get a total output of S0 W. Assume that Rz = 4 ohms and
that I, and I, are within 10 percent of each other. Match (approximately) to
50-ohm input and output impedances: To get a 50-ohm load for the PAs
requires that n/m = \/2 in the circuit of Fig. 12-15a. A more practical choice
is m — 2, n =3, which gives R =44 ohms. This will produce an 11-ohm load on
the collectors, so slightly more current will be required to produce 25 W per
PA. Since R = 44 ohms, R, =22 ohms. Assuming that the current difference is
the maximum 10 percent, the power in R, will be (0.2)" x 22/2 — 440 mW.
Since the PAs are current driven, the center-tap of the input hybrid will be
omitted. The 4: 1 transformer in the example gives a 64-ohm input to each PA.
A splitter transformer with m =2 and n = 3 will give a 56.9-ohm input, which
is close to the desired 50 ohms.

12-8 Output Filters

Real power amplifiers produce harmonic currents that must be filtered out if
the PA is connected to an antenna. Crossover distortion is primarily respon-
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sible for the odd harmonics, which are typically 15 to 20 dB below the signal
level. Current-gain variations are responsible for the even harmonics, which
are typically 20 to 40 dB below the signal. Typical specifications require the
bharmonics to be attenuated to at least 60 dB below the carrier.

Since this is not a text on filter theory, the discussion will be limited to
those topics particularly applicable to modern power amplifiers. Along with
the introduction of the broadband transformer came the use of a bank of
filters rather than the tuned “‘tank’ circuit that was common to vacuum-tube
transmitters. The output filter must, for all frequencies for which it is to be
used, pass the fundamental frequency while rejecting (bypassing) the har-
monics; this limits the bandwidth of a given filter to a maximum of 1 octave
(practical filters usually have a half-octave bandwidth). Since (assuming
proper operation of the PA) there are no signals below the carrier frequency,
low-pass filters are used instead of bandpass filters.

Fig. 12-16 Elliptic filter for a power amplifier. (a) Example of a circuit; and (b)
examplie of a frequency response.
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In principle, the filter response could be based on Butterworth (maximally
flat) or Chebychev (equal ripple) characteristics. Because both a large pass-
band and a large harmonic attenuation are normally desired, an elliptic (or
Cauer or m-derived) section is normally used in conjunction with a low-pass
section. The elliptic section of the filter of Fig. 12-16a has both the passband
ripple (as in a Chebychev characteristic) and zeros in its response that give it
a very rapid roll-off. An increasing attenuation at higher frequencies is
ensured by the low-pass section.

Available references [29, 30] can be used to design a filter with specified
characteristics. However, the designer musl be aware [31] that the input to the
filter is a high-impedance current source (if it is a Class A or B amplifier
without feedback). The first element of the filter must therefore provide a
path for the harmonic currents; a series inductor will have no effect on filter
response (but will cause the PA to saturate at a lower output). Variations in
load impedance can also alter filter response. Many filter design manuals and
computer analysis programs are based on a noninfinite source impedance and
purely resistive loads, and are therefore nearly useless for determining the
response of the output filter of a PA.

Example 12-8.1. Specify the passbands (i.e., the cutoff frequency and the
lowest usable frequency) for a set of output filters for 2 to 30 MHz operation.
Assume that in the prototype design, the maximum acceptable passband
attenuation occurs at f,, which equals three-fourths the cutoff frequency f. at
which the minimum acceptable harmonic attenuation is obtained: Adequate
harmonic rejection requires that no frequency lower than half the cutoff
frequency be used. The ratio of the upper and lower passband frequencies is
thus 0.75/0.5 = 1.5. The number n of filters required then satisfies 2 X (1.5)" =
30 MHz, and hence n = 7 is selected. The ratio r of passband frequencies then
satisfies 2r’ = 30 so that r = 1.47. Filter passbands are then 2-3, 2.94-4.42,
4.34-6.5, 6.38-9.58, 9.4-14.1, 13.84-20.76, and 20.38-30.56 MHz. The lower
frequencies were obtained by successive multiplication of 2 MHz by 1.47. The
upper frequencies were obtained by multiplication of the lower frequencies
by 1.5.

12.9 Heatsink Design

The reliability of transistors decreases with increasing junction temperatures.
Since PAs in general dissipate a significant amount of power, it is important to
provide them with a heatsink to dispose of the unwanted heat. In Class A
operation with a resistive load, the maximum power dissipation is twice the
maximum output power. In Class B opcration with a resistive load, the

384 | Linear Power Amplifiers




maximum total power dissipation is 2 V.Z!/w*R, about 40.5 percent of the peak
output power. In either Class A or Class B operation, the presence of
reactance in the load will increase the maximum dissipation above these
values, as discussed in Section 12-3.

Heat flow can be analyzed with a thermal circuit in the same way that
current flow can be analyzed with an electrical circuit. In Fig. 12-17, the
dissipated power is analogous to a. current-source driver, temperatures are
analogous to voltages, and each element in the thermal path has a thermal
resistance © associated with it. Capacitors can also be added [9, 18] to model
time constants due to heat storage.

The first element in the heat flow path is the junction-to-case thermal
resistance @, which is typically in the range of 1 to 10°C/W. The next
element is the thermal resistance @y associated with mounting the device on
the heatsink. This is typically a few tenths of a °C/W, and is minimized by the
application of a silicon thermal grease and the correct mounting torque [18].
(The case-to-air thermal resistance often quoted for small transistors is
usually so high that it may be ignored when dealing with large power
transistors.) The last element in the circuit shown is the heatsink-to-ambient
thermal resistance ®g,. This resistance may include two parallel components
corresponding to convection and radiation, as well as a series component
corresponding to conduction from the mounting site to the surfaces. The
convection component is usually nonlinear, but fortunately decreases with
increasing temperature.

Heatsinks used in PAs are usually extruded-aluminum finned structures
with a high area-to-volume ratio. The size of the heatsink is determined by
comparing its required maximum thermal resistance with the curves given by
the manufacturer. The maximum allowable thermal resistance is determined
from the maximum allowable junction temperature (typically 200°C), the
maximum ambient temperature, the amount of power dissipated, and the
other thermal resistances in the circuit.

Fig. 12-17 Thermal circuit.
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Example 12-9.1. Determine the maximum allowable thermal resistance of the
heatsink for the PA of Example 12-2.1 if P, =8 W, @,c =3°C/W, and O¢y =
0.3°C/W: T; must be less than 200°C; and the ambient temperature may be as
high at 100°C. Assume a purely resistive load: The minimum junction-to-
ambient temperature difference is 100°C, and 8 W must be dissipated; hence

the

total thermal resistance in the circuit can be no more than (100)/8 =

12.5°C/W. Since the junction-to-case and case-to-heatsink resistances already
total 3.3°C/W, the heatsink can have no more than 9.2°C/W.

1.

10.

11.

12.

13.

14.

15.
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PROBLEMS
12-1.1. Design a single-ended Class A PA to deliver 25 W to a 50-ohm load.

Assume that Ve =28V and f =2 MHz. Specify the performance. Hint. Use
a transformer to convert 50 ohms into a more suitable load resistance. Note
that for RF power transformers, the number of turns in a given winding is a
small integer (usually <5) so that an exact “‘match” may not be possible.

12-2.1. Design a Class B PA to deliver 100 W to a 50-ohm load. Assume

that Vo =28 V and f =2 MHz. Specify the performance.

12-2.2. Design a complementary version of the Class B PA of the previous

problem. Select Ve for maximum efficiency. Specify the ratings and per-
formance.
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12-2.3. Suppose that the load of a Class B amplifier is a parallel pair of
diodes of opposite polarity (representing an unbiased pair of emitter-base
junctions, the input to a Class D PA). The secondary of T, in Fig. 12-4a is
replaced with 2n turns whose center-tap is grounded. The ends of this
winding are connected to the anodes of the two diodes; the other ends of the
diodes are grounded. Determine the power input, output, and dissipation for
sinusoidal current drive, and the best choice for (m/n). Assume that the
diodes have an infinite reverse resistance and a zero forward resistance with
voltage drop V..

12-3.1. Assume that a battery voltage (Vpp) can vary from 24 to 28V
during its useful life. Design a 27 MHz Class B PA that will deliver 16 W PEP
to a 50-ohm load over this entire supply voltage range. Use FETs with
R,,= 2.5 ohm and specify the performance with both high and low values of
Vob-

12-3.2. Verify (12-21), (12-22), (12-23), and (12-24) for a Class B PA.

12-3.3. Consider the PA designed in Problem 12-2.1. Determine the mini-
mum and maximum load resistance R, (with no load reactance) for which the
PA can deliver a full 100-W output. Also determine the minimum value of
shunt reactance and maximum value of series reactance (with a 50-ohm
resistance) for which the PA can deliver a 100-W output. Specify the
performance in each of these four cases. Assume that V, =1V and that the
transistors have 9-A peak current ratings.

12-4.1. Design a bias supply for the FET PA of Problem 12-3.1 if
Ves =2V gives the minimum IMD. Use a Zener diode with V; =33V and
I; = 10 mA.

12-5.1. Derive (12-28) and the expression for the voltage gain of a PA with
emitter feedback. Assume, when necessary, that ic = B(vgs— V,) = is/Rs,
where B and Rg may vary.

12-5.2. Design an RF feedback system using transformers to accomplish
current to current linearization, and describe its characteristics (gain, input
impedance, etc.).

12-6.1. Design a network of transmission line transformers to allow opera-
tion of the PA of Problem 12-2.1 over the entire 2 to 30 MHz range. Assume
that Rz = 1.4 ohms and that the driving impedance is to be approximately
50 ohms (unbalanced). Use the results of Problem 12-3.2 to establish per-
formance criteria for the transformer nearest the collectors. Then use these
criteria to design the transformer using a core with the following charac-
teristics: OD = 3.6 cm, thickness = 1.5cm, A, = 3639 mH/(1000 turns)’, A, =
0.977 cm?, and B, = 3000 gauss.

12-7.1. Show that the load presented to PA; in Fig. 12-15a is R for any
value of I, when R, = R/2. [Remember that R = (m/n)(2R,).]

12-7.2. Derive (12-38).
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12-7.3. Design a hybrid power-splitting and combining network using
transmission line transformers to combine four of the PAs of Problem 12-6.1
into an amplifier with a 400-W output. The transformers specified in Problem
12-6.1 may be modified if necessary.

Appendix 1221 RF
Power
Transistors

Detailed discussions of semiconductor theory and RF power transistor con-
struction can be found in the literature [9]. Three aspects that are of special
interest to the designer are discussed in this appendix.
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Packaging

There are three basic case styles commonly used with RF power transistors,
and many variations of each style. Figure 12-18a shows a simple stud-
mounted package, commonly used on older RF power transistors. The stud
provides for mounting with low thermal resistance.

Fig. 12-18 RF power transistor package types. (a) Stud-mounted; (b) Stud-
mounted SOE; (c) flange-mounted SOE; and (d) flange-mounted

improved stripline.
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Figures 12-18b and 12-18c¢ show “‘stripline opposed emitter”” (SOE) pack-
ages with low-inductance ‘‘ribbon” leads that connect easily to PC board
wiring. The emitter is sometimes connected to the case, allowing the two
emitter leads to be omitted. A problem sometimes encountered with packages
(a) and (b) is that excessive mounting torque can break the mounting stud,
ruining the transistor. The flange-mounted package (c) overcomes this prob-
lem by providing two holes for screws and a large, flat surface for low thermal

FIG. 12-19 Construction of a bipolar RF power transistor. (From Solid State
Power Circuits, SP-52, 1971. Courtesy or RCA Solid State Division,

Somerville, N.J.).
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resistance. Package (d), commonly identified by various manufacturers’
trademarks, provides a better input and output transmission line charac-
teristics.

Construction of Bipolar RF Power Transistors

The “overlay” and “interdigitated” techniques [9] are commonly used to make
high-power RF transistors. As shown in Fig. 12-19, the base and emitter
contacts are arranged like interlocking fingers. Along thc cmitter contact,
there are several emitter sites.

The interdigitated construction allows for even distribution of the base
current, a smaller distance from the base to the emitters, and lower contact
resistances. The use of many small emitters makes possible local “hotspot-
ting,” which can lead to a thermal runaway chain reaction. To prevent this,
resistance (“emitter ballasting”) is often introduced in each emitter lead to
force the current to divide evenly among the emitters.

Construction of RF Power FETs

The recently developed VMOS technique {14, 28] has made possible FETs
suitable for RF power applications. In a VMOS FET, the current flows
vertically (hence the name Vertical MOS) rather than horizontally as in an

Fig. 12-20 Cross section of a VMOS power FET. “Try mospower ™ FETs in your
Next Broadband Driver,” 1976. Courtesy of Siliconix, Incorporated,
Santa Clara, Calif.)
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ordinary FET. Figure 12-20 depicts a cross section of a VMOS FET, showing
the V-groove structure not present in conventional FETs. A positive gate
(and body) potential with respect to the source creates an electric field that
induces an N-type channel on both faces of the body adjacent to the gate.
This completes the circuit from the N+ source through the N-channel and
N -epi-layer, to the N+ substrate.

VMOS devices are characterized by high current density and a consequent
low gate to drain capacitance. A low output conductivity results in nearly
ideal current-source operation. At low current levels, the square-law gate
voltage to drain current relationship holds. However, above a certain level,
increased field strength does not increase the drift velocity. Because of this
“yelocity saturation” effect, the transfer characteristic for medium and high
current levels is linear.

FETs for RF power applications had just been introduced when this was
written. However, FETs offer several significant advantages over BJTs,
including lower drive power and absence of storage time. Also, since there is
a negative temperature characteristic, FETs are not subject to thermal
runaway, current hogging, hotspotting, and second breakdown. In switching-
mode operation (discussed in Chapter 14), VMOS FETs can pass drain
current in either direction (i.e., they are bilateral); BJTs are, for the most part,
unilateral.
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This result is readily extended to any number of amplifiers, and its use is best
shown by an example. See also Fig. 16-4.

Example 16-2.1. A transmitter is required to have an IMD ratio of —30dB or
better. The output of a mixer (assumed to be distortionless) will be amplified
by three stages. Determine the IMD ratio required of each stage of am-
plification: An IMD ratio of —30 dB or better is equivalent to d ., < 1/31.62 =
d, +d, + ds. If equal distortion in each stage is assumed, then d,=d,=d; <
d.nain/3 is sufficient; hence, each stage must have an IMD ratio of —39.5 dB or
better.

16-3 Peak and Average Power

The characteristics of the signal to be transmitted determine the transmitter
peak-envelope power and average input and output requirements. The safest
design allows for the worst-case power dissipation (2.0 P,pep and 0.405 P, pgp
for Class A and Class B stages, respectively) and for input power cor-
responding to continuous power at the peak-envelope power level. However,
accurate prediction of the input power requirements for portable and high-
power transmitters requires some knowledge or assumptions about the signal
characteristics. In addition, some low-cost transmitters reduce heatsink and
power supply requirements to correspond to the expected usage rather than
the worst-case-possible conditions.

Peak-to-Average Ratio

The commonly used term peak-to-average ratio is defined by

&= P,pep (16-3)
P 0AVG

This is an important parameter of the signal being transmitted, since am-
plifiers must be designed to produce the peak-envelope-power output P, pgp,
but only deliver the average power output P,4ys. For frequency-modulated
signals, including frequency-shift-keyed radioteletype, & = 1. Since the carrier
of a CW signal is intermittently switched on and off, the peak-to-average ratio
depends upon the on-to-off ratio; ¢ =2 is often used for design purposes. The
discussion in Section 15-3 determined that for single-tone, full-carrier am-
plitude modulation with m, =1 (Fig. 16-5b), P,pgp = 4Pycsr and P,y =

(3)P,car: hence ¢=5%or 4.3dB.
The two-tone signal commonly used to test SSB equipment consists of
two tones of equal amplitudes and produces a spectrum equivalent to that of
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Fig. 16-5 Signal envelopes, (a) DSB/SC one tone or SSB/SC two tone £ =3dB:
(b) AM one tone £ =4.3dB; (c) SSB/SC speech £~16dB; and (d)
SSB/SC speech £=10dB.
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DSB/SC modulation of a carrier by a single tone [see (8-9) and (8-10)]. As
shown in Figs. 8-9 and 16-5a, the envelope or amplitude-modulation apparent
in the resultant signal is the absolute value of a cosine wave; that is,

A(t) e VoPEP |COS wmt| (16-4)

and the peak-envelope power output is therefore
VZ
Popep = —2‘%':_13 (16-5)

Inspection of (8-10) shows that each of the two components of the RF signal
has an amplitude of V,pgp/2. The average output power is then the sum of the
power in each of the signal components or

Vi
Poave = —2% (16-6)

The peak-to-average ratio for the two-tone test signal is then 3 dB (£ = 2).

The above results can be generalized for multitone SSB signals (which are
used to transmit digital data) and multiple-carrier amplifiers (e.g., those used
in repeaters). For any set of k sinusoids, all of which are of different
frequencies,

Poavc = Poiave + Pozavc + - - - + Porave (16-7)

Unless the different tones or carriers are coherent (i.e., two or more have
integer-ratio relationships among their frequencies), all of the tones or carriers
will, at some point in time, simultaneously reach their positive maximum
values, requiring a peak envelope output power of

1
Popep = ﬁ(VOIPEP + Vospgp + -+ Vorpep) (16-8)

Thus, for multitone SSB signals or multicarrier signals, average powers are
additive, as are peak-envelope voltages. If all k tones or carriers had the same
amplitude (and were unmodulated), Poavc = kPocar and P,pgp = k*P,car; hence
the peak-to-average ratio is simply & = k.

Single-sideband signals arising from speech are characterized by some-
what larger peak-to-average ratios than are the two-tone SSB and single-tone
AM test signals. Figure 16-5¢ illustrates a speech-derived SSB signal with a
peak-to-average ratio of about 16 dB. Intelligibility of a speech signal in the
presence of noise can be improved by either increasing the transmitter’s peak
envelope power or by compressing the amplitude of the speech signal or
resultant SSB signal to reduce its peak-to-average ratio. Most methods of
speech compression fall into two categories. In the first technique [7], the
audio-frequency speech signal is applied to a nonlinear amplifier (e.g., one
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with a logarithmic transfer characteristic) that amplifies signals with smaller
amplitudes more than those with larger amplitudes. In the second technique
[8], an RF clipper followed by an SSB filter is inserted immediately following
the SSB modulator (and filter, if it uses the filter method). Figure 16-5d shows
a speech-derived SSB signal with a peak-to-average ratio of about 10dB,
presumably resulting from the application of about “6 dB” of compression to
the signal shown in Figure 16-5c.

Average Efficiency

The average efficiency of a power amplifier depends upon both the charac-
teristics of the signal being amplified and upon the type of amplifier. Linear
amplification in a Class A PA requires that P; =2P,pgp (because the bias
current must be at least as large as the ac output current) so that

Poave _ 1

MavG =35 P = 2—§‘ (16-9)

The efficiency of ideal Class A PAs is therefore only 25 percent for two-tone
SSB test signals and only 18.25 percent for single-tone AM test signals.

The analysis for Class B amplifiers is more complicated, since the signal
characteristics must be used. Consider first the amplification of a single-tone
AM signal. In a Class B PA, the dc input current is proportional to the
absolute value of the RF output current or voltage. The average input power
for an AM signal is therefore the same as the input power for the carrier
without any modulation, hence

Navg = Poave - (%)PDPEP _ 3_71
Piave (%)(4/7T)PBPEP 16

~0.589 (16-10)

The average efficiency of a Class B PA with the two-tone SSB test signal
can be determined similarly. The dc input current, hence P;, will vary with the
output current, forming a full-wave rectified shape whose peak value is the
current required by an amplifier delivering P,pep. The average dc input current
is therefore 2/7 times the peak dc input current and the average efficiency is

P 0AVG (%)P oPEP o )
= - =T 0617 16-11
MAvG =P T @Im)@Im)Poee 16 (16-1D)

To determine the average efficiency of a Class B PA for multitone or
speech signals, the average dc input current and the average envelope voltage
must be found. To do this exactly requires knowledge of the statistical
characteristics of the signal being amplified [10]. Useful and reasonably
accurate estimates (within a few percent) can be made by assuming that the
envelope has a Gaussian (normal) probability density function [11]. The
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average output power is then ¢’/R, where o is the rms voltage or standard
deviation of the Gaussian random variable. The average absolute value of the
output voltage is 0.6750, which can be determined by examination of tables of
Gaussian statistics. The peak-to-average ratio is roughly ¢ = (V, pgplo)?, since
there is very little likelihood of voltages larger than 20 for V,pgp =20. The
result is

m 1.048

MavG =~ Vi (16-12)
All of the above discussions have determined average efficiencies for ideal
amplifiers. The average efficiencies of real amplifiers are reduced by satura-
tion voltage and resistance in the same manner as are the efficiencies at
peak-envelope power. For example, if a Class B PA has an efficiency of 65
percent at peak-envelope power output, its efficiency when amplifying a

two-tone test signal will be about (0.617) X (0.65) = 0.401.

16-4 AGC and VSWR Protection

Automatic gain control is generally included in SSB transmitters to ensure
that distortion does not occur because the final power amplifier was driven
beyond its capability to reproduce the signal linearly. Similar circuitry can be
used to reduce the drive automatically when the load deviates from its design
value.

Automatic Gain Control

The amplitude of the speech signal delivered to the transmitter from the
microphone is in general quite variable. Automatic gain control (Fig. 16-6a) is
therefore used in most SSB transmitters [12] to prevent either gross under-
drive (and hence low output power) or overdrive (and hence intermodulation
distortion and clipping) of the power amplifiers. Automatic gain control in a
transmitter is generally similar to AGC in a receiver.

In Fig. 16-6a, the RF output voltage is coupled through a blocking
capacitor to an envelope detector. This detector has a fast attack (10 mil-
liseconds or less) and a slow decay (0.1 to 1 second) characteristic so that
overall amplifier gain is determined by the peak signal envelope rather than
the average of the signal envelope. If the envelope detector output exceeds a
preset or adjustable threshold voltage, the signal is applied to the controlled-
gain stage to reduce its gain.

The controlled-gain stage usually operates in a low-power segment of the
RF power amplifier chain. Any of several circuits can be used as the
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