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During the dawn hours of the radio era, transmitting stations smel-
led heavily of battery acid and ozone. Ozone, that smelly oxygen
product of the pyrotechnics is created by high-energy electrical
sparks. Radio transmitters of that time were spark gaps. In fact,
many early amateur radio operators went on the air for the first time
using the spark coil salvaged from the family Model-T Ford. They
transmitted by keying the low-voltage primary of the coil, and
coupling the secondary to the antenna system. A little later, high-
power radio signals were sent on their way from an Alexanderson
alternator, a mechanical AC generator of high frequency.

It was not until after World War I that vacuum tube transmit-
ters came into their own, and even then they did not completely
displace the spark transmitter until 1939 when sparks were out-
lawed by the FCC. Those early tube transmitters were puny affairs
by today’s standards. By the outbreak of World War II, however,
multikilowatt transmitters were on the air, and the vacuum tube
generation of rf energy was firmly established.

For the first two decades of the transistor era, the solid-state
power amplifier could not keep pace with the vacuum tube at radio
frequencies. Only a few watts could be generated from transistors.
But today, a whole new look is upon low-power to medium-power
transmitters. It is almost unheard of to see a tube-type transmitter
mobile radios operating from CB through UHF. All of these low-
power transmitters are now solid state. Similarly, transistors have
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made serious inroads into the medium power (100 watt to 300 watt)
high-frequency transmitter market. Although a few rigs are solid
state up to the final amplifiers, where tubes are used, most of them
now use transistors. Solid-state HF linear amplifiers with 100 to 300
watts of power are common, and 1000-watt amplifiers are not
unknown.

In this book we are going to consider the basic circuitry and
design practices used in radio transmitters in the high-frequency
through low UHF region. Although we would like to cover from DC
to daylight, space considerations limit us to the most popular
ranges. The main thrust of this book will be practical, with just

enough theory to lead you into a better understanding of the device
called transmitter.

Joseph J. Carr
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Radio Transmitters—An Overview

What is a radio transmitter? A radio transmitter is an instrument
that will produce an rf signal with sufficient power to be transmitted
to a distant location via an antenna system. Radio transmitters
abound in dozens of formats. A radio transmitting station might
consist of a multikilowatt transmitter, such as the Collins 40,000-
watt FM broadcast model shown in Fig. 1-1. This transmitter
requires seven large racks to hold the circuitry and consumes huge
amounts of electrical power. A large multikilowatt rig can actually
heat a small building. One of the standard practices of radio station
ownersin this energy-conscious erais to divert the transmitter heat
into the forced air ducts of the station buildings to supplement—in
some cases supplant—the regular heating equipment.

SHORTWAVE TRANSMITTERS

A radio station might also be a multimegawatt installation such
as the Voice of America transmitting location in Greenville, NC
(Fig. 1-2). This station produces radio frequency power that is
measuredin the millions of watts. The antenna farm for thisinstalla-
tion is, to say the least, extensive.

TWO0-WAY RADIOS

Alternatively, a radio station might be a small hand-held porta-
ble (Fig. 1-3) producing 1 to 5 watts, or a mobile installation (Fig.
1-4), also producing only a few watts. These land mobile, amateur
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cadio and marine devices are usually frequency modulated (FM) and
operate in the VHF and UHF bands. Regardless of the power level
and physical configuration, however, they are still radio transmit-
ters. In these cases, though, they are transceivers—combined
transmitters and receivers. The transceiver is a self-contained
two-way radio station, which sometimes evenincludes the antenna.

Fig. 1-3. Portable hand-held tranceiver (courtesy of Yaesu).

13



Fig. 1-4. Mobile unit (courtesy of Spectrum Communications).

Itis difficult to place any one type of transmitter in the category
of a typical amateur radio transmitter. Any transmitter class, save
only the multikilowatt broadcast models, are used by radio
amateurs in one activity or another. Amateurs use radiotelegraph
(CW), several forms of radiotelephone (AM, SSB, and FM)
radioteletype (RTTY), and even television. But if one were to

. e
A A

Fig. 1-5. Solid-state HF SSB rig (courtesy of Swan).
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Fig. 1-6. Solid-state HF rig with digital readout (courtesy of Drake).

-
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venture out and proclaim any one transmitter as the standard or
fypical type, it would have to be the single-sideband 100-watt to
300-watt transceiver. Figures 1-5and 1-6 show modern SSB trans-
ceivers that use analog and digital readout, respectively. At one
time, amateur transmitters were relatively simple devices using
low technology. But the modern SSB transceiver will use such high
technology circuits as digital readouts, phase-locked loop fre-
quency control and solid-state circuits (including the final
amplifiers).

The simplest amateur radio transmitters have only two stages:
an oscillator and a final power amplifier. The oscillator generates the
radio frequency, while the power amplifier boosts it to the desired
power level. The output of the final amplifier is passed through an
impedance matching circuit to the antenna, where it was radiated in
the form of an electromagnetic radiation. This type of simple trans-
mitter is called amaster oscillator power amplifier (MOPA) transmit-
ter. If the carrier, as the rf output signal is called, is turned on and off
to form a code the transmitter is a radiotelegraph transmitter. Butif
some form of modulation, such as speech, is applied to the carrier,
then a radiotelephone (or one of the other classes) is realized.

In this book we will consider radio transmitter theory and
practice. Both practical circuits and radio transmitter theory are
given. We hope that a fair balance is realized. The principal thrust
will be toward the radio amateur, but radio broadcast engineers and
two-way radio service technicians should find the book equally
useful.

16
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Transistor Fundamentals

Solid-state devices made their commercial appearance in the form
of diodes during World War II, spurred on by radar and electronic
research in general. Natural semiconductor diodes were known
prior to World War I, though. The Galena crystal is a mineral that
will act like a rectifier diode; in fact, many were used as crystal set
detectors. Only certain points on the Galena crystal were able to
detect radio signals. This meant that a “cat’s whisker” electrode
was needed to find the correct point, which was a tedious matter to
say the least.

Transistors grew out of the semiconductor and metallurgy
research of World War II. The bipolar transistor, the most common
type, was postulated in the late 30s, but was not feasible until the
late 40s when a trio of physicists at Bell Laboratories successfully
built the first transistor.

Today, transistor devices of one description or another have all
but eclipsed the vacuum tube. In fact, only a few products designed
many years ago are still produced using low-power vacuum tubes.
Only in high-power devices, such as broadcast radio transmitters,
are vacuum tubes still used extensively.

SEMICONDUCTOR BASICS

The study of solid-state electronics must necessarily begin
with a description of the popular model of the atom. We will not
dwell on the physics of semiconductor devices, but leave that to
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other textbooks (TAB book No. 717, Transistor Theory for Techni-
cians & Engineers by Andy Veronis.) We will, however, have to
consider some of the basics.

The atom is believed to have a nucleus, made of positively
charged particles called protons, negatively charged particles called
neutrons, and a cloud of negatively charged particles surrounding
the nucleus called electrons. The electrons orbit the nucleus in
shells at fixed distances from the nucleus. The physical principle of
electroneutrality requires that the number of negatively charged
particles equal the number of positively charged particles, the basic
charge levels being equal. This means that the electrically positive
charges will exactly cancel the negative charges and produce a
neutral atom.

The electrons in the outer shell control most elementary
chemical reactions and the flow of electrical current. These elec-
trons may be tightly bound or loosely bound. There is a critical
number of electrons in the outer shell that makes it very tightly
bound. In the case of a one-shell atom, for example, two electrons
will make the outer shell stable. Only two elements have just one
shell: hydrogen (H) and helium (He). The hydrogen electron has
one electron in the shell, so it is very unstable. Touch a match to
some hydrogen gas, and you will find out just how unstable it is!
Helium, on the other hand has two electrons in the single shell.
This is a stable configuration, and helium is a stable gas. This is
why balloons have helium instead of hydrogen. Inmore complicated
atoms, the magic number of electrons for a stable electron shell is
eight. A filled shell—a stable shell—is not easily persuadedto give
up electrons. In fact, it will tend to lose or accept electrons to
maintain stability. Examine the carbon atom, for example. The
carbon atom contains six electrons. Two are in the inner shell,
completely filling it and therefore making it stable. The remaining
four electrons are in the second shell. Since the second shell is
completely filled with tight electrons therefore, this element is
unstable. It conducts electrical currents and readily participates in
chemical reactions. Those electrons available for electrical current
flow and chemical reactions are known as valence electrons.

There are three general classes of electrical ability among
materials: insulators, conductors, and semiconductors. Aninsulator
is a stable element which has a filled outer shell. It takes a large
potential, or a high voltage, to electrically strip off these electrons,
so little current will flow through an insulator. There is only a small
leakage current passing in insulators. A conductor, on the other

18



hand, has loosely bound electrons in the outer shell of each atom.
These electrons are easily given up to become free electrons,
available for an electrical current flow. Semiconductors, on the
other hand, are usually neither good conductors nor good in-
sulators. Examples of semiconductor materials used tomake diodes
and transistors are germanium (Ge) and silicon (Si). Germanium has
an atomic number of 32. It has two electrons in the innermost shell,
eight in the second shell, 18 in the third shell, and four electrons in
the fourth shell. Silicon has an atomic number of 14, so will have two
and eight electrons in the first and second shells, respectively, and
four electrons in the outer shell. Because both of these elements
have four valence electrons, they are tetravalent.

The semiconductor elements such as Si and Ge form covalent
bonds with nearby atoms in an attempt to fake a stable octet
(eight-electron outer shell). Figure 2-1 shows this arrangement
The electrons from the various atoms form electron pairs with
electrons of nearby atoms. One electron comes from each atom.
Because these materials are tetravalent, each will form a bond with
four adjacent electrons; each bond formed of two electrons, one

o o L "\

ELECTRONS

Fig'. 2-1. Crystal structure of tetravalent atom showing covalent bonds.
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Fig. 2-2. Creation of a hole in P-type material.

from each atom. Our example shows a simplified two dimensional
picture, but in the actual atom there will be a three-dimensional

crystalline structure in which literally billions of atoms form such
bonds.

CONDUCTION IN SEMICONDUCTORS

The pure semiconductor is a pretty poor conductor; itis, after
all, a semiconductor. But we can make a semiconductor into a good
conductor of either positive or negative current carriers by intro-
ducing some impurity element into the crystal structure of the
semiconductor material. Consider the structure in Fig. 2-2. The
tetravalent semiconductor material has been with a doped trivalent
impurity (aluminum, boron, indium, etc). This creates a P-type
semiconductor. The trivalent material forms covalent bonds with
the tetravalent material. Because there are points where there
should be but isn’t a bonded electron, a hole is created. '

This concept of a hole often gives newcomers toradio a difficult
time. It is really quite simply a place where an electron should be,
but isn’t. One possible cause of the confusion is the fact that many
textbooks tell the student that the holes flow. Thisisn’t true; it only
appears to be true. In reality, it is electrons that do the flowing. A

20




hole may be filled with an electron, but this is at the expense of
creating a hole in another atom nearby. The hole can be treated asif
it were a positively charged particle, so it appears that the positive
hole flows in the opposite direction of the electron flow. This is
shown in Fig. 2-3. The original hole existed on atom B. This atom
attracted an electron form atom A to fill the hole. This in turn
created ahole at atom A. A little while later, an electronfrom atom F
is attracted to fill the hole of atom A, and so forth. It appears that the
hole drifted from A to B to F to D to C. Actually, there were aseries
of electron movements: AtoB, FtoA, EtoF, DtoE, and Cto D.
This appears to be a flow of positively charged particles and is
considered a positive current flow.

We create N-type semiconductors by adding pentavalent im-
purities to the totravalent atoms (Fig. 2-4). This results in covalent
bonds in which some atoms will have one extra electron. The fifth
electron of the pentabalent atom has no electron from a tetravalent
atom to pair with, resulting in a loosely bound free electron. This
will cause an electron flow when an electrical field is placed across
the crystal.

Common practice is to speak of charge carriers regarding
semiconductor materials. The negative charge carrier is the elec-
tron, while the positive charge carrier is the hole. There is no such
thing as a perfectly doped semiconductor; i.e. all P-type or al
N-type. In actual devices, some negative carriers are in the P-type
material, and some holes are in the N-type material. A material
designated N type, however, has four more free electrons than

OO IO ON
o o o oo .'u‘o
@O 0O O e

Fig. 2-3. Hole migration.
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holes. A material designated P type has far more holes than free
electrons.

Keep in mind that the holes are really just places. We can
assign a polarity to them by noting that the combination of a tetrava-
lent material (4) with a trivalent material does not create an electri-
cally neutral pair. There will be one more proton in the bonded pair
than electrons, so the net effect is a single positve charge.

Keep in mind a convention followed in this and most other
texts: Electrons flow from negative-to-positive, while holes flow
from positive-to-negative. Since the hole flow is just the opposite of
the electron flow, we are further justified in calling them positive
charges.

DIODES—THE BASIC PN JUNTION

The most basic solid-state device is the simple diode. It con-
sists of a PN junction, which is a junction of P-type material and
N-type material. The original structure was a physical mating of the
two types of material, while in all modern devices the mating is
caused by diffusion of the different materials into each other.

Figure 2-5A shows the PN junction when there is no electrical
potential applied across the junction. The distribution of holes and
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electrons in the two types of material is essentially random. How-
ever, consider what happens when an electrical potential is applied.
In Fig. 2-5A, the junction is reverse biased; the positive terminal of
the battery is connected to the N-type material, and the negative
terminal is connected to the P-type material. The electrons are
attracted to the positive terminal of the battery, while the holes are
attracted to the negative terminal. This creates a depletion zone
close to the junction in which neither holes nor electrons are pre-
sent; they are all attracted to the battery. Hence, no current can
flow across the junction because no carriers are near the junction.

Figure 2-5C shows the electrical situation when the PN junc-
tion is forward biased. The positive terminal of the battery is
connected to the P-type material, while the negative terminal of the
battery is connected to the N-type material. This means that the
polarity of the field repels the charge carriers in each section. The
positively charged holes are repelled from the positive terminal of
the battery, and the negatively charged electrons are repelled from
the negative terminal of the battery.

Electrical conduction across the junction is now possible ue-
cause the depletion zone is reduced to near zero, allowing holes and
electrons to combine with each other across the junction to attain
electroneutrality. The PN junction then has a very high resistance
under reverse bias conditions and a very low resistance under
forward bias conditions. The only current that will flow under
reverse bias conditions is a minute reverse leakage current.

The simple solid-state diode used in signal detection and power
supply rectification (among other things) is a simple PN junction.
The schematic symbol for the diode is shown in Fig. 2-6A. The
anode is the P-type side of the junction, while the cathode is the
N-type side of the junction (see Fig. 2-6B). Electron flow is against
the arrow while hole flow is in the same direction as the arrow.
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Like its vacuum tube counterpart, the PN junction diode will
conduct current, or is forward-biased, when the anode is positive
with respect to the cathode. It will not conduct, or, is reverse-
biased, when the anode is negative with respect to the cathode.

The current-vs-voltage characteristic of the PN junction diode
is shown in Fig. 2-7. In the forward bias direction, the current will
increase as the voltage increases. In the reverse direction, only a
small leakage current flows, and the currentis almost zeroin quality
device.

Theideal diode characteristic shownin this figure is not realiz-
able. Real diodes will not begin to conduct current exactly as the
voltage begins to increase. The current in the region below some
certain potential Evis a nonlinear function of the applied voltage. But
at potentials higher than Es, the curve becomes linear—a straight
line—and the diode approximates the ideal.

Figure 2-8 shows resistor models of the diode. In the forward
bias region, the diode appears to be a small value resistor, R, in
series with a small, variable voltage. The maximum value of this
voltage is 0.2 to 0.3 volts in Germanium diodes, and 0.6 to 0.7 volts
in silicon diodes. The reverse bias model consists of a single very
high value resistor that permits only a very tiny leakage current to
pass. Anideal diode would have an open switch as the reverse bias
model, but real diodes contain some reverse leakage current, and
hence the resistance.

The current rating of a diode tells us the maximum current that
can be safely passedin the forward direction. There are two current

» QL
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- E() Ev

Fig. 2-7. l-vs.-E characteristic of a PN junction diode.
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Fig. 2-8. Diode equivalent circuit models.

ratings seen: average and peak (or surge). The average current is
the rms value that can be safely handled by the diode. It is the most
often encountered rating. A 1-ampere diode, for example, will pass
a DC or rms AC current of 1 ampere without damage. The surge
current is the maximum peak current that can be passed as a
nonrepetitive transient. In most cases, this current is specified to
exist over no more than one input cycle, or 1/60 second (16.6 ms).
The surge current can be quite high. Some 1 ampere diodes will
withstand a surge of 25 amperes, but this bears no relation to its
ability to pass such a current on a continuing basis—only for less
than 17 milliseconds!

The peak inverse voltage and peak reverse voltage (PIV and
PRV, respectively) are the same thing. This rating is the voltage
rating of the diode most often quoted. The PIV is the maximum
reverse bias voltage that can be applied without causing damage to
the PN junction. If the PIV is exceeded, the junction may break
down and a damaging reverse current will flow. The damage is
permanent.

There are several different catagories of diode. Rectifier
diodes will pass a large current (500 mA to dozens of amperes,
depending upon rating). But they also have rather substantial
amounts of leakage current and the junction capacitance is too high
to allow operation at frequencies higher than audio. Signal diodes
usually have lower PIV ratings than rectifiers and always pass less
current. The maximum forward current of the small-signal diode is
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SYMBOL
COLLECTOR N| P [N
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S/ IEMmEn EMITTER BASE COLLECTOR
ARROW
POINTS OUT B

Fig. 2-9. NPN transistor with schematic symbol at A and structure at B.

usually a few milliameres. Some signal diodes are good only into the
VHF or low-UHF region, while others will operate into the mic-
rowave region.

BIPOLAR TRANSISTORS

The bipolar transistor was the first practical transistor man-
ufactured. This device is likened to two PN junctions connected
back to back. This is actually too much simplified, and you cannot
obtain transistor action by physically connecting real diodes. But
transistors are made with two PN junctions, as shown in Fig. 2-8.
Two types are recognized NPN (Fig. 2-9) and PNP (Fig. 2-10). The
symbols for these two different transistors are also shown. Note
that the difference is that the arrow representing the emitter points
in different directions for the two types of transistor. A little mem-

PNP TRANSISTOR SYMBOL

P N P
COLLECTOR
BASE l
EMITTER BASE COLLECTOR
/ EMITTER MEMORY AID
AR O NP PONTSN

o o

Fig. 2-10. PNP transistor with schematic symbol at A and structure at B.
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Eig. 2-11. Forward-biased NPN transistor with structure at A and schematic at

ory aid is that in PNP arrow Points iN, and the NPN arrow is Not
Pointing iN.

Inboth types of transistor, however, a central region called the
base is of the opposite type of semiconductor material as the end
regions. The two regions are labeled the collector and the emitter.
The diagrams shownin Figs. 2-9 and 2-10 might give the impression
that the device is symmetrical, meaning that the collector and
emitter terminals could be interchanged. In the early days of trans-
istors,the elementary devices of that time were somewhat sym-
metrical. But today, the real geometry of the device is a little more
complex, and this prevents us from reversing the end terminals.

Figure 2-11 shows an NPN transistor biased for normal opera-
tion. The battery polarities, incidentally, will be reversed in the base
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of the PNP device. The protocols that are followed for transistor
biasing are shownin Table 2-1. Note that the collector-base junction
is reverse biased and the base-emitter junction is forward biased.
Although this descriptionis a bit oversimplified, the current carriers
from the emitter are attracted into the base region and will flow
across the base region into the collector. The base region is very
thin relative to the collector and emitter regions. A better picture is
gained from the book referenced earlier, and you are referred toit if
you desire a deeper understanding.

In most cases, when the transistor is biased for normal opera-
tion, the base current will be 0.5 to 6.0 percent of the total emitter
current. The remainder of the current will pass through the base
region to the collector. This action is the basic mechanism of
amplification: A large current is controlled by a low current. The
transistor is said to be a current amplifier.

Butlet’s fix in our minds that the transistor is nof just a current
amplifier. It will amplify voltages as well; Ohm’s law has not been
repealed. If we apply a voltage to the base of the transistor, a
current will flow. The transistor voltage amplifier is shown in Fig.
2-12. The signal voltage (a sine wave source) is connected in series
with the bias voltage Vo. The collector is not connected directly to
the collector-emitter supply Vee. Itis connected with a series resis-
tor to the Vec (+) supply terminal. The bias is adjusted such that
collector voltage V. is approximately % V. The current flowing in
the collector (I) also flows in the collector load resistor Re. This
current creates a voltage drop equal to Vee-Ve. When the signal input
voltage is zero, the output voltage (E. is the collector voltage V) is
Ve,

When the signal increases in the positive direction, more
current flows in the base of the transistor. This is because base
current Inis proportional to Vb + Vs. This increased bias current will
in turn increase the collector current, L. Increasing the collector
current will increase the voltage drop across Re, causing Ve to drop

Tahle 2-1. Transistor Biasing Protocols.

NPN PNP
Vce: | COLLECTOR POSITIVEWITH | COLLECTOR NEGATIVE WITH
RESPECT TO EMITTER RESPECT TO EMITTER

Vee | BASE MORE POSITIVE THAN | BASE MORE NEGATIVE THAN
THE EMITTER THE EMITTER
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Fig. 2-12. NPN common emitter circuit.

(see Fig. 2-13). The voltage at the collector of ihe transistor can
drop as low as zero without distorting the outpu sine wave. Simi-
larly, when the signal voltage increases in the negative direction,
the total base bias voltage is less (Vo — Vs). This will reduce the
collector current, thereby reducing the voltage drop across Re.
When this occurs, the output voltage at the collector will increase.
The output, then, is a voltage under the control of the input signal
voltage. In other words, this is a true voltage amplifier.

TRANSISTOR GAIN

There are two basic methods for specifying the gain of a
transistor, and these are designated alpha and beta. The alpha
specification is the ratio of the collector and emitter currents:

@=Lk

Ie
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where a is the gain, I is the collector current, Ie is the emitter
current (both emitter and collector currents specified in the same
units). Typical values of alpha gain are always less than unity, with
most falling in the range of 0.65 to 0.99.

The beta gainis perhaps most commonly employed. This gain
is defined as the ratio of the collector and base currents:

Ic

B=—I:

where Bis the beta gain of the transistor, Icis the collector current,
and Iv is the base current in the same units as I..
The alpha and beta gains are related through the expressions:
B -
1+8 B 1- o

Vee

2' Vee

Fig. 2-13. Collector voltage swing.
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The beta is sometimes represented by the letters Hre, which
refers to the DC (static) current gain. Similarly, the DC alpha is
sometimes referred to as Hrs. The AC gains might be a little
different, however, and are expressed by the equations:

hn

Al/Ale
and
he = Al/Al

A (Greek letter delta) means a small change in the associated
parameter. In other words, Al means a small change in the collec-
tor current. This is interpretedin the last equation to mean a “small
change in collector current caused by a small change in base current
L.”

FREQUENCY RESPONSE

Three basic methods are used specifying the frequency re-
sponse of transistors: alpha cutoff, beta cutoff, and gain bandwidth
product. The alpha cutoff frequency, Fub, is the frequency at which
the alpha gain drops to 0.707 times its low frequency (near DC)
value. Similarly, the beta frequency is the frequency at which the
beta gain drops to 0.707 times its slow frequency value. The beta
frequency (F.) is less than the alpha value, but is considered to be
more representative of the ability of a transistor to perform in
amplifiers.

The gain bandwidth product, F, is the frequency at which the
beta of a transistor drops to unity (1). This is given by the expres-
sion:

F. = Fie X hee

FIELD-EFFECT TRANSISTORS

The field-effect transistor performs in a manner different from
the ordinary bipolar transistor. The characteristics of the field-
effect transistor more nearly approximate the operation of a vacuum
tube. The mechanism is different, but the outward appearances of
the operation are more nearly the same (they are both tranconduc-
tance amplifiers).

_~ The field-effect transistor may have been invented at least a
decade before the bipolar transistor. However, the metallurgy of
the late 1930s could not produce the semiconductor materials in the
purities needed for proper operation of the field-effect device.
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Fig. 2-14. JFET model at A, N-channel type at B, and P-channel at C.

There are two basic types of field-effect transistor: junction
field-effect transistors (JFET) and metal oxide semiconductor
field-effect transistors (MOSFET). The MOSFET is also some-
times called the insulated gate field-effect transistor, or IGFET.

A model of the junction device (JFET) is shown in Fig. 2-14A.
It consists of two semiconductor regions, the channel and the gate.
The gate regions are made of the opposite semiconductor material
from the channel. These structures are diffused into the channel
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Fig. 2-15. Operation of the JFET.

and consequently form emitters. These PN junctions are kept
permanently reverse biased, so no current will flow. The end
connections to the channel material are labed source and drain.

Two types of JFET are found: P-channel and N-channel. Thes
classifications are decided by the type of matetial making up the
channel. As mentioned above, the emitter/gate material will be of
the opposite type semiconductor material In the N-channel de-
vice, then, the gate structure is of P-type r aterial. The schematic
symbols for the N-type and P-type JFETSs are shown in Fig. 2-14B
and 2-14C, respectively.

The operation of the JFET (in this case an N-channel device) is
shown in Fig. 2-15. When the emitter-channel junction is reverse
biased, no current will flow across the junction. The normal opera-
tion of the JFET requires that this junction be kept reverse biased.

When the biasis applied to the gate, however, a depletion zone
is created in the channel due to the electrostatic field caused by the
bias. When the gate voltage is zero, there is no depletion zone, so
the channel resistance is minimum. As the voltage becomes more
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negative (more positive in P-channel devices), though, the field
creates a wider depletion zone, thereby increasing the electrical
resistance of the channel. Thereis a certain voltage in any JFET at
which the gate potential will cut off all current flow through the
channel: the pinch off voltage.

When a voltage is connected across the end terminals of the
channel (called the source and drain), a current will flow in the
channel. By Ohm’s law, this current is proportional to the applied
voltage and inversely proportional to the channel resistance (Is =
Va:/Ren). Since this resistance is under the control of the gate
voltage, Vi, the drain current will be controlled by V; also. This is
the prescription for a transconductance amplifier. The gain, or
transconductance, is given by:

_ AL
& =73y,

The basic units of the transconductance is the mho, although it

is usual to find the sub unit micromho (umho) used instead because
it results in more reasonable numbers.
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Vacuum Tube Fundamentals

The invention of the vacuum tube was the great leap forward that
really launched the electronic age. Electrical devices had been
known for several decades prior to the introduction of the vacuum
tube, but it took the electronic age to usher in the advanced use of
electricity in communications. Today, the vacuum tube has been all
but eclipsedin radio transmitter design at power levels up to several
hundred watts. But the tube s still alive, bothin older designs andin
high-power radio transmitters. Most kilowatt and higher power
radio transmitters use vacuum tube final amplifiers. This includes
almost all broadcast transmitters.

EDISON EfFECT

In the late 19th century workshop of electricincandescentlight
inventor Thomas Alva Edison, a peculiar effect was noted. Edison
had placed an electrode in the evacuted glass envelope containing
one of his filament electric lights. When a positive electrical poten-
tial was applied, a brief electric current occurred. Edison duly jotted
down this phenomenon in his notebook and went on to other things.
It was not the vacuum tube that interested Edison, but a method for
improving the performance of the electrical light. Because the
anode placed in the lamp provided no such improvement, Edison
tried other investigations. What Edison had noted was the flow of
thermionic electrons produced by the lamp filament.
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Fig. 3-1. Thermionic emission with the plate positive at A and the plate negative
at B.

Thermionic emission of electrons occurs when the filament is
heated to incandescence. The increased temperature of the fila-
ment causes the electrons to increase their energy level to a point
where some of them can “boil off” the surface of the filament. This
action forms a space charge in the vicinity of the filament wire.

The space charge would remain in the vicinity of the filiment
unless some electrical force causes them to move. An Englishman
named Fleming produced the first practical vacuum tube, called a
diode. It had two-electrodes. Fleming’s diode consisted of a ther-
mionic filament called the cathode and a positive plate electrode
called the anode. Figure 3-1 shows the basic construction of the
diode. When the anode is made positive with respect to the cathode
(the filament in this case), electrons from the space charge will flow
toward the anode and out of the tube in the anode circuit. This is
shown in Fig. 3-1A. But when the external battery polarity is
reversed, the negative side is applied to the anode. This will repel
the space charge back toward the cathode, thereby causing the flow
of current to cease. The diode, then, is a one-way valve for electrical
current. In fact, the British still refer to vacuum tubes as valves.

The one-way valve phenomenon is useful for several pur-
poses. These include but are not limited to rectification, detection,
mixing, waveshaping (clipping), etc.

The filament cathode of Fig. 3-1 is called a directly heated
cathode. Many high-power transmitting tubes use the directly
heated cathode, but many also use the indirectly heated cathode,
but many also use the indirectly heated cathode of Fig. 3-2. In this
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Fig. 3-2. Indirectly heated cathode at A with the circuit symbol at B.

design, the actual cathode is a metal cylinder that surrounds a
heater filament. In theory, it doesn’t really matter where the heat
comes from—a blow torch would do—but in practice, this heater is
used to electrically provide the thermionic heating required of the
cathode. When the cylinder surface becomes hot enough, the elec-
trons on the surface will leave to create a space charge. In many
cases, the cathode cylinder will be made from thorium-coated
tungsten. The circuit symbol for anindirectly heated cathode diode
is shown in Fig. 3-3B.

DIODE OPERATION

Basic diode operation can be demonstrated by connecting a
circuit such as shown in Fig. 3-3A. A variable DC voltage source is
connected across the anode-cathode circuit, with the positive ter-
minal of the power supply connected to the anode. A plate milliam-
meter will measure the diode current.

The characteristic plate-current-vs.-anode-voltage curve is
shown in Fig. 3-3B. The plate current will be zero when the plate
voltage is either zero or negative. Current flows, as indicated on
meter M1, when the anode voltage becomes positive. But the plate
current increase is not linear in the range where the plate voltage is
low, because the electrons boiled off the cathode will have different
levels of kinetic energy. At low potentials, only those electrons with
the greatest kinetic energy will flow towards the plate. As the
voltage increases, however, all of the electrons will be drawn to the

38



plate. At some high potential, the diode becomes once again non-
linear. In this case, however, the nonlinearityis due to the fact that
all of the electrons emitted by the cathode emitted by the cathode
are drawn to the anode; increasing the anode potential cannot
attract any additional electrons, so the curve flattens out.

We must revert now to a little matter of terminology. It
became common in the years before World War II to designate the
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Fig. 3-3. Diode circuit at A with its I-vs.-E characteristic at B.
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Fig. 3-4. Grid structures.

various potentials usedin the vacuum tube circuits. The low-voltage
filament potential was called the A-supply while the high-voltage
plate supply was called the B-supply. These terms hold even today.
In some cases, any low-voltage line is called an A-lead, suchas the
power wire to a low-voltage mobile rig. When the triode tube is
covered in the next section, one additional supply is used: a
C-supply.

The graphin Fig. 3-3Bis an I-vs.-E characteristic. Ina portion
of this curve, it approximates a straight line; it is linear. In this
section, we call the ratio of anode voltage to anode current the plate
resistance (Ry):

R = Eu/l

where Ry is the plate resistance in ohms, Es is the anode-cathode
potential in volts, and Iy is the anode current in amperes.

TRIODES

The elementary diode vacuum tube cannot amplify signals or
oscillate. This severely limits the application of the diode. A true
vacuum tube amplifier is created by the addition of a third element.
American inventer Lee DeForest inserted this third element, the
control grid, in the space between the cathode and the anode.
Instead of being solid, this element is a wire fence. In the earliest
prototypes, a real grid, such as a wire mesh, was used. But today, a
cylindrically wound spiral of wire is used, as shown in Fig. 3-4.
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Fig. 3-5. Triode symbol.
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The circuit cymbol for the triode tube is shown in Fig. 3-5. An
indirectly heated cathode is used in this case. The circuit in Fig. 3-6
is a typical triode amplifier. Like the diode, the B-supply is con-
nected across the anode and cathode connections. A negative vol-
tage, the C-supply, is connected between the cathode and the grid.

The idea of the gridis to place a negative potential between it
and the cathode in order to repel electrons. The flow of current
between the cathode and the anode is controlled by controlling the
grid voltage. When the Ecc supply voltage is zero, the current from
the cathode will be attracted unimpeded to the anode. When a
negative potential is applied, however, some of the less energetic
electrons will be repelled from the grid and back toward the

+Ep

Ece—/—

Fig. 3-6. Triode circuit.
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cathode. At some cutoff voltage, the entire stream of electrons will
be turned back, so there will be no anode current flow.

TETRODES

The triode vacuum tube allows us to control a large plate
current—and by Ohm’s law, the plate voltage—using a small grid
voltage. The triode, like all vacuum tubes, is a transconductance
device; the amplification controls and output current with an input
voltage. This is the same as in the JFET of the last chapter, and the
unit of measurement is the micromho.

But the triode has certain problems. The requirements for high
amplification include placement of the control grid close to the
cathode, and this severely limits the voltage level that can be applied
between these elements. It will also increase the input capacitance
of the device. We can reduce this problem by placing a second grid
between the control grid and the anode. The purpose of this screen
grid is to accelerate the electrons once they are past the control
grid. For this reason, it is common to find the screen grid called the
accelerator grid (sensibly enough). With four elements, this tube is
called a tetrode.

The screen grid will be biased with a positive potential. This
voltage might be as high as the anode potential in some applications.
In most cases, though, it is lower than the anode potential.

PENTODES

Accelerating the electrons through the screen grid solves the
amplification problem, but it creates another problem: secondary
emission. Acceleration increases their kinetic energy. When these
energetic electrons strike the anode, some of them will collide with
atoms in the plate material and cause electrons to be shaken loose

ANODE
G2 (ACCELLERATOR)

G3 (SUPPRESSOR)

G1 (CONTROL
GRID)

CATHODE = HEATER

Fig. 3-7. Pentode symbol.
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into the space between the anode and the accelerator grid. The
accelerator is positively charged, so some of these secondary elec-
trons are attracted to the grid.

The solution to this problem is to insert one additional grid in
the space between the screen grid and the anode. This is called the
suppressor grid, and it is given either a zero bias or is placed at the
same potential as the cathode. Figure 3-7 shows the circuit symbol
for a pentode vacuum tube, showing the five elements.

43



7
Chapter 4

=N
0000

Fundamentals of Amplifier Circuits

Most of the transmitter stages which we will discuss are merely
amplifier circuits of one form or another. Even oscillators are
merely amplifiers with positive, instead of negative, feedback. The
subject of amplifiers is broad enough to encompass several large
textbooks, so only the fundamental concepts can be given here.
The examples given-in this chapter are transistor amplifiers,
and bipolar transistors devices at that. The same general concepts
also apply to both vacuum tube and field-effect transistors. Just
remember the analogies between the device elements, given in
Table 4-1. When we talk about a grounded-base, or common-base
amplifier, the vacuum tube equivalent is the grounded-grid circuit.

THE TRANSISTOR AS AN AMPLIFIER

Figure 4-1 shows one of the basic circuit configurations re-
quired to make a transistor amplifier circuit. In this case, the circuit
is a voltage amplifier that is in the common-emitter configuration.
The input signal is applied between the base and emitter terminals
of transistor Q1, while the output signal is taken across the
emitter-collector terminals. The input signal is in series with the
base bias voltage, Eb.

The collector load resistor, R1, is in series with the collector
voltage supply, such that collector current Ic must flow through
resistor R1. The output signal, Ec, is the voltage that actually
appears across the collector-emitter terminals of Q1.
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Table 4-1. Transistor and Tube Analogies.

BIPOLAR TRANSISTOR | VACUUM TUBE | FIELD-EFFECT TRANSISTOR
COLLECTOR ANODE(PLATE) | DRAIN

BASE GRID(CONTROL ) | GATE

EMITTER CATHODE SOURCE

The base bias of the transistor is set to make voltage E. exactly
Y-Ec.. This will place the operating quiescent point of the transistor
in the middle of its linear range. In this condition, half of the collector
supply voltage is dropped across the resistor, and half is dropped
across the transistor, assuming zero signal conditions (Esg = 0).

0 TIME

-0

OUTPUT

€ @

Fig. 4-1. Common emitter circuit as a voltage amplifier. Sine wave output is

shown at A.
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When the input sine wave increases from zero to a positive
value, the transistor is turned on harder, and this causes collector
current e to increase. When Ic increases, the voltage drop across
resistor R1 increases also. Because collector voltage E is the
difference between supply voltage Ecc and the drop across R1, Ec
decreases as increasing Esig causes I« to increase. When the input
signal reaches its maximum allowed value, Ec will drop to zero. If
the input signal attempts to drive the transistor any harder than this
level, distortion (in the form of negative peak clipping) of the
output waveform occurs.

Similarly, when the input signal Esi, does negative, the transis-
tor is turned on less hard, causing I to decrease. This will cause
voltage E. toincrease. The common emitter amplifier of Fig. 4-1,
therefore, produces a 180-degree inversion of the input signal; the
output sine wave is 180 degrees out of phase with the input
sinewave.

TRANSISTOR BIAS NETWORKS

The circuits shown in Fig. 4-1 uses battery bias on the base of
the transistor. This would require two batteries in the equipment,
however, and this is not economic. Itis cleaner to derive the base
bias from the single battery needed for the collector-emitter sup-
ply. Examples are shown in Fig. 4-2.

The simplest form of bias networkis shownin Fig. 4-2A. In this
circuit, the base bias current is derived through a single resistor
from the collector power supply. Resistor R1is the normal collector
load resistor, while R2is the base bias supply. Analternative formis
shownin Fig. 4-2B. This circuitintroduces alittle negative feedback
to improving circuit linearity and stability by connecting R2 to the
collector of the transistor instead of directly to the collector power
supply.

The circuit shown in Fig. 4-2A provides the greatest possible
voltage gain, but lacks much in the way of stability. The circuit
shown in Fig. 4-2B improves the stability somewhat, but both
circuits suffer from a very low input impedance. The situation canbe
improved somewhat by the simple expedient of providing a series
resistor between the emitter and the common (ground) connection.
In that case, theinputimpedanceisincreased to approximately he X
Re, where Re is the emitter resistance.

The current gain of this stageis approximately he, the AC beta.
The voltage gain is approximately hre (RL/Re).
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Fig. 4-2. Bias circuits for bipolar transistors. Simplest circuit at A, negative
feedback at B, NPN and PNP trade-offs at C and D, and a negative ground
circuit at E.
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Fig. 4-3. Common emitter configuration.

Perhaps the best trade-off between several factors is the bias
circuit of Fig. 4-2C and 4-2D. These are actually the same circuit
shown twice—once each for NPN and PNP transistors. The voltage
gain is lower than the gain of the previous circuits, but the stability
(especially thermal) is improved significantly. The voltage gain in
this circuit is approximately Ru/Re, which is lower by a factor of he
than the gain of the previous circuit.

The circuit in Fig. 4-2E is used extensively in mobile circuits
where it becomes necessary to operate a PNP transistor from a
negative ground automobile battery supply. The collector load
(R1) is connected to the negative terminal of the battery, which in
the automobile is the chassis ground. The bias is supplied by a
resistor voltage divider (R2/R3) in the same manner as Figs. 4-2C
and 4-2D. The values of these resistors are selected to make the
base voltage less positive than the emitter, whichis the same thing
as making it more negative—the normal configuration for a PNP
transistor.

AMPLIFIER CONFIGURATIONS

Any of the three terminals of a transistor can be used as the
common, or ground, connection. These three different classifica-
tions of amplifier circuits produce somewhat different properties,
but are all used for one application or another. The circuit most
commonly associated with amplifier is the common emitter (CE),
which was used in the previous examples. This circuit is shown in
simplified form in Fig. 4-3. The input signal Vs is applied to the
base-emitter terminals, while the output signal is taken from across
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the collector-emitter. The emitter, then, is common to both input
and output circuits of the common emitter amplifier.

The common collector circuitis shownin Fig. 4-4. In this type of
amplifier, the input signal is impressed across the base-collector
terminals, and the output signal is taken across the emitter-
collector terminals of the transistor. The collector terminal, then,
is common to both input and output terminals. This circuit is
usually called an emitter follower. It is analogous to the cathode
follower and source follower circuits (tubes and FETs).

The voltage gain of the emitter follower is less than unity,
although in most cases it will approximate unity (0.98, etc.). The
current gain, however, can be considerable, being on the order of hee
+1.

Note that the input and output signals in the CC amplifier arein
phase with each other. There is no phase inversion between input
and output, as there was in the common emitter case.

There are two main applications in which the CC amplifier is
used extensively: buffering andimpedance transformation. A buffer
amplifier is one that is used to isolate two circuits from each other.
Typical transmitter application might include the output amplifier
from the oscillator. Changingload conditions at the base of the first
power amplifier could easily pull the frequency of the oscillator.
These changes are eliminated by using the emitter follower as a
buffer between the oscillator and the first power amplification stage.

The emitter follower can also provide impedance transformer
action. If we have a low-impedance input and a high-impedance
source, the input tends to load the source. Trying to drive a
low-impedance circuit from such a source can be a real bear, so
some form of impedance transformationis needed. The input impe-
dance of the emitter follower is on the order of 100K ohms, or more

“ \Da, 0

Vo
O J7 -0

Fig. 4-4. Common collector circuit.
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Fig. 4-5. Common base circuit.

(in most cases), while the output impedance is typically very low
(being only the emitter resistance Re). This circuit will provide
impedance transformation for voltage source inputs, with little loss
in amplitude to the driving signal.

The common base amplifier is shown in Fig. 4-5. In this circuit,
the input signal is applied between the emitter and the base, while
the output signal is taken across the base and collector circuits. The
base terminal, then, is common to both input and output circuits.

The voltage gain of the CB circuit is typically high, on the order
of 100 or more, compared with the current gain of less than unity.
The main use of the CB circuitis at high frequencies and VHF/UHF,
because these amplifiers are stable without neutralization. The CB
amplifier provides good AC isolation between output and input, but
it does not produce any phase inversion. Of these three, infact, only
the CE amplifier produces phase inversion. Table 4-2synopsizes the
characteristics of the three different classes of circuit configuration
for bipolar transistors.

CLASSES OF AMPLIFICATION

Amplifiers can also be classified according to the conduction
angle in the collector (plate, drain) circuit. The various classes of
amplification are given the letters A, B, and C. There are also
classes AB: and AB2, which are combination of the class-A and
class-B.

Class-A

The class-A amplifier is characterised by having a collector
current conduction angle of 360 degrees. In other words, the
collector current will flow over the entire input cycle. The L-vs.-Iv
curve for the class-A amplifier is shownin Fig. 4-6. The transistoris
biased to some midpoint in its operating range, so that input signal
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swings above and below the quiescent and point will not cut off or
saturate the collector current. The result is an output signal that is
an exact representation of the input signal. The amplifier is there-
fore linear.

The class-A amplifier suffers from a couple of problems,
however. One is the fact that collector current flows all of the time,
so the transistor must be capable of dissipating a considerable
amount of power. The nomral, zero-signal, power in the circuit is
(¥2-Vco) (Ig), where the current is the quiescent value. This means
that the class-A amplifier will give off a surprising amount of heat.
In fact, the power dissipation is constant under a wide range of
conditions.

Class-A amplifiers are used mostly as current amplifiers or
voltage-amplifiers in which the collector dissipation is normally
low. But a number of class-A amplifiers are used in power amplifi-
cation also. The efficiency of the class-A amplifier cannot exceed
25 percent (some authorities claim 50 percent for vacuum tube
amplifiers). The linearity of the class-A amplifier, however, makes
it the amplifier of choice for voltage amplification, as in audio
preamplifiers in transmitter modulator stages.

Class-B

The class-B amplifier operates only over one-half of the input
signal cycle; it has a 180-degree conduction angle. This means that

Table 4-2. Characteristics of the Basic Amplifier Types.

Common Common Common
Emitter Collector Base
Voltage . Low High
Gain High (=1 or less) (>100)
Current . High Low
Gain High B+1) (<1)
; Medium High
Zin (=1K) (>100 K) Low
Zout Medium to Low High
e High (50 K) (<1009) (>500K)
Phase
Inversion Yes No No
?
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the collector current will flow over half of the input signal cycle. The
output transfer property, and a typical class-B amplifier circuit is
shownin Fig. 4-7. The transistor in a single-ended class-B amplifier
is given no bias, so the signal is the sole source of bias for the
transistor. When the signal voltage is zero, the transistor is cut off,
so no current will flow. As the signal level increases in the direction
that forward biases the transistor, however, the collector current
will increase also. When the signal level increases in the direction
that reverse biases the transistor, however, no current will flow. In
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Fig. 4-7. Class-B ampiifier transfer curve at A with circuit at B.



the NPN case shown, therefore, the output signal exists only when
the input signal is positive. The reverse is true in a class-B PNP
stage.

The class-B amplifier produces a significant amount of output
distortion, so it cannot be used as a single-ended (one-transistor)
linear amplifier. By combining two transistors, however, we can
make a linear class-B amplifier. These will be discussed shortly.

The one saving grace of the class-B amplifier is thatit is much
more efficdent than the class-A amplifier. The maximum theoretical
effidency is 78.5 percent, as opposed to less than 50 percent for
dass-A amplifiers. Another saving grace is thatis draws no current
under no-signal conditions. When the input signal is zero, therefore,
so is the collector current. This becomes especially important in
portable and mobile applications where the current drainis critical to
long battery life. Most portable equipment will use class-B push-pull
(two-transistor) audio amplifier stages. These allow us to conserve -
battery power on squelched (no signal received) operation. Keeping
the volume control low also lengthens battery time , whichis a trick
long familiar to walkie-talkie owners.

Class-C

The dass-C amplifier is the most efficient of the three basic
dasses. The conduction angle of the class-C amplifier is less than
180 degrees, typically on the order of 120 degrees (Fig. 4-8). The
transistor is given a slight reverse bias (— Vb) that must be overcome
by the input signal before the collector current will begin to flow.
Some authorities claim that the maximum theoretical efficdency of
the class-C stageis 100 percent, but other circuit losses prevent us
from ever realizing the perfect, 100 percent efficient amplifier.

The dass-C amplifier can never be linear, even when two
transistors are used. The conduction angle is simply too short. But
we canuse the class-C amplifierinradio transmitters because of the
flywheel effect of resonant LC tank circuits. If such a tank circuit is
connected to the collector drcuit (Fig. 4-9) of a class-C amplifier, it
will linearize the rf output waves.

The flywheel effect has to do with a pulse-excited LC tank circuit.
When a pulse, such as the collector signal of a class-C amplifier, is
applied to an LC tank circuit, it will cause an oscillatory current
exchange between the inductor and the capacitor as energy is
stored firstin the magnetic field of the coil and thenin the electrosta-
tic field of the capacitor. This will produce a damped oscillation at the
resonant frequency of the tank drcuit. The oscillation will die out
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Fig. 4-9. Flywheel effect.

after a few cycles because of losses in (mostly) the coil. But if the
class-C amplifier pulses the LC tank at its resonant frequency, the
oscillation will be sustained. The output signal will be an rf sine wave
at the resonant frequency.

Notice that the circuit in Fig. 4-9 uses a resistor in series with
the base of the transistor. Often thisis all thatis needed to make the
transistor operate class-C. The base current (I) caused by the
signal will create a small voltage drop, of the polarity shown, across
the base resistor. This supplies the reverse bias needed for class-C
operation.

Class-AB

The class-AB amplifier is a combination of the class-A and
class-B designs, and it solves some of the problems of both. The
class-AB amplifier is linear only when two transistors are used in
push-pull (see the next section). Figure 4-10 shows the transfer
characteristic of the class-AB amplifier. Because is given a certain
small forward bias, it will not be completely cut off until the signal
voltage is sufficiently negative to cancel the forward bias. This
means that the collector current will flow over a portion of the input
signal cycle that is greater than 180 degrees (class-B) but less than
360 degrees (class-A). The class-AB amplifier is used in audio
power amplifier circuits and in rf power amplifiers.

Actually, two rf amplifier subclasses use AB biasing in the
vacuum tube designs: class-AB: and class-ABz. The difference is
that grid current flows for a small portion of the cycle in class-AB2
but grid current never flows in class-ABi1. Figure 4-11 shows a
graph of the theoretical efficiency values that can be expected for
different conducting angles; hence, classes of operation.

56




PUSH-PULL AMPLIFIERS

The only power amplifier thatis linear using only one transistor
is the class-A circuit. But this circuit is also terribly wasteful of
power, a decided deficiency! By using the class-B or class-AB,
however, greater efficiency and linear operation is possible with
two transistors. Recall that the class-B amplifier operated over only
one-half, or 180 degrees, of the input cycle. If we configure two
class-B amplifiers such that they supply output power to the load on
different half-cycles, we will obtain linear operation and class-B
efficiency. An amplifier that operates in this manner is called a
push-pull amplifier (one transistor is pushing when the other is
pulling).

Figure 4-12 shows the classical push-pull configuration. This
same circuit has been used for years in vacuum tube designs, even
though others have more or less eclipsed it in solid-state equip-
ment. In this circuit, two identical transistors or tubes are used.
These transistors are driven from a center-tapped interstage trans-
former (T1), which in turn drive a center-tapped output trans-
former.

Ic 4

INPUT SIGNAL

|

BIAS

Fig. 4-10. Class-AB transfer characteristic curve.
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Fig. 4-11. Conduction angle-efficiency

curve.

e = NOLLVYIJO |
\ K
. g
@
<3
(L]
&
s . s . i s . s e e o e e e o e e e i S . e
e T a) =
lllllllllll Fo—e—mm—e—me—eeaa®
L.O
o
(4]
-]
22
ox
= = = = = k.
NN YN EEEEEEE EEEN-EL

CONDUCTION ANGLE - DEGREES




The transformer connections are very similar to those of a
center-tapped transformer used in a full-wave power supply. In
both T1 and T2, the zero reference pointis the center tap, so one
end will be positive with respect to the center tap, and the other
negative, on each half cycle.

Consider the situation when a sine wave is applied to the input
side of T1. The sine waves applied to Q1 and Q2 will be 180 degrees
out of phase with each other, so one transistor is turning on while
the other is turning off. These same relationships occur in the
primary side of output transformer T2. On the secondary side of
T2, however, the half cycles recombine to form a pure sine wave
output. The output sine wave is made from two half-cycle contribu-
tions, one each from Q1 and Q2.

The dircuit of Fig. 4-12 is not used much in audio amplifiers
anymore. In the early days of transistors, however, it was quite
common. The vacuum tube version of this circuitis usedin rf power
amplifiers. In those designs, the two transformers are tuned tank
circuits. It is the usual practice to tune the primary of T2 with a
split-stator variable capacitor, and then use a tuned primary on T1
(the T1 secondary is often untuned).

A popular modification of the basic push-pull amplifier is shown
in Fig. 4-13. In this drcuit, the output transistors, again identical to
each other, are connected in series with each other. The voltage at
the junction (point A) is %V, so a DC blocking capacitor is needed
between the junction and the load. In some cases, a negative
voltage power supply is applied to the emitter of Q2, instead of
ground. The net potential at point A would be zero, so the capacitor
may be left out of the circuit. This type of push-pull amplifier is very
popular in medium-power automotive audio amplifiers that might be

T @ o

Fig. 4-12. Classical push-pull amplifier (transformer coupled).
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found in car radio sound systems. It is sometimes called the fotem
pole power amplifier, possibly because the output transistors are
stacked, or series connected.

One final push-pull circuit is shown in Fig. 4-14. This circuit
uses two transistors—one is PNP and the other is NPN. Their
electrical characteristics, however, must be matched. Semiconduc-
tor manufacturers call such matched, opposite-polarity, transistors
complementary pairs. This type of push-pull amplifier is called a
complementary-symmetry push-pull amplifier.

One necessary condition for push-pull operation in the previ-
ous circuits was a method for driving the two transistors out of
phase with each other. This was done with transformers in Figs.
4-12 and 4-13. It could also be done with a preamplifier with
complementary (push-pull) outputs. Such a circuit is called a phase
inverter. One signal is taken from the inverted collector, and the
other is taken from the noninverted emitter of the transistor. Butin
the complementary-symmetry amplifier, the transistors are driven
in phase with each other, and it is the transistors themselves that
provide the phase inversion. Recall the operation of the two classes

Fig. 4-13. Totem pole push-pull amplifier.
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Fig. 4-14. Complementary symmetry.

of transistors. The PNP turns on when the base becomes more
negative than the emitter. The NPN turns on when the base be-
comes more positive than the emitter. This is a perfect prescription
for push-pull operation.

The complementary-symmetry amplifier is basically two
opposite-phase (NPN and PNP) emitter followers driving the same
load (Ru). When the input signal is positive, NPN transistor Q1
turns on, and PNP transistor Q2 turns off. On the negative excur-
sions of the input signal, the opposite situation occurs: NPN transis-
tor Q1 turns off, and PNP transistor Q2 turns on. The signal across
the load is the combined contributions of Q1 and Q2. Because each
operates over one-half of the input cycle, the output waveform is
the full sine wave.

There is a subclass of complementary-symmetry called quasi-
complementary symmetry. At one time it was difficult to obtain
high-power complementary pairs, but medium-power pairs were
readily available. In those days, many designers would make a
complementary driver amplifier, and use it to feed (direct-coupled)
a totem pole circuit without the transformer.
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Frequency Generation

The frequency generator section(s) of a radio transmitter is respon-
sible for generating the carrier signal. A decade ago we would have
called this chapter “oscillators,” and even today much of the fre-’
quency generation is done solely in an oscillator circuit. But modern
radio transmitters make extensive use of techniques such as the
phase-locked loop (PLL), heterodyning, and frequency
muliplication/division. For the modern user of transmitters, the
simple rubric “oscillator” tells only part of the overall story.

OSCILLATOR BASICS

The block diagram to an elementary oscillator circuit is shown
inFig. 5-1. The circuit consists of two principal sections: an active
device that acts as an amplifier with gain A, and a feedback network
with a gain B. The gain of the feedback is usually a loss, so may well
be described as a negative gain. This feedback network usually
consists of R, L, and C elements. The amplifier in most circuits is an
inverting amplifier, so the gain is negative. In other words, the
output signal is 180 degrees out of phase with the input signal.

Two conditions must be fulfilled for the circuit to actually
oscillate, and these conditions are known as the Barkhausen
criteria:

DThe feedback must be in-phase with the input signal.

OIThe loop gain AB must be greater than, or equal to, unity (1).
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Fig. 5-1. Block diagram of an oscillator.

The first of these criteria is met by producing a 180-degree
phase shift in the feedback network at the desired frequency of
oscillation. The remaining 180 degrees of the required 360 is pro-
vided by the inverting gain of the amplifier.

The feedback network, being a passive circuit, produces an
attenuation of the feed back signal. If Vois the output signal and Vris
the feedback signal, Vi will be less than Vo. We note that Vi is
inverted due to the 180-degree phase shift of the feedback network,
but only at the desired oscillating frequency. The amplifier gain is
set to just overcome the loss of the feedback network, and the
second criterion is then satisfied.

We insure single-frequency operation of the oscillator because
most RLC networks produce the needed 180-degree phase shift at
only one frequency. A LC tank circuit, for example, produces sucha
phase shift only at its resonant frequency. The capacitive and
inductive reactance are equal, but of opposite sign, so they cancel.
All of the oscillator circuits presented in this chapter will be rf types,
so the frequency control elements will be either LC tank circuits or
piezoelectric crystals.

SHOCK-EXCITED OSCILLATIONS IN LC TANK CIRCUITS

Let’s consider a circuit such as the LC tank shownin Fig. 5-2. If
switch S1is momentarily depressed, current will flow in the tank.
This current immediately charges capacitor C, but as soon as the
switch is opened again, the charge in electrostatic field of the
capacitor is dumped back into the circuit and flows through the
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Fig. 5-2. Shock exciting an LC tank. Circuit at A with effect at B.

inductor. This current then sets up a magnetic field about the
inductor. When this field collapses an instant later, it generates a
countercurrent that once again charges the capacitor. This ex-
change of energy takes place back and forth between the electrosta-
tic field of the capacitor and the magnetic field of the inductor,
producing a sinusiodal oscillation at the resonant frequency of the
tank circuit. If the tank were perfect, then this oscillator current,
once induced, would flow forever. Several experiments have been
performed with supercooled tank circuits in which the temperature
was kept to —250 °F. The current was sustained for along period of
time. But in real room-temperature tank circuits there are substan-
tial losses, such as the series resistance of the coil, the connecting
wires, and the parallel resistance of the capacitor. These cause the
current to die out in an exponential manner. Figure 5-2B shows this
damped oscillation. In order for the oscillation to be sustained, the
impulse current that shock-excited the tank circuit must be re-
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peated at intervals. The function of the oscillator circuit that uses
the LC tank is to maintain this shock excitation. Shock-excited
oscillation is also called the flywheel effect.

LC OSCILLATORS

LC shock excitation is used to build oscillator circuits. If the
capacitance or inductance of the LC tank is variable, it is a variable
frequency osciliator, or VFO. Several different circuits are com-
monly used. Those covered in this text include the Armstrong,
TGTP, Hartley, Colpitts, and a version of the Colpitts oscillator
called the Clapp oscillator. Incidentally, if you are studying for a
higher class amateur radio license than Novice, be able to identify
these oscillator circuits. The examination might have such aniden-
tification question. As this chapter progresses, the salient features
that identify the different oscillator types will be detailed.

Almost any of the oscillator circuits can be drawn in several
different manners. The two classes for each type are usually clas-
sified as sertes feed and shunt feed. These same characterizations
also apply to rf amplifiers, and are shown in Fig. 5-3. A series feed
circuit is shown in Fig. 5-3A. The main feature of this circuit is the
fact that the collector (plate, drain) current must flow through the rf
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Fig. 5-3. Series-feed at A and shunt-feed at B.
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tank circuit. In the parallel feed system of Fig. 5-3B, the collector
current does not flow through the rf tank circuit.

Armstrong Oscillator

The Armstrong oscillator is one of the earliest oscillators. It is
named after its inventor, Major Edwin Armstrong. In most classical
versions of this circuit, the active element was a vacuum tube. Here
a junction field-effect transistor is used. Any active device can be
used, including bipolar transistors and integrated circuits.

AnLC tank circuit L1/C1 is connected between the gate of the
JFET and ground. Capacitor C2 serves as a DC blocking capacitor
and provides some grid leak bias (actually, gate leak bias) for the
JFET. rhe parallel resonant tank circuit shunts to ground all fre-
quencies except its resonant frequency.

Feedback from the drain of the JFET is provided by a link-
coupled fickler coil (L2). When power is first applied to the JFET,
the drain current is rising from zero to its normal quiescent value.
This changing current creates a changing magnetic field around L2.
Because L2 is normally closely coupled with L1, this magnetic field
will shock-excite the L1/C1 tank circuit. These oscillations are
developed across the high impedance of the parallel resonant tank
circuit and become an input signal voltage between the gate and
source of the JFET. The oscillatory voltage is amplified by the JFET
to create a drain current variation identical to the gate signal. This
signal in turn sets up variations in the magnetic field of the tickler coil
which are induced into the L1/C1 tank circuit. Once this action
begins in earnest, the oscillations are sustained, and the tank will be
re-excited once every cycle.

Some Armstrong oscillators, especially those used as a radio
detector circuit, contain a regeneration control that adjusts the
amount of feedback needed to sustain the oscillations. In some older
models, the regeneration control was a tickler coil with an adjusta-
ble position viz. The coil in the tank circuit. When the two coils are
positioned with their respective axes 90 degrees from each other,
there is practically zero feedback. When the two coils share the
same axis, however, the coupling is close to unity (100 percent). It
was the usual practice to place the tickler on a gimbel mounting
inside L1. In bipolar transistors, the regeneration could take the
form of an adjustable bias network for the transistor. In the FET
case shown in Fig. 5-4, however, a series potentiometer (R3) is
used to adjust the current flowing in the drain circuit of the JFET.
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Fig. 5-4. Armstrong oscillator.

The Armstrong oscillator is not extremely popular today. But
it is used in receivers/transceivers and certain other cases in the
form of fixed frequency oscillators such as the BFO, etc.

TGTP Oscillator

This class is actually misnamed for modern circuits. It is the
tuned-grid —tuned-plate oscillator circuit (Fig. 5-5). The name was
appropriate in vacuum tube circuits, but is inappropriate for solid-
state circuits. The name none the less persists, however. So you
please forgive us if we keep calling the circuit a TGTP oscillator,
even though you know it is a tuned-base —tuned-collector (TBTC)
or tuned-gate—tuned-drain (TGTD) circuit in reality.

The oscillator works because of the interelement, or interelec-
trode, capacitances. All tube elements, or transistor junctions pos-
sess some amount of capacitance. In an rf amplifier circuit, these
must be cancelled in the process called neutralization. Butin TGTP
oscillator we take advantage of these capacitances. Capacitances Ce»
(collector-base) and Ch (base-emitter) form a capacitive voltage
divider inside the transistor. The collector-emitter current, then, in
effect creates an in-phase voltage drop across the base-emitter
capacitance. This forms a valid input signal for the transistor and
causes it to be amplified. After a few cycles, this oscillation is
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Fig. 5-5. TGTP oscillator, although this really uses a transistor.

sustained. The signals are selected by the collector and base LC
tank circuits. Only those signals at the resonant frequency of the
tanks (which are shock-excited by the transistor currents) will
oscillate.

The collector and base tank circuits are tuned to approximately
the same frequency. They are at substantially the same frequency,
but are usually detuned from each other by a small amount in order
to make the oscillation more stable. When they are identically tuned
to the same frequency, the oscillation will tend toward instability.

In vacuum tube circuits, the interelectrode capacitances are
usually quite sufficient to maintain oscillation. In fact, it is usually
so sufficient, that rf amplifier designers who tune both grid and
plate have a fit trying to neutralize the circuit! But in transistor
circuits, the interelement capacitances are usually somewhat smal-
ler. In those cases, there might be an external capacitor connected
either from collector to base or collector to emitter.

Hartley Oscillator

Figure 5-6A shows the Hartley oscillator circuit. The princi-
pal feature of this type of oscillator is the tapped cosl in the LC tank
circuit as part of the feedback network. Don't confuse the tapped
coil used in some rf amplifers as a means for impedance matching
with the tapped coil used in some rf amplifiers as a means for
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Fig. 5-6. Hartley LC oscillator at A and Colpitts LC oscillator at B.
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impedance matching with the tapped coil of the Hartley oscillator.
If the coil is part of a feedback network, then it is an oscillator, not
an impedance matched amplifier.

In the Hartley osdillator circuit shown, the emitter-collector
current flows in part of the coil (L1B). When the oscillator is first
turned on, the rising emitter current creates a varying magnetic
field around the portion of L1 in which it flows. This induces a
currentinto the rest of L1 by autotransformer action, thereby shock
exciting the LC tank. The oscillatory current in the tank presents a
voltage to the base of the transistor, and this is seen as a valid sine
wave input signal. When this signal is amplified, it creates a varying
emitter-collector currentidentical in waveshape to the base voltage
(a sinusoid). This further shock excites the LC tank via L1A, and the
oscillation becomes sustained.

The Hartley oscillator is popular in VFO designs, and is used
mostly in low-frequency circuits. Many AM-band radio receivers
use the Hartley oscillator as the LO in the superheterodyne pro-
cess.

Output can be taken from any of several points in the Hartley
oscillator. In the example shown, the output is taken from the
emitter of the transistor through DC blocking capacitor C5.,We
could also take an output signal from a link coupling to L1. Similarly,
the output can be taken from the emitter tap on L1, a special tap
(other than the emitter tap) on L1, or the base of the transistor.

Colpitts and Clapp Oscillator Circuits

The Colpitts and Clapp oscillator circuits are both similar to the
Hartley, except that the feedback network is a tapped capacitor
voltage divider instead of a tapped inductive voltage divider. Figure
5-6B shows the Colpitts oscillator circuit. Like the Hartley circuit
beforeit, we are considering the shunt fed version, so capacitor C5
is used to set the collector of the transistor at AC ground potential
for rf signals. The feature used to identify the Colpitts and Clapp
oscillatorsis the tapped voltage divider consisting of C2 and C3. The
principal difference between the Colpitts and Clapp versions is that
the Colpitts is parallel tuned, and the Clapp is series tuned. These
osdillators are used mostly in the higher frequencies. Many amateur
transmitters use both Hartley and Colpitts methods, but the Col-
pitts is probably the more popular.

CRYSTAL OSCILLATORS

The LC oscillator, regardless of design, is difficult to make
sufficiently stable for most high-frequency (and up) osdllator cir-
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cuits. But a certain form of oscillator frequency control provides the
needed stability: the crystal oscillator.

Certain naturally occuring crystals—namely quartz—exhibit a
phenomenon called piezoelectricity. When such a crystal is deformed
mechanically, an electrical charge appears across the crystal faces.
If we shock-excite the crystal by hitting it with a mechanical im-
pulse, the slab of piezoelectric crystal will vibrate at a resonant
frequency thatis determined in part by its physica! dimensions. The
charge appearing across the crystal faces, then, will be an AC
potential at the resonant mechanical frequency of the crystal slab.

Similarly, when an electrical charge is placed across the sur-
faces of the crystal slab, mechanical deformation takes place. If an
AC signal is applied across these plane surfaces,the crystal will
attemp to vibrate at the frequency of the AC signal. These oscilla-
tions don’t become large enough to become really useful unless the
AC frequency is at, or near, the mechanical resonance of the
crystal.

Figure 5-7A shows how a resonant slab of crystal material is
physically mounted to a holder for use in radio transmitter fre-
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Fig. 5-7. Mounting crystal slab at A and the circuit symbol at B.
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Fig. 5-8. Pierce oscillator-

quency control. The slabis placed between two electrodes. In older
crystals, such as the FT-243 holder, the electrodes were held to the
surfaces with spring tension. In all modern crystals, however, the
electrodes are made of silver ‘that is vacuum-deposited onto a
portion of the crystal surface. The wires are then soldered to the
silver. The header assembly is then fitted into a metal holder, which
is then hermetically sealed against the outside environment. The
schematic circuit symbol for the crystal element used in osaillator
circuits is shown in Fig. 5-7B.

Crystals perform well for wide ranges of temperature and
mechanical vibration. But still a certain amount of drift is present. In
some cases, other circuit parameters are given temperature coeffi-
cients that will cancel the drift of the oscillator. These circuits are
called temperature compensated crystal oscillators (TCXO). In other
cases, the crystal will be placed inside a temperature controlled
environment. Transmitters made for the VHF/UHF commercial
land-mobile market frequently use a small crystal oven to keep the
operating temperature of the crystal at 75° to 85° celsius. Some
ovens are capable of maintaining the temperature within +0.01° C.

Pierce Oscillator

Circuits where the crystal element is connected directly from
the collector (plate, drain) to the base (grid, gate) are called Pierce
oscillators. Several different varieties are found, but all will have the
crystal connected as in Fig. 5-8. This oscillator is used extensively,
probably because of its simplicity and reliability of starting. Some
circuits, espedcially those in which a vacuum tube is the active
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element, will use a DC blocking capacitor between the plate and the
crystal in order to prevent the high voltage DC from stressing the
crystal. In low-voltage transistor circuits, however, it is quite
common to find the crystal directly connected between the two
terminals.

Miller Oscillator

The Miller oscillator circuit of Fig. 5-9 is one of the most
commonly found in VHF-FM transmitters. The crystal is found
connected between the gate (base, grid) and ground. The output is
tuned to a frequency approximately equal to the crystal frequency
by parallel resonant tank circuit L1/C1. This oscillator is essentially
a crystal version of the TGTP oscillator circuit.

The Miller oscillator circuit will not oscillate if the output tank
circuit is mistuned. The stability of the circuit is dependent also
upon the tuning of the tank. The tuning will change the drain current
of the oscillator, and the slope of the current change as the tank is
tuned will be different on different sides of resonance. If we ap-

Fig. 5-9. Miller oscillator.
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proach the resonant point from below, for example, the slope isless
than if we approach the resonant frequency from above. The cor-
rect point is approximately 50 to 75 percent up the shallow side of
the tuning slope. This is the point of maximum stability.

The variable capacitor in series with the crystalis used to vary
the actual operating frequency of the oscillator. One of the factors
that determines the oscillating frequency is the capacitance seen by
the crystal when it looks into the circuit. By placing a series, or
shunt, capacitance in the crystal circuit, the frequency can be pulled
asmall amount. This feature is used to net the transmitter onto the
correct frequency. This same technique could be used in any of the
oscillator circuits, but is shown only in one for simplicity’s sake.

Colpitts Crystal Oscillator

An example of a Colpitts crystal oscillator is shownin Fig. 5-10.
This circuit is also very popular in amateur equipment, quite possi-
bly more popular than the Miller circuit. Again, we note that the
Colpitts oscillator is identified by the capacitive voltage divider
C1/C2. The crystal forms a tank circuit in the base circuit, and is
excited by the feedback voltage.

Crystal Drift

The crystal frequency will drift with temperature. the man-
ufacturer of the crystal will provide information regarding the
amount of drift, and this is usually specified as the change for
temperature in parts per million (ppm) per degree C. This is the
temperature coefficient of the crystal. Let’s try an example. Sup-
pose we have a 7184-kHz crystal oscillator, with a temperature
coefficient of — 50 ppm/°C. What will be the operating frequency if
the frequency is exactly 7.184 MHz at 60° C, and then the operat-
ing temperature increases to 80° C?

—50 .
—“Cpﬂ x (80 — 60°C = —1000 ppm
(—1000 ppm)(7.184 MHz) = -7184 Hz

The operatir 3 frequency is

7,184,000 Hz — 7184 Hz = 7,176,816 Hz

We must also consider the matter of temperature coefficient when
trying to keep a transmitter on the correct frequency. We need to
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know the temperature range of the operating environment, and the
frequency tolerance of the transmitter frequency. An AM broadcas-
ter, for example, must operate within +20 Hz of the assigned
operating frequency. If a crystal has a temperature coefficient of
—15ppm/°C, the operating temperature must remain within 2° of
the calibration temperature. In that case, it would be necessary to
operate the crystal in a 0.1° (or better) oven.

Ultraudion Oscillators

Many VHF and UHF LC oscillators are ultraudion oscillators.
This is the standard oscillator used in TV tuners. The oscillator is
actually a Colpitts type, but the circuit schematic seems to contain
only an inductor. The capacitances are the interelectrode capaci-
tances of the tube or solid-state device. The capacitances are
present, but are hidden in the form of the electrode capacitances of
the active device.

Overtone Oscillators

An overtone is a frequency that is almost a harmonic of the
crystals fundamental frequency. The overtone is always approxi-

TN\
o

Fig. 5-10. Crystallized Colpitts oscillator.

75



mately an odd integer multiple of the fundemental. But if the fre-
quency is an exact multiple it is a harmonic. Some crystals can be
made to oscillate in the overtone mode, which means that they will
produce a signal at the overtone frequency. Overtones of 5, 7, and 9
are commonly available, and this type of crystal is usually used at
frequencies above 20 or 25 MHz. Fundamental mode crystals
become too thin at these frequencies, and this makes them too
fragile for common use.

Overtone oscillators are built with LC tank circuits that are
tuned to the overtone frequency, not the fundamental frequency.
Note that the frequency marked on the case of an overtone crystalis
calibrated at the overtone, not at the fundamental frequency.

FREQUENCY MULTIPLIERS

It is common practice in VHF transmitters and receivers to
generate the carrier at a low frequency (5 to 20 MHz and then
multiply it in a circuit that is designed to emphasize the harmonic
content. Figure 5-11 shows two common frequency multiplier
stages. The tank circuit at the input of Fig. 5-11A is tuned to the
lower frequency F1. To generate harmonics, some nonlinear ele-
ment is needed. In this circuit, diode D1 rectifies the sine wave from
the input tank circuit. This generates a harmonic-rich, half-wave-
rectified waveform. This signal is amplified in transistor Q1 to form
collector current pulses that shock excite the output tank circuit.
This tank circuitis tuned to a frequency that is aninteger multiple of
the input frequency.

If the output of a multiplier is tuned to the second harmonic, it
may be listed as a doubler. Similarly, circuits in which the output is
tuned to the third and fourth harmonics are called triplers and
quadrupler, respectively.

A transistor multiplier is shown in Fig. 5-11B. In this circuit,
the transistor is operated either class-B (without the base circuit
resistor) or class-C (with the base circuit resistor). Both of these
amplifier classes are highly nonlinear, so the collector current is
extremely rich in harmonic content. Again, the desired harmonic is
picked off with the tuning of the tank circuit in the collector.

FREQUENCY DIVIDERS

In a few cases, we want to divide a frequency. Although there
are several ways to do this, almost all modern equipment uses
digital logic ICs called flip-flops (FFs) to perform the frequency
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Fig. 5-11. Diode frequency multiplier at A and transistor multiplier at B.

division. A clocked J-K flip-flop (Fig. 5-12A) is a device that will
change output state only on negative-going transitions of the input
waveform (which must always be a square wave). This means that
the waveform at the Q output will be exactly one-half of the input
waveform frequency (see the timing diagram in Fig. 5-12B). By
cascading several J-K flip-flops, we can obtain division ratios of 2,4,
8 or any power of two. If we provide a means for resetting all
flip-flops to zero, we can obtain non-power-of-two ratios by reset-
ting the FFs after the required number of pulses have passed. Some
TTL and CMOS ICs have been designated as counters in base-8,
base-10, base-12 or base-16. The bases, which are powers of two,
are merely cascaded flip-flops. It takes three FFs to make a base-8
counter 2° =8), and four to make a base-16 (2* =16) counter. The
output of these counters is F-8 and F/16, repectively. Similarly,

devices such as the 7490 base-10 counter will output a frequency of
F/10.
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FREQUENCY SYNTHESIZERS

Modern transmitters differ from those made just a couple of
years ago in their use of frequency synthesizers to control the
operating frequency. Two types are in general use: crystal plexers
and phase locked loops. A crystal plexer is a circuit that will use two
or more crystal oscillators and a mixer circuit. The output of the
mixer will be either the sum of difference of the two crystal frequen-
cies. Therefore, a small bank of crystals can generate a larger range
of frequencies. The typical CB transceiver of two decades ago
required 23 crystals for the transmitter and 23 more for the receiver
(46 total). When crystal plexers came along, the total droppedto 11
in some designs and 14 in others.

A block diagram to a phase-locked loop (PLL) synthesizer is
shown in Fig. 5-13. The principal components of the PLL are:
voltage-controlled oscillator (VCO), divide-by-N digital counter,
crystal reference oscillator, phase detector, low-pass filter, add an
optional DC amplifier

———»F2
Fl ——{T
RST
I
I F2=5Fl
RESET

Fi

FZ* L —

Fig. 5-12. J-K flip-flop divider.
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Fig. 5-13. PLL frequency synthesizer block diagram.

The VCO oscillates at a frequency that is determined by
control voltage Ec, and its output is the output frequency Fo. This
frequency will also be applied to the input of the divide-by-N
counter. The factor N is an integer and is the division ratio of the
counter. The binary word representing N is applied to a set of
binary inputs. The output of this counter is Fo/N, and this fre-
quency is applied to a phase detector circuit. The other input of the
phase detector receives F1, the output of the crystal reference
oscillator. This oscillator typically has a frequency in the 1-to-25-
kHz range.

The output of the phase detector is a series of thin pulses of
width that is proportional to the differencein frequency between F1
and Fo/N. When these pulses are integrated in the low-pass filter,
the resulting DC voltage E1 will be proportional to the error bet-
ween the two frequencies. This may be applied directly to the input
of the VCO or be amplifiedin a precision DC amplifier. If there is an
error, the DC error voltage will increase, thereby pulling the oscil-
lator to the correct frequency. The accuracy and stability of the
output frequency is essentially the accuracy and stability of the
low-frequency crystal reference oscillator. Frequencies are
changed digitally by changing the N-code applied to the divide-by-N
counter stage.
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Coupling And Matching Networks

The input and output impedances of amplifier stages are not the
same. If we want to couple two stages together, or an amplifier and
any other load, and obtain the maximum power transfer, some
matching must be provided. Recall from elementary electronic
theory that maximum power transfer between source and a load
occurs when the load impedance is the same as the source impe-
dance.

In other cases, the DC voltage levels present at the output of
one stage are not compatible with the DC requirements of the next
stage. Consider the situation when two transistor CE voltage
amplifiers are connected in cascade. In many cases, the collector
potential on the first stage will be considerably higher than the base
voltage of the second stage.

In both cases, some form of coupling network is needed. In the
first situation we are looking for impedance matching; in the second,
isolation of the two stages.

SIMPLE COUPLING CIRCUITS

Consider Fig. 6-1. This is a three-stage audio amplifier circuit
specifically selected such that three different coupling methods are
illustrated (we cleverly drew it that way!). Transistor Q1 is the
preamplifier stage, and it is direct-coupled to the drive stage Q2.
This means that the collector of Q1is connected directly to the base
of Q2. The DC voltage levels must be selected such that the normal
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Fig. 6-1. Three different types of interstage coupling.

DC potential on the collector of Q1 will be the voltage selected for
Q2. Careful design is needed. It is typical to find 1.5 to 3.5 volts
used at this point in a direct-coupled circuit. Incidentally, it is
common practice to use direct coupling in audio hi-fi amplifiers andin
car radios.

The second form of coupling is resistor-capacitor coupling,
whichis shownbetween Q2 and Q3in Fig. 6-1. The elements of the
coupling network are the load resistor of Q2 (R3), the base resistor
of Q3 (R2), and the coupling capacitor (C3) between them. The
reactance of C3 at the lowest frequency in the amplifier passband
must be low compared with the resistance of R2. This form of
coupling is used in AC voltage amplifiers. Here, itisolates the base
of Q3 from the collector of Q2.

Transformer coupling is shown in the collector circuit of power
amplifier Q3. The purpose of the transformer is to provide impe-
dance matching between the power amplifier and the load. The
output impedance of the amplifier is typically hundreds or even
thousands of ohms, where the load impedance is usually 4 to 16
ohms ( in audio amplifiers). In order to keep the power transfer
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maximum, it is necessary to use an impedance matching trans-
former. The relationship between the impedances is determined by
the turns ratio of the transformer:

(2 . >
Z

where Z, is the impedance seen by the primary (reflected impe-
dance), Z. is the load impedance across the secondary, N is the
number of turns in the secondary, and N, is the number of turns in
the primary.

One additional form of coupling is sometimes seen in vacuum
tube circuits: impedance coupling. The impedance method is the
same as the resistor-capacitor method, except that theload resistor
of the first stage (R3 in Fig. 6-1) is replaced with an inductor. The
only real advantage of this method is there will be a high AC signal
voltage developed across the choke.

Figure 6-2 demonstrates transformer coupling in radio fre-
quency circuits. This type of coupling is used routinely in receiver
rf/i-f stages andin SSB transmitteri-f stages. Transformer T1has a
high-impedance primary which is tuned to resonance by a capadtor
shunting the inductance. The secondary is untuned and has a low
impedance for proper matching to the base of amplifier transistor
QL

Similarly, the collector output circuit for this stage is tuned.
But in this case, both the primary and the secondary are tuned. The
tuned tank circuits on the input and output sides of this amplifier
make it possible to pass only a narrow band of frequencies around
the resonant frequency of the two tank circuits.

AC AND DC PATHS

With signal amplifiers, such as those in Figs. 6-1 and 6-2, it
becomes necessary to break the circuit into two portions: AC and
DC paths for current flow. Keeping these two paths in mind,
incidentally, is critical to troubleshooting a defective stage. All
problems with equipment that once upon a time worked properly
involves one of two possibilities: a desired path for current has been
lost (an open) or an undesired path for current has been gained (a
short).

Consider the DC path, using Fig. 6-2 as the example. The DC
path for current in this stage includes resistor R1, the secondary of
T1, the Q1 b-e junction, and resistor R2 on the input side. On the
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Fig. 6-2. Rf/i-f amplifier.

output side, the DC pathincludes resistor R2, the collector-emitter
path of Q1, and the primary of transformer T2. The entire DC path
is necessary for the proper operation of the circuit, and defects in
this path are usually reflected as changesin the DC potentials on the
three elements of the transistor.

The AC path contains some elements of the DC path, most
notably the secondary of transformer T1 and the primary of trans-
former T2. But the AC path also contains other elements. Two of
these elements are the primary of T1and the secondary of T2. Both
of these circuits are tuned tank circuits. The AC path also contains
capacitors C1 and C2. These are bypass capacitors designed to
provide a low-impedance path to ground for the AC signal, while
keeping the DC path at high resistance. It is the general practice to
make the capacitive reactance of a bypass capacitor one-tenth of the
resistance it bypasses. For example, Xcz should be not more than
R2/10 at the frequency of operation. In the case of the wideband
stage in Fig. 6-1, the reactance of the bypass capacitors should be
low, such as 0.1R, compared with the resistance at the lowest
frequency of operation. Similarly, the reactance of the coupling
capacitor in Fig. 6-1 (C3) should be one tenth of the resistance of
R5.

TUNED TANK CIRCUITS

A tuned tank circuit consists of an inductor and capacitor
connected either in parallel (Fig. 6-3) or series (Fig. 6-4). The tank
circuit exhibits a phenomenon called resonance. In this condition,
the inductive reactance has the same magnitude as the capaditive
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L ~~C RL Fig. 6-3. Parallel resonant tank circuit.

reactance: Xc = Xt. Recall that an inductor will store energy in the
magnetic field, while a capacitor stores energy in an electrostatic
field. One simplified view of the circuit action at resonanceis to view
the circuit as two buckets for energy. Assume that a brief pulse is
applied to the tank circuit. It will create a magnetic field about the
coil, which will collapse as soon as the pulse passes. When the field
collapses, it creates a tank circuit current that will charge the
capacitor. But as soon as the current ceases, the capacitor dumps
it’s charge back into the circuit, creating a magnetic field around
the coil. Ina perfect, ideal tank circuit, this seesaw action between
the coil and the capacitor would continue indefinitely. In real tank
circuits, however, losses cause the amplitude of each successive
oscillation to be lower than the last. After a few cycles, the
oscillation dies out. Such an exponentially decaying oscillation is
said to be damped.

Fig. 6-4. Series resonant tank circuit.
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The paralle! resonant tank circuit exhibits a high impedance at
the frequency of resonance, and a low impedance at frequencies
removed from resonance. If a parallel resonant tank circuitis placed
in shunt with a signal line, it will bypass to ground all frequencies
passing down the line, except the resonant frequency. Similarly,
when a parallel resonant tank circuit is placed in series with a signal
line, it will pass all frequencies except the resonant frequency,
which it blocks. The relationship between impedance and the
applied frequency in a parallel resonant tank circuit shownin Fig. 6-5
as curve A.

At resonance, a tank circuit will exhibit such a high impedance
in most cases that the resonant impedance of the tank is essentially
the load resistance (Rv in Fig. 6-3). The impedance at frequencies
away from resonance is given by:

Ri
Zo

V1 + (RAX. = Xc)?

where Z; is the impedance of the parallel resonant tank at frequen-
cies other than F\, Ri. is the load resistance, Xt is the reactance of

IMPEDANCE

Fr
FREQUENCY
Fig. 6-5. Impedance-vs.-frequency curves for series and paralie! tanks.

v
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Fig. 6-6. Tank used to tune plate circuit.

the inductor at the frequency of operation (other than Fr), and X« is
the reactance of the capaditor at the frequency of operation (other
than Fr).

When the tank circuit is in the plate or collector circuit of an
amplifier, the load resistance Ru is the transformed resistance seen
by the tube or transistor (see Fig. 6-6). In this circuit, the actualload
resistance such as a resonant antenna, causes a reflected impe-
dance across the transformer. To the tube that drives the tank
circuit, therefore, the load resistance is the transformed resistance
(R."), according to the first equation of the chapter.

The series-tuned tank circuit (Fig. 6-4) consists of aninductor
and a capacitor in series with each other. The properties of the
series resonant tank are exactly the opposite of the parallel proper-
ties. The impedance across the series tank (curve B in Fig. 6-5) is
low at the resonant frequency and high at frequencies away from
resonance. If a series tank circuit is placed such that it shunts the
signal line, therefore, it will bypass signals at the resonant fre-
quency and allow off-resonant signals to pass along the line. Simi-
larly, when a series resonant tank is placed in series with a signal
line, it will pass only the resonant frequency and attenuate all
others.

Tank Q

Tank circuits can be rated according to a figure of merit or
quality figure (Q). The @ of a tank is expressed by:

R.

Q =—
X
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In most cases the @ of the capacitor is so high compared with the @
of the inductor that the inductor predominates. In those cases, we
can rewrite this equation in the form Q = Ru/Xt.

The Q determines the bandwidth of the tank circuit. All tank
circuits will pass some frequencies close to resonance; it is not a
sharp response only at the resonant frequency. Figure 6-7 shows
the frequency response curves of tank circuits with high, medium,
and low values of @. Note that the high-@ tank circuit passes a much
narrower band of frequencies than do the other two. We can control
the @ of a tank circuit by choosing coils of appropriate . For
example, with a high-Q tank, we would choose a coil with a very low
resistance winding. We can also vary the @, which is desirable in
some cases, by placing different value resistances in paralle] with
the coil. This is sometimes done in receiver circuits.

The @ is defined by the relationship of the bandwidth of the
tank circuit to the resonant frequency. The bandwidth is measured
between the points where the response falls off to 0.707 times its
value at the resonant frequency. The bandwidth (see Fig. 6-8) is
Fn-Fi, and the @ is defined as:

IMPEDANCE
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Fig. 6-7. Effect of Q on bandwidth.
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We can also specify bandwidth as:

1
DU 27R. C

It is considered good engineering practice to make the @ high
enough to attenuate harmonics and other responses removed from |
resonance. But there are also some losses in very high-Q tank
crcuits. They are also a bit difficult to tune manually. These situa-
tions call for a trade-off between high and low @, so most transmit-
ter designers pick a @ between 10 and 20. A @ of 12 is common.

The impedance of a series-tuned tank circuit is a little different
from the parallel resonant tank and is given by:

Z. = VRY+ X~ X)

where Z. is the series impedance of the tank, R. is the series
resistance, including the DC resistance of the inductor, X« is the
capacitance reactance, and Xu is the inductive reactance.

Again, the @ of either component could theoretically set the @
of the tank, but the inductor @ predominates because it is so much
lower than the capacitor @. The bandwidth of the series resonant
tank circuit is expressed by:

R.
2L

BW =

Circulating Current In A Tank Circuit

A current constantly circulates between the inductor and the
capacitor in a tank circuit. This current can reach quite high levels
andis higher than the applied rf line current by a factor of Q. There
are three different cases where we can approximate the circulating
current of the tank circuit:

C1When the circuit is driven by an rf sine wave and we can

measure the current

COWhen the circuit is driven by an rf sine wave and we can

measure the voltage across the inductor
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Fig. 6-8. Half-power points.

[OWhen the tank is connected across a tube anode circuit and
we know the DC current level.
These are expressed respectively, by:

I = I«XQ
Ic = Erf/XL
I = 2XIbcXQ

Figure 6-9 shows several different tuned tank circuits used as
either interstage or output coupling in transmitters and receivers.
The circuit in Fig. 6-9A is a double-tuned tank circuit. This design
will produce a wider frequency response than will the single-tuned
parallel resonant tank circuit. The bandwidth of this circuit is:

_ 0.707C2

BW = ———
2aR G

where BW is the bandwidth in hertz, C:is the capacitance of Clin
farads, Czis the capacitance of C2 in farads, and R.' is the trans-
formed load resistance (see Fig. 6-6). The value of Rt seen by the
tube is (2RLC2/C1), where Ru is the load impedance connected
across the secondary.
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COEFFICIENT OF COUPLING

The inductive coupling circuit of Fig. 6-9A and the other
coupled circuits perform differently as the degree of coupling bet-
ween the inductors is varied. If the coupling is tight, a larger
percentage of the flux lines from the primary cut across the secon-
dary, so a wider bandpass is achieved. But when the coupling is
loose, only the signals close to the resonant frequency will produce
significant current flow in the secondary. In those tank circuits, the
frequency response of the bandpassis narrower. Figure 6-10 shows
the bandpass response of three different degrees of coupling.

When the voltage across the parallel resonant tank is
maximum, the coupling is said to be ¢ritical. The coupling between
the two coils is looser at subcritical coupling levels. The amplitude is
reduced, but the bandwidth is much narrower. Overcritical coupling
is very tight, and the response broadens considerably. Notice the
double-humped waveform shown. The amplitude at the center
frequency is reduced from that of the critical case, but the
amplitudes of the two humps are approximately equal to the
amplitude in the critical case. We often adjust the degree of coupling
in order to vary the selectivity of the tuned circuit.

We express the degree of coupling using the coefficient of
coupling, which can be found from:

Lm
k = ————
V L: Ly
or
Xm
k = ——
V X: X,

where Lmis the mutual inductance between primary and secondary,
L, is the inductance of the primary coil, L« is the inductance of the
secondary coil, Xm is the reactance of the mutual inductance, X-is
the reactance of the secondary coil, and X, is the reactance of the
primary coil.

The circuit in Fig. 6-9B is a link-coupled tank circuit. The
secondary is untuned and usually consists of a few turns of wire
wound over the primary coil and coupled toit. This circuit was once
used extensively in radio transmitter and is still found as the in-
terstage coupling in many rigs. In this particular example, the
primary is tapped so that the low impedance of transistor collector
circuits can be matched while maintaining the higher @ properties of
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Fig. 6-10. Effects of coupling on bandwidth.

the entire tank. If the low transistor collector resistance were
shunted directly across this coil, then the overall @ would be
lowered considerably.

Link coupling between two tank circuits is shown in Fig. 6-9C.
This circuit behaves almost identically with that of Fig. 6-9A, pro-
vided that the link windings for both coils have the same inductance.
In most cases, the two tuned coils will be identical—have the same
inductance—so we can make the link windings also physically iden-
tical. A similar circuit involving capacitor coupling between the two
tuned tank circuits is shown in Fig 6-9D.

The circuits of Figs. 6-9E and 6-9F are also similar to each
other. In both cases, the coupling is created by introducing a small
reactance (Xi3 in Fig. 6-9E and Xcs in Fig. 6-9F). The transfer
occurs because the current flowing in the primary causes a small
voltage to develop across the mutual reactance element (L3 or C3).
Because this element is mutual to two circuits, it will then set up a
small current in the secondary tank circuit.
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L-SECTION NETWORKS

The L-section coupling network is shown in Fig. 6-11. Two
forms are given here. The circuit in Fig. 6-11A is used to transform
alower impedance to a higher load impedance. This form is some-
times seen in solid-state transmitter buffer amplifiers, where the
collector impedance of the first stage is less than the input impe-
dance of the second stage. It was also commonly employed in
vacuum tube transmitter final output stages, where the plate resis-
tance of the tube is greater than the 50-ohm to 75-ohm antenna
impedance. This circuit was common 2-MHz marine transmitters at
one time.

You can calculate the required values for the two circuit ele-
ments from the expressions below:

. DY DN
Xt = VRR)- (R)
X = RRYXu
L
A ~
W
7 C RL
(RL<RD
L
Y
Ri

I
Il
o

Fig. 6-11. L-section impedance matching networks for a load less than the input
impedance at A and a load greater than the input impedance at B.
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Fig. 6-12. Tapped capacitor tuned network for impedance matching.

The circuit in Fig. 6-11B is exactly the opposite configuration from
Fig. 6-11A andis used to transform a lower input source resistance,
R, to a higher load resistance, Ri. This network formis sometimes
used to couple the output of a low-impedance generator, such as a
transistor power amplifier, to an antenna load. The component
values are:

X =

Xu

(R R)/Xc

TAPPED-CAPACITOR NETWORKS

Figure 6-12 shows a parallel tuned tank circuit thatis popular in
cases where the input impedance is lower than the load impedance.
This circuit has been used in solid-state transmitters, and in the
case shown, for theinput tank in VHF receivers. Transistor Qlis an
rf amplifier, using the grounded-base configuration. The input im-
pedance of the transistor amplifier is essentially the emitter resis-
tance, R1, but this resistance is usually somewhat larger than the
antenna impedance. Antenna impedance values are typically less
than 100 ohms, while R1 is usually 100 ohms to 1000 ohms. Impe-
dance transformationis obtained from the tapped capacitor voltage
divider C1/C2. The input resistance is given by:

Qu X

e 1)
C

R =




THE Pl NETWORK

One of the most popular output coupling networks used in
amateur transmitters is the pi network of Fig. 6-13. This circuit
obtains its name from the fact that its circuit resembles the Greek
letter r (pi). This circuit is used to transform the low impedance of
the antennaload (R1) to the higherimpedance of the plate resistance
of the vacuum tube, Ry. The values of the components are givenby:

Xa = Rp/Q

(Re/Ru.
Q +1- (R/R1)

X2 =

QRp + (RpRl./XCZ)
X =
Q+1

Select the @ of the circuit to be between 10 and 20, with 12
being a common value. In addition, X1 be less than or equal to
‘(RpRI.)V’.

OUTPUT COUPLING FOR SOLID-STATE TRANSMITTERS

In older vacuum tube designs, it was always true that the plate
resistance of the tube was matched to a much lower antenna
resistance, This is assumed in the previous equations for the pi
network. In solid-state amplifiers, however, especially as the
power levels increase, the situation is just the opposite. It is very

s LI

Rp
, | . .
AN
(o] c2 Ru
RFC1 TUNE LOAD

I
+
’|‘ DC

Fig. 6-13. Pi network.
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Fig. 6-14. Solid-state output matching network.

often true that the collector resistance of the transistor is less than
the nominal 50-ohm to 100-ohm antenna impedance. This resis-
tanceis Vee/Ic. Assuming a 13.6-volt collector potential (mobile rigs)
and a collector current of 4 amperes, the collector resistance is only
3.4 ohms. Figures 6-14 and 6-15 show several popular output
coupling networks for solid-state power amplifiers. Note that cir-
cuits which have several variable capacitors often have a speafied
adjustment sequence that must be followed when loading the
amplifier into the antenna.

Figures 6-16 through 6-18 show the use of hybrid transmission
line transformers for output coupling. The circuit in Fig. 6-16 is
tuned, while that in Fig. 6-17 is untuned. The hybrid wideband
coupler has been generalized in Fig. 6-17A. This circuit is essen-
tially a bridge used to combine the outputs of two power amplifiers.
Some power amplifiers use such a transformer to couple the out-
puts of two single-ended sides of the overall circuit, while in other
cases, the transformer can be made into a discrete component in its
own right to couple two final amplifiers to the same antenna. Two
arms of the bridge are the output impedances of the amplifiers.
These arms are equal and shown as Rv in Fig. 6-17A. The antenna
impedance must be one-half of this value, R./2. There is one
additional member of the bridge, and this is a dummy load resistor
equal to the antenna impedance.

The hybrid transformers can be constructed of toroid cores
and wire, as shown in Fig. 6-17B, when operating in the high-
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Fig. 6-15. Another solid-state output matching network.

frequency range. As the frequency increases, though, stripline
construction or a coaxial combiner such as shownin Fig. 6-18 must
be used. This combiner is made from ordinary coaxial cable cut to
the operating frequency. Three arms of the coaxial bridge are

/J7 ~a AAAS
I RL
—{¢ o
1"
: >Rol l
| |
| |
L\

Fig. 6-16. Broadband transformer.
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Fig. 6-17. Hybrid transformer coupling at A and typical transformer construction
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Fig. 6-18. Coaxial hybrid ring method.
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quarter wavelength, while one sectionis three-quarter wavelength.
The purpose of this is to combine the signals at the dummy load out
of phase so that they cancel. This will allow the use of a low-value
dummy load resistor. The only problem with this is that the circuit
operates only at those frequencies close to the quarter-wavelength
frequency for which the coaxial cable is cut. These lengths, inciden-
tally, must reflect the velocity factor of the coaxial cable:
Y4 wavelength = (246 x V)/Fumn:

where the length is in feet, V is the velocity factor of the coaxial
cable, and Fwmu: is the frequency in megahertz. Velocity factor is
different for different types of transmission line. In general:

OFoam dielectricis V = 0.8

ORegular polyethylene is V = 0.66
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Vacuum Tube RF Power Amplifiers

‘One of the first accessories acquired by amateur radio operators,
after the initial low-to-medium power transceiver or transmitter/
receiver combination is obtained will be a power amplifier. The
power amplifier will boost the signal output considerably, although
not as much as some people think. But more of that in 2 moment.
Some years ago, it was necessary to have a lot of space to support a
power amplifier. These instruments took a 19-inch wide rack, at
least four-feet high (most were seven footers, it seems!). But
modern designs with advances in vacuum tubes and power supplies
require only a small amount of desk top space. Figures 7-1 through
7-3 show three examples of commercial power amplifiers com-
monly used by amateurs.

Two different types or classes of power amplifiers are com-
monly used. Many commercial and homebrew amplifiers will pro-
vide both kinds: linear and class-C. The linear (typically class-B or
class-AB) is used with single sideband systems because the mod-
ulation is added to the carrier in a low-level (prefinal) amplifier
stage. All stages following the balanced modulator in an SSB or
DSB rig must be linear. But with a radiotelegraph (CW),
frequency-modulated, or high-level amplitude-modulated system,
the higher efficiency of the class-C amplifier can be taken advan-
tage of. In the case of the AM transmitter, the modulation to the
carrier must be added in the final amplifier, or the same rules apply
as for the SSB.

100



Fig. 7-1. Heath linear amplifier.

HOW MUCH POWER?

How much output power is needed? For the US amateur radio
operator, it is permissible to use a power amplifier that has a DC
input to the final amplifier stage of 1000 watts or less. This is 2000
watts peak-envelope-power (PEP), assuming a 50 percent duty
cycle for speech.

What we mean with our rhetorical questionis more a matter of
economics, rather than regulations. Most people seem to think that
the more you can crank out of a transmitter, the better the received
signal at the other end. 'Tain’t so! Some years ago, many CB
operators risked breaking the law by modifying their tube-type
transceivers to output more power by changing the value of
screen-dropping resistors or some power-supply resistors in most
cases. A couple ofless scrupulous manufacturers even designed the
rigs to be 10-watt to 15-watt rigs, and then cut them back with
lowered screen voltages in order to comply with the law for CB
operation. But they let the dealers know just how to make the
changes!

Did this do any good? Is 15 watts any better than 5 watts? How
much better is 1000 watts than the 250 watts put out by a heavy-
duty amateur transceiver? Let’s see. The expression for power
gain in decibels is:

dB = 10logwo (P1/ P2)

101



Fig. 7-2. Dentron linear amplifier.

If we solve this expression for a 2:1 power increase, the gainis 3
dB. Examining the service manual for most amateur grade receiv-
ers tells us that each S-unit on the S-meter of the receiver repre-
sents a 6 dB change in the input power to the antenna terminals,
with S-9 represented by 100 wV across 50 ohms, or 2 X
10" watts. This means that doubling the power from your trans-
mitter results in a mere half S-unit difference at the receiving
end—not much when you consider the claim by the receiver man-
ufacturer that one S-unit represents the smallest increase that the
operator can hear. A 4:1 increase in transmitter power results a 6
dB change, which is the minimum that will do you any good. Some
authorities require a power change of 5:1 as the minimum that is
economically feasible. If you have a 100-watt exciter or transceiver
for your transmitter, the gain is substantial (1000/10 = 10: 1,or 10
dB). But if you already have a 300-watt to 750-watt rig (some
transceivers go 750 watts), then examine whether the added cost
of a linear amplifier will do you any good.

TUBE SELECTION
The tube used in a power amplifier greatly determines its
maximum operating capability. The principal specification to watch
is the anode (plate) heat dissipation, expressed in watts. The
efficiency of any power amplifier is given by:
P.(100%)
Poc
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where n is the efficiency of the amplifier in percent, Po is the rf
output power delivered to the load (antenna), and Poc is the DC
power applied to the anode of the final amplifier tube(s).

Let’s see what this means to the final amplifier tube. Assume
that we have a linear amplifier with an efficiency of 45 percent,
which is not an unreasonable value. The DC power applied to the
anode is 1000 watts. First, calculate the output power by rearrang-
ing the last equation:

Po = nPoc/(100%)
Po (45%)(1000 watts)/(100%)
Po (0.45)(1000 watts) = 450 watts

The output power is 450 watts. What happened to the other 550
watts? It is dissipated in the anode of the tube in the form of heat.
The tube manufacturer will specify for each tube type the total
amount of heat that can be dissipated and under what conditions this
value is considered valid—convection or forced air cooling.

The tube or combination of tubes used in the final amplifier
must have a total heat dissipation thatis equal to the lost power oris
higher than the lost power. In this case, we need to select a tube or
series of tubes that will dissipate at least 550 watts. But it must be
recognized that it is not really good practice to select a tube that
barely meets the requirement. The tube will then run to its
maximum ratings all of the time, and that is not good. A tube thatis

Fig. 7-3. Heath linear amplifier.



ANODE C&NNECTOR

«——SOCKET
TUBE

BLOWER

Fig. 7-4. Use of air-system socket with external anode tubes.

run “hard” all the time can be expected to have a shorter life
expectancy than one which “loafs” along.

COOLING

Most transmitting tubes will dissipate the full amount of anode
heat only when the envelope is sufficiently cooled. The glass seals
around the anode, grid and filament terminals will break if the glass
is heated too much. Part of the problem is the difference in the

104




thermal coefficient of expansion between the glass used in the
envelope and the metal electrode connections. Another part of the
problem s that the glass can melt. I have seena linear amplifier in
which the blower fan failed, and the operator ignored the failure.
The tube was a 4-400 (capable of 400 watts of plate dissipation),
operated in a “pair of 4-400s” linear amplifier. The envelope
melted and was blown inward from the action of atmospheric
pressure on the vacuum inside of the tube. The explosion sounded
like a handgun report! Incidentally, I wasn't the operator who
ignored the failed blower.

All high-power amplifiers should have a blower to force air over
the final tubes. A blower is cheap insurance against expensive tube
failure, but it must be applied properly. If the Eimach-series power
tubes are used, then the same company will also sell you an air-
system socket that allows proper air flow around the tubes. Figure
7-4 shows the type of air system socket frequently used for power
tubes with an external anode (4X145, 4X250, 4CX250B, etc).
These tubes have alarge metal finned heat sink for the anode. The
air system socket usually has a cylindrical wall that snugly fits

t
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Fig. 7-5. Use of air-system socket with glass envelope tubes.
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around the anode and has holes in the base to admit forced air. The
blower is positioned (or plumbing provided) to force cool air from
the bottom of the tube through the air system socket and out
through the metal heat fins of the anode. The tube envelope seals on
the bottom portion of the tube are kept cool enough to prevent their
breaking (which would destroy the tube by admitting air to the
inside vacuum).

Figure 7-5 shows the type of air system socket often used for
the glass envelope power tubes. In this case, the holesin the base of
the tube admit air from beneath the chassis (cooling the seals), and
allow it to pass over the hot glass envelope, leaving at the glass
chimney at the top. This tube also uses a heat-dissipating plate
connector. These provide the electrical connection to the anode and
are designed to have fins that will dissipate the heat. This will keep
the anode connection glass-metal seal intact.

The amount of air passed over the tube is also important. The
manufacturer will specify the air flow rate in cubic feet per minute,
as part of the normal tube specifications. Blowers in the 30 to 150
cu. ft./min. are easily obtained.

AMPLIFIER DESIGNS

Only a few different types of amplifier circuit are in use, despite
the large number of power amplifier tubes available. Grounded-grid
and grounded-cathode circuits are in abudance; few common-anode
circuits are found in amateur work, however. You might find a
common-anode power amplifier in some high-power broadcasting
transmitter stations in which water cooling of the anode is used.
These use a water plumbing system and radiator to dissipate the
anode heat, so they may want to keep the plumbing system and
radiator to dissipate the anode heat, so they may want to keep the
plumbing at ground potential by turning the circuit “upside down,”
or operating with the plate grounded.

A Common-Cathode Design

An example of a 1000-watt common-cathode final amplifier is
shown in Fig. 7-6. This circuit can be used with the 4-125, 4-250,
4-400, and 4-500 tubes. This series of tubes has the heat dissipate
400 watts. Itis recommended that the 4-400 or 4-500 tubes be used
if the full kilowatt is desired.

The cathode/filament circuit is fed by a filament transformer
with a secondary center-tap to provide a balanced situation. The
filament transformer with a secondary center-tap to provide a
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balanced situation. The filiments are bypassed by not less than
three 0.005 uF capacitors—one from each side to ground and one
across the filament terminals. These capacitors should be mounted
as close as possible to the terminals on the tube socket, and the
leads should be kept as short as possible. If the leads are too long,
the capacitors may perform poorly because of lead inductance, and
this could lead to instability in the power amplifier. Disc ceramic or
mica capacitors should be used, and they must be of good quality.

The screen grid is similarly bypassed, but with 0.001 uF
capacitors. Note that there are two screen connections on these
tubes, and both are bypassed to ground. If an Eimac air-system
socket is used, it is possible to buy the type with built-in screen
bypass capacitors. The DC potential to the screen is supplied
through 50-ohm, 4-watt, noninductive resistors. The best way to
obtain this value (in noninductive) is to connect in parallel two
100-ohm, 2-watt carbon composition resistor. Do not use
wirewound resistors, as their inductance could lead to unfortunate
resonances. Again, it is necessary to make the leads of the
capacitors as short as possible.

The input crcuit to the control grid is tuned by a parallel
resonant tank circuit C1L2. This tank is driven from the exciter
through link coupling L1. This tank should be at alow impedance to
ground for rf, but there must be a DC voltage for the C-bias to the
tubes. Use bypass capacitor C2 for this purpose (470 pF silver
mica). This bypass capacitor, and the 2.5 mH rf choke keep the rf
signal from the exciter from gettinginto the c-bias supply. We would
ordinarily want to use a high value for C2 as practical, but this
capacitor is part of the neutralization network.

The neutralization of the tube is necessary because of the
common-cathode configuration. A 15 pF variable capacitor is used
for this purpose (see Chapter 9). Most of these capacitors are either
vacuum variables or a simple pair of metal discs separated by an air
space of a few centimeters. Details on the different types of neut-
ralization circuits and their adjustment are given in Chapter 9.

There are three elements to the anode circuit of this final
amplifier: parasitic suppression, the DC network, and the output
matching network. The parasitic suppression networks are R1/L4
and R2/L5. These are used to provide a high series impedance to
parasitic VHF oscillations that could interfere with other service.
The inductors are 4 to 5 turns of No. 12 solid copper wire, while the
resistors are 200-ohm, 2-watt composition types. Four resistors
are required in parallel for each resistance R1 and R2.
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Fig. 7-6. Power tetrode final amplifier.

The DC network includes the rf choke (RFC1) and the power
supply bypass capacitor, C7. The other fixed capacitor is C4, a DC
blocking capacitor intended to keep the high-voltage DC from the
output matching circuit. Both capacitors are 500 pF/20 kV “televi-
sion” capacitors (two required in parallel for C7). These capacitors
are available from Centralab and others, and they are sometimes
called “doorknob” capacitors.
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The output impedance matching network is the pi network,
C5/C6/L3. This type of matching network was covered in Chapter
6. Note that B&W manufactures a premade pi network inductor
with a built-on rf switch for use in amateur power amplifiers. The
tuning capacitor, C5, must have a high-voltage rating of at least
twice the DC voltage applied to the anode in linear amplifiers and
four times in modulated class-C amplifiers.
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TEAMINAL STRIP ON BACK PANEL
FOR 24V OR 117V QPERATION!

Fig. 7-7. Dentron GLA-1000 schematic.

A dangerous situation could occur if the DC blocking capacitor
(C4) should become shorted: The lethal high-voltage DC on the
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Grounded-Grid Design

Grounded-grid operation is popular with HF and VHF power
amplifier designers because the amplifier does not usually require
neutralization, provided that good layout practice (isolation of input
and output circuits) is followed. A number of power tubes are
designed specifically for grounded-grid operation.

Figure 7-7 shows the circuit for the Dentron GLA-1000 power
amplifier. This amplifier uses four power pentodes connected in
parallel. In this case, the three girds from each tube are directly
grounded.

The four parallel-connected cathodes from the final amplifier
are driven by the exciter through a filter and DC blocking capacitors
C1/C2. This circuit is cathode biased by R1 and Zener diode D1.

Another form of grounded-grid circuit is shown in Fig. 7-8.
This one is based upon the 572-B/T160L triodes and is made in kit
form by Heath (model SB-201). A negative grid bias is supplied to
the grids through an isoltion network consisting of R21/R22 and
the 200 pF bypass capacitors. These components isolate the grids
from each other, while the additional components (RFC2, C18,
C19, R15, and R23) isolate the DC power supply from the rf
component that might exist on the bias line.

The plate circuit contains the same elements as in the circuit of
Fig. 7-6, soit will not be repeated here. But the input circuitis alittle
different from either of the previously discussed circuits because
the tubes in this amplifier use directly heated cathodes. We want to
keep the filaments of V1 and V2 at a high rf impedance, while at the
same time permitting the AC power supply to function. The 6.3-volt
AC filament winding is balanced with respect to ground, and a bifilar
filament choke is connected with one winding in series with each
side of the transformer secondary. A bifilar winding is one in which
two wires are wound in a parallel fashion, with the two conductors

Fig. 7-9. Bifilar filament choke construction.
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interleaved (Fig. 7-9). These coils are wound on a ferrite core. We
must also try to keep the two sides of the filament at the same rf
potential. Capacitor C12 is placed across the filament supply in
order to facilitate this goal. The input signal is applied through a
capacitor (C16). An input filter circuit will match the impedance of
the input circuit to the output impedance of the exciter (50 ohms in
most amateur radio amplifiers). These filters also aid in reducing
harmonic content. This amplifier has a built-in VSWR/RF power
meter. The sensor is monomatch elements L7 to L9.
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Solid-State RF Power Amplifiers

A decade ago rf power was always generated by vacuum tube
circuits. Even though the transistor was well established and had
supplanted the vacuum tube in almost all electronic applications, the
generation of rf power was the sole province of the tube. There
were a few transmitter projects being pushed, but all were QRP
(low-power) circuits. It was simply too costly (and perhaps not
technologically possible) to generate any substantial amount of rf
power. But today, almost all currently sold rf power generators are
solid-state. There are a few vacuum tube circuits of the 100-watt to
300-watt class still being sold, and even one new model. But by and
large, the typical medium-power amateur radio transmitter uses
solid-state rf power amplifiers.

Most of these circuits are wideband amplifiers. The basic
circuit will operate over some wide range of frequencies. Alot of the
high-frequency circuits, for example, operate from 3 to 30 MHz.
The transmitter designers use low-pass filters in the output net-
work to attenuate the harmonics that even linear amplifiers will
inevitably generate.

Figure 8-1 shows a typical mobile power amplifier for the
2-meter band. This amplifier is a 40-watt model and requires only a
few cubic inches of space. The heat sink mounted on the chassis is
attached directly to the transistors. The circuit for this amplifier is
shown in Fig. 8-2.
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Fig. 8-1. Typical VHF power amplifier.

This circuit uses a pair of power transistors (Fig. 8-3), which
are either 2N5591 or CTC 25-12s, connectedin parallel. The output
power from each half of the amplifier is summed at the input of the
outputimpedance matching network; i.e., the junction of L5and L6.

The impedance of the summing junction (point A) is approxi-
mately 5 ohms, and this must be matched to the 50-ohm output of
the exciter stage. Capacitors C1 and C2 and inductor L1 form the
impedance matching network. The power is then split into two
paths from the summing junction to the bases of the two transistors.
Each side of the amplifier contains an L-section network (L2/C4/
C5/C6 and L.3C7/C8/C9) that matches the input impedance of the
transistor bases to the 5-ohm impedance of the summing junction.
Note that three capacitors are used in parallel in each input network
(C4 through C6 and C7 through C9). This is done not so much to
obtain the 141-pF value as to distribute the current load in the
capacitors, thereby reducing the losses. Capacitors are not simple
devices at VHF but become complex RLC networks in their own
right.

Note that there are two 10-ohm resistors connected between
the two transistors. Resistor R1is connected from base-to-base,
while R2 is connected from collector-to-collector. The purpose of
these resistors is to reduce, or damp out, the spurious low-
frequency oscillations called squeeging.
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Fig. 8-2. Schematic of a power amplifier.
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Notice the rf choke (L7) in the DC power lead to the collectors
of the transistors. This chokeis really a pair of ferrite beads slipped
over the DC wire, andit has sufficient inductance at VHF toform an
rf choke. The use of ferrite beads is quite common in VHF circuits,
because they make good low-loss chokes.

The impedance at the output summing point (point B) is ap-
proximately 5 ohms. This impedance is raised to 50 ohms to drive
the antenna by the impedance transformation network L8/C12/
C13/C14/C15/C16/C19. This network is adjusted for a midpoint
frequency and is not tuned every time the exciter channel is
changed.

There are two bypass capacitors across the DC power supply
leads: C11 and C25. This may appear to be an unusual practice, i.e.
paralleling 22 uF and 0.05 uF. The idea here is not to obtain some
specific value, but most be done because the electrolytic across the
power input will not pass 144-MHz to 148-MHz signals adeguately.
This capacitor is used to bypass noise from outside (power line
filtering), while the 0.05 iF unit bypasses rf from the amplifier that
gets onto the power line.

Itis possible in base station situations to operate the antenna
changeover relay with a contact closure in the exciter. In those
circuits, a switch closes in the exciter, and that energizes the relay
in the final amplifier. This is not too popular in mobile situations,
though, especially where a variety of exciters might be connected to
the same model amplifier. In this case, it is necessary to automati-
cally changeover the relay. The input signal from the exciter is
sampled by capacitor C18. The signal sample is rectified by diode
D1 and filtered to a DC voltage by the network consisting of
L9/C17. Resistor R3 is needed to develop a load for the diode. The
voltage across R3 is applied to the base of relay amplifier transistor
Q3. The relay coil is connected between the V+ (13.8-volt DC)
power supply and the collector of Q3. When Q3 is turned on, then,
relay RL1 is energized and causes the changeover.
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Alow-pass filteris in the antenna network. The purpose of this
network (L12/L13/L11/L14/C22/C23/C24) is to attenuate har-
monics of the amplifier on transmit and incoming out-of-band signals
during receive.

The rf output power of this amplifier is directly dependent upon
the drive power applied to the input of the amplifier. If the inputis 5
watts, the output will be 20 watts, but if the input power s 15 watts,
the amplifier will output 50 watts. The amplifier is nominally rated at
40 watts output. The input-vs.-output power transfer characteristic
is shown in Fig. 8-4.

HF 100-WATT POWER AMPLIFIER

The real change in transceiver design over the past decade is
the use of solid-state power amplifiers in the 100-watt to 300-watt
class. This is the power range of the typical amateur radio set. In
this section, we consider the design of a typical solid-state power
amplifier—in this case, the Heath SB-104A (transmitter section
only, because the SB-104A is a high-frequency transceiver).

Figure 8-5 shows the driver amplifier for the SB-104A. This
stage uses two transistors in push-pull and operates class-AB. The
single-ended input signal is applied through a matching network to
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the input of a hybrid power splitter transformer, L901. This type of
transformer is typical of solid-state HF designs and performs the
function of phase inversion for driving the two bases of the power
amplifier transistors out of phase. The operation is not exactly like
that of a transformer, but is more like that of a transmission line. A
similar transformer is shown in the collector circuit and is used as a
power combiner. The output signal passes through an interesting
network that provides an (ALC) DC control voltage and two output
levels.

The ALC signal is sampled by capacitor C912 and rectified by
the half-wave bridge D905/D906 and filtered to DC by C913. This
negative DC voltage becomes a kind of agc used to regulate the
output power of the transmitter.

DC diode switching is used to select high-output and low-
output power options. In the low-power mode, the rf signal from the
driver amplifier (Fig. 8-5) is routed directly to the low-pass filter in
the antenna output circuit (Fig. 8-7). In the high-power mode, the
driver signal is applied to the input side of the high-power amplifier
stage (Fig. 8-6). The routing of the signal from the driver is
controlled by DC potentials and two diodes (D903/D904). When a
diode is heavily biased with a DC current, it will pass AC almost as if
it were a piece of wire—no rectification occurs as wouldif the diode
were not biased. DC voltages applied to either terminal 5 or termi-
nal 6 select low-power and high-power options, respectively.

The high-power final amplifier for the SB-104 is shown in Fig.
8-6. This circuit is one of the best examples of high-frequency
circuits for power amplifiers because it combines push-pull and
parallel operation into one circuit. This circuit contains essentially
two rf push-pull power amplifiers (Q951/Q952 and Q953/Q954).
Each of these push-pull amplifiers operates in a manner similar to
the driver amplifier described previously. The outputs of these two
power amplifiers are combined in a hybrid combiner of a type
described in Chapter 6. The network consists of the secondaries of
L956 and L957, transformer L958, resistor R959, and the impe-
dance of the antenna circuit. Note that the resistor has a value equal
to twice the load resistance a slightly different arrangement from
the Chapter 6 circuit. The combined output power is fed to the
antenna from point E on L958.

The automatic load control (ALC) and output low-pass filter
circuitis shownin Fig. 8-7. The low-pass filter is needed to reduce
the harmonic content of the output signal. Both the driver and the
final power amplifier operate in a linear class-AB mode, which is
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Fig. 8-8. VHF power amplifier schematic diagram (courtesy of Motorola).

theoretically not able to produce harmonics. In real amplifiers,
however, a great deal of harmonic generation might occur, espe-
cially if the amplifier is overdriven. A rotary switch selects which
filter is needed for any given band. Of course, a single-band
amplifier would eliminate the switch, but the filter is needed any-
way.

The ALCis used to prevent damage to the output transistors
when a high VSWR is present on the antenna output line. The
sensor is a toroidal coil in the same manner as VSWR/rf power
meter pickoffs. One diode will sample the forward power and the
other samples the reflected power. If the reflected power becormes
too large, relative to the forward power, the negative output DC
voltage is used to drop the power of the signal.

VHF 80-WATT AMPLIFIER

In this section we are going to describe a VHF power amplifier
that will produce an output power of 80 watts. The circuit is shown
in Figs. 8-8 and 8-9. This circuit uses the Motorola MRF245 VHF
power transistor and produces 9.4 dB of power gain over the range
of operation. There are actually two ranges of operation requiring
slightly different component values: 143 to 156 MHz and 155to 175
MHz. The MRF245 will operate at 12.5volts DC, so the amplifier is
suitable for mobile operation. The power transistor is more rugged
than some and is readily suitable for mobile operation, not only
because of its ability to produce the output power over the normal
range of mobile power supply voltages, but also because it will
withstand up to a %0:1 VSWR without permanent damage. This
high-VSWR protection becomes important in mobile operation be-
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Cause many antennas have a higher VSWR than they should, espe-
cially after corrosion, wear, tear, and the tender mercies of vandals
take their toll. The efficiency of this amplifier is approximately 60
percent, and the second harmonic should be at least 40 dB down
from the fundamental without the use of an output low-pass filter.

The input matching circuit is a multiple section network (L1/
L2/13/14/C1/C2/C3/C4/C5) that matches the 50-ohm input to
the base impedance needed by the MRF245. Similarly, the output
impedance of the transistor is matched to the 50-ohm impedance of
the antenna by the collector network (L5/L6/L7/L8/C6/C7/C8/
C9/C10/C11). The capacitors in both networks are the VHF chip
capacitors (UNELCO). The placement of the capacitors is not
supercritical, but make it as close as possible to the ends of the
inductor lengths as possible. The inductors are not coils, but strips
of printed circuit board material called airline inductors. The parts
list shows these lengths for the 143 - 156 MHz band.

Assembly

The value of the inductors must be maintained. At the same
time, it is necessary to heat sink the transistor. To maintain both of

-

RF OUT

= -

Fig. 8-9. VHF power amplifier (courtesy of Motorola).
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Fig. 8-10. VHF power amplifier PC boards (courtesy of Motorola).

these requirements lift the PC board off the heatsink by 2 mm (use
washers or nuts). A thin film of a proper heat sink grease (Down
Corning 340) is used on the heat sink of the transistor to maintain a
good thermal transfer. The printed circuit board pattern (Fig. 8-10)
should be made of G10 Epoxy/Fiberglass. Parts placement is
shown in Fig. 8-11.

This amplifier will produce as much as 100 watts output if the
drive level is high enough, but should not be allowed to do so. Insure
that the drive level is kept lower than the level required for 80-watt
operation.

HF 140-WATT POWER AMPLIFIER

The use of a linear amplifier on 11-meters (CB) is illegal in the U.S.

This section describes the circuit and construction for a linear
power amplifier for the 2-MHz to 30-MHz high-frequency range.
This frequency range encompasses the US citizens band, but opera-
tion on that band is totally illegal.
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The amplifier will produce a 140-watt PEP output. It is linear
and is an ideal amplifier for single sideband operation. Because the
amplifier will operate from 12.5 volts DC (compatible with mobile
power supplies in American automobiles), it makes a decent power
booster for low-power rigs intended spedifically for mobile opera-

tion.

The drcuit of the 140-watt linear amplifier is shown in Fig.
8-12. Circuit boards and parts placement are shown in Figs. 8-13
and 8-14. The quiescent bias is set to approximately 500 milliam-
peres in order to prevent crossover distortion at the higher output
power that this amplifier can produce.
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Fig. 8-11. VHF power amplifier parts placement (courtesy of Motorola).
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Fig. 8-12, HF power amplifier (Courtesy of Motorola).

The bias is developed by diode D2. This diode must be
mounted to the heat sink and have its anode lead passed through the
printed circuit board to the circuit wiring.

The amplifier circuit is a push-pull design. The input transfor-
mers are designed with a 4:1 turns ratio (a 16: 1 impedance ratio) to
match the transistor impedances to the input and output impedance
levels. The transformers are made from ferrite (FairRite Products,
material mixture No. 77, 0.375-in. OD by 0.187/0.200-in. ID by
0.44-in. L, ferrite beads). Similar transformers are sold by:

Communications Power Inc.

2407 Charleston Road and M-RED - C&L
Mountain View Road 1475 Oakdale
Mountain View, CA 94043 Pasadena, CA 91106
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Theinput driving power can be anything in the 1-watt to 7-watt
range. The design is simple and straightforward. Antenna
changeover switching is provided by a carrier-operated exchange
(SOX) circuit consisting of transistors Q1 and Q2. A sample of the rf
input driver signal is taken through capacitor C1. This sample is
rectified and applied to the base of transistor Q1. This transistor is
normally unbiased, so when the input signal is present, it will
become forward biased. When Q1 is forward biased, its emitter
current will cause a voltage drop across resistor R3, and this turns
on relay driver transistor Q2. When Q2 is turned on, antenna
changeover relay K1 is energized, and the transfer is completed.

- NE

Fig. 8-13. HF power amplifier PC boards (courtesy of Motorola).
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Fig. 8-14. HF power amplifier showing parts placement (courtesy of Motorola).

A slight delay in the turn-on s created by the RC time constant
of R3/C3 (100 mS for AM operation, 1000 mS for SSB operation).
This allows the driver signal to be fully on before the amplifier
changes over, and keeps the amplifier on for a brief time after the
drive ceases to precent disconnecting the antenna from an ener-
gized power amplifier.

The diode across the K1 relay coil (D1)is used to suppress the
transient created when the relay is deenergized. All relays produce
this phenomenon, so using this diode is necessary. Almost any
rectifier-grade diode is sufficient, such as one of the 1IN4000 ser
ies). The source of the transient is the inductive “kick” normal to
any coil. When the inductance is high enough, as it often is in relay
coils, the transient is generated when the magnetic field around the
energized coil collapses.
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Chapter 9
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Neutralization

Rf power amplifiers are necessary to produce the amounts of radio
frequency energy needed for communications; however, a stability
problem accompanies the construction of rf power amplifiers. If
tuning the plate and grid circuits of a power amplifier stage causes
any feedback problems, the circuit becomes essentially a tuned-
grid—tuned-plate power oscillator at the resonant frequency of the
tank circuits. This is especially true of triode amplifiers in the
common cathode configuration, although tetrodes and pentodes
may possibly also oscillate.

Also, the amplifier might oscillate at some VHF frequency.
These oscillations are called paristic oscillations. All oscillations,
regardless of source will reduce the ability of the amplifier to doits
job and will probably cause interference with other established
services. Amateur high-frequency power amplifiers, for example,
frequently produce parasitics in the band occupied by the aviation
radio service. These oscillations must be suppressed; even though
amateur radio operators are licensed to produce a 1000 watts on the
amateur bands, they are not licensed to produce so much as a single
watt on any other band.

There are three principle sources of VHF oscillations: stray
capacitance and inductance in the circuit wiring, loss of effective-
ness of the screen grid at VHF frequencies, and ineffectiveness of
screen grid bypassing at VHF frequencies. The first of these, stray
LC, is a matter of layout. We must use short lead lengths. These
reduce the stray inductance and keep the input and output circuits
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isolated from each other. This means shielding, such as placing the
output circuit on the top of the chassis and the input circuitry on the
bottom side. It also means that we should keep the mechanical and
electrical design of the power amplifier within the KISS principle
(Keep It Simple, Stupid).

The second of these is a fact of power tube construction. In
many tubes, the structure of the screen gridis such that it becomes
ineffective—usually too inductive—at VHF frequencies. Even
though the screen grid might present alow impedance to ground for
HF frequendies, its effectiveness is limited for VHF frequencies.

The last of these principal causes is the loss of effectiveness of
the screen grid bypassing at VHF frequencies. Part of the problem
is that the bypass capacitor may well be a relatively simple circust at
HF (alow capacitive reactance to ground), but it becomes a complex
impedance at VHF (including RLC elements). This will place the
screen grid at a higher VHF impedance from ground than the HF
signal. There are several ways to reduce the effect of this problem.
Oneistoinsure that you use only disc ceramic capacitors with short
leads. It is also necessary to know what ground points are used.
Ground s groundis ground—at DC only. As the AC frequency gets
into the rf range, however, various hot and cold spots exist on the
chassis. Some points selected as ground might well be at a high
impedance to true ground, even though on a low-resistance (DC)
chassis. Itis generally best to select a single-point ground, where all
of the bypass capacitors connect to the same ground point. If one of
the Eimac power tubes are used, it might be wise to spend the
money for one of Eimac’s air-system sockets thatinclude the screen
bypassing capacitors built into the socket.

The instabilities of the amplifier are caused by feedback be-
tween the output and input circuits. We can limit the external
feedback by isolation of the output and input circuits. We can limit
the external feedback by isolation of the output and input stages, per
the discussion above. But there is still the matter of the interelec-
trode capacitances of the tube! These capacitances Cgp and Cqc form
an AC voltage divider that will induce a small feedback voltage
across the grid-cathode. This signal is then amplified by the tube to
reinforce the feedback signal. The oscillation then builds and be-
comes sustained.

METHODS

There are several ways to eliminate this problem, and all of
them involve creating a counterfeedback voltage that cancels the
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feedback voltage from the interelectrode capacitances. The major
methods for neutralization of the feedback are:

O Losser resistor

(O Plate neutralization

O Grid neturalization

O Direct neutralization

O Inductive neutralization.

A parasitic choke in the anode lead (see Chapter 7 on vacuum
tube rf power amplifiers) can be used, too. These chokes are placed
in series with the anode of each tube in the final, regardless of
whether parallel or push-pull is used. The parasitic suppressor
consists of a 50-ohm to 100-ohm carbon resistor, shunted with 3 to
6 turns of wire. The coil is wound directly over the resistor body in
most cases. As the power level increases, it may be necessary to
use several 2-watt resistors in parallel in order to achieve the
50-ohm to 100-ohm values. In low-power applications a 1-watt
resistor is used, and in medium-power a 2-watt resistor is used. In
no circumstances should a wirewound or other noninductive resis-
tor be used.

The losser resistor is a small-value resistor connectedin series
with the grid of the power amplifier tube. The resistor reduces the
gain slightly, but not sufficiently to make much difference. The
losser resistor has a value between 100 and 1000 ohms, and must be
noninductive (carbon). When a signal is applied to the losser resis-
tor, an AC voltage is generated across the resistor in a polarity that
will tend to be degenerative. This is therefore negative feedback,
which will reduce the tendency of the amplifier to oscillate at its
operating frequency. Recall that the amplifier may tend to act as a
TPTG oscillator at its operating frequency. Although some stabiliza-
tion occurs for off-resonance osdillation, the primary use of the
losser resistor is to reduce the tendency to oscillate at the operating
frequency. Itis also helpful when the amplifier tries to oscillate while
being tuned and on modulation peaks.

Figure 9-1A shows the plate neutralization system, called the
Hazeltine circuit for its inventor. The interelectrode capacitances of
the vacuum tube are Cpg (plate-grid) and Cex (grid-cathode). These
capacitances form an rf voltage divider, producing signal voltage Vi
across the grid in the form of a feedback signal. Because this signal
is proportional to the anode current, it will be in phase with the plate
signal and will therefore be regenerative feedback.

To implement the Hazeltine system, a feedback capacitor Cn
and a center-tapped inductor are needed for the plate tank circuit.
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Fig. 9-1. Hazeltine neutralization at A. The bridge at B is needed to implement
the circuit.

These components form a bridge (Fig. 9-1B) with the interelec-
trode capacitances. The center tap on the inductor is bypassed to
ground via capaditor C1, soisatazero volts rf potential. This means
that the rf voltages at either end of the inductor will have equal
magnitude but opposite phase—they are 180 degrees out of phase.
The signal at the “B” end of L1 creates Vi across the grid through
capacitance Cps. The signal passing through Cn from the “A” end of
the inductor forms an equal, but opposite polarity, signal at the grid
—V:i. When these two are added, they null or cancel to zero,
stabilizing the amplifier. The value of C, therefore, must be equal to
the interelectrode capacitance of the tube Cps.

A variation on the Hazeltine circuit is shown in Fig. 9-2. This
circuitis essentially the same as the previous circuit, except that the
plate tank drcuit is tapped via a capacitor (C1) instead of the
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inductor. Balance is preserved by also tapping the inductor for the
DC power, but this point is kept at a high rf impedance by rf choke
RFC1. The zero reference point is created by grounding the junc-
tion of C1A and C1B. This capacitor is a dual-section split-stator
type in which the rotor is normally grounded when the capacitor is
mounted. Other than this modification, the circuit works the same
as the inductive version shown in Fig. 9-1A.

The grid neturalization system, shownin Fig. 9-3, is also called
the Rice neutralization system, again for the inventor. This circuit,
perhaps, is the most common one used in amateur power
amplifiers. Actually, two versions of the Rice system exist. One,
not shown here, uses a tapped grid circuitinductor and operatesina
manner not unlike the Hazeltine system of Fig. 9-1A.

The feedback capacitor Cn can be a vacuum variable or a pair of
1.5t0 3.0 pF ceramic discs counted parallel to each other. Neutrali-
zation capaditors use the former method of construction. In small
amplifiers, such as those that use the 6146, the neutralization
capacitance may be a small length of hook-up wire, 3 cm to 10 cmin
length, connected at one end ot the grid circuit. It is then dressed so
that it is parallel to the tube, forming a capacitance with the anode
assembly inside the envelope. The “capacitor” is adjusted by vary-
ing the position of the length of wire (cheap, but effective).

f
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Fig. 9-2. Hazeltine neutralization.
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Fig. 9-3. Rice neutralization.

The circuit of Fig. 9-3 uses a capacitive voltage divider consist-
ing of feedback capacitor C3. This circuit is used primarily in the
neutralization of power tetrodes at the frequency of operation.

A dircuit for inductive neutralizationis shownin Fig. 9-4. Inthis
circuit, the output rf signal is sampled by a link coupled to the plate
circuit tank circuit. The current induced into L3 from L4 sets up a
magnetic field in L2, which in turninduces 2 signal into grid coil L1.
Note the crossover of the L2/L3 connections. This is done to
emphasize that a 180-degree phase reversal is needed to provide
the required neutralization signal. In actual practice, the coupling
between one of the links and its associated coil is made variable so
that the neutralization can be adjusted.

An example of direct neutralization is shown in Fig. 9-5. In this
circuit, we obtain the needed phase shift in an inductor. Note that
the capacitor in this circuit is used to block the high-voltage plate
potential from getting onto the low-voltage (negative, at that) grid.
It must therefore have a value that is high enough to not resonate
the coil at the operating frequency.

HOW TO NEUTRALIZE AN AMPLIFIER

The neutralization circuit must be correctly adjusted before it
will provide the degree of protection sought. Two basic methods
prevail: one uses some form of rf output indicator, and the other
uses the grid current of the final amplifier stage.
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In both methods, it is necessary to turn off the high-voltage
supply to the final amplifier anode. The job of adjusting the neutrali-
zation cannot be accomplished if the high voltage is turned on.
There would be too much interference from the signal that is
supposed to be present—the desired signal.

The rf output indicator method requires us to couple some sort
of rf output indicator to the plate circuit. Some have been successful
using one of the small VSWR/rf power meters now sold to radio
amateurs at a cost low enough to make one wonder about the
advisability of homebrewing one. In still other cases, use a loop of
wire connected to a passive wavemeter or simply connected to an
small flashlight bulb. Orif an oscilloscope is available, the loop canbe
connected to the vertical inputs of the oscilloscope (assuming that
the vertical amplifier has sufficient bandwidth).

The grid circuit must be energized. This can be detected by the
presence of grid current, or by assumption that turning on the
transmitter will, in fact, excite the grid circuit (simple, huh?). Next,
set the neutralization capacitor to one end of its range (either
maximum or minimum capacitance). The rf output indicator should
show some rf output, part of which is due to the neutralization
capacitor, part due to the interelectrode capacitances of the tube.
Next adjust the neutralization capacitance until the rf output drops
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Fig. 9-4. Inductive neutralization.
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Fig. 9-5. Direct neutralization.

to zero. It may be found that two different rf detectors result in the
best job. Use one of the less sensitive detectors, such as the lamp,
to rough in the adjustment. Finish with one of the more sensitive
types (VSWR/rf power meter) to fine tune the adjustment. Of
course, an oscilloscope will probably work for all ranges.

The oscilloscope is recommended mostly because it lets you
see the output waveform, and this will help detect problem situa-
tions, such as parasitic osdillation only on the rf peaks under modula-
tion (AM). Also, make sure that the neutralization holds at all
settings of the plate-tuning and grid-tuning capacitors. These ad-
justments should not be interactive when the neutralization is cor-
rect, butin recircuits there is frequently some probleminteraction.

The grid current meter can also be used as anindicator for the
rf neutralization condition. In an unneutralized amplifier, adjusting
the plate tank-tuning capacitor (with the high voltage DC turned off-
will cause a brief deflection of the grid current meter as the capacitor
is tuned through a critical value. The procedure is then to turn off
the plate voltage. Next simultaneously and vigorously vary the
tuning capacitor in the plate tank through its range while slowly
adjusting the neutralization capacitor. The correct adjustment is
reached when the grid current meter deflections cease. Both of
these methods require slow adjustment of the neutralization
capacitor, as the correct point is critically placed and valid over only
a short rotation of the neutralization capacitor.
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Chapter 10
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Power Supplies

At one time, several decades ago, radio transmitters operated
directly from alternating current (AC). In the earliest days of radio,
transmitters were nothing more than high voltage AC spark gaps
with a tuned resonant tank circuit to cause oscillation at one fre-
quency. In somewhat later designs, when vacuum tubes came into
more general use, some people still operated transmitters withraw
(unrectified) AC on the anodes of the tubes. Regardless of which
system was used, however, the raw AC produced a raspy, wide-
band signal that was difficult to copy and took up much spectrum
space. But in those less crowded bands, using only radiotelegraph,
it was not an unworkable situation.

As time passed, however, things hadto change. More andmore
users came on the air, and wideband signals were no longer tolera-
ble. For many years, the FCC regulations required DC operation of
all transmitters in the VLF through HF bands. Only VHF and UHF
transmitters were permitted to use raw AC on the anodes. But
today, pure DC is used throughout the spectrum. Those old jokes
by VHFers about the “DC bands” (below 30 MHz) no longer have
meaning; all of the bands are DC bands. The FCC doesn't appear to
have a specific requirement as to the ripple component allowed, but
they do examine certain other parameters of the transmitter (dis-
tortion, carrier-shift, etc.) that are affected by the amount of AC
component on the power supply.
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In this chapter we are going to consider the types of circuits
usedin transmitter power supplies, and their basic operating princi-
ples. Some of the material will be a review of basic electrical
fundamentals, but it is highly recommended for all but the most
seasoned professionals. A little review of basics never hurt anyone,
especially since all higher technology is derived from basics.

BUT FIRST— SAFETY!

In this era of low-voltage, solid-state devices, we are apt to
sometimes overlook the fact that electricity can be lethal! It can and
will kill you under the correct circumstances. Those circumstances
are very often too easy to unwittingly create.

Also, do not be too quick to believe two insidious rumors often
passed on by both professionals and amateurs alike: voltage doesn’t
kill, it’s the current; and 110 volts AC from the residential power
mains is not terribly dangerous—after all, they use over a kilovolt in
the electric chairs, don't they? Neither of these rumors are true!
Both arelies from the pits of hell.  have even heard a medical doctor
pass along the first rumor, and he really believed it! He had learned
(quite correctly) that it is the current density in the heart that kills,
but they apparently do not teach Ohm’s law in medical schools.
Remember that current applied to the heart is a function of the
resistance of your body (as little as 50 ohms through a wound, or as
much as 100K ohms through intact, dry skin) and the applied
voltage. Consider the arithmetic for a minute. Currents of less than
100 mA have been known to cause death. Assume that the resis-
tance of your body is 1000 ohms which is a realistic value when you
are sweaty or wet. Then the current will be 110V/1000 ohms, or
0.110 amperes. That 100 mA is greater than the current known to
be fatal.

Consider also the retrospective evidence. Most of the fatal
accidents with electricity involve 110 volts AC residential power.
This potential can cause as much as 300 mA of current flow through
intact skin.

TODAY'S POWER SUPPLIES

At one time, a chapter on radio transmitter power supplies
might well have included only high-voltage circuits. The only use for
low-voltage supplies was in the grid bias section, if used. Today,
things are quite different. Radio transmitter might operate at vol-
tages as low as 6 volts DC up to potentials more conveniently
measuredin kilovolts. The range of operating voltages is now quite
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wide. The subject has expanded considerably, to say the least. We
might have DC-only drcuits, as in mobile and portable operation,
where the power source is a battery. In those cases, the transmit-
ter circuits operate directly from the battery voltage. Still others
are AC-operated power supplies intended to derive DC either high
or low voltage) from the AC power mains. In still other cases,
DC-to-DC power supplies convert low-voltage DC from batteries
to high-voltage DC for use in tube-operated transmitters. This
latter circuit was commonly employed in mobile transmitters of any
power level over a couple of watts. In fact, until the late '60s, even
5-watt CB mobile rigs had to have a DC-to-DC converter drcuit on
board.

DC-ONLY POWER SUPPLIES

Most modern mobile rigs use all solid-state circuitry; only a
few models still use vacuum tube final amplifiers—a pair of 6146s or
a pair of sweep-tubes from TV service. All-solid-state transmitters
usually have drcuits that will operate directly from the vehicle
battery system. In most US-made cars, this will be 13.5 to 14.4
volts DC, with the negative terminal of the battery grounded. Note
that most so-called “12-volt” electrical systems are actually 13.5 to
14.4 volt systems when the engine is running. Figure 10-1A shows
a typical DC-only power for a solid-state mobile rig of moderate
power output level.

Itis not necessarily a direct shot from the vehicle battery to the
transmitter circuits. This situation arises from the fact that vehicde
power systems are very noisy. The pure DC from the battery may
have riding on it a 2000+ Hz signal from the AC alternator used in
the charging system, high-amplitude spikes from the ignition sys-
tem, and miscellaneous high-frequency trash from assorted small
motors (the heater blower), voltage regulator, and even the
gasoline gauge sending unit in the fuel tank. Most of the components
shown in Fig. 10-1A are for the suppression of this noise.

The primary section of the power supply consists of the com-
ponents commonin the high current side of the drcuit; i.¢., the line
feeding the power amplifier. The components of the primary section
are fuse F1; capacitors C1, C2, and C3; diode D1; andinductor L1.

Fuse F1 will usually be external to the rig, exceptinlow-power
models. In higher power transmitters, the fuse is likely to have a
value in the 25-ampere to 30-ampere range, while for low-powerCB
and 2-meter FM rigs, it might be just a few amperes. Inany event, it
isusually considered good practice to use an external fuse to protect
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the vehicle wiring in case of a transmitter power line short that is
connected to the internal fuse. Sometimes, when the power is high
enough to warrant, a direct connection to the battery, a fuse blockis
mounted under the hood for the transmitter. In other cases, fuses
up to 20 to 30 amperes can be mounted in the normal fuse block of
the automobile. Most such fuse blocks will have at least one extra
space for fuses to accessories not actually present on that specific
vehicle. It is also possible to install fuses to 30 amperes in some
in-line fuse holders.

The main DC power lead into the transmitter or receiver is
usually called anA-lead. Thisis a throwback to early radiosin which
the low-voltage A battery was used to power the filaments. The
terminology persists today, however, and is common in mobile
applications.

Three different types of noise bypass capacitors are usedin the
primary section of the power supply. Capacitor Cl is a “spark
plate;” C2is a disc ceramic; and C3is an electrolytic capacitor. The
spark plate is not so common anymore, except in auto broadcast
receivers, but it is seen occasionally. It consists of two pieces of
copper foil glued, one to each side, to a paperinsulator. This formsa
crude capacitor that has an area of a few square inches. Most spark
plate capacitors have a capacitance of 50 pF to 300 pF. The purpose
is to attenuate high-amplitude noise pulses originating in the car
ignition system spark coil (hence, the name spark plate). The
effectiveness of C1 depends strongly upon its placement. It should
be placed immediately inside the chassis at the point where the
A-lead enters the rig. Otherwise, radiation from the A-lead to the
other circuits can cause severe problems. In receivers, the low-
amplitude volume control signals often pick up spark and alternator
noise because the A-lead is connected to the potentiometer power
switch. Many service bulletins from equipment manufacturers over
the years have called for redressing either the A-lead, the volume
control leads, or both.

The combination C2/C3 may look a little strange on first
glance. Why put 0.1 uF in parallel with 1000 uF, especially since the
tolerance normal to high value electrolytics is — 20 percent to +100
percent? The goal is not the total capacitance obtained, however.
The problem is that the electrolytic is ineffective at high frequen-
cies. So C2, the 0.1 uF unit, takes out the high-frequency compo-
nents, while C3 takes out the low-frequency components.

Diode D1 has two main functions: It protects the transmitter
from reverse polarity connection to the power source, and it pro-
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Fig. 10-1. Low-current DC mobile supply input at A wtih construction techniques
atB and C.

tects the circuit from excessive input voltages. Both of these faults
are common in mobile installations. Reverse polarity results from
reverse installation of a new battery. Mistakes occur, despite the
clear marking and different terminal sizes. The mechanic may not
notice the problem because the car still runs. Even some solid-state
ignition systems actually float the circuit and then use internal
steering diodes to allow bipolar operation. But your radio equipment
is terribly polarity sensitive. Audio output stages from receivers,
and the final power amplifiers in transmitters, may easily burn out if
the DC polarity is backward. The overvoltage problem occurs when
the regulator in the battery charging system is defective or misad-
justed. At high engine RPM, the alternator output voltage can
exceed 18 volts. If the regulator is defective, then this voltage is
applied to the electrical system of the car. Most of the devices ona
car can tolerate overvoltage, even though their operating life is
shortened. It may not be noticed in any form other than a slightly
higher lamp replacement rate. Apply that 18 volts to a power stage
using solid-state devices, however, and it will cause burnout.

Diode D1 will protect against reverse polarity because it will
become forward biased when the positive terminal of the battery is
grounded. This diode is usually a 50-watt zener. Overvoltage pro-
tection occurs because the zener potential selectedis 16 to 18 volts
(18V being most common).

145



(IF RELAY NOT USED)

T Ll

136 o C!

TO /777777

144 VDC ce 37\ /;I'\C3
/7; Di

i8v

>

E__.__

- 81

i

Fig. 10-2. High-current DC mobile supply input.

Inductor L1 serves two functions: It reduces the high fre-
quency noise from outside of the rig, and it attenuates the rf on the
power circuit wiring before it leaves the rig. Some of the electronics
used in automobiles are not happy with high-power radio interfer-
ence. We used to be amused at the stories circulating about a
certain high-dollar European sports car that used a computerized
fuel injection system. Everytime the ham owner would key his
20-meter transceiver, the car would cut off or otherwise mis-
behave. This is now a severe problem, though, due to the larger
amount of auto electronics present in cars.

One principal requirement placed upon L1is a low DC resis-
tance. If a transmitter draws 18 amperes on transmit, and L1 has a
DC resistance of, say, 0.2 ohms, then the DC voltage drop across
the coil is 18A x 0.2 ohms, or 3.6 volts. If the circuits are designed
to operate at 13.6 volts, then there will only be 10 voltsleft after the
drop across the power supply choke. A substantial loss in output
could be expected, andis the least of the possible problems. The rig
might not even work at all. We meet the low-resistance require-
ments, while providing sufficient inductance by winding L1 on a
ferrite core using heavy guage wire—No. 14 through No. 10. In
general, it is wisest to use enamelled wire for L1.

Twomethods for constructing L1 are shownin Figs. 10-1B and
10-1C. The solencid-wound version in Fig. 10-1B uses a ferrite rod
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such as ordinarily is found as a loopstick antenna in portable AM
broadcast radios. This type of core is also available from ferrite
manufacturers in the form of rods. Amidon Associates of California,
for example, sells such a core in the form of a kit to make the input
choke for the filament circuit of grounded-grid power amplifiers.
The toroidal version of Fig. 9-1C offers the advantage of a geometry
that tends to concentrate its own magnetic field, which is an impor-
tant consideration given the need for noise radiation suppression in
amobile rig. Itis also easier to mount such a choke, as we can pass
aninsulated bolt through the center hole of the toroid for fastening
to the chassis.

The circuit of Fig. 10-1A is really useful in low to intermediate
power level rigs. Atlevels greater than 50 to 100 watts, however,
the voltage drop across L1is too great. In higher power rigs, one of
the circuits in Figs. 10-2 and 10-3 will be used instead. In Fig. 10-2,
an electromechanical relay is used instead of a simple switch. The
high-current section of the power supply is fed from the battery
through the high-current relay contacts. In some cases, the de-
signers of mobile rigs connect the high current A-lead directly to the
collectors of the final amplifier transistors, but this is possible only
on those types of transmitters in which the current drain in the final
amplifier is near zero under no-signal conditions. Many of the linear
amplifiers used in SSB transmitters will not meet this requirement,
so for them, the relay is required. Relay K1is activated on transmit
via the VOX (voice-operated exchange) circuit or the push-to-talk

Q.

S |—s1
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Fig. 10-3. Solid-state switch.
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switch. When the relay is energized, contacts A and B close, and
this applies V+ to the final amplifier stage.

A solid-state switch in Fig. 10-3. The PNP transistor, Q1, is
normally turned off; no current will flow. But when the push-to-talk
or transmit switch is closed the transistor is forward biased to the
point of saturation. There are several requirements placed upon
Q1: I rating greater than the current demand of the transmitter,
adequate Parating, and alow Veeean. The last requirement is usually
interpreted to mean less than 0.9 volts.

The power supply circuits discussed thus far cover only the
simplest case: a transmitter in which all circuits operate from the
battery voltage. Most rigs, however, can operate from the AC
power mains, even if an external AC-to-DC power pack must be
used. Two types of AC supplies are used: low voltage/high current
and high voltage/low current. In the next section, we will consider
AC power supplies of both types.

AC POWER SUPPLY FUNDAMENTALS

A DC power supply that operates from the AC power mains
must scale the 110 volts AC up or down to the proper level, rectify it
to produce pulsating DC, and thenfilter it to produce nearly smooth
DC output for the transmitter. Additionally, in some cases, it will
also be necessary to regulate the DC output voltage. The major
components of a DC supply, then, are: transformer, rectifier, filter
circutt, and sometimes a regulator. Let us discuss each of these
sections separately, in their turn.

An example of the AC sine wave is shown in Fig. 10-4. Before
we can make reasonable comments about the voltagesin the circuit,
we must first denote precisely which voltages we mean. The pure
sinusoid will begin at zero, rise to a maximum with current flowin on
direction, and then fall back to zero. The direction of the current
flow then reverses, and the action is repeated; i.e., it rises to a
maximum in the opposite direction and then falls back to zero. The
waveform of both the voltage and the current is sinusoidal, so we
can find instantaneous voltage (the potential at any given instant of
time) from e = E; Sin 6, where E; is the peak voltage and 0 is the
phase angle. There are three points of principal interest to usin this
waveform are the two peaks and the roof mean square (rms) values.
We specify the peak voltage, E;, and the rms voltage, Ems. In a
pure, undistorted sine wave, there are certain simple relationships
between these values:

Erms = 0. 707Ep
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Ep
EP‘P

1.414Ems
2E, = 2.82Ems

These values are practical simplifications based on more basic
principles that apply to all periodic waveforms. As such, they are
valid only to sine waves.

Definitions of the various waveform points (Ep, Epp and Ecms)
are necessary before one can apply them to fully understanding the
operation of the various circuits. The definition of peak voltage is
almost obvious when Fig. 10-4 is examined. It is the potential
difference between zero and the maximum voltage in one direction.
Putting number on the definition shows that E; is the difference in
potential between 0 degrees and 90 degrees on the sinusiodal
waveform. The peak-to-peak voltage (Epp) is the potential differ-
ence between the maximum positive (90-degree point) and
maximum negative (270-degree point). In a perfect sine wave, the
positive and negative excursions are identical, so the peak-to-peak
voltage is twice the peak voltage.

+Ep F———=

+Ems F—4—— ——

-Erms

- Ep

Fig. 10-4. Points of interest on a sine wave.
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Fig. 10-5. Transformer action.

The rms voltage is a little more difficult to define. It is the
so-called effective voltage and is numerically the same as a DC
potential that causes the same amount of heatingin a resistive load,
or the work that is performed by the AC waveform. In fact, one
method for measuring rms is to compare the unknown AC with a
known DC in heating identical resistive loads. Mathemetically, Ems
and s are expressed by an equation using integral calculus. That
equation, which is always found in basic electrical engineering
textbooks, will yield the correct rms value for either current or
voltage waveforms of any shape. But when evaluated for a sine
wave or cosine wave, we find that:

Ems = Ep/(2)* = Ep/1.414 = 0.707E,

Substitute I for E when dealing with sinusiodal currents.

These relationships hold true only for resistive loads to whicha
sine wave is applied. If the load is reactive or the applied waveform
is not a sine wave, then some other relationship will be obtained
from the fundamental calculus expression. From the last equation,
we can find E; when Emms is known:

Ep = 1.414Enns

Transformers

A magnetic field is created when electrical current flows
through a conductor. This field generates lines of force at a distance
away from the conductor. If the magnetic field cuts across some
other conductor, then a secondary current flows in that second
conductor. Only one of two conditions need be satisfied; The con-
ductors must be in motion with respect to each other or the
current—hence, the magnetic field—must be varying. In AC, the
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current is constantly varyingin a sinusoidal manner, so the magnetic
field also varies. A transformer is a device in which two conductors
(Fig. 10-5) are placed in close proximity to each other. One, called
the primary, is energized from the AC source, so a current [, is
caused to flow in it. The magnetic field from the primary conductor
cuts across the secondary conductor, causing secondary current Is
to flow.

Real transformers use many turns of wire, as in Fig. 10-6, not
just one turn. In addition, most transformers and all that operate at
low frequencies have their windings wound over a core material that
makes the coupling between primary and secondary more efficient.
At AC power line frequencies (60 Hz in the US), the core will be
made of soft iron. But at radio frequencies, the core will be ferrite;
i.e., a powdered iron material in an adhesion matrix. At VHF (over
30 MHz), the core may well be air or some nonferrous powdered
metallic matrix.

Transformers are from 95 to 99+ percent efficient. Because of
this pleasant fact, we may use simple expressions for the relation-
ship between E;, Es, I, and Is that contain no loss terms:

E, L
E I
or alternatively:
EsIs = EpIp

OExample: \

A transformer with its'\primary connected to 110 volts AC
produces a secondary potential of 6.3 VAC. Find the primary
current, I, and the secondary current, Is, when a 10-ohm resistive
load is conrected to the secondary.

Secondary current—

Is Es/R
(6.3)/(10)
0.63 amperes

N,

Fig. 10-6. Transfer action.
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Primary current—
Ep/Es = Is/Ip
(110)/(6.3) = (0.63)/T
I, = (0.63)(6.3)/(110)
I, = 0.036 amperes

From these two equations we see a relationship that is very
important. It is especially clear in the last equation: The product of
the primary voltage and current is equal to the product of the
secondary voltage and current. This assumes, of course, lossless
transfer between windings, which is almost true.

One rating of transformers is the VA rating, sometimes called
the primary VA ranging. This is used because the primary is usually
the innermost winding and cannot dissipate heat as rapidly as the
secondary winding. The VA rating is not necessarily watts even
though the product V x Ais watts. Inreactive circuits, apower factor
equal to the cosine of the phase angle between voltage and current
occurs. Itis imperative that the VA rating be heeded; it must not be
exceeded. If the VA rating is exceeded, the transformer may
possibly be damaged. In any event, the manufacturer’s guarantees
are void if the transformer is placed in a circuit that causes the VA
rating to be exceeded.

Transformers can be dassified according to the ratio of the
primary and secondary voltages. If E, = Es, then the turns ratio is
1:1. This means that the number of turns in the primary is the same
as the number of turns in the secondary. Most 1:1 transformers are
called isolation transformers. They are used to make ground-
referenced AC power mains to floating, nongrounded AC power.
Such is often necessary to insure safety in workbench situations.

A transformer in which E; is less than Es is a step-up trans-
former. Such transformers are used in radio transmitters to supply
the high voltage for vacuum tube anodes. They might be billed
under the terms plate transformers or power transformers.

The opposite type of transformer is the step-down transformer.
A step-down transformer is onein which E; is greater than Es. They
might be billed as filament transformers, control transformers,
rectifier transformers, or signal transformers. The latter is not to be
confused with electronic signals—audio voltages—but refers to
alarm and annunciator panel signals used in large office and apart-
ment buildings. We will return to the subject of transformers in due
course in the section on transmitter power control wiring.
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Rectifiers

Alternating current flows first in one direction, then reverses
direction to flow in the other direction for one half of a cycle. AC,
then, is bidirectional. Electronic circuits, especially radio transmit-
ters because of FCC mandate to good engineering practices, re-
quire DC—direct current. A rectifier is a device that converts
bidirectional AC to a unidirectional pulsating DC. It is not pure DC
but is pulsating DC. There are several different types of rectifying
devices, and not all of them are electronic. Examples of mechanical
rectifiers are the rotary rectifiers and synchronous vibrators.
Mechanical rectifiers are not used anymore, except in older equip-
ment that ought to be replaced.

Both semiconductor and vacuum tube rectifiers are used in
radio transmitters. We will briefly discuss vacuum tube types, but
the remainder of the chapter will use semiconductor examples. If
you want to plug these concepts into vacuum tube circuits, then
simply replace the solid-state device with a vacuum tube.

Figure 10-7 shows a half-wave vacuum tube rectifier; it is a
simple diode. The AC is applied to the anode. When the anode is
positive with respect to the cathode, current will flow from the
cathode to the anode. But on alternate half cycles, when the anode
is negative with respect to the cathode, the tube is cut off, and no
current can flow. The output waveform is as shown.

There are two basic types of tube rectifier commonly used in
transmitter power supplies. For low-power and medium-power
levels, high-vacuum rectifier tubes are used. Examples of these are
the 5U4GB, 5R4GTB, and so forth. A higher power version is the

Fig. 10-7. Rectification in a vacuum tube diode.
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Fig. 10-8. Full-wave tube rectifier.

3B28. All of these are vacuum tube diodes. The 5U4 and 5R4 are
full-wave devices, so they will have two independent anodes served
by a common cathode (Fig. 10-8).

High power levels are usually handled by mercury vapor re-
ctifiers. These are called “vacuum tubes,” even though there is not
a true vacuum inside of the glass envelope. The inside of the tube is
evacuated of air, but contains a mercury vapor shortly after the
filaments heat up. When the plate is made positive with respect to
the cathode, that vapor will inoize, giving off a soft blue glow.
Examples of mercury vapor tubes include the 866A, 966, and 872
devices. These tubes are considered obsolete, and even many
applications formerly given the 866/966 devices are now solid state.
In some cases, amateurs have replaced the 866 tubes in existing
transmitters with 3B28 high-vacuum rectifiers.

The impedance of mercury vapor tubes is lower than that of
high-vacuum types. This means that the voltage drop across the
MV will be less than across HV types, but this is at a cost. Mercury
vapor tubes also generate rather substantial amounts of hash-like
noise. Some high-voltage power supplies use has filters (Fig. 10-9)
to suppress that noise. Note in Fig. 10-9 that the symbol for a’
mercury vapor tube contains a dot. This dot is used for gas-filled
tubes.

Semiconductor rectifiers have all but eclipsed tube types.
Even many existing broadcast transmitters, long in daily service,
have been converted to solid-state rectifier circuits. Such diodes
are PN junctions. Figure 10-10A shows the circuit symbol for a
solid-state rectifier. This symbol will be used for the rest of this
chapter, even though vacuum tubes could easily be usedin the same
circuits.

You will sometimes see solid-state diodes connected with a
small series resistor (Fig. 10-10B). This is especially common in
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Fig. 10-9. Mercury vapor tube power supply.

older circuits. The purpose of this resistor is to limit the current
surge and prevent it from damaging the diode. A large surge exists
when some power supplies are first turned on. Most such resistors
have a value between 1 ohm and 20 ohms.

Most high-voltage power supplies use several diodes in series
in order to obtain the reeded voltage rating (Fig. 10-10C). Each
diode in the stack should be identical to the others. The voltage
rating of the stack is the sum of the individual ratings. The current
rating however, is not changed. But itis not good practice to simply
connect the diodes in series. We must equalize the voltage drop

R R R
-—’VW—"—JW\I—W
ANODE DI D2 D3

o ——>+——>—9 >

o T e
o cl c3

C/

Fig. 10-10. Solid-state diode rectifiers with a simple circuit at A, a more complex
one at B, and an even more complex one at C.
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across the diodes. That is the purpose of the resistors across each
diode. The value of the resistor is roughly 1000 chms/volt as a rule
of thumb. At any high voltage, the resistor value is so high com-
pared with the diode forward resistance that rectifier action is not
impaired. A 500-volt power supply, for example, requires:

1000 ohms

500 volts x VoIt

500,000 ohms

If we want to be more rigorous, however, and wish to balance the
potential drop across the diodes to within 10 percent, we must
use this expression:

Epiv
2l

Ra =

where Rsn is the shunt resistance in ohms, Egv is the peak inverse
voltage rating of the diode in volts, and Ir is the reverse leakage
current in amperes.

OExample:

Find the resistance required shunted across each diode in an
800-volt power supply. Assume that three diodes are used to obtain
aPIV rating of 2400 volts. Each diode, then, has a PIV of 800 volts.
The reverse current of typical silicone diodes is 0.35 mA.

Rsn Epiv/ 2 xI)
(800)/((2)(0.00035)
1.15 megohms

Ra is a maximum value, so our rule of thumb would satisfy the
requirement.

The capacitors in Fig. 10-10C are used to bypass transients
that could damage the diodes. The values of the capacitors are
0.001 to 0.05 uF. There are other techniques that are used in
transient suppression, and these will be dealt with in another sec-
tion nearer the end of the chapter.

Diodes are rated by the forward current and peak reverse
voltage (PRV), also called the peak inverse voltage (PIV). The for-
ward current is the maximum current that the diode will sustain
without damage. There is also an instantaneous, or surge, current
rating for most diodes. This rating refers to the peak transient
current that can be handled without damage. A transient, for the
purposes of the surge current rating, is an event that lasts not
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longer than one complete cycle of the applied sine wave, or 1/60 ofa
second in US power systems.

The peakinverse voltage is the maximum reverse bias voltage
that will not cause breakdown of the diode junction. The PIV rating
is critical and must not be exceeded. The forward voltage rating is
not nearly as important.

Rectifier Circuits

We have established that rectifiers convert bidirectional cur-
rent such as AC into a unidirectional current such as pulsating DC.
The raw output of a rectifier is not suitable for direct use in most
types of electronic circuits, butis considered a step along the way to
creating nearly pure DC.

Figure 10-11A shows a simple half-wave rectifier circuit. On
the positive alternation of the AC cycle, the diode rectifier anode is
positive with respect to the cathode, so current flows. On negative
alternations, the diode is reverse biased, so current cannot flow
(Fig. 10-11B). The output waveform (Fig. 10-12) is unidirectional,
but it is not pure DC. Itis pulsating DC. Because of the missing half
cycles, the average voltage at the output of a half-wave rectifier is
only 0.45 times the applied rms voltage. To deliver any given level
of voltage and current with this circuit requires a transformer that
has a primary VA rating at least 40 percent higher than would be
required for full-wave circuits. The half-wave rectifier is not too
efficient, and as such, is less popular in all but the lowest power
applications. Rectifiers that use the full AC cycle are a lot more
efficient. Examples of these full-wave rectifiers are shown in Figs.
10-13 and 10-14.

ANODE NCATHODE ANODE# CATHODE
+6 CURRENT | iy NO CURRENT |
SR
o < R <
- L +0Q

o o

Fig. 10-11. Rectification in solid-state power supplies. Current is passing at A,
and no current is passing at B.
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HALF -CYCLES

Fig. 10-12. Half-wave rectification.

Figure 10-13A shows a simple full-wave circuit using two
rectifier diodes and a special transformer that has a center-tapped
secondary winding. The center tap is used as the zero potential
reference point from which all of the circuit voltages are measured.
One end of the secondary will be positive with respect to the center
tap, while the other endis negative with respect to the center tap.
On one-half of the AC cycle, point A will be positive with respect to
the center tap, and point B will be negative. In this case, diode D1
will be forward biased and diode D2 will be reverse biased. Current
flows from the center tap through load resistor Ri, and diode D2
back to the transformer at point A.

On the second half cycle, the polarity across the secondary of
the transformer is reversed. Point A becomes negative with re-
spect to the center tap, and point B becomes positive with respect
to the center tap. Inthis case, diode D1is reversed biased and D2is
forward biased. Current flows from the center tap through load
resistor Ru and diode D2 back to the transformer at point B.

It is important to note that the current flow through the load is
in the same direction on both halves of the AC cycle. This will
produce a double-humped waveform, shown in Fig. 10-13B, that is
characteristic of full-wave rectification.

This circuit is more efficient than the half-wave circuit. The
average from the full-wave voltage is exactly twice that of the
half-wave. The average output potential in this case is 0.9 times the
applied rms voltage.

A full-wave bridge rectifier is shownin Fig. 10-14A. This circuit
uses two additional diodes but does not require a center-tapped
transformer secondary winding. On one-half of the applied AC
waveform, point A will be positive with respect to point B. In this
case, diodes D1 and D2 are forward biased, and diodes D3 and D4
are reverse biased. Current flows from point B through diode D2,
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Fig. 10-13. Full-wave rectifier with center-tapped transformer at A and
waveform at B.

resistor Re, and diode D1 to point A. One the second half of the AC
cycle, the polarities of the transformer secondary reverse. Point A
will become negative with respect to point B. Diodes D3 and D4
are forward biased, and D1/D2 are reverse biased. Current will
flow from point A through D3 and Rt to D4 and then back to the
transformer at point B.

Fig. 10-14. Bridge rectification (full-wave) at A and waveform at B.
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il +r— Fig. 10-15. Bridge rectifier block symbol.

Again we see the current flowing through load resistor Rv in
the same direction on both halves of the AC cycle. The output
waveform (Fig. 10-14B) is that characteristic of full-wave rectifica-
tion. Once again the average output voltage is 0.9 times the applied
rms voltage.

The transformer used with bridge circuits need not be center-
tapped. The zero potential reference point is designated as the
junction of the anodes of diodes D2 and D3. This pointis labelled —,
while the junction of D1 and D4 is labelled +. Some prepackaged
bridge rectifiers have the DC terminals marked with the positive
and negative signs and the AC terminals either with the letters
“AC” or the sine wave symbol (Fig. 10-15).

The bridge rectifier will produce an output voltage twice that of
the full-wave circuit from the same transformer. This is because it
sees the entire secondary voltage on each half cycle instead of just
every other half cycle. But this does not allow us to draw twice the
power output. The primary VA rating of the transformer must not
be exceeded. The secondary current of most center-tapped trans-
formers is rated for the two-diode full-wave circuit. If a bridge
circuit is used for the rectification, only one-half of the current is
available. Otherwise, the primary-VA rating will be exceeded. The
full secondary rated current can be obtained only if the transformer
is specifically designed for bridge applications.

Voltage Multipliers

Transformers are expensive, compared with rectifiers, and
the cost increases more rapidly than the VA rating in the ranges
about 500 watts or so. To partially overcome this problem, some
manufacturers use voltage doublers, triplers, or even quadruplers.

An example of a half-wave voltage doubler is shown in Fig.
10-16A. This particular circuit, less the transformer, is used quite
commonly in transformerless television receiver power supplies.
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Fig. 10-16. Half-wave voltage doubler at A and simple action B.

One salient feature of this circuit is the half-wave bridge (D1/D2)
fed from the AC source through capacitor C1.

On one-half of the AC cycle, point A will be negative with
respect to point B (Fig. 10-16B). This condition will cause diode D1
to be forward biased and D2 to be reverse biased. Capacitor C1 will
charge to approximately E; (current flows through the transformer
secondary and D1).

On the second half of the AC cycle (Fig. 10-17), the trans-
former polarity reverses, and point Ais now positive with respect to

MA

Fig. 10-17. Full action of a half-wave voltage doubler.
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Fig. 10-18. Half-wave voltage doubler at A and waveform at B.

point B. This condition will reverse bias D1 and forward bias D2.
Capacitor C2 will now charge to a potential of approximately 2E,.
One-half of the potential is the transformer secondary voltage,
while the other half is the charge placed on C1 during the first half
cycle of operation.
Eu = EC] + Es
Eo = (Ep) + (Ep) =2 x Ep

Figure 10-18A is simplified somewhat in order to show these
two voltage sources in series-aiding connection. The circuit
waveforms are shown in Fig. 10-18B. Using these waveforms, the
events are:

OCapacitor C1 charges to E; on the first half cycle of the AC
waveform

OCapacitor C2 charges to (Es + Ec1), or approximately 2Es.

OOperation continues for the next cycle; i.e. C1 charges to Ep.

The half-wave voltage doubler is not quite as hard to filter as

the ordinary half-wave rectifier because there is some electrical

energy in the circuit during the first and third half cycles. But it still
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does not make full use of the AC cycle, soit is less efficient than a
full-wave circuit.

The full-wave voltage doubler of Fig. 10-19A, however, does
use the entire AC cycle. On one-half of the AC cycle, point A will be
positive with respect to point B (Fig. 10-19B). Diode D1is reverse
biased, and D1 is forward biased. Current will flow through D1 to
charge capacitor C1 to approximately E,.

On the second half of the AC cycle, the transformer polarity
reverse, so point A is now negative with respect to point B. Diode
D1 is now in the reverse bias state, and D2 is forward biased.
Current will now flow through D2 to charge capacitor C2 to approx-
imately E,.

The output voltage Eo will be the sum of the voltages across
capacitors C1 and C2 (Fig. 10-20).

Eo ECl + EC2
(Ep) + (E»)
2E,

DI
T
+
€ g~ E
e .

Fig. 10-19. Full-wave voltage doubler at A and its action at B.
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Fig. 10-20. The second half of the AC cycle at A and output voltage diagram at
B.

Examples of voltage triplers and quadruplers are shown in
Figs. 10-21 and 10-22, respectively. In both cases, the philosophy
of operation is similar to that of the doublers—only the specifics
differ. The voltage tripler version in both vacuum tube and solid-
state versions is seen often in color TV power-supply circuits.
Some of those devices, however, operate only a 15 kHz (the TV
horizontal frequency is 15,734 Hz). The capacitors in those crcuits
will have valuesless than 1 uF, where 60 Hz and higher power level
supplies require minimum values of 30 uF to 50 uF, and it is
standard practice to use 100 uF to 250 uF.

Filters

The output waveform from a rectifier circuit is not pure DC but
pulsating DC. True, it is unidirectional, but it has a half-sinusoidal
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Fig. 10-21. Tripler.

waveshape. Figure 10-23 shows the waveforms for a half-wave and
full-wave rectification, filtered pulsating DC, and nearly pure DC.
Electronic equipment is happiest with pure DC, but will usually
tolerate well-filtered pulsating DC.

The purpose of the filter circuit is to smooth the ripple output of
the rectifier circuit and make it approximate pure DC. Various types
of filter circuits exist, but they all involve capacitors and sometimes
inductors and resistors. Different types of filters have different
applications.

»BEr—
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Fig. 10-22. Quadrupler.
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Fig. 10-23. Power-supply voltage waveforms.
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Capacitor “Brute Force” Filters. The simplest form of
filter is the “brute force” filter of Fig. 10-24. The filter consists of a
capaditor in parallel with the load resistor (Fig. 10-25). When the
pulsating DC waveform is increasing, the rectifier output current
serves to charge capactor C and supply the load current. The
capaditor will charge to approximately E, during this period. After
the peak has passed, however, the capaditor voltage is greater than
the rectifier output voltage. This means that the current stored in
the capacitor will begin to flowin theload (Fig. 10-26). The total load
current will be partially due to the rectifier current and partially due
to the capacitor current. But the contribution of the rectifier current
to the totalload current becomes less and less, diminishing to zero
at the conclusion of the half cycle. The process repeats itself as the
next half cyce begins (Fig. 10-27).

The filter tends to smooth out the pulsations of the rectifier
output, butit does not reduce it to zero. There is still a certain ripple
factor (r) present. The ripple factor can be defined as the ratio of the
ripple component to the average DC voltage:

E:
E.

Fig. 10-24. Brute force filter circuit.

r =

Fig. 10-25. Brute force filter is a capacitor _I_ c R
and resistor in parallel. T ] L
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l Fig. 10-26. The current stored in the
T c R capacitor will begin to flow in the load.

where r is the ripple factor, Er is the rms value of the ripple
component, and E. is the average DC output voltage.
We can calculate the ripple factor at the output of capacitor
filters from the expression:
1
f = —mmm—
2V3fCR

where r is the ripple factor, f is the ripple frequency (60 Hz in
half-wave supplies and 120 Hz in full-wave supplies), C s the filter
capacitance in farads, and Ru is the load resistance in ohms (R =
EDC/Ioul).
COExample:

Calculate the ripple factor if a 1500-volt full-wave power supply
delivers 500 mA. The filter capacitance is 16 uF.

1
r = —
2V3fCR
3 1

(2)(3)%(120 Hz)(1.6 x 10-°F)(1500V/0.5A)

= 1/19.95 = 0.05

The ripple factoris reduced by increasing the capacitance. For
your own satisfaction, you might want to calculate the ripple factor
of this same power supply with 4 uF and 50 uF filter capacitors.

We sometimes see this basic equation in the form of percentage

ripple, in which case #R.F. = (100%)(r), so modify the equa-
tion by placing 100% in the numerator:
GRF. = —F
2(3)*fCRe

If this expression had been used in the previous example, it would
have resulted in a %R.F. of 5% for r = 0.05.
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In most practical applications, we will want to rearrange these
expressions to solve for the capacitance required to achieve a
specified ripple factor. Regulated power supplies, for example,
frequenctly specify input ripple factor of 10 percent or less. Radio
transmitters using unregulated power supplies usually ask for a
ripple factor of one percent or less with 0.1 percent being consi-
dered by many as “good engineering practice.” The corrected

expression to find the minimum capacitance required in any given
power supply is:

1
2V3irR

Cfarads =

OExample:
Find the minimum required capacitance to achieve a 0.9 per-
cent ripple factor from a 13.6-volt DC power supply using a brute

force filter when 10 amperesis drawn (%R.F. of .9%isr = 0.009).
1

C = —
28" frRu

1

(2)(3)*(120 Hz)(0.009)(13.6V/10A)
= 1/7.6 = 0.196 farads = 196,500 uF

The above example gives a result that is terribly large: a
196,500 uF capacitor? But this result is totally reasonable, and the
desired capacitance is actually within reach. Many manufacturers
actually offer low-voltage (15 to 30 WVDC) capacitors in the 15,000
to 150,000 uF range.

We can simplify the expression even further by consolidating
the constants (1,2, and (3)*), assuming that only full-wave rectifiers
are used (making the frequency 120 Hz) and expressing the resul-
tant capacitance in the more useful microfarads:

2405
rRu

CuF =

where Cur is the filter capacitance in uF, r is the ripple factor, Ry is
the load resistance.

OExample:

Find the minimum capacitance required for a 13.6-volt DC,
10-ampere power supply to achieve a ripple factor of 0.9 percent (r
= 0.009).
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C;.LF 2405/ rRL
2405/(0.009)(13.6/10)

(2405)/(0.0122) = 196,500 uF

This equation is the correct expression for designing brute
force filter power supplies. Keep in mind that it is desirable to keep
the ripple factor reduced as low as possible. The ripple factor often
considered good practice in transmitters is 0.1 percent (r = 0.001).
We could modify this equation even further to account for this
r-value. In that case, Cur = 2.4 x 10°/Ru.

There is a common rule of thumb that is heard around amateur
cdrcles from time to time. It is:

100
CI.LF = —_—
o R
or
0.265
C;-LF = —_—
Ru

where Curis the minimum required capacitance in uF, Ruis theload
resistance in ohms, and wis the term 27f (377 at 60 Hz), where fis
the AC line frequency, not the ripple frequency.

The use of this expression assumes a value for r of 0.01. Asa
rule, it produces the same result as the previous expression,
assuming r = 0.01.

RC Filters. In some cases, the simple brute force filter
results in capacitance values that are simply too high for the re-
quired level or ripple reduction. This is espedially true in some
low-level signal applications, such as receiver front ends and audio
microphone preamplifiers where the ripple would tend to modulate
the signal being processed in the electronic drcuitry.

Fig. 10-27. The contribution of the rectifier current to the total load current drops
to zero at the end of the half cycle.
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Fig. 10-28. Pi-section RC filter circuit.

Figure 10-28 shows a pi-section RC filter that will cause a
substantial reduction in output ripple. Unfortunately, this is only at
the expense of increasing the series resistance by the amount of R1,
thereby limiting this circuit to relatively low-current applications. In
addition, the current drain should be kept constant or at least
reasonably so. Such demands make the principal applications of this
circuit nonpower-amplifier stages (audio preamplifiers, i-f/rf
amplifiers in receivers, etc.). The ripple factor from the pi-section
filter is found from:

Half-wave circuits—

1

r = —
CiC.RiRL
Full-wave circuits—

_ 25x10°¢

T GGRR

whereris the ripple factor, and Ciis the capacitance of C1 in farads,
C2 is the capacitance of C2 in farads, Ri is the resistance of R1 in
ohms, and Ru is the load resistance in ohms.
OExample:

Calculate the ripple factor at the output of a 250-volt, 100-mA,
full-wave power supply if C1 = 16 uF, C2 = 8 uF, and R1 = 560
ohms.

r = (2.5 x 106-%/(C:C2RiR0)
(2.5 x 1079

" (1.6 x 10-F)(8 x 10-F)(560 ohms)(250V/0.1A)
= 0.014
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Fig. 10-29. L-sectlon and pi-section inductive filters.

Inductive Filters. High-power, vacuum tube transmitters
frequently employ inductive filters in the DC power supply. Induc-
tive filters might be one section or several sections. They might
have capacitor input or inductor input. As a general rule: do not use
any form of inductor-input filter with a half-wave rectifier. Inductors
respond to the rate of change of current. The voltage across an
inductor is proportional to the inductance and the rate of change of
the current:

_ Al
E. = L x AT
where ELis the voltage across the inductor, and A I/At s the rate of
change of the inductor current with respect to time.

The rate of change of the current from a half-wave rectifier
becomes very large close to the zero crossings (when I is near
zero). This situation results in a very high value of EL, so highin fact
as to exceed the peak inverse voltage rating of the rectifiers.
Although one might tend to wonder why anyone would want to use a
half-wave rectifier in an application that required aninductor filter, it
has been done.
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Figures 10-29 through 10-31 show several examples of induc-
tor power-supply filters. The two basic configurations are shownin
Fig. 10-29. The circuit of Fig. 10-29A is a simple L-section filter; it
is an inductor-input filter circuit. It gets its name from the fact that
the LC portion resembles the letter “L.” The pi-section filter of Fig.
10-29B is the capacitor-input version. The name is derived from the
resemblence of the C1-L1-C2 circuit to the Greek letter “zr.” The
ripple factors for these filters are:

L-section, full-wave—

8.3 x 107
T CL
Pi-section, half-wave—
r = 2.6 x 1078
CGCLr
Pi-section, full-wave—
_ 3.3x10°
TCGCGLR

Q L L2

7T T i

S —9

MULTIPLE  L-SECTION

e LI L2

~1~Cl /I\CZ /K(B 3 RL
(o 3

r - L SECTION

Fig. 10-30. Multiple L-section and pi-L-section inductive filters.
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As noted earlier, an inductor tends to oppose changes in the
current flowing. Consequently, the inductor in a power-supply filter
will tend to keep the output voltage more constant as the current
level changes.

By examining the above expressions, we can learn something
about the characteristics of these filters. Note that the R term
appears for the pi-section filter, but does not appear in the expres-
sion for the L-section filter. This fact tells us that the ripple factor is
independent of the load current, because RL = Eo/IL.

As ageneral rule, itis standard practice to select a value for the
inductor according to a rule of thumb, and then calculate the
minimum values of capacitance required to achieve the desired
ripple factor. The inductor should have a value of at least:

o
1100

We may rewrite the previous expressions to select the capacitance
(fullwave case only):

L-section
_ 83x 1077
B rL
Pi-section
CiCr = 3.3 x 107
rLiR

In the case of the pi-section filter, we are calculating the
product of the two capacitances. Many designers will simplify their
job by setting C1 = C2, so each capacitor will have one-half the
result obtained in this equation.

Multiple-section filters will reduce the ripple much more than
single-section filters. Figure 10-30 shows a multiple L-section
filter circuit. Let us examine how much ripple reduction takes
place. The expression for the ripple factor of an L-section filter is

derived from
\/ ¢
. = 32 [X ]

where X« is the reactance of the filter capacitor ¥%#{C, and Xv is the
reactance of the inductor 2#fL (assume f = 120 Hz). Because
(2)%/3 = 0.47, then:

r = O47(XC/XL)
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Fig. 10-31. Pi section-multiple L-section filter.

When this expressionis evaluated, the resultis the expression
given earlier. But in this form, we see that the ripple is reduced by
the factor (X./Xv) for each L-section filter connected in series. So
for a two-section filter, it is:

ro= 047 [%] '))%E] = 0.47 [ixL )
and for three sections:

r = 047 [TX(:] [%][i‘]= 0.47 ['3('(:]

But being practical minded, we simplify the expressions using
certain assumptions, such as 120-Hz ripple frequency, and come to
the conclusion that:

1.76 x 106 ]"

r = 047 [ IC
where r is the ripple factor, L is the inductance in henrys, Cis the
capacitance in farads, and N is the number of identical sections.

Similar reasoning will yield the ripple factor expressions for the
othermulti-section filter circuits. All of the ripple factor expressions
are summarized in Table 10-1.

Filter Output Voltage. The output voltage that may be
obtained from any given filter depends upon the type of filter used.
Table 10-2lists the types of filters and the mathematic expressions
that will yield the approximate output voltage. These figures as-
sume more or less ideal components, especially in the case of the
inductor circuits. If the inductor has any appreciable DC resistance
for the level of current being drawn, there will be a voltage drop
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Table 10-1. Ripple Factor Equations.

TYPE HALF - WAVE FULL - WAVE
BRUTE FORCE | I
CAPACITOR ZO8R, 3T6R
SINGLE INDUCTOR y RL
(NO CAPACITOR) T600L

[ L-SECTION X 83X10-7
INDUCTIVE (LC) —LcC
7r--SECTION 26Xx10-8 33x10-92
INDUCTIVE CiCaL R CyCoLy RL

F7exia-6IN |
MULTIPLE -L X 047 x|! 7fé'° _J
-muLtpLe-L | 122x10°8  17x10781N | 1ax10°3 [1.76x10 8N
LR, "[Chy LN CiCLIRC | CNLN

| 7r-SECTION 10-5 25X10°6

RC T C,R R T, CoR(R

across the choke coil. In the cast of an L-section choke, for exam-
ple, the ideal components result in an output voltage of approxi-
mately 0.636E,. But if there is any DC resistance in the choke, the
correct expression is Eo = 0.636E; — IoRo, where Ro is the resis-
tance of the choke winding.

Swinging and Smoothing Chokes. There are two types of
filter chokes used in multi-section power supply filters. The
smoothing choke is an ordinary inductor and is used as the first
choke in the two-section filter. When there is only one section or in
two-section filters in which varying current demands are noted
(when powering a class-B power amplifier), however, it might be
wise to use a swinging choke. The equation, L = R./1100, gives us
the critical value of inductance, or the minimum required for proper
filtering. But note in this equation that the load resistance is in the
numerator. This means that the minimum required value of induc-
tance will vary as the current values. The swinging choke is de-
signed with a gap in its magnetic core, such that the inductance will
vary more or less inversely porportional to the current passing
through the winding. This means that reducing the current will
increase the inductance, and increasing the current (the same as
reducing the output load resistor) will decrease the inductance.
Swinging chokes will have a dual rating; for example, they will be
rated as 5/20 henrys. This means that the inductance will vary from
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5 to 20 henrys as the current varies. The use of this type of choke
effects some savings in the cost of the power supply for those
applications where the current may vary considerably.

Bleeder Resistors. There are two main uses for the bleeder
resistor in a power supply: load regulation and safety. The load will
vary considerably, so when inductor filters are used, we have to
insure that the load is never greater than some maximum amount.
Otherwise, a different value of critical inductance results. The next
equation gives the maximum value of the bleeder resistor, or a
resistor thatis connected across the power supply output in parallel
with Ry, that will insure the proper operation of the inductor filter:

Rbm RL

R = ———
R. — Rom

where R» is the bleeder resistance maximum value in ohms, R is
the maximum load resistance (not including Rb), and Remis the load
resistance required to satisfy the equation, L= Rt

1100.

The second reason for using a bleeder resistor is a matter is
pure safety. The filter capacitors will store alethal charge. If you go
to work on a power supply, and the charge is still on the filters, then

Table 10-2. Qutput Voltage for Supplies With Different Filters.

_TYPE_ l _ HALF-WAVE | FULL-WAVE |
e | v | e
(NG CAPACITOR) - x 0636Ep
(iNDUCTIVE) X 0636Ep
r -SECTION ;;_mi_ = R
(noucTve) | T zaog | PTEog
i) Ep-lo| o +RL Ep-lo[ E—“')TI + Ro_]
MULTIPLE -L X 0636Ep
7r-MULTIPLE-L Ep-@—;'—%‘- Ep- 4'—8 S
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contacting those filters can kill you. The purpose of the bleederis to
drain off the charge after the power supply is turned off. If the circuit
is an inductor filter, then use this last equation to calculate the
bleeder. When voltage regulation and ripple stabilizationis unimpor-
tant, however, use a rule of thumb that sets the bleeder resistor not
higher than 100 ohms per volt. This means (100 ohms/V) x 3000V,
or 300K ohms maximum for a kilowatt power supply. The wattage
rating of the actual resistor selected for the bleeder should be very
conservative. In the case above, let us say we ordered a “standard”
value resistor of 250K ohms for our 3000-volt power supply. The
wattage required would be

E%/R
(3000)2/(250,000)
36 watts

The next higher standard wattage rating would be 50 watts,
but it is usually recommended that you use the next wattage higher
than twice the actual wattage. And this assumes that you use the
entire resistor for the bleeder. Many power resistors are open, so
that you can tap off the correct value with a special metal clamp. The
wattage rating, however, assumes that the entire end-to-end resis-
tance is beingused. If you must tap down on the body of the resistor
in order to obtain the maximum value of bleeder by either method,
thenit is necessary to derate the power specification. Since itis not
necessarily alinear derating that it used, itis recommended that you
consult the resistor manufacturer or buy another resistor that will
work without tapping down.

The bleeder resistor is one area where you don’t want to play
around! Itis a critical safety device. Having a failed bleederis worse
than not including one in the first place. An open bleeder resistor can
give you a lethal, false sense of security.

Always discharge all filter capacitors when working on a power
supply. This is done with a screwdriver across the terminals or by
connecting a known good bleeder resistor across the capacitor. Of
these two, the first is most common while the second has most
common sense behindit. Keep a second bleeder handy to serve this
function. Mount it in an insulated box and then connect it with
insulated alligator clip leads, but mind that most wire is insulated
only to 600 volts! Always connect the ground end first and then
attach the hot end. Wear dry gloves and never touch the exposed
conductors in either the bleeder box or the power supply until you
know that the capacitors are safely discharged. Use a voltmeter
across the capacitor to tell you when this occurs.
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Repeat the process several times! A phenomenon known as
dielectric absorption prevents a capacitor from discharging all of its
charge on the first try. The practical result of this is that you will
discharge the filter, and then get “bitten” a short while later from a
capacitor you assumed was cold.

People have accused me of flailing the safety issue “too much.”
Perhaps they are right, but I have seen one man killed by a transmit-
ter power source and don’t want to repeat the experience. Besides,
anyone good enough to pay money for my book ought to get the
conservative, safe advice that will tend to keep him breathing.

Voltage Regulation

A perfect (ideal) voltage source power supply will produce the
same output voltage regardless of the load current. But real power
supplied may show some variation in the output voltage with
changes in the output load current. In general, the voltage will drop
as the load current increases.

The cause of the problem is the power-supply internal impe-
dance, which is usually called output impedance, source impedance,
or internal impedance. We shall use the term, source impedance
(Rs), but be aware when reading other books that the other terms
are synonyms. The value of Rs is:

R = —E

Iu(max)

where Rs is the source impedance in ohms, E is the open-terminal
output voltage, and I. max is the short circuit output current.

Open-terminal output voltage is the voltage thatis produced by
the DC supply when the load is disconnected. The short-circuit
output current is exactly that: the current that will flow in an output
short. Don’t actually measure this value, as few real-world power
supplies can withstand a direct short across the output for long.

Figure 10-32 shows a model circuit of a typical DC power
supply. Voltage E is the open-circuit potential, I is the output
current, E. is the loaded output voltage (RL# 0) and Ru is the load
resistance Eo/I.. Some part of E will be dropped across Rs, sois not
available to the load Ri. Rs and Ru then form a resistor voltage
divider, which is shown in the redrawn version of the circuit in Fig.
10-33. The actual output voltage E. is:

EO = ERIa
Ri+ R
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Fig. 10-32. Mechanism of voltage regulation problems.

OExample:

A DC power supply for a mobile two-meter rig has an open-
terminal voltage of 14.0 volts DC. Its internal resistance is 1.5
ohms, and the load resistance on fransmit is 3 ohms. Calculate the
voltage available to operate the rig. Also, if the rig requires 13.6
VDC = 15 percent, is this voltage sufficient?

E- = ERJ/(Rs +Ru)
= (14)(3)/(1.5 + 3)
= (42)/4.5 = 9.3 volts

and “no,” this voltage is not sufficient.

The problem in power supplies comes from the fact that Ru
depends, in part, on the load current, L. If L varies, then Ru varies
also, and this causes Eo to vary.

Another problem that may cause the output voltage to vary is
changes in the AC line voltage applied to the primary of the power
transformer. The AC voltage is nominally 110 volts, but will be
within the normal range if it is anything between 105 and 120 volts.
Sometimes, potentials may rise to 125 volts or drop to 95 volts
temporarily. It has been as low as 90 volts during intentional brown-
outs.

Regardless of the root cause, variationsin power supply output
voltage can be a real disaster in electronic circuits. The osdillator
that keeps the transmitter on the correct frequency, for example,
will vary in frequency with changes in supply potential. The mea-
sure of how well a power supply works is given by its percentage of
regulation, which is defined as:

% Regulation = Eg—E x 100%
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[JExample:

A DC power supply is designed to deliver 600 mA. The open-
terminal voltage is 800 VDC, while the output under a load of 600
mA is 725 volts. Find the percentage of regulation.

% Reg. = (E - Eo)(100%)/(E)
= (800 — 725)(100%)/(800)
= 9.4%
[JExample:

Calculate the percentage of regulation for the power supply in
the example of the 14-volt power supply for the 2-meter rig given
earlier. In that example, the open-terminal voltage was 14 volts,
and the voltage on transmit was 9.3 volts.

% Reg. (E — Eo)(100%)/(E)
(14-9.3)(100%)/(14)
4.7(100%)/(14) = 34%

A voltage regulator circuit is designed to stabilize the output
voltage of a DC power supply. There are several basic types, but
only a couple of them are considered here. Also missing are some of
the antique regulator circuits which use vacuum tubes. Today,
almost any voltage required in aradio transmitter can be supplied by
a solid-state circuit.

Zener diodes. The zener (zen-ner) diode is a specialized PN
junction device that will provide some voltage regulation. Figure
10-34 shows the transfer characteristic of the zener diode. In the
forward bias region, it will behave the same as any ordinary PN

Io |

Fig. 10-33. Mechanism of voltage regulation problems.
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Fig. 10-34. Zener diode regulator curve.

junction diode. The current is nearly zero for voltages less than a
certain threshold (about 0.6 to 0.7 volts for silicon devices), but
will increase rapidly in a nearly linear manner for voltages greater
than 0.7 volts. In the reverse direction, however, things are differ-
ent. For potentials between 0 and some reverse bias Vz, the diode
is like any diode. The only reverse current flow will be a minute
leakage current. but at Vz the diode will breakover (avalanche).
The zener diode will regulate the applied potential to this potential

A circuit using a zener diode as a regulator is shown in Fig.
10-35. The zener diode is connected across the output of the
supply, shunted across the load. Series resistance R1 is used to
current limit the circuit, so that D1 is not asked to carry a destruc-
tive current. In general, the best operation occurs when the zener |
current 12 is set to be approximately 10 times the load current.
There are three conditions in which zeners might be used, and the
design equations are slightly different for all three:

Condition 1: Variable supply voltage E and constant load cur-
rent 1.

Emin o Vz
1.11s

Ri
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Condition 2: Constant supply voltage E and variable load cur-
rent I.

E-V:
1.1 Is(maxn

Condition 3: Both supply voltage E and load current I are
variable.

- Emin - Vz
1.1 I3(max)

The power dissipation expressions for all three cases are:

Pn = E"‘T‘]V_ — (1Vy)
and

Pri = Pp: + (Is V2)

The simple zener diode regulator suffers from several prob-
lems. One of these is that the zener currentis much higher than the
load current. This means that a 50-watt zener is not too useful.
They are used in stacks of several zeners to regulate the screen
potentialsin some linear amplifiers, and they find some applicationin
low-current stages, but we must look to one of the other circuits for
high current levels.

Series-Pass. Figure 10-36 shows a method for using a
series-pass transistor to boost current capacitor of a zener diode.

I
¢ RI

AAAs

DI /li/ §RL

oMo

Vz

Fig. 10-35. Zener diode regulator.
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Fig. 10-36. Series-pass Zener regulator.

The transistor regulates the output voltage by acting as an electron-
ically variable resistor. The base voltage on Q1 is held constant by
the zener diode D1. The diode is selected such that I can be 10
percent of .. The maximum output current will be 4 He X L. In

other words, the load current is amplified by the beta of the
series-pass transistor. The output voltage is approximately
Vz — Vbe, which for silicon transistors, is approximately 0.7 volts
below the zener potential V..

The circuit shown in Fig. 10-36 is but one type of series-pass
regulator. The circuit shownin Fig. 10-37is the other major type. In
this circuit, the base voltage on the series-pass transistor is control-
led not by the zener but by a differential error amplifier. There are
twoinputs to this amplifier. The noninvertinginputis connected toa
reference potential, Erer, while the inverting input is connected toa
sample of the output voltage (in many cases, the sample is the full
potential, so E1 = Ec). As long as the output potential matches the
reference potential, the circuit is in equilibium. But if Eo changes,
then the error amplifier output changes in a direction and amount

necessary to correct the error. .
Thereis one advantage to the feedback type of regulator thatis

not shared by the zener type. If we break the circuit at point A and
then connect it to the output at the chassis of the equipment being
powered, the voltage will be correct despite drops in the power
wiring. At the current levels drawn by some medium-power trans-
mitters, the output voltage could drop in remarkable short lengths
of wire. If we use point A as a "sense line,” then we can connect it
directly to the positive side of the supply at the power line input to
the transmitter.
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POWER/SUPPLY PROTECTION

There are two demons that require exorcising in all regulated
power supplies: overvoltage and overcurrent. The former will de-
stroy the equipment being powered, while the latter will destroy the
power supply. Consider two scenarios. In one case, you are power-
ing your kilobuck transceiver with a series-pass regulated power
supply. The series transistor shorts, applying +18 volts from the
rectifier directly to the transceiver (smoke gets in your eyes).
Alternatively, the power line connector to the transmitter (or the
final amplifier transistors shorts to ground. This draws a mammoth
current from your supply, shorts the series-pass transistor, and
blows out the rectifiers. If you are lucky, it might spare the power
transformer, but don’t count on it.

Overvoltage protectionis provided by the circuit shown in Fig.
10-38. This is an SCR crowbar, in testimony to the brute force
method of providing protection. Zener diode D1 has a V: that is at
the point where you consider the equipment in danger (17 to 18
volts in most mobile rigs). Q1 is the series-pass transistor in the
voltage regulator. When Q1 shorts out, it places the rectifier vol-
tage on the Eo output line. This will cause D1 to breakover and
produce a current in R1 that is capable of turning on the silicon-
controlled rectifier, D1. When the SCR is turned on, it shorts out
the power-supply line and blows the fuse. In some cases, D2 has
sufficient rating to simply sink the total current.

Overcurrent protectionis provided by the circuit of Fig. 10-39.
The protection components are Q2 and R1, while Q1 s the series-
pass regulator transistor. Transistor Q2 is a silicon unit, so will be

E o YD

& 1T

El

+ ———oEref

Fig. 10-37. Feedback amplifier/series-pass regulator.
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Fig. 10-38. SCR crowbar protection.

.

turned on by a bias voltage Eb of 0.6 volts. As long as the output
current I is less than 0.6/R1, the circuit will operate as a normal
power supply. If L. is less than 0.6/R, the circuit will operate as a
normal power supply. If I exceeds this Ohm’s law value, however,
then Q2 becomes forward biased and will short exists, placing the
emitter of Q2 at near-ground potential. The circuit will gently turn
off, instead of becoming a “silicon-to-carbon converter.”

FILAMENT STARTING

The resistance of a cold transmitter tube filament might be as
low as 10 percent of its hot resistance. As the power level of the
transmitter rises to the 1000 watts and above level, it becomes
important to preheat the filaments prior to applying anode voltage to
the tube. In addition, it provides less stress on the filament itself if
the current level is brought up slowly. Figure 10-40 shows a circuit
that is used to slowly warm up the filaments of the final amplifier
tube. Transformer T1 is the low-voltage filament transformer,
while inductor L1 is a series reactor with a high inductance. Recall
that aninductor will drop a voltage proportional to the current being
drawn. When the tube is cold, the current is maximum, so the AC
voltage drop across L1 is maximum. This will reduce the voltage
appled to the transformer, thereby reducing the filament voltage.
As the filament heats up, however, the current drain begins to drop.
This will cause the filament voltage supplied by T1 to increase
proportionally. After a couple of minutes, the filaments are at their
operating temperature, and the current level reaches equilibrium.
The voltage drop across L1 then drops to near zero.
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Fig. 10-39. Output current limiter.

A second approach is shown in Fig. 10-41. In this case, a
resistor is connected in series with the transformer primary. This
will reduce the filament voltage for a period while the tube is cold. A
timer will not allow relay K1 to turn on for 1 or 2 minutes. But when

the time expires, then K1 is turned on and its contacts short out the
series resistor. The filaments then go to full heat.

An alternative to the second drcuit, often favored by radio
amateurs, is to use separate on/off switches for filament and anode
power. The operator then manually performs the function of the
timer. Some transformers used for the filament voltage will also
perform the function of the inductor in Fig. 10-40. These transfor-
mers are high-reactance devices, especially designed for this appli-
cation.
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Fig. 10-40. Filament starting circuit.
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Fig. 10-41. Another filament starting circuit.

110/220-VOLT OPERATION

Moderate power level transmitters usually draw power from
the ordinary 110-volt AC residential service. But for rigs in the
kilowatt class, it becomes necessary to go to 220-volt wiring. Most
amateur radio linear amplifiers allow the operator to select either
110-volt or 220-volt operation through the medium of dual primary

=
° . § E

110 VAC pr
O-

Fig. 10-42. Primary wiring for 110 volts.
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Fig. 10-43. Primary wiring for 220 volts.

power supplies, asin Figs. 10-42and 10-43. When the primaries are
connected in parallel, the equipment is wired for 110-volt operation
(the dots are to show the sense of the windings, so that they will not
-be reverse phased, cancelling the output voltage). On the other
hand, if the primary windings are series connected, as in Fig. 10-43,
the equipment is wired for 220-volt operation.

AC POWER CONTROL

In low-power and medium-power transmitters, the control of
the AC side of the power supply is simple. The AC line is inter-
rupted by a simple switch, and it contains a single fuse. At high
power levels, though, it becomes necessary to use a little bit more
protection. Figures 10-44 and 10-45 two typical circuits.

The circuit in Fig. 10-44 shows two double-switches and a
double-fuse. These are all matters of safety. The double-switch,
S1, is a standard AC wall switch for most amateur-level transmit-
ters. Such switches will handle up to 15 to 20 amperes of current,
depending upon rating. The main safety switch, S2, should be
located away from the transmitter, at a point where a rescuer can

AFETY
gwrrcn SAFETY StA
S2A INTERLOCK ON-OFF Fl T
o ﬂ/l'c 1 o |
| | [
} |
| | 3
F2
o—c/a'o— ‘—o/;ﬂ oM\ o -0
$2B Sl

Fig. 10-44. Input circuit control.
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Fig. 10-45. Using a relay to power the primary circuit.

turn off power to the transmitter at no risk to himself. Thisis usually
an electrical box switch with a pull lever.

Figure 10-45 shows the use of a relay to power the primary
circuit. Relay K1is energized by closing S1. This will apply power to
the filament transformer and will allow K2 to be energized. Plate
power to the transmitter is not available until K2 is energized by
closing switch S2. Relay K2 should have contacts that are capable of
carrying the entire primary current, which could be 25 to 35 am-
peres. In some cases, this circuit will be incorporated with one of
the filament starting circuits. If mercury vapor rectifiers are used, it
is also necessary to provide a warm-up time for them to vaporize the
metallic mercuryinside. The timer circuit, allowing 1 to 2 minutes of
preheating, will suffice.

Almost every broadcast transmitter requires three-phase AC
power in the primary circuits. The power company generates
three-phase power, in which the sine waves are 120 degrees out of
phase with each other. Figures 10-46 and 10-47 show two
rectifier/transformer circuits for use in three-phase power sys-
tems. The circuitin Fig. 10-46 is the delta-wye connection. In this
circuit, the three-transformer primaries are connected in a delta
configuration (so named because it resembles the Greek letter
“delta”), while the secondaries are connectedin a wye configuration
(so named because it resembles the letter “Y”). Rectifier diodes are
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Fig. 10-46. Three-phase AC.

connected to each of the three secondary phases, and their outputs
are combined in a single DC line.

A delta-delta connection is shown in Fig. 10-47. In this circuit
both primary and secondary windings are connected in the delta
configuration. Note the absence of the neutral line. This requires us
to provide an artificial common connection by bridge wiring the
diode rectifiers. Note that the secondary voltages are not necessar-
ily equal in all three windings.

TRANSIENT PROTECTION

High voltage transients existing on the power lines can destroy
the rectifier diodes and regulator components in some power
supplies. The average residential electrical power distribution sys-

O+

Fig. 10-47. Three-phase AC power supply.
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Fig. 10-48. Noise and transient suppression.

tem will see as many as 10 transients in the over-1000-volt range
every day. When there is an electrical storm in the vicinity, the
number rises even greater. These transients should be sup-
pressed, and several different techniques are available.

Figure 10-48 shows a transformer circuit with several different
types of protection. The primary winding uses a brute force rf filter
and a metal oxide varister (MOV) device. The rf filter serves to
reduce the amplitude of the impulses in the line because these
transients are primarily high-frequency in content. The filter also
serves to keep the signal inside the transmitter from getting out via
any route other than the antenna terminal.

The MOV device, of which General Electric is a principal
supplier, will have a high impedance at normal AC power line
voltages. If a high voltage transient comes along, however, it will
take on a sudden drop in impedance and shunt the transient
harmlessly across the primary. The device should be selected
according to the manufacturer’s recommendations for high-power
transmitters.

An RC “snubber” network is connected across the secondary
of the transformer. The 100-ohm resistor is selected to have a
power rating in the 20-watt to 100-watt range. The value of the
capacitor is a function of the rms AC voltage and the output DC
voltage:

E,

Cop = —2
“ (0.26 E.)?

where E. is the DC output voltage, Er is the rms AC voltage
appearing across the secondary, and C.r is the capacitance in
microfarads.

192



In power supplies with an inductive filter circuit, it might be
advisable to use a snubber network across the filter choke(s). This
is shownin Fig. 10-49. This practice is most valuable in transmitters
which have sudden increases in output current drain. A
radiotelegraph transmitter, with its on and off keying is a prime
example. This circuit will also snub out transients caused when the
DC high-voltage supply is turned on as the transmit switch is
pressed. The sudden increase in current will create a very high
transient voltage across the inductor, and this is capable of punctur-
ing the rectifier diodes in the reverse direction. The resistor should
have a value of 100 ohms at 20 to 100 watts, while the required
capacitor value is:

2
Cu = 0. IETZ: I
where Cur is the capacitance in microfarads; L is the inductance of

the choke in henrys; I is the current drain (constant, after turn-on),
or the normal load current; and E. is the DC output voltage.

SOME PRACTICAL CIRCUITS

In this section we will consider some practical circuit examples
that can be constructed. We will show examples of low-voltage—
low-current power supplies, low-voltage—high-current models,
and high-voltage power supplies. Also, we will give an example of a
variable voltage bench power supply that can be used to test new
circuits, troubleshoot small projects, and provide a general power
source for your electronics work.

Low-Voltage—Low-Current Supply

Small electronic projects, including QRP transmitters, require
a small DC power supply. As often as not, this supply must be

L
POWER SUPPLY
CHOKE

1000 cl—

20w
Fig. 10-49. Using a snubber network across the filter choke(s).
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Fig. 10-50. Low-voltage regulated DC supply.

regulated to a high degree. Figure 10-50 shows the basic low-
current power supply, and this circuit may be used for any potential
between 5 volts and 24 volts DC. The particular example shown is
for 5 volts at 1 ampere.

The regulator used in these circuits is the key to design
simplicity. Regulator Ulis a three-terminal IC regulator. These ICs
are packaged in transistor cases and have three leads: input, output,
and ground. We can tell the package (and by inference, often the
current rating) and the voltage from the type number. Several basic
series of these devices are available. In 5-volt-only devices we have
the LM309 and LM323. The LM309 is available in three package
styles. The H-package is a TO-5 transistor case, and the LM309H
will pass 100 mA. The 1-ampere model is the LM309K. The K-style
package is the TO-3 transistor case. The third case style is the
T-package, which is the T0-220 plastic (also called the P-66
package by some) power transistor case. T-style devices will pass
750 mA in free air and 1 ampere if properly heat sinked. The LM323
device is a K-package (TO-3) but is capable of passing up to 3
amperes of current at 5 volts.

There are two general lines of 750 mA to 1A regulators
available in both positive and negative versions. The 7000 series
and the LM300 series. The 78xx and LM340 are positive output
voltage regulators, while the 7900 and LM320 are negative output
devices. Note that the pinouts for the positive regulators are the
same as in Fig. 10-50, but in the negative output regulators, pins 2
and 3 are reversed, or the output is on pin No. 3 and ground is pin
No. 2. We can read the voltage rating and infer the currcnt rating
from the part number. The LM340T-12, for example, is a 12-volt
(~12), plastic package (T) regulator. We caninfer from the package
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style that the device will dissipate 750 mA in free air and 1000 mA
when heat sinked. The LM340K-5, is a 5-volt, 1-ampere device in
the TO-3 package. As such, it is directly compatible with the
LM309. Standard voltages from 5 to 24 volts are available in both
case styles.

The 7800 series and 7900 series are similar to the LM340 and
LM320, respectively. In fact, although Motorola devices tend to
have different case styles that are really 78xx and 79xx devices,
many are available in TO-3 and TO-220 styles. Perhaps, we should
label these as LM340 or LM320, but the common industry practice
is to use the 78xx and 79xx designations. The voltage ratingis given
by replacing the “xx” in the type number with the voltage rating;
i.e., 7905is a 5-volt, negative output, 1-ampere voltage regulator,
while 7805 and 7815 are 5-volt and 15-volt regulators, respectively
(both positive output).

The circuit in Fig. 10-50 can be used for any of these three-
terminal IC regulators. It is, however, necessary to make certain
circuit value changes for other than 5-volt operation. Input capacitor
C1 should have a value of 2000 uF/ampere, while output capacitor
C4 should have a value of 100 wF/ampere. If one of the higher
current devices are used, then you must raise the value of these
capacitors accordingly. If the 100 mA regulator is used, however,
do not reduce C1 to less than 500 uF.

Capacitors C2 and C3 are for improved noise immunity. These
capacitors can have any value between 0.1 uF and 2 uF, regardless
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Fig. 10-51. Adjustable output low-voltage DC supply.
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of the current rating. Device OV-1 is an overvoltage protection
circuit, such as the SCR crowbar described earlier in this chapter.
You could also use one of Lambda Electronics overvoltage crowbar
modules. These are devices packaged in either TO-3 transistor
cases or special hybrid packages thatinclude all the circuitry needed
for the SCR crowbar. They are two-terminal devices.

The transformer must be selected to provide a DC input
voltage to the regulator thatis 2 to 3 volts higher than the regulator
output voltage. For the 5-volt supply shown, then, a 6.3-volt fila-
ment transformer is sufficient. For a 13.6-volt power supply, we
can usually get away with using a 12.6-volt filament transformer.
These will output approximately 17.5 volts DC if the capacitance
across the rectifier is sufficient. In both of these cases, incidental-
ly, a bridge rectifier is assumed instead of the center-tapped

transformer shown.
Note that Lambda Electronics manufactures a series of three-

terminal voltage regulators in current levels up to 8 amperes. One
of these is the LAS-19CB, which will provide the 13.6 volts at 5
amperes needed to power small mobile rigs on AC power. Most
small 2-meter and other VHF/UHF mobile transceivers will oper-
ate with this supply or its newer 8-ampere brother. Of course, a
10,000 mF capacitor is needed at the rectifier output.

Adjustable Bench Supply

Figure 10-51 shows the circuit for a 4-volt to 30-volt regulated
power supply that can be adjusted with a simple potentiometer. Use
a 25.6-volt, 5-ampere bridge-rectified input circuit. The input filter
capacitor should be 10,000 uF, while the output filter is 500 wF.
Use 0.33 uF for the noise suppression capacitors.

Three current ranges are available from Lambda. The LAS-
15U, LAS-14U, and LAS-19U produce 1.5, 3, and 5 amperes,
respectively. Any of the three can be used, but the LAS-19U will
not be able to deliver its full output current with the transformer
specified. You can, however, buy more expensive rectifier trans-
Sformer that will provide the needed output voltage and current.
Lambda also manufacturers hybrid regulator modules at voltages to
15 volts and current levels to 30 amperes.

800-Volt DC Supply

Figure 10-52 shows the circuit for an 800-volt DC power
supply capable of delivering almost 200 mA. This supply contains
the principal voltage needed for most 100-watt output SSB trans-
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Fig. 10-52. An 800-volt DC supply.

ceivers. The transformer is a Stancor PC-821w, which is rated at
800 VCT at 250 mA. This transformer also has a 6.3-volt filament
winding to power the heaters in the transceiver.

The transformer output is bridge rectified. Each arm of the
bridge consists of at least three 1000-volt (PIV), 2.5-ampere, re-
ctifier diodes. These diodes are standard color TV diodes and
should be available from any electronic wholesaler that deals with
service technicians. Alternatively, you can use the 1IN4007 diodes
rated at 1000 volts PIV at 1 ampere. Each diode is shunted with a
470K ohm, 1-watt resistor for equalization of the diode voltage
drops (Fig. 10-53). Also shunting the diodes are 0.001 uF, 1000-
volt capacitors for transient suppression.

The diode ratingis one area where some amateur transceivers
have been lacking. One well-known transceiver had a habit of
popping the rectifier diodes on a regular basis. The problem was
that only two 1-kV diodes were used in each arm of the bridge. But
theinverse voltage applied to these diodes, when a filter is used, is
2.82 x Erms, which in that case was 2300 volts! It required at least
three 1-kV diodes in series to make this supply work safely.

The filter stack is a brute force capacitor filter made from a
series of electrolytic capacitors. The overall capacitance of this
stackis 20 uF, but the working voltage is 1350 WVDC. The parallel
resistor across each capacitor is to equalize the DC voltage drop.

A +250-volt supply is also provided. This supply is used to
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Fig. 10-53. Diode stack for the 800-voit DC supply shown in Fig. 10-52.

provide power to the low-voltage transmitter and receiver circuits.
This supply can deliver up to about 60 mA.

A bias supply can be made by connecting alow-current 6.3-volt
filament transformer (T2) as shown. We turn this transformer
around so that the 6.3 VAC winding becomes the primary, and the
115-volt winding is the secondary. The primary is connected to the
6.3-volt filament winding of T1. The rectifier is reversed so that the
output is negative with respect to ground. This will, of course, also
require that the filter capacitors must also be reversed; i.e., the
positive terminal is grounded in this case. The 130 volt, 5-watt
zener diode provides regulation of this bias supply.

3000-Volt High-Voltage Supply

Figure 10-54 shows an elementary 3000-volt HV supply for a
kilowatt linear amplifier. The transformer is rated at 2250 to 2400
volts DC at 500 mA or more. Such a transformer may not be ratedin
a catalog with the secondary current rating, but instead with the VA
rating. A 2250-volt, 1200-VA transformer is needed. The Peter
Dahl Company of El Paso, Texas, can supply transformers of
various voltage ratings for amateur service transmitter. Other
companies also make such transformers, but many are not geared
to serve the unit-quantities of the amateur market.

The rectifier stack is made from the same 1000-volt PIV at
2.5-ampere color TV diodes as in the 800-volt supply. In this case,
however, at least eight are needed, and 10 would not be unjustified,
for each arm of the bridge. Again 470K ohm at 1-watt resistors and
0.001 uF/1000-volt disc ceramic capacitors are shunted across
each diode in each stack (Fig. 10-55).
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Fig. 10-54. A 3000-volt high-voltage supply.

The filter stack is the same as in the previous example, but
there are 10 450 wF/450-volt, computer-grade, electrolytic
capacitors. These capacitors and the diodes are at high voltage,
even on the cases. As a result, it is mandatory that high-voltage
insulation be provided. An example of a method for mounting the
capacitors (only three are shown) is givenin Fig. 10-56. A half-inch
sheet of Lucite or plexiglass is used as the base. Two quarter-inch
sheets actually hold the capacitors. The smaller sheets have the
holes drilled in them to accept the capacitor bodies. The lower sheet
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Fig. 10-55. Diode stack for the high-voltage supply shown in Fig. 10-54.
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Fig. 10-56. Typical insulated construction for filter bank.

is glued or fastened with screws to the half-inch sheet, while the
upper quarter-inch sheet is supported by ceramic standoff in-
sulators.

The rectifiers must be similarly mounted, well away from the
chassis. It is all right to use perfboard, only if the board selected is
rated for high-voltage properties. Much of the hobby perfboard is
not suitable for high voltage applications, though. The perfboard or
lucite holding the rectifiers must be mounted off the chassis by two
to three inches with ceramic insulators.

A more complete treatment of power supply construction
techniques, as well as many practical circuits, are given in TAB
book No. 806, The Power Supply Handbook. This book is highly
recommended by this author.
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Radiotelegraph Transmitters

The radiotelegraph transmitter was the first type to be used in
“wireless” communications and can be implemented with simple
on-off keying of the carrier. The radiotelegraph transmitter is the
simplest form used, consisting only of an oscillator and a power
amplifier and some method for turning the amplifier on and off with a
telegraph key.

Most radiotelegraph communications take place with the in-
ternational Morse code of dots and dashes. Note that this code is
not the code made famous by Samuel F.B. Morse, butis aninterna-
tional adapation of the original code. The original code is now called
American Morse code. The international Morse code used for
radiotelegraph communications is shown in the Appendix.

There is a pernicious rumor that radiotelegraphy (called CW
for continuous wave) is a dead art. In fact, our own FCC has
contributed to this feeling with proposals for “codeless” amateur
radio licenses, which may say would simply be technical CB
licenses. But listen to the lower portions of the HF amateur bands
and to the marine radiotelegraph bands. CW is very much alive in
those parts of the spectrum. I asked one Navy radio operator chief
petty officer if the servicewould remove the radiotelegraph code in
the near future. His reply was a definite no! The reasons were that
there are still ports and ships on the seas that carry only radioteleg-
raphy equipment (at least for long-distance communications); and
when the ship is sinking and you are in the life boat, and the
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complicated radioteletype and radiotelephone equipment is on the
fritz, it is still possible to make communications with CW by beating
two wires together!

Morse code to at least the slow speeds required of the US
Novice and Technician amateur radio license classes is simple for
most people to learn. At those speeds, you can almost count the
dots and dashes and decode the characters from a written chart!

The General and Advanced US amateur radio license classes
require a code speed of 13 words per minute. A word is defined as
five alphabet characters, with punctuation and numerals given extra
weighting (1Y% characters/2 characters, etc.). The speed required
is a little difficult for some to reach, but most eventually reach that
level with practice. It is not until you reach for the 20 words per
minute (wpm) level that some natural ability comes into play. But
even then the natural ability is not intelligence so much as it is
“stick-to-itiveness.”

Keying the transmitter requires some sort of system that will
turn the carrier on and off. But there are a few problems in this
regard: chirp and keyclicks of assorted types.

CHIRP

Chirp is caused when the oscillator frequency is pulled slightly
as the transmitter is keyed. The slight change in frequencyis readily
noticed by the operator at the other end.

One cause of chirp is poor isolation between the oscillator and
amplifier circuits. This can be corrected most readily when the
transmitter is designed, and is effected by providing good shielding
between the two stages.

The second cause of chirp, and probably the more common, is
poor regulation of the DC power supply feeding the oscillatior. This
is especially likely if the B+ potential for the oscillator is derived
from the high voltage of the final amplifier, a very common and
economical practice inlow power CW transmitters. Changes in the
oscillator plate/collector voltage cause the frequency shift. The
correction is to regulate the osdillator potential. In most vacuum
tube designs, gas-filled voltage regulator (VR) tubes are used to
stabilize the oscillator voltage. Alternatively, a stack of Zener
diodes equal to the oscillator B+ voltage will provide adequate
regulation. A separate, low-current, DC power supply could be
provided for this purpose. In transistor osdillators, any of the
regulators shown in Chapter 10 should suffice, although some
feedback circuits do not like rf.
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Chirp can be caused by poor filtering in the DC power supply.
Inadequate filtering is a primary cause of poor regulation in home-
brew power supplies, and should be examined when a new home-
brew transmitter shows excessive chirp. In addition, a transmitter
that suddenly develops a chirp where it had none before might have
an open power-supply filter capacitor. These filters not only con-
tribute to the ripple reduction and regulation but also to the de-
coupling of the amplifier and oscillator circuits.

KEY CLICKS

Key clicks are hard snapping sounds caused by spurious fre-
quency components either side of the carrier frequency. There are
several causes of key clicks. One is poor neutralization. If the
amplifier is poorly neutralized, the amplifier turn-on will cause a
modulation product that is manifest as a key click. The solution
here is to neutralize the amplifier, which should have been done on
any event, prior to placing the transmitter on the air!

Another cause of key clicks is power-supply transients. These
are especially common in transmitters that use aninductive filter for
the transmitter B+ power supply. The voltage across aninductoris
proportional to L(dl/dt), which means the rate of change of the
current in the inductor. When the amplifier turns on suddenly, the
current through the inductor is suddenly increased, and that causes
an excessive potential spike across the inductor. This transient will
add to or subtract from the power-supply B+ output, causing the
click in the output. The solution to this problem is to use a different
type of filter circuit or place an RC snubber network in shunt with
the inductor (see Chapter 10).

I can recall an American Radio Relay League Sweepstakes in
which an East Coast radio amateur used an AM/CW transmitter.
The modulation transformer was normally connected in series with
the B+ lead of the final amplifier during AM operation, and was
shorted out for CW operation. During this particular on-the-air
contest, the switch failed to short out the transformer secondary.
That placed an unsnubbed inductance in series with the B+ path.
Every time the key was depressed, a terrific transient was gener-
ated, and this created key clicks over fens of megahertz. The key
click effectively amplitude modulates the final amplifier, and the
modulating frequency is the rise time of the final plate current. This
means that the particular amateur in question generated clicks
every 4 or 5 kHz througout the high-frequency portion of the
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Fig. 11-1. Keying waveforms.

spectrum. Fortunately, he was using only 100 watts of rf power, so
the problem seemed confined to the middle Atlantic states of the
East Coast.

The last cause of key dicks considered here is the rise time of

the transmitted signal. Figure 11-1 shows the output waveform of a
CW transmitter sending a string of dots (di di dididi. . .). The
waveform in Fig. 11-1A has a fast rise time and will produce a
substantial quantity of key clicks. The second waveform (11-1B) is
softer and produces fewer clicks, because the rise andfall times are
slow. The waveshaping can be a function of the keying circuit. But
first, determine that the final amplifier is not being overdriven from
the oscillator or any previous driver/buffer amplifier stages.
The simplest form of keying is shown in Fig. 11-2. In this
method, a telegraph key or the contacts of a keying relay interrupts
the cathode circuit of the final amplifier and possibly the oscillator as
well. There is a danger in this circuit, incidentally. If the key is used
to directly switch the cathode, the plate high voltage, which is
limited only by the plate resistance of the tube, will appear across
the open key terminals. This can be very dangerousif a high-voltage
vacuum tube final amplifier is used! In that case, it is heartily
recommended that you use a keying relay. The relay contacts will
actually switch the amplifier/oscillator cathode circuit while a low-
voltage (.e. 6-24 volts D.C.) power supply energizes the relay. The
relay coil, power supply, and telegraph key are connectedin series.
If the rise time of the amplifier output waveformis too fast, this
is equivalent to modulating the carrier with a sine wave having a
frequency equal to the reciprocal of the rise time. Recall that
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frequency is the reciprocal of period (f = 1/t). A 10 uS rise time,
this is equivalent to a sinewave frequency of approximately
1/107%, or 100 kHz. The fast rise time will create key click products
out to 100 kHz on either side of the carrier. This is illegal on any
amateur radio band, even if the clicks fall entirely inside of the
bands. ‘

The rise time can be shaped in a key click filter circuit. The goal
is to create a rise time of not much faster than would be required to
pass the third harmonic of the keying frequency. Thisis based upon
awordlength of five characters. At a keying frequency of 100 words
per minute— 100 wpm is very rapid with the world receiving record
atless thar 75 wpm—a rise time of approximately 5 milliseconds is
needed, which corresponds to a bandwidth of 200 Hz. The actual
bandwidth of a CW signal will be proportional to the code speed
being transmitted: The faster the speed is, the greater the
bandwidth will be.

Figure 11-3 shows some examples of key click filter circuits.
The switch in each of these cases will be the contacts that actually
turn the amplifier on and off; these are the key contacts themselves
in directly keyed circuits or the relay contacts in indirectly keyed
circuits.

Placing an inductance in series with the key in a cathode-keyed
amplifier (such as Fig. 11-2) will control the rise time of the leading
edge, while a capacitor across the key (Fig. 11-3A) will control the
fall time of the trailing edge of the output signal. The capacitor will
have a value in the 0.001 uF to 0.01 uF range, depending upon the
characteristics desired. The sparking at the key contacts (relay
contacts) can be reduced by connecting a small resistance in series
with the capacitor, such as shown in Fig. 11-3B. This resistor will

Fig. 11-2. Cathode keying. T0
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Fig. 11-3. Key click filters.
have a value in the 10-ohm to 100-ohm range with 47 ohms being
very common.

Figure 11-3C shows the full key click filter that will control both
the rise and fall times of the output waveform. This circuit contains
both a parallel capacitor and a series inductor. As in the previous
case, the capacitor value is 0.001 uf to 0.01 uF. The value of the
inductor will be 0.5 mH to 2.5 mH, also depending upon the keying
characteristics desired. One last circuit is the double filter of Fig.
11-3D. This is essentially an example of the LC filter above, but
with the inductance and capacitance split into two components.

An oscilloscope is necessary to check the waveform of the final
amplifier stage. Using techniques discussed in Chapter 21, connect
an output sample of the signal produced by the transmitter to the
vertical channel of an oscilloscope. If the scope has adequate verti-
cal bandwidth and rise time, you need only connect aloop of wire to
a probe from the vertical input; otherwise, a tuning unit connected
directly to the vertical plates is needed. The sweep time of the
oscilloscope must be synchronized with the code speed when a
string of dots is transmitted. This is easier to donow thanin the past
because electronic keyers will generate a constant-speed string of
characters (either dots or dashes). If the transmitter is keyed witha
low voltage (ot in the directly keyed cathode circuits), you can use
a triggered sweep scope locked directly to the key. Connect the
external trigger input of the oscilloscope, turn on the keyer. and
adjust the trigger control of the scope until a stable pattern of

206



several waveforms is displayed on the CRT screen. If the time base
of the oscilloscope is calibrated, you can measure the rise time of
the waveforms directly or just roughitin, looking for a shape similar
to Fig. 11-1B.

BLOCKED-GRID KEYING

The cathode keying of the previous example is not one of the
best systems. Requiring the switching of the final amplifier cathode
current is fraught with difficulty in any event. The blocked-grid
keying system of Fig. 11-4 is a little bit better. In this system, the
grid circuit of the power amplifier sees a high negative bias when
the key is up. The negative voltage is sufficient to bias the final
amplifier tube to cut off. When the key is closed, the blocking
voltage is shorted to ground, causing the grid bias to reduce enough
to turn on the power amplifier. In some cases, there might be a
separate C-bias supply which supplies protective bias to the final
amplifier. In other cases the grid return resistor R3 is merely
grounded. The typical design calls for R1 and R2 to have very high
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Fig. 11-4. Simple grid
block keying.
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values (at least 400-K ohms), and that R1 be 10 times the value of
R2.
The keying waveform is controlled by the RC time constant

produced by R2 and C1. When the key is up (open), capacitor C1
charges to the cutoff bias point, keeping the tube turned off. But,
when the key is closed, it shorts out point A, and this causes C1 to
discharge to ground through R2. It will discharge to the bias vol-
tage, which could be supplied by either gridleak or fixed bias supply.

BACKWAVE

If the final amplifier is keyed, and the oscillator is left runningin
an attempt to reduce chirp, it is possible that some energy from the
oscillator, which is applied to the power amplifier grid, will be
coupled to the antenna circuit and radiated. FCC regulations require
that this radiation be suppressed 40 dB or more below the carrier.
The name backwave comes from the fact that the oscillator signal is
heard in the receiver of a distant station when the transmitter is
unkeyed. Neutralization problems serve toincrease backwave radi-
ation.

One solution to backwave is to turn the oscillator on and off
with the key. This must be done carefully, however, espediallyif the
oscillator shares a common power supply with the final amplifier.
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Any regulation problems in the power supply during keying will only
exacerbate chirp problems.

Figure 11-5 shows two methods for curing the chirp problemin
transmitters where both oscillator and amplifier are keyed simul-
taneously. Both of these circuits cause the oscillator to turn on a
fraction of a second ahead of the final amplifier, giving it time to
produce a stable frequency. Such a system is sometimes called
differential keying, perhaps alluding to the turn-on time differential
between the oscillator and amplifier.

The circuit in Fig. 11-5uses an RC time constant but no active
components. Note that the grid leak bias for the osdcillator is re-
turned to the cathode, instead of ground. Furthermore, note that
the final amplifier grid leak is returned to ground. These stages will
come to full operating level when the cathode-grid potential be-
comes sufficiently small. In this circuit, make the cathode more
positive than the grid. The cathode voltage is developed across
capacitor C1. With the key open, Ec will be high enough to turn off
the oscillator. When the key is closed, this capacitor will discharge
through resistor R1. When the voltage across C1reduces alittle bit,
the oscillator will turn on. But it takes alarger reduction in order to
turn on the amplifier, thereby inducing the time differential.

A more common form of circuit is shown in Fig. 11-6. In this
circuit, a high negative voltage is applied to the grids of both the final
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Fig. 11-6. Another differential keying method.
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amplifier and the oscillator stages. The voltage must be high enough
to turn on the zener diode and bias the oscillator to cutoff. When the
keyis closed, the zener immediately shuts off, because the potential
is no longer greater than V.. This will turn on the oscillator im-
mediately, but the amplifier sees an RC time constant in its grid
circuit. The capacitors in the grid block circuit have been charged to
a voltage high enough to cut off the amplifier tube. These must
discharge through the resistors and the key contacts. The exponen-
tially rising waveform of Fig. 11-1B is obtained because these
capacitors will discharge according to the exponential manner of
capacitor-resistor circuits.

The differential keying system will produce some chirp if the
time constants are not correctly adjusted. The solution to this
problem lies in checking for operation when the zener diode is
removed from the circuit (open). If there is no chirp then, probably
no chirp will exist in the transmitter output with D1 in the circuit.

BREAK-IN OPERATION

High-speed (don’t laugh, data transmission freaks) CW opera-
tions require the ability for the receiving operator to interrupt the
transmitting operator. This is done to get a reread of missed
portions of the message, or for other purposes known to operators
who do such things. Reception must be possible to detect the
break-in request between Morse code characters. The breaking
operator will usually transmit a couple of dits or one long dah to
signal the transmitting operator. These signals must be detectable
between the transmitted characters. This be done by turning on the
receiver when the transmitter is off, and turning the receiver off
again during times when the transmitter is actually keyed. Simply
use a second antenna for receive and hope the receiver recovers
sufficiently from the overload caused by the transmitter to hear the
other station.

Figure 11-7 shows a simple break-in system. Vacuum tube V1
is connected as an electronic TR (transmit/receive) switch. The
switch is connected to both the antenna and the transmitter input.
When the transmitter is off, the circuit operates as a cathode
follower for the receiver. The antenna signal is available on the
cathode and is passed to the receiver antenna terminals. When the
transmitter is keyed, though, the rf signal is large enough to bias V1
to cutoff. This attenuates the signal to the receiver considerably;
however, it must be attenuated further by placing a capacitor across
the antenna line. This capacitor is connected to the circuit by a pair
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Fig. 11-7. Electronic T-R switch for break-in operation.

of terminals on the transmitter keying relay. In the receive mode,
these terminals serve to ground the rf gain control inside of the
receiver. To modify a receiver for full break-in requires us tolift one
end of the rf gain control and bring it out to an extra potentiometer
(Rv). Most receivers of the tube variety use the cathode bias of the
rf amplifier as the source of the rf gain. When the relay contacts are
shorted, the bias is normal and is controlled by the rf gain control.
On transmit, R» is shorted, inserting an additional resistance in
series with the rf gain control, and reducing the rf amplifier sensitiv-
ity.
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Chapter 12
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Speech Amplifiers

All radiotelephone transmitters require some form of speech
amplifier ahead of the modulator. The speech preamplifier circuits
of this chapter are applicable to any of the modulation/modulator
chapters to follow. The speech amplification system contains sev-
eral different components that must work together to produce the
audio signal at the input of the modulator section: the microphone,
amplifier stages, frequency response shaping, and in some cases,
clipper/limiter stages.

The frequency response of the audio amplifier will affect the
output signal considerably. In amplitude modulation, and its single
sideband cousin, the bandwidth of the signalis directly related to the
frequency response of the modulator/preamplifier stages. If the
audio sections of the transmitter have a frequency response of 2.5
kHz, the bandwidth of the AM transmitter will be 2 x 2.5 kHz, or 5
kHz. Similarly, the bandwidth of the SSB transmitter emission will
be 2.5 kHz. In FM two-way communications, itis the usual practice
to limit the bandwidth of the audio signal to the 300 to 3000 Hz
range. But in FM broadcasting, the audio bandwidth is 15 kHz
(more if the transmitter is stereo, because it has to account for L-R
subcarrier modulation to 53 kHz). Broadcasters in the AM band are
required to trim the audio bandwidth to 5 kHz, allowing a 10-kHz
channel width.

MICROPHONES
The microphone is an important link in a two-way communica-
tions system. Radio amateurs are sometimes a little haphazard
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when they select microphones for their transmitters. Several diffe-
rent types of microphone are available and these have different
properties.

Frequency Response

One property of all microphones is the frequency response.
For high-fidelity broadcasting this becomes a little bit more critical,
and some broadcast-grade mikes cost proportional to their fre-
quency response. In two-way communications work, though, a
microphone needs only be flat (or atleast relatively so) between 300
and 3000 Hz. Almost all available commerdal microphones will meet
this specification.

Directivity

Another property is the directivity of the microphone. In some
application, one wants an omnidirectional (all directions) or cardoid
(heart-shaped pattern) microphone. These will pick up sounds com-
ing from a wide angle. This could prove to be a problem in com-
munications work. The operator might not want to pick up any
other audio sources than his voice. For this reason, directional or
unidirectional microphones are desirable for two-way work.

Some communications microphones are designed to eliminate
extraneous noises from the environment. For instance, mobile
operation and aircraft cockpit operation tend to have high ambient
noise levels. Two methods can be used to desensitize the mic-
rophone to local noise. One of these is to make the microphone
hyperdirectional, meaning that it will only pick up the sound that
enters directly into a small slit or collection of tiny holes in the
speaking face of the microphone. Sound from other directions is
highly attenuated. The other method is to select an internal mic-
rophone element that is not as highly sensitive as normal. In that
case, the output component due to the environmental noise is less
than the operator’s voice signal. In both cases, the operator is
instructed to speak directly into the microphone, or “swallow” the
mike.

Several different types of microphone are commonly used in
electronic communications. As classified by the element style,
these are carbon, dynamic, crystal (piezoelectric), and electrotet
(condenser).

Carbon Microphones

The carbon microphone was one of the earliest types used in
communications. Although it has been largely eclipsed by other
designs in modern equipment, a lot of carbon microphones are still
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in service and are still being sold. The telephone mouthpiece was a’
carbon button for many decades. The construction of a typical
carbon microphone is shown in Fig. 12-1A. The actual microphone
element consists of a small pot full of carbon granules, loosely
packed. When an acoustical (audio) wave hits the diaphragm, the
granules are compressed and released in step with the variations of
the audio wave. This creates a varying electrical resistance across
the element that follows the acoustical wave.

Making a carbon microphone work properly requires an exter-
nal circuit consisting of a small power source (battery E) and either a
resistor/capacitor combination as shown or an audio transformer.
When no sound is hitting the element, its electrical resistance is
constant. This causes a constant current to flow in the series circuit
made by the element with resistor R1. The voltage drop across R1
is the constant under that condition. When an acoustical wave hits
the element and causes the element resistance to vary, the current
through the element and the resistor will vary also. This produces a
varying voltage drop across R1 that follows the variations of the
acoustical signal. It’s an audio signal made from the acoustical wave
hitting the element. Capacitor C1is used to keep the DC component
across R1 from getting into the microphone preamplifier circuits. In
many cases, the resistor was replaced with a small interstage audio
transformer. In those cases, the varying current produced by the
element resistance creates a varying magnetic field in the trans-
former. Thatinturnis reflected as the output voltage changes at the
transformer secondary.

The carbon microphone has several advantages. One s that it
is more rugged than some of the other microphone types. It pro-
duces a relatively high output voltage, so its output signal requires
little amplification before being applied to the modulator. The car-
bon microphone also hasits share of problems. The carbon granules
sometimes become packed and will not compress anymore when
acoustical wave strikes the diaphragm. This reduces the audio
output to an almost negligible level. Two-way radio operators who
use these microphones soon learn the trick of smacking the mic-
rophone against the dashboard or against the side of a desk toloosen
the granules inside the microphone element. Repair technicians
might wince at that techniques, but it works! Another problem is
that the carbon element sometimes produces a frying sound when
the DC bias current pass through it. This hash has to be filtered in
the modulator stages of the transmitter to prevent it from being
radiated.
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Fig. 12-1. Carbon microphone at A and dynamic microphone at B.

Dynamic Microphones

The dynamic microphone requires no power supply, but it is
generally less rugged than the carbon microphone. The dynamic
element is very much like a permanent-magnet loudspeaker oper-
ated in reverse. In fact, if you connect a loudspeaker to the input of
an audio amplifier, allowing an impedance matching transformer to
boost the voltage output from the loudspeaker coil, you will find out
just how good of a microphone can be made from a loudspeaker.
Most intercoms, and not a few two-way hand-held portable radio
transceivers use a loudspeaker for both “talk” (transmit) and “lis-
ten” (receive).

Figure 12-1B shows the basic configuration for a dynamic
microphone. A lightweight coil of wire is mounted to the back of a
diaphragm. The coil is positioned inside the field of a permanent
magnet. When the coil is stationary, as when there is no sound,

215




the magnetic field does not affect the coil at all. But when the coil is
set in motion as sound strikes the diaphragm, the magnetic field
induces a current in the coil. This current is the low-level audio
signal available at the output of the microphone.

The output level of a typical dynamic microphone is very low.
You might see output figures quoted in the — 50 to — 60 dBm range.
The output impedance of most dynamic microphones, like that of
the carbon microphone, is low.

Crystal (Piezoelectric) Microphones

The crystal microphone is used extensively in radio communi-
cations. Piezoelectricity is the generation of electrical energy by
mechanical deformation of a solid material, and this phenomenon
makes possible crystal-controlled frequency oscillators. When cer-
tain crystalline materials are deformed, a voltage will appear across
the deformed surfaces. In microphones, the crystals used will be
Rochelle salts or a man-made ceramic containing materials such as
barium—, or zirconium-titanate. Most communications microphones
are of the ceramic construction. These microphones are very rug-
ged and do not respond too much to changes in temperature and
humidity (humidity kills carbon microphones).

Electrotet (Condenser) Microphones

The electrotet consists of an insulator that contains a perma-
nent (well, not really all that permanent) electrical charge. The
diaphragm forms a pair of capacitor plates with the insulator as the
dielectric. When the diaphragmis distended by the acoustical wave,
the capacitance changes. In any capacitor, because the voltage
across the capacitor is proportional of the charge (fixed in the
electrotet insulator) and the capacitance (varies with the sound),
the output voltage will vary with the sound wave. Most electrotet
microphones contain a small battery to power a JFET preamplifier.
The typical output impedance is the source resistance of the
preamplifier, or about 1000 ohms. Most electrotet microphones are
not rugged enough for mobile operations. Both heat and humidity
canaffect the electrotet element, but such microphones are suitable
for base station operation.

SPEECH PREAMPLIFIERS

The output of most micrphones is too low for direct use in the
modulator of a transmitter. A high-level broadcast modulator might
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want to “see” anywhere from 1 volt to tens of volts at the input. The
preamplifier stage must develop the output of the microphone to a
point where it will drive the modulator.

Let’s consider a hypothetical situation. A radio transmitter
requires a signal of 0 VU at the input to the modulator. A VU is a
volume unit. It is a power decibel measurement in which 0 VUis 1
milliwatt dissipated in a 600-ohm load. The VU can be calculated for
any given power level using the well-worn expression:

— —P
dBvw = 10logiwo [0-001 W]

If the power level, P, is less than 1 mW, the VU rating is
negative. If P is greater than 1 mW, the VU is positive. A typical
dynamic microphone might have a rating of —55 dBm (decibel
related to 1 mW), so a gain of 55 dB must be provided from the
preamplifier.

Figure 12-2 shows the circuits for bipolar transistor
preamplifiers. The circuit shownin Fig. 12-2 uses a PNP transistor
in the bias dircuit configuration for negative-ground operation. This
means that the crcuit is compatible with mobile battery power
supplies.

The bias network consisting of resistors R3 and R4 sets the
operating conditions of the transistor (Q1). For speech amplifier
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Fig. 12-2. PNP speech amplifier.
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Fig. 12-3. NPN speech amplifier.

purposes, the transistor s biased for class-A operation. Resistor R2
is for thermal stabilization of the transistor. The emitter bypass
capacitor (C1) is used to set the low-frequency response of the
preamplifier. Select a value for C1 which will provide a reactance
that is one-tenth of the resistance of R2. In this case, it's 82 ohms. It
is important in single sideband and AM transmitters to prevent the
low-frequency information from modulating the transmitter. This
becomes a matter of the frequency/power distribution in the mod-
ulated envelope.

The output signal is developed across resistor R1. Because
this is a negative ground system, and Q1 is a PNP device, the
collector load must be grounded. There is a normal quiescent
current flowing in the collector of Q1, and this will create a voltage
drop across resistor R1. This is a DC component, so coupling
capacitor C2 is needed to keep the DC voltage from affecting the
next stage.

Input coupling capacitor C3 prevents the loading of the bias
network from Q1 by the microphone dircuit. But capacitor C4is part
of an rf suppression network along with resistor R5. The high rffield
produced by the transmitter can easily create a signal into the input
of the modulator. This will create rf feedback that will broaden the
bandwidth of the transmitter emissions and raise all kinds of fuss
(you ought to hear it on the air). C3/R5 forms a low-pass filter that
will reduce the amplitude of the rf signal but does not affect the audio
signal much at all. The effect of 5.6K ohms and 390 pF on audio is
essentially negligible. Potentiometer R6 is the microphone gain
control.
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AnNPN version of the same circuitis shownin Fig. 12-2. Most
of the components in this circuit have counterparts in the previous
circuit. Note that due to the reversed polarity, the collector load
goes to the positive side of the power supply. In the negative-
ground situations considered here, the hot side of the power supply
(if such is even a valid concept) is positive.

The transistors used for either Figs. 12-2 or 12-3 can be any
medium-beta silicon device. The original transistors for these
amplifiers are 2N3904/2N3906 devices for NPN/PNP, but there
should be little trouble experienced with hobbyist/service-
replacement line transistors.

A small collection of field-effect transistor audio preamplifiers
is shown in Figs. 12-4 through 12-6. The circuit in Fig. 12-4 uses a
simple junction field-effect transistor JFET). This particular circuit
is an N-channel, which is the most commonly employed in
negative-ground operation. The JFET is more like a vacuum tube in
its characteristics, so the circuit looks much like a vacuum tube
preamplifier. The microphone signalis applied directly to the gate of
the JFET through a potentiometer that serves as the microphone
gain control. This potentiometer should have a value of 100K ohms
for low-impedance (Z) microphones and 1 megohm for high-Z
mikes. Note that the 1 megohm value will also work with the low-Z

microphone, so there’s good cause to use 1 megohm to universalize
the circuit.
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Fig. 12-4. JFET speech amplifiers .
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Fig. 12-5. JFET speech amplifiers.

The bias on the JFET is provided by a resistor between the
source and the ground. This is analogous to the cathode bias
generally used in low-level audio voltage amplifier vacuum tube
circuits. The channel current flowing in the JFET produces a vol-
tage drop across the source resistor. This voltage drop becomes
the bias voltage for the gate-source of the JFET. The goalis to keep
the gate more negative than the channel to make the gate junction
reverse biased. Placing a small positive potential on the source
while simultaneously placing the gate at effectively ground potential
accomplishes the same goal. Making the source more positive than
the gate is conceptually the same as making the gate more negative
than the source.

The frequency response of the stage is set by the bypass
capacitor across the source resistor. As with the previous case, the
value of the capacitor must be correct to shunt the resistor with a
reactance equal to one-tenth of the resistance at the lowest fre-
quency of operation.

The output circuit consists of the drain terminal of the JFET,
the 2.2k ohm load resistor and the coupling capacitor C2. The JFET
is a transconductance device. This means that the microphone
voltage applied to the gate terminal will cause changes in the drain
current. The load resistor is used to convert the JFET drain current
variations into proportional voltage variations. The voltage signal is
coupled through C2 to the stages that follow.
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A slightly different JFET circuit is shown in Fig. 12-5. In this
circuit, however, no microphone gain control isin the input; the gain
of the stage is fixed. You might connect a potentiometer either in
the output (as shown in the optional circuitry) or in a following stage.
Both of these circuits will work with any of the garden-variety JFET
devices, such as the popular MPF102.

The last JFET circuit is the MOSFET (metal-oxide sen.con-
ductor field-effect transistor) circuit of Fig. 12-6. Most of the
elements of this circuit are analogous to Fig. 12-4. There is, how-
ever, a second gate in this circuit. The second gate is biased on by a
resistor voltage divider network, but it can also be used as an
automatic gain control (agc) terminal. This agcis sometimes usedin
radio transmitter speech amplifiers to keep the modulation level
constant, thereby compensating for variations in the radio
operator’s voice level. In those circuits, the audio in some later
stage would be rectified to provide a DC control voltage. This
voltage will be applied to gate G2 in a polarity that will increase the
gain of the stage when the audio level drops and will decrease the
gain when the audio level rises.

Integrated circuits play a large role in all areas of electronic
technology. Large strides have been made in so many areas thatitis
doubtful that any form of radio equipment will escape using an IC.
Some IC preamplifier circuits will be discussed here. After all,
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Fig. 12-6. JFET speech amplifiers .
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somebody will soon be manufacturing complete transmitter audio
system ICs containing all needed stages for any type of transmitter.

The use of an operational amplifier (op amp) as a speech
amplifier is shown in Fig. 12-7. The operational amplifier is a
wonderful little device that allows almost everyone to become a
solid-state circuit designer. This little device has a very high open-
loop (all feedback resistors open) voltage gain. The theoretical
operational amplifier has aninfinite open-loop, and practical op amps
have gain figures in the 20,000 to 2,000,000 range. The gain of the
closed-loop stagesis controlled solely by the ratio of the feedback to
the input resistances. In the drcuit shown, the gain is set by the
ratio of (R1 + R2)/R3.

The operational amplifier is differential. This means that it has
two inputs, each of which has an equal but opposite-polarity effect
on the output signal. The inverting input produces an output signal
thatis 180 degrees out of phase with the input signal. The noninvert-
ing input produces an output signal that is in phase with the input
signal. The drcuit configuration selected here is the inverting
amplifier (the signal is applied to the — input), so the output signal
will be 180 degrees out of phase with the input. We do not have the
space here to go any deeper into operational amplifiers so for those
who desire a deeper understanding, let me recommend TAB book
No. 787, Op amp Circuit Design & Applications and TAB book No.
856, Master Op-AMP Applications Handbook by Harry Fox.

The operational amplifier is designed to operate from bipolar
power supplies. In the industry standard pinouts devices—the 741
shown uses the “industry standard” pin connection—there are two
power-supply terminals. Pin No. 4 is the Vee and is intended to be
negative with respect to ground. Pin No. 7isthe Vecandis supposed
to be positive with respect to ground. In many amateur radio
applications, however, we are constrained to monopolar operation
in which the negative terminal of the power supply is grounded. We
can make this circuit operate in those cases using the bias resistors
shown connected to the noninverting (+) input. These resistors
have a value between 2K ohms and 10K ohms and are used to place
the (+) input at a potential of ¥2-Vec. This will allow us to ground the
Vee terminal and connect the Ve to a voltage of +8 volts to +18
volts.

When an operational amplifier input is biased to allow opera-
tion such as Fig. 12-7, the output terminal is also set at the same
voltage (¥%-V«, in this case). This means that a DC-blocking
capacitor is needed in the output (C3); otherwise, the potential
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Fig. 12-7. Op amp speech amplifier.

applied to the next stage will contain a 4 to 9 volt DC component.

The 741 family of operational amplifiers is designed to be
unconditionally stable. What this means in lay language is that they
“kick the pants off” the frequency response. A 741 that operates
much over 8 kHz s a rarity. There are op amps that operate in the
higher frequency ranges, but these must be compensated with
external capacitors or RC networks, in order to narrow the fre-
quency response. Since we are concerned solely with a frequency
response under 3 kHz, the 741 is adequate for our purposes.

Theoretically any gain up to the open-loop gain of the device
can be obtained; however, there are practical limitations to this
circuit caused by problems in the mass production of operational
amplifiers—or any IC for that matter. Limit the practical gain from
the circuit to under x 200. If you want to obtain more gain, consult
the books listed earlier to tricks and techniques in operational
circuit design, especially the sections on offset nulling.

A noninverting amplifier drcuit is shown in Fig. 12-8. This
circuit is intended for bipolar operation and is therefore suitable for
mobile applications. One very well respected magazine in the
amateur radio area insists on publishing all op amp circuits in the
monopolar configuration, using the lame excuse that the bipolar
circuits won't operate in mobile applications. But that is just plain
stupid once you consider that 99.9999 percent of all mobile rigs are
commercially made and the operational amplifier works best in
bipolar circuits, and monopolar circuits just cannot get the most out
of the op amp. Besides, the bipolar circuit produces no DC offset in
the output. When there is zero signal at the input, the output voltage
is zero.
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Fig. 12-8. Op-amp speech amplifier.

The gain of this circuit is set by the same method as in the
inverting case: the ratio of the tworesistors. Butin the noninverting
amplifiers, the gainis (R1/R2) + 1. At high gains normally expected
of microphone preamplifiers, the “+1” factor becomes almost neg-
ligible, but at lower gains a significant error will result if the “1” is
dropped.

The signal applied to the noninverting input of this preamplifier
is from the secondary of the interstage transformer. If this trans-
former provides any voltage increase because of its turns ratio, the
overall gain of the circuit will be higher by the turns ratio factor.
When the microphone gain control is at maximum, the gain is:

- e

The transformer can be deleted (see Fig. 12-8inset), but onlyif the
overall gain of the stage is small or the operational amplifier is a
premium type in which the input bias currents are small. Those bias
currents will create a DC offset voltage when they flow through a
resistance. The transformer secondary has alow DC resistance so
this effect is of little importance. In the nontransformer version,
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though, the resistance of the microphone gain control can be sig-
nificant, and a DC offset might exist. Of course, this offset can be
handled, and you are referred to the previous references.

Microphone preamplifiers are usually located inside the trans-
mitter in amateur applications. Some CBers and not a few radio
amateurs, however, are prone to using power microphones. One
has to doubt the wisdom of that course of action, when he considers
that the manufacturer of the transmitter in all likelihood provided
sufficient preamplification to 100 percent modulate the transmitter
using any standard microphone. The use of additional microphone
gain would overmodulate the transmitter. With CB rigs, the man-
ufacturer normally includes a modulation limiter stage to counteract
the use of these devices.

There is one type of operation, however, in which an external
microphone preamplifier is justified, and that is when the mic-
rophone and operating position are remotely located from the actual
transmitter. In that type of radio station (typical of broadcasting and
commercial base stations) the level of the microphone signal needs
boosting prior to sending it over a long line to the transmitters. All
microphone lines wil pick up a certainamount of 60-Hz hum from the
power lines. In short runs, the microphone signalis usually so much
higher inlevel that no one can hear the hum. Inlong runs, however,
the signal is attenuated, while the hum pickupisgreatly increased. In
those cases, we want to boost the audio signal to overcome line
losses and overcome the hum pickup.

CLIPPERS

Many transmitters include a clipper circuit (Fig. 12-9) to pre-
vent overmodulation. The microphone preamplifier (A1) output is
fed to a pair of diodes D1 and D2. These diodes will clamp the line to
0.6 volts, assuming they are silicon, (0.2 volts if germanium diodes

mic[] )

Fig. 12-9. Clipperffitter circuit.
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are used) when forward biased. Diode D1 will clip the positive peaks
of the audio signal, while D2 clipsthe negative peaks. The purpose
of these diodes is to assure a maximum audio signal level is not
exceeded, thereby insuring that the transmitter is not overmodu-
lated.

But this is not for free. When you clip a sine wave, you
generate a lot of harmonics. These harmonics distort the signal fed
to the modulator and will cause a great deal of splatter in the emitted
signal produced by the transmitter. The RC network that follows
the clipper is used to remove these harmonics. The RC circuitis a
passive low-pass filter. All RC low-pass filters produce a severe
attenuation of the output signal. This signal must be again built upin
fixed gain stages that follow the filter.

Figure 12-10 shows the circuit for a unity-gain (no loss) filter
circuit that could be used to replace the RC network in modulation
limiter stages. This circuit is an operational amplifier active filter.
The active filter should be used in bipolar power-supply circuits,
which is not unreasonable in fixed station equipment. The filter
components are R1/R2/C1/C2. The 1 uF input capacitor isusedto
block the DC level that might exist at the output of the preamplifier
or the level across the diodes. In many cases, this capacitor is
deleted. Similarly, the purpose of the 100K ohm resistance to
ground is to form a resistance across which to generate the audio
signal from the capacitor. If the capacitor is deleted, then sois the
resistor. Active filter circuits can be built with gain. This is done by
removing the short between the output and the inverting input and
replacing it with a resistor network. But the gain filters become a
little bit more complicated.

VOX CIRCUITS

There are three ways to turn on a radio transmitter: operate
the front panel transmit switch, press a push-fo-talk button on the
microphone (often merely a switch wiredin parallel with the trans-
mitt switch), or speak directly into the microphone and actuate the
voice-operated exchange (VOX) circuit. A VOX is a circuit that
detects the presence of audio in the preamplifier circuit and uses
that neat information to decide to turn on the transmitter. This frees
the operator’s hands to do other things. Of course, one has to bea
little careful with a VOC. This morning on 20 meters, I heard the
following exchange: “Herbie! Breakfast is ready!” “OK, hon. Il be
right up—nothing doing on the band anyway!”

The circuit for a typical VOX circuit is shown in Fig. 12-11. A
three-stage transistor amplifier is used to turn on the transmit-
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Fig. 12-10. Active low-pass filter for 3-kHz bandwidth.

receive relay (K1). In the normal receive mode, transistor Q1lis cut
off, Q2 is turned on to saturation, and Q3 is turned off. Let us first
consider only the VOX-trip circuit. We will isolate the antitrip circuit
by pretending that point Bis grounded. This will allow us to consider
only the effects of the trip circuit. The audio signal is sampled
through capacitor C1, and this sample is rectified by D1/D2. The
pulsating DC output of the rectifer is applied to the VOX adjustment
potentiometer, R2. The DC voltage at point A is then proportional
to the audio signal. Transistor Q1, the relay trigger, needs to have
0.6 to 0.7 volts at the base base before it will conduct. The VOX
potentiometer is adjusted so that this voltage (E3) is applied to the
base of Q1 when the operator speaks into the microphone, but not
when lower level background noise is present.

When the operator speaks into the microphone, then, E3 goes
greater than 0.7 volts, turning on transistor Q1. This forces the
collector of Q1 to ground. Transistor Q2 is normally fully turned on
by the voltage across capacitor C3. When the operator speaks,
however, the Q1 collector provides a path to ground for the charge
in C3, so the capacitor begins to discharge. When it has discharged
below 0.6 volts, Q2 turns off and its collector goes HIGH. When the
Q2 collector goes HIGH, it will forward bias relay switch transistor
Q3, and this energizes the relay.

Audio from the receiver loudspeaker should not trip the VOX.
An antitrip voltage must be inserted to counteract the sound from
the loudspeaker. This sound will ordinarily create a voltage output
from the trip circuit. As the loudspeaker operates, therefore, sound
enters the microphone, is amplified in the mike preamp, andis then
rectified to form a contribution to voltage E3. If the loudspeaker
outputis high enough, the VOX will trip onitself! We counteract this
by taking a sample of the signal across the speaker voice coil,
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rectifying itin D3/D4 (connected as a negative output rectifier), and
using this voltage to counteract E2 at point A. The actual voltage
(E3) at the transistor baseis then E2-E1. If the antitrip potentiome-
ter (R3)is adjusted so that E1 exactly cancels E2 when the operator
is not speaking and the receiver is active, the receiver audio will not
trip the VOX.

A small VOX delay is provided so that short, transient sounds
will not trigger the VOX. This allows you to suffer a winter cold,
with coughs and sneezes, without letting everyone listening to your
kilowatt rig know that you are sick! The time constant of R5/C3
gives us a little delay in the actuation of the VOX. If the transient
sound drops out before the RC network times out, then the VOX
will fail to fire. If the sound is sustained, the RC network will time
out and the VOX fires normally. Of course, there has to be a
trade-off in this respect. We want the time constant delay long
enough to keep the rig silent during inappropriate transient sounds
in the shack, yet trigger it on the first syllable of the operator’s
transmission. We also don’t want the rig to go back to receive just
because the operator pauses momentarily; otherwise, the operator
would have to go uhhhhhhhh between thoughts.

AnIC VOX circuit is shownin Fig 12-12. The job of comparing
the amplitude of the trip and antitrip signal is performed, interest-
ingly enough, by a comparator IC. A voltage comparator will
examine the voltages at the two inputs and issue an output that
indicates whether they are equal or not. Again, let us assume that
E3is grounded, and the antitripis out of the circuit. Voltage E:.fisa
reference potential that is analogous to the 0.6-volt bias needed to
trip the transistor in Fig. 12-11. The comparator output will be
LOW (point A is at ground potential) if E2 is less than or equal to
E:et. This prevents normal ambient background noise from tripping
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Fig. 12-11. VOX (voice-operated exchange).
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Fig. 12-12. VOX using an IC.

the VOX. When the rectified audio signal is greater than Er, the
comparator output (point A) goes HIGH and turns on the relay
switch transistor. The RC network in the base circuit of the transis-
tor provides the delay function in a manner similar to the previous
discussion. The antitrip signal subtracts from the voltage applied to
the — input of the comparator. It is adjusted to exactly cancel the
contribution of the loudspeaker sound to E2.
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Chapter 13
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Amplitude Modulation

There are four ways that a radio signal can be varied to convey
information. The first of these is by on-off keying. The information
is contained in the existence or nonexistence of the signal. The
carrier amplitude, frequency or phase can be modulated with the
signal containing the information. In this chapter we will discuss
amplitude modulation of the radio carrier signal.

Modulation is the superposition of information on a radio signal
whichis called the carrier. In radiotelephoney, the modulating signal
will be speech—the operator’s voice. There is a classification sys-
tem for the different types of modulation, and now is as good a time
as any to introduce it. See Table 13-1.

In this chapter we will deal with the variety of modulation called
amplitude modulation, with full carrier and both sidebands (A3).
This form of modulation is the type used in the AM broadcast (how
about that!), international broadcasting, and on much of the citizens
band. Few radio amateurs still use AM, however, preferring single
sideband for normal high-frequency operations and FM/PM for
VHF radiotelephone operations.

AM BASICS

Figure 13-1 shows just what we mean when we call this system
amplitude modulation. The waveform in Fig. 13-1A is the unmod-
ulated radio signal, or the rf carrier. In order to simply our arithme-
tic, we are going to state that the frequency of the carrier is 1000
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Table 13-1. Emission Types.

DESIGNATION MODULATION

e o

A0 UNMODULATED CARRIER

Al RADIOTELEGRAPHY, ON-OFF CARRIER CW

A2 AUDIO TONE MODULATED CW (MCW)

A3 FULL AMPLITUDE MODULATION WITH THE CARRIER 8 BOTH SIDEBANDS
A3a | AM, WITH REDUCED CARRIER AND BOTH SIDEBANDS

A3b | INDEPENDENT SIDEBAND AM

A3h $SB, FULL CARRIER

A3j SINGLE SIDEBAND,SUPPRESSED CARRIER(SSBSC)

A4 SLOW SCAN TELEVISION

ASc VESTIGIAL- SIDEBAND (AM) TELEVISION

Fl FREQUENCY-SHIFT KEYED TELEGRAPHY

F2 FM TONE TELEGRAPHY

F3 FREQUENCY-MODULATED OR PHASE - MODULATED RADIOTELEPHONY
F4 FM FACSIMILE

FS FREQUENCY-MODULATED TV SOUND CARRIER

PO PULSE RADAR

kHz. This is right in the center of the AM broadcast band, so don’t
try to tune up there unless the FCC gives you alicense to do so. We
want to impress a 1000-Hz (1 kHz) sine wave (Fig. 13-1B) onto this
signal by amplitude modulation. These two signals are superim-
posed to form a waveform such as shown in Fig. 13-1C. The 1-kHz
sine wave causes the amplitude of the rf carrier to vary in accor-
dance with the waveshape of the modulating signal. The audio
modulating signal algebraically adds with the rf carrer.

We can measure the amplitude modulation of the carrier with
the percentage of modulation. We define 100 percent modulation as
the condition in which the positive peak of the modulating sine wave
causes the rf carrier to drop to exactly zero. At percentages of
modulation that are less than 100 percent, the addition of the two
signals is not so complete, so the positive peak does not quite
double and the negative peak does not quite cause the rf envelope to
drop to zero.

We use sine waves in our discussions because they obey nice,
clean, simple laws that are easy to consider. The math works out to
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Fig. 13-1. Amplitude modulation of a carrier with carrier at A, audio tone at B,
and modulated carrier at C.

be easier, and it allows us to make some standard simplifications.
Figure 13-2 shows a modulated rf signal. The unmodulated portion
of the waveformis section A, and this is the amplitude of the rf signal
if there is no audio signal applied to the modulator. The section
marked B is the point when the negative peak of the audio sine wave
reduces the carrier from its unmodulated value. At 100 percent
modulation, this point would kiss the zero baseline on both sides
(section B would reduce to zero width). The third section, marked
C, is the amplitude when the positive peak of the modulating
sinewave causes the rf carrier to increase. At 100 percent modula-
tion, this peak would be exactly twice its amplitude in section A.

The pattern shown in Fig. 13-2 is representative of what we
would see if we examined a amplitude-modulated rf carrier with an
oscilloscope (see Chapter 21). The carrier signal is sampled (never
applied directly to the scope!), and the sample is applied to the
vertical deflection amplifiers (or directly to the vertical plates) of the
oscilloscope. The carrier is modulated with an appropriate sine
wave, and the scope time base is adjusted to show one or two cycles
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of the modulating frequency. The percentage of modulation can be
measured from the relationship:

Mod. = E=B x 100%
% Mod CT+B X

where C and B are as defined in Fig. 13-2.

O Example:

We examine the modulation envelope of a transmitter using an
oscilloscope. It is found that the amplitude of Cis exactly 7.5 cm,
and the amplitude of B is 1.4 cm. What is the precentage of
modulation?

%Mod. = (C-B)(100%)/(C+B)
= (7.5 - 1.4) (100%)/(7.5 + 1.4)
= (6.1) (100%)/(8.9)
= 68.5 percent
I Cc
B

c-
% % Modulation =

Fig. 13-2. AM Carrier with relationships.

233



] T ———-7

25}- ........ - S e —— — —— - —

Voltage

Y

999 1000 1001

IFrequency (kHz)

Fig. 13-3. Spectrum of an AM signal.

WHAT ARE SIDEBANDS?

Amplitude modulation is a multiplication process, like hetero-
dyning, and this means that frequencies other than the rf carrier
frequency are emitted. The frequencies produced in an ideal (that
perfect transmitter again) AM system are the two original frequen-
cies, and the sum and difference frequencies. The audio frequency,
Fu, does not make it through the rf tank circuits in the transmitter,
so it will not appear at the antenna output terminals. But the radio
frequency, Fu, and the sum/difference frequencies (Ft %+ Fa) will
pass through the tank circuit and are radiated by the antenna.

The spectrum of the emitted signal in an AM system is shown
in Fig. 13-3. Again we are making it easy on ourselves by consider-
ing a hypotherical 1000-kHz transmitter modulated by a 1-kHz sine
wave frequency. Because the audio signal frequency is very much
less than the radio carrier frequency, the sum and difference signals
lay close to the rf signal. The sum and difference frequencies are
called sidebands. The sum frequency, Frt + Fa, is the upper sideband
(USB), while the difference frequency, F« — Fa, is the lower
sideband (LSB).

In the example shown in Fig. 13-3, the modulating signal
contains only a single frequency (1 kHz). The upper sideband will
therefore be a single f signal located at Frt + Fa, or 1000 kHz + 1
kHz, or 1001 kHz. The lower sideband is the difference frequency,
and it appears at 1000 kHz — 1 kHz, or 999 kHz.

The bandwidth of the AM signal is exactly twice the highest
modulating frequency. In the simple case shown here, the modulat-
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ing frequency is a pure, 1-kHz sine wave, so the bandwidth of the
signal is 2 kHz.

Speechis not a simple sine wave, but a complex waveform with
many different frequencies present. Even the most monotonic
voice is actually a complex mixture of fundamental tones and over-
tones (harmonics). Thisis the reason why we canidentify the voices
of different persons, for each contains its unique combination of
resonances and overtones. It is also why two different musical
instruments sound differently when the same note is played. Con-
sider the note A above middle C (440 Hz). If you play a sine wave of
440 Hz, the tone is pure, and there is little coloration, if any. Sine
waves from different sources, but at the same frequency, will
always sound the same. But when a trumpet plays a 440-Hz note A,
it sounds different between these instruments is the harmonics
present. Each instrument will produce its own collection of har-
monics, thereby its own timbre, or coloration.

Figure 13-4 shows what the spectrum of a speech
radiotelephone signal will look like. The sidebands spread out from
the carrier a distance dependent upon the frequency response of the
audio modulator in the transmitter. In normal radiotelephony, the
spectrum of the audio signal is 300-Hz to 3000-Hz, so the signal will
spead out 3 kHz above and below the carrier frequency. Because
the lower limitis 300 Hz (and not DC), however, there will seem to
be a dip in the signal between the upper end of the LSB and the
lower end of the USB, with a peak right at the carrier frequency.
This can be observed on any communications receiver equipped
with a narrow (500-Hz) filter, called a CW filter).

The bandwidth of an AM signal modulated with speech is twice
the highest audio frequency in the modulating signal. In the AM
broadcast band, the modulator is allowed to pass 5000 Hz, so the
modulation bandwidth of the signal will be 2 x 5000 Hz, or 10,000
Hz. Amateur radio transmitters which use AM are generally limited
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Fig. 13-4. Sidebands of an AM signal.
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to 3-kHz audio bandwidth, so the bandwidth of the transmitted
signal is double that, or 6 kHz.

MODULATION METHODS

To amplitude modulate an rf carrier, we must conspire some-
how to change the amplitude of the rf carrier with the audio signal. It
turns out that we can apply the modulating signal to almost any
element of a vacuum tube rf power amplifier and achieve AM. Of
course, these do not all result in equal performance, but they will
produce at least some degree of amplitude modulation.

We can modulate any stage in the transmitter chain, except
the oscillator. If we modulate the final amplifier, whichis usually the
best case, we call the system high-level modulation. If, on the other
hand, we modulate some lower power stage, such as a buffer
amplifier, we have low-level modulation. There are pros and cons to
each system, but it is usually considered best to use high-level
modulation, even though it requires a higher power modulator
circuit. One problem with low-level modulation is that all rf power
amplifier stages following the modulated stage must be linear, so we
cannot take advantage of the high efficiency of class-B or class-C rf
amplifiers in that case.

The plate, screen grid, control grid, suppressor grid, or
cathode of the rf amplifier tube can be modulated. Figure 13-5
shows an example of high-level plate modulation. Yes, this is the
final amplifier. This is probably the best form of modulation and is
considered the most effective system.

The power amplifier portion of this circuit is the same as the
power amplifiers discussed in Chapter 7. But note that the secon-
dary of the audio modulator transformer is connected in series with
the DC high-voltage lead to the plate of the rf amplifier. Trans-
former T1 is called amodulation transformer. The purpose of T1is
to match the impedance of the audio amplifier power output stage to
the plate resistance of the rf final amplifier tube. The audio voltage
(E1) across the secondary of T1 will algebraically add with the DC
high voltage to the rf amplifier. When the audio signal is zero, no
addition or subtraction is taking place, so the DC applied to the rf
amplifier stage is the normal power-supply voltage. When E1 (the
audio sine wave) is positive, however, the voltage at the rf amplifier
anode potential will be Eoc + E1. On negative peaks of the audio
voltage, the rf amplifier anode potential will be Eoc — E1. In 100
percent modulation, in which E1is a sine wave, the peak value of E1
will be exactly equal to Enc. Under this condition, the plate voltage
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Fig. 13-5. Plate modulator.

on the rf amplifier will exactly double on audio peaks and drop
exactly to zero on negative peaks. This voltage must not be allowed
to go negative or go higher than 2Eoc.

A certain amount of audio power is required to modulate the
transmitter. We must know the plate resistance of the vacuum tube
to develop an audio power that will create a voltage equal to Enc
across this resistance. The familiar expression P = E?/R is used.
O Example:

How much audio power is required of the plate modulator to
produce 100 percent modulation of a 1-kW transmitter if the anode
potential, Epc, is 3300 volts and the anode current is 303 mA.

Find plate resistance Ry.

Ry = Epc/Inc
= (3300)/(0.303) = 10,890 ohms

Calculate the amount of audio power needed to develop a peak
voltage equal to Epc across 10,890 ohms:
P« = E¥/Rp
where Pa is the audio power in watts, E is the 7ms voltage across
the secondary of the modulation transformer, and R, is the plate
resistance of the final amplifier tube. Note that since Enc is equal to
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the peak AC voltage across the transformer secondary, then E=
0.70Enc.

P« = (0.707Epc)?/(10,890 ohms)
= [(0.707)(3300)F}/(10,890)
= (2333)%/(10890) = 499.8 watts = 500 watts

The general rule of thumb to remember from this arithmetic exer-
cise is that it requires an audio power equal to one-half of the DC
power in the rf amplifier plate circuit to produce 100 percent
sinuscidal modulation.

PEAK RF POWER

The 100 percent modulated waveform contains apeak rf power
that is four times the unmodulated rf power. When the carrier is 100
percent modulated by a sinewave, the peak voltage on the anode of
the final amplifier tube is 2Eoc (E1 + Enc = 2Enc). Twice the plate
voltage will draw twice the plate current, so the peak plate current
will be 2I,, where Iis the unmodulated DC plate current of the tube.
By the ordinary power equation:

P =1IE

P = @L)QEn)
P = 4IpEDC
Pu = 4Punmod

This does not really tell us much about the average power in
the waveform, however, and it is the average power that does the
work. We can use the DC unmodulated power of the final amplifier
to calculate the amount of audio power required to achieve any
desired percentage of modulation:

_ M?Poc
Pa = .
where Puis the audio power requirementin watts, Mis the percen-
tage of modulation desired, expressedindecimal (50% = 0.50), and’
Poc is the DC input power to the plate of the modulated stage.
O Example:

How much audio power is needed to modulate a 5000-watt AM

broadcast transmitter 85 percent?

Py = M?Ppc/2
= (0.85)%(5000)/2
= (0.73)(5000)/2 = 1,825 watts
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CATHODE MODULATION

An example of a cathode modulator is shown in Fig. 13-6. In
this circuit, the audio power amplifier is connectedin series with the
rf power amplifier DC path, such that the anode of the modulator
tubeis connected to the cathode of the rf power amplifier tube. Anrf
choke and a bypass capacitor are used to keep rf from the power
amplifier tube from getting onto the plate of the modulator tube, and
to maintain a low rf impedance to ground at the cathode of the rf
amplifier tube. Cathode modulation is also called series modulation
in some texts.

Modulation tube V2 is used as an electronically variable resis-
tor. The resistance of its plate-cathode path is made to vary with the
audio signal applied to the grid. Consider the situation when the
modulating signal is a sine wave. On positive excursions of the
wave, V2 will conduct harder, soits plate resistance increases. The
plate resistance variations in the modulator tube serve to vary the
plate current of the final amplifier tube. The plate milliammeter of
the rf amplifier will not be affected because the plate resistance
changes for V2 are approximately equal.

Cathode modulation can also be implemented with power
transistors. If we replace modulating tube V2 with a transistor
power amplifier capable of withstanding the voltages, we can then
use solid-state audio amplifier circuits for the modulator. Like the
vacuum tube version, it is necessary to operate the transistor in
class-A.

The principal advantage of cathode modulation is low cost and
low audio power requirements. A disadvantage is that there is a
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lower rf efficiency in the power amplifier than could be obtained
using the same tube in plate modulation. Also, in the cathode-
modulated scheme, the DC power supply voltage divides between
the modulator and rf amplifier tubes. This means that it is necessary
to use a DC power-supply voltage of twice that required for the
plate modulator.

SCREEN MODULATION

As shown in Fig. 13-7, an audio signal can be applied to the
screen grid of the power amplifier. We need to apply a DC voltageto
the grid that is approximately one-half of its normal unmodulated
voltage, and then supply an audio modulating voltage that will cause
the screen potential to peak up approximately 10 percent higher
thanits normal DC unmodulated value. Screen modulation was once
very popular with in low-power “Novice” transmitters, and man-
ufacturers often made the modulator an add-on accessory for
purchase after the Novice licensee upgraded to at least the General
class license.

The efficiency of the screen grid-modulated rf amplifier is low,
on the order of 33 to 50 percent, depending upon the percentage of
modulation. This can be partially overcome by using a version of
screen grid modulation called controlled carrier modulation. In that
system, DC control voltage is created from the audio signal at the
input of the modulator, and is used to reduce the carrier when the
audio signal amplitude has a low average amplitude. This form of
modulation was used in a long series of Heath beginner’s transmit-
ters that started with the DX-20 in the mid-1950s.
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Other forms of grid modulation include suppressor grid mod-
ulation and control grid modulation. The latter is sometimes called
efficiency modulation.

HEISING MODULATION

The Heising, or constant current, modulation schemeis shown
in Fig. 13-8. This drcuit is a lower cost variation on the plate
modulation scheme, and it cannot attain full 100 percent modulation
of the rf carrier. This circuit operates on the principle of current
division from a constant current source. The DC plate currents
from rf final amplifier tube V1 and modulator tube V1 must both pass
through a high-value inductor, L1, in the DC power-supply line. The
inductance of this choke will tend to maintain a constant current
when the current throughit changes. The currentin L1 (current I3)
is the sum of two different currents: I1 (the V1 plate current) and 12
(the V2 plate current), or I3 =11 + I2.

Vacuum tube V2 operates as a class-A audio power amplifier
and is considered here as an electronically variable resistor. The
plate resistance of V2 changes in proportion to the audio signal
applied toits control grid. When the audio signal is making a positive
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Fig. 13-8. Heising modulator,
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excursion, the currentin the anode of V2increases. Because I3isa
constant, this action can occur only by taking some current away
from I1. So I1 will drop when the audio signal is making its positive
excursion. Similarly, when the audio signal is on a negative excur-
sion, current 12 will drop, allowing I1 to take on a higher value.
Current I1 will then increase on negative excursions of the audio
signal and decrease on positive excursions.

OVERMODULATION AND UNDERMODULATION

Neither overmodulation nor gross undermodulation is desira-
ble. The best possible situation is to always maintain 100 percent
modulation. This is seldom possible in practical situations, how-
ever.

Perhaps the worse of these problems is overmodulation. The
main problem with overmodulation is that it will generate spurious
output frequencies that are calledsplatter. These hash rf signals spill
over into the next channel and cause interference with other ser-
vices.

The major cause of overmodulation is shownin Fig. 13-9. The
modulating voltage should be exactly equal to Eoc when the trans-
mitter is 100 percent modulated. When the modulator is driveninto
more than 100 percent, however, the voltage is greater than Eoc on
the modulation peaks. This means that the actual plate voltage on
the negative peak will be less than zero—a negative plate voltage.
The rf amplifier tube is cut off during this period, and that will distort
the rf modulated waveform and create the splatter. Some transmit-
ters, notably CB models (overmodulation is rife on the CB because
of the widespread use of power microphones), use modulation
limiters to prevent overmodulation.

Undermodulation often occurs when trying to 100 percent
modulate a tetrode rf power amplifier. The cure for this problemis
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Fig. 13-10. Modulation of the screen grid in plate-modulated tetrodes.

to also modulate the screen grid, along with the plate. Figures 13-10
and 13-11 show two methods for accomplishing this goal. In Fig.
13-10, a tertiary winding is used on the modulation transformer.
Most of the circuit is like the ordinary triode plate modulator
discussed earlier. The secondary of the modulation transformer is
connected in series with the B+ high voltage to the anode of the rf
power amplifier. The operation thus far is exactly the same, but
note that there is another secondary winding. This is the tertiary
winding, whichis connected in series with the screen grid SG+ DC
power supply. Capacitor C1 is used to keep the screen grid at alow
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Fig. 13-11. Screen grid modulation.
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rf impedance, as is normally required in tetrode power amplifiers.
The added modulation of the screen grid will allow the amplifier to
be 100 percent modulated.

A second approach is shown in Fig. 13-11. In this case, the
SG+ DC power supply is passed through aniron coreinductor, L1.
Current variations that will normally occur in the screen circuit
under plate modulation conditions create a varying voltage across
L1 as the choke tries to maintain a constant current. These voltage
variations are effectively in series with the SG+ supply and will
therefore tend to modulate the screen grid. This circuit also allows
full modulation of the tetrode vacuum tube.

Another time when undermodulation is likely to occur is in
solid-state transmitters where only the final amplifier stage is mod-
ulated. Figure 13-12 shows a CB transmitter final amplifier/driver
circuit popular several years ago. Transistor Q1is the rf driver, and
Q2is the final amplifier. Modulation transformer T1is in series with
the B+ (12.5-volt DC) supply. Note that the B+ for the driver is
taken from the same side of the secondary as is the B+ for the final
amplifier. This means that both the final and the driver amplifiers
will be modulated simultaneously, and this allows 100 percent mod-
ulation, or nearly so.
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Double And Single Sideband

Two decades ago the amateur radiotelephone subbands were alive
with AM signals. An occasionally heard single sideband (SSB)
operator would be met with some unkind comments from other
users of the band. Today, the superiority of SSB has been given it
the edge over AM by, shall we say, a larger margin. There is.
practically zero AM activity on the amateur bands, at least from
radio amateurs (Radio Moscow and other international broadcas-
ters still pollute the 40-meter amateur band). Commerdial point-
to-point radio stations have used SSB even longer than amateurs,
and well over a decade ago the medium-wave (2 to 3 MHz) marine
channels went SSB. In fact, itis nolonger legal to operate an old AM
transmitter in the medium-wave marine radiotelephone band. All
pleasure boaters are required to use VHF FM for close-to-shore
communications. They only qualify for an SSB license if they plan to
go offshore any great distance.

The citizens band market is also heavily SSB, even though
there seems to be a greater reluctance to “go Donald Duck” among
CBers. This will possibly change as the cost of CB SSB rigs drops
drastically. Now, however, the CB market is split between AM and
SSB users. There have been some gentlemen’s agreements regard-
ing SSB and AM channel assignments, but these are not only
unofficial, they are also disregarded by as many who follow them.

WHAT ARE DSB AND SSB?

In Chapter 13 we considered amplitude modulation (AM). SSB
and DSB are merely specialized forms of AM. Consider Fig. 14-1.
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The spectrum plot shown in Fig. 14-1A s for a normal AM transmit-
ter output. The carrier signal has the greatest amplitude and is
accompanied by two sets of sidebands (LSB and USB). Sidebands
are mixing products between the carrier frequency and the modulat-
ing frequency, representing sum and difference components. For
example, suppose we modulate a 14,300-kHz rf carrier witha 1
kHz sine wave. The output spectrum of the transmitter will contain
three different frequencies: the carrier (14,300 kHz), the sum
(13,301 kHz), and the difference (14,299 kHz). The sum and differ-
ence frequencies are the sidebands. When a complex speech
waveform is used to modulate the carrier, the output spectrum
would contain the carrier and one sum/difference product for each
sine wave frequency present in the complex speech waveform. This
is the situation shown in Fig. 14-1A. The sum products form the
upper sideband (USB), while the difference products form the lower
sideband (LSB).

There are two major problems with the AM signal. One is that
it wastes needed spectrum space, and the other is that it wastes
transmitter power. In the first of these, we must note that the
bandwidth of the AM signal is twice the highest modulating fre-
quency. If, in an amateur transmitter, the modulator passes fre-
quencies as high as 3000 Hz, the bandwidth needed to transmit that
signal is 2 x 3000 Hz, or 6000 Hz (6 kHz). But note that the same
information is repeated in both sidebands. Only one of these
sidebands is needed to convey all of the information present in the
signal; transmitting two identical (but mirror image) sidebands is
redundant.

The transmitting of the carrier and two sidebands is also a
waste of transmitter final amplifier power. The carrier and one
sideband are freeloaders—they are not needed to convey the
information in the modulating signal. True, the carrier is needed to
demodulate the signal at the receiver, but, provided that the
carrier can be reinserted locally in the receiver, it can be elimi-
nated at the output of the transmitter. For a transmitter that is 100
percent modulated with sinusoidal audio signal, the voltage vec-
tors representing the upper and lower sidebands each have an
amplitude of 50 percent of the carrier voltage vector. Power is
proportional to the square of the voltage, so the total power
contained in each sideband is only (%2)%, or % of the power in the
total output signal. Each sideband contains one-fourth of the total
power, and the carrier consumes (gobbles up, is more like it)
one-half of the total power. This tells us that only one-fourth of all
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power transmitted is used to send the information (the modulating
signal); three-fourths are totally wasted.

We gain some of this power back, although none of the wasted
spectrum space, by using a double sideband suppressed carrier
(DSBSC) techniques, as shown in Fig. 14-1B. In this situation, the
carrier is suppressed as much as possible, and only the remaining
sidebands are transmitted. This means that one-half of the power in
the rf output waveform is actually used send the information, and
the other half is redundant.

The two single sideband suppressed carrier (SSBSC) signals of
Figs. 14-1C and 14-1D go along way toward completely solving the
problem. These signals take care of the power waste and the
spectrum waste, The bandwidth of each is only one-half that of the
AM signal in Fig. 14-1A and the DSBSC of Fig. 14-1B.

There are actually several advantages to the SSB (the term
SSBSC is correct, but is usually shortened to SSB in the jargon)
signal. We have already noted the reduction in required spectrum
space. This is the basis, incidentally, for the claims of some CB
manufacturers to having 80 channels. They don’t really have 80
channels; they have the regular 40. But it is theoretically possible for
an LSB carrier to coexist on the same channe] as a USB carrier,
This is actually not always true in practice, however, and presumes
that both transmitters have locked oscillator frequencies, and that
the receivers have very steep filter passband characteristics.
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Our power advantage is obvious. If we are capable of generat-
ing 100 watts of rf power, all 100 watts is used to transmit informa-
tion. In the AM transmitter, only 25 watts (— 6 dB) would be used to
actually transmit needed information. We can either use the power
that we have to greater effectiveness, or reduce the power needed
for communications, which is what the letter of the law requires.

We get one additional advantage to the SSBSC signal: The
carrier is not present, so the signal disappears when there is no
modulation present. On today’s crowded bands, this is significant.
An AM transmitter produces a carrier all of the time, even when
there is no speech present. This creates heterodynes when two or
more carriers are within any reasonable distance of each other.
Heterodyning accounts for the loud, unspeakable howl present all of
the time (even at 3 AM) on CB; 20 million AM carriers are simply
impenetrable!

DSB/SSB GENERATORS

The same circuit used to generate the DSB signal will also start
the SSB signal on its way. The first job in both cases is to remove
that darn carrier. There is one way to accomplish this noble goal:
the balance modulator. Several different types of balanced mod-
ulator are in common use, but they all accomplish the same thing:
They null the carrier out of the AM signal. If the transmitter is a
DSBSC type, the output of the balanced modulator can be sent on
its way to the output final amplifier. Infact, there were afew designs
that used high-level balanced modulators that were the final
amplifiers. If it is an SSBSC transmitter, however, some additional
signal processing is needed (filtering or phasing) in order to rid
ourselves of the unwanted sideband. The filtering and phasing
methods are considered in the next chapter. In this chapter we will
consider only the generation of the raw DSB signal that become the
basis for the SSB signal.

BALANCED MODULATOR CIRCUITS

The goal of any balanced modulator is to remain in balance to
the rf carrier signal when there is no audio present, and to then
become unbalanced to the rf signal when audio is applied. There
are many different ways that this is accomplished, but the most
common are present here.

Many balanced modulator circuits operate as electronic
switches that will toggle in step with the audio signal. When thereis
no audio signal present to toggle the electronic switches, then the rf
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output is zero. Such switches can be placed either in series with, or
in shunt across, the signal line between the oscillator and the stages
that follow.

We will no longer long on vacuum tube circuits, but they must
be covered at least in passing in sort of a genuflection to the older
SSB transmitters still ambling around the used equipment and
hamfest markets. Figures 14-2 and 14-3 shows two popular vacuum
tube balanced modulator circuits. Figure 14-2 is based on a pair of
triodes. In most rigs that used this system, the two triode tubes
were separate sections of a dual triode, such as 12AU7, 12AX7,
etc. The audio signal is applied to the primary of push-pull trans-
former T1 and drives the grids in push-pull (180 degrees out of
phase). The plate circuit of the balanced modulator is also connected
in push-pull, but in this case, transformer T2 is an rf transformer.
To maintain the best balance, this transformer is usually con-
structed with bifilar windings for the primary. Each half of the
primary is wound (interleaved) with the other half. In other words,
turn No. 9 (as measured away from the center tap) of the top half of
the primary is next to turn No. 9 of the bottom half of the primary.

The carrier oscillator signal is fed to the common connection of
the tube cathodes. Capacitors C2 and C3 are selected to present a
low impedance to the oscillator frequency and a high impedance to
the modulating frequency. Itisimportant that C2 = C3 and that they
be matched closely. These capacitors place the grids of V1and V2 at
rf ground potential, so the oscillator thinks that it is looking into a
grounded-grid push-pull stage. The oscillator signal generates two
different plate signals that are in phase with each other. Because
they combine from different ends of a push-pull transformer, how-
ever they cancel each other. Aslongas V1 and V2 are balanced, the
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components contributed by tube are nulled out in T2. When the
audio signal is applied in push-pull, however, it turns V1 and V2 on
and off 180 degrees out of phase with each other. This will unba-
lance the circuit and produce an output signal that contains only the
sidebands. The carrier component is nulled out.

There are normal variations between vacuum tubes, even
identical tube sections sharing a common envelope. Thisis compen-
sated for the carrier balance potentiometer (R1) in the cathode
drcuit.

Figure 14-3 shows the use of a beam switching tubes, such as
the 7360, as a balanced modulator. The 7360 is a beam switching
tube because it uses a common cathode-grid structure to supply an
electron stream to each of two different anodes. The beam is
switched to one anode or another by the potential applied to the
beam deflection plates. In the circuit shown in Fig. 14-3, plate No.
Plis controlled by beam deflection plate B1, and P2 is served by
B2.

The audio signal is applied in push-push to the beam deflection
plates, while the oscillator is applied to the control grid. In many
circuits, the oscillator was designed to use the cathode-control
grid-screen-grid portion of the 7360 as a triode osdillator circuit. In
this particular circuit, however, the oscillator is external to the
7360, and s applied through a coupling capacitor to the control grid.

When the audio signal is zero, the potential on B1is then equal
to the potential on B2, so the electron beamis split equally between
the two anodes. This sets up equal currents in the primary of
transformer T2. This is a push-pull primary transformer, so current
I1is equal to I2. The net current current is I11-I2, so under zero
audio conditions, the net currentis zero. No signal will appear in the
output darcuit because of the cancellation of I1 and I2.

When an audio signal is applied, however, it drives the deflec-
tion plates in push-pull to create a 180-degree out of phase condi-
tion. The electronbeam will be switched back and forth between the
anodes, causing unequal currents to flow in the primary of T2.
Because there is no longer total current cancellation, there will be
an output signal from the secondary of T2. Although the circuit
action is very similar to that of the triode case, it is still possible to
obtain theoretically better suppression of the carrier because of the
closer match in the characteristics of the two halves of the circuit.

Bipolar or field-effect transistors can also be used in the same
kind of push-pull arrangement. A number of balanced modulators
have been designed over the years, but all lacked some of the ability
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to suppress as much of the carrier as the 7360 tube—until integ-
rated circuits took over. The problem had been the difficulty in
obtaining a really good balance with discrete transistors of either
type. But this problem is solved when all transistors are formed at
the same time from the same batch of silicon on the same substrate.
Not only are the initial conditions better in a properly made IC, but
two transistors in the push-pull amplifier will tend to track each
other more closely when the environmental temperature changes.
Both transistors share the same thermal environment, so they will
see the same changes equally.

Figure 14-4 shows an IC balanced modulator circuit. The
three transistors are formed into a differential amplifier configura-
tion. This type of IC is very popular with rf designers and is made
by Motorola, RCA, Fairchild, and others. An example might be the
RCA CA3028 device. Transistor Q1 is used as a constant current
source, so 1 remains constant for afixed input voltage. Currents 12
and I3 are the emitter currents for the differential pair, Q2/Q3. The
collector current for these transistors are I4 and I5, respectively.
In a differential amplifier circuit, current I1 =12 + I3. Because I1
has a constant peak value determined by the amplitude of the
oscillator signal applied to the base of Q1, one of these currents can
be increased only at the expense of reducing the other. Similarly,
14 and I5 can be increased only at the expense of decreasing the
nther current.

The audio signal is applied in push-pull to the bases of the
differential pair Q2/Q3. When the audio signal is zero, these two
transistors are equally biased, so their respective collector currents
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are equal to each other. Because output transformer T2 has a
push-pull primary, these currents cancel each other. The output is
therefore zero. When the audio signal is not zero, however, one
transistor turns on and the other turns off during each half of the AC
signal cycle. The situation reverses on each successive half cycle.
This action is analogous to the action in the triode circuit discussed
earlier. The net result is that the output is nulled when only the
carrier exists and will produce only a DSBSC output when the
audio is applied to T1.

The balanced modulator is little more than a switching circuit,
so diode switches can be pressed into service in balanced modulator
circuits. Figure 14-4 shows two basic types of diode balanced
modulators. The diodes used can be well matched discrete diodes
or IC diodes. Several manufacturers make diode arrays for this type
of service, but the most common is the RAC CA3019 device. All of
the diodes needed for this circuit are contained in a single metal can
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IC package. If discrete diodes are used, they must be well matched.
For simple amateur experiments, matching of the forward and
reverse resistances on an ohmmeter is sufficient, but the best
performance will occur if they are matched on a curve tracer.

The circuit in Fig. 14-5 shows a simple series switch circuit.
The circuit is set up so that no currents will flow in D1 or D2 when
the audio signal is not present. The outputis zero. When the audiois
applied, however, these diodes will conduct out of phase with each
other. On the positive peak of the audio signal, diode D2 is forward
biased, so current will flow. Diode D1is cut off on that half cycle, so
I1is zero. On the second half cycle, the audio signal is negative, so
diode D2is cut off and D1is forward biased. In that case, I1 will flow
in the primary of T2, and current 12 is zero.

Two controls aid in nulling the carrier in this circuit. Poten-
tiometer R1 and trimmer capacitor C2 are adjusted together (they
are often very interactive in practice) for the best obtainable null at
the output under zero audio signal conditions. The carrier is moni-
tored at the output of the transmitter or at the next stage in cascade
with the balanced modulator.

The circuit in Fig. 14-6 uses four diodes and would make more
use of the RCA CA3019 diode array. The rf carrier applied to this
circuit has an amplitude that is approximately 10 times the amplitude
of the audio signal. The oscillator signal is applied through trans-
former T3, while the audio signal is applied through transformer T1.
The output signal is taken from transformer T2. The oscillator
signal controls the switching action of the diodes because of its
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Fig. 14-5. Diode balanced modulator.
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Fig. 14-6. Diode balanced modulator.

greater amplitude. On one-half of the rf carrier sine wave, point A
will be positive with respect to point B. Under this condition, series
diodes D1 and D2 are forward biased, causing equal currents to flow
in the primary of transformer T2. These currents null each other
out when there is no audio signal present. On the second half cycle,
the polarity reverses, so point A is negative with respect to point B.
This makes shunt diodes (D3/D4 forward biased and the series
diodes reverse biased. Again, currents applied to the primary of
transformer T2 are equal, so they will cancel each other.

The audio signal does not control the switching action, but it
does affect the amplitude of the two currents. Let’s consider the
situation in which series diodes D1/D2 are conducting. On one-half
of the audio waveform, the anode of D1 will be more positive than
the anode of D2, so current I1is greater than I12. This unbalanced
current will not cancel totally, and a DSBSC output occurs. The
situation reverses on the negative half of the audio signal, causing 12
to be greater than I1. When no audio is present, however, the two
currents are always equal, so the carrier is nulled.
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SSB Transmitters

Radio amateurs use single sideband transmitters almost exclusively
in the high-frequency range and use it extensively in the VHF/UHF
region. There are two methods for generating an SSBSC signal:
filtering and phasing. A balanced modulator is used to suppress the
carrier (see Chapter 14). In the filtering method the unwanted
sideband is sliced off with a sharp bandpass filter. In the phasing
method the unwanted sideband is mulled to zero by producing it in
two versions that are 180 degrees out of phase.

FILTERING METHOD

Figure 15-1 shows the block diagram to a filter-type single
sideband transmitter. The carrier oscillator, speech amplifier, and
balanced modulator are the same circuits as were discussed in
Chapter 14. The DSBSC output is applied to the input of a very
sharp bandpass filter that is designed so that only ome of the
sidebands will pass. The other sideband is attenuated. Following
the filter is a bandpass buffer amplifier, sometimes called the trans-
mat {-f amplifier. Standard practice is to design SSBSC transmitters
such that the generation of the SSB signal occurs at one frequency,
which will then be heterodyned to the operating frequency.

There are two methods for creating separate LSB and USB
signals. Recall these signals appear on opposite sides of the carrier
frequency, so they occupy slightly different frequency bands. One
technique for separating which sideband is to be transmitted is to
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Fig. 15-1. Filtering method for SSB generation.

use filters of different frequency. The center frequency of the LSB
filter will be approximately 1.5 to 1.8 kHz below the carrier oscillator
frequency, while the center frequency of the USB filter is at a
frequency the same distance above the carrier frequency.

But this method is expensive! The cost of good quality bandpass
filters is quite high, so this method almost doubles the price of the
filter system. It is used in some military and commerical transmit-
ters, but is rarely if ever used in amateur radio transmitters.

In amateur radio transmitters, CB transmitters, and some
other commercial/military transmitters, the carrier frequency is
actually shifted above and below the passband of the single filter
used. If the filter passbandis 3 kHz, it will extend 1.5 kHz above and
below the center frequency. Accounting for the 300-Hz lower limit
of the audio signal, the two carrier frequencies would be 1.8 kHz
above and below the fiter center frequency. The LSB carrier
oscillator crystal will be located 1.8 kHz above the center frequency
of the filter, while the USB carrier oscillator frequency is 1.8 kHz
below the filter frequency. It is then a simple matter of changing
crystals in the carrier osdillator in order to select LSB or USB
modes.

Filter Types

The principal characteristics required of the filter used in the
single sideband exciter are relatively flat response inside of the
passband an a very steep rolloff for frequencies outside of the
passband. Three types of filters are commonly used: LC, mechani-
cal, and crystal. The LCfilters are normally used in SSB generators
that operate in the 40-kHz to 500-kHz range. They consist of
several tank circuit sections that shape the response.
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A simplified mechanical filter is shown in Fig. 15-2, and a
representative frequency response characteristic is shown in Fig.
15-3. Most mechanical filters are made by Collins/Rockwell and
operate in the 200-kHz to 500-kHz frequency range. Mechanical
filters are smaller than LC filters, relatively rugged, and have a Q
factor that is far greater than that obtained by LC filter sections.
The major components of the mechanical filter shown in Fig. 15-2
are the input and output transducers (consisting of moving coils and
bias magnets), resonant metal discs, nickel coupling rods, and
input/output capacitors.

The transducers are used to convert electrical/mechanical
energy. On the input side, the transducer converts electrical
energy from the DSBSC source to mechanical energy that can
vibrate the resonant discs. On the output side, the transducer
converts this mechanical vibration back into electrical signals. The
basic operation of the transducers is the same as that of the perma-
nent magnet loudspeaker or the dynamic microphone. When a

Fig. 15-3. Mechanical filter frequency response characteristic.
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Fig. 15-4. Crystal lattice filter.

signal is applied to the input transducer, it sets up a magnetic field
that will alternately aid and oppose the field of the permanent
magnet. This will cause the coil to move in and out of the center
position, transmitting its motion to the first resonant disc.

The resonant discs operate as series resonant filters. The
energy coupled down the nickel rods and mechanical filter discs will
be peaked up at the resonant frequency of these discs, and very
little is transmitted outside the passband.

The output transducer operates the same as the input trans-
ducer, except that the drcuit action is opposite. The mechanical
vibrations from the output of the mechanical section cause the coil to
move in the field of the permanent magnet, and this induces a
current in the output coil. This coil is developed across the output
capacitor and load.

The resonant frequency of the discs is the center of the
passband of the filter. The measure of the selectivity of the filter is
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the skirt factor, which is defined as the ratio of the passband at — 60
dB to the passband width at —6 dB. In the filter shown in Fig. 15-3,
the —6 dB bandwidth is 3.2 kHz, and the —60 dB bandwidth is 7
kHz. The skirt factor, then, is 7/3.2, or 2.2. Thisis the normal skirt
factor for a mechanical filter with six discs. For the seven-disc and
eight-disc filters, expect skirt factors of 1.85and 1,5, respectively.

The input and output load capacitors are used to resonate the
coils in the input and output transducers to the frequency of the
discs. In many circuits, these capacitors are variable, so that the
passband can be peaked to various load and source capacitance
crcuits. There is no guarantee, for example, that the input of the
amplifier following the output transducer will have a standard
capacitance that will resonate the coil when a fixed capacitance is
used.

Another popular filter is the piezoelectric crystal lattie filter,
shown schematically in Fig. 15-4A. The equivalent circuit is shown
in Fig. 15-4B. This is a single-section filter. Actual crystal filters
used in SSB transmitters might use two or more sections. Actual-
ly, two sets of crystals are in this circuit. Crystals Y1 and Y2 forma
series pair, which must be matched to the same frequency. A shunt
pair Y3/Y4, must be matched to each other at a second frequency.
The frequency difference between the series and shunt pair is the
effective bandwidth of the filter. This can be visualized in Fig. 15-5,
which graphs the effective reactances of the two pairs of crystals as
a function of frequency. These curves are combined to form the
passband characteristic of the filter which is shown in Fig. 15-6.

The graph in Fig. 15-6 is somewhat idealized. In actual prac-
tice, itis difficult to obtain matched pairs of quartz crystals that are
as close as might be desired. Except for commercial filters of high
quality, there is usually a lopsided passbard characteristic that
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Fig. 15-5. Crystal filter properties.
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Fig. 15-6. Crystal filter frequency response characteristic.

should be idealized as much as possible. In some circuits, tuning
inductances or capacitances are used to compensate for some of the
problems.

PHASING METHOD

The phasing methed is not quite as popular as it once was,
because of a substantial decrease in the cost of filters and the
relative simplicitity of the filter system. Phasing was the first sytem
selected by many transmitter manufacturers, and is still seen occa-
sionally. In the phasing system, as shownin Fig. 15-7, the audio and
carrier signals must be split into two quadrature components each.
Quadrature components are out of phase with each other by exactly
90 degrees. These signals are then combined in a pair of balanced
modulators to produce a pair of DSBSC signals. The outputs of the
modulators are then mixed with each other at the input of the output
amplifier. Sideband selection is a matter of phasing. When LSB is
desired, its components from the two balanced modulators will bein
phase with each other, so they will aid—in other words, add to—
each other. The USB components are out of phase by 180 degrees,
so they cancel out. Similarly, when we want to generate the USB,
the USB components from the two balanced modulators are addi-
tive, and the LSB components are subtractive, or 180 degrees out
of phase.

It is simple to make a USB/LSB changeover in the phasing
system. All that is needed is some means for switching the output
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Fig. 15-7. Phasing method of SSB generation.
.

leads of either the audio or rf phase shift networks. Figure 15-8
shows an LSB/USB selector at the output of the audio phase shift
circuit.

In early '60s and late '50s, some regular AM/CW amateur
transmitters were adaptable to SSB by using an external SSB
generator. This system generally used the phasing method and
would take the audio and rf carrier from the transmitter, process
theminto SSB, and then feed the SSB signal back into the amplifier.
Bias changes are generally required in the final amplifier, because
SSB rf amplifiers must be linear, whereas it was common to use
class-C amplifiers for CW and high-level modulated AM circuits.
E.F. Johnson, B&W, and Heath made such adapters for their
AM/CW 180-watt class transmitter. The only real problem with
these systems was the unnerving need to return the phasing exciter
whenever the VFO output of the transmitter was moved even
slightly.
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Fig. 15-8. Simplified diagram of phasing method of SSB generation.
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A TYPICAL SSB TRANSMITTER

Figure 15-9 shows the block diagram of a simplified SSB
transmitter. The SSB generator can be either the filtering or phas-
ing type as discussed earlier.

In this particular transmitter, the sideband selection is by
placing the carrier on either side of the filter passband. A sideband
selector switch is used to determine which crystal becomes the
carrier oscillator frequency control element.

The buffer amplifier at the output of the SSB generator is
sometimes called the transmit i-f, especially in transceivers where
both receiver and transmitter stages are used in the same circuit. If
fact, as a matter of economy, many designs use the same stages for
similar use in both receiver and transmitter. There seems to be little
reason, for example, to have two i-f systems—each with its own
expensive bandpass filter—so why not combine the two?

The SSB generator can only work at one frequency. It is
common practice to specify this as the intermediate frequency of
the transceiver; 455 kHz, 3350 kHz, and 9 MHz are common
selections, although some manufacturers are now using i-fs in the
30-MHz to 50-MHz region. A crystal oscillator and mixer stage are
used to heterodyne the frequency of the SSB generator to the
operating frequency of the transmitter —the amateur bands, in the
case of the ham transmitter. The buffer following the mixer is a
tuned rf stage that is used to suppress the unwanted mixer pro-
ducts. Finally, the driver amplifier to full output.

Many new designs of amateur SSB transceivers no longer
require extensive tune-up procedures. Most of the solid-state final
amplifiers used today are actually broadband linear amplifiers (see
Chapter 8), so they require no tuning. A fixed tuned low-pass filter
will be at the output of the amplifier in order to eliminate any
harmonics that pass through, or are generated by, the final amplifier
stage.

263



Chapter 16
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FM/PM Transmitters

Amateur radio operators have taken to frequency modulation in a
big way. In the late 50s and early 60s, when I was first licensed, FM
was something you learned about if you went to obtain a commerical
license; taxi and police radios were typically FM, and a few FM
stations were on the air. The only amateur radio FM transmitter
that [ can remember was a little 10-meter/6-meter job by Hallicraf-
ters. Some people were also using converted 10-meter tank radios
left over from World War I1. But for the most part, amateur activity
was on AM, with some going over to the new upstart, single
sideband.

. By the mid-60s, however, some West Coast amateurs began
to get into VHF FM in a big way, using converted commercial/
military equipment mixed with a blend of homebrew equipment.
TAB Books author Ken Sessions was one of the first amateurs to go
into FM in a big way, and built one of the earliest VHF FM repeaters
used in the amateur 2-meter band. A repeater will simultaneously
transmit and receive on different frequencies (usually 600 kHz
apart). The receivers in the same system will transmit and receive
on the opposite frequencies. For example, if the repeater transmits
on frequency A and receives on frequency B, then the mobile
stations in the system will receiver on A and transmit on B. This
allows the repeater to pick up and demodulate the low-level mobile
and portable signals and retransmit the audio on its output fre-
quency. The advantage is wider coverage. The receiver in the
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Fig. 16-1. Portable VHF transceiver.

repeater is usually well situated to pick up low-power signals from
all over a region, and will also be heard over the same region. In
contrast, two low-power mobiles would have to be a lot closer
together in order to work each other, yet both could work the
repeater. Therefore, they can work each other through the repea-
ter (wonderful, huh?).

Figures 16-1 through 16-3 show several different types of VHF
FM amateur radio transceivers. Most transmitters used by
amateurs in these bands are, incidentally, in the form of transceiv-
ers. The equipment shown in Fig. 16-1is a hand-held portable unit.
Most of these instruments are called walkie-talkies, but this is in
error because that term is actually a trademark. The hand-held
portable shown here is a relatively sophisticated transceiver that
contains a frequency synthesizer to set the operating frequency. A
front panel keyboard allows the selection of the frequency. This
instrument also has a Touch-Tone® capacility that allows it to inter-
face with autopatch systems in some repeaters. Autopatch is
automatic equipment that connects the repeater to the telephone
lines so the user can make a telephone call while driving. The
autopatch is one of the mainstays of amateur radio public service
because it permits mobile and portable radio amateurs to call police,
fire, rescue, and other public safety officers in the event of
emergency. Amateur organizations never fail to let the public know
about particularly heroic efforts in this vein, of which many exist.

The unit shownin Fig. 16-2is a base station “all-mode” trans-
ceiver. These units permit operation on the 2-meter band with CW,
classical AM, USB, LSB, and FM modes. The rig is VFO-
controlled, which allows it to be set to almost any in-band frequen-
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Fig. 16-2. Yaesu FM/SSB rig.

cy. But because of the nature of phase-locked loops, itis possible to
store the preferred channel frequencies (local repeater channels) in
a memory. A number of these devices on the market now are
microprocessor-controlled.

Figure 16-3 shows a small frequency-synthesized mobile rig
for the 2-meter FM band. Like the previous example, this rig is
synthesized with a VFO and memory unit that allows the previous
example, this rigis synthesized with a VFO and memory unit that
allows setting the channel of operation almost at will. Mobile FM
rigs for the 2-meter band tend to have output powers in the 10 to 25
watt range. Earlier solid-state rigs had power levels suchas 1 to 5
watts, but most produce at least 10 watts of rf output power today.
Some produce more.
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BASICS OF FREQUENCY MODULATION

Frequency modulation, or FM, is the process by which a radio
carrier is varied (modulated) in frequency by an applied audio signal.
The amplitude of the rf carrier remains constant, but the frequency
of the carrier is varied proportional to the applied modulating signal.
FM reception problems and methods are discussed in the compan-
ion volume to this book, TAB book No. 1182, The Complete Hand-
book of Radio Receivers.

Figure 16-4 shows the graph of the FM signal as it varies with
the audio signal. When the voltage of the modulating signal (in this
case an audio sine wave) is zero, the carrier frequency is F. But as
the amplitude of the modulating signal advances in the positive
direction, the carrier frequency will begin to change until it reaches
amaximum at Fn when the audio sine wave reaches its voltage peak.
After the modulating signal passesits peak, however, the frequency
of the carrier will begin to drop again until it is at F' when the sine
wave makes its zero crossing.

On the negative excursion ~f the sine wave, exactly the oppo-
site occurs. The frequency will begin to decrease as the audio signal
amplitude goes negative. The carrier frequency will bottom out at a
minimum of FL when the audio signal passes its negative peak and
will then begin to increase in frequency (back towards F) as the
audio signal amplitude becomes less negative. Over the time that
the sine wave is applied to the modulator, the carrier frequency
will swing back and forth between Fv and Fr in the manner de-
scribed.

Several basic concepts are to be understood in FM systems,
and these are often misunderstood because of their similarity in
meaning. Among these are modulation index and deviation ratio.

il

Fig. 16-3. Yaesu mobile VHF FM rig.
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First, though, let’s define deviation. The deviation of an Fm
carrieris the maximum frequency change between the unmodulated
carnier frequency F and either FL or Fn. In any given FM signal,
there might be positive deviation (F: — F) and negative deviation (F
— Fv). If the transmitter is working properly, and the modulating
signal is a perfect sine wave, then positive and negative deviation
areidentical. The units of deviation are frequency. For example, we
may speak of 8-kHz deviation.

Frequency swing is the total swing from the lowermost
frequency (FL) to the uppermost frequency (Fn). In the case when
the sine wave is perfect, the frequency swing will be exactly twice
the deviation. But if the modulating signal is not symmetrical, the
frequency swing will not be twice the deviation.

Modulation index and deviation ratio are often mixed up, as are
deviation and frequency swing. The deviation ratio is defined as the
ratio of the maximum allowable deviation to the maximum allowable
modulating frequency. The modulation index, on the other hand, is
the ratio of the maximum allowable deviation to the actual modulat-
ing frequency. The only time DI = MI is when the transmitter is
actually being modulated 100 percent by the maximum allowable
frequency. Consider the case of an FM broadcast signal, in which
the deviationis 75 kHz and the maximum allowable audio frequency
is 15 kHz. The deviation ratiois 75 kHz/15 kHz, or 5. The Ml is
dependent upon the actual frequency. If the transmitted audio is 15
kHz, the MI is 5, the same as the DI. But if the modulating
frequency is, say, 1 kHz, the Mlis 75. In FM systems, 100 percent
modulation is set almost arbitrarily. In the AM mode, certain physi-
cal points could be called “100 percent,” such as when the audio
made the carrier drop to zero on negative peaks and double on
positive peaks. Butin FM, no such easily recognized points exist. In
an FM broadcasting transmitter, 100 percent modulation is defined
as a deviation of 75 kHz, while the FM used for broadcast television
audio is 100 percent modulated with just 25 kHz of deviation.
Commercial two-way transmitters can be considered 100 percent
modulated with 5-kHz deviation, and some radio amateurs define
100 percent as approximately 8 kHz deviation, although some also
use the 5-kHz commerdial standard.

FM MODULATOR CIRCUITS

Only a couple of different classes of circuits are used to mod-
ulate an FM carrier. Before we discuss their operation, however, it
is necessary to digress a moment or two and define two different
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forms of modulation that are generally lumped together under the
rubric “FM.” These are true FM and phase modulation (PM). Both
are compatible forms of angular modulation, but only one is actually
FM. Interestingly enough, both will work in the same receiver, so
are considered compatible with each other in most cases.

True frequency modulation causes the frequency of the carrier
to be changed with the audio signal. This mode is also called direct
FM. Phase modulation causes the phase of the rf carrier to be varied
with the audio, but the actual frequency remains the same. This is
sometimes called indirect FM. The advantage of PM was more
apparent some years ago when it was difficult to modulate the
crystal osdillator needed for stability of the carrier frequency. In
PM, the carrier signal could be generated in a rockbound crystal
osdillator. Then a reactance modulator stage following the output of
the osdillator was usedin order to vary the phase of the signal with
the modulating signal.

Note well that the audio modulating frequency controls how
many times per second the rf carrier makes the sweep back and
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Fig. 16-4. FM carrier frequency-vs.-modulating signal curve.
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Fig. 16-5. Direct FM modulator.

forth between the maximum and minimum frequencies. Audio fre-
quency does not affect deviation. Itis the amplitude of the modulat-
ing signal that sets the deviation (see Fig. 16-4 again). The deviation
control in an FM/PM modulator, therefore, sets the amplitude of
the audio signal that is applied to the modulator input from the
speech ampilfiers.

One of the earliest attempts at generating true FM used a
capacitance microphone shunted across the LC tank circuit of a
VFO. It didn’t work too well. Figure 16-5 and 16-6 show two
methods for generating true FM that seem a little more sensible.
The circuit in Fig. 16-5 connects a reactance stage across the LC
tank in the VFO. This circuit stimulates an electronically variable
capacitance because the voltage and current vectors in the drain of
the FET are out of phase by 90 degrees.

Figure 16-6 shows a modulator scheme for true FM that is
more popular in modern equipment that uses crystal oscillators for
frequency control. This circuit depends upon crystal Y1 for the
operating frequency of the oscillator. But all crystals are somewhat
dependent upon the capacitance seen by the crystal for the actual
osdillation frequency. The frequency of a crystal can be pulled as
much as several kilohertz by varying the capacitive load of the
crystal. In the circuit of Fig. 16-6, the variable capacitance is a
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varactor diode. These diodes exhibit a PN junction capacitance that
is a function of the voltage across the junction. If the diode is
connected in a DC-isolated circuit or given a certain reverse bias in
some cases, the capacitance seen by the crystal can be varied by
applying the modulating signal to the diode. This wili vary the
operating frequency of the oscillator proportionally to the audio
signal.

The variable-capacitance diode is linear only over a portion of
its range, so it is not possible to obtain good linear FM with wide
deviation in a single-stage oscillator. It is the usual practice in FM
transmitters to generate a carrier at a lower frequency that is a
subharmonic of the operating frequency. Frequency multiplier
stages are then used to increase the oscillator frequency to the
operating frequency. Fortunately, deviationis alsoincreased in the
same proportion. If we generate the carrier at a frequency that is
1/24 of the operating frequency, we need a deviation at the oscil-
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Fig. 16-6. Direct FM modulator.
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lator of only 1/24 the output deviation. For example, suppose we
wanted to generate a 146.34-MHz signal with an 8-kHz deviation.
The oscillator frequency would be 146.34-MHz/24, or 6097.5 kHz.
The deviation required at the oscillator would be 8 kHz/24, or 333
Hz. Itis alot easier to provide a linear + 333-Hz signal thana linear
+8000-Hz signal using any of the FM/PM modulator systems!
An example of a phase modulator is shown in Fig. 16-7. The
modulator is placed at the output of the frequency generation
circuits, be they phase-locked loop or simple crystal oscillator. In
actuality, this circuit shunts the signal line between the frequency
generator and the stages that follow (usually multipliers).

Two vector components of the signal are at the drain of
transistor Q1. One is the direct signal through capacitor C3, and the
otheris the signal that is phase-shifted through Q1. The Q1 signal is
phase-shifted 180 degrees, but its amplitude varies proportional to
the audio signal at the input. The two signals combine vectorially at
thl\e'l drain of the FET to produce the phase variations required for
PM.

The principal reason that this is considered superior for most
applicationsis that the carrier frequency can be easily generatedina
well controlled signal source such as a crystal osdillator, or a PLL.
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The varactor oscillator method is useful but tends to produce
deviationfigures that are different for different crystals. This means
that its major use is in single-frequency transmitters. The reactance
modulator, on the other hand, yields more consistent results when
frequency changes are desired.

A TYPICAL FM TRANSMITTTER

The block diagram of a typical FM/PM transmitter for use in
the amateur and commercial land-mobile services is shown in Fig.
16-8. The circuits of each block have been discussed elsewhere in
this book, so the material will not be repeated here. Instead refer
back to the appropriate chapters.

The frequency generator stage will be one of several different
circuits, including a single-frequency/multi-frequency crystal osdil-
lator of the classical type, a crystal-controlled PLL, or a lockable
PLL variable frequency oscillator. The first of these was popular
some years ago but is not used much anymore. It requires the
transmitter user to buy crystals for each frequency of operation.
This also means limited frequency availability. While such is not a
problem when you remain close to home—for some, at least—it
becomes difficult when traveling.

The digital PLL became more popular several years ago. The
operator was provided a thumbwheel or some other switch for
setting the operating frequency by changing the “N-codes” of the
PLL circuit (see Chapter 5). In the VFO models, the oscillator is a
variable type that is locked to areference by its PLL circuitry. Most
newer designs have this type.

RF
FREQUENCY _’REACTANCE |, DOUBLER _’TRIPLER | ,| ODOUBLER
GENERATOR MODULATOR x2 X3 x2
SPEECH CLIPPER
AMPUFIER | P ond
FILTER
>
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MICROPHONE FINAL DOUBLER
0 «— " | DRIVER | 00
ANTENNA | AMPLIFIER x2

Fig. 16-8. Block diagram for typical FM transmitter.
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The reactance modulator stage in Fig. 16-8 is the same type of
stages shown in this chapter, although some active device other
than MOSFETs (including an IC) might be used. The speech
amplifier will amplify the microphone output to a level consistent
with the input of the reactance modulator. But there must also be a
clipper/filter circuit. The clipper prevents overmodulation on voice
peaks, and the filter reestablishes the audio “purity” of the speech
signal. This stage might also add some preemphasis, although PM
naturally has a +6 dB/octave rising characteristic.

The doubler and tripler stages following the reactance mod-
ulator build up the frequency of the carrier and widen the deviation
until, at the input of the driver, it has the frequency/deviation
required at the output. It is not usually good practice to require
frequency multiplication of the last stage (s) of a radio transmitter,
as this might increase the harmonic output of the unit. Examples of
frequency multipliers are also shown in Chapter 5.

The final amplifier and driver stages build up the power
amplitude of the signal for useful radiation by the antenna. These are
solid-state amplifiers in most cases. Bipolar predominate, although
VMOS field-effect transistors are beginning to make their dent.
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Tuning and Using Transmitters

There are certain rules to follow when using transmitters. These
are necessary to get the best out of a rig and to prevent interference
with other services. I once knew a radio amateur of especially high
technical competence, who claimed that he could tune up any
commercial transmitter on the market sight unseen! This was not
mere bragging, because the basic principles are the same for all
types within any given class. In the days when that remark was
made, the typical transmitter had only a few controls. Today, it
might be wise to obtain the manufacturer’s service manual, as
many (perhaps most) of the adjustments will be internal. The
modern solid-state transceiver transmitter section is pretty mucha
broad-banded affair that requires little no tuning.

CLASSICAL HF TRANSMITTERS

The classical high-frequency amateur transmitter has vacuum
tube final amplifiers matched to the antenna with a pi-network.
There are always at least three controls in such tuning: bandswitch,
final tune, and loading. In addition, there will also be driver tune or
grid tune and, sometimes, a drive level control on some transmit-
ters. Figure 17-1 shows a Heath HW-101 transceiver that is so
constructed. A line drawing of the front panel is shown in Fig. 17-2.
Several aspects of this front panel need explanation.

Both final amplifier controls (tuning and loading) are concentric
on the same control marked final. The center knob is the funing
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Fig. 17-1. Heath HW-101 tube-type HF SSB and CW rig.

capacitor control, while the outer knob is the antenna loading
control. The driver tuning is connected to the same knob as the
preselector tuning in the receiver section. This knob is immediately
to the left of the final amplifier controls. This control is called grid
tuning in some models.

Some transmitters also have a grid drive level control. This
control is usually a potentiometer that controls the screen voltage of
the driver stage (or some other technique) in order to control the
amplitude of the drive signal to the grid of the final amplifier. In some
solid-state transmitters, the drive level can be set by the collector
voltage applied to the driver or predriver rf amplifier stages. Many
rigs in this class have a high/low power switch (typical of some VHF
FM rigs), in which a resistor is placed in series with the collector
power supply of a stage preceding the final amplifier. This will
reduce the drive level to the final when low power is desired.

Some transmitters also have atune function built into the mode
switch, as does the Heath HW-101 shown here. This will “throttle
back” the final amplifier for initial tune-up. Several different
methods are used to provide this feature. In some transmitters, the
tune function grounds or reduces the SG+ to the screen gridsin the
final amplifiers. Instill others, a higher DC negative bias is applied to
the final amplifier grids to limit the plate current that can flow. Instill
others, the drive level is limited, but this is more common in
transmitters, that use a protective bias, such as a fixed negative bias
voltage on the final amplifier grids. Some transmitters use only grid
leak bias in which the rf drive signal is used to derive the negative
grid bias. In those transmitters, a loss of drive or reduction will
cause the plate current of the final amplifier tubes to rise to a point
where it can possibly damage the tubes.
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Many amateur transmitters, especially those using color-TV
horizontal sweep tubes in the final amplifier, are damaged by keep-
ing the amplifier energized too long during tune-up. At least one
manufacturer (Yaesu) includes a 10-second timer to prevent this
problemin one of its models. For a CW transmitter, itis possible to
press the key down, quickly resonate the final amplifier, and then
key the key up. By letting the key up between successive tune
operations, we give the tubes a critical cooling off period. Interest-
ingly enough, it doesn’t require much cool-off time to save the finals.
If the transmitter has a tune function, you can “roughin” the tuning,
whichis normally the periodin which the transmitter tubes get their
biggest test by using the “tune” function. We then finish off the job
in the CW mode. SW mode is used because there is no carrier signal
in the SSB modes.

Many transmitters will inject a carrier for the CW mode, and
thisis the function of the CW level controlin Fig. 17-2. This will also
control the outpat of the transmitter in the CW mode because it
controls the drive level to the final amplifiers. The keying of many
SSB transmitters that operate in the CW mode is done in the VOX
crcuit In some cases, the VOX relay is directly keyed. In others, a
1000-Hz sidetone oscillator that the operator hears in the speaker
when keying the transmitter is keyed, and the 100-Hz signal is used
to trip the voice-operated switch (VOX) asifit were a speech signal.

The generalized instructions for tuning up a classical transmit-
ter are given below. In this case, assume that the transmitter
contains a milliammeter that will measure either the plate or the
cathode current (essentially the same) of the final amplifier tube.

OPlace the transmitter in fune (if available) or CW modes (if
no tune is used).

[OIPlace the tuning control for the plate of the final amplifier
either at midrange, or at the zone for the band used. Some
transmitters have these zones (see Fig. 17-2) marked on
the front panel. They are approximate indications, not
absolute.

OPlace the loading control at the end of its range in which the
loading capacitor is fully meshed. This might be marked as
the minimum loading or the lightest loading on the front
panel of the transmitter. The transmitter in Fig. 17-2is set
for the correct position to begin loading.

CIIf there is a drive level or CW level control, then set it to

either a preset point selected by the manufacturer, or to
minimum.
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OKey the transmitter. In some transmitters, turning the
mode control to tune will have done this for you. In those
transmitters, you set the mode control to CW in the first
step and leave the key up. Then turn the mode control to
tune in this step. Observe which is the case in any trans-
mitter that you are tuning.

OSet the meter switch to grid and then peak up the driver/
grid tune control. You can now adjust the grid drive/CW
level control for a reasonable grid current, but not the full
rated level. Make sure that the plate current rating of the
tube is exceeded.

DAdvance the loading control for a small increase in plate
current.

OUse the tuning control to once again dip the plate current
to a minimum. This minimum is higher than the previous
minimum.

ORepeat the previous two steps until there is no further
increase in plate current when the loading control is ad-
vanced or the plate current rating of the final amplifier is
exceeded.

ONow bring the drive up or down to set the idling plate
current at the level specified by the manufacturer. This is
sometimes marked on the plate current meter with some
special symbol.

These instructions should obtain an acceptable tune-up on
most typical transmitters. Some of these transmitters, however,
use an rf output meter instead of a plate milliammeter (the Health
HW-series uses both). The units are proportional to rf power, but
are not in watts. It is, therefore, arelative rf power meter. In those
transmitters, use basically the same procedure but tune the con-
trols for a maximum meter reading.

TUNING FM AND CB MOBILE RIGS

Many VHF FM and CB mobile rigs do not have any output
power indicators or plate milliammeters. This, in fact, is almost
common design in many such transmitters. For those transmitters,
only an initial tune-up of internal controls is needed. Typically, an rf
power meter is connected between the antenna and the transmit-
ter. Interestingly enough, itis quite often the case to tune the radio
on adummy load (keeping down the interference) and then connect
it to an antenna of standard impedance. In CB and 2-meter FM
systems, the mobile antennas offered by most manufacturers will
nicely tune to the correct frequency and will present the transmitter
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Fig. 17-3. Drake antenna tuner.

with a 50-ohm impedance. In these transmitters, it is advisable to
tune the internal adjustments for maximum output power.

TRANSMITTER GROUNDING

One of the major areas in which amateur radio transmitters are
not correctly operated is in the matter of antenna/chassis ground-
ing. Many rigs are either ungrounded or insufficiently grounded.
This situation can result in excessive TVinterference. Note that the
FCC will usually be either neutral or onthe radio amateur’s sideina
TVI/BCI dispute #f the transmitter is operated according to “good
engineering principles.” These include proper grounding.

There are two rules of thumb regarding grounding of the
transmitter: Make the ground wire heavy and short. It is almost
standard practice in radio stations to use sheet copper in the vidn-
tity of the transmitter and then run this to ground rods outside the
building. Flashing copper that is used in roofing and available in
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Fig. 17-4. Heath antenna tuner.
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many do-it-yourself stores makes good ground straps for radio
transmitters. The idea is to keep the ground connection low in DC
resistance and espedially low in inductive reactance. A low-
impedance ground is necessary. Keepin mind that at radio frequen-
cies, this means a short, wide ground connection. If the length of the
ground wire approaches Ys-wavelength of the operating frequency,
the ground s likely insufficient. At 15-meters, %-wavelength is six
feet!

ANTENNA MATCHING/TUNING BOXES

The need for an antenna tuner is well known, but most
amateurs assume that its principal application is to match the impe-
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Fig. 17-5. Typical antenna tuner circuit (courtesy of Heath).
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dance of some oddball antenna to the 50-ohm to 75-ohm output
impedance of a typical amateur radio transmitter. This is a proper
use of these devices, but it is not the only use.

Everybody should use an antenna tuner between the transmit-
ter and the antenna. Some manufacturers sell tuners that are
essentially coax-to-coax models that tune out some of the effects of
high VSWR and attenuate any harmonics present in the output! This
is the best reason to use a tuner, and it puts you in a better position
should your transmitter interfere with someone’s TV/radio receiv-
ers.

Figures 17-3 through 17-5 show two antenna tuners and a
typical circuit. The tuner in Fig. 17-3 is the Drake MN-2700, while
Fig. 17-4 shows the Heath SA-2040. The latter is available in kit
form.

The circuit typical of these types of tuners is shown in Fig.
17-5. This particular schematic is for the Heath SA-2040. The input
capacitor is a voltage divider (2 x 125 pF), while the output loading
is a series capacitor. The variable inductor will both tune out some
of the reactance and set the band.

A balun (balanced-unbalanced) transformer is included to per-
mit direct feed to balanced twin-lead transmission lines. There are
three modes of operation; coaxial cable to coaxial cable, single wire
(long wires), and balanced feeders.
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Troubleshooting Transmitters

We all hope that every radio transmitter will work the first time it is
turned on and will continue to work until the day it is retired
honorably from service. But in the real world, we cannot really
expect this to be true. Some amateur radio transmitters, especially
some of the advanced transceivers on the market, should properly
be serviced by the factory or a factory authorized service center. In
many cases, though, you can solve the problem yourself, so the
effort is worth making—provided that you don’t make things worse
for the trying.

THE RIGHT STEPS

If you own a piece of complex commerdally made radio equip-
ment, obtain the service manual for that equipment. In many cases,
the manual is packed with the equipment, and you should keep it.
Few manufacturers supply extra copies once a model is out of the
line. The service manual then becomes archivel from their point of
view, and they do not renew inventory when present stocks are
depleted. Some companies charge a pretty penny for the manual in
order to discourage people people not really qualified from at-
tempting a repair.

Also, be prepared to buy any service extender card kit the
manufacturer offers. If you own a modern transceiver, it is a good
bet that the major dircuits are in the form of a plug-in printed circuit
boards. Itis therefore almost impossible to measure voltages, inject
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signals, or to signal trace without these extender cards, which are
plugged inin place of the actual cards, and then the actual cards are
plugged into the service extenders. This will place each circuit card
at a position that is easier to troubleshoot in. Service extender kits
range from $10 to over $100, but are a good investment if you plan
to repair anything.

Equipment made with plug-in printed circuit boards can often
be repaired most economically by replacement of the defective
board. This is not the elegant approach, and it offends the purist
who wishes to troubleshoot to the component level. But while the
purist is wrinkling his nose at your stupidity for not being able to
thusly troubleshoot the rig, you are getting back on the air. It takes
only a couple of days to send small packages from coast to caost, and
air freight is even faster (and costlier, I might add). While the
troubleshooting snob spends several nights trying to locate a leaky
transistor, or open 0.001 uF capacitor, you are back on the air
enjoying your radio hobby. There is much to be said for both
approaches, but I suggest that you use the PCB replacement
approach unless you are exceptionally qualified in the repair arts.

Learn touse the telephone. Itis usually possible to talk directly
to the service technician at the factory and/or importer who actually
works on the equipment that you own. In some companies, one has
to get mad at the sales manager before being allowed to talk directly
to the service technician, but most amateur equipment companies
will allow you to simply call right into the service department. A
number of companies have a standing policy of trying to troub-
leshoot on the air and will mail out whatever board the technician
feelsis the problem. The usual arrangement s to allow you a credit
on the returned board when received and inspected. This is a good
reason not to butcher the board in any ill-advised repair attempt—
the service technician would be well within rights to refuse you
credit. You will then not receive the refund that you thought was
due will be stuck for the full price of the new PCB.

But please, please, please keepin mind that the service techni-
cian’s timeis a saleable commodity for the manufacturer. Keep your
conversation with the technician short and to the posnt. Thank him or
her for the assistance by letter once the jobis finished, praising the
company to high heavens. If the volume of calls and the time spent
on the phone become too great, company management will be
forced to cancel the call-in privilege. They will keep the call-in
privilege open only if they see a positive public relations return viz
the cost to them.
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SOLDERING

Learn to solder properly. If you think that this is overstating
the problem, and begging the obvious, then you are the number-1,
grade-A candidate for a quickie soldering lesson. It is espedally
critical on printed circuit boards, where a little too much heat or a
little slip or poor technique will lift the tracks from the board, fouling
up the board forever. It is well worth the low price to buy the Heath
continuing education course in soldering. It's only a few dollars.

The subject of troubleshooting anything, transmitters in-
cluded, is simply too broad for any reasonable treatment in one
chapter. Because of this, refer to one of my other TAB books, No.
1194, How To Troubleshoot & Repair Amateur Radio Equipment.
This is not an attempt to make you buy another book, but a blunt
admission that a couple pages cannot do justice to a topic that needs
an entire book.
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Transmitter Safety

No book on radio transmitters, especially if high-power designs are
considered, is complete without a chapter on safety. Transmitters
are electrical in nature and can kill you. I have occasionally been
accused of being alittle too much of an alarmist over safety, a bit too
conservative. Some readers of a magazine article I wrote criticized
my scare tactics on troubleshooting high-voltage power supplies.
They, perhaps, failed to see a little editorial postscript from the
magazine staff. The editor of the manuscript had been working ona
3000-volt power supply for his linear amplifier during the period the
article was being prepared. The line touched the concrete floor and
nearly killed him! Let me repeat that word for emphasis: KILLED.
The kinds of electrical potentials found in radio transmitters are
lethal, and they can easily kill a human being.

One night some years ago, when I was working part-time for
the chief (and only) engineer of alocal AM/FM broadcasting station,
we brought in an electrician to work on the 440-volt three-phase
panel that feeds power to the transmitter. The electrician worked
the panel “live.” We heard an explosion and ran down the basement
stairs to find the electriciandead. That's right: DEAD! His skin was
both red and black in places, and any further description is too
hideous to write about here—and to ever forget. You might want to
use my experience to become “too conservative” and live a lot
longer. One should not be paralyzed by the thought of electrical
shock, but it is necessary to be wary and know what you are doing.
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THE MECHANICS OF ELECTROCUTION

There are two main causes of death by electrical shock: re-
spiratory arrest and ventricular fibrillation of the heart. The former
is not terribly frequent, because the latter would kill you first unless
the path of current crosses the lungs (or a nerve thereto) and does
create sufficient current density in the heart to cause ventricular
fibrillation.

The heart is a muscle and operates as a pump. The muscle
fibers contract in a rhythmic unison that causes blood to be pumped
(see TAB book No. 930, Servicing Medical Bioelectronic Equip-
ment). Ventricular fibrillation (V.Fib) is a condition in which the
beating of the heart loses its synchronism; the muscle fibers begin
to contract in an arrhythmic manner. V.Fib will lead to death within
minutes if not corrected. A defibrillator is a medical instrument used
to deliver a powerful (400 watt-seconds) countershock from a DC
charge storedin a high-voltage capacitor to the heart. This attempts
to cause all of the muscle fibers in the heart to contract simultane-
ously. When they relax, they are supposed to restartin their normal
rhythm. It doesn’t always work.

A medical lay person can support the victim of electrocution
until trained medical help arrives, or the ambulance crew can get the
victim to the hospital. The particular type of support is known as
cardiopulmonary resuscitation (CPR) and is taught by the American
Red Cross and many local hospitals. It is wise that you and as many
other family members or business assodiates as will cooperate learn
CPR. There have beeninnumerable instances in which a medical lay
person was able to save a life because he knew CPR. Ittakes only a
few hours tolearn, but don’t be so sure of yourself just because you
watch Emergency on TV: areal, live CPR course is needed, or you
can become liable for suit and may kill instead of save.

NOTES

Some practices are just accidents waiting to happen. Some
things can prevent an accident. The list below is a few of these:
Dlnstall a master power switch to your workbench, any
outdoor outlets, and ham shack operating desk. Instruct all
members of the household where this switch is located and
how to turn off the power in the event of an apparent
electrocution—or even if they think you are electrocuted.
Having the power turned off while you fall asleep during a
ham contest is not too great a penalty to pay for safety, is
it?
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OHave all members of the family or household learn CPR.

0IDo not operate on a concrete or dirt floor. Install insulating
flooring, a rubber mat, or a waeoden floor cover.

OInstall interlocks on all equipment chassis, doors, and
access covers, and don’t defeat the purpose of the inter-
locks.

CINever work on a piece of live equipment.

DIDon’t believe that nonsense about 115-volts AC not being
lethal. Most electrocutions in the US are from 115-volt
residential electricity.

[INever allow temporary repairs, malfunctioning equip-
ment, sloppy workmanship, or unrepaired appliances,
equipment, cords, etc. to become hazardous. Take them
out of service until repairs can be performed.

[OIBe careful of rf burns. Never believe that stuff about rf not
being able to electrocute you. Even if it is true (which I
doubt), it will burn you very badly. Surgeons actually use
high-power 1-MHz rf generators to cut tissue and
cauterize cut blood vessels. RF energy will do the same te
you. -

[IDischarge and keep shorted all power-supply filter
capacitors.
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TVI/BCI/Hi-Fi-l

One Saturday morning in 1959, I was busily enjoying a well earned
sleep-in when the telephone rang. Anirate neighbor demanded that
I get off the air and stop interfering with his television reception. He
was really hot! The week before, I had put up a simple 40/20/15-
meter dipole, and he had seen it. Trouble was I didn’t even own a
transmitter. I had just passed my novice license examination and
was busily waiting out the 6 to 10 weeks required to grade the exam
and process the license by getting ready to go on the air. My brand
new Heathkit DX-20 transmitter kit hadn’t even been received in
the mail yet.

Sooner or later, if you operate an amateur radio station, you
will be faced with the irate neighbor problem. The interference may
be real or imagined, but the result is the same: you get the blame.
From the moment that your antenna goes up, you will automatically
spring to mind whenever any neighbor’s TV reception goes
“bloop.” You might, like one amateur was, be blamed for damage to
the owner’s TV set.

The best advice is to stay cool and be informed of the problem
and possible solutions. Do not, under any circumstances, become
irate, even if you are only matching your neighbor tit-for tat.

There are several causes of interference. It is possible that
your equipment is at fault. This must be taken care of before you can
be on really firm ground in any dispute. Some of the material in this
chapter will help you determine whether there is a high probability
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that your rig is producing the problem. These are not absolute
techniques, but are often good enough to resolve problems.

One word of warning: Do not attempt to modify any equipment
owned by a neighbor! There are methods, including both addition of
filtering and modification of circuits, that often help a receiver that
does already not reject unwanted signals properly. Even if you are
an experienced, qualified, certified, bottle-in-bond, 100-proof con-
sumer electronics service technician, make no attempt to resolve
the neighbor’s problem yourself. If you do, then you will be perma-
nently married to that set. From then on, every needed repair will
automatically—in your neighbor’s mind—become your responsibil-
ity. If you are not qualified professionally as a consumer electronics
technician (and I don’t mean to exclude electronics engineers of any
type, or electronics technicians from fields other than consumer
electronics), then you are just plain stupid to attempt to make
modifications to the neighbor’s equipment. Let the neighbor know
the types of things that might be needed and then tell him to call a
TV/hi-fi repairman to actually do the job.

One frequency problem with consumer electronics devices is
that they are unable to reject your signal—and they are supposed
to! Even some equipment by the best manufacturers is designed
poorly in the interference rejection department. The owner of that
$1000 color TV or $150Q hi-fi, though, sees you doing something
that fouls up previously good operation of their expensive gear.
They do not apprediate the fact that the equipment is unable to doits
total job. A TV or hi-fi is not only required to respond to the desired
signal, but must also be capable of rejecting the undesired signals.

TVI: TYPES OF INTERFERENCE

It is possible to diagnose the type of interference experienced
by a TV receiver by noting how it affects the picture. Not all forms of
videointerference are caused by radio transmitters. Much interfer-
ence can be traced to defective devices in the house of complainer.
Furnace controllers, blower motors, defective thermostats, and
elements in electrical resistance heaters, SCR lamp dimmers, vac-
uum cleaner or pump motors, and a host of other devices will create
a snow-like interference in the picture. Such signal sources also
sometimes produce a hash-like, raw sound in the audio of the TV
receiver. If theinterference is noted at times when you were not on
the air, then it may well be that the problem is right in the home of
the person who raised the complaint.

An example of genuine radio transmitter interference is shown
in Fig. 20-1. This interference is characterized by horizontal or
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Fig. 20-1. TVI from a CW/AM/SSB transmitter.

slanted bars in the picture that might move in step with the modula-
tion of the transmitter. Note that a similar form of disruption occurs
if the sound carrier of the TV is getting into the picture, and will
manifest itself when the fine tuning of the TV receiver is incorrectly
set. Also, be sure to not confuse this form of interference with
horizontal sync problems in the TV. Of course, both of these
problems become a mute issue if they exist at times when your
transmitter is turned off, but try to convince your neighbor of that
fact, especially if the personis someone trying to get some ham/CB
operator for a free TV repair job.

Figure 20-2 shows the herringbone pattern that is typical of
interference from FM transmitters. This will normally be limited to
channel 6, and possibly one additional channel in the VHF band, if
the source is a local FM broadcasting station. If there is a local
broadcasting station, or some other station that uses FM, such as
the commerical land-mobile two-way, service then the source of
interference might be that transmitter. Make sure that your own
FM operations are not at fault, though.

An example of co-channel interference is shownin Fig. 20-3. If
your neighbor complains of seeing your picture on the TV, you
might want to chuckle and investigate the possibility of co-channel
interference. The channel assignments for TV stations are usually
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Fig. 20-2. FM interference to a TV receiver.

made at geographical distances that limit this possibility, but atmos-
pherics that excite your VHF DXer buddy will also cause this type of
interference to VHF TV receivers. The problem is rarely chronic,
however, except at locations approximately equidistant between
two transmitters operating on the same channel. If the two signal
strengths are approximately the same, the receiver will respond
equally. The solution, however, is simple: use a high-gain direc-
tional antenna on the receiver.

There is one way to gain at least a psychological advantage
over your irate neighbor—take a shotgun. Oh, not really, but the
way to drive home your point that his or her equipment might be at
fault is to keep your own equipment free of interference. If the
neighbor sees similar equipment operating right in the same house
with the transmitter, then he sees things your way and blames the
cheap manufacturer who failed to shield and bypass his TV or hi-fi
properly.

STEPS TO TAKE

The material in this section was adopted directly from an FCC
publication titled How to Identify & Resolve Radio-TV Interference
Problems (stock no. 004-000-00345-4, sold for $1.50 by the
Superintendent of Documents, Government Printing Office,
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Washington, D.C., 20402). It is also available from the Consumer
Information Center, Pueblo, CO, under the same number at the
same price. We make no apologies for using this material, as it is
quite well written and presented. Have several copies of this book-
let available to give out to your neighbor, especially if you plan a new
installation or the purchase of a high-power linear amplifier.

Installing A High-Pass Filter

~ There are not set procedures for eliminating television

interference—it is a matter of eliminating the most likely sources of
interference at step at a time. The first step is toinstall an inexpen-
sive high-pass filter on the back of your TV set. In making this
installation, follow these procedures:

1. Determine the type of antenna wire that is connected to
your TV set. There are two possibilities:

Coaxial Cable—a round lead-in wire which requires a filter
impedance of 75 ohms (see Fig. 20-4A).

Twin Lead Wire—a flat wire which requires a filter impedance
of 300 ohms (see Fig. 20-2B).

2. Purchase the filter which matches the type of antenna wire
coming from your set. The impedance information mentioned above
will be on the filter label. Do not use a combination of twin-lead and

Fig. 20-3. Co-channel interference to a TV receiver.
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Fig. 20~4. Installing a high-pass filer with coaxial cable at A and twin-lead atB.

coaxial cable without proper matching transformers (often called
baluns). Filters are available in most stores that sell or repair
television sets.

3. Carefully read the instructions that are provided with the
filter. You will be installing the filter on the back of your TV set, as
near to the antenna terminal as possible. The antenna terminal and
the filter terminal will look like either Fig. 20-4A or 20-4B depending
upon the type of wire you are using—coaxial or twin-lead.

4. If you are on a cable system, you may still install the filter at
the antenna terminal. However, if the interference continues, con-
tact the cable company repair service for assistance. Do not attempt
to modify the cable system yourself.

5. The following information or installing the filter should
answer any additional questions you may have.

Disconnect the antenna wire (twin-lead or coaxial) from the
television set antenna terminals. Connect the wire from the antenna
to the input terminals of the filter. For twin-lead wire, connect a
very short (1" to 2”) “jumper” wire from the antenna input terminals
of the set to the filter (see Fig. 20-5). For coaxial cable, it will be
necessary to obtain a jumper cable that has the proper connectors
already installed. This can be purchased at the time you buy the
coaxial filter.

Be sure that in the case of twin-lead wire, the actual wires are
making contact with the terminals. For coaxial cable, be sure the
connector plugs are properly installed on the coaxial cable.

If you have an amplifier in your antenna system, you should
have afilter installed ahead of the amplifier and another filter ahead
of the TV receiver input terminals (see Fig. 20-6). If the amplifier
is located close to the receiver, then install the filter before the
amplifier only.
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Booster amplifiers usually are located near the back of the TV
set; mast mounted (outdoor) amplifiers are usually located on the
antenna; and distribution amplifiers are usually located somewhere
in the distribution system. If a distribution amplifier is in your
antenna system, then be sure to trace the entire length of the
antenna system, because amplifiers are usually in out-of-the-way
places; for example, clothes closets, basements, etc.

The connecting wires between the filter and amplifier, and
between the amplifier and antenna terminal, should be as short as
possible.

The instructions provided with the filter you bought may call
for a ground connection. The wire should be as short as possible
and connected between the high-pass filter ground terminal and a
metallic cold water pipe or a ground rod. Use bell wire for this
connection (see Fig. 20-5). Bell wire can be obtained from most
variety stores.

If installation of the filter at the TV antenna terminals does not
entirely eliminate the interference, you should then contact your
servicerepresentive to install a high-pass filter inside the TV set at
the tuner input terminals. Internal modification to your set should
be done only by a service representative.

Home Remedies For Resolving Electrical Interference

Electrical interference is caused by two sources: vehicle igni-
tion systems and electrical devices. The first step in attempting to

KEEP THIS
SECTION AS
SHORT AS
POSSIBLE

HIGH PASS
——— 1+ FILTER q—_—_ﬁj L2

CONNECT
COLD-WATER PIPE
(GROUND)

Fig. 20-5. Connecting a high-pass filter to twin-lead.
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resolve electrical interference problems is to locate the source of
interference.

Interference From Vehicle Ignition System. Ignition
interference sounds like a “popping” noise in the sound system of
your TV that rises in intensity; the “pops” occur closer and closer
together as the speed of the engine speeds up. This can be caused
by any vehicle ignition system, such as gasoline operated lawn
mowers, snowmobiles, automobiles, etc.

If the interference is to television receivers, you may hear the
same popping noise in the sound and also see “dancing dots” in the
picture of the set. You may only see the interference, and not hear
the “popping noise in the sound.”

If your own vehicle is causing interference, you may wish to
install a commerically manufactured kit in your vehicle to reduce the
ignition noise. Other remedial measures include relocating your
antenna, raising the antenna, and using shielded lead-in antenna
wire,

Interference From Electrical Devices. Any one or more
of the following electrical devices may be causing the interference
you are experiencing on your television set or AM/FM radio:

Electric razor, vacuum cleaner, fan, drill, electric blankets,
bake ovens, fluorescent lights, arc lights, light dimmer controls,
relays, static from machinery, lightning arrestors, adding machine,
cash register, circuit breakers, ultraviolet lamps, germicidal lamps,
defective wiring, loose fuse, arc welder, switch contacts (such as on
dishwashers and other home appliances), refrigerator, water pump,
sewing machine, light blinkers (including Christmas tree light
blinkers), electric heating pads, aquarium warmers, neon signs,
door bell circuits/transformers, toys (such as electric trains), sign
flashers, antifriction bearings, printing press static eliminators,
calculators, insulators, incandescent lamp (new or old), sun lamps,
electrical pole (ground wire cut or poor contact), loose electrical
connection, electric fence unit, furnace controls, power company
transformers, and smoke precipitators.

In attempting to locate the specific device causing the interfer-
ence, consider the following suggestions. If you have a portable
radio that is affected by the interference, use the radio as a detec-
tion device to assist in locating the source of interference. With the
portable radio, move from room to room and determine in which
room the interference appears to be the loudest. Then look for one
of the devices listed above and unplug it to see if the interference
disappears. If several devices listed above are in the room, unplug
them, one at a time, until the interference disappears.
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Fig. 20-6. High-pass filter installation when a filter is used.

If a portable radiois not affected, you can go to the main fuse or
circuit breaker box in your home, remove one fuse at a time, or shut
off one breaker at a time, and see if the interference goes away.

If it does not go away when the first fuse or circuit breaker is
off, replace the fuse or turn the circuit breaker back on and continue
on until the interference does disappear. When the circuit that
supplies the power to the TV or radio is turned off, it will be
necessary to plug that device into some other circuit to determine if
the interference is being generated by a device in the same room as
your TV or radio.

When the interference disappears with a fuse removed or
circuit breaker off, you should go to the room supplied by that circuit
and look for any of the devices listed above. If any of the listed
devices are found in the room, replace the fuse of turn the circuit
breaker back on. Then unplug the device suspected of causing the
interference. If several devices arein the room, unplug them, one at
a time.

If you are unable to locate within your own home, the device
that is causing the problem, the interference may be coming from a
device located in your neighbor’s home. With the cooperation of
your neighbor, follow the same procedures described above.

If your investigation leads you to suspect that a power line or
power company equipment is the source of interference, you should
contact the power company to assist you in resolving the problem.

Short duration interference, such as that from electric drills,
and saws, may be very costly to attempt to eliminate; you may just
want to “live with it.”
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Toresolve electrical interference, modifications must be made
to the interfering device. This should only be done by a qualified
service representative. Information for your service representative
is contained in the Technical Information for Service Representa-
tive section.

Home Remedies For Resolving FM Interference

The installation of an inexpensive FM band rejection filter is
the first step to take in resolving FM interference. In making this
installation, follow these procedures:

1. Determine the type of antenna wire you have connected to
your TV set. There are two possibilities:

Coaxial Cable—aroundlead-in wire which requires a filter
impedance of 75 ohms (see Fig. 20-4A).

Twin Lead Wire—a flat wire which requires a filter impe-
dance of 300 ohms (see Fig. 20-4B).

2. Purchase the appropriate filter, according to the type of
antenna wire you have. The impedance information mentioned
above will be on the filter lable. Do not use a combination of
twin-lead and coaxial cable without proper matching transformers
(often called baluns). Filters are available in most stores that sell or
repair television sets.

3. Carefully read the instructions that are provided with the
filter. You will be installing the filter on the back of your TV set, as
near to the antenna terminal as possible. The antenna terminal and
the filter terminal will look like either Figure la or 1b depending
upon the type of wire you are using—coaxial cable or twin-lead
wire.

4. If you are on a cable system, you may still install the same
FM band rejection filter at the antenna terminal. However, if the
interference continues, contact the cable company repair service
for assistance. Do not attempt to modify the cable system yourself.

5. The following information on installing the filter should
answer any additional questions you may have.

Disconnect the antenna wire (twin-lead or coaxial) from
the television set antenna terminals.

Connect the wire from the antenna to the input terminals
of the filter.

For twin-lead wire, connect a very short (1” to 2")
“jumper” wire from the antenna input terminals of the set to the
filter (see Fig. 20-5). For coaxial cable, it will be necessary to obtain
a jumper cable that has the proper connectors already installed.
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Be sure that in the case of twin-lead wire, the actual wires are
making contact with the terminals. For coaxial cable, be sure the
connector plugs are properly installed on the coaxial cable.

If you have an amplifier in your antenna system, you should
have a filter installed before the amplifier and another filter ahead
of the TV receiver input terminals (see Fig. 20-6). If the amplifier
is located close to the receiver, then install the filter before the
amplifier only.

The connecting wires between the filter and amplifier, and
between the amplifier and antenna terminal, should be as short as
possible.

The instructions provided with the filter you bought may call
for a ground connection. The wire should be as short as possible
and connected between the FM band rejection filter ground termi-
nal and a metallic cold water pipe or a ground rod. Use bell wire for
this connection (see Fig. 20-5). Bell wire can be obtained from
most variety stores.

If the filter does not entirely eliminate the interference, you
should call your service representative.

Identification Of And Resolving Audio Interference

Interference to audio devices, such as tape recorder, record
players, electronic organs, telephones, hi-fi amplifiers, etc., is
caused when the equipment responds to the transmission of a
nearby radio transmitter. Audio interference (often called audio
rectification) may also affect the sound (audio) portion of your TV
and AM/FM radio.

When this type of interference is occuring, you will hear the
voice transmissions of the radio transmitter and/or the volume level
of the audio device you are using may decrease. If you have deter-
mined that thisis the type of interference you are receiving, refer to
the following suggested methods for eliminating audiointerference.

Audio interference is a condition that usually requires internal
modification of yeur equipment. For safety reasons, it is recom-
mended that any modifications be made by a qualified service rep-
resentative.

Due to the complexity of resolving interference to an elec-
tronic organ, again, servicing should be done only by an experienced
service representative. More detailed information should be ob-
tained from the equipment manufacturer.

For telephone interference, contact your local telephone com-
pany. They caninstall a 1542A or similar inductor in the telephone
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instrument to resolve the problem. The information providedin this
bulletin applies primarily to privately-owned equipment and should
not be applied to equipment owned by the telephone company. Bell
system personnel can obtain additional data in Section 500-150-100
of the Bell System Practices—Plant Series manual.

For all other audio devices, you may wish to take the following
steps before calling your service representative. Replace un-
shielded wire between the amplifier and speakers with shielded
wire. Ground the affected equipment to a metallic cold water pipe or
ground rod. A ground connection can be made with a short piece of
bell wire which can be obtained at most variety stores. Do not
ground AC/DC-type devices. Normally device which may safely be
grounded will provide a grounding terminal. If no terminal is pro-
vided, then you should consult a qualified service representative for
advice.

If the interference is not eliminated after taking these steps
you must call a qualified service representative. You may also wish
to discuss the matter with the operator of the radio transmitter.
Resolving Radio Transmitter Interference

There are no set procedures for eliminating television
interference—it is a matter of eliminating the most likely sources of
interference a step at a time. You may be required to take several
steps before the interference problem is resolved. Once you have
installed the filter called for, or made the adjustment that you were
instructed to do, leave the modifications in place and proceed to the
next step.

To begin, check to seeif a high-pass filter has beeninstalled on
the TV set at the antenna terminals. If not, read the Home Remedy
information beginning on page 5. If the interference is still present
after the installation of a high-pass filter proceed with the following
steps.

Check Radio Transmitter. Contact the operator of the
radio transmitter identified as the source and, with his/her coopera-
tion, determine if the transmitter is operating properly.

Is the transmitter properly grounded? This means a good radio
frequency (rf) ground. A single piece of wire to a ground rod may be
an open circuit to rf.

Are harmonics and/or spurious emissions present? Is the-
transmitter cabinet radiating energy?

If the transmitter is not grounded, connect the chassis to a
good earth ground with large diameter wire or copper strap. This
should assist in eliminating radiation of energy from the cabinet.
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Next, install alow-pass filter on the transmitter antenna circuit
to see if any difference occurs in the interference pattern. If a
change occurs, the interference is probably caused by harmonics
and/or spurious emissions from the transmitter. If no change oc-
curs in the interference pattern, it is probably being generated at
some point in the TV reception.

Check TV Reception System. Conduct a visual inspection
of the TV antenna, lead-in wire, and lightning arrestors. This may
reveal a source of trouble. Corroded connections or deteriorated
lead-in wire could be at fault and should be repaired.

Assuming no faulty conditions are found, or if found, they are
corrected, and the interference is still present, look for an amplifier
in the line. Amplifiers are highly susceptible to radio frequency (rf)
energy.

AC POWER WIRING FILTER
110 VAC

+

ADD TWO .001 MFD

.001 .001 1 KV DISC CERAMICS
AS SHOWN
USUALLY
ADEQUATE APPROACH
| ¢
I\
001
ADD TWO .001 uF
1KV DISC CERAMICS
AS SHOWN
| (
I\
.001
ADD TWO S50MH
RF CHOKES
TO AC AS SHOWN
TRANSFORMER

Fig. 20-7. Two methods of installing an AC power line rf filter.
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Fig. 20-8. Installation of a tuned filter across the antenna terminals of a TV set.

If an amplifier is in the system, remove it from the circuit. If
you find that this eliminates the interference, reconnect the
_amplifier, but protect the amplifier by grounding, enclosing it in a
metallic rf-proof housing and grounding the housing, or installing a
high-pass filter at the input to the amplifier. If one filterimproves the
condition, but does not entirely eliminate the interference, install
two filters in series. If no amplifier is utilized, or the interference
still persists after following one or all of the above steps, check the
TV receiver system.

Check TV Receiver System. An AC power line rf filter
should be installed to determined if the rf from the transmitter is
entering the TV via the power cord. (A line filter may be either
purchased or one may be constructed by following the schematic
shown in Fig. 20-7.

If no change is found with the power line filter installed, and the
antenna disconnected, then the set itself is responding to the rf
energy. The most likely internal circuit in the set to be affected by a
radio transmitter is the tuner. Disconnect the antenna input lead
inside the set directly at the tuner. If the interference is eliminated,
then install a high-pass filter at the tuner.

If the interference is still present after installing the filter at the
tuner, it will be necessary to refer to service data for the set and
check each stage of the set for undesired response.

CB Interference To TV Channel 2. Second harmonicinter-
ference from a CB transmitter to channel 2 television may exist
even though the transmitter meets FCC specifications for harmonic
radiation. In such cases, a tuned filter across the antenna terminals
of the television should help. The filter may be an inductor and
capacitor in series as in Fig. 20-8. The filter should be tuned for
minimum interference.

A second methodis to put anopen circuit, quarter-wave, tuned
stub across the antenna terminals. The stub should be made of the
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same type of wire as the antenna input terminals of the television.
The initial stub length should be 37" for RG-59/U coax; and 48" for
300-ohm twin-lead.

After connecting the stub, cut the unterminated end of the stub
offin %" to %" sections until the interference is eliminated. Refer to
Fig. 20-9. For harmonics falling on other TV channels, such as
channel 5, 6, or 9, length of the stub may be appropriately shortened
according to the following formula.

2952V

Length in inches = f

TWIN

LEAD
FROM @ TV SET
ANTENNA

STUB

(OPEN CIRCUIT)

FROM ANTENNA

COAXIAL
CABLE

TERMINAL

T CONNECTOR

" Lll

%AXIAL

STUB

Fig. 20-9. Installation of an open circuit, quarter-wave, tuned stub for both
twin-lead and coaxial cable systems.
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where v is the velocity factor of the line and f is the frequency in
megahertz. ,

Amateur Interference To TV Channel 2. One additional
type of interference from a nearby transmitter is unique to the
amateur 6-meter band—>50-54 MHz. Since 6 meters is immediately
adjacent to channel 2 television (54-60 MHz), interference to chan-
nel 2 may occur.

In most cases, installation of an open circuit, quarter-wave,
tuned stub at the antenna terminals of the television set should be
effective. It should be connected as shown in Fig. 20-9.

If RG-59/U is used as the TV lead-in wire, the initial length of
the stub should be 42". If 300-ohm twin-lead is used, the initial
length should be 53".

After the stubis attached to the television, begin cutting off the
unterminated end of the stub %" to %" at a time until the interfer-
enceis eliminated. If the interference is reduced, but not eliminated
by this method, add a second stub directly to the input terminals of
the tuner. The theoretical final length of the stub should be:

2952V

Length in inches =

where V is the Velocity factor of line and f is the frequency in
megahertz.
Resolving Electrical Interference

Please read through the procedures outlined in the previous
sections before proceeding. If the steps in the previous sections
have been taken, you should now know the source of the interfer-
ence.

Before proceeding with the following steps to modify the
device located as the source of interference, you should check the
local electrical codes to determine if the device may be modified,
and whether a licensed electrician must modify the device.

All bypassing of devices with capacitors should be done with
extreme care to insure that the capacitors do not short out the AC
line. Dangerous voltages exist which can cause electrocution if
mishandled. Also, avoid power wiring which can cause the full AC
line voltage to appear on the case of the device.

Since interference from an electric drill or saw may be of short
duration, we suggest no modifications be made to the device—
mainly because it may be very difficult and time-consuming to
modify the device. If, however, interference is of long duration, and
you wish to take on this task, proceed as follows.
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Fig. 20-10. Capacitor bypassing to remove interference from arcing.

Interference from a drill or saw is actually caused by arcing
between the brushes and commutator. The interference then is
transmitted through the power core. Bypassing each side of the line
to ground with a capaditor, and each side to the other may be
helpful. Also bypass the switch. Figure 20-10 shows the schematic
involved. The bypassing should be internal to the device in ques-
tion.

Electric blankets, fish tank heaters, and other thermostatically
controlled appliances with worn and pitted contacts cause interfer-
ence because of contact arcing of the breaker points. This can be
eliminated by bypassing the contacts with a 0.001 uF capacitor or
replacing the worn or pitted contacts (see Fig. 20-11).

Defective devices such as doorbell transformers should be
replaced. Dimmer switches that utilize an SCR or triac can produce
tremendous interference, andit is very difficult to eliminate. This is

o—e — —0O

e_

.001 uF., DISC CERAMIC

o

Fig. 20-11. Capacitor bypassing to remove interference from thermostatically
controlled appliances.
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Fig. 20-12. Bypassing a dimmer switch.

due to the approximate square wave output that is produced by the
switching at the SCR or triac. However, bypassing in a manner
shown in Fig. 20-12 may be helpful.

Since resolving electrical interference has to proceed on a
case-by-case basis, you should always consider adequately bypas-
sing any component of the circuit that arcs or distorts the AC sine
wave with ceramic condensers.

Resolving FM Interference

There are no set procedures for eliminating FM
interference—it is a matter of eliminating the most likely sources of
interference a step at a time. You may be required to take several
steps before the interference problem is resolved. Once you have
installed the filter called for, or made the adjustment that you were
instructed to do, leave the modifications in place and proceed to the
next step.

To begin, check to see if an FM band rejection filter has been
installed on the TV set at the antenna terminals. If not, read the
previous section.

If the installation of an FM band rejection filter is not effective,
then a tuned stub trap should be constructed (see the example in
Fig. 20-13). The trap should be placed on and parallel to the lead-in
and tuned for minimum interference. Then slide the trap along the
line to further reduce interference. Finally, tape the trap to the
lead-in in the most effective position.

Another type of stub, called an open circuit quarter-wave type,
can be made from the same type of wire as the antenna lead-in wire
(see Fig. 20-9). The initial length of the stub should be 24" for
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RG-59/U coaxial cable or 29" for 300-ohm twin-lead wire. For other
cables, the initial length can be determined by the general formula:

Length in inches = (35) (Velocity factor of line)

If F-type tee connectors are not available, use BNC-type connec-
tors.

If connecting the stub to the antenna terminals is not com-
pletely effective, connect a second stub of the same length directly
to the input terminals of the tuner, inside the television set. This
should eliminate the interference.

Resolving Audio Interference

Audio interference is defined as reception of radio frequency
(rf) energy by an audio amplifier. The rf energy is then rectified, or
more properly detected, by an electron tube, transistor,diode, poor
solder joint or ground or integrated circuit, The detected signal is
then treated identically as a normal audio signal appearing at the
amplifier input terminals. The effects of audio interference vary
with the type of modulation employed by the transmitter. The
following shows expected effects:

AM—The voice or music will be heard as any normal audio
signal applied to the amplifier. The voice or music may be extremely
loud and slightly distorted.

SSB (single sideband)—The voice will sound practically unin-
telligible and garbled.

FM—Usually no sound will be heard; however, a decrease in
the volume of the amplifier will be noted when the radio transmitter
is on. Clicks may be heard when a two-way radio transmitter is
keyed and unkeyed. A “frying” noise (such as bacon sizzling) may
also be heard.

TV —Audio rectification of a TV signal will sound like a buzz.
The buzz will change its sound as the television picture changes.

CERAMIC TRIMMER //)\

Fig. 20-13. A tuned stub trap.
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In attempting to isolate where in the audio chain the rectifica-
tionis taking place, check to determine if the volume control has any
effect on the interference. If the volume of the interfering signal
changes with a changein the volume control, then the rectificationis
occurring before the volume control. If the volume control has
minimal or no effect, the rectification is occurring after the volume
control. You should next proceed to the appropriate set of solutions.
If the solutions described below do not resolve the audio interfer-
ence problem, contact the manufacturer of the audio device for
further assistance.

Rectification Before The Volume Control. A multiple
input audio amplifier may be susceptible to audio interference on
only one or some of the available inputs. Generally, low-level,
high-impedance inputs, such as those in turntables, cartridges, tape
heads, or microphones, are the most susceptible. If, for example,
the only input affected is from a turntable, then disconnect the
turntable cartridge from the amplifier at the input terminals of the
amplifier.

If the interference is eliminated, then the cartridge, or wire
between the cartridge and amplifier, is sensing the rf. Proper
grounding, connections, shielding, and rf bypassing are the keys to
solving audio rectification. Often, a “process of elimination” ap-
proach must be used.

Grounding. All grounding should be to a good earth ground
such as a metallic cold water pipe or 8" ground rod. Ground leads
should be as short as possible. Remember, a DC ground may appear
as an open circuit to rf energy. Ground leads should be of aslarge a
diameter wire as practicable. Finally, grounding of the chassis,
shields of speaker leads, and other external connections should be
made to a common point to avoid ground loops. (Ground loops are
circuits that form a DC ground, but contain rf circulating currents.)
Figure 20-14 shows the correct and incorrect methods of grounding
components.

Caution: Some equipment chassis are at line voltage potential
and cannot be connected directly to ground. In these cir-
cumstances, a ceramic capacitor of 0.001 uF at 1kV should be
placedin the ground lead. This capacitor appears as a short to rf, but
an open circuit to AC.

Shielding. All speaker leads from audio equipment should be
made of two conductor shielded wires. The shield should be
grounded only at the amplifier end, and should not be used as an
audio conductor. The two internal wires should be connected to the
speaker.
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Fig. 20-14. The right and the wrong way to ground components.
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RF CHOKE

Fig. 20-15. Removing interference in tube type equipment by connecting an rt
choke.

Power Line Filter. RFmay be entering the audio device
through the AC power line. Several power line filters are commer-
ically available. If necessary, a power line filter like the one shownin
Figure 20-7 may be constructed, placing the filter as close as
possible to the point where the AC cord enters the amplifier.

Poor Electrical Connections. Occasionally, poor solder
connections or old electrolytic capacitors might be the cause of the
audio rectification problem. If tests to this point have failed, try
resoldering all connections in the amplifier and replacing electrolytic
capacitors. Before actually replacing the electrolytic capacitor, try
paralleling the capacitor with another one of like value. This should
reveal the presence of a band capacitor.

Rectification After The Volume Control. When the vol-
ume control is in its minimum position, and the interference is still
heard, then an rf filter is required in the audio amplifier. It is
extremely important that the filter does not affect the audio re-
sponse of the amplifier.

Tube Type Equipment. Interference in tube type equip-
ment can be avoided by connecting an rf choke (ranging in value
from 2 milihenry to 5 milihenry) in the upper end of the cathode
circuit as shown in Fig. 20-15.

The choke coil must #not be bypassed by a capacitor because
the DC resistance of such coil is generally quite low and the bias
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R STOP

Fig. 20-16. Removing interference with
a grid-stopping resistor.

voltage is not greatly affected. However, if the DC resistance does
affect the bias voltage, the value of the bias resistor may be de-
creased to compensate for the DC resistance of the choke.

A grid-stopping or swamping resistor can also be employed. A
resistor, rangingin value from 1K to 75K ohms, can be connectedin
series with the grid as shown in Fig. 20-16.

Capacitors, rf chokes, and resistors can be used in combina-
tion to make filters to eliminate the interference. For circuits such
as those shownin Fig. 20-17, use a choke of 2 to 6 microhenries and
a capacitor of about 10 picofarads. A combination f filter is shownin
Fig. 20-18 with the recommended values.

Transistor Equipment. Interference in transistor equip-
ment can usually be eliminated with the use of a shunt capacitor as
shown in Fig. 20-19. A resistor/capacitor combination can be used
as shown in Fig. 20-20. It is important that the filter network does
not affect the biasing of the transistor or the frequency response of
the amplifier.

Fig. 20-17. Capacitors, f chokes, and resistors can be combined to make
interference filters.
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Fig. 20-18. Combination rf filters.

The values of the capacitors used are not critical, but there are
some pitfalls to look out for in using capacitors. For example, -
ceramic caps are best, whereas paper caps do not work at radio
frequendies.

Leads should be kept as short as possible. Grounds should be
made directly to the emitter and not to the chassis or other grounds,
since they may have more rf than the signal lead. If the signal
increases, then a ground loop has been created, and the inductor
method should be tried.

In areas of high rf energy, the inductor approach is more
effective than the shunt capacitor. An rf choke can be usedin series
with the input and output leads of the amplifier stage since the rf can
enter a stage through either. This method and the values are shown
in Fig. 20-21.

Electronic Organs. Organ circuits can be isolated by the use
of the swell pedal, band box volume, or tabs (draw bars). By

Fig. 20-19. Using a shunt capacitor to remove interference in transistor equip-
ment.
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Fig. 20-20. A resistor/capacitor combination for removing interference in trans-
istor equipment.

adjusting each one of these different controls, the effect on the
interference can be noted. If the volume of the interference
changes, the rf is being detected by the amplifier at a point before
that particular control. If the volume of the interference does not
change then the interference is being detected after that control.
Using this method, the point at which the rf is entering the organ
can be determined, and the appropriate filter, as described above,
can be inserted into the circuit.

Telephones. Telephone rf interference can be eliminated by
the use of a 1542A or similar inductor. This inductor must be

— GO —

— ] >

15 wph -upto 20 MHz
500uh -20 to 50 MHz
/77 100 uh =50 to S00MHz

Fig. 20-21. An rf choke can be used in series with the input and output leads of
an amplifier stage.
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installed inside the phone and not at the baseboard. To install the
inductor inside the phone, the corners of the plastic container will
have to be removed. If the phone is too small for the inductor, such
as the Princess telephone, then a pair of 2.5-mh chokes (75 mA or
higher) must be installed inside the phone, one on each side of the
line and as close to the 211A equalizing network as possible.

The information provided here applies primarily to privately
owned equipment and should not be applied to equipment owned by
the telephone company. Telephone company-owned equipment
should be modified only by telephone company personnel. Bell
system personnel can obtain additional-data in Section 500-150-100
of the Bell System Practices—Plant Series manual.

Resolution of Interference For Radio Transmitter Operators

Although some interference problems can be attributed to
television receivers, such problems can also be traced to CB and
amateur radio transmitter. Therefore, upon receipt of an interfer-
ence complaint from your neighbor(s), you should take all steps
possible to insure that your radio transmitter is not causing the
interference. Voluntary installation of a low-pass filter or other
other steps might eliminate the interference and prevent you from
receiving an order from the FCC toimplement these measures. You
are not, however, required to service or add filtering to the comp-
lainant’s television, and should not take any such action without the
full cooperation of your neighbors.

You are cautioned that the use of an amateur transceiver on the
Citizens Band is illegal. Further, the use of external rf power
amplifiers with CB transceivers is illegal. Both actions may subject
you to FCC actions or criminal penalties.

Generally, transmitter equipment that is commercially man-
ufactured and type-accepted by the FCC has precautions built into
the set to reduce harmonic radiation. Harmonics are radiations that
are multiples of the operating frequency. However, you should
follow the steps outlined below to insure that your radio equipment
is operating properly.

1. If television interference is occurring, note which channels
are affected.

Lower harmonics of CB generally affect TV chanrels 2, 5, 6,
and 9. Therefore, if one or more of these channels are affected,
your transmitter is probably radiating harmonics.

If all TV channels are affected, the problem is more likely to
be in the TV receiver.
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2. If the interference is caused by harmonics, a spectrum
analyzer, a calibrated field intensity meter, or frequency selective
voltmeter, can be used to accurately measure harmonic and spuri-
ous radiations from your transmitter. If any lead-in devices, such as
standing-wave ration (SWR) meters are used, measurements
should be made with the inline device both installed and removed.
This may help identify the interference and lead you to the source.
These are complex measurements and should normally be made
only by experienced technicians.

3. Ifit appears that your transmitter is at fault, you should first
make sure the chassis of the set is secured to the metal case of the
radio by tightening the screws holding the chassis and case to-
gether. Then assure that the case of the transmitter is grounded to
a good earth ground (metallic cold water pipe or 8-foot ground rod).
Solid conductor wire of at least No. 10 gauge or copper ribbon
should be used as a ground lead. The lead should be as short as
possible.

4. By installing one or more low-pass filters in the transmitter
antenna lead, you will reduce the chances of unnecessary harmonic
radiation. A low-pass filter allows frequencies up to 30 or 50 MHz,
depending on brand, to pass through unattenuated to the antenna
while effectively shorting out harmonic radiation. To make this test,
connect the equipment as shown in Fig. 20-22 and take a power

DUMMY
TRANSMITTER POWER LOAD
P METER 7
|
@] D (@] : D I
LOW
PASS
FILTER
ol do = :
POWER
TRANSMITTER DUMMY
METER LOAD

Fig. 20-22. Determining if a transmitter is causing interference by using a
low-pass filter.
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reading. If only a SWR bridge is available, calibrate it in the forward
direction to the calibrate line in the meter. Theninsert the low-pass
filter and make another power measurement. Do not return the
transmitter.

5. If you notice a decrease in output power on a power meter,
operating to a properly matched load, with the low-pass filter
installed, thisis an indication that harmonic content may be present.
Even though the meter reading may be lower with the filter instal-
led, it does not mean that the transmitter absolutely has harmonic
radiation. Slight detuning of the transmitter by the filter may cause a
lower indication.

6. At amateur power levels, corroded metal connections in
the area of the transmitting antenna may act like diodes and gener-
ate harmonics which may radiate. This type of problem can be
found by vibrating suspected offenders such as galvanized down-
spouts, metal fences, clothes lines, etc., while viewing the af-
fected television set. Sudden changes in the interference pattern
which correspond to the vibration should be noted. This test
requires on observer at the TV receiver, someone to ‘“shake”
suspicious metal objects in the area, and another person to key (but
not modulate) the transmitter involved.

7. Finally, some transmitters may actually be radiating har-
monic and spurious energy from their cabinet or through the power
lines. Try operating the transmitter into a shielded dummy load. If
the interference is still present, then cabinet or power line radiation
isindicated. A powerline filter should be installed. Several types are
commercially available. For low power transmitters, the filter in
Fig. 20-6 may be used.

8. Continued interference with the power line filter installed
points toward cabinet radiation. An earth ground should eliminate
cabinet radiation.

9. Local television interference (TVI) committees dedicated to
resolving CB-TVI problems are now being established. For assis-
tance in locating a TVI Committee in your area, contact: Interna-
tional CB Radio Operator’s Association (CBA), P.O. Box 1020,
Roanoke, VA 24005.

Resolution Of Interference For Amateur Transmitter Operators

If you have a linear amplifier on your amateur transmitting
equipment, use two low-pass filters. One filter should be installed
between the actual transmitter (exciter) and the input to the linear
amplifier. This prevents harmonics generated in the exciter from
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reaching the linear amplifier. The second filter should be installed at
the output of the linear amplifier to reduce harmonic and spurious
contents.

One unique interference problem to TV channel 2 is from an
amateur transmitter operating on the 6-meter band. This is due to
the close proximity of the frequencies involved. You are not re-
quired to service or add filtering to the complainant’s television, and
should not take any such action without the full cooperation of your
neighbor.

Local televisioninterference (TVI) committees are available to
assist you in resolving interference problems. Contact the nearest
FCC district office (see the Appendix) or the American Radio Relay
League, Newington, CT, for assistance inlocating a TVI committee
in your area.

Transmitter Operator Guidelines For Resolving Audio Interference

Although audio interference (often called audio rectification) is
usually resolved by modification of the affected device, you as a
radio operator can take certain steps to reduce the possibility of
audio rectification by eliminating circulating radio frequency (rf)
currents in ground and metal objects in the area. Your radio trans-
mitting equipment should be effectively grounded to a metallic cold
water pipe or a ground rod driveninto the ground at least 8 feet. The
ground lead must be at least No. 10 wire or copper ribbon. The
greater the surface area of the groundlead, the more effective it will
be. Also, the ground lead should be as short as possible.

You are licensed to use only the amount of power necessary to
establish communications. Operating with excessive poweris likely
to cause audio interference problems.

If you need assistance in performing the above modifications to
your equipment, you can contact the dealer or manufacturer rep-
resentatives. Also, an FCC-licensed service representative may be
able to assist you.
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Chapter 21
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Transmitter Tests And Measurements

The responsible operation of radio transmitters sometimes re-
quires us to be able to make certain measurements on the emis-
sions. We must be able to be sure that the signal that we are sending
out does not cause undue interference with other services and is as
clean as the “state of the art” permits. In amateur radio, certain
measurements are beyond us economically as the test instruments
are too costly. We can make certain measurements to an acceptable
degree of accuracy, however, and these can be essential when
troubleshooting a problem.

In this chapter we will consider some of the most fundamental
transmitter measurements: output power, modulation, and operat-
ing frequency. The emphasis will be on simple, low-cost test
equipment readily available to most amateur radio operators on a
borrow, if not own. basis.

TEST EQUIPMENT

Certain items of test equipment are essential to any decent
attempt at measurement. Some items are “must haves” for radio
amateurs, while others are highly desirable. It is necessary that an
amateur with any pretentions at all of being “technical” possess at
least a VOM. The old-fashioned VOM is a handy instrument around
a transmitter. The high rf field produced by the transmitter often
renders electronic voltmeters (VIVM, FETVM, DVM, DMM,
etc.) unusable. The old standby, passive VOM, invented prior to
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World War II, is still the best instrument in those situations. Im-
ported models with decent accuracy can be had for about $30 to $50.

Don’t overlook a good digital voltmeter (DVM), however.
Once the costly pride of a few industrial/military laboratories, the
DVM s now available for less than $100. Instruments costing less
than $200 will provide accuracy and resolution that is simply nonat-
tainable in VOMs of any grade. In addition, the input sensitivity
(ohms/volt) is tremendous in these instruments. In some low-
power transistor circuits, the VOM will have too low an impedance
for proper operation. These will tend to turn on PN junctions and
shunt some of the resistances too much for any serious measure-
ments to be made. The digital voltmeter and the analog electronic
varieties called VTVM or FETVM will not load the circuit and will
not forward bias the transistor circuits at inappropriate times.
There are plenty of good arguments for both types of multimeter,
and you should own both if possible. While I prefer a digital meter
(I'm a snob), the cost may make it beyond the reach of many. Other
electronic meters can be bought cheap, especially used. One source
might be TV/hi-fi/CB repair shops who might have an old RCA or
Triplett VTVM stuck under a bench somewhere, forgotten the
second day the digital wonder machine was in the place. Buy it
cheap. It is quite likely that you can get both types of instrument
(VOM and VTVM) for less than $50 used and not much more than
$100 new. Not having these can be a pain when trying to repair
something. If you can, try obtaining the high-voltage probe for the
maodel that you buy, especially if you own or contemplate owning a
high-power linear amplifier.

You might want to consider also an oscilloscope—and learn
how to use it. The triggered sweep, dual-channel oscilloscope is
now the standard in the TV and hi-fi repair business. You can
sometimes pick up older recurrent sweep models for a song and a
dance. There are no other instruments that are quite as useful as
the oscilloscope. Of course, if you can afford some nice Tektronix or
H-P 50-MHz whizzbanger, then go to it! I wish that I had one! But
for us mere mortals, even a lower frequency model can be useful.
Try to avoid the 500-kHz models, unless they are dirt cheap (they
ought to be) and have the terminals that allow you access to the
vertical deflection plates. TV servicer-grade oscilloscopes are often
marked “color-TV,” or something else that alludes to color servic-
ing. This means that the scope will possess the vertical bandwidth
needed for color TV work, usually speced out at 4.5 MHz or
greater. If you can find some guy who turned in a 4.5-MHz scope
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Fig. 21-1. SWR/power nomograph.

with recurrent sweep in order to ravish some nice new triggered-
sweep model, then grab it as inexpensively as he will turn it loose
for. If necessary, beg. Beware, though, of certain kit models other
than Heath; they were dogs. RCA, Leader, B&K, Sencore, and
Telequipment (a British subsidiary of Tektronix) are the names of
some of the most common. 1 am particularly fond of B&K and
Telequipment, but thatis a personal opinion based as much on what

I have used over the years as anything else.
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Another thing that you should have is a small collection of
tools—the kind needed to build typical Heathkit should suffice.
Also, gather a collection of alligator clip leads, BNC/BNC path
cords, UHF/UHF patch cords, and any coaxial connector adapter
that you can scrounge up at the next hamfest. Adapters always
come in handy someday.

RF POWER/VSWR MEASUREMENT

One of the first pieces of “test equipment” that any amateur
should buy is a voltage standing-wave ratio (VSWR) meter. Even
one of the little cheapies will do, but, at a little extra cost (not as
much as you might believe), you can buy a genuine rf power meter.
If you want to do it right, then go out and spend the bucks for a Bird
Model 43 Thruline. If you are like the rest of us peons, though, then
buy one of the less costly models. True, these devices might not
deliver the precision of the Bird, but are acceptably accurate for
amateur applications. Remember that the FCC only requires accu-
rate measurements of the DC input power to the final amplifier (and
then only in the over-900-watt range), not rf output. We can use the
rf power information in many troubleshooting and bragging ses-
sions, anyway. The VSWR can be computed from the rf power in
those cases where the meter is not calibratedin units of VSWR. The
nomographin Fig. 21-1 shows how this is done. Locate the forward
and reflected power readings on their respective scales and lay a

Fig. 21-2. Drake SWR/rf power meter.
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Fig. 21-3. Heath SWR/rf power meter.

straightedge between them. The point where the straightedge
crosses the middle scale is the VSWR for that combination of
forward and reflected power.

We will not delve into the construction of VSWR and rf power
meters here. This is covered in other TAB books, including one by
this author. But we will show you some commercial examples.
These are low-cost models by amateur equipment suppliers. Note
that the cost of these instruments, and the accuracy that they
obtain, is well worth the relatively low cost. While there is some
justification for building the Heathkits, if only because they look so
neat, there is little point in completely homebrewing such an
instrument. I built a model (not the ones shown) and returned it to
the factory for calibration against a professional meter. After the
instrument was returned to me, it compared with Bird Model 43
very well.

The instrument in Fig. 21-2 is the Drake WH-7 meter. It will
measure rf power to 2000 watts in three decade ranges (20, 200,
and 2000) has a switch position for VSWR measurements.

The two Heath units shown in Figs. 21-3 and 21-4 are dual rf
power meters. They each contain two meters, one for forward and
one for reflected rf power. Like the Drake unit, these instruments
also allow measurement of VSWR.

The most fundamental method for measuring rf power is the
use of a noninductive load and a thermocouple rf ammeter. The
thermocouple meter uses a low-resistance, noninductive element
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that is heated by the rf current in the line. A thermocouple is a
device that will produce a small voltage output when a junction
between two different metals is heated. The output of the ther-
mocouple is connected a DC meter and is proportional to the
current flowing in the line being measured. We can calibrate the
deflection of the meter in terms of amperes. If the load is nonreac-
tive, such as a noninductive dummy load or a perfectly resonant
antenna, the power can be found from the expression P = I’R. For
example, if it is found that 450 mA are flowing in a 50-ohm nonin-
ductive load, the power is (0.45)(0.45)(50), or 10.1 watts.

CHECKING MODULATION IN AM TRANSMITTERS

There are several methods for checking the modulation of an
AM transmitter. Many of the low-power CB “test sets” sold
through mail-order and hobby retail outlets purport to test modula-
tion. They do this by rectifying the carrier. Under no-modulation
conditions, the meter is zeroed, so that the DC output of the
rectifier will produce a zero reading on the meter. When the
operator speaks into the microphone or a test tone is applied, the
meter will indicate the peak voltage that is proportional to the
percentage of modulation. This assumes that a sine wave is used,
and it is really only a rough check. An oscilloscope would produce
better information and would allow us to tell whether or not the
modulation was distorted or whether hum and noise existed on the
carrier along with the desired modulating signal.

Carrier shiftis a phenomenon that relates to the linearity of the
AM modulation process. Figure 21-5 shows a simple carrier shift

Fig. 21-4. Heath SWR/rf power meter.
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indicator that will detect changes in carrier symmetry. This type of
meter is used primarily in stations that always operate on the same
frequency and is a monitor of the output signal.

The rf pick-up coil is adjusted to produce a convenient deflec-
tion on meter M1 (midscale seems about right). The rectified rf
passes through a low-pass filter to the DC meter, M1. The com-
ponent values in this filter are selected to attenuate rf, but to not
produce any smoothing (like a power-supply filter) action at audio
frequencies.

If the modulation envelope emitted by the AM transmitter is
symmetrical, then the positive and negative peaks will have equal
value. All analog meters provide some damping action due to their
owninertia, and this willintegrate the audio frequency toread out an
average value. But if the modulator becomes nonlinear, the modula-
tion envelope will develop assymmetry, and this will change the
average value of the rectifier output, producing a change in the
deflection of the meter pointer.

The carrier shift meter is not useful for measuring the percen-
tage of modulation or indicating much about the extent of modulation
impurities. It is useful, though, as a monitoring technique that will
keep abroadcaster out of trouble with the FCC field engineer when
he comes snooping around.

The best way to check the emission of the AM transmitteris to
use an oscilloscope. If the oscilloscope has sufficient vertical
bandwidth, then it can be used directly to monitor the modulation
envelope. If the oscilloscope is located in the field of the antenna,
and the transmitter is powerful enough, then it is possible to obtain
the needed waveform simply by connecting a short piece of wire to
the vertical input of the oscilloscope. The pattern will not be
stationary unless the transmitter is being modulated by a single-
tone sine wave. In that case, it will prove possible to lock the
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time base of the oscilloscope onto the modulating frequency and
obtain a pattern that resembles Fig. 13-2. On lower power trans-
mitters, some people will make agimmick. This consists of a short
piece of hook-up wire connected to the center conductor of a piece
of coaxial cable. The coax is connected to the scope input, and the
wireis dangled inside the transmitter near the final tubing coil. The
gimmick will pick up sufficient rf to display a pattern on the CRT
screen of_the oscilloscope. This procedure is dangerous as the
dicken’s—you could get killed trying that if you aren’t careful and
don't really know what you're doing! A better procedure is to
sample the output. Most scopes with any degree of vertical sen-
sitivity at will require only a breath of hot air on the input in order to
produce some form of readible display. We can give the input a real
hurricane-force signal is we use an appropriate signal pickup. But
first, a warning;
Never connect the output of the transmitter directly to the input of an
oscilloscope, even with a dummy load! Only oscilloscopes that are specifi-
cally monitoring scopes for radio transmitters allow direct connection.
These models contain a built-in pickup such as we describe next.
Figure 21-6 shows two types of rf pickups that can be used to
sample the rf waveform for application to the input of oscilloscopes,

PICK-UP BOX
- COAXIAL
CONNECTOR
| COAXIAL
| | CABLE
r— j . .I.a__j
Fig. 21-6. Oscilloscope/ : YY) :
counter signal pickup. | L4 TUNER
| BOX
' A%
: AT
o (o]
TO OSCILLOSCOPE
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Fig. 21-7. Oscilloscope/counter gimmick.

digital frequency counters, and so forth. Both of these methods are
capable of producing very high signal levels—more than adequate
for most measurement purposes—without danger to the measurer
or its operator.

The pick-up box s a small shielded aluminum box that has a pair
of coaxial connectors on the ends. The box may be made of a Bud
sheet metal enclosure, or one of the more substantial Bud or
Pomona die-cast aluminum boxes. Note that the Pomona type of
box can be purchased with the connectors already in place.

Coil L1 is the coaxial cable center conductor, extended. This
“coil” might be either a straight run or a single-turn loop, and both
arrangements are shown. The secondary coil, L2, will be several
turns of wire around L 1. It should be brought out of the box through
a grommetted hole or another connector. Many people prefer to
“float” this link output, so will not ground one side of L2. But this
requires a two-conductor shielded cable instead of mere coax.

The construction of L1/L2 with a single-loop of wire is shown
in Fig. 21-7. Coil L1 consists of a single turn of No. 16 through No.
10 wire, depending upon the power level of the transmitter and
what you happen to have in the junk box. No. 14 wire should work
for all amateur applications. Coil L2 consists of from one to 10 turns
of No. 22 to No. 26 hook-up wire wound over L1. The number of
turns is a function of both power level and frequency. You would
need more turns as both the frequency and the power level de-
crease. In a kilowatt pick-up unit, for example, adequate signal
would be sampled if these wires merely came within shouting
distance of each other inside of the box. But a QRP 80-meter
transmitter might need all the help it can get.

A somewhat more elegant method is shown in Fig. 21-8. This
transformer uses a toroid inductor core as the pick-up unit. The
center conductor of the coax is connected to a piece of No. 12/No.
14 solid wire. This wire is passed through the center of a 3/16-inch
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black rubber grommet that is cemented into the center hole of the
toroid core. This is L1. Select a core that is rated for the frequency
range of interest and that has an inside diameter that will allow the
grommet to be squished into the hole without too much deforma-
tion. The grommet will probably stay without any cement, but if it
needs help, then a little dap 'ill do ya—use super glue if you lack
patience and epoxyif you're cool. Coil L2 is approximately 25to 100
turns of No. 26/No. 28 enamelled or formvar coated wire for 1-MHz
to 10-MHz operation and fewer turns (down to about five) for the
rest of the HF spectrum. Again, the power level of the transmitter
and the frequency of operation make the difference. It might be wise
to try it with, say 20 turns, and see if it works. If not, add more
turns. Do not cement the grommet into place, however, until you
are satisfied that the pick-up unit works properly.

Both types of pick-up units should keep L1 and L2 mounted
away from the sides of the aluminum box. That is why I prefer the
toroidal method of Fig. 21-8 over the other. A toroid naturally keeps
the magnetic field closer to home, so it is less affected by nearby
objects. In addition, the construction of the toroidal pick-up unit
allows the thing to be placed almost dead-center in the box, along
the line of centers between the center pins of the two coaxial
connectors.

/— L2-OUTPUT"

()

#12 OR FERRITE TOROID
#14 SOLID
3
16
GROMMET
57O 100
TURNS
#26/4#28
ENAMELED
WIRE
L2

Fig. 21-8. Another type of pickup.
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The rf pick-up unit may produce sufficient output signal by
itself to drive the oscilloscope. This is especially true if the operat-
ing frequency of the radio transmitter is well within the vertical
amplifier bandwidth of the oscilloscope and the vertical deflection
sensitivity goes down to the low millivolts range. When these
factors are not met, however, we must help things along with the
LC tank circuit shown in the tuning box. This tank circuit can be
connected directly to the vertical deflection plates of the oscillo-
scope to produce a usable deflection on the CRT. Some older
scopes that lacked something in the vertical bandwidth department
made the deflection plates available on the rear or side panels of the
instrument. You could disconnect the vertical amplifier from the
deflection plates by removing 1, 2 or 4 shorting bars from their
sockets. This would allow you to connect the tank circuit directly
to the plates. In most cases, the plates available to the outside
world are AC-coupled through a capacitor. But this was not true in
all cases—those pins could be very hot electrically! There could
alsobe aleaky capacitor in the circuit. Most of the older scopes that
offered this capability made extensive use of paper dielectric
capacitors, and this means a high probability of leakage currents
and a nasty shock for you. The answer, of course, is to make all
connections with the scope turned off and the plates initially
grounded. You could then tune the capacitor to resonance through
an insulated tuning shaft.

The pattern displayed on the oscilloscope will be the modula-
tion envelope. We can tell a lot about the signal from this envelope,
but we still might want to use the trapezoidal pattern method,
detailed in Fig. 21-9A. In this technique, we must sense the rf
envelope and apply it to the vertical amplifier of the oscilloscope.
This can be done with either a link on or close to the final amplifier
plate tank, or a gimmick. Alternatively, we could use the pick-up
box just described. As in all such measurements, the pick-up boxis
located in the coaxial cable between the transmitter output and the
load. The horizontal amplifier of the oscilloscope is driven with a
sample of the modulating signal; in this case, it is taken from a
voltage divider at the output of the plate modulation transformer.

The patterns shown in Fig. 21-9B result when the transmitter
is modulated with a sine wave. When the transmitter isless than 100
percent modulated, the trapezoid is truncated. At exactly 100
percent modulation, the trapezoid will form a perfect triangle, and
at over-100 percent modulation, a foreshortened triangle. Using
the designations shown in the less-than-100-percent modulation
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example, the percentage of modulation can be measured using the
expression:

_ A-B
% Mod = A+BXI00%

O Example:

Using the circuit of Fig. 21-94, it is found that the trapozoidal
pattern has 2 cm for the B side and 3 cm for the A side. What is the
percentage of modulation?

%MOD (A-B) (100%)/(A+B)
(3-2) (100%)/(3+2)
(1) (100%)/(5)

20 percent

Single-sideband transmitters, which are basically amplitude-
modulated transmitters in which the carrier and one sideband are
suppressed, are tested using a two-tone test signal. The input to
the modulator is a pair of sine waves, spaced a little apart. The
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trapezoidal pattern will be double-ended and will look like a bow-tie
pattern.

FREQUENCY MEASUREMENTS

The measurement of transmitter output frequency can be
either rough, or made with great precision. For most amateur
applications, in the high-frequency bands, the requirement is to
keep the transmitter inside of the band. These measurements can
be made with a little less precision than measurements made to
keep a 2-meter FM transmitter inside of the passband of the local
repeater. In this section, we are going to consider some of the
different methods and instruments used for the measurement of
radio transmitter output frequency.

Crude Methods

One crude and very simple method of measuring a frequency is
to simply tune itin on a radio receiver. The precision of this system
is directly dependent upon the calibration accuracy of the receiver,
and can be quite good. In fact, it can be downright precise if we use
some external precision equipment to temporarily calibrate the
receiver dial. These methods can make very precise measurements
that rival all but the best laboratory instruments.

Most crude frequency measurement techniques fall into the
absonption classification. Figure 21-10A shows a simple absorption
wavemeter. It consists of a low-current lamp connected in series
with a fixed inductor and a variable capacitor. The inductor is
placed in close proximity with the final amplifier tank circuit, so
that energy from the tank is induced into the wavemeter coil. When
the capacitor is tuned to resonate the coil with the frequency of the
tank circuit, the circulating tank currents will cause the lamp to
light up. Peak the intensity of the lamp and then read the frequency
from a calibrated dial on the capacitor shaft.

Another type of absorption wavemeter is shown in Fig. 21-
10B. In this case, the signal is picked up by a small sense antenna
connected to the LC tank circuit. Some energy from the tank is
coupled through capacitor C1, which is connected to an impedance
matching tap on L1. The sample of the rf signal passing through C1
is rectified by D1 and applied to the meter. The capacitor can be
tuned for a maximum reading on the meter. Then the frequency can
be read on the calibrated dial connected to the capacitor shaft. This
circuit can be used at a short distance from the transmitter, so it
does not suffer from the danger of accidental contact with the final
amplifier tank circuit.
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at B.

The dip meter is also a means of making absorption frequency
measurements. This instrument was once known as a grid dip
oscillator because vacuum tubes were used. The grid current would
suddenly drop if the oscillator tank coil was closely coupled to an
external tank circuit that was tuned to the osdillator frequency. The
grid current was monitored by a microammeter, and this allowed
the operator to find the resonant point. But the dipper only finds the
frequency of unenergized tank circuits. If the meter is replaced with
a set of earphones, however, the dipper can be used as an oscillat-
ing detector. When the dip oscillator frequency approaches the
frequency of the transmitter, an audio beat note is heard in the
earphones. Adjust the oscillator frequency for zero beat and then
read the frequency from the dial of the dip oscillator.

The last crude method which we will examine is the slotted line
or Lecher wires. These are variations of the same basicidea. Lecher
wires are shown in Fig. 21-11. These wires form a parallel trans-
mission line with a shorting bar between the elements. A calibrated
meter stick alongside the wires is used to measure the distance of
the shorting bar from the feedpoint. The lecher wires should be
made from No. 12 or larger wires or small diameter copper tubes.

The slotted line is a coaxial version of the Lecher wires. The
outer conductor is slotted to admit a diode detector. In this case, do
not short the line, but look for the amplitude of the rf signal in the
line.

The Lecher wires shown in Fig. 21-11 use an rf voltmeter
across the feedpoint. The wires form a shorted stub. A quarter-
wavelength shorted stub exhibits a highimpedance at the resonance
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Fig. 21-11. Lecher wires.
frequency. This frequency can be measured by moving the shorting

bar until a peak is found in the rf voltage across the input. The
relationship is the well known:

Fuu. = —==
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where F is the frequency in megahertz, L is the length in meters at
which the peaks occur, and k is a constant, which depends upon
whether the 1st, 2nd, 3rd or 4th peak is used. If the first peak is
used, thenk = %. If the second peakis used, thenk =¥, and so on.

Comparison Methods

A comparison method is one in which some external frequency
of known frequency and high precision is compared with the un-
known. There are several such methods, all lumped under the
rubric of heterodyne methods. Figure 12-12 shows the basics of a
heterodyne frequency meter. The block diagram of this type of
instrument also demonstrates the elements of the comparison
method of frequency measurement. In this instrument, there are
three basic sections: a mixer circuit, an output section (in this case,
earphones), and a precision oscillator. The signal to be measured
and the oscillator signal are mixed together to form an audio beat
note. The frequency of the oscillator is adjusted until the zero beat
is heard. The frequency of the signal can be then read from the dial
on the oscillator tuning control.

Most commercial heterodyne frequency meters of the older
design use a limited range oscillator with a micrometer frequency
readout. The instrument requires a calibration booklet to interpo-
late the correct frequency from the micrometer dial setting. This
was necessary because it was easier to make high-precision VFO
circuits over a limited range, especially because a linear frequency
readout characteristic on the dial was desired. Today, though, itis
possible using PLL techniques to make wide-range oscillators that
have the precision of the crystal reference of the PLL.

UNKNOWN SIGNAL

AMPL.
! 1 METER
PRECISION VARIABLE
. ; =
FREQUENCY OSCILLATOR
L
EARPHONES

Fig. 21-12, Heterodyne frequency meter.
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Transfer oscillator. Figure 21-13 shows the transfer osdil-
lator technique. This is one of the heterodyne systems, and it uses
the radio receiver as the indicator. The transfer oscillator is con-
nected through a gimmick—a couple turns of wire around the
antenna lead—to the receiver. The receiver is tuned to the un-
known signal, and then the transfer oscillator is tuned until it is in
zero beat with the unknown signal. We can then measure the
frequency of the transfer oscillator on an external frequency meter.

Now just why would anyone want to use the transfer oscillator
if they had a frequency meter? Simple! Because it allows a low-
frequency precision oscillator and alow-frequency frequency-meter
to be used to measure higher frequency signals. The frequency that
actually beats with the unknown is a harmonic of the transfer
oscillator signal.

Crystal calibrators. Figure 21-14 shows the use of a crystal
calibrator and a receiver to measure frequency. The principle com-
ponents are a precision crystal oscllator, a radio receiver that will
tune to the frequency being measured, and an audio frequency
meter. The output of the crystal osdillator is coupled to the receiver
antenna through a gimmick or a small value capacitor, such as 7to 33
pF.

When the receiveris tuned, markers from the oscillator will be
heard at intervals across the band equal to the oscillator frequency.
For example, if a 100-kHz crystal is used, the markers will appear
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every 100 kHz across the band. Similarly, a 5-kHz crystal oscillator
produces markers every 5 kHz across the band.

Figure 21-15 shows a hypothetical situation in which the fre-
quency of a signal in the 40-r1eter amateur band is being measured.
The unknown signal exists at 7183.56 kHz. The procedure is as

follows:

O Apply a 100-kHz signal to the antenna inputs and adjust the
receiver to one of the markers near the unknown frequency. If the
dial cursor of the receiver is movable, then adjust it to lay over the

Fig. 21-15. Marker oscillator.

7180 kHz—— UNKNOWN
-4~ — SIGNAL
(7183.56 kHz2)
7190 kHz —+—
I 5 kHz
+— MARKERS
7200 kHz ——
7210 kHz—+—
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Fig. 21-16. Using a digital frequency counter without a direct connection.

correct frequency marking on the dial. In this example, 7200 kHz is
the closest 100 kHz point to the unknown frequency.

O Tune the receiver to the unknown frequency.

O3 Apply a 10-kHz signal to the receiver antenna terminals.
This will place markers every 10 kHz across the band. In
this case, the 7180-kHz marker will beat with the unknown
signal to produce a 3560-Hz beat note.

O Measure the frequency of the audio beat note and add this
frequency to 7180 kHz.

In many cases, the frequency of the unknown signal will lay
midway between two marker points. This will produce two beat
notes of approximately equal frequencies. This problem can be
resolved by going to a lower frequency marker, (such as 5 kHz).
Keep going to a lower frequency marker until it is possible to
resolve the problem.

Figure 21-16 shows an example of a simple crystal marker
based on TTL integrated circuits. A type 7400 NAND gate IC is
used as the oscillator and buffer stages. The output of the buffer is
applied to a chain of 7490 frequency divider stages that produce
100-kHz, 10-kHz, and 5-kHz outputs. Note that you can make other
output frequencies by dividing any of these outputs by either 10
(using circuits such as U2/U3) or two (U4).

Digital Frequency Meters

There was once a time when any book aimed primarily at
amateur radio people would be presumptuous for even mentioning
digital frequency meters. In the early '60s, the typical digital
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counter cost not less than 10 times what most transmitters cost! It
was simply too expensive for the typical amateur to afford. Today,
IC digital frequency counters are so inexpensive that many
amateurs have them. In fact, some receivers and transmitters use
digital counters in place of the analog dial.

Figures 21-17 and 21-18 show two methods for using the
digital counter to make a transmitter frequency measurement. The
method in Fig. 21-17 is illegal in all bands except the citizens band
and possibly the amateur bands. In even these bands, however, itis
discourteous to the other users unless the measurement is inciden-
tal to a genuine use of the transmitter. I have used a digital fre-
quency counter next to the rig on occasion, but note that this only
works if you can adjust the trigger control on the counter to elimi-
nate the effects of modulation on the frequency counter; otherwise,
chaotic readings result.

The technique simply requires a short whip antenna connected
to the input of the frequency couter. In most cases, the little slip-up
or rubber-duckie antennas used on portable hand-held units will
work nicely. They will generally have a connector whichis compati-
ble with the input connector on the counter.

A better approach is shown in Fig. 21-18. In this case, a tee
connector samples the rf signal and passes it to the counter input

ANTENNA

=N j
ocooo0
0

RADI
TRANSMITTER

7183.56

00O0O0OO
—O INPUT

DIGITAL FREQUENCY
COUNTER

Fig. 21-17. Using a digital frequency counter with a direct connection.
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Fig. 21-17. Using a digital frequency counter with a direct connection.

through an in-line attenuator. This is absolutely necessary! Do not
ever connect the output of a transmitter directly to a counter,
unless instructed to do so by the counter manufacturer. The at-
tenuator must have a loss sufficient to drop the high-power trans-
mitter signal down to a level compatible with the counter input.

An alternate scheme is to use one of the rf pick-up boxes
discussed in the section on modulation checking. The rf output will
be at a level consistent with safety for the counter input circuits.
This, in fact, is usually what is used inside the counters that allow
direct connection to the transmitter. These are intended to be used
in-line between the transmitter and the load.
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How to Make the Antenna
Think It's a Loudspeaker

How much is high power? That somewhat rhetorical question has
many answers, as do most rhetorical questions. But, really, what do
you consider high power? To the citizens band operator limited to 5
watts, the illegal 100-watt linear amplifier is deliciously high pow-
ered! But to the amateur radio operator, whois allowed to run up to
1000 watts DC input to the final amplifier stage, 100 watts is
considered an exciter. In fact, 100-watt class transmitters were
sold for years under the term “exciter,” a practice that presumed
that you would rush out and buy alinear amplifier to follow it. The 5
watts of the CB operator is considered by amateurs little more than
a preamplifier for the oscillator signal.

THE BROADCASTER

But let’s consider someone else’s point of view. The broadcast
engineer considers the 1000-watt power level of the radio amateur
to be on the low-power end of the definition spectrum. When
researching this book, I called on a professional broadcast engineer
in order to obtain some information. When I referred to his AM
transmitter as “high power,” he snickered. When I unabashedly
changed my tune and called it “medium power,” he laughed out
loud. To the broadcast engineer, the idea of a 1-gallon rig being
called either high or medium s just plain ridiculous. Transmitters in
the AM broadcast band can be licensed for up to 50,000 watts of rf
output power. To them, a 50-gallon rig is high power. Anything
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under 5 gallons is strictly low power. To the BC engineer, the
amateur 100-watt transmitter is as ridiculous as the CB 5-watt
transmitter seems to radio amateurs.

The domestic broadcast engineer can’t talk too much once he
looks at his international shortwave cousin. Some of the transmit-
ters make the 50 gallons of the AM clear-channel station look like a
preamplifier. In fact, one manufacturer of custom megawatt trans-
mitters uses the same box that is the 50,000-watt model as the
driver for the megawatt final amplifier. What a preamp! As you can
see, it is probably easier to skin an amoeba than to pin down some
power definitions.

The use of radio broadcasting on the shortwave bands was
prematurely buried by some who looked too seriously at satellite
broadcasting possibilities. The problem of cost to the user seems to
be a factor. We can assume that a lot of people in foreign countries
have broadcast receivers capable of operation on the shortwave
bands, but few have 10-meter microwave dishes and low-noise
microwave GaSFET receiver preamplifiers needed for direct re-
ception of the satellite. We can therefore obtain radio entry into
those countries without the consent of the government.

The furorin the international shortwave bandsis a not-so-mute
testimony to the power of the radio signal. Almost all national
governments operate large shortwave transmitters for broadcast-
ing their view of reality to countries who might not share that view.
Christian organizations make good use of the shortwave spectrum.
One of the earliest—possibly the earliest—was HCJB (Heralding
Christ Jesus Blessings), which is located in Quito, Ecuador. It has
maintained a strong shortwave voice in the Andes for several
decades. Others, including the Family Radio stration WYFR in
Massachusetts and Florida, and Trans World Radio on Bonair Island
in the Carribean, also have an evangelical religious flavor.

But the power sweepstakes keep forcing the required power
levels even higher. In the '50s, a powerhouse shortwave station
was 250,000 watts, with most being 100,000 watts or less. But as
bands became more crowded, stations increased their power levels
to keep pace with the interference from like minded stations. The
United States International Communications Agency operates a
multi-megawatt transmitter on the coastal plains of North Carolina,
near Greenville. This mammouth transmitter sends out the US
position in 37 languages, without having to rely on having some
friendly host government grant us space for “transmittering.” The
electrical bill for such a place must be enough to snap your mind
clean out of its socket.
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Fig. 22-1. 1000-watt AM transmitter (courtesy of WABS).

DIFFERENT CLASSES

Figures 22-1 through 22-3 show several different power clas-
ses of radio transmitter. For other examples, see Chapter 1. The
transmitter in Fig. 22-1is a 1000-watt AM broadcast model man-
ufactured by Sparta. This transmitter is in daily service at an AM
broadcasting station. Qur second example is the 25,000-watt FM
transmitter shown in Fig. 22-2. This transmitter was made by
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Rockwell/Collins, one of the earliest top-grade transmitter/
receiver manufacturers in the United States, dating back to the '30s
with their amateur line.

Figure 22-3 shows a 50,000-watt international shortwave
broadcasting transmitter manufactured by Brown Boveri in Swit-
zerland (they do make more than watches, you know!). How would
you like to load that one up on 20-meters?

Transmission lines for transmitters such as this are alittle bit,
shall we say, “heavy duty” Parallel feeder transmission lines for the
amateur service consist of a couple No. 12 wires a couple inches
apart. A transmission line for this power level looks like a pair of
irrigation pipes a couple feet apart. In fact, they probably are
irrigation pipes! Coaxial cable for this level looks like a heating duct
for a large house.

Can a high power transmitter make an antenna tower think that
it’s a loudspeaker? Yes, it can. If you doubt it, then ask the guard
who was on duty at the Voice of America transmitter near Cincinat-
ti, Ohio, one night during World War II. The guard was making his
rounds, when all of a sudden he seemed surrounded by sound—
veryloud sound—andit seemed to be coming from everywhere. He

‘Domccooo
X R RN -

Fig. 22-2. Coliins 25-kW FM rig (courtesy of Collins/Rockwell).
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Fig. 22-3. 500,000-watt shortwave rig (courtesy of Brown-Boveri of Switzer-
land). :

was frightened so much that he frantically drew his .38 Spedal
revolver and promptly shot himself in the foot.

The problem was traced to rusty joints in the antenna tower
construction. These joints acted like diode rectifiers, which re-
ctified the rf signal. The signal was modulated, so a large audio
current began to course up and down the tower. The audio currrent
vibrated the tower and made it think it was a loudspeaker. The poor
guard probably didn’t understand all that “detection” talk. All he
knew was that his foot got shot, and no Purple Heart for all the pain.
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FCC Field Offices

Radio transmitters in the United States and all territories are
regulated and licensed by the Federal Communications Commis-
sion. Any questions regarding licensing, operating technical re-
quirements, or any other matter regarding the use of radio trans-
mitters should be directed to the nearest FCC field office. The
addresses of most FCC offices follow.

ALASKA, Anchorage

U.S. Post Office Building Room G63
4th & G Street, P.O. Box 644
Anchorage, AL 99510

Phone: Area Code 907-265-5201

CALIFORNIA, Los Angeles
3711 Long Beach Blvd.

Suite 501

Long Beach, CA 90807

Phone: Area Code 213-426-4451

CALIFORNIA, San Diego

Fox Theatre Building

1245 Seventh Avenue

San Diego, CA 92101

Phone: Area Code 714-293-5460

CALIFORNIA, San Francisco
323A Customhouse

555 Battery Street

San Francisco, CA 94111
Phone: Area Code 415-556-7700
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COLORADO, Denver

Suite 2925 Executive Tower
1405 Curtis Street

Denver, CO 80202

Phone: Area Code 303-837-4054

DISTRICT OF COLUMBIA
(WASHINGTON, D.C.)

1919 M Street N.W. Room 411
Washington, D.C. 20554
Phone: Area Code 202-632-8834

FLORIDA, Miami

919 Federal Building

51 S.W. First Avenue

Miami, FL 33130

Phone: Area Code 305-350-5541

FLORIDA, Tampa

Barnett Office Bldg., Rm 809
1000 Ashley Drive

Tampa, FL 33602

Phone: Area Code 813-228-2872

GEORGIA, Atlanta

Room 440, Massell Bldg.

1365 Peachtree St. N.E.
Atlanta, GA 30309

Phone: Area Code 404-881-3084

GEORGIA, Savannah

238 Federal Office Bldg. and Courthouse
125 Bull Street, P.O. Box 8004
Savannah, GA 31402

Phone: Area Code 912-232-4321 ext. 320

HAWATII, Honolulu

502 Federal Building

P.0. Box 1021

335 Merchant Street

Honolulu, HI 96808

Phone: Area Code 808-546-5640
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ILLINOIS, Chicago

3935 Federal Building

230 South Dearborn Street
Chicago, IL 60604

Phone: Area Code 312-353-0195

LOUISIANA, New Orleans

829 F. Edward Hebert Federal Bldg.
600 South Street

New Orleans, LA 70130

Phone: Area Code 504-589-2094

MARYLAND, Baltimore

George M. Fallon Federal Building
Room 823 31 Hopkins Plaza
Baltimore, MD 21201

Phone: Area Code 301-962-2728

MASSACHUSETTS, Boston
1600 Customhouse

165 State Street

Boston, MA 02109

Phone: Area Code 617-223-6609

MICHIGAN, Detroit

1054 Federal Building

231 W. Lafayette Street
Detroit, MI 48226

Phone: Area Code 313-226-6078

MINNESOTA, St. Paul

691 Federal Building

316 N. Robert Street

St. Paul, MN 55101

Phone: Area Code 612-725-7810

MISSOURI, Kansas City

1703 Federal Building

601 East 12th Street

Kansas City, MO 64106

Phone: Area Code 816-374-6155
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NEW YORK, Buffalo
1307 Federal Building

111 W. Huron Street at Delaware Ave.

Buffalo, NY 14202
Phone: Area Code 716-842-3216

NEW YORK, New York

201 Varick St.

New York, NY 10014

Phone: Area Code 212-620-3437

OREGON, Portland

1782 Federal Office Bldg.

1220 S.W. 3rd Avenue.
Portland, OR 97204

Phone: Area Code 503-221-3098

PENNSYLVANIA, Philadelphia

11425 James A. Byrne Federal Courthouse

601 Market Street
Philadelphia, PA 19106
Phone: Area Code 215-597-4411

PUERTO RICO, San Juan

U.S. Post Office and Courthouse
Room 323 P.O. Box 2987

San Juan, PR 00903

Phone: Area Code 809-753-4567

TEXAS, Beaumont

Room 323, Federal Building
300 Willow Street

Beaumont, TX 77701

Phone: Area Code 713-838-0271

TEXAS, Dallas

Earle Cabell Federal Bldg.

Room 13E7, 1100 Commerce Street
Dallas, TX 75242

Phone: Area Code 214-749-1719

347




TEXAS, Houston

5356 Federal Building

515 Rusk Avenue

Houston, TX 77002

Phone: Area Code 713-226-5624

VIRGINIA, Norfolk

Military Circle

870 North Military Highway
Norfolk, VA 23502

Phone: Area Code 804-461-6472

WASHINGTON, Seattle

3265 Federal Bldg.

915 Second Avenue

Seattle, WA 98174

Phone: Area Code 206-442-7653
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Introduction

The modern radio receiver has not been left out in the advancing
technology that has affected all areas of the electronics. The radio
receiver used by even low-budget amateur and CB operators is
very much superior to some of the better receivers of just a decade
ago. There are dozens of different types of radio receivers, and they
perform as both general purpose, and highly specialized instru-
ments.

Look at car radio receivers. In 1956, the first all transistor unit
was marketed by Motorola’s after market division. But it wasn't
until 1962 that Delco Electronics introduced the first standard car
radio for original equipment manufacturer (OEM) sale to an au-
tomobile manufacturer (General Motors). Motorola and Bendix
followed in 1963 with all transistor radios for Ford and Chrysler
products. Starting in 1957, however, we saw the so-called hybrid
car radio receivers. These used special tubes (that allowed 12-volt
operation of the anode; i.e., 12BL6) for the rf, converter, i-f and
detector/1st audio stages, and a gernamium TO-3 package output
transistor for the audio power amplifier. Today, most car radios are
not only solid state, but use integrated circuits of advanced design,
phase-locked loops for both front-end tuning and stereo decoding,
and at least two models use microprocessor-controlled tuning
(Delco and Chrysler all-digital tuning radios).

The amateur radio (ham) receiver and the shortwave listeners
(SWL) receiver have also undergone much in the way of advance-
ment. Even relatively low-cost receiversin this market make use of
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integrated circuits, ceramic crystal band-pass filters, and wouble
conversion techniques. The average amateur/SWL receiver of
today is superior to all but the best commercial receivers of a decade
ago. Similarities in performance exist between these modern radios
and even the best available in the early 60s. Two different
categories of radio receiver are used here: the ham band only and
general-coverage models. The hamband-only receivers are designed
to receive only the high-frequency amateur radio bands (80 meters
through 10 meters), and some will also cover the 160-meters and
6-meter bands. The general coverage receiver is designed to cover
all of the high-frequency bands from 3 MHz to 30 MHz, with most
also covering the AM broadcast band (0.55 MHz to 1.6 MHz) and
not a few also receiving the VLF (200 kHz through 500 kHz) band.
There was once a substantial difference in quality between ham
band and general-coverage receivers that had the same price. It
was usually the case that, dollar for dollar, the ham band receiver
worked better. But today, such distinctions are only occasionally
valid. Some of the general-coverage receivers boast the same
selectivity and sensitivity as ham band-only (HBO) models in the
same price range. Even the tuning rate of the dial (which was the
really big advantage of the HBO receiver) is the same for the two
models. Itis now common to see 500 kHz to 1000 kHz segments on
each band. We find, therefore, that the tuning dial will cover the
same number of kilohertz per dial division on all bands. Formerly,
when the general-coverage receiver would cover 0.55 MHz to 30
MHz in five to seven bands, the tuning rate on the high bands was
very much more rapid than the tuning rate on the lower bands.
Why? The VFO used as the local oscillator had a frequency cover-
age that is equal to the square root of the capacitance ratio in the
VFO tank circuit. For most receivers, the capacitance ratio was
10:1 (they used a 365-pF variable capacitor), so the frequency ratio
was approximately 3.2:1. On the low band, where the low-end
frequency was 1.75 MHz, the high-end frequency would be approx-
imately 5.5 MHz. But at the high end, the low end of the highest
band s typically 15 MHz, so the 30 MHz highest frequency is found
in less than the total dial sweep (sigh). Today, though, almost all of
the SWL general-coverage receivers use double or triple conver-
sion techniques for converting the high bands to some low band, in
500 kHz to 1000 kHz increments. The principal reason why
amateurs don’t use many of these general coverage receivers is
that their receivers are part of ham band-only franscesvers that also

transmit.
A large number of VHF/UHF receivers are on the market. In

the early 60s, monitor receivers for these bands were, in a word,
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terrible. With the VFO-tuned models, it was almost impossible to
tune in a narrow band AM or FM signal, and even harder to maintain
the tuning for any period of time. I have seen some models that
would change frequency when somebody entered the room (their
body capacitance detuned that darn VFO!). By the mid-60s, how-
ever, most of these receivers were crystal-controlled. This elimi-
nated most of the drift problems but only at the expense of chan-
nelizing the operation of the receiver. Several manufacturers now
offer scanner receivers that operate in both VHF and UHF ranges
(channels programmable by the user through a keyboard), and are
microprocessor-controlled.

In this book we are going to consider some of the different
receiver types in block diagram analysis, discuss some of the cir-
cuits in the receivers, and develop some idea of the different
applications and operation of the receivers. This book is part of a
two-volume series, and its companion volume is TAB book No.
1224, The Complete Handbook of Radio Transmitters.

Joseph J. Carr
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Chapter 1
History of the Modern
Radio Receiver

As early as the 1860s, a Virginian operated what appears to have
been a wireless telegraphy unit from a tethered hot air balloon. The
receiver was an induction coil coupled to an ordinary telegraph
clicker. By the 1880s, the claim to wireless telegraphy was firmly
established by German Heinrich Hertz, for whom our basic unit of
frequency is named. His experiments used coupled induction coils
to make the telegraphy work, and was able to work over only a short
distance.

In 1903, Marconi established the possibility of transoceanic
wireless telegraphy by transmitting morse code “S” (...) over the
Atlantic ocean, to a receiver station in St. John’s, Newfoundland,
Canada.

At the turn of the century, radio receivers were really crude,
yet worked with surprising ability. The antenna circuit was coupled
to a crude detector called a coherer; a funny glass tube containing a
set of electrodes and some loosely packed iron filings. The filings
had to be shaken loose periodically in order to keep the detector
working. The sensitivity would deteriorate over a peniod of time,
and the operator would have to tap the glass envelope to shake the
filings loose to resume operations. Transmitters in these days were
mere spark gaps. The first commercially made radio receiver using
the coherer was advertised nationally in Scientific American in 1906.

By World War I, it was found that certain mineral elements
would detect radio signals. We know today that these crystalline
minerals formed natural PN junctions, so were natural detector
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Fig. 1-1. Galena crystal detector.

diodes. One of the principal minerals used in crystal set detectors
was galena (an oxide of lead).

But the galena crystal set was not without problems. Only a
few spots on the surface of the crystal would exhibit the detection
phenomenon. It was necessary to place the crystal inside a metallic
cup (see Fig. 1-1), and then probe for those points with a fine wire
called a cat’s whisker. This turned out to be very tedious, and a
breath of air would dislodge the probe from one of the correct spots.

In World War II, enterprising soldiers made foxhole radios.
These were really crystal sets that used a blued razor blade as the
detector. (You cannot use most blued blades, but only those which
are heat blued; chemically blued blades do not actlike PN junctions.)
A cat’s whisker was made to probe for the detection points on the
razor blade, coils and wire antenna made from “salvaged” wire, and
a pair of earphones could be liberated from a burned out enemy tank
(of course, no GI would ever think of liberating US Army property!).

Figure 1-2 shows the basic crcuit for a crystal set using
modern components. The simplest form of crystal radiois simply a
pair of earphones connected across a detector diode, with antenna
and ground connections to bring in the signal. But this form of radio
will not operate with any tuning; it will simply respond to all signals
strong enough to make the diode go into rectification.

The second most simple crystal set involves an induction coil
(Fig. 1-3) and the crystal detector. The induction coil is made using
100 turns or so (it didn't seem to be critical) of No. 22-No. 26
enamelled wire wound on a 1- to 3-inch diameter coil form. In most
“classical” crystal sets, the coil form was the cardboard cylinder
from a roll of toilet tissue, or a Quaker oats cereal box (today, the
roll from the paper used in most IBM copier machines seems just
about right, and is more sturdy thanthe Quaker oats box!). The
builder would then take a file and scrape the enamel off part of the
coil, making certain not to short together adjacent turns. A piece of
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Fig. 1-2. Circuit for a simple crystal set receiver.

sheet metal was used to make a wiper to select a portion of the coil
for use. Some amount of tuning is offered by this arrangement
because of the stray circuit capacitances.

The fully tunable crystal set is shown in Fig. 1-3. Coil L1 could
be one of the crude coils just discussed, or it can be a regulator
broadcast antenna or rf coils sold by Radio Shack, Lafayette, and
others. The capacitor across the coil is optional, but would make
the system tunable across the AM broadcast band. Use the valve of
capacitance required to resonante the coil selected.

ANTENNA
(10 TO
100 FEET) STV

1N60,ETC

IMPEDANCE
EARPHONES

10T L1 # 0.05 ,f[\ HIGH

Fig. 1-3. More advanced crystal set receiver.
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The primary of the tuning coil is a few turns of the same kind of
wire, wound over the ground end of the coil. One end of this coil is
connected to the 10- to 100-foot wire antenna, while the other endis
connected to real earth ground. The current from the antenna-
ground dircuit, which is an rf current from the radio wave, flows in
this coil. This will make the two coils operate as a transformer,
inducing a higher voltage across L1 than would ordinarily be availa-
ble in the crude set of Fig. 1-2.

The earphones in both cases are high-impedance (2000 ohms
or greater) dynamic or crystal earphones. The capacitor across the
earphones can be almost any type that you have, but disc ceramic
seems to be the best selection. The purpose of the capacitor is to
filter the detected audio signal from the diode.

We no longer have to use a cat’s whisker on a chunk of galena
or a blued razor blade in order to detect the radio signal and recover
the audio. Many different signal diodes are now available. The
1N34 and 1N60 germanium diodes are specified over more modern
silicon types because their junction potential is only 0.2 to 0.3 volts
(as opposed to 0.6 to 0.7 volts), and this makes a more sensitive
crystal set.

TRF RADIOS

The crystal set is not too efficient as a radio receiver; strong
signals are needed in order to make the crystal detect. It is rela-
tively easy to generate the large amounts of power needed ordinar-
ily for long distance (DX) radio communication, but substantially
better distance can be had if the receiver at the other end is very
sensitive. Fleming and DeForest invented the diode and triode
vacuum tubes, respectively, in the early 1900s. By the early 20s, it
was possible to buy vacuum tubes that would operated in the rf
region occupied by radio signals. With Deforest's amplifying triode,
the sensitivity of radio receivers improved substantially. Undoub-
tedly, the first attempts placed an rf amplifier ahead of a crystal
detector, but the multistage radio receiver was soon on the market.
These radios used several tuned radio frequency amplifiers ahead of
a diode (or diode-connected triode) detector stage. These were
called trf receivers for the tuned radio frequency amplifiers (see
Fig. 1-4).

But those early trf receivers were not the panacea. The tuning
of the earlier models was frightful, to say the least. Each LC
(inductor-capacitor) tank circuit in the rf amplifier chain (often three
to seven stages) had to be tuned separately. This would often cause
the amplifiers to break into oscillation, producing a terrible howl and
scream. Some manufacturers simplified things alittle bit by ganging
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Fig. 1-4. Tuned radio frequency receiver.

the tuning controls onto the same shaft, but the trf radio still lacked
something.

One day in the early 20’s, so goes a radio legend, radio
pioneer-inventor Major Edwin Armstrong invited David Sarnoff of
RCA into a laboratory at Columbia University in New York.
Armstrong had invented a new type of radio detector circuit that
greatly improved the sensitivity and selectivity of radio receivers.
He had constructed a radio using the detector inside a sealed
wooden box, and only let General Sarnoff listen to it. Sarnoff
immediately wanted it for RCA. This was the regenerative detec-
tor, an example of which is shown in Fig. 1-5A. The basic circuit
very much resembles the Armstrong oscillator circuit, also named
after the same inventor. A triode amplifier has a tuned LC tank
circuit in the grid circuit, and produces some rf feedback through a
tickler coil (Ls) in the anode circuit of the tube. The rf was
decoupled to ground by a bypass capacitor (C3), but the audio
component was coupled to either a set of earphones, or additional
stages of af amplification, by audio transformer T1. Capacitor C4 is
an audio decoupling bypass capacitor.

The idea s to adjust the position of the tickler coil viz the main
tank circuit coil (L1) so that the stage would be just short of
oscillating. This would greatly heighten the gain of the stage at the
tank circuit frequency, greatly increase the apparent Q of the tank
(hence the obtainable selectivity), and provide the nonlinear impe-
dance needed for detection of the radio signal—all three in one
stage. This type of detector would, at once, render multistage trf
radios much more sensitive, and make possible reasonable sensi-
tive radios with fewer stages (hence, lowered cost).

In some models, the tickler coil was mountedinside of the main
inductor. Regeneration occurred because the operator could rotate
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Fig. 1-5. Regenerative detector at A and coil construction at B.

the coil from fully coupled (0 degrees axis) to fully uncoupled
positions (90 degrees axis), as shown in Fig. 1-5B. At some inter-
mediate position, the regeneration would occur. In certain other
cases, the position of the tickler coil was fixed, usually over one end
of L1, and some other means would be used to bring the stage to the
regeneration point. Popular at one time or another were filament
heater potentiometers, or a series B+ potentiometer in the anode
circuit.

A lot more detail on these receivers is given in an out-of-print
book titled Elements of Radio by Marcus & Horten (later Marcus &
Marcus), which was used by the Navy in the early part of World War
11 to train radio operators. This book is one of the best sources for
those interested in early radio circuits, and should be still available in
many local public and high school libraries. Try to find the pre-war
editions, or the 1941/42 Navy edition (a little more difficuit to
locate).

SUPERHETERODYNE RECEIVERS

The trf receiver was used for several years, and represented a
large jump over the crystal set. As long as the radio frequencies
used were in what we today call the VLF range, maybe as high as

16



the AM broadcast band, the receiver could not be substantially
improved upon. But as the operating frequency of practical radio
receivers went higher into the shortwave region, it became appa-
rent that there were problems in the trf design. It seems that LC
tank circuits become less selective, more finicky, and in general
poorer at higher frequencies. At frequencies above 10 MHz, LC
tank circuits become very difficult to tame in a trf radio. Clearly,
some other technique was needed.

The superheterodyne answered the problems of high fre-
quency trf designs, and is the system currently used by radio
receivers at all frequencies. The basis of the superhet, as it is
nicknamed, is to convert the rf signal from the antenna to another
frequency. The heterodyne principleis best seen, perhaps, using an
analogy from music. Suppose you are sitting at a piano console.
Strike some key—say, A above middle-C. What note do you hear?
Why, A of course. Now strike some other nearby key. What note do
you hear? That note of course. But now strike both keys simul-
taneously. What do you hear? A new tone that is composed of both
single notes, the sum of the two notes, and the difference frequency
between the two notes. You might use the difference frequency to
tune a guitar, or other stringed instrument.

Do you know what the tuner means by a beat note? He will
compare the note being tuned with a standard note, either from
another instrument, or some mechanical or electronic pitch source.
When the difference between these two frequencies becomes
small, then a wavering beat note tone is heard. The frequency of the
beat note is exactly the difference in frequency between the stan-
dard and the string being tuned. When the two notes are identical,
then the beat note completely disappears (the difference being
zero). In the superhet radio, the rf signal is converted to some beat
note called the intermediate frequency, or i-f.

- em@

Ave o MixeR e F L netecTOR S AUDIO *D:]
F2
LOCAL
OSC.

Fig. 1-6. Block diagram of a superheterodyne.
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Figure 1-6 shows the block diagram of a simple superhetero-
dyne radio receiver. The first stage is a tuned rf amphtier, and is
tuned to the frequency of the radio signal being received. There are
sometimes two rf stages, but in most receivers there is only one rf
amplifier. The purpose is to amplify the rf signal a little bit, and
provide some selectivity (called preselection). In some cases, there
is no rf amplifier, as is typical of cheap table model AM radio
receivers. The principal purpose of the rf amplifier in shortwave
radios is to isolate the antenna from the mixer/oscillator stage that
follows. The local oscillator signal used in this next stage can
accidentally be radiated from the same antenna that we use to
receive the signal. This radiation could conceivably interfere with
other stations.

The mixer/oscillator stage is responsible for converting the rf
signal to the i-f frequency. The output of the mixer contains four
signals: the rf (F1), the local oscillator signal (F2), the sum fre-
quency (F1 + F2F2), and the difference frequency (F1-F2). The
tunable superhet would use a variable frequency oscillator (VFO)
for the local oscillator stage, while a channelized receiver would use
a crystal oscillator (XO) for the local oscillator stage. In many
receivers, especially broadcast models, the local oscillator and
mixer circuits are combined into acommon stage called aconverter.

Thei-f amplifier selects either the sum frequency or the differ-
ence frequency, and rejects all others. In most classical receivers, it
was the difference frequency that was used, but in modern radios it
is possible to use either or both, depending upon the band in use.
The bulk of the gain (for sensitivity) and selectivity of the receiveris
determined by the i-f amplifier chain. In very great respect, the
quality of the receiver is set by the i-f amplifier almost entirely.
Following the i-f amplifier are the detector stage (which demod-
ulates the radio signal) and audio amplifier stage or stages.

MODERN RADIO RECEIVERS

All modern radio and television receivers are
superheterodynes. In fact, only a few low-cost child's shortwave
receivers still use the regenerative method. But even the
superheterodyne has undergone many changes over the years.
Some of the best buys for radio amateurs in the late 40s through
mid-60s were surplus Army/Navy models left over in great abun-
dance following World War II. Great buys like the BC-342 and
BC-348 covered frequencies up to about 18 MHz but lacked
bandspreading needed to adequately cover the ham bands. Better
still were the Hammarlund Super Pro series like the BC-779, and
civilian counterparts HQ-129X, HQ-100, Hq-140, etc., and the
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venerable high-cost SP-600 seres recervers. National Radio made
their Model NC-183 and a series called the HRO (- 5, -7, -8, — 50,
—60) that were the pride of many ham shacks of the 50s. Those
HRO-series radios used plug-in banks of coils for bandchanging and
one very good dial for main tuning.

Hallicrafters came forth with their SX-28 receiver, which was
considered one of the best receivers made at the time. This re-
ceiver was made in civilian models before and after WW II, and was
used as part of a division-level communications truck by the US
Army. The SX-28 weighedin at over 72 pounds, as can be attested
by an amateur radio friend of mine who carried one up the last 500
feet of Virginia’s Bull Run Mountain for the 1958 ARRL Field
Day...which means he had the hot June sun on his back.

Several modern communications receivers are shown in Fig.
1-7 through 1-9. All of these are high-frequency models and reflect
several different methods of construction. The unit shown in Fig.
1-7 is a Heath SB-313 model that covers the ham bands, and
selected high-frequency international shortwave bands. This type
of radio uses double conversion with alow-frequency superhet stage
and a high-frequency converter that heterodynes the selected HF
bands down to the variable i-flow band. This low band would then
be heterodyned down to a fixed second i-f. The main tuning dial
tuned the variable intermediate frequency.

The input tank circuits in the high-frequency converter stage
are not tuned by the main tuning dial, but by a separate control called

et

Fig. 1-7. Ham band/international broadcast receiver {courtesy of The Heath
Co.).

19



antenna in some cases, but more commonly preselector. Thelatter
is used in the SB-313, and is the more correct terminology. An rf
attenuator control is used to control the level of rf signal reaching
the rf amplifier from the antenna, while the rf gain control sets the
amplification or gain of the rf amplifier. Both are important in
producing proper reception of strong signals which would otherwise
overload the receiver. The af gain control is merely an audio volume
control.

The agc control is used to select the attack speed of an
automatic gain control (see Chapter 11). It seems that AM, SSB and
CW signals are best handled with different agc time constants, and
this control is used to select the best for the given signal.

The mode switch is used to select the form of detection
required, according to the kind of signal being received: AM, LSB,
USB, or CW.

A modern general-coverage solid-state radio receiver is
shown in Fig. 1-8. This is the Yaesu FRG-7. It will operate from
0.55t029.9 MHz, but avoids the problems of the single-conversion
receivers by down converting to a low-frequency variable i-f. Note
that an internal loudspeaker is provided.

Figure 1-9is a modern digital tuning radio receiver, the Drake
Model R7. A similar receiver is also part of the Drake TR-7/DR-7
amateur band transceiver. This type of radio is similar to older
designs only in that it is a superhet. The main difference is in the
tuning system. The local oscillator is a phase-locked loop (PLL)
circuit controlled by a small microprocessor (an IC-form mic-

rocomputer). It seems that band changes can be caused by looking

Fig. 1-8. Modemn general coverage radio receiver (courtesy of Yaesu).
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Fig. 1-9. Digital radio receiver (courtesy of R.L. Drake & Co.).

up an appropriate code in a read-only memory. Receiver designers
now have to also be competent digital computer designers as well;
a phenomenon seen throughout the electronics industry as the
microprocessor comes to its full maturity.

In the chapters to follow we will discuss many of the circuits
found in radio receivers. We will also cover some of the different
types of superhets found and many different radio receiver models.
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Chapter 2
Simple Radio Receivers

This topic was actually introducedin the last chapter. We stated that
the simplest type of radio receiver is the crystal set. It uses an LC
tank circuit between the antenna, and a crystal detector circuit.
Germanium diodes such as the 1N34 and 1N60 are best in this
application because the lower junction potential of Ge diodes makes
a more sensitive radio receiver.

One of the simplest improvements on the basic crystal set is
the circuit shownin Fig. 2-1. This particular circuit, and others very
much like it, have been popular with beginners in the area of hobby
electronics. At least one hobbyist magazine that slants toward
beginners regularly publishes various versions of this circuit for
newcomers. All that we have done is add a simple audio amplifier to
the output of a crystal set. The audio amplifier will take the low-level
signal from the output of the detector and amplify it toa point where
it has sufficient power to drive a loudspeaker. In most cases, the
output of the detector is sufficient only for directly driving high-
impedance, high-efficiency communications (not hi-fi) earphones.

Resistor R1is used as aload for the diode detector, so may not
be eliminated. Capacitor C2is a filter to remove the rf component of
the detected signal. It has a low impedance to the rf, but is essen-
tially a highimpedance to audio signals. Capacitor C3isusedasaDC
block to prevent the DC bias on the base of the audio amplifier
transistor from reverse biasing the detector diode. The amplifier
stage is a relatively straight forward class-A single-ended audio
power amplifier. It will produce up to several hundred milliwatts of
af output power.
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Fig. 2-1. Simple radio receiver uses an audio amplifier at the output of crystal
set.

Note that most of the retail hobby electronics chains offer audio
amplifier modules of up to 1 watt output that can also be used in this
application. It becomes a simple matter to couple the output of the
detector to the input of the premanufactured audio power amplifier.

We could also use an integrated circuit audio amplifier in place
of the transistor. This would result in less distortion, but would
mearn a more complex connection scheme. Several semiconductor
manufacturers offer audio amplifier ICs up to 4 watts in power
(actually, only a couple hundred milliwatts are justified in this
radio!).

We could go one step further by adding an rf amplifier ahead of
the crystal detector circuit. A sample circuit is shown in Fig. 2-2.
Transistor Q1 is almost any medium-beta transistor billed for use in
rf/i-f/oscillator applications. Such designations are commonly used
in the service replacement and experimenter lines of transistors
(Motorola, HEP, GE, RCA SK-series, Sylvania ECG-series, etc).
The two inductors shown are standard Japanese coils intended for
antenna (L1) and rf (L2) use in the frequency range selected
(usually the AM broadcast band). The primary of L1is connected to
the antenna-ground circuit. The antenna should be a length of wire,
elevated above ground somewhere, which is at least 10 to 100 feet
in length.
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Fig. 2-2. Addition of rf amplifier makes the simplest trf radio.

The base of transistor Q1 is connected to a tap on theinductor.
This is done so that the input impedance of the transistors, which s
essentially low, could be matched, while simultaneously keeping the
high impedance needed for a high-Q selectivity in tank circuit. Bias
for the base-emitter junction of Q1 is provided by R1/R2. Capacitor
C2 is a bypass that is used to keep the low end of the input tank
circuit at a low impedance to ground for rf while maintaining a high
DC resistance to ground for the bias network. Similarly, capacitor
C3is used to keep the emitter at alow rf impedance, while allowing
us to provide thermal stability by using the emitter resistor R3.

The collector of the transistor is connected to a tap on the
output tank circuit, also for reasons of impedance matching. Resis-
tor R4 and capacitor C4 are used to decouple the collector circuit of
the transistor from the base circuit. This is needed to prevent
oscillation via feedback down the power supply line.

A low-impedance link to the collector coil delivers signal to the
diode detector. Again, a 1N34 or IN60 germaniurh rectifier are
preferred for the detector. The RC low-pass filter following the
detector diode is used to remove the rf component from the de-
tected signal, leaving the audio unimpeded. This filter also performs
the function of a fweet filler (as it sometimes called), which means
that it removes the 10-kHz beat note that exists between two
adjacent channel AM band stations. The standard FCC channel
assignments are 10 kHz apart in this band. This radiois sufficiently
sensitive to receive two adjacent channel stations, but lacks the
selectivity to completely suppress the one thatis not being tunedin.
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This leaves a 10-kHz beat note to annoy the listener. The tweetfil-
ter is low pass, and has a cutoff frequency that is between the 3- to
5-kHz audio frequency spectrum of the transmitter, and the 10-kHz
heterodyne between adjacent stations.

The volume control selects a portion of the detected audio
signal for application to an audio amplifier. A multi-stage transistor
amplifier, like one of the Radio Shack modules, or an IC audio
amplifier must be used. The single-ended class-A amplifier of Fig.
2-1is also useful, but is not the preferred circuit. The radio in Fig.
2-2is basically a single-stage tuned radio frequency (trf) radio. The
transistor and tuning circuit components are easily obtainable from
sources such as Radio Shack, but note thatit is necessary to select
capacitors and inductors that are matched to each other for the
frequency range. In the AM broadcast band, for example, “stan-
dard” tuning capacitors might be either 115 pF or 365 pF, and the
coil selected must match the capacitance range of the tuning
capacitor selected. Most blister pack hobby components give the
specifications of the components to which they match.

The radio just discussed is a good project for a beginner in the
art of radio communications, and will serve to demonstrate several
principles. As a result, it is frequently seen in junior and senior
high school electronics shop classes.

REGENERATIVE RECEIVER

We can make a simple three-transistor regenerative receiver
by adding the regenerative detector of Fig. 2-3 to the output of the
rf amplifier in Fig. 2-2. The input coil to the regenerative detectoris
connected to the output link on the rf amplifier (see Fig. 2-2). The
diode detector of the previous circuit is disconnected, or not used to
begin with. The regenerative detector is basically a solid-state
version of the vacuum tube circuit presentedin the last chapter. Itis
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/;[, /;l; BINFIG. 2.2
i C21000F o
MPF102.ETC

POINT A C7A a0k
INFIG. 22

REGENERATION

Fig. 2-3. Regenerative radio.
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essentially an Armstrong oscillator that can be kept just at the verge
of oscillation, so that it operates as a regenerative detector. Poten-
tiometer R3 supplies a regeneration control, and is adjusted so that
the circuit is just short of breaking into oscillation. Capacitors
C4/C5 and the 2.5-mH rf choke are used to decouple the rf signal
from the drain to ground. Transformer T1 is an audio transformer.
Almost any high-impedance secondary model will work nicelyin this
application. Typical values will be 10K to 20K ohms for the primary
impedance, and 500 ohms to 100 ohms for the secondary.

This circuit will demodulate AM signals when the regeneration
control is kept just below the point of oscillation and the circuit does
not break into oscillation even on modulation voice peaks. We obtain
autodyne demodulation of CW signals by adjusting the regeneration
control such that the circuit will not oscillate when no carrier is
being sent by the transmitting station, but breaks into oscillation
when the di-dah CW carrier is received. This means that the circuit
breaks into osciliations when the rf carrier is received, so the
output will contain an audio beat note that has a frequency equal to
the difference between the (rf) carrier frequency and the frequency
of oscillation. This method, incidentally, makes a surprisingly
sensitive SW receiver that would work even on today’s crowded
bands except for the fact that it is not as selective as we might
prefer. Many amateurs of a couple decades ago, however, started
their novice careers using simple homebrew regenerative detec-
tors copied out of Popular Electronics or QST magazines.

' A simplified direct conversion receiver is shown in Fig. 2-4.
This drcuit is sometimes confused with the superheterodyne be-
cause it causes a local oscillator to beat against the rf signal. The
principle difference between the direct conversion and superhet
methods is that the local osdillator in the direct conversion receiver
operates on the received frequency. You should recall that the local
oscillator (LO) in the superhet operates on a frequency different
from the rf frequency by a factor of % the intermediate frequency.

DIRECT CONVERSION RECEIVER

The direct conversion receiver circuit of Fig. 2-4 is based ona
bipolar transistor differential amplifier. Although discrete transis-
tors can be used, it is somewhat easier to use an IC high-frequency
differential amplifier such as the RCA CA3028 device (or equiva-
lent). The pinouts shownin the circuit of Fig. 2-4 are for the CA3028
IC diff-amp. The unnumbered resistors (those in which only values
are shown) are internal to the CA3028, so do not connect them if
you duplicate this circuit. The actual operation of differential
amplifier is coveredin alater chapter, so will not be discussed here,
except in the most general terms.
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Fig. 2-4. Direct conversion radio receiver.

The local oscillator signal is derived from a VFO or XO, and is
applied to the base of transistor Q3. This will vary the current to the
emitters of the Q1/Q2 differential pair at a rate equal to the local
oscillator frequency. This frequency, incidentally, is equal to that of
the rf.

We could drive the bases of Q1/Q2 in push-pull, which is the
way RCA designers intended. But in this case, we simplify the job
by biasing Q2 at the same point as Q1 and placing a bypass capacitor
(C5) between the base and ground so that the base of Q2 remains at
a low impedance to rf.

The signal developedin the rf tank (L1/C1) is fed through a DC
blocking capacitor to the base of transistor Q1. Here it is mixed with
the oscillator signal in a nonlinear manner, producing heterodyne
action. The difference frequency between the LO and rf frequencies
appears as an audio beat note across the audio output transformer
T1, and is coupled to the next stage.
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The LO frequency must be adjusted to a frequency near, but
slightly different from, the rf signal whenreceiving CW signals. This
will produce an audio beat note that can be copied. For example, if
the rf CW signal were on a frequency of 3550 kHz, we must tune the

LO to a frequency of either 3549 or 3551 kHz to produce a 1000-Hz
audio note in the output.

To receive AM and SSB signals, however, the LO frequency
must be exactly equal to the rf frequency. In an AM signal, the
spectrumincludes the carrier (which has the same frequency as the
LO) and the sidebands. These siaebands are equal to the sum and
difference products between the modulating audio and the rf car-
rier, so are clustered close to the carrier. When we produce an LO
signal that is exactly on the carrier frequency, the carrier
heterodynes to zero beat, and only the audio sidebands are trans-
mitted across transformer T1. Bypass capacitors C6 and C7 filter
out the rf component of the collector signals from Q1/Q2.

Itis usually necessary to provide some sort of audio low-pass
filter (with a 3000-Hz cutoff frequency) between the output of the
direct conversion receiver section and any audio amplifiers that
follow. This is to eliminate the high-frequency heterodyne beat
notes that will otherwise mar the receptionif there are nearby radio
stations.

The input LC tuned circuit is shown in simplified form. The
actual circuit might consist of several tuned circuits in cascade. The
companion volume to this book, TAB book No. 1224, The Complete
Handbook of Radio Transmitters, contains some of the design
equations for simple multiple-tuned circuit networks.

The direct-conversion receiver is capable of surprising opera-
tion at frequencies up at least the 20-meter amateur band (14 MHz).
At least one manufacturer of low-cost QRP amateur radio equip-
ment made a very simple bandswitching direct-conversion receiver
for amateur radio experimenters. The Heath HW-8 QRP trans-
ceiver uses a direct-conversion receiver circuit.

SUPERHETERODYNE RECEIVER

The simple superheterodyne receiver is shuwn in Fig. 2-5.
This receiver is an extension of the idea discussed in Chapter 1, but
with all of the stages. This block diagramis typical of home, auto and
portable radio receivers operating in the AM broadcast band.

The rf amplifier usually does not have great selectivity, and has
a typical gain of 5 to 10. Radio engineers do not usually want to
produce too much gainin this stage because they lack the selectivity
to attenuate nearby signals. This means that we might amplify
nearby out-of-passband signals before the filtering of the i-f
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Fig. 2-5. Simple superhet uses converter in place of mixer/LO.

amplifier can get rid of them. The principle functions of this stage
are to:

O isolate the antenna circuit from the local oscillator

O produce some gain

O provide some selectivity.

The converter stage is a combination mixer-local oscillator in
which both functions are produced by a single active element (trans-
istor, IC, etc). The output of the converter is tuned to the inter-
mediate frequency. In most cases, the first i-f transformer is con-
nected directly into the collector circuit of the converter transistor
(see Chapter 6).

The i-f amplifier operates at a single frequency, and provides
most of the stage gain and selectivity of the receiver. All radio
frequencies are converted to the intermediate frequency be the
converter (mixer-oscillator) stage(s). In older designs, the inter-
mediate frequency was almost universally lower than the radio
frequency, because it was easier to make high-gain circuits at low
frequencies. Most table model AM radios made in the US used an
intermediate frequency of 455 kHz (460 kHz was popular in Euro-
pean designs), while FM broadcast radios used a 10.7-MHz i-f.
Interestingly enough, US automobile AM radios used 262.5-kHz i-f
frequencies. This frequency is still used extensively today, except
for one or two models in which some special reason compels the use
of another i-f. One digital auto radio made since 1978, for example,
uses 260-kHz because a 262.5-kHz signal tends to interfere with
the operation of the digital tuning system,

The detector will be a simple diode envelope detector, of the
type used in the circuit of Fig. 2-1. A tweet filter is considered part
of the detector, and should always be included. In some tube radios,
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the detector diode (and a second diode for the agc circuit) were
includedin the same envelope with the triode used for the first audio
amplifier stage. All three*“tubes” shared a common cathode-filament
structure.

The audio section consists of apreamplifier/driver and an audio
power amplifier. Most portable radios use a class-B push-pull
amplifier in the output, in order to take advantage of the lower
average current drain (batteries, you know). It might surprise you
that most car radios, up through the early 70s, used a class-A single
-ended audio power amplifier, despite the obvious lack of efficiency
in those circuits, In car radios where the audio transistor was
mounted on the front panel of the radio, such that it was close to the
dashboard of the car, the heat would sufficiently increase the
dashboard temperature in the vicinity of the radio to bring the
customer in for warranty service. Fortunately, many manufactur-
ers placed the power transistor inlocations where this heat was not
readily transmitted to the customer’s hands!

The agc sectionis an automatic gain control circuit. The typical
radio receiver will encounter signals of considerably different
strength as it is tuned across any band. The listener is alternately
blasted out, and then faced with alow-volume signal. The automatic
gain control monitors the strength of the rf signal, and then corrects
the overall gain of the circuit to compensate for the differences. The
gain is made very high for the low-level signals and is reduced for
stronger signals.

Most agc drcuits use a sample of the i-f amplifier signal. This
sample is rectified and filtered to produce a control voltage (DC). In
vacuum tube receivers, the agc DC control voltage was universally
a negative potential, as it was applied to the grids of the rf and
sometimes i-f amplifier stages. The negative agc voltage became a
grid bias, which would control the gain of the stages. When the
signal was large, the tubes would see a high DC negative bias and
provide less amplification. On the other hand, a weak signal level in
the i-f amplifier would produce little or no negative bias, so the
stages operated at full gain. In modern solid-state receivers, how-
ever it is possible that the agc control voltage be either positive or
negative, depending upon the polarity of the rf/i-f transistors (NPN
or PNP), and whether forward or reverse agc is used in that
particular set. (If this sounds confusing, Chapter 11 will confuddle