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Fore word 
Many amateurs think of single sidebancl as a relatively new method of 

phone communication, but its origins actually go back to the early part of 
this century. Fifty years ago it %'as demonstrated mathematically that two 
siclebands accompany the "carrier" wave as a result of the modulation 
process. The two are identical, except for their frequency relationship to 
the carrier, and each one carries the complete intelligence in the signal. 
This immediately suggested that only one actually was necessary. The 
other, along with the carrier, could be eliminated before transmission, with 
a considerable saving in power and spectrum space. 
In a short time the system was applied to telephone communication and, 

somewhat later, to long-wave transoceanic telephony. When short waves 
came into use the transatlantic circuits were extended to the higher fre-
quencies. The technical problems were difficult, a principal one being the 
attainment of the necessary frequency stability,. However, by the end of 
World War II much progress had been macle in frequency stabilization, 
and shortly after the war's end a small group of amateur experimenters 
took up the art. The success of their efforts was eye-opening, not only 
to the amateur world but also to commercial and government hf commu-
nication services—which up to that time had made almost no use of the 
system for general multifrequency communication.  Today, "ssb" has 
almost supplanted the long-standard amplitude-modulation method in the 
lower-frequency amateur bands, and is making rapid inroads into vhf 
communication. 
The pages of QST have carried the complete story of this transition 

from a-m to ssb, covering the whole field of amateur ssb technique 
in the process. Building a book around the significant articles published 
in QST has been, and continues to be, a logical way to present the con-
stantly-changing ssb picture. This new edition continues the plan of 
selecting major articles describing principles, practice, and current circuit 
methods. Where necessary, the material has been edited to be most useful 
as of the time this edition is published, but in other respects the author's 
original version is retained. 
"Sideband," through elimination of carrier heterodynes and reduction of 

channel width, has remarkably improved the communication capacity of 
our phone bands. Nevertheless, Utopia is still not here. The number of 
amateur stations has increased greatly in the past few years and, un-
fortunately, not all operators are sufficiently acquainted with the principles 
of proper adjustment of ssb equipment. In this edition, special emphasis 
has been placed on those principles and methods that an amateur must 
observe in adjusting and using his transmitter in order to avoid causing 
unnecessary interference. In addition, there is a large selection of well-
tried equipment designs which the experimentally-inclined constructor can 
modify, combine, and select from to his heart's content. 
This book, both in its present and earlier forms, could not exist had it 

not been for the enthusiasm with which its many authors took up single 
sideband and made known their findings through the pages of QST. The 
editors count it a privilege to preserve their works in a book such as this. 

JoHN HuNTooN 
Newington, Conn.  General Manager, A.R.R.L. 
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A History 

of 

A mateur Single Sideband 

The current interest in single sideband was triggered off in 1947 
when, on September 21st of that year, O. G. Villard, jr., W6QYT, 
put W6YX on single sideband in the 75-meter band and worked 
W6VQD. The 20-meter band was "opened" by W6YX on Octo-
ber 9th, when WONWF was worked. 
Exactly one week after hearing W6YX, on sideband, Art 

Nichols, WOTQK, had literally thrown together a 20-meter rig and 
was working W6YX, while scores of interested amateurs around 
the country were listening and finding, to their amazement, that 
a sideband signal could be copied on a normal communications 
receiver. 
However, this was not the first amateur sideband operation. 

Back in 1933 Robert Moore, W6DEI, built and operated a side-
band transmitter. It was described by him in R9 magazine, and 
there were perhaps a half dozen sideband stations on the air 
back in 1934. 
The basic sideband techniques are almost as old as radio-

telephony itself, and communications companies have used side-
band in commercial point-to-point service since the early 30s. 
Why were the amateurs so slow in utilizing this superior radiotele-
phone technique? 
There are several contributing factors. Back in the early 30s 

there was not as much interest in phone as there is now. The 
usual receiver was a regenerative one, with or without r.f. stage, 
and superheterodynes were rather rare. The commercial point-to-
point sideband stations used crystal-controlled transmitters and re-
ceivers always held as close to one frequency as possible, and 
reports in technical journals said that a tuning error of 20 or 30 
cycles was the limit. This discouraged most amateurs who thought 
about trying sideband, because amateur radio is a "band" rather 
than a "channel" affair, and changing frequency is a large part of 
our operating. 
But receiver stability sneaked up on amateur radio without any 

great fanfare, and by 1947 there were enough good receivers in 
use to copy the signals of W6YX, WfiTQK and the others and 
establish the practicability of amateur sideband. It was also found 
that the tuning error could be on the order of 100 or 200 cycles 
and still permit acceptable copy, if one could forget concepts of 
"high fidelity" amateur phone. And, finally, a complexity that was 
frightening in the 30s is so commonplace now that it is no longer 
a consideration. 
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An Introduction to Single 
Sideband 
There are several different methods of trans-

mitting speech by radio; "single sideband" is 
one of them. "Amplitude modulation" (a.m.), 
is the method used in the regular broadcast 
band, all of the international short-wave broad-
casting, and many of the mobile services (land, 
marine and air). Another method is "frequency 
modulation" (f.m.), which is used by the 
"hi-fi" f.m. broadcasting stations, TV sound 
channels, and many mobile services. Single 
sideband is the third method for transmitting 
intelligence; it is used by commercial services 
for many of their long-distance circuits. All of 
these methods are used in amateur radio. 
The nature of a.m. and f.m. signals is such 

that they are very easy to tune in on receivers 
that are designed to receive them. These re-
ceivers are relatively simple and inexpensive to 
build, and even a young child can tune in a 
signal acceptably on them. Frequency stability 
isn't much of a problem. On the other hand, it 

EVEN A YOUNG 
C,I ILD CAN TUNE IN 
A SIGNAL 

requires a certain amount of skill and under-
standing to tune in a single-sideband transmis-
sion, because a slight error in tuning will turn 
the signal into "monkey chatter." Also, if the 
signal is allowed to overload the receiver, it 
will become distorted and impossible to tune 
in with any setting of the dial. 
The reason for the popularity of single side-

band, despite its complexity when compared 
with a.m, or f.m., is that it offers practical 
operating advantages that can be obtained by 
no other known method. As is explained in 
articles to be found in this book, more of the 
power generated by the transmitter is used to 
produce speech at the receiver than when a.m. 
or f.m. is used. This means that for a given 
amount of available power the transmitting 
station can enjoy greater range and longer 
useful operating time. Through the use of 
"voice-controlled break-in" it is possible for 
several stations to operate on the same fre-
quency in a rapid-fire "round table" that closely 
approaches a normal conversation, in contrast 
to the lengthy monologue-type contact custom-
ary on a.m, and f.m. 

7 

Transmitters 

Sections of this book describe the two prin-
y,K 

.gok .04 

comrrei..er 
TO THE LEN GTH'i 

M ONOLOGU E 

cipal methods of generating a single-sideband 
signal. These methods are called the "filter 
system" and the "phasing system,"  Single-
sideband signals are usually generated at some 
fixed frequency and then "heterodyned" to the 
operating frequency and amplified. A single-
sideband signal cannot be frequency-multiplied 
the way an f.m. signal can, and it is poor 
economy to generate the signal in the output 
stage as is customary with a.m. After hetero-
dyning to the operating frequency, a single-
sideband signal is brought to maximum power 
level in a "linear amplifier." A linear amplifier 
is an amplifier that amplifies the input signal 
with very little distortion; in technical terms it 
means that the amplifier has low intermodula-
tion. 
The generation of a single-sideband (ab-

breviated "s.s.b.") signal starts with the pro-
duction of a "double-sideband suppressed-car-
rier" signal in a device called a "balanced 
modulator."  A double-sideband suppressed-
carrier signal (abbreviated "d.s.b.") is the same 
as an a.m, signal except that the carrier fre-
quency has been suppressed. In the filter sys-
tem of single-sideband generation, the double-
sideband output from the balanced modulator 
is fed to a sharp filter, where one sideband is 
passed but the other is rejected. In the phas-
ing system, two balanced modulators are used, 
to generate two double-sideband signals that 
differ only in phase. When the phase (and 
amplitude) relations between the two signals 
are proper, combination of the two signals will 
result in cancellation of one sideband and rein-
forcement of the other, to yield a single-side-
band signal. 
Filters of sufficient selectivity for s.s.b. 

generation can currently be built as high as 
9 Mc. or so, and this sets the upper frequency 
limit of initial s.s.b. generation by the filter 
method. The phasing system has no such re-
striction, although usual practice is to generate 
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the signal in the 2- to 10-Mc. range. Both 
systems have their faithful followers; the phas-
ing method is admired for its economy and its 
electrical subtlety, and the "brute-force" filter 
system for its dependable long-term stability. 

Receivers 

In many ways the problems of receiving 
s.s.b. signals are the same as those encountered 
in receiving code signals, and any good c.w. 
receiver is a good s.s.b. receiver, up to the 
point where the selectivity of the c.w. receiver 
is too great to pass all of the s.s.b. signal. 
But the same general features are required: a 
slow tuning rate, freedom from backlash, good 
signal-handling ability, and good frequency 
stability. Older communications receivers lack-
ing in selectivity and signal-handling ability 
can often be made adequate by the addition of 
a "single-sideband adapter" that provides addi-
tional selectivity and a better detector. These 
adapters will use either the filter or the phasing 
principle to obtain the necessary selectivity. To 
avoid distortion, linearity must be maintained 
throughout the receiver, so it is necessary to 
exercise good judgment in setting the r.f. gain 
control when automatic gain control is not 
available, and this and s-1-o-w tuning are the 
two basic secrets of success in receiver tuning 
for s.s.b. reception. 

Transceivers 

It is universal operating practice for s.s.b. 
contacts to be made with all stations involved 
transmitting on the same frequency. The de-
sirability of this can easily be appreciated; no 
retuning of the receiver is needed when suc-
cessive stations take their turns in a round-
table. If a station calls CQ, an operator wish-
ing to answer will first "zero" his transmitter on 
the same frequency—i.e., will zero-beat his 
transmitting frequency with the incoming sig-
nal—since the CQer will be listening on that 
frequency. Other stations that may break in 
later will follow the same practice. 
This has led to the development of "trans-

ceiver"-type equipment.  A transceiver is a 
combined transmitter-receiver in which the 
same frequency-controlling element is used for 

TO AVOID DisTOIZTION I si -r44E. REcEIVE R 
L.IniE mrtrry NIUST DE Amde•erAtr4P-D 

both transmitting and receiving, so that the 
transmitting and receiving frequencies are 
automatically the same.  Usually, the s.s.b. 
generating circuits also provide the selective 
elements for receiving.  This effects a con-
siderable saving in components and bulk, as 
well as cost. 
Many  commercially-available  transceivers 

provide for transmission and reception on only 
one of the two possible sidebands, as including 
circuits for sideband selection would add ap-
preciably to the cost of the equipment. For 
this and other reasons there has been a species 
of standardization on the particular sideband 
used in the various amateur bands. Nearly all 
operation in the 3.5- and 7-Mc, phone sub-
allocations is on lower sideband, while the 
upper sideband is used on 14, 21 and 28 Mc. 

What Bands? 

Technically, s.s.b. communication becomes 
more difficult at the higher frequencies. Setting 
and maintaining a receiving (or transmitting) 
system to within 50 or 100 cycles of a given 
frequency is relatively much easier at 3.9 Mc. 
than it is at 28.9 or 144.9 Mc. This is one of 
the reasons why the s.s.b. activity is greater on 
the lower-frequency bands than it is in the 
higher portions of the spectrum.  However, 
the rewards of s.s.b. techniques are greatest 
on those bands where selective fading and/or 
weak signals are encountered, as on 14, 21 and 
28 Mc. and v.h.f. 

Equipment 
Although this book contains many articles on 

the construction of s.s.b. equipment, it is real-
ized that not everyone has the facilities or 
time to construct everything in his s.s.b. station. 
Fortunately, there are a number of good s.s.b. 
exciters and linear amplifiers on the market. 
A new, or second-hand, s.s.b. exciter offers a 
time-saving way of "getting your feet wet" 
in single sideband. Some older exciters deliver 
only a few watts of power, but even this is 
enough to try "barefoot" (directly into the 
antenna) for a few QS0s. Other exciters (and 
transceivers) will deliver well over 100 watts; in 
this power level they can certainly be classed 
as "transmitters." Some provide for optional 
a.m, or d.s.b. operation, while some of the 
latest designs restrict the operation to s.s.b. and 
c.w. or s.s.b. only. The optional a.m, operation 
is always at a lower power level than the s.s.b. 
or c.w., because a large percentage of the total 
power capability is used up by the carrier. 
The power level of the station can be in-

creased by adding a linear amplifier between 
the exciter and the antenna, and a number of 
such amplifiers are currently on the market. In 
selecting one, first make certain that your 
present exciter has sufficient output to ade-
quately drive the amplifier. More-than-enough 
drive can always be dissipated in a supplemen-
tary load, but insufficient drive will limit the 
useful output from the linear amplifier. 
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» Here are the reasons why single-sideband is superior to other 
forms of modulated signal in radiotelephony. The soundness 
of the conclusions is confirmed by everyday amateur experience 
with s.s.b.—experience reflected in the fact that "sideband" is 
now the dominant mode on the popular h.f. bands. 

W hy Single Sideband? 
DONALD E. NORGAARD, W6VMH 

How and why can single sideband "buy" us 
better communications? First of all, a single-
sideband signal uses up less than half the space 
in the band than that occupied by properly-
operated a.m. or n.f.m. transmitters, regardless 
of power. Next, it doesn't "waste any steam 
blowing the whistle"! By that is meant the 
relatively tremendous amount of power devoted 
to transmission of the carrier compared to 
intelligence-bearing sidebands. There just isn't 
any "whistle blowing" to blot out the other 
fellow and rob yourself of "steam." These 
things are mentioned first because they should 
be obvious and we want to start out agreeing 
with one another in this discussion. 

Carrier and Sideband Relationships in A.M. 

To keep things on a simple basis at first, 
assume that an ideal a.m, transmitter has a 
carrier output of 100 watts. We know that 
when this. carrier is modulated, sidebands are 
generated in proportion to the strength of the 
modulating signal (until we reach 100% modu-
lation), and that the carrier strength itself is 
not affected at all by modulation. A plot of the 
frequency spectrum (voltage versus frequency) 
of the simple case of steady 100% modulation 
of the carrier by a single tone (sine wave) of 
1000 cycles would look like Fig. 1. The 
envelope (a plot of voltage versus time) would, 

From "What About Single Sideband?" QST, May, 
1948. 
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FIG. 1—Example of 100% modulation of a carrier 

by a single tone of 1000 cycles per second. 

of course, have the appearance of Fig. 2. All 
right, so far? Our Handbook tells us that in a 
resistive circuit where the resistance stays con-
stant the power is proportional to the square of 

7 207,- SECOND 

CARRIER 
VOLTAGE 

To 

FIG. 2—Envelope of carrier 100% modulated by a 

1000-cycle sine wave. 

the voltage applied. In the case we are talking 
about, three voltages are applied; one is the 
carrier, and the other two are the upper and 
lower sidebands, respectively, in accordance 
with Fig. 1. 
The voltage of each of the sidebands is half 

that of the carrier. Therefore, the power in 
each sideband is (Y2)2 times that of the carrier. 
Since it was assumed that the carrier output 
was 100 watts, the power in each sideband is 
25 watts, and the total sideband power is 50 
watts.  This, incidentally, is the maximum 
single-tone sideband power that can be gene-
rated by amplitude modulation of a carrier of 
100 watts. No one has ever been able to do 
better, because it just isn't possible to do so. 
(It doesn't help to overmodulate! This cuts 
down the desired sideband power and gene-
rates spurious sidebands called splatter.) 
We can represent the information in Figs. 1 

and 2 by means of a vector diagram and make 
some more calculations. In Fig. 3 the carrier 
voltage is given one unit length. Therefore, 
the upper and lower sideband voltages have 
one-half unit length, and are so indicated. 
Now, watch out for this one: In Fig. 3 the 
carrier vector is assumed to be standing still, 
though actually it makes one revolution per 
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cycle of carrier frequency. Imagine you are 
standing at the origin of the carrier vector 
and are spinning around with it at carrier 
frequency. What you would see are the upper-
and lower-sideband vectors rotating in opposite 
directions at the modulation frequency in such 
a way that the terminus of the last vector in 
the chain of three lies along the line of the 
carrier, bobbing up and down at 1000 cycles 
per second. As far as you could tell, the carrier 
vector does not move or change at all, and that 
is the impression Fig. 3 is intended to convey. 
At the instant of time (To, Fig. 2) chosen for 
Fig. 3 the three vectors are all in line and add 
up to two voltage units. One two-thousandth 
of a second later the sideband vectors have 
rotated one-half turn each, and the three vec-
tors add to zero, since 1-3i-3Z-0. This should 
make it easier to understand the relationship 
between Figs. 1 and 2 without too much trou-
ble. 
Now, here is the point of all this: The car-

rier vector is one voltage unit long—correspond-
ing to a power of 100 watts. At the instant of 
time shown in Fig. 3, the total voltage is two 
units—corresponding to (2) 2 times 100, or 400 
watts. One two-thousandth of a second later, 
the answer is easy—the voltage and power are 
zero. Therefore, the transmitter must be cap-
able of delivering 400 watts on peaks to have 
a carrier rating of 100 watts. Stated differently, 
the excitation, plate voltage, and plate current 
must be such that the output stage can deliver 
this peak power. What about this? We are 
already up to 400 watts on a 100-watt trans-
mitter! Yes, we are, and if the transmitter 
won't deliver that power we are certain to 
develop sideband splatter and distortion. 
Under the very best conditions that can be 

imagined we need a transmitter which can 
deliver 400 watts of power on peaks to transmit 
a carrier power of 100 watts and a total maxi-
mum sideband power of 50 watts. What does 
this 100-watt carrier do for the transmission? 
The answer is it does nothing—for the simple 
reason that it does not change at all when 
modulation is applied. The carrier is just like 

Upper sideband 
if  (Y2 voitafewnit) 

4.  Lower sideband 
(la voltafe unit) 

Carrier 
voltafe unit) 

FIG. 3—Vector  dia-
gram of 100% modu-
lation of an a.m. car-
rier  at the  instant 

(corresponding to To 
in Fig. 2) when peak 
conditions exist. The 
broken vectors show 
the  relationships  at 
an instant when the 

modulating signal is 
somewhat below its 

peak. 

a hat rack—something to hang sidebands on. 
It seems silly to carry a hat rack around with us 
just so that we can say that we have brought 
two hats along. Yet, that is just exactly what 
we do when we hang two sidebands just so 
on a carrier and go out with the whole thing 
into our crowded phone bands to be jostled 
about. Far better to put on a hat and leave 
the hat rack home where it belongs. One hat? 
Certainly. It is ridiculous to go around trying 
to wear two dinky hats at the same time— 
especially in the rain! 

Leaving the Carrier at Home 

Sure, take a look at Figs. 1 and 3. Suppose 
we leave the carrier home and double the am-
plitude of each of our sidebands. This will still 
run our transmitter at its peak output capac-
ity of 400 watts, all it can do. Well, the side-
band power goes up all right. The sideband 
voltages are doubled, so our sideband power 
is four times what it used to be. That means 
each sideband is 100 watts, and our transmitter 
is not overloaded on peaks. The total sideband 
power is, of course, 200 watts. But this side-
band power doesn't do much for us if it can't 
all be put to work. That is the situation with 
two sidebands and no carrier; the sideband 
power is in such a form that it doesn't, lend 
itself readily to full utilization. 
What if we leave one of the sidebands home, 

too? If we do, we can increase the voltage on 
the remaining one to two units and run our 
transmitter at its maximum peak power output 
of 400 watts. This time it is all sideband 
power. It so happens that sideband energy in 
this form is usable. Yes sir, all of it can be 
used, for it is just like c.w.! It is indeed, and 
we receive it in just the same way. All that is 
necessary is to set the b.f.o. in our receiver so 
that it is at the same frequency as the carrier 
we left home. Good. We don't have to carry 
our own hat rack around, and we don't have to 
go out with two little pint-size hats on either. 
Your host will let you hang your hat on his 
hat rack, and your hat won't know the differ-
ence, either, because the hat racks we are talk-
ing about are identical. What a fine thing that 
is. We put out 400 usable watts with a trans-
mitter that could put out only 50 usable watts 
in the form of amplitude modulation. 
Expressed in decibels, the ratio of 400 watts 

to 50 watts (8:1) is 9 db. But this isn't the 
complete story. The transmission covers only 
half the spectrum of the a.m. transmission and 
isn't blowing a loud whistle in the middle of 
it all. This kind of 8-db, gain doesn't bother 
the other fellow as much as if it were obtained 
with antenna gain on a.m. transmission. 
Before climbing down from the ivory tower 

of theory we ought to see what hanging our 
hat on our host's hat rack really means. First 
of all, his hat rack has not been dragged 
through the mud and rain of propagation. It 
has our wet hat hanging on it and the hat 
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won't fall off unless the hat rack is unsteady— 
it won't, provided we are not careless about 
how the hat is put there. The point is this: 
The sideband must be based on a good clean 
carrier of immaculate frequency stability, and 
our host's carrier must be stable, too. A good 
crystal-controlled oscillator or a really stable 
v.f.o. is a necessary part of a present-day trans-
mitter, anyway, so there is no worry on this 
point. Receiver stability has become increas-
ingly important through the years and it is 
quite likely that our host is today in possession 
of a fairly good receiver. At least, to hear him 
tell about it over the air or at the club, there 
never was a better one! But even if he doesn't 
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have the very best that can be constructed, he 
might be willing to steady it a little bit by 
hand or to do some tinkering with it in the free 
time between rag-chews and schedules (or CQs) 
so that he doesn't have to coax it along con-
stantly. There is no denying that it can be 
done. 

Transmitter Ratings 

Back to earth again, we might worry about 
the little 100-watt transmitter straining itself 
to put out 400 watts, for that is what we said 
we wanted it to do for a short percentage of 
the time, but it probably would burn up if we 
kept that one sideband generated by the 1000-
cycle tone pumping through it steadily. For-
tunately, speech waveforms have a high ratio 
of peak to average power. It is average dissi-
pated power that burns up tubes, so there is 
nothing to worry about on this score until we 
can learn how to talk with waveforms having a 
much lower ratio of peak to average power. 
Actually, the steady 100-watt carrier of an 
a.m. signal causes most of the dissipation in 
the 100-watt transmitter, but it was built to 
stand up under that kind of treatment. 
While shrouded in theory, we were talking 

about output power, and managed to show 
that we could get 400 watts of sideband power 
output with single sideband at the same peak 
power that gave only 50 watts of sideband 
power in the case of a.m. That's fine for com-
parison purposes on a theoretical basis, but 
there is the practical matter of efficiency to 
consider. Let's lean over backward and say 
that a good Class C plate-modulated amplifier 
such as the one in our ideal 100-watt a.m. 

transmitter runs with an efficiency of 80%. 
Neglecting the fact tht the total input under 
modulation with speech is somewhat higher 
than the carrier input (which is 100/0.80=125 
watts), the dissipation in the output stage is 
25 watts.  Let us say, however, that the 
modulation still drives the transmitter to its 
peak output power of 400 watts, but has very 
low average power. Therefore, the peak side-
band power output is 50 watts, with very low 
average power. Here is a strange way of rating 
things, but it means something:  The peak 
useful sideband power is 50 watts obtained 
with a final-stage dissipation of slightly over 
25 watts in the a.m. transmitter. The peak 
input power is, of course, 400/0.80=500 watts, 
since the efficiency of 80% is pretty nearly 
constant with this type of operation. You have 
already guessed what the next thing is. The 
peak useful efficiency is 

peak useful power output  
peak input 

or 50/500=10%. Who says high efficiency? 
This figure is not the true efficiency of the 
output stage—that's the assumed 80%—but it is 
the "communication" efficiency.  The trans-
mitter, of course, cannot tell the difference 
between carrier and sideband signals it deals 
with, so we must be satisfied with 10% "com-
munication" efficiency as we have defined it. 
Now let's look at the single-sideband situa-

tion. The output stage must be a linear am-
plifier. This linear amplifier will have charac-
teristics quite similar to Class B modulators 
used, for instance, in the little 100-watt plate-
modulated a.m. transmitter. Suppose we put 
into this transmitter the same speech wave-
form we used in the example above. This wave 
had a high peak-to-average power ratio, if you 
recall, and we were concerned only with condi-
tions during the peak period. Things are ad-
justed so that the peak output is 400 watts in 
order to fall into our theoretical pattern, The 
theoretical maximum peak efficiency of a linear 
amplifier is 78.5%, but nobody ever got that 
much out of such an amplifier. However, with 
modem tubes we can get 70% peak efficiency 
quite comfortably, so let's use that figure in our 
calculations. All right, the peak power input 
is 400/0.70=572 watts, which, if sustained, 
would get some tubes mighty hot at 70% 
efficiency, if they could dissipate only 25 watts. 
This signal isn't sustained, however, for we 
assumed a speech input wave having a high 
peak-to-average power ratio, and it is average 
power that makes plates incandescent. Well, 
all of this 400-watt peak output is useful "com-
munication" power, and it is obtained at 70% 
efficiency. Thus we can say that the "commu-
nication" efficiency of the final stage of this 
single-sideband transmitter is 70%. 
All this does sound wonderful. What about 

plate dissipation in the final stage? If we 
neglect the average dissipation during modula-
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tion with our speech wave, the one might say 
that the total dissipation is close to zero. It 
certainly would be if we had vacuum tubes 
with linear Irvs.-Ep curves right down to cut-
off. But there are plenty of tubes that make 
good linear amplifiers, and they do not have 
linear IrEp curves at all. This generally means 
that the linear amplifier is operated in such 
a way that there is d.c. input even though 
there is no signal input. This d.c. input power, 
of course, heats the tubes when no signal is 
there, and represents most of the dissipation 
that the tubes are called upon to stand under 
conditions of speech modulation.  In most 
cases good linearity is obtained when the no-
signal input plate current is about 5% of the 
maximum-signal plate current. This means that 
the no-signal dissipation is about 5% of the 
maximum input power, since the d.c. input 
voltage is held constant. Therefore, the total 
dissipation would be something close to 572 x 
0.05=28.6 watts. 
That's within gunshot of the 25 watts which 

our a.m. transmitter burned up in the plates of 
its tubes. You have guessed it again; the out-
put stage of the single-sideband transmitter 
delivering 400 watts peak communication out-
put can use the same tubes that are necessary 
in the 100-watt-carrier-output a.m. transmitter 
which delivers 50 watts peak communication 
output. 
The foregoing comparison isn't absolutely 

accurate, since the actual waveform of speech 
input is unknown. But it is a fair comparison, 
and experience and tests support the argument. 
That is what really proves the point. 

Signal-to-Noise Ratio 

The business of receiving a single-sideband 
signal probably needs a little clarification. Let 
us examine the characteristics of receivers and 
find out what happens when a signal is re-
ceived. 
Theory says (and experience bears this out) 

that noise power is proportional to the effective 
bandwidth employed in a system. The noise 
we are considering now is "thermal noise," 
frequently called "receiver hiss." This is not 
to be confused with man-made noises of the 
impulse type such as automobile ignition, com-
mutation noises, or even an interfering radio 
transmission. However, it is no figment of the 
imagination, since it can be measured, and, 
equally important, heard in our receivers. The 
single-sideband signal requires only half as 
much i.f, bandwidth as the a.m. signal requires 
to provide a given audio bandwidth. There-
fore, we should not use more receiver band-
width than the type of transmission requires us 
to use, since we do want to deal with pertinent 
facts in comparing one system with another. 
Reducing the effective receiver bandwidth by 
a factor of two cuts down the noise power out-
put of the receiver by the same factor, when 
only thermal noise is considered.  But this 

reduction in bandwidth does not affect the 
ability of the receiver to respond to all of the 
sideband power it receives from a single-side-
band transmitter. This begins to look as though 
we receive all of the single-sideband power 
available at the receiving location and hear 
only half the noise power that would be heard 
when receiving an equivalent a.m. transmission 
with the same receiver gain. This is absolutely 
true, so in haste we might put in another 2:1 
factor of improv£inent in signal-to-noise ratio 
simply because we measure half the noise 
power when the bandwidth is cut in half. 
Apparently, this would then give the single-
sideband system a 12-db. (16-to-1 power ratio) 
signal-to-noise ratio gain over the idealized a.m. 
system. In one sense this is true when con-
sidering power relationships alone, but before 
we reach any conclusions we should see how 
a detector responds to signals furnished to it 
by an if, amplifier. 
We see from Figs. 1, 2 and 3 that the two 

sidebands in our idealized a.m. system each 
have 25% of the carrier power, but 50% of the 
carrier voltage. In an idealized a.m. receiver 
the detector is a linear or envelope detector, 
and linear detectors respond to voltage— 
definitely not to power as such. Therefore, the 
detector output corresponds to the envelope 
voltage, giving a demodulated signal voltage 
having a peak value equivalent to one voltage 
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unit if we assume that each sideband is 
voltage unit at the detector. The demodulated 
signal in this case is our modulating signal, a 
1000-cycle sine wave. This may be expressed 
as one unit of 1000-cycle audio power at the 
detector output. The characteristics of thermal 
noise, however, are such that this same detector 
produces noise power output in proportion to 
the i.f. bandwidth, which, of course, is neces-
sarily twice as great for a.m. reception as it 
is for single-sideband reception. So we can say 
that the a.m. receiver detector output (or 
audio output) has one signal power unit and 
two noise power units when two sidebands 
totaling one-half a power unit are applied to 
the detector. (These units are not necessarily 
the same, but are in the same classification. 
Obviously,  this  depends  on  the relative 
strengths of the signal and the noise.) 
In order to produce the same detector output 

when only one sideband is applied to the 
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detector (along with a sufficient amount of 
locally-generated carrier at the correct fre-
quency) its voltage must be the same as the 
combined voltage of the two sidebands that 
were applied in the case of a.m. reception. 
The power in this one sideband is twice the 
combined power of the two sidebands which 
produce the same voltage output from the 
detector. This is the same thing we saw when 
comparing total sideband power of two side-
bands with the power of one sideband having 
the same voltage as the combined voltage of 
the two sidebands, when we discussed the 
transmitters. At the receiver we can say that 
we get one signal-power-unit audio power 
output from the detector with one unit of 
sideband power input applied to the detector, 
and one unit of noise power, since we can 
slice the i.f. bandwidth in half to reduce the 
noise power output by half. 
It doesn't take much figuring to see that 

if it requires twice as much single-sideband 
power as it does double-sideband power, to get 
the same signal output power from a receiver 
with the noise power output half as much for 
single-sideband operation as for double-side-
band operation, nothing has been gained in 
signal-to-noise ratio. But nothing has been lost, 
either. Since measurements confirm the reason-
ing we have just been through, we should give 
back that 3 db. we thought at first we had 
earned by reducing the bandwidth by two 
to one. Therefore, on an idealized theoretical 
basis we must conclude that single-sideband 
operation can give 9-db. signal-to-noise ratio 
improvement over amplitude modulation oper-
ating at the same peak power output. 
Back again from the ivory tower we begin to 

wonder what significance this 9-db. system gain 
has, since we arrived at this figure on an 
idealized basis.  This idealized condition in-
cluded consideration of only the necessary facts 
in order to avoid confusion. But to the ama-
teur, confusion in the form of QRM is not 
avoidable except under idealized conditions, 
which seldom, if ever, occur in the ham bands. 
In fact, commonplace man-made disturbances 
so completely mask out thermal noise in a 
good receiver operated on our low- and 
medium-frequency bands that we should try 
to evaluate the performance of single sideband 
working under the conditions we know we do 
have. 
Impulse noise—the clicks and pops we hear— 

produces detector output voltage more or less 
proportional to bandwidth.  Immediately we 
can say that single-sideband reception at half 
bandwidth will give us almost 3 db. receiver 
s/n gain with this kind of noise, provided we 
cut down the bandwidth in the right way. 
That's fine, because we can get a practical gain 
of almost 12 db. over this type of noise when 
we use single-sideband transmission. That's the 
kind of noise we want to beat! 

QRM in A.M. and S.S.B. Reception 

Another type of QRM is the usual one— 
interfering radio transmissions. These fall into 
several classifications which deserve individual 
consideration. The first case is that of inter-
ference which has a signal strength definitely 
lower than that of the desired transmission. 
With conventional receiver conditions (a.m. 
reception), all of the interfering energy that 
reaches the detector heterodynes with the car-
rier of the a.m, signal being received and 
produces a beat .note bettveen the two carriers, 
along with "monkey chatter" caused by the 
voice sidebands of the undesired transmission 
beating with the relatively strong desired car-
rier. A rejection filter may be used to put a 

notch iinn  the if. passband so that the carrier 
heterodyne is practically eliminated, but most 
of the monkey chatter remains. (This depends, 
however, on the shape of the i.f. passband 
when the notch filter is switched in.)  In 
almost every case of this kind the heterodyne 
between carriers is much more bothersome 
than the monkey chatter, so it pays to notch 
out the interfering carrier. With single-side-
band reception, the exposure to interference is 
cut down to half, but any interfering signals 
(carriers or sidebands) that lie within the band 
occupied by the desired transmission will cause 
heterodynes and monkey chatter in proportion 
to their strengths. The notch may be used to 
eleminate one carrier heterodyne, but that is 
about all it can do. The advantage of single-
sideband reception in this case is principally 
that, on the average, only half the number of 
heterodynes will be heard, where interference 
is the only disturbance to otherwise flawless 
reception. Well, that helps. 
The case of an interfering signal of about 

the same strength as the desired signal is next. 
If nothing is done to eliminate the interfering 
carrier before it reaches the detector, all of the 
sidebands that are passed by the i.f, amplifier 
are demodulated against each carrier, and there 
is as much monkey chatter caused by the 
desired sidebands beating with the interfering 
carrier as there is from the undesired sidebands 
beating with the desired carrier. In addition, 
there are usually equal amounts of halfway-
intelligible speech outputs from each trans-
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mission.  Of course, the heterodyne of the 
carriers is by far the loudest signal heard, and 
it consists of a fundamental heterodyne note 
and a series of fairly strong harmonics through-
out the audio band. Add a little QSB on both 
signals to this picture and not much is left of 
either signal. When the carrier of the inter-
fering signal is put in the rejection notch a lot 
of the curse is removed.  The remaining 
monkey chatter is, of course, more bothersome 
than in the case where the interfering signal 
was not so strong. With single-sideband recep-
tion under the same conditions, an interfering 
carrier produces a single-tone heterodyne, and 
the interfering sidebands produce monkey 
chatter, but nothing intelligible. Use of the 
notch filter can eliminate the carrier heterodyne, 
leaving only monkey chatter. Here again, the 
exposure to QRM is cut in half, since the 
receiver bandwidth can be cut in half without 
sacrifice of audio bandwidth, so the situation is 
similar to the first case (interference weaker 
than the desired signal) but, of course, worse. 
When the desired transmission is besieged by 
more than one interfering signal of equivalent 
strength only one of the carriers can be put in 
the notch, and the others have to be tolerated 
along with monkey chatter. The remaining 
heterodynes, however, are definitely less dis-
turbing since they are not distorted in the 
detector. What is left is then purely a fight on 
the basis of strength and intelligibility. Single-
sideband intelligibility is definitely of a superior 
nature. 
When the interfering signal is stronger than 

the desired one, the stronger is the only 
intelligible one in a.m. reception, since the sit-
uation is the reverse of the first case. This is 
true until at least the undesired carrier is 
notched down so that it does not reach the 
detector. But all the troubles are not so easily 
disposed of. The low-level speech sidebands 
of the  interfering transmission  appear  as 
monkey chatter, while the stronger ones which 
exceed the level of the desired carrier serve as 
virtual carriers against which the desired carrier 
and its sidebands are demodulated to produce 
whistles, groans, and monkey chatter of a kind 
that is horrible. It's all a weird mess in spite 

of anything that can be done with the very 
best conventional receiver. With single-side-
band reception of the desired weaker signal, 
all of the undesired noises are, of course, 
louder than in the previous cases, but that is 
the only difference. Notching out the chief 
offender—the  interfering  carrier—frequently 
wins the battle, but it is not certain to do so. 
After all, there are limits, but you have a fight-
ing chance, because somewhere there in the 
background is perfectly clean intelligible speech 
without distortion. The only trouble is that the 
monkey chatter may be louder, but not funnier. 
Of course, two strong interfering transmissions 
partly or wholly within the receiver passband 
make just that much more trouble. Here again, 
the fact that the receiver bandwidth can be 
cut in half cuts down the average probability 
of trouble by a factor of two to one. 
It has been assumed in the discussion of the 

QRM problem that the receiver is not over-
loaded by signals, and that the interfering sig-
nals are of good quality and frequency stability. 
The difficulties are greatly compounded when 
"rotten" signals are involved. The rotten signal 
not only does more damage than necessary to 
others using the band, but is out of luck when 
it is the recipient of QRM from other trans-
missions. 
When single-sideband signals are in the rôle 

of interfering signals, the principal effect is 
monkey chatter unless the sideband strength 
is sufficient to put the interference in the 
class of a signal which exceeds the carrier 
strength (of an a.m. signal). Single-sideband 
reception clears up this difficulty, but does not 
eliminate all interference. Single-sideband re-
ception of standard a.m. and n.f.m. signals with 
exalted carrier is possible and feasible. Such a 
receiving method improves the situation tre-
mendously, but the full advantages cannot be 
exploited until single-sideband transmissions are 
the only ones involved. 
Laboratory tests and on-the-air experience 

with single-sideband transmitting and receiving 
equipment indicate that single-sideband signals 
are the most QRM-proof signals that are 
known, as well as the least troublesome in 
creating QRM. 
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» Explaining the principles of the "balancing" or "phasing" 
method of generating a single-sideband signal, by an author 
who has done outstanding work in this field. 

The "Phasing" Method of 
Generating Single Sideband 

DONALD E. NORGAARD, W6VMH 

Fundamentally, the "phasing" method of 
generating a single-sideband signal consists of 
removing one of the sidebands by means of a 
balancing process rather than by filtering. 
The principle employed may be explained by 

reference to Figs. IA and 1B, which are vector 
diagrams showing the relationship between car-
rier and sidebands produced in amplitude 
modulation. In Fig. IA a carrier is shown in 

Lower 
Sideband 

Carrier of   

'Reference' Phase 

Upper 
Sideband 

Carrier Lagging 
°ReferencePhase 
by 90° 

Lower 
Sideband 

(A)  (B) 

Upper 
Sideband 

FIG. 1—The carrier and sideband relationship re-

quired to generate a single-sideband signal by the 

"phasing" or "balancing" method. The modulating 

signal in B leads the modulating signal in A by 90 °. 
When the two signals represented by A and B are 

combined, the upper sidebands add and the lower 

side bands cancel out, resulting in a single-sideband 

signal. 

"reference" phase, and the positions of the 
sideband vectors indicate that peak-envelope 
conditions exist at the instant shown. In Fig. 
1B a carrier of the same frequency but 90° 
away from that of Fig. IA is shown. The two 
sideband vectors in Fig. IB indicate that the 
envelope has a value (at the instant shown) 
equal to the carrier; that is, the modulating 
signal is 90° away from that which gave the 
conditions shown in Fig. 1A. 
If the conditions shown in Fig. lA exist at 

the output of one modulating device at the 
same instant that the conditions indicated in 
Fig. 1B exist at the output of another modu-
lating device, and if the sideband frequencies 
and magnitudes are the same, the simple sum 

From "A New Approach to Single Sideband," QST, 
June, 1948. 

of Figs. IA and IB will consist of carrier and 
upper sideband only. It can be seen that the 
lower-sideband vectors are equal in magnitude 
and opposite in direction, and hence would 
cancel one another. How can this result be 
obtained in practice? 
The vector diagram of Fig. IA might be said 

to represent the output of a modulated ampli-
fier where a carrier of reference phase is 
modulated by a tone of reference phase. Thus, 
Fig. IB would represent the output of a second 
modulated amplifier where a carrier of the 
same frequency but 90° displaced from refer-
ence phase is modulated by a tone that is also 
90° displaced from its reference phase. To 
make the whole thing work, the frequencies of 
all corresponding signals represented in the two 
vector diagrams must be exactly the same. 
This would suggest an arrangement such as 
Fig. 2, which would operate satisfactorily if 
the 90° phase-shift devices held amplitudes 
and phases of the respective signals to agree 
with the requirements indicated in Figs. lA 
and 113. The carrier phase-shifter is easy to 
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FIG. 2—A block diagram showing the circuits re-
quired to generate a single sideband by the method 

of Fig. 1. This is an impractical method because 
there is no known means for obtaining the 90 ° 

audio shift over a wide range of frequencies. 

build, since the carrier frequency is constant, 
but the modulating signal phase-shifter might 
not be, since it must work over a wide range 
of frequencies.  The arrangement of Fig. 2 
works in principle but not in practice, for any 
wide range of modulating frequencies. 
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It so happens that two phase-shift networks 
having a differential phase shift of 90° can be 
inserted between the source of modulating 
signals and the modulating devices to generate 
sets of sidebands which can be combined to 
cancel one of the sidebands as indicated earlier. 
This leads to an arrangement such as that 
shown in Fig. 3, where the symbols "a" and 
"13" indicate the two networks that have a 
difference in phase shift of 90° over any de-

Source of 
modulating 
aignals 

Audi Audio 

of 
Network Network 

- 90. differ ace — 
over a wide range 
of frequencies 

Audio 

Modulator 

R.F. 

Car ler 
source 

R.F 

90° 

RI 

Modulator 

Single-sideband 
output 

FIG. 3—The system outlined in Fig. 2 becomes prac-
tical by using two audio channels (a and /3 net-

works) with a constant phase difference of 90°. 

sired range of modulating signal frequency. 
The principle of Fig. 3 has been found to be 
practical for several important reasons: 
1) A carrier of any desired frequency can 

be used. This means that heterodyning the 
output to a higher frequency is not at all 
necessary as is the case when a filter is used 
to eliminate one sideband. 
2) Conventional parts may be used in any 

and all of the circuits. There is no "problem 
of the filter." The cost, therefore, is low. 
3) Any desired range of modulating fre-

quencies may be employed. There is no theo-
retical limit to how low or how high these 
frequencies may be but, of course, there are 
practical limits. The phase-shift networks can 
be designed to cover a frequency range of 7 
octaves, far more than is necessary for speech. 
4) Modulation may be accomplished at any 

chosen power level. In the interest of effi-
ciency, it is generally wise to carry out this 
600 
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o 

portion of the process at receiver-tube level, 
using linear amplifiers to build up the power. 
5) Simple switching may he provided so 

that amplitude-modulation, phase-modulation 
or single-sideband signals may be generated. 
The characteristics of typical wide-band 

phase-shift networks are shown in Fig. 4. It 
can be seen that the differential phase shift 
averages 90° over a frequency range of at least 
7 octaves.  Of course, the ideal differential 
phase shift is exactly 90°, and the excursions 
of the actual phase-shift curve are -± 2° from 
this value. The ratio of undesired sideband to 
desired sideband is dependent upon this devia-
tion, the most unfavorable points being at the 
peaks and valleys of the differential-phase-shift 
curve. The ratio 

undesired sideband — tan ( —S 

desired sideband  2 )' 
and for s = 2°, 

2° 
= tan (  = 0.0174, or —35 db. 

2 

The symbol 8 represents the deviation of the 
actual performance from the ideal 90°, and, 
in the above example, .3 was taken at its 
maximum value. The average attenuation of 
the undesired sideband is more than 40 db. 
over the band of modulating frequencies be-
tween 60 and 7000 c.p.s. There is little to be 
gained by improvement of this ratio, since 
subsequent amplifier distortions can introduce 
spurious components in sufficient amounts to 
mask any improvement gained by idealizing 
the phase-shift network characteristics. 

A Practical Exciter Layout 
While the block diagram of Fig. 3 is useful 

in explaining the principle of generating single-
sideband signals, it does not represent a com-
plete single-sideband exciter with enough gad-
gets to a satisfy a person with a practical turn 
of mind. There is little to be gained by using 
single sideband unless the carrier is attenuated, 
but Figs. 1A, 1B, and 3 do not indicate this. 
Therefore, Fig. 5 is offered as a workable sys-
tem that provides for carrier attenuation, am-
plitude modulation, phase modulation, single 
sideband, operation on 75- or 20-meter phone, 
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FIG. 4—This plot shows how the 
90° difference between the a and 

/3 networks is maintained over a 
wide frequency range.  The scale 

for the phase difference is given on 
the right-hand side of the graph. 
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FIG. 5—Block  diagram  of 
an exciter capable of gener-
ating s.s.b., a.m. and p.m. 
signals on either the 75- or 
20-meter  bands.  Table  I 
gives a description of the 

various components. 
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and QSY within these bands. If multiband op-
eration and QSY are not desired, modulation 
can be accomplished at the operating frequency 
by appropriate simplification of the arrange-
ment of Fig. 5. 
It is not the purpose of this article to give 

specific circuit-design data for a complete 
single-sideband exciter; rather the purpose is to 
put out the over-all features that must be ob-
served in order to satisfy the requirements of 
this system of generating single-sideband sig-
nals. For instance, the design of the bandpass 
circuits indicated in Fig. 5 is beyond the scope 
of this article. The advantage of using such an 
arrangement designed to cover the amateur 
band in use is that no tuning adjustments what-
soever need be made when it is desired to 
QSY. With ordinary circuits, best operation 
usually demands retuning when large percent-
age changes in frequency are made. However, 
ordinary tuned circuits can be substituted for 
the bandpass transformers, as in any trans-
mitter. 
A conservative output rating for an 807 out-

put stage would be 30 watts peak, under drive 
conditions where the grid takes no current 
(Class A131). If suitable bias and drive are 
supplied to the 807, a conservative 50 watt 
peak output may be obtained. In either case, 
the output power is sufficient to drive addi-
tional amplifiers of fairly-sizable ratings or to 
use directly as a low-power single-sideband 
phone transmitter. 
The functional block diagram (Fig. 5) might 

appear formidable at first glance, but the 
whole arrangement lends itself to rather simple 
circuit design. Separate consideration of the 
two portions of Fig. 5 should not be taken to 
indicate independence of one from the other. 
It is well to keep in mind that in this system 
the audio-frequency circuits and the radio-f re-
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quency circuits must work hand-in-hand in 
order to generate single-sideband signals of 
superior quality. 

Notes on the Audio System 

The audio-amplifier and phase-shift circuits 
are straightforward. The important considera-
tion is that the phase-shift and amplitude rela-
tionships determined by the phase-shift circuits 
must be preserved over the entire voice range 
in succeeding parts of the system. Fortunately, 
there is nothing difficult about it, once the 
objectives are clearly in mind. These are: 
1) Low harmonic distortion and noise. 
2) Vanishingly small discrepancies in phase-

shift and amplitude response. 
3) Ease of control and adjustment. 
4) Simplicity and low cost. 
5) Stability of characteristics. 
Most microphones in current amateur use 

require low-level  amplification  ( the  usual 
microphone preamplifier) to bring their output 
signals up to, say, a level of one or two volts. 
This is the job required of the audio amplifier 
ahead of the a and p phase-shift networks. 
This is as good a time as any to mention 

the desirability of including in the "preamp" 
a bandpass or low-pass audio filter to pass the 
important speech band out to 3000 cycles or 
so, to conserve space on the bands. The opera-
tion of the rest of the circuits in the system in 
no way requires this, but good sportsmanship 
in the use of our bands does. It is good prac-
tice to eliminate unnecessary low frequencies, 
too, concentrating on the portion of the audio 
spectrum between 200 and 300 c.p.s. for maxi-
mum intelligibilty.  Why do anything about 
it at all, if the system as such does not require 
it? The answer has two important aspects— 
important to you as an occupant of the bands 
we share: 
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1) Intelligible speech does not require trans-
mission of frequencies higher than 300 c.p.s. 
To do so adds practically nothing to intelligi-
bility but does increase the space in the band 
required for transmission. It boils down to the 
fact that we want the "other fellow" to use 
as little of our bands as possible, and the 
Golden Rule certainly does apply in this mat-
ter.  In addition, regardless of how "high 
fidelity"-minded one may be, crowded bands 
force the operator who listens to the transtnis-
sion to restrict his receiver band-width so much 
that he receives only what is necessary, if even 
that much. 
2) Elimination of frequencies below 200 

c.p.s. removes a large percentage of the high-
energy speech components that do not con-
tribute to intelligibility. Such elimination per-
mits the transmitter to concentrate its efforts 
on only the essential portions of speech power. 
In practice, this means something like 3 to 6 
db, in system effectiveness. Two or three dol-
lars spent on a suitable audio filter (and that's 
all one should cost) can give a transmitter a 
communication  effectiveness  equivalent  to 
doubling or quadrupling its output power. 

Notes on the R.F. System 
Considerable flexibility is possible in the 

design of the radio-frequency portion of the 
block diagram in Fig. 5. The objectives in this 
portion of the single-sideband system are: 
1) Very high order of frequency stability. 
2) Provision for 90° r.f. phase shift in the 

excitation for the two balanced modulators. 
3) Ease and stability of adjustment. 
4) Absence of r.f. feedback. 
5) Low distortion in modulation and subse-

quent amplification. 
6) Provision for adjustable carrier level; 

generation of a.m., p.m., and single-sideband 
signals; output-level control. 
7) (optional features) Operation on 75- or 

20-meter bands; easy QSY within each band; 
choice of sideband transmitted. 
Obviously, a number of methods exist for 

accomplishing these objectives. Many of the 
possible methods that may occur to the de-
signer will satisfy the requirements quite well; 
some will not. Others, while technically ade-
quate, may be difficult to adjust or may be 
impractical in some other way.  Since the 
handling of radio frequencies is concerned in 
this portion, good mechanical layout and con-
struction is of considerable importance. Also, 
since stability of adjustment is one of the prin-
cipal objectives, it is a good idea to provide 
some sort of locking arrangement for the 
balance controls to prevent accidental shifting 
of their positions. 

Balanced Modulators 
Fig. 5 indicates the use of two balanced 

modulators. A little explanation might be help-
ful in understanding why and how balanced 
modulators are used. 

In amplitude modulation  the maximum 
strength of any sideband that can be produced 
is one-half the strength of the carrier. Since 
the carrier must be present in order to be 
modulated, but is not needed afterward (in 
single-sideband transmission, that is) it can be 
balanced out. This, then, is one job that the 
balanced modulator is called upon to do— 
namely, to permit sidebands to be generated, 
but to balance out the carrier after it has 
served its purpose. There are many forms of 
balanced modulators; some balance out one or 
the other of the two signals supplied; others 
can balance out both input signals. But none 
of them can balance out one sideband and not 
the other.  Nature itself seems to be quite 
positive about that. 
Since the signal that is to be balanced out 

is an alternating-current wave, it is necessary in 
the process to take account of phase relation-
ships as well as magnitudes. Unless the two 
signals which are to be balanced have a phase 
difference of exactly 180°, perfect balance 
cannot be obtained by any amount of adjust-
ment of amplitudes alone. This, incidentally, 
may explain why trouble is sometimes encount-
ered in neutralizing an amplifier, since the 
same principle is involved. In the case of the 
balanced modulator, the perfection of balance 
required is usually quite high, and some means 

Push-pull 
Carrier 
Input 

CI> 

Phase Balance ,'—  
Control   

65A7 

+30051 

Push-pull 

1_0 A.F. Input 

FIG. 6—A typical balanced modulator, using 6SA7 

tubes. Provision is included for obtaining amplitude 
and phase balance of the r.f. (carrier) input. 

for satisfying the conditions necessary for 
balance must be provided. Very few arrange-
ments automatically provide the conditions 
necessary for perfect balance and frequently 
those that do are limited to operation at low 
frequencies, where circuit strays have negligi-
ble effect.  It has been found practical to 
"grab the bull by the horns" and use some 
arrangement where separate phase- and am-
plitude-balance  adjustments  are  provided, 
rather than to hope for a fortuitous set of 
conditions that might permit balance. 
The circuit shown in Fig. 6 illustrates this 

philosophy. Fundamentally, only one of the 
tubes need be supplied with modulating sig-
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nal, two tubes being, necessary only to allow 
balance of the undesired component (the car-
rier) in the output. If, however, each tube is 
made to generate sidebands as well as to 
balance the carrier from the other, the ratio of 
residual unbalanced carrier signal to desired 
output is made smaller at low cost. Likewise, 
even small amounts of the modulation defect 
known as carrier shift are effectively reduced. 
The carrier signals at points A and B in Fig. 6 
are made as nearly equal in magnitude and 
opposite in phase as is feasible using circuit 
components of ordinary commercial tolerances. 
The RC circuit between point A and grid No. 1 
of the first modulator tube (a 6SA7 converter 
tube in this example) may be designed to 
provide about 20° phase shift at the operating 
frequency, by suitable choice of R. and C.. 
The RC circuit in the other grid can be de-
signed to produce variable phase shift from 10o 
to 30°, by adjustment of the trimmer capacity, 
Ca. This permits a phase correction of -I-100 
—usually sufficient to insure perfect phase 
balance of the signals applied to the tubes. 
No attempt is made to equalize the magnitudes 
of the signals in the grid circuits because it is 
almost too much to expect that a perfectly-
balanced pair of tubes could be found in order 
to take advantage of balanced amplitudes. In-
stead, the function of amplitude balance is ac-
complished by means of a bias adjustment on 
one of the tubes of the pair, so that the carrier 
signals are balanced out in the plate circuit of 
the tubes. That, incidentally, is what must 
happen anyway, regardless of the method used. 
The picture is completed by applying push-
pull modulating signals to the No. 3 grids so 
that the sidebands produced by the separate 
modulation processes in each tube add together 
in the common plate circuit. The audio-fre-
quency component balances out in the plate 
and screen circuits, this being a case of a 
balanced modulator that balances against each 
of the input signals. However, slight unbalance 
of the audio-frequency signals does absolutely 
no harm in the particular application of this 
circuit, so no provision is made for balance 
adjustment at low audio frequencies. 
In any balanced modulator the efficiency is 

necessarily low, since at least one of the input 
signals is dissipated in the modulating elements 
or associated circuits. In the case of a balanced 
modulator that suppresses the carrier, the effi-
ciency cannot possibly be greater than 50%. 
The efficiency obtained in practice is more 
like 5% to 10%. Where two balanced modula-
tors are used ( as in Fig. 5) the efficiency is still 
lower, since the unwanted sideband is dissi-
pated. This situation leads to the choice of 
generating a single-sideband signal at very low 
power level where the inescapably low effi-
ciency in the generation of the signal wastes 
no large amounts of power. 
Good operating characteristics are obtained 

with 6SA7 tubes in this application when the 

Table I 
Explanation of Fig. 5 

Microphone  Sufficient  gain  to  bring 
preamplifier  microphone  output  to a 

voltage level of approx. 2 
volts, peak-to-peak. 

a, )3  Phase-shift networks. 
A.F. amplifier  Push - pull  self - balancing 

amplifier with good phase 
and amplitude character-
istics. Maximum output re-
quired  approx.  2 volts, 
peok-to-peak. 

Balanced Modulators  Two 6SA7 tubes (in each). 
1 and 2  See Fig. 6 for details. 

Carrier phase-shifter,  5-Mc, double-tuned trans-
Ti former with push-pull out-

put from each winding at 
low impedance. Output on 
each line 2 volts, peak-ta-
peak. 

Carrier amplifier  65.17 tube. 

T2  5-Mc, double-tuned trans-
former. 

Disabling switches  Bias  controls for No. 3 
grids of modulators.  Can 
be ganged to permit s.s.b.-

Carrier-level control  Bias control on grid No. 1 
of carrier amplifier. Minus 
10 volts to minus 3 volts 
range, 

T3a, Lia Bandpass  double - tuned 
transformers to cover 75-
meter phone band. 

T3b, nib  Bandpass  double - tuned 
transformers to cover 20-
meter phone band. 

Frequency converter  6SA7 converter tube. 

R.F. amplifier No. 1  6AK6 beam tube. Operates 
as Class A amplifier. 

R. F. amplifier No. 2  807  beam-power  output 
tube. Can be operated as 
Class A or B amplifier. 

No. 1 and No. 3 grids are supplied with maxi-
mum signals of about 1 to 2 volts peak-to-
peak, at a bias of about 5 volts, negative. 
Other voltages are the same as recommended 
for converter service. 
As in the case of the audio system, the 

radio-frequency circuits can employ receiving 
tubes of extremely modest ratings up to the 
point in the system where the signal levels 
reach the power-tube class. For instance, the 
r.f. portion of Fig. 5 up to the grid circuit of 
the output stage would somewhat resemble in 
over-all magnitude and construction the i.f. 
portion of an average communication receiver. 
The versatility of Fig. 5 should make it at-
tractive, although some of this versatility is 
obtained at the expense of circuit complication 
not fundamentally a part of single-sideband 
operation. This is apparent when comparing 
Fig. 5 with Fig. 3. 
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» A brief theoretical discussion of lattice crystal filters, and 
some pointers on building and adjusting a practical filter. 

Crystal Lattice Filters 
C. E. WEAVER, W2AZW, AND J. N. BROWN, W3SHY 

The ability of receivers to attenuate the un-
desired adjacent channel signals is termed "skirt 
selectivity." The filters to be described achieve 
high attenuation outside the passband through 
the very high "Qs" of the crystals themselves. 
In some cases, the crystals yield Qs of well 
over 10,000, which are certainly not obtain-
able in coil- and capacitor-tuned circuits. 

Theory 

The equivalent electrical circuit of a piezo-
electric crystal is shown at A in Fig. 1. The 
circuit has both a series-resonant frequency and 
a parallel-resonant frequency. This is shown 
graphically in B, where the reactance of the 
equivalent circuit is plotted for all frequencies 
between zero and infinity. The series-resonant 
frequency, fr, occurs first, where the curve 
crosses the zero-reactance line, and the parallel-
resonant (antiresonant) point, fa, occurs where 
the curve rises to high values of inductive re-
actance ( ) and then breaks sharply through 

L1 CI 

12 

(A) 

Frequency 

(B) 

FIG. 1—The equivalent electrical circuit of a piezo-

electric crystal (A). The reactance varies with fre-

quency as in (B). 

FIG. 3—Schematic diagram 
of a two-section crystal lat-

tice filter. 

Ti, T2, TS —Replacement-type 

i.f. transformers. 

XA, XB —Matched pairs of 

FT-241 crystals (see 

text). 

C1 -1- to 5-pf ceramic 

capacitor (see text). 

From "Crystal Lattice Fil-
ters for Transmitting and Re-
ceiving," QST, June, 1951. 

FIG. 2—Reactance  plotted  against frequency  for 

crystal shunted by an inductance. 

zero to a high capacitive ( — ) reactance. For 
most crystals, the two resonant frequencies 
occur within a few hundred cycles of each 
other. It is these two resonance points and 
what we can do with them that will occupy 
our attention for a moment. The problem is to 
spread these two resonant frequencies so that 
the crystals can be used as elements in a filter 
network. This "spreading" can be done by 
using either a series or a shunt inductance with 
the crystal. Fig. 2 shows the result of shunt-
ing a crystal with a coil. You will note that 
not only have we fr and f. but we have created 
a new parallel-resonant point, fao, which will be 
of use to us later. 
Now, let's choose two pairs of identical crys-

tals and connect them as shown in Fig. 3. You 
will notice that the shunt coils mentioned above 
have been moved to the input and output of 
the lattice network. This is accomplished by a 
mathematical transformation beyond the scope 
of this article. Suffice to say, the coils have 
the same effect as if they were connected di-
rectly across the crystals. This, of course, sug-
gests the use of radio-frequency transformers 
(ordinary i.f. transformers) as input and out-
put devices as well as spreading coils for fr and 
fa. It might be well to mention at this point 
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that when fr and fa are spread, fr remains fixed 
in frequency and only fa is moved higher. 
Let us briefly consider what happens inside 

the lattice filter. Assume that the pair of crys-
tals connected in shunt ( x connected) are of 
identical frequency and are about 2 or 3 kc. 
higher in frequency than the pair of identical 
crystals connected in series (horizontally con-
nected). Also assume that the coils used have 
spread the fr and fa of each crystal. Any over-
spreading can be corrected by the i.f, trans-
former tuning capacitors, provided the crystals 
are exactly paired. (See later section on filter 
alignment.) A of Fig. 4 shows the reactance 
plot for both sets of crystals, the shunt pair 
being represented by the dashed curve. Care-
ful alignment is necessary to make the series-
resonant frequency of the series crystals (solid 
curve) correspond to the parallel-resonant fre-
quency of the shunt-connected crystals (dashed 
curve) and vice versa. The attenuation curve, 
B in Fig. 4, shows the resulting bandpass char-
acteristic. We have points of very high attenu-
+ 

FIG. 4—The  reactance-vs.-frequency  characteristic 
for the two pairs of crystals in a lattice filter section 
is shown at (A). The resultant attenuation charac-
teristic is shown in (B). 

ation (foal, foo2, and too) whereas the react-
ance values are equal and have the same sign 
(either -I- or — ). We have a bandpass for 
those frequencies where the reactances of the 
two filter arms are opposite in sign. 

Practical Filters 
A workable filter can be constructed at the 

cost of only a very few dollars. The FT-241-A 
low-frequency surplus crysttls were tried with 
very good success. Very inexpensive coupling 
devices were used—ordinary replacement i.f. 
transformers (Meissner No. 16-5712). There is 
one sacrifice made that was probably due either 

to an improper choice of transformers or an im-
pedance mismatch between crystals and trans-
formers. This was an insertion loss of approxi-
mately 12 to 15 db. in the middle of the 
passband. However, the authors felt that this 
did not handicap the system too greatly, as 
this was less than could be gained in a single 
stage of ordinary if, amplification. 
Now for the choice of crystals for a given 

bandpass. For a 5- or 6-kc. bandpass the crys-
tals should be chosen from the FT-241-A series 
with the two groups of four crystals being sep-
arated in channel designation number by two 
channels; for example, four crystals on Channel 
40 and four on Channel 42. For a bandpass 
of 2.5 or 3 kc., the channel numbers should be 
consecutive; that is, Channels 40 and 41, for 
example. Each pair of these crystals for each 
filter section must be carefully matched so that 
they are on the same frequency or as close to 
the same frequency as possible. The pairs 
should be within ten or twenty cycles. If you 
have several crystals available, a careful selec-
tion might be made to match crystals. A signal 
generator and a vacuum tube voltmeter can be 
used to do this. Connect the crystal in series 
with the "hot" lead of the signal generator and 
the probe of the v.t.v.m. Now sweep the sig-
nal generator slowly through the frequency of 
the crystal, and you will discover that there 
will be a small indication for any randomly 
chosen frequency. As the generator frequency 
is increased through the crystal's fundamental 
frequency, the v.t.v.m. indication will increase 
sharply to a very high value and then will 
break sharply to a very low value, perhaps un-
readable on the instrument. The high indica-
tion was the series-resonant frequency, fr, and 
the null was the parallel or antiresonant fre-
quency, fa. With a lot of patience and a little 
cussing, it will be possible to match pairs of 
crystals using this method. Edge grinding of 
the lower one of a pair of crystals will fix this 
matching problem. But be careful—only one or 
two very light swipes on the fine-grain side of 
a new fiat Carborundum stone. And take heart, 
because it sounds worse than it actually is. 
What happens if these crystals are not closely 
matched? There will be very narrow attenu-
ation slots in the edges of the passband of the 
filter. The commercial companies get around 
this problem by putting two sets of silver plat-
ing on a crystal and attaching four terminals, 
making the one crystal serve as two identical 
crystals.  It's a very nice trick but not too 
practical for a ham to try, and it wouldn't work 
with this type of crystal. 
Now, assuming that you have eight crystals 

chosen, four crystals per section, each section 
requiring two pairs of identical crystals, we will 
proceed. Mount them as shown in the photo-
graph of the sample filter, or in any convenient 
manner. The physical layout shown is almost 
identical to the electrical layout. One word of 
caution: Capacitive leakage around the filter 
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FIG. 5 —Attenuation characteristic of an experimen-

tal crystal lattice filter (two sections) suitable for re-

ceiver use.  The crystals were Channels 40 and 42 

of the FT-241 series. 

sections must be avoided because the high 
attenuations cannot be realized if there are 
alternate signal paths other than through the 
filter elements.  Use of shielding is recom-
mended. 

Alignment 

To align either of the two filters, the follow-
ing equipment or combinations of equipment 
will be needed: a BC-221 frequency meter or 
equivalent calibrated source of r.f. energy cov-
ering the range of 400 to 500 kc., and a low-
frequency receiver such as the BC-348, BC-453, 
or a panoramic adapter whose input covers the 
frequency range we are concerned with. In 
lieu of the receiver or panoramic adapter, a 
simple crystal-controlled converter could be 
built to heterodyne the low-frequency in ques-
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FIG. 6 —Attenuation characteristic of an experimental 

crystal filter (two sections) suitable for a s.s.b. re-

ceiver or transmitter.  The crystals  were  Channels 

49 and 50 of the FT-241 series. 

tion up to a range covered by an existing high-
frequency receiver. Use of the receiver and 
S-meter as a tunable vacuum tube voltmeter 
indicator is suggested if the approximate "db. 
per S unit" value is known. 
Specific step-by-step adjustments for align-

ment of these filters will not be given in this 
article. They would be long and space-consum-
ing and rather pointless in an article of this 

An  experimental  crystal  lattice  filter  for  receivers 

using surplus crystals.  Its attenuation characteristic 

is shown in Fig. 5. 

general nature. Instead, a few pointers will be 
given, and we have faith that the old ham in-
genuity will fill in the rest. The first step is 
to peak the i.f. transformers for the midband 
frequency of the filter. It may be necessary to 
align each roughly with the signal source and 
indicating instrument coupled loosely to each 
separate transformer in turn in order to get 
sufficient signal through the whole filter for 
further alignment. Once this is done, the vari-
ous sharp peaks and valleys in the passband 
characteristic must be ironed out to give a 
smooth shape. If you have been careful in 
the matching of the crystals, the passband will 
be fairly well defined. Mismatch of these pairs 
of crystals will cause the passband to be bumpy 
and attenuation outside the passband will not 
be as high as possible. A little cut-and-try is 
in order here. Place a small "gimmick" capaci-
tor 1 across one of the higher-frequency crystals 
and run the signal generator through the fre-
quency of the filter again. You will have to 
judge whether you are doing any good; if not, 
try another value for the little gimmick capaci-
tor. Usually only one or two pf. will be suffi-
cient to align a typical off-frequency crystal. 
The trimmer adjustments on the i.f. trans-
formers may be used to equalize the passband 
characteristic and make it flat. 

1A. gimmick capacitor is a low-capacity affair made 
by twisting two No. 22 enam. wires together for an 
inch or so. The capacity is reduced by cutting the wires. 
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» Here's a two-in-one special—enough information on h.f. 
crystal filters to design one for most any frequency, bandwidth 
and shape factor, and also a ready-to-build 5.5-Mc, filter for 
s.s.b. transceiving. 

High-Frequency Crystal Filters 
for S S B 

D. J. HEALEY, W3HEC 

Many articles have appeared in QST de-
scribing crystal filters for s.s.b. operation.'-3 
However, none of these supplied a design pro-
cedure and also gave the precise performance 
of the resulting filters. This article describes a 
particular type of filter that was built for a 
homemade transceiver. 
The theoretical shape of the selectivity char-

acteristic attainable with simple crystal filter 
arrangements was calculated first and found 
to be inadequate for good sideband suppres-
sion. The effect of mismatch when filter sec-
tions are cascaded without vacuum-tube isola-
tion improved the steepness of the selectivity 
characteristic but at the expense of ripple in 
the pass band. By inserting a small resistance 
between two sections of a three-section filter, 
the ripple was reduced without greatly affect-
ing the shape factor (ratio of the bandwidth 
at some high attenuation to the bandwidth at 
low attenuation) of the selectivity curve. A 
filter constructed according to this design from 
FT-243 surplus crystals performed as predicted. 
In filters such as the one used in the trans-

ceiver described by W3TLN 6 it is not unusual 
to obtain spurious responses as close as 15 kc. 
to the pass band which are suppressed by only 
about 20 db. In the filter described in this 
article the spurious responses are attenuated 
more than 50 db. even with a crystal whose 
principal spurious frequency was only 7 db. 
down from the main response. 

Simple Filter Sections 

Fig. 1 shows the equivalent circuit of a 
crystal neglecting its spurious modes.  This 
circuit has the reactance vs. frequency curve 
shown in Fig. 2. L and C are series resonant 
at fr and fa is the antiresonant frequency of Co 
and the LC combination. By utilizing crystals 
in a lattice structure as shown in Fig. 3, a 

From October, 1960, QST. 
Weaver and Brown. "Crystal Lattice Filters," page 38. 
' Good, "A Crystal Filter for Phone Reception," QST, 

October, 1951. 
Burns,  "Sideband  Filters  Using  Crystals,"  QST, 

November, 1954. 
Morrison, "Cascaded Half-Lattice Crystal Filters for 

Phone and C. W. Reception," QST, May, 1954. 
Vester,  "Surplus-Crystal  High-Frequency  Filters," 

page 48. 
6 Vester, "Mobile S.S.B. Transceiver,"  QST, June, 

1959. 

selective filter is obtained. The lattice is a 
bridge, and it is obvious that maximum un-

C R 

FIG. 1—Equivalent circuit of a crystal.  C and L 

are the motional capacitance and inductance of the 

crystal, and R represents the frictional loss, Co is the 

electrode and holder capacitance shunting the crystal. 

balance of the bridge will occur when one arm 
has an impedance which is capacitive while 
the other arm is inductive. When the impe-
dances are equal, the bridge will be balanced. 
The reactance vs. frequency curves of the 
crystals can then be used to indicate the 
regions of the pass band and the stop band. 
Fig. 4 shows what happens when the anti-
resonant frequency of one pair of crystals is 
made equal to the resonant frequency of the 
other pair. It is observed that the pass band of 
a simple lattice is limited to the region between 
the antiresonant frequency of the higher-fre-
quency crystals and the resonant frequency of 
the lower-frequency crystals.  For the case 
where the reactance curves in the stop band 
are equal only at zero frequency and infinite 
frequency, analysis of the circuit shows that the 
frequency difference fz—fi corresponds to the 
bandwidth at which the attenuation is approxi-
mately 7 db. 

INDUCTIVE 
REACTANCE 

CAPACITIVE 
REACTANCE 

Co 

FREQUENCY 

FIG. 2—Reactance vs. frequency characteristics of a 

crystal. The series-resonant frequency, fr, is that of 
C and L. The anti-(parallel) resonant frequency, fa, 

is that of the circuit formed by C and L in one 
branch and Co in the other. 

The resistive component of the crystal may 
be transformed to an equivalent parallel resist-
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FIG. 3—Equivalent circuit of a full 

lattice  crystal  filter.  The  series 

crystals, A, are the same frequency, 

as are the shunt crystals, B. Note 

that the lattice could be redrawn 

as a bridge circuit. 

ance shunting the crystal which is essentially 
constant for the small frequency range of con-
cern.  If all crystals have the same Q and 
inductance,  then  the equivalent resistance 
shunting the crystals is the same, and if one 
considers the resistive bridge thus formed, it is 
balanced under these conditions.  The loss 
resistance can then be neglected except as it 
modifies the termination of the filter and affects 
insertion loss. The point is that the filter be-
haves essentially as though its elements had 
infinite Q. 
Identical results can be obtained with half as 

many crystals in a half-lattice circuit. As shown 
in Fig. 5, this is the equivalent of a full lattice 
in which the impedances of the elements are 
one half those of the half lattice. The basic 
circuit, Fig. 5B, shows two crystals and an 
ideal transformer having unity coupling.  A 
practical transformer which does not have unity 
coupling can be represented by the circuit of 
Fig. 5C. Leakage reactance appears in series 
with the crystals of the lattice and will lower 
their resonant frequencies.  In narrow-band 
filters, this can be prevented by connecting a 
capacitor which resonates with the leakage 
inductance at the center frequency of the filter 
in series with the center tap 7 as in Fig. 5D. 
This allows a simple center-tapped coil to be 
used for the ideal transformer. 

Designing An S.S.B. Filter 

In building a filter for a transceiver, an 
intermediate  frequency of 5500  kc.  was 
selected. This choice is satisfactory for 100-db. 
suppression of spurious signals in the receiver 
except on 15 meters. There a 5th-order inter-
modulation product falls in the pass band so 
that with a simple mixer the spurious response 
is only attenuated 75 db. However, by using a 
simple balanced mixer, the desired suppression 
of 100 db. is realized. The balanced mixer 
also reduces the preselection requirements on 
other bands. 
Since the pass band is on the order of twice 

fa —fr, this frequency difference must be about 

Kosowsky, Patent No. 2,913,682. 

A 

1500 c.p.s. for a filter capable of passing the 
voice frequencies. The second formula in Fig. 2 
shows that fa—fr depends on the ratio of the 
capacitance shunting the crystal to the motional 
capacitance of the crystal. For AT-cut crystals 
( the ones you get for $2.95), this ratio is about 
250 minimum.  Therefore, AT-cut crystals 
above 750 kc. meet the requirements, and 
capacitive terminations are feasible. For ex-
ample, the shunt capacitance, Co, of a typical 
AT-cut crystal is about 3 pf. If it is desired to 
terminate a half-lattice filter with a circuit 
capacitance of, say, 15 pf., this will reflect as 
a total shunt C of 15/2 + 3 = 10.5 pf. across 
each crystal. Under such conditions, AT-cut 
crystals can be used for amateur s.s.b. applica-
tions at any frequency above 2625 kc. 
Surplus FT-243 crystals (BT-cut) are avail-

able for 5500 kc., and their use is economically 
attractive. These crystals, however, have Co/C 

INDUCTIVE 
REACTANCE 

o 

CAPACITIVE 
REACTANCE 

(A) 

ATTENUATION 

(R) 

o OD 

FIG. 4—(A) Reactance characteristics of crystals A 
and B in the lattice oi Fig. 3. In the type of filter 

described in this article, the series-resonant fre-

quency of the higher-frequency crystal, f03, is made 

equal to the antiresonant frequency of the lower-

frequency crystal, faA. (8) Attenuation curve of a 

filter using the crystals of (A).  In the pass band 

between fi and f2 the series and shunt reactances 
are opposite, the bridge is unbalanced, and nearly 

all of the input signal appears at the output. At 

other frequencies the reactances are similar, and the 

bridge approaches balance and shows little output. 
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(A) 

LATTICE FILTER 

( -X1L 

PRACTICAL 
TRANSFORMER 
WITH TOTAL 
INDUCTANCE 

2L 

LEAKAGE 
REACTANCE 

IDEAL 
TRANSFORMER 

EQUIVALENT HALF LATTICE 
FILTER 

( B) 

(I-10L 

(C)  (D) 

(RESONATES WITH 
LEAKAGE REACTANCE) 

FIG. 5---(A) Basic circuit of a lattice filter and (B) an equivalent half-lattice filter. The transformer is an ideal 
one with unity caupling between windings. (C) Diagram of a practical transformer showing the leakage in-
ductance which results from a coupling coefficient, k, less than unity. (D) How the leakage reactance may 
be tuned out by inserting capacitor. C. in the center-tap lead. 

ratios around 4000 minimum,8 which is too 
high to allow the desired pass band to be ob-
tained. The pass band can be widened by 
paralleling inductance with the crystals. This 
will raise their antiresonant frequencies and 
leave their resonant frequencies unchanged. 
One must be cautious in doing this since the 
inductance will also be antiresonant with the 
total effective capacitance of the crystal at 

s Herman Shall, Vs'513 WK, has pointed out that the 
high ratios measured on FT-243 surplus crystals result 
from the nature of their mounting.  Actually, BT-cut 
crystals can exhibit ratios as low as 400. Some of the 
FT-243s on the surplus market may be AT cut, and 
may have ratios around 2000.  AT-cut crystals which 
are plated can hase ratios as low as 250.  If the ratio 
is other than indicated in the article (around 4000) 
the termination tuning will be slightly different. How-
ever, the range of tuning available with the specified 
coils  should  be  adequate  for  any  surplus  crystals 
available.—Ed. 

INDUCTIVE 
REACTANCE 

o 

CAPACITIVE 
REACTANCE 

fa FREQUENCY 

FIG. 6—Reactance vs. frequency characteristics of a 
crystal and inductance, Lo, in parallel. fr, the reso-
nant frequency of C and L, the motional capacitance 
and inductance of the crystal, is the same as in 

Fig. 2. fa, however, is higher than the antiresonant 
frequency of the crystal alone, since Lo decreases 
the effective inductance across shunt capacitance Co 
at frequencies above fr. Lo is also antiresonant with 
the total effective capacitance of the crystal at some 
lower frequency, f., 

some lower frequency, f. in Fig. 6. If this new 
frequency of infinite attenuation is too close to 
the center frequency of the filter, the past-
band characteristics may be distorted. 
Measurements made on an FT-243 crystal 

resonant at 5502.195 kc. showed a motional 
capacitance, C, of 0.0038 pf. and a shunt 
capacitance, Co, of 14.7 pf. The spacing be-
tween the resonant and antiresonant frequen-

5502195 (0.0038) 
cies is therefore     or 711 c.p.s. 

2  14.7 

To provide a desired spacing of, say, 1422 
c.p.s., the effective shunt capacitance must be 
reduced to one half the value of Co. This 
would require the addition of a negative capa-
citance of 14.7/2=7.35 pf. If an inductance, 
Lo, in parallel with capacitance Co is consid-
ered the susceptance of the parallel combina-
tion is given by 

B = 21r/ (Co 
4,77.2f2L. 

f 2 )/2 

1  ) 

where f, is the antiresonant frequency of Lo 
and Co. (The capacitive contribution of the 
motional capacitance and inductance below 
their resonant frequency is small enough to be 
neglected.) For the case above, it is desired to 
reduce the susceptance of Co alone, 2eriCo, by 

100 2 
a factor of one half. This means that 1 — 

12 

must equal h, so Lo and Co must be antireso-
nant at 0.707 times the filter frequency, or 
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FIG. 7—Theoretical select vity characteristics of two 

and three cascaded identical filter sections when 

interaction due to mismatch between the sections is 

ignored.  Z is the normalized frequency variable 

defined in the text.  It is proportional to the fre-

quency difference from the center of the pass bond. 

about 3889 kc. for the 5500-kc. filter. Higher 
values of f. will also work as long as they 
are not too close to the center frequency. 
For convenience, the filter was built with 

input and output coils which resonate with 
56 pf. plus about 10 pf. tube and circuit capac-
itance.  This is equivalent to about 33 pf. 
across each crystal, or a total effective Co of 
47.7 pf. Since the effective Co desired is only 

7.35 pf., 1 —  7.35/47.7 = 0.154, and fo., 

is 0,92 times the filter frequency, or 5060 kc. 
This new frequency of infinite attenuation, due 
to resonance between the coil paralleling the 
crystal and the total capacitance, is sufficiently 
removed from the center frequency so that it 
has negligible effect on the pass-band shape. 
Design equations for narrow-band capacitor-
only filter circuits should therefore be suffi-
ciently accurate for a filter built around FT-243 
crystals at 5500 kc. 
For narrow-band filters of this type it is 

convenient to describe the selectivity charac-
teristic in terms of a normalized frequency 
variable, Z. 

Let f =  Z 
(f2 — f1) 

2 

where fi is the resonant frequency of the 
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FIG. 8—Theoretical select vity characteristics of two 

and three cascaded identical filter sections when 

interaction is taken into account. These curves are 

steeper than those of Fig. 7, but there is consider-

able ripple in the pass band. 

lower-frequency crystal, f2 is the antiresonant 
frequency of the higher-frequency crystal as 
modified by the circuit, and fo =3i(fi  f2), 
the center frequency of the filter. 
Fig. 7 shows the selectivity characteristics of 

two- and three-section filters (each section 
being two crystals in a half lattice) when the 
effects of mismatch between sections 9 are 
neglected.  Note that these are normalized 
curves, plotted in terms of the variable Z. 

If we consider only two sections and a 6-db. 
bandwidth of 2400 c.p.s.; the upper curve of 
Fig. 7 tells us that Z = 0.7 corresponds to 1200 
c.p.s. In these plots, Z is proportional to the 
separation from the center of the pass band. 
If we assume a low audio cutoff of 300 c.p.s., 
the carrier must be 1200 4- 300 = 1500 c.p.s. 

5 The classical method of filter design uses the notion 
of a characteristic impedance for a filter section. When 
several filter sections having the same characteristic im-
pedance are cascaded, the over-all selectivity charac-
teristic should be the product of the characteristics of 
the individual sections (or the sum of their responses 
in decibels). The difficulty is that the image impedance 
required to terminate the filter in its characteristic 
impedance  is not realizable  with  ordinary  resistive 
terminations.  As a result, there is reflection at the 
termination which is a function of frequency, and the 
filter section does not provide the correct image im-
pedance for an identical section which may precede it. 
In practical filters a match is obtained only on the 
average over the frequency range of interest. The input 
impedance, therefore, varies from the image impedance 
value, and it is this variation which causes a practical 
muhisection filter to have a response which is different 
from that which would be expected from the charac-
teristics of the individual sections. 
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FIG. 9--The solid curve shows the selectivity of a 

three-section filter with interaction between two sec-

tions only. This design is an excellent compromise 

between those of Figs. 7 and 8. The dashed curve 

drawn for comparison is for a three-section filter 
without interaction. 

from the center frequency.  Therefore, the 
carrier must lie at 

1500 
Z = -  0.7 = 0.875. 

1200 

At this frequency the carrier attenuation 
would only be about 10.5 db. The undesired 

1800 

1200 
4200 

1.05 to Z = -  0.7 = 2.45, The corresponding 
1200 

sideband suppression would vary between 15.4 
and 43.2 db. 
This is not adequate for our purpose, so 

three sections must be considered. Here, the 
6-db, down frequencies correspond to Z = 
0.617.  Carrier rejection would be 11.6 db. 
and sideband suppression varies between 17.9 
and 58.4 db.  This still does not meet our 
requirement, which is 30- to 40-db. suppression 
of the undesired sideband with a low audio 
cutoff of 300 c.p.s., and about 20-db, carrier 
rejection due to filter selectivity. 

Fortunately, the interaction which occurs 
due to mismatch between cascaded identical 
filter sections will help us achieve this goal. 
Fig. 8 shows the selectivity characteristics of 
two- and three-section filters when effects of 
mismatch are Liken into account. As can be 

sideband would extend from 

seen, these curves are much steeper than those 
of Fig. 7. 
Consider as before a 6-db, bandwidth of 

2400 c.p.s. For three sections, 1200 c.p.s. cor-
responds to Z -- 0.91, and at the carrier fre-

1500 
quency Z -- 0.91 x -  1.138. At this value 

1200 

of Z, the rejection is 26.5 db. At the low audio 
end of the undesir-d sideband, Z = 0.91 x 

1800 
-  = 1.36 and the attenuation is 40.5 db. 
1200 

Thus the three identical crystal filter sections 
satisfy our requirements. 
If we build three sections and reduce the 

interaction of one section, the attenuation char-
acteristic becomes that shown in Fig. 9. The 
large pass-band ripple of Fig. 8 is reduced, and 
by allowing some interaction but not the full 
interaction of one section, the pass band can be 
made nearly flat. In Fig. 9, Z = 0.8 when the 
response is 6 db. down. If we again consider 
a 2400-c.p.s. bandwidth and 300-c.p.s. audio 
cut-off, Z -- 0.8 x 1500/1200 -- 1.0 at the 
carrier frequency; the corresponding attenua-
tion from Fig. 9 is 19 db. The undesired side-
band extends from Z = 1,2 to Z = 2.8, so 
sideband attenuation will range from 30.3 to 
greater than 60 db. Such a filter will meet the 
requirements as well as provide a flat pass 
band. The shape factor for 30 db./6 db. is 
1.49 and for 60 db/6 db., about 2.5. 
Since Z = 0.8, 1200 c.p.s. from the center 

frequency, these values can be substituted into 
the equation which defined Z. Solving for 
f2 - fi gives a value of 2 x 1200/0.8, or 3000 
c.p.s. The resonant and effective antiresonant 
frequencies of each crystal should therefore 
be separated by half this amount or 1500 c.p.s. 
The resonant frequencies of the two sets of 
crystals should also differ by 1500 c.p.s. Table 
I lists the measured characteristics 10  of the 
crystals actually used. Crystals 1-3 are reso-
nant near 5502.2 kc.; crystals 4-6  are near 
5503.9 kc., giving a separation of 1700 c.p.s. 

" Shunt capacitance C can be found by connecting a 
small capacitance. CI, in series with the crystal and 
measuring the shift in resonant frequency. The resonant 
frequency of the crystal alone is 

27rN/LC 

If Li is the resonant frequency of the crystal and CI 
combined, then 

Jr'(/  
CI -I- C. 

Since 

or 
tif 

C ---= 2 -  Cs. 

where tif is the difference  (fri - fr)  between  the 
resonant frequencies. 

Ci  Co 
is much less than 1, 

fri - 
C 

2 \ CI ± Col 
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+13 

EXCEPT AS INOICATEO, DECIMAL 

VALUES OF CAPACITANCE ARE 

2000  IN MICROFAR ÀOS C  1; OTHERS 
ARE IN PICOFAR ADS (pf.oRppt.), 

FIG. 10 —Circuit diagram of a filter designed according to the methods of this article. Resistances are in 
ohms, and resistors are 1/2 -watt composition; capacitors are disk ceramic except at noted. 

Ci, C2 -4'-30-pf. mica trimmer. 
1.1,14 -50 turns No. 38 enamel, close-wound on 

17/64-inch  diam.  ceramic slug-tuned  form 
(CTC LS-6, National XR-81 or similar). 

12, 1.3- 60  turns No. 38 enamel, close-wound on 

17/64-inch ceramic form (CTC LS-6, National 

The impedance of a filter such as this is 
given by the expression.11 

R. — 
1 ( fi   

2/7-00' \ fife — fœ2 ) 

Co' is the shunt capacitance of the crystal plus 
the reflected circuit and tuning capacitance or 
about 47.7 pf. as shown earlier. f, is the reso-
nant frequency of the lower-frequency crystals, 
5502.2 kc. f2 is the antiresonant frequency of 
the higher-frequency crystals, which is 5503.9 
kc. plus about 1500 c.p.s. or 5505.4 kc. f,0, is 
5060 kc. as calculated above. Putting these 
values into the equation gives a value of 3920 

11 A simpler expression can actually be used for the 

filter under consideration. Ro =   sshere fo is 
27rfoC 0" 

the center frequency of the filter, and Co" is the effective 
capacitance required (7.35 1,1, in this case) so that the 
correct fa — Jr is exhibited by the crystal. 

XR-81  or similar with  powdered-iron  core 
removed), center tapped. 

Ys, Y2, Y3 —All same frequency (near 5500 kc.). 
Y4,Ys,Y6 —All same frequency and 1500 to 1700 

c.p.s. different from Yi, Y2, Y3. 

ohms for 110. In a half lattice the termination 
should be R0/2 or 1960 ohms. 
2000-ohm terminations are used with the 

filter that was built. Slight variations in the 
terminations from these values will affect the 
selectivity only a small amount and can be 
used to get almost flat pass-band response. 
The effective parallel resistance of the coils 

is about ten times the filter impedance and 
has negligible effect on the filter character-
istics.12 

v, The input and output coils will have little effect on 
the impedance of the filter if 2srQfoL (or Q/2foC) is 
large compared to Ro/2.  Q and L are the Q and 
inductance of the coil, C is the capacitance across the 
coil, fo is the center  frequency and  Ro/2  is the 
terminating resistance. This requirement is usually met 
in h.f. filters such as the one described.  At lower 
frequencies such  as 450 kc., the required Ro/2 is 
higher. Then the terminating resistor must be chosen 
so that it and the effective resistance of the coil in 
parallel will give the desired termination. 

Table I 

Measured characteristics of the crystals used for the filter described in this article. 
fr.,s and fr.2 are spurious frequencies. 

No.  fr(cps)  C(pf.)  Co(Pf.) f res(Cps) 

atten.  atten. 
f rai(db.)  frse(cPs)  Fr-82(db.) 

1  5502195 

2  5502227 

3  5502212 

4  5503960 

5  5503927 

6  5503860 

0.00380 

0.00356 

0.00290 

(5.00334 

0.00348 

0.00311 

14.7 

12.3 

12.7 

12.3 

14.0 

13.8 

1 These frequencies were not recorded. 

2 Attenuation greater than figures shown. 

5516800 

5519900 

5523000 

5536200 

> 9 

13.5 

>152 

9 

7 

>202 

5559800  12 

5552000  15.5 

>152 

5547200  9 

5570200  7.5 

1  >202 
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Fig. 10 is a diagram of the complete filter. 
The first two sections are connected "back-to-
back," and full interaction takes place. The 
300-ohm resistor between sections two and 
three reduces interaction and smooths the pass-
band response as shown above. The leakage 
reactance between the two halves of L2 and Ls 
is tuned out by the capacitors connected in 
series with the center taps of these coils. Li 
and L4, the input and output coils, restmate 
with the calculated value of terminating capa-
citance at 5060 kc. and effectively reflect the 
needed inductance across the crystals.  The 
2000-ohm resistors complete the termination 
called for by the design equations. 
All the crystals were purchased as 5500-kc. 

FT-243s and etched to the desired frequencies 
with hydrofluoric acid. It is best to wash each 
crystal with soap and water and measure its 
frequency before etching. The crystals in each 
set of three should be as close to each other in 
frequency as possible, and the separation be-
tween the two groups should be about 1500 
c.p.s. A simple comparator circuit 13  will allow 
two crystals to be checked simultaneously and 
compared, using an oscilloscope and audio 
oscillator to measure the frequency separation. 
Tuning the filter is quite simple since all 

four adjustments can be peaked for maximum 
output at a fixed alignment frequency. This 
frequency should be on the high side of the 
pass band and can be the carrier frequency 
used for lower sideband transmission (5505.5 
kc. in the case of the filter described). Using 
the carrier frequency it is only necessary to 
unbalance the balanced modulator to obtain 
a c.w. alignment signal. Of course, a signal 
generator and r.f. probe-equipped v.t.v.m. can 
also be used. Ci, C2,  Li and L4 are simply 
adjusted for maximum output. 
A slightly better shape factor can be had by 

detuning the carrier oscillator to a lower align-
ment frequency corresponding to about the 
4-db.-down point on the high-frequency side of 
the pass band. Fig. 11 shows the measured 
performance of the filter when aligned at 
5505.2 kc. The 6-db, bandwidth is 2750 c.p.s., 
somewhat greater than the 2400-c.p.s. design 
figure because the average spacing of the 
crystal pairs used was 1700 c.p.s. instead of 
1500 c.p.s. At 30 db. down, the bandwidth is 
3950 kc., so the 30 db./6 db.-shape factor is 
1.44. This agrees well with the theoretical 
value of 1.49 from Fig. 9. 
The spurious crystal responses occur as in-

dicated in Table I, but the over-all filter ex-
hibited more than 52-db, attenuation at the 
nearest spurious frequency (5516.800 kc.). The 
others could not be measured since they were 
attenuated more than 60 db., which attenuation 

"Clark, "Hints & Kinks," QST, December, 1959. 

level was beyond the capability of the measur-
ing setup used. 
It should be noted that this filter is better 

used to pass the lower sideband than the upper 
one. When aligned at the 5505.5-kc. carrier 
frequency, the filter provides 20 db. of carrier 
attenuation with a 6-db, down audio pass band 
which extends from 300 to 2800 c.p.s. The 
undesired upper sideband is attenuated more 
than 40 db. for all audio frequencies above 
350 c.p.s. 
If the filter is aligned at 5505.2 kc. and the 

carrier set at 5505.6 kc., carrier suppression 
is 19 db. for a 6-db, audio pass band of 300-
3050 c.p.s.  Upper sideband suppression is 
better than 40 db. for audio above 300 c.p.s. 
The cutoff on the low-frequency side of the 

band is somewhat less steep than on the high 
side. This is believed to be due to the use 
of less than ideal coupling coils between the 
filter sections. Using an alignment frequency 
of 5505.5 kc. and a carrier frequency of 5502.2 
kc., the upper sideband audio pass band is 450-
2950 c.p.s. for 20-db. carrier suppression. Un-
desired sideband attenuation is greater than 
30 db. for audio above 350 c.p.s. and greater 
than 40 db. for audio above 750 c.p.s. 
When the filter is aligned at 5505.2 kc. and 

the carrier is placed at 5502.1 kc., the audio 
pass band is 400-3200 c.p.s. for 20-db. carrier 
attenuation. Lower-sideband suppression will 
be more than 30 and 40 db. for audio frequen-
cies above 300 and 700 c.p.s., respectively. 

TR
A
N
S
MI
S
SI
O
N
 
(O
B.
) 

:501 

4 

e 

12 

- 16 

20 

24 

28 

32 

36 

so 

FREQUENCY (KC.) 

5502  5503  5504  5505  5506 

2750 

3950 C.P.S. 

FIG. 11 —Measured select vity characteristic of the 
filter described in this article when aligned at 5505.2 
kc. The 6-db. bandwidth is 2750 c.p.s., and the 30 

db./6 db. shape factor is 1.44. 
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» Using the methods and circuits outlined here, the problem of 
making a usable high-frequency (i.e., in the 4- to 7-Mc, range) 
crystal filter doesn't sound too tough, even with limited test 
equipment. If you've been interested in some of the newer 
transmitting and receiving techniques using filters in this 
range, here's a way to give them a whirl without a large 
investment. 

Surplus-Crystal 
High-Frequency Filters 

BENJAMIN H. VESTER, W3TLN 

After all the recent QST articles on uses for 
high-frequency crystal filters, I've really been 
coveting one for a mobile s.s.b. transceiver I'm 
planning. The commercial price tags on filters 
being what they are, I decided it would have 
to be built from surplus crystals, or not at all. 
Having, during the earlier days of s.s.b., suf-
fered with a low-frequency crystal filter (typi-
cal report was, "Gee, your voice sounds fun-
ny"), I decided to do a little reading before 
dragging out the soldering iron this time. 
An article by Kosowsky boils a lot of "long-

L  î 

Co 

FIG. 1—The equ'valent circuit of a crystal. L and C 

are the electrical equivalents of mechanical constants 

of the crystal, while Co is the shunting capacitance 

of the electrodes and holder. 

hair" literature on crystal-lattice theory into a 
fairly simple and understandable form. One of 
the most interesting points to me was the fact 
that the crystal filter designer considers the 
narrow-band high-frequency crystal filter for 
s.s.b. to be the "easy" design—the problem get-
ting much more exotic for the wide-band high-
frequency filter. Since my buddy, W3HEC, 
was already tackling the tough problem of 
making a good low-frequency filter with the 
FT-241 crystals, I took the easy way out and 
tried my hand with the high-frequency unit. 

Some Background 
If you're planning to try your hand at it, it 

will help if you grab a few fundamental con-
cepts on crystal lattice filters first. The prop-
erties of the crystal itself are pretty well known, 
the approximate equivalent circuit being shown 
in Fig. 1 and the change of reactance or im-
pedance being shown in Fig. 2. The crystal 
has two resonances very close together, L and 
C being in series resonance at fz, and L, C and 
Co being parallel resonant at fp. These reso-

From January, 1959, QST. 
Kosowsky, "High Frequency Crystal Filter Design 

Techniques and Applications," Proceedings of the IRE, 
Feb., 1958. 

nances have been given names by the network 
theory boys, the series resonance being called 
a "zero" of impedance (for obvious reasons) 
and the parallel resonance being called a "pole" 
of impedance. The symbols used for these are 
shown on Fig. 2. These poles and zeros are 
mighty convenient little symbols for handling 
networks, the most convenient part being the 
fact that if you have a circuit with several 
poles and zeros, you can often manipulate 
the circuit values so as to get some of the 
zeros each to cancel out a pole. Hence, a 
circuit with a multitude of resonances (or poles 
and zeros) can be arranged to have its re-
sponse equivalent to only a few resonances. 
The universal crystal filter is a lattice circuit. 

The lattice is usually developed in full "four-
arm" form (i.e., as a bridge circuit) and then 
the equivalence of the half-lattice is proved. 
The reader is referred to Kosowsky's article 
and its bibliography for the full treatment on 
this. We will settle for a few statements on 
crystal lattice filters which have been ade-
quately proven by others. Consider the simple 
one-section half lattice shown in Fig. 3. The 
first important point to consider is that the only 
way in which the lattice can give a high inser-
tion loss between input and output is for the 
impedances of A and B to be about equal, so 
that the voltage at their common connection 
(point 0) is equal to the voltage at the coil 
center tap. Our crystals will meet the require-

REACTANCE 

p  FREQUENCY 

SERIES PARALLEL 
RESONANCE  RESO-

NANCE 

o :11, FREQUENCY 

FIG. 2—Reactance characteristics of a crystal. The 

series-resonant frequency, fz, is that of L and  C 

(Fig. 1) in series; the parallel-resonant frequency, fp, 

is the resonant frequency of the parallel circuit 

formed by L and C in one branch and Co in the 

other. 



1—Principles 31 

ment pretty well if they have the same holder 
capacitance, so the primary problem is to build 
the coil so that the voltage from Terminals 1 
to 2 is exactly the same as the voltage from 
3 and 4. The method for realizing this will be 
discussed a little later. 
Crystals A and B are chosen to be different 

in frequency for the half lattice. Thus it is 
obvious that if we are at a zero (series reso-
nant) frequency of, say, crystal A, the imped-
ance balance of A and B is spoiled and there 
is a voltage showing up between point 0 and 
the center of the coil. This will also occur at 
the pole (parallel resonant) frequency of crys-
tal A. The same can be said for crystal B, 
only the unbalance is in the opposite direction. 
This leads us directly into the statement that 
the pass band of the crystal filter will be as 
wide as the spacing of all the poles and zeros. 
This says nothing about the ripple or variation 
in transmission in the pass band, however, and 
if A and B are far apart the ripple or dip may 
be tremendous.  Here's where the network 
theory boys' trick of pairing off poles and 
zeros comes in handy. A little study with 
Fig. 2 of the way in which the impedance 
change around a zero differs from that around 
a pole will give an idea how the lattice crys-
tals can be arranged to give a flat pass band. 
Fig. 4 shows the desired arrangement. The 
series-resonant frequency of crystal B is ar-
ranged to coincide with the parallel-resonant 
frequency of crystal A. This will theoretically 
give a perfectly flat pass band from the zero 
of crystal A to the pole of crystal B. 

FIG. 3—The half-lattice crystal filter. Crystals A and 
should be chosen so that the parallel-resonant 

frequency of one is the same as the series-resonant 

frequency of the other. Very tight coupling between 
the two halves of the secondary of Ti, is required 
for optimum results. 

Our problem is now resolved down to deter-
mining the pole-zero spacing for the available 
crystals. The surplus FT-243 crystals in the 
5-Mc. range (this choice of frequency was ob-
viously based on the excellent results being 
obtained with the popular HT-32 transmitter) 
have a measured spacing of about 2.2 kc. be-
tween their series- and parallel-resonant fre-

FIG. 5—Setup  for  measuring  the 

series- and parallel-resonant frequen-
cies (or pole-zero spacing) of a crystal. 
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FIG. 4—The  theoretical  attenuation-vs.-frequency 
curve of a half-lattice filter shows a flat pass band 

between the lower series-resonant frequency and 
higher parallel-resonant frequency of the pair of 
crystals. 

quencies. Thus, two of them spaced 2.2 kc. 
apart in frequency are theoretically capable of 
giving a 4.4-kc. bandwidth. Practically, it is 
very difficult to get quite this much band-
width. 
If we examine the effects that the external 

coupling circuitry has on the pole-zero spacing, 
it can be shown that both an increase and a 
decrease in the spacing can be accomplished, 
iy shunting inductance or capacitance, re-
spectively, across the crystal. The most familiar 
example of this to most of us is in pulling 
a crystal oscillator's frequency by shunting a 
capacitor across the crystal. This technique, 
you will remember, only works where the crys-
tal is being used in its parallel-resonant mode. 
Referring back to Fig. 1, it is easily seen that 
a parallel capacitor makes Co larger and lowers 
the parallel-resonant frequency (pole). It will 
not affect the series-resonant frequency (zero), 
so the effect of the parallel capacitor is to 
move the pole closer to the zero. Similarly, it 
can be shown that an inductance shunted 
around the crystal will push the pole away 
from the zero; unfortunately, however, this 
also introduces a second parallel-resonant fre-
quency. Even the network theory boys begin 
to sweat a little when they begin to manipu-
late this many poles and zeros in a lattice cir-
cuit, so we hams had better avoid the compli-
cations, and shy away from trying to add tuned 
inductors on the input and output of the filter. 
If we are forced to use an inductor, we will 
make its inductance large enough to avoid its 
resonating with C. anywhere near the desired 
pass band. 

Preliminary Measurements 
Now that we have some ideas as to how 

crystal filters work, we will get more specific 
and look at the procedure by which one may 
be evolved. To measure the spacing between 
the series- and parallel-resonant frequencies, 
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FIG. 6—Bifilar winding on a toroidal core. 

we must be careful to avoid having the test 
circuit put shunt capacitance across the crystal 
and give erroneous results. The circuit in Fig. 
5 was used by the writer. To eliminate the 
extra shunt capacitance that a socket would 
add, the crystal holders were soldered directly 
into the circuit. The signal generator can be 
most any kind, so long as it has a slow tuning 
rate—I used one of the Command transmitters. 
The measurement detector can be a scope, a 
v.t.m. (with r.f. probe), or the station receiver. 
The low resistance, R2, across it should swamp 
out any small amount of input capacitance it 
might have. If a receiver is used, a 1K or 2K 
resistor should probably be put in series with 
its input to isolate the crystal from the receiver 
front-end tuned circuits. The series- and par-
allel-resonant frequencies are, of course, at the 
peak and null of the signal across Rz. Any de-
cent communications receiver will measure the 
frequency difference; best accuracy is obtained 
by measuring the harmonics of the generator 
with the receiver in the sharp crystal-filter po-
sition.2 
Initial measurements of the two 5645-kc. 

crystals I had showed a pole-to-zero spacing 
of 2.2 kc. on one and 2.4 kc. on the other. 
'I.e., after adjusting the generator to the series-

resonant frequency, let the generator alone and shift 
the receiver to some higher range where a generator 
harmonic can be heard and its frequency measured. 
Then shift back to the fundamental frequency, adjust 
the generator to the parallel-resonant frequency, shift 
the receiver again and then measure the generator 
harmonic adjacent to the first one.  The frequency 
separation between the crystals is of course equal to the 
frequency difference between the harmonics divided by 
the order of the harmonic. This method usually will 
give improved accuracy only if the receiver calibration 
can be read to the same accuracy—e.g., 1 kc. per dial 
division—on the harmonic range as on the fundamental. 
—Editor. 
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FIG. 7—Measured  attenuation  curves  of a half-

lattice filter using two nominal 5645-kc. crystals 
having series-resonant frequencies separated by 560 

cycles. A—without resistance termination; B—with 

10,000-ohm terminating resistor. In taking the data 

for these curves and those shown in Figs. 8, 9 and 
11, the attenuation was based on the manufacturer's 

calibration of the receiver used in the tests. 

Their series-resonant frequencies were about 
560 cycles apart. I decided to try these out 
first to get a bearing on the problem. 
As indicated earlier, the push-pull coil must 

have very tight coupling between its two sec-
ondaries and should be chosen with a high 
enough inductance to avoid resonance with the 
crystal shunt capacitance near the pass band. 
I used a %-inch ferrite toroid (origin and prop-
erties unknown) with the secondaries wound 
bifilar. The bifilar winding is illustrated in Fig. 
6. The enclosed LS series coils made by CTC 
probably would work just as well. (It would 
probably be very difficult to get tight enough 
coupling with air-wound coils, however.) I ar-
bitrarily made each half of the secondary coil 
with an inductance of 50 microhenrys; this re-
quired 25 bifilar turns, or 50 turns total. The 
exact inductance is not at all crucial—the im-
portant thing is the tight coupling. 

Experimental Results 

A filter was constructed with the circuit 
shown in Fig. 3. It was fed from a low im-
pedance and its output was fed into a OAKS 
mixer grid, the mixer grid effectively shunting 
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FIG. 8—Attenuation curves of half-lattice filter with 

crystals of the same nominal frequency as in Fig. 7, 

but with  1.5-kc. separation.  C—with 0.5-megohm 

terminating resistor; D—shunt coil added across the 

output to resonate with capacitance present at that 

point. 

some capacitance across the crystals. This mix-
er was used to beat the filter output signal into 
a range which was covered by my receiver 
(a 75A-3) so the receiver could be used for 
both db. and frequency measurements. The 
initial response was as shown by curve "A" in 
Fig. 7. A 10K resistor was then added to ter-
minate the filter and the response squared up 

FIG. 9—E —half-lattice filter using same crystals as 

in Fig. 8, with 1500-ohm terminating resistor. F— 

using two nominal 5645-kc. crystals separated 300 

cycles, with 3900-ohm terminating resistor. 
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FIG. 10 —Half-lattice filters cascaded in a back-to-
back arrangement. The theoretical curve of such a 
filter has increased skirt selectivity and fewer spuri-
ous responses, as compared with a simple half 
lattice, but the same pass band as the simple circuit. 

(as shown by curve "B") to give a passable 
1-kc. high-frequency filter. 
This was sufficiently encouraging, so I dug 

out the ammonium bifluoride 3 etching bath 
from its hiding place and moved the upper-
frequency crystals to a frequency 1500 cycles 
above the lower frequency (W2IHW's tech-
nique for etching crystals is really simple). 

14 
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FIG. 11 —Attenuation curve of filter using four nomi-
nal 7300-kc. crystals, pairs separated 1.5 kc., in the 

circuit of Fig. 10. 

The initial results with this were anything 
but encouraging. Curve "C" in Fig. 8 illus-
trates the results. It was obvious that the ca-
pacitance across the lattice output had shoved 
the poles too close to the zeros, or else the 
0.5-meg. terminating resistor was improper. I 
tried tuning the capacitance out with a slug-
tuned coil and got all kinds of interesting re-
sults (curve "D" in Fig. 8 is typical), none of 
them usable.  When I terminated the filter 
with lower values of resistance, however, the 
results improved markedly. With just the right 
resistor, 1.5K in this case, the pass band was 
flat over a reasonable width. Curve "E" in 
Fig. 9 shows the final results. The bandwidth 
is just barely great enough for phone use. 
Since I had one other 5645-kc. crystal which 

was 300 cycles from one of the original crys-
tals, I substituted it in and got curve "F" in 
Fig. 9. This time a 3.9K terminating resistor 
gave the flattest pass band. 
If greater rejection off the skirts is required, 

there are several ways in which these sections 
can be cascaded. A simple technique is to 
connect them back-to-back as shown in Fig. 10. 
This method of connection will minimize spuri-
ous off-frequency response since the probabil-
ity of getting the spurious responses of crystals 

3 Newland, "A Safe Method for Etching Crystals," 
page 52. 
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A and B to line up with those of crystals A' 
and B' is pretty small. The coil, Li, is again 
wound bifilar and Ri and R2 are chosen experi-
mentally for the best pass band. The crystals 
should be matched as closely as you can read 
their frequency—this is pretty easy with the 
etching technique. Fig 11 shows the response 
I got from four 7300-kc. crystals, connected 
like Fig. 10 (crystals A and A' were 1.5 kc. 
higher than B and B'). The same bifilar coil 
was used. 
I measured the spacing between series and 

parallel resonance of a few of the other surplus 
crystals that were lying around and got the 
following results:-

Crystal 
Frequency 

8725 Ice. 
7250 kc. 
7380 kc. 
7010 kc. 
8900 kc. 

Type 

FT-243 
FT-243 
Plated-surplus 
Plated-surplus 
Plated-harmonic cut 

Pole-Zero 
Spacing 

2.7 kc. 
2.3 kc. 
5 kc. 
6 kc. 
20  kc. 

The plated crystals will give wider-band filters. 
If you're interested in an asymmetrical filter 

which has a gradual fall-off on one side, then 
the circuit shown in Fig. 12 can be used. Here 
both the crystals are on exactly the same fre-
quency. The coils are again bifilar and C is 
tuned to give the desired pass band. The po-
tential bandwith here is only half that ob-
tained with the half-lattice. It should work 
nicely with the plated crystals, however. 

CRYSTAL A And A' FREQUENCY 

k. 
k. 

FREQUENCY 

FIG. 12 —An asymmetrical filter ond theoretical at-
tenuation curve. 
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» By taking advantage of readily available surplus units, this 
s.s.b. exciter can be built for less than $150. It contains all of 
the conveniences and features found in most advanced units. 

A phasing-type s.s.b. exciter. All adjustments can be made from the 7-inch rack panel.  Controls along 

the top, from left to right, are for antenna coupling, the multiband tuner in the final, and the v.f.o. Along 

the bottom are connectors for microphone input and test-tone input (for alignment purposes), audio gain 

control, carrier null controls, sidebond selector, band switch, excitation and final grid-tuning controls, mode 

switch and key jack. (Photos by Rogers H. Connell, INFLA-TV News-Photo.) 

A Phasing-Type Sidebander 
ADELBERT KELLEY, K4EEU 

Shortly after being bitten by the sideband 
bug, the author constructed a single-band 
phasing-type exciter. Several months later the 
excellent design by W6TEU appeared, featur-
ing all h.f. bands and voice control—in short, 
all the desirable features in one package. The 
project was immediately undertaken to rebuild 
along the general outlines of the "Sideband 
Package," but as a phasing exciter rather than 
a filter rig. 
This design differs from the "Package" in 

the following ways: 
1) Sideband  generation by the phasing 

method. 
2) More elaborate voice-control system, to 

include receiver control. 
3) Use of the voice-control system on c.w., 

to provide break-in. 
4) Provision for side tone on c.w. 
5) Modification of the power supply to in-

crease the power output. 
From November, 1959, QST. 
Bigler, "A Sideband Package," page 59. 

K4EEU's s.s.b. exciter is assembled on a 17 X 13 X 

3-inch chassis. On the portion toward the panel, the 

audio section is at the top, converter section for 

higher-frequency bands at the center, and the v.f.o. 

at the bottom. Along the rear, from top to bottom 

are the  high-voltage  filter  choke, antenna-tuning 

capacitor, the final r.f. stage with its multiband tuner 

and the power transformer, 

6) Use of additional 
lower the cost. 

surplus material to 
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CR1,CR2 —Silicon rectifier, 840 volts r.m.s., 425 ma. 

(Sarkes Tarzian 1205M). 

11 -6.3-volt dial lamp. 

K1 -4 p.d.t. 5000-ohm relay (Potter & Brumfield GPD 

coil and GP17 contact assembly). 

L2-10.5-hy. 110-ma, filter choke (Stancor-C1001). 
R-t,R2—Potentiometer, carbon. 
51 -4-pole 5-position rotary switch (Centralab PA-

1013 or PA-2011). 
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TI —Power transformer: 700 v.c.t., 160 ma.; 5 volts, 

3 amp.; 6.3 volts, 5 amp. (Triad R-16A'). 

T2-5-watt output transformer, 5000 ohms to 3.2-ohm 
voice coil. 

RFC1, RFC2--7-2h. r.f. choke (Ohmite Z-50). 

• Care should be used in substituting for this item 

if an increase in panel and cabinet height is to be 

avoided. 
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If all parts and surplus items are purchased 
as needed especially for this transmitter, the 
cost will be less than $150. A moderately 
well-stocked spare parts supply will reduce this 
figure considerably and, if care is taken in 
construction, the builder will be rewarded with 
a transmitter equal in most respects to commer-
cial exciters costing several times as much. 
A project such as this is not for the Novice, 

but the ham with experience in building trans-
mitters and superhet receivers should be well 
qualified. 

Circuit Discussion 

The sideband signal is generated at 2250 kc. 
with the circuit used in "S.S.B. Jr." 2 and 
amplified to a level of about 2 volts by a 6BA6. 
It is then heterodyned with a v.f.o. signal 
operating from 5250 to 6250 kc. The resulting 
3- to 4-Mc. heterodyne is selected by tuned 
band-pass coils and further amplified by linear 

2 "S.S.B. Jr.," G.E. Ham News, Nov.-Dec., 1950 (Vol. 
5, No. 6). 
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-  25V. 
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26 MM. 
L2 

Rs 

ts-r CO N 
60 

6X8 
vei•— •• 

100K 

f 
100K 

+250V  +2$0V. 

nt+ ° 
KEYING RELAY 

RFC' 
2.5 MM. 

470 

5000 

H 
(F79,3)  (Fig.2) (Fi9.3) 

amplifiers for straight-through operation on 80 
meters. For other bands the 80-meter signal 
is again converted by crystal oscillators to the 
correct frequencies. Output frequencies of the 
crystal-controlled oscillator in the second con-
verter are chosen so that the low-frequency end 
of the first-converter range is used for the 
higher-frequency bands.  As examples, the 
4-Mc, output from the 6CB6 in the second 
converter beats with the 3-to-3,3-Mc. output-of 
the first converter to cover the 7-to-7.3-Mc. 
range; the second harmonic of the 9-Mc. crys-
tal (18 Mc.) beats with the 3-to-3.45-Mc. 
portion of the first converter range to produce 
output from 21 to 21.45 Mc., etc. The high-
frequency end of the first-converter range is 
used only for direct 80-meter output and for 
the high-frequency end of the 10-meter band. 

The V.F.O. 
lf you have a BC-458 chassis you may start 

by removing all the audio and r.f. circuitry up 
to the 12A6 mixer, and using these parts in 
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.9-4 MC. 

+250V. 
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FIG. 1—Sideband-generator, 4-Mc.-output, and c.w.-keying sections of the 30-watt s.s.b. transmitter. Unless 

otherwise marked, capacitances are in pf. Capacitors with polarity markings are electrolytic. Other fixed 

copacitors not marked SM may be mica or ceramic. Unless indicated otherwise, resistors are 1/2 watt. 

Cs —Three-gang capacitor, see text.  Is;, 113 —Oscillator coil unit from BC-458. 

C2, C3 —Disk ceramic (Centralab DDA104).  RI, R2, R5, R6 —Linear-taper potentiometer. 

C4 —Fixed air padder in BC-458.  R3, RI, R7 —Audio-taper potentiometer. 

1i —Microphone connector.  RFC1 -2.5-mh. r.f. choke (National R-100S or equiv.) 

12 —Closed-circuit jack.  RFC2 -0.5-mh. r.f. choke (National R-50). 

13 —Octal tube socket (for B & W 350 phaseshift net.)  St —D.p.d.t. rotary switch (Centrolab 1462). 
h — Open-circuit jack. Ti, 72, 73 —Miniature  20,000-to-500-ohm  transformer 

Ki-2500-ohm relay, s.p.s.t. contacts (Potter & Brum-  (surplus or see OST Ham-Ads). Lafayette AR-

field LB-5).  151 (20,000 to 800 ohms c.t.) also is suitable; 
Li, L2 -26 mh. TV-width coil, (Thordarson WC-19).  use one-half secondary winding. 

L3,• LI,• Ls, * 19* -45 turns No. 28 enam., adjusted to  T4 -5-watt tube-to-voice coil (3.2 ohms) output trans-

resonate at 2250 kc. (2-turn links on 1.3, 1.4.  former (Thordarson 24550 or equivalent). 

Arrows indicate twisted pair).  Yi -2250-kc. crystal. 
15* -16 turns No. 22 enam. double-spaced, c. t., ad-  • Wound on %6-inch diam. iron-slug form from sur-

lusted to resonate at 2250 kc.  plus unit. If %-inch forms are used, turns should be 

16 -2 turns over center of L5.  decreased by about 25 per cent. If 1/4 -inch forms 

L7 -6 turns at ground end of £8.  are used, turns should be increased by about 25 
Lio,Ln -40 turns No. 34 enam., close-wound on 1/2 -  per cent. Half-inch forms will require a reduction of 

inch diam. iron-slug form (National XR-50).  about 50 per cent in the number of turns. 
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2ND CONVERTER LINEAR DRIVER 

+250 +250 +250 

FIG. 2—Second converter, driver and final-amplifier circuits of K4EEU's s.s.b. exciter. Unless otherwise indi-
cated, capacitances are in pf. Fixed capacitors marked SM should be silver mica or NPO ceramic; those 

with polarity markings are electrolytic. Other fixed capacitors are disk ceramic. Resistors are 1/2 watt unless 

indicated otherwise, and resistances are in ohms. 

Ci.—Neutralizing capacitor —insulated wires twisted 
together to form capacitor. 

C2 -30-pf. variable, midget receiving type. 

C3 —Neutralizing  capacitor, 0.5 to 5 pf. (Millen 

15001, Bud NC-1929 or similar). 

Ci—Dual 150-pf. variable capacitor (Bud CE-2046 or 

surplus). 

C5 -365-pf. variable, broadcast-replacement type. 

CR1 -50-ma, selenium rectifier. 

.11 —Chassis-mounting coax receptacle (S0-239). 

14 -15 turns No. 22. 

L2 -13 turns No. 22.  1.t.-7 turns Na. 22. 

L3 -10 turns No. 22.  Li -90 turns Na. 34. 

L4 -100 turns Na. 34.  L10 -20 turns No. 26. 

L5 -30 turns No. 26. Lu-20 turns Na. 22. 

L6 -20 turns No, 22.  112 -9 turns No. 22. 

L7 -10 turns No. 22. Lu-4 turns No. 22. 

Note: In reference to the above coils, slug is ad-

justed in each case to resonance at the circuit fre-

quency indicated in the diagram. See • in caption 

Fig. 1. 

the new transmitter. The BC-458 has an ex-
cellent v.f.o. and this, too, is used. The ceramic 
coil, fixed air padding capacitor, and the shield 
are re-used in the new v.f.o. The small green 

114 -9 turns Na. 18, 1-inch diam., 11/4  inches long 
(Air Dux 8081). 

115 -21 turns No. 20, 1-inch diam., 11/4  inches long 

(Air Dux 8161). 

116 -8 turns Na. 18, 11/4-inch diam., 34 inch long 

(Air Dux 10101). 

Note: Ci, 114 and 155 farm a multiband tuner. 

Mi.-3-inch-square milliammeter. 

RFC1, RFC2,RFC3, RFC-1 -1-mh. 100-ma. r.f. choke. 

RFC5 -1.mh. 300-ma. r.f. choke. 

Si —Band switch made from Centralab Switchkit com-

ponents as follows: Index assembly —PA-302; 

Si,, and SIB combined on single PA-5 switch 

section (two of three circuits used); Sic, SID — 

each one PA-41 or PA-18 section (all unused 

contacts connected and shorted out, 5 of 11 

positions used). 

Ti—Power transformer: 125 volts, 50 ma.; 6.3 volts, 

2 amp. (Stancor PA-8421 or similar). 

fixed capacitor on the air padder is removed. 
The old tuning variable is not used, and the 
triple  section  tuning  capacitor  from  an 
R-26/ARC-5 (3-6 Mc.) receiver is substituted. 
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To  get the v.f.o. to tune over the correct 
range it is necessary to insert a 360-pf. silver 
mica in series with the oscillator tuning capac-
itor and shunt 33 pf. across the coil. No other 
changes are necessary. The resulting v.f.o. does 
not have the linear dial of the W6TEU rig but 
the bandspread is adequate and it is satisfac-
tory in all other respects. 

A few construction pointers might be in 
order. Be sure the v.f.o. shield makes a good 
all-around contact with the chassis, and provide 
a ground connection from the frame of the 
v.f.o. tuning capacitor through a grommeted 
hole to the under side of the chassis. A small 
baffle shield was placed over the mode switch 
to eliminate a small change in frequency when 
the switch was operated.  If 
carefully constructed, this v.f.o. 
will compare, in stability, with 
the best of them. 

FIG. 4—Response  curve  of  the 

band-pass coupler Lio Lii (Fig. 1) 

when  correctly  adjusted.  Adjust-

ment is discussed in the text. 
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VOX System 

The voice-control system uses a multicontact 
relay to turn the transmitter on, silence the 
receiver, provide adjustable time delay, and 
operate an indicator light. The mode switch 
controls this circuit and on c.w. provides auto-
matic station control. When the key is pressed 
both relays close, the receiver goes off, the 
speaker is switched to side tone, and the 
transmitter final is activated. Subsequent key-
ing holds the first relay shut until a pause in 
the transmission causes the VOX relay to open, 
activating the receiver. While it is not true 
break-in, this system approaches it. An entire 
QS0 can be had without operating send-
receive switches. To aid in operating, a simple 

3.1 
3.0 

ADJUST VEO. TANK FOR 3.0-Mc.OUTPUT 

ADJUST VEO. TRIMMER FOR 4-Mc. OUTPUT 

se 

3.5 

PEAK I, HERE 

PtEAK I-10 HERE 

FREQ. 

4.0141C. 

//I  
PEAK TRIMMERS 

0, Cio  AND C1, 

I.-CHECK  CALIGRATION- +-CHECK CALIBRATION -Cl 
AT 21 Me.  AT 3.5-4.0 M. 

JI 

OUTPUT 
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Bottom view of the K4EEU s.s.b. exciter. 

neon-tube oscillator provides keying side tone. 
When the mode switch is turned to v.F.o., 

the voice-control system is inactive and there 
is sufficient signal from the transmitter to zero 
in on a signal in the receiver. To prevent audio 
feedback, the audio system is shorted out on 
c.w. or when setting the v.f.o. When the mode 
switch is turned to the A.M.-S.S.B. position, 
regular voice-control operation with anti-trip 
is available. The anti-trip levels are set by 
fixed pots on top of the chassis and need not 
be adjusted in day-to-day operation. The TEST 
position of the mode switch locks the trans-
mitter on ( when terminals on the back terminal 
board are shorted) for testing or to disable the 
VOX manually. 

Power Supply 
The power supply is of the "Economy" type 

and uses two silicon rectifiers to replace the 
usual tubes and filament transformers. These 
rectifiers are real space savers and their price 
is favorable when compared with the cost of 
the parts they replace. By using two connec-
tions to the bridge system, about 700 volts is 
available for the 6146 plate and 250 volts for 
the rest of the chassis without using a large 
power-wasting resistor. The high-voltage filter 
capacitors are standard cardboard-sleeve elec-
trolytics and are the answer to a large capaci-
tance in small space. 

Exciter Coils 
To allow better separation between the 

various coils in the bandswitch assembly, a 
shaft extension is used on the Centralab PA-
:302 6-inch shaft to lengthen it another inch. 
Surplus slug-tuned coils were used here, and 
all were adjusted to frequency with a grid-dip 
meter. There are eighteen of them used in this 
transmitter!  It is helpful, but not essential, 
if they all are of the same kind. Other coils 
that will work are Miller No. 4400, CTC, 
North Hills, and even those removed from 
old TV sets. The use of slug-tuned forms helps 
in the final adjustment of the transmitter and, 
of course, eliminates the need for trimming 
capacitors. 
Fig. 4 shows the response curve of the band-

pass coupler (Li°, Lu, Fig. 1) when correctly 
adjusted, and with the band switch in the 
80-meter zosition.  The curve is formed by 
taking readings with a v.t.v.m. across the 
cathode of the second 6X8 mixer as the output 
frequency of the first converter is varied. Fre-
quency points for the low-frequency half of 
the range can be checked by listening for the 
21-Mc, harmonics on the receiver. The slugs 
of Li° and Lu are peaked for the two frequen-
cies indicated at the low-frequency end of 
the range. 

The author has built two transmitters of the 
above design and is convinced that it is bug-
free if the illustrated chassis layout is used and 
good wiring practices are followed. 
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Panel layout.  The microphone 

connector and gain control are 

to the extreme left. The meter 
switch  is below  the  meter. 

Grouped to the left of lower 

center are  controls  for  VOX 

sensitivity  and  r.f.  limiter 
(above), mixer balance and of. 

limiter (below).  At the lower 

right are the bandswitch, exci-

tation and v.f.o. calibrate con-
trols, mode switch, final-ampli-

fier  power  switch  and  a.m. 

drive control, and the function 

switch (Si). On the upper por-

tion of the panel, neor center, 

are the loading control (C25) 

above,  and  controls  for  the 

final multiband tuner and driver 

» The power output and multiband operation of this trans-
mitter put it in the -most-desired" classification for the home 
constructor in search of circuit information. As added attrac-
tions, it includes provision for car., a.m., and f.s.k. 

•  .  • • --

tuning. The small knob above the v.f.o, is the carrier-balance control. 

Filter-Type 100- Watt-Output 
Sidebander 

JOHN ISAACS, W6PZV 

The hobby of amateur radio is many things 
to many people. The author is one of those 
who derive enjoyment from the construction 
of equipment. This includes new equipment 
plus the modification (improvement?) of exist-
ing commercial and surplus equipment. If one 
places a monetary value on his spare time, 
then it is not difficut to prove that the 
purchase of commercial gear will "pay off" 
in the end. The advocators of this philosophy 
are obviously in the majority and the author 
has no wish to convert anybody. The informa-
tion presented here, it is hoped, will be of 
some interest to those who still like to "roll 
their own." 
The design and construction of a multiband 

exciter requires a lot of time. There are bound 
to be mistakes. It is best to make as many of 
these as possible on paper before the first hole 
is cut. After all, you aren't going to construct 
several prototypes before making the final unit. 
A good approach is to benefit by the experience 
of others. An idea here, another there. Every-
thing helps. 
A set of objectives is always necessary for 

any worthwhile project. The author had these 
in mind for his new exciter: 
1) Multiband operation with no plug-in 

coils. 

2) 
3) 
4) 
5) 
6) 
7) 

s.s.b. 

Provision for c.w., a.m., s.s.b. and f.s.k. 
Voice control and antitrip on s.s.b. 
Built-in stable v.f.o. 
About 100 watts peak output. 
Some provision for r.f. or a.f. limiting. 
Good carrier and sideband suppression on 

The author's previous experience with s.s.b. 
had been limited to the phasing type of ex-
citer. Results were not always satisfactory be-
cause of a continuous need for adjustment to 
maintain reasonable carrier suppression and a 
low order of sideband suppression. There are 
several successful commercial designs which 
employ the phasing method and many staunch 
advocates of same. Just for a change then, if 
for no other good reason, it was decided that 
the new exciter would employ the filter 
method. The new McCoy 9-Mc, crystal filter 
looked particularly promising. Also, the rela-
tively new circuits using the 7360 tube ap-
peared to offer advantages. A search of the 
literature revealed numerous good designs, in-
cluding those found in some well-known com-
mercial units. A design by W6TEU 1 and an 
adaptation by K4EEU,2 looked especially in-
teresting. Although the basic signal-generating 

1 Bigler, "A Sideband Package," page 59. 
Kelley, "A Phasing-Type Sidebander," page 80. From November, 1962, QST. 
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FIG. 1—Audio and VOX-control circuits. Resistances are in ohms and fixed resistors used by the author 
rated (conservatively in most cases) at 1 watt, unless indicated otherwise.  Except for CI, capacitances 
in tif. Capacitors are 600-volt paper except for those marked with polarity, which are electrolytic. 

CI —Mica. 
.11 —Microphone connector. 
Ki —D.p.s.t. relay, 5000-ohm coil (Potter & Brumfield 

IM11). Use series resistance, if necessary, to 
limii coil current to rated 6.3 ma. 

RL —Audio-taper control. 
R2 —Slider adjustable. Set for 105 volts. 

circuits are somewhat different, you will notice 
a strong resemblance between the author's 
exciter and the two just mentioned. The prob-
lem of what to do in the audio section was 
solved by the "Omnivox," which was designed 
by W4PFQ.3 His circuit was used almost 
intact. It includes a.f. limiting in addition to 
standard features such as VOX and antitrip. 

Low-Level Sections 
The circuit of the audio section is shown in 

Fig. 1. The microphone output is amplified 
by one section of a 12AX7 (second triode is 
not used) and the pentode section of a 6AN8. 
The output goes to the 7360 balanced modula-
tor and the 6BE6 a.m. modulator (Fig. 2). 
The output is further amplified by the triode 
section of the 6AN8. The output of this section 
is then rectified by the two sections of a 6AL5. 
The negative d.c. output of one rectifier is fed 
to the control grid of the pentode section of 
the 6AN8. The amount is adjustable by a 
potentiometer, R4, which is the a.f. limit con-
trol. The amount of this limiting is adjustable 

Floase, "The Omnivox," G.E. Ham News, jan -Feb., 
1961. 

are 
are 

R3, RI, R5, Ro— Linear-taper  control. 

SL -3-pole 4-position rotary switch (CRI 1415, one 
pole not used). See Fig. 3 for other sections. 

S2 —S.p.s.t. toggle switch. 

TL —Universal output transformer, 10,000 ohms 
voice coil. 

te 

over a wide range. The second rectifier section 
produces a positive d.c. output which is applied 
to one of the grids of the 6BN6 relay tube. 
When this voltage is sufficiently large, the tube 
normally conducts and the VOX relay becomes 
energized. Voltage from the receiver speaker 
circuit is stepped up in Ti, rectified, and the 

Band 

80 

40 

20 

15 

10 

10 

TABLE I 

Bandswitching Coils 

Number of Turns 
L.  L. 

23  60' 

21  33** 

15  21 

10  21 

6  9 

Some as above 

60* 

33** 

21 

21 

8 

All coils ore close-wound on  %-inch poly-
styrene rod with No. 22 enameled wire, except 
wound with No. 30, and •• wound with No. 26. 
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FIG. 2—Sideband and a.m, generator circuits.  Resistances are in ohms and fixed resistors used by the 

author are rated (conservatively in most cases) at 1 watt unless indicated otherwise.  Fixed capacitors of 

less than 0.001 µf. are mica or silver mica (SM); others are disk ceramic, except as listed below. 

C2, C3, C4, Ce, C7, Cg, Cg, Cio -7--45-pf. ceramic trim-
mer (Centralab 822-BN or equivalent). 

C5 -Differential  capacitor  (Johnson  19MA11/160-

311). 

CLI, C12 -Paper. 

FLL —Sideband filter (McCoy Electronics 32 B1). 

14 -32 turns No. 26 enam., bifilar-wound on 3/8-inch 

polystyrene rod. 

L2 -38 turns No. 26 enam., close-wound on 3/8-inch 

polystyrene rod.  Form is placed parallel ta 

negative d.c. is applied to another grid of the 
6BN6. This voltage acts to prevent the opera-
tion of the VOX relay on signals from the 
receiver speaker. 
The s.s.b, signal is generated at 9 Mc. in a 

7360 (see Fig. 2). This tube performs the 
functions of a crystal oscillator and a balanced 
modulator.  Actually, two crystals are used. 
These are supplied with the McCoy 32B1 s.s.b. 
filter. They are at 8998.5 kc. and 9001.5 kc. 

form of ti, forms spaced 3/4 inch center to 

center. 

L3 -30 turns No. 26 enam., close-wound on %-inch 

ceramic iron-slug farm (Miller 4400 form). 

L1 —Sa me as L3, tap at 7 turns from ground end. 

R7 -Carbon control, linear taper. 

Rs -Linear-taper control. 
53 -3-pole  5-position  ceramic  rotary switch (CRI 

P-272 index, 2 type RRD wafers, one pole of 
rear wafer [crystal switch] not used). 

XTAL OSC. BAL. MOD. 

The passband of the filter is centered on 9000 
kc. and is symmetrical. Sideband selection is 
made by connecting one or the other of the 
crystals into the circuit. The filter cuts off the 
unwanted sideband and also provides about 
10 db. of carrier suppression. 
At 9 Mc. it is necessary to provide the 

7360 with both a resistance and a capacitance 
balance. Also, the plate coil is bifilar wound. 
After the initial adjustment of the capacitors, 
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Chart of Harmonic Frequencies 

Ott. Freq.  2.0  2.1  2.2  2.3  2.4  2.5  2.6  2.7  2.8  2.9 
1/8c.) 

11.0  11.1  11.2  11.3  11.4  11.5  11.6  117  11.8  11.9 
+9M,.) 

3rd Hor. 

4th Her. 

5th Hor. 

3.0  3.1  3.2  3.3  3.4 3.5  3.6  3.7  3.8  3.9  4.0  4.1  4.2  4.3  4.4 

12.0  12.1  12.2  12.3  12.4  12.5  12.6  12.7  12.8  12.9  13.0  13.1  13.2  13.3  13.4 

6.0  6.3  6.6  6.9  7.2  7.5  7.8  8.1  8.4  8.7  9.0  9.3 

8.0  8.4  8.8  9.2  9.6  10.0  10.4  10.8  11.2  11.6  12.0  12.4 

10.0  10.5  11.0  11.5  12.0  12.5  13.0  13.5  14.0  14.5  15.0  15.5 

9.6  9.9  10.2  10.5  10.8  11.1  11.4  11.7  12.0  12.3  12.6  12.9  13.2 

12.8  13,2  13.6  14.0  14.4  14.8  15.2  15.6  16.0  16.4  16.8  17.2  17.6 

16.0  16.5  17.0  17.5  18.0  18,5  19.0  19.5  20.0  20.5  21.0  21.5  22.0 

only an occasional adjustment of the poten-
tiometer is required to maintain the carrier 
suppression.  Following the 7360 is a 6C4 
which is used as a cathode follower to provide 
the necessary match to the crystal filter. The 
output of the filter is amplified by a 6BA6 to 
get the signal up to a level for mixing. 
Most commercial exciters make some provi-

sion for a.m. operation. This is done usually 
by carrier insertion or by unbalancing the 
modulator. In either case, the results leave a 
great deal to be desired. The proper ratio 
between carrier and sideband(s) is difficult to 
maintain. Also, a signal consisting of a carrier 
plus only one sideband produces some distor-
tion in receivers equipped with a diode detec-
tor and set for normal a.m. operation. 
In this exciter, some of the output of the 

9-Mc. crystal oscillator is fed to grid No. 1 of 
a 6BE6 r.f. amplifier. Audio is fed to grid 
No. 3. The plate is tuned to 9 Mc. and the 
output is a standard a.m. signal. Proper ad-
justment of the cathode resistor and the audio 
input is necessary to obtain the proper degree 
of modulation. For a.m. operation, the B+ 
is removed from the plates of the 7360 and 
the output of the 6BE6 is fed to the suppressor 
grid of the 6BA6. 

V.F.O. and Balanced Mixer 

Mixing the 9-Mc, signal with a 5-Mc. signal 
products output on either 75 meters or 20 
meters, but further conversion is necessary to 
obtain a signal on the other bands. Because 

This rear view shows the multiband 
tank assembly more clearly than 
the plan view. It also shows termi-
nals for the  power supply and 
other  external  connections.  The 
VOX hold and antitrip controls are 
to the right. 

of this, the idea of a 5-Mc. v.f.o. was dropped. 
A scheme used in one of the commercial ex-
citers appeared to be the most promising. Mix 
the low-level signal with the v.f.o. signal and 
convert to a higher frequency. This frequency 
should be high enough so that the output cir-
cuit can be broad-banded to eliminate the need 
for tuning the mixer plate along with the v.f.o. 
A chart, illustrated here, was prepared to 
determine the best frequency range for the 
v.f.o., which was to cover a segment 500 kc. 
wide. Surprisingly enough, the range of 3.5 
to 4.0 Mc. appeared to be the best. Just above 
and below this range, some of the oscillator 
harmonics fall within the if, range. Theore-
tically, it was not necessary to be quite so care-
ful with oscillator harmonics. As shown in Fig. 
3, the first mixer uses a 7360 (which also 
serves as the v.f.o.). The 9-Mc. signal falls 
well outside the if. passband and no trouble 
was to be expected from this source. Because 
of subsequent mixing, the oscillator is on 3.5 
Mc, when the exciter output is 4.0 Mc. 

Second Mixer and Amplifier 

After the 9-Mc, signal is converted to the 
12.5- to 13.0-N1c, range, it undergoes one more 
conversion to get to the desired band. Refer-
ring again to Fig. 3, mixing is done in a 6BA7, 
and a 6J6 crystal oscillator is used. In every 
case, the crystal oscillator is on the high side, 
so no trouble is experienced from harmonics of 
this oscillator. All crystals are third-overtone 
type, and the crystal oscillator includes a 
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J3 
R,ROUT 

C23 —Same as C22. 
C24 —Dual  200-pf. 2000-volt variable  (Johnson 

200F020/155-505). 
C25 — Midget air variable (Hammarlund MC-325-M). 
h —Chassis- mounting coax receptacle. 

112, L13 -5 turns No. 20 close-wound on associated 
resistor. 

tuned plate circuit for each crystal. The out-
put of the 6BA7 is on the desired amateur 
band and its plate circuit is tuned by a vari-
able capacitor, CisA, adjustable from the front 
panel. 
Following the 6BA7 is a 12BY7 which is 

tuned by a second section (C m) of the same 
variable capacitor used for the plate of the 
6BA7. ( The 470-pf. capacitor from Ls to ground 
is a tracking corrector.) The I2BY7 is bridge-
neutralized and a 5000-ohm control is con-
nected in the cathode circuit to provide a 
means of adjusting the excitation to the power 
amplifier. 

Power Amplifier 

Two 6146 tubes are connected in parallel 
and used as the linear power amplifier. See 
Fig. 4. These tubes are also bridge-neutralized. 
To further stabilize things, a 10,000-ohm 
resistor is connected across the plate load of 
the I2BY7. A portion of the r.f. output is 
rectified by a crystal diode and fed back to 
the grid of the 6BA6. A control, R13, is pro-
vided so that the crystal will not rectify until 
some preset level is reached. This operates 
just like an a.g.c. circuit and minimizes the 
possibility of over-driving the power amplifiers 
and any subsequent linear. Another crystal 
diode is used to rectify a portion of the output 
so that it can be monitored by a 0-1-ma. 
meter. A 300-ma. shunt, R12, is provided in 
the cathode circuit of the 6146s and this is also 

114 -15 turns No. 14, 2-inch diam., 6 turns per inch, 
tapped at 3 and 8 turns from ground and 
(Air Dux 16061 stock). 

R;2 -300-times meter shunt. 

1213 —Linear control. 

55---5.p.d.t. rotary. 

connected to the same meter through a selector 
switch. 
The most interesting part of the power am-

plifier is the tank circuit. It is the multiband 
type and uses only one coil and a split-stator 
capacitor. The circuits used by W6TEU and 
K4EEU employed a similar tank which had 
two coils. The design of both types of multi-
band tank circuits is well covered by W6MUR.5 

Power Supply 

A total of six d.c. voltages is required for the 
operation of the exciter. Referring to Fig. 5, 
a bridge rectifier is used to provide the high 
voltage (700 v.). Eight silicon diodes plus one 
rectifier tube are used. This supply has a 
choke-input filter with an effective capacitance 
of 80 Af. The regulated screen voltage for the 
power amplifier is obtained from the 700-volt 
supply by using two 0C3 voltage-regulator 
tubes in series. Two more d.c. supplies are 
used. Both are directly connected to the 120-
volt line. A polarized plug on the line cord 
takes care of the proper ground connection. 
One supply uses a single silicon diode and 
provides —130 volts and —50 volts for the bias 
circuits. The other supply uses two silicon 
diodes in a voltage-doubler circuit. It provides 
+200 volts and +250 volts for all of the 
exciter except the power amplifier. 

,Johnson, "Multiband Tuning Circuits," QST, July 
1954. 
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FIG. 5—Power-supply circuits. Capacitances are in gf. and capacitors are- electrolytic.  Resistances are in 
ohms. All solid-state rectifiers are 130-volt ac,, 500-ma. cl.c. silicon units (Sarkes-Tarzian M-500). See text 
regarding use of polarized a.c. line plug. 

Fi—Fuse, 5 amp.  12 —Power transformer: 800 volts r.m.s., c.t., 400 

K2 -5.p.s.t.  115-v. a.c. relay (Potter & Brumfield  ma.; 5 volts, 3 amp. (Stancor PC-8412 or 
KTI IA or similar).  similar, 6.3-volt winding not used). 

L15, Lie —Filter choke (Stancor C-2705 or similar).  T3 -6.3-volt 6-amp, filament transformer. 
R14, R15— With adjustable slider.  14 -6.3-volt 3-amp, filament transformer. 

Control Circuits 
Under stand-by conditions (see S1), the 

exciter is producing no output and the receiver 
is connected to the speaker. The crystal oscilla-
tors and the v.f.o. operate continuously. A bias 
of — 130 volts is applied to both the 6BA7 
and the 12BY7.  Consequently, there is no 
drive to the 6146s, which are biased with —50 
volts on the control grids. A relay is provided 
in the 700-volt line so that the high voltage can 
be disconnected from the 6146s. 
For transmitting, the —130-volt bias must be 

removed, and the receiver speaker shorted. 
This function is performed by the VOX relay. 
Talking into the microphone will cause the 
relay to close. The relay will also be energized 
if the function switch is placed in the manual 
position.  One set of contacts on the relay 
closes across the speaker voice coil. A second 
set grounds the grid returns of the 6BA7 and 
12BY7 and effectively removes the —130-volt 
blocking bias. These tubes then have a normal 
bias arrangement and so they amplify the sig-
nal produced in the low-level section and drive 
the 6146s. 
Provision is included for talking yourself on 

frequency.  Remove the 700 volts from the 
plates of the 6146s, and then place the func-
tion switch Si in the calibrate position. The 
VOX  relay  remains  de-energized,  but  a 
100,000-ohm potentiometer, Ru, is connected 
into the —130-volt bias circuit.  Advancing 
this control reduces the bias on the 6BA7 and 
the 12BY7. It is adjusted so that the modulated 

output of the exciter can be heard in the 
receiver at about the same level as a regular 
signal.  Talking is continued and the v.f.o. 
tuned until your voice sounds normal. The 
exciter is then within a few cycles of the 
desired frequency.  This bias and calibrate 
circuit is very similar to the one used in the 
Central Electronics s.s.b. exciters. 

Construction 

The mechanical details of the exciter can be 
seen in the photographs. The original intention 
was to include the power supply on the same 
chassis as the exciter. However, it was decided 
to use components which were on hand, and 
these were heavy and required a lot of space. 
Also, RCA warns that magnetic fields will ad-
versely affect the balance of the 7360 tube. 
Consequently, the power supply was con-
structed on a separate chassis and cables used 
to make the necessary connections to the exciter 
chassis. 
Much time was spent in laying out the main 

components and arranging the controls so that 
the front panel would present a reasonably 
pleasing appearance. After the holes were cut 
and the construction started, it became ap-
parent that insufficient room had been allowed 
for the low-level r.f. portion. The isolation 
between the input and output of the 9-Mc. 
filter is good, but the 9-Mc, crystal oscillator 
is riot shielded as it should have been. As a 
result of this, and because of stray coupling to 
various leads, the carrier suppression is not 
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Chassis plan view. The tubes and relay to the right are in the audio and VOX circuits. Just to the right of 

center are the loading capacitor and components of the final-amplifier multiband tuner. To the left of the 

center shielding partition is the dual driver tuning capacitor with the six band crystals above it and to the 

right of the v.f.o. compartment. The 9-Mc. coils Li and Li are in the shield can at lower left, next to 

the carrier-oscillator tube and crystals, one of which is hidden by the 6146 shield; the other similar can 

contains 1.6 and 1.7. The black box contains the sideband filter. The long flexible shaft extension operates 
the carrier balance control mounted below deck. 

as great as expected.  Measurements with 
available test gear show a carrier suppression 
of about 45 db. Theoretically, the 7360 can 
produce a suppression of 60 db. and the filter 
should add about 10 db. more. 
The exciter is built on an 11 x 17 x 3-inch 

chassis. This just fits the LMB W-1D cabinet. 
This cabinet is 18 inches wide, 11 inches deep 
and 9 inches high. A pair of Bud MB-458 
chassis-mounting brackets is used to brace the 
panel and chassis. 
The method of constructing the bandswitch-

ing coil assemblies is described and shown by 
W6TEU in his article.'  This arrangement 
works out very well and is less expensive than 
using slug-tuned coil forms. 
Two r.f, transformers are specially con-

structed. One is LiL2. The two coils are wound 
on %-inch polystyrene rod as are the band-
switching coils. The number of turns and the 
center spacing of the coils are given under 
Fig. 2. The coils are mounted vertically on 
a piece of Micarta plastic %-inch thick. The 
shield is made from an old if. transforrner 
can which was cut down. The r.f. transformer, 
LuL7, is constructed in exactly the same manner. 
The tuning capacitors are mounted external to 
the cans. 

Alignment 
The initial tune-up of the exciter is no more 

complicated than the alignment of a multi-
band receiver. However, no signal generator is 
needed as this is already built in. No one 
should consider the construction of an exciter 
of this type without having at least two pieces 
of test equipment on hand. The first is a 

vacuum-tube voltmeter with an r.f. probe at-
tachment.  The second is a grid-dip meter 
with reasonably accurate calibration. A fre-
quency meter such as a BC-221 or LM is also 
useful to set the final calibration of the v.f.o. 
However, a receiver can be used for accuracy 
corresponding to the calibration of the receiver. 
For s.s.b. operation, accurate calibration is not 
usually necessary, as it is very convenient to 
talk yourself on frequency whether this be with 
a round-table or to a clear spot in the band. 
Of course, band-edge operation will require 
some kind of frequency standard. 
The first thing to adjust is the balanced 

modulator. Turn the balance control, Rs, to 
either end. Set the differential capacitor, C6, 
to mid-position. Connect the r.f. probe of the 
v.t.v.m, to the grid of the 6C4. With the 
7360 tube operating, adjust the ceramic trim-
mers C4 and Cu for maximum output as indi-
cated on the v.t.v.m. If this occurs with either 
capacitor at its maximum setting, either Li or 
Li needs more turns. Now, alternately adjust 
1-18 and C 3 so as to produce a minimum output. 
After this is done, a small readjustment of C6 
will usually result in a slightly lower minimum. 
More exact adjustments can be made after the 
whole exciter is operating, and with the signal 
tuned in on a receiver. In this case, the re-
ceiver S meter will serve as the output indi-
cator. 
Next, with the selector switch S3 in the a.m. 

position, adjust Ciu for maximum output with 
the r.f. probe connected across the 500-ohm 
a.m. control R. With the r.f. probe connected 
to Pin 8 of the 7360 balanced mixer, adjust 
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Cg for maximum output, It is assumed that the 
slugs of L3 and L4 are set so that these maxi-
mum adjustments occur within the tuning 
range of the ceramic capacitors. This com-
pletes the adjustment of the low-level section. 
The v.f.o. section of the 7360 balanced mixer 

is adjusted so that it covers the range of 4.0 
of 3.5 Mc. The r.f. probe is connected to Pin 7 
of the 6BA7. The v.f.o. is set at 5875 kc. and 
Cis is adjusted for maximum output. With the 
v.f.o. set at 3625 kc., the ceramic trimmer C17 
is adjusted for maximum output. The capaci-
tance of the r.f. probe will have some effect 
on the tuning of L7, as well as L2 and L3, so 
these adjustments can be checked again later 
when the output of the exciter is tuned in on 
the receiver. The object is to tune L6 and L7 
so as to produce a passband from 12.5 to 
13.0 Mc. The spacing between Ls and L7 will 
affect this also. The spacing of  inch (as 
stated in the coil list) is not necessarily the 
best, but seemed to produce acceptable results 
with the shield used. It will be necessary to 
adjust the resonant frequencies of Ls and L7 
experimentally to get the desired results. The 
output at 12.5 and 13.0 Mc. should be down 
to about half of the maximum so as to keep 
the passband reasonably narrow. This variation 
is easily compensated for by varying the drive 
control to obtain the required output at any 
desired frequency. 
The crystal oscillator is adjusted next. Con-

nect the r.f. probe to Pin 2 of the 6BA7. Dis-
connect the B+ from the 7360 balanced mixer 
and the plate of the 6BA7. Adjust each of the 
plate-circuit tank coils of the 6J6 so as to ob-
tain maximum output for each band position. 
If the g.d.o. is first used to insure that each of 
the tank circuits will tune to the required fre-
quency, no difficulty should be experienced. 
Restore the 7360 balanced mixer and the 

6BA7 to normal operation. Adjust the a.m. 
control R7 to obtain output at Pin 7 of the 

Bottom view of the 

W6PZV  s.s.b.  unit, 

showing  the  bond. 

switching assembly. 
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6BA7 as was done when L6 and L7 were being 
adjusted. Set the v.f.o. to 3750 kc. Set the 
band switch to 80 meters. Connect the r.f. 
probe to Pin 2 of the 12BY7. Set the ceramic 
trimmer (C20) across the L9 coil so that it is at 
about half of maximum. Adjust Ci2 for maxi-
mum output. Repeat this procedure for each 
of the other bands, recording the setting of C19 
for each band. 
The band-switching circuits of the 12BY7 

are adjusted by sh:fting the probe to the grids 
of the 6146s, setting C19 to the recorded points 
in succession, and adjusting the C21 trimmers 
for maximum readings. 
Neutralization of the 12BY7 is performed by 

disconnecting the B+ from the 12BY7 and 
adjusting the neutralizing capacitor C22 for 
minimum indication on the r.f. probe. This 
should be done on the 10-meter band. 
The only remaining adjustment is the neu-

tralizing of the 6146s. Connect a dummy load 
to the output and resonate the tank circuit to 
the 10-meter band (using the g.d.o.). Discon-
nect the B+ from the 6146s and adjust the 
drive control to obtain an indication on the r.f. 
probe connected to the tank circuit. Adjust the 
neutralizing capacitor C23 for minimum indica-
tion. 
The preceding alignment information is nec-

essarily brief and hits only the high spots. The 
previously-cited articles give additional infor-
mation which should be useful. It is assumed 
that anyone with enough experience to build 
such an exciter would have no difficulty with 
its alignment. 
The over-all performance of the exciter has 

proved to be very satisfactory. Judging from 
reports, the unwanted sidebands are down at 
least 40 db. The carrier suppression is ap-
parently adequate as no adverse reports have 
been received on this score. The a.m, signal 
has good quality and cannot be distinguished 
from a standard plate-modulated signal. 
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A L C Circuits 

Automatic level control—or automatic load 
control, as it is called alternatively—is a form 
of delayed automatic gain control applied to 
a transmitter. Its purpose is to prevent modu-
lation peaks from exceeding the linear range 
of operation. The principle is quite similar to 
that of age. as used in receivers. That is, 
some of the output of the last stage is recti-
fied to develop a d.c. voltage that can be used 
to control the gain of an earlier low-level stage 
in such a way that the final output level will 
not rise above a predetermined value. 
In the single-sideband transmitter the a.l.c. 

circuit is designed to allow modulation peaks 
to reach the linear peak-envelope level, but not 
to exceed it. To achieve this, the circuit is 
adjusted so that it conies into operation only 
when the amplitude is close to the peak-enve-
lope value; that is, the gain control is delayed 
until the point of maximum output is almost 
reached, but then conies into action rapidly so 
the amplitude cannot reach the "flattening" 
point. 

Rectification of Plate Output 

Typical circuits are shown in Fig. 1. The 
circuit at A can be applied to amplifiers using 
any type of tube or circuit—i.e., triode or 
tetrode, grid-driven or cathode-driven. It works 
directly from the plate of the amplifier, taking 
a relatively-small sample of the r.f. voltage 
through the capacitive voltage divider CiC2. 
This is rectified by the diode of CRI to de-
velop a control voltage, negative with respect 
to ground, across the 1-inegohm load resistor. 
The diode is back biased from a positive volt-
age source, the bias voltage being adjustable 
by means of the "level-set" potentiometer Ri. 
CR1 will be unable to rectify until the r.f. 
voltage exceeds the bias voltage, and by setting 
R1 properly no gain-control voltage will de-
velop until the if, amplitude is close to the 
peak-envelope point. 
The d.c. control voltage is used to increase 

the negative bias on a low-level amplifier or 
mixer, preferably the former, as shown at C. 
The controlled tube should be of the variable-eu 
type. The time constant of the control-voltage 
circuit should be such that the control voltage 
will rise rapidly when rectification begins, but 
will hold clown the gain during syllables of 
speech. The time constant can be adjusted by 
shunting additional capacitance. C3, across the 
1-megohm resistor, R2, in Fig. lA (the 0.01-4. 
capacitor is simply an r.f. bypass). A value of 
about 0.1 4. is representative. 
The capacitive divider CiC2 should be de-

signed to apply about 20 volts peak to CR1 
when the amplifier is delivering peak-envelope 
output. The total capacitance of Ci and C2 in 
series should not exceed 5 to 10 p.f.—i.e., should 

+ 40V. — 
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FIG. 1—Automatic Level control circuits. 

(A) Control voltage obtained by sampling the r.f. 

output voltage of the final amplifier. The diode 

back bias, 40 volts or so maximum, may be taken 

from any convenient positive voltage source in the 

transmitter. RI may be a linear contra! having a 

maximum resistance of the order of 50,000 ohms. 

CRi may be a 1N34A or similar germanium diode. 

Other values are discussed in the text. 

(8) Control voltage obtained from grid circuit of a 
Class All1 tetrode amplifier. Ti is an interstage 

audio transformer having a turns ratio, secondary 

to primary, of 2 or 3 to 1. An inexpensive trans-

former may be used since the primary and second-

ary currents are negligible. CRi may be a 1N34A 

or similar; time constant of R2C3 is discussed in the 

text. 

(C) Applying control voltage to the controlled am-

plifier or mixer. 
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be small in comparison with the tank tuning 
capacitance so tuning will not be seriously 
affected. For estimating values, the amplifier 
peak output r.f. voltage can be assumed to be 
equal to 75 per cent of the d.c. plate voltage. 
For example, if the amplifier d.c. plate voltage 
is 1500, the peak r.f. voltage will be of the 
order of 0.75 x 1500 = 1100 volts, approxi-
mately. Since about 20 volts is required, the 
divider ratio would be 1100/20, or 55 to 1. 
This is also (approximately) the ratio of the 
capacitance of C2 to that of C1. Thus if CI 
is 5 pf., C2 should be 5 x 55 = 270 pf. 

Tetrode Grid Rectification 

The circuit of Fig. 1B is less flexible and 
can be used only with grid-driven tetrodcs 
operated Class AB L. It makes use of the fact 
that a small amount of rectification occurs in 
the grid-cathode circuit of a tetrode ABI am-
plifier before the driving voltage actually 
causes the net grid voltage to be zero and the 
grid current becomes large enough to cause 
flattening.  This rectification causes a small 
audio-frequency current to flow in the grid 
circuit.  In the circuit shown, the current 
causes an a.f. voltage to be developed in the 
secondary of transformer Ti; this voltage is 
rectified by CR1 and filtered to negative d.c. 
by R2 and C3.  The resultant d.c. voltage is 

used to control an amplifier or mixer as in 
Fig. IC. The time constant of R2C3 should be 
chosen as described above. Resistance-capaci-
tance coupling can be substituted for the trans-
former, although when this is done a voltage-
doubling rectifier is generally used so the 
control voltage will be stepped up.  Alter-
natively, an audio amplifier can be inserted 
between the grid circuit and the rectifier. 

Controlled Stage 

The circuits shown here can be modified as 
necessary to suit individual amplifier and exciter 
circuits. The details will vary with the actual 
equipment, but should not be difficult to work 
out if the principles of the system are under-
stood. Either circuit is capable of developing 
the few volts of control voltage necessary to 
prevent the amplifier from being driven into 
the nonlinear region. The greater the gain 
between the control amplifier and the stage at 
which the control voltage is taken off (usually 
the final amplifier) the less control voltage 
required. That is, the control voltage should 
be applied to an early stage in the exciter. 
Preferably, too, the stage should be one operat-
ing on a frequency different from that of the 
final stage, to reduce the possibility of un-
wanted feedback. 

Temperature Compensation 
Finding the right values and coefficients of 

temperature-compensating capacitors for an 
oscillator circuit can be a long and tedious task. 
The following method is used to compensate 
an oscillator in the Hallicrafters HT-32 s.s.b. 
transmitter; the principle is applicable to any 
amateur rig. 
In the HT-32 M.o. a series-tuned Colpitts 

(Clapp) circuit is used and, as is necessary 
in any good oscillator, everything is built like 
the proverbial battleship. Two capacitors of 
different temperature coefficients are used with 
a variable differential capacitor, as shown in 
Fig. 1. The oscillator is tested by recording 
the frequency change with temperature. The 
direction of the drift then indicates which way 
the differential capacitor must be moved to 
minimize the deviation. 

of Oscillators 

FIG. 1—The v.f.o. in  he HT-32 can be set to the 

best condition of temperature compensation through 

the use of a differential capacitor of N1500 and 

NPO coefficients. Changing the rotor position of C3 
permits effective adjustment of the coefficient from 

an NPO characteristic to N1500. 
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» The ssb transmitting output of this little handful is 12 peak-
to-peak volts at 9 MHz in receiving, the audio output is 2,5 
watts for a 50-1.07 9-MHz input signal. Diode switching is used 
throughout, and there is a novel rf clipper which doesn't require 
an extra sideband filter. 

Transistor Module for 
55B Transceivers 
A Co mplete I-F Audio Syste m 

GUY M. GILLET, ON5FE 

Because of the many advantages to be gained 
with a transceiver, separate receiver-transmitter 
configurations are less used these days. Econ-
omy may be the most important reason; obvi-
ously, one circuit is cheaper than two, and 
there is needless duplication in separate units. 
Some other advantages are weight and size re-
duction, especially for mobile use, and ease of 
operation. However, a transceiver must often be 
more sophisticated, because of the problems 
presented by the switching. 

.5  v 
2— JA  V W'S 

FIG. 1—Typical current-v .-voltage characteristic of a 

silicon diode.  Note change in current scale below 

horizontal axis. 

These switching problems are not to be min-
imized, particularly when switching a "hot" 
lead from receive to transmit. Spurious signals 
can be induced in the wiring going to relay 
contacts. Also, energizing the relay may change 
such circuit parameters as stray capacitance and 
lead coupling. For example, the load capaci-
tance on a crystal filter may change appreci-
ably when switching from receive to transmit. 
These troubles can be avoided by diode switch-
ing. Let us explain briefly how it works: 
A diode forward-biased by a few milliam-

peres de (point A on Fig. 1) loses its rectifying 
property for small alternating currents. That is, 
a small reduction Ai in the polarization current 
may be interpreted as a current Ai passing 
through the diode in the reverse direction. For 
this ài, the diode acts like a dynamic resistance 
of about 50 ohms. 
In order to make the diode look like an open 

circuit, it is usually only necessary to reduce 
the bias voltage to zero, which results in a dy-

From January, 1970, QST. 

namic resistance of about 100 kilohms (operat-
ing point B). However, the diode is usually 
back-biased to point C to avoid eventual rectifi-
cation problems and to reduce the effective 
junction capacitance. This results in a more 
positive switching action. 
Fig. 2A shows a conventional spdt switch, 

while Fig. 2B is the diode equivalent. If X is 
connected to —V, D, conducts and D, is off. 
The ac signal passes through D, from point 
0 to M as in the conventional switch. Switch-
ing is accomplished by changing X from —V to 
+V (V is the power-supply voltage) which 
turns D, off and D. on. The signal current 
must be small compared to the de bias current 
to avoid nonlinearity. 

Overall System 

A block diagram of the complete transceiver 
is given in Fig. 3. This article covers only the 
blocks within the dotted outline. Design prob-
lems with the VFO, driver and power amplifier 
will not be treated here. Note that there are 
separate channels for transmitting and receiv-
ing; only the filter is switched. 
It is obvious that this approach is different 

from the one often taken in commercial trans-
ceivers where, for instance, the i-f amplifier is 
used for transmit as well as for receive. It may 
seem that components are being duplicated, and 
it is true that this circuit arrangement does not 
offer any advantage if only a simple transceiver 
is being designed. However, if features such as 
VOX and rf clipping are desired, the circuit 

IN 
(A) 

FIG. 2—Conventional switch (A) and corresponding 

diode switch (B). V is the source of voltage required 

for biasing the diodes, forward for conduction, re-

verse for nonconduction. Resistors R are needed for 

isolating the switched circuit from the dc source. 
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The small size of the module built by ON5FE is evi-

dent from this photograph.  It contains a complete 

transceiver i-f system, including speech amplifier/bal-

anced modulator for transmitting and product detector/ 

audio amplifier for receiving, along with VOX and 

clipping circuits. 

results in a simpler overall design because only 
one pair of switching points is needed. 
Now let us turn to the individual circuits. 

Microphone Amplifier and VOX System 

The gain of the microphone amplifier in Fig. 
4 is 45 dB, and its input impedance is about 
150 kilohms. This high impedance can be ob-
tained with a transistor if it is operated at very 
low collector current (30 gA) providing it re-
tains a high h,, at this current. The approxi-

HIC 
AMP 

BALANCED 
MODULATOR 
IS RF CLIPPER 

ILTER 

9MHz 

26 
mate formula is Zin  = - hfe, where ic is the 

collector current in mA and he,. is the small-
signal current gain. Since noise has an effect at 
this first stage a low-noise transistor is used and 
the emitter-follower configuration must be 
avoided. 
There is no microphone gain control, as it was 

found to be useless because of the rf clipping 
in later stages. Th‘; output is from the emitter 
and collector of Q„; the balanced modulator gets 
the emitter signal while the collector output is 
rectified in a voltage doubler to operate VOX. 
The amplifier supplies 4 V peak-to-peak output 
before clipping. Heavy clipping, by talking too 
loud, must be avoided, but light clipping on 
higher voice peaks will cause no trouble. The 
clipping level can be varied from linear (no 
clipping) to 30 dB by adjustment of potentiom-
eter R, in the emitter output circuit. Complete 
rf decoupling of the microphone amplifier is 
indispensable. 
The VOX circuit is straightforward. Its sen-

sitivity is adjusted by potentiometer R3, which 
sets the forward-bias level at the base of 
when the microphone amplifier is operating. 
During reception Q4 is cut off, which in turn 
cuts off Q„. Under these conditions Q, is sat-
urated since it is biased for heavy conduction 
through 135. The point labeled R is at nearly 
+12 V when Q, is on; this voltage operates the 
diode switching circuit for receive, as men-
tioned earlier. When the rectified VOX signal 
applies positive bias to the base of Q4 this tran-
sistor saturates, turning on Q„, which then cuts 
off Q, because the voltage at Q6's base rises to 
nearly +12 V. Q, and (), form a bistable flip-
flop, and with Q, off Q, goes on, supplying 12 
V for the transmit circuits at point T. C, and 
114 hold Q, on during momentary pauses in 
speaking. 
Feedback from the speaker to the microphone 

is avoided by means of the antitrip circuit, 
which also uses a rectifying voltage doubler 
but with the diodes connected for negative de 
output voltage. Adjustment is by R,. The three 

AF OSC 

1500Hz 

BFO 05E 

8998.5-90015 
VOX    

ANTI-TRIP 

SPEAKER AUDIO POWER 

2.5 W AMP 
PISCO CET 

9 MM, 

SSS AMP 

EL EC-
)  T BORIC 

SWITCH 

IF 
AMP 

MIXER 
(RECOVER) 

V F 0 

71— 

MIXER 

%MIR) 

V 

0 RIVER 
P-A 

V 



54 Single Sideband 

o 

gie 

2 . 
"•2. 

'5 2' tu 
0. 0 E 
(u  .0  

à 

.1 o_ .15 
D  a 

em< z o. 
O 
• 

E a  
oe'  ‘•••• 

118>  0.1 _ <  :7, 
o:c̀; •,<Soco,; .‘5 

N  Z 
N -.... ong 

U V ()  O CÍ CI CZ. 

adjustments, VOX, antitrip and delay, are nearly 
independent. 

Balanced Modulator and RF Clipper 

The balanced modulator, Fig. 5, uses two 
varactor diodes, back-biased at 4.5 volts through 
potentiometer R7, which is adjusted to cancel 
any mismatch in the diodes' characteristics. The 
9-MHz carrier is applied to the arm of R6, and 
due to symmetry, no voltage will be developed 
across the 9-MHz resonant circuit, LiC2. The 
audio voltage is applied to the arm of 117, 
causing the capacitance of the varactors to vary 
in opposite directions and thus aiding each other 
in the unbalancing. An interesting feature of 
this circuit is that the input is asymmetric— 
i.e., single-ended—for both the high-frequency 
and audio signals. Also, the input impedances 
are much greater than those of the classical 
four-diode modulator. 
Inductor L, is constructed on a toroidal core 

because the coupling must be purely magnetic if 
a high carrier-rejection ratio is to be obtained. 
Note that the modulator can be easily unbal-
anced by connecting a resistance in parallel 
with R, (point K grounded). In this way, cw 
or a-m signals can be produced. The a-m sig-
nal could be taken from the open secondary of 
L, with point K at ground, although this possi-
bility of producing a-m is not used in the pres-
ent circuit. 
European coil forms were used throughout 

this transceiver so information on the number of 
turns would be nearly useless if different coil 
forms are used. The turns ratio will provide 
sufficient information. One can easily construct 
suitable coils with his own material with the 
help of a grid-dip meter. The requirements are: 

Audio: 4 V pk-pk max. 
Carrier: I rms. 
Carrier rejection: Better than 50 dB. 
Turns ratio on L,:n„/n, = 14/4. 
Varactor diodes; C => 20 pF at —4 V (not 
critical). 

Output: 200 mV pk-pk rf for 2.8 V pk-pk 
audio input. 

Distortion seems to be less than with the four-
diode modulator. It is not necessary to have 
well-matched varactors; their differences may be 
cancelled by adjustment of Ii7. 

RF Clipper 

It is well known that speech remains intelligi-
ble even with infinite clipping; in other words, 
the amplitude contains relatively little informa-
tion as far as intelligibility is concerned. How-
ever, keep in mind that in the absence of noise 
at the receiver a clipped signal will always be 
less intelligible than a normal signal without 
clipping. It is only under marginal conditions 
(high noise level) that clipping presents an 
appreciable improvement.  Consequently, the 
operator must maintain control of the clipping 
level. Using the peak power as reference (and 
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FIG. 5—Balanced modulator and r.f. clipper circuit.  Inset shows construction of I., toroid with terminal 

numbers. Capacitor with polarity marked is electrolytic; other fixed capacitors are ceramic. Fixed resistors 

ore 1/2  or 1/2 watt. Labelled components not listed below are for text reference. 

C2-150-pF miniature variable. 

C3— Mico. 

CR6, CR7—Varactor diode; see text. 

09, 0 9, .0 10 - 2 N706, 2N708. 
R6, R7—Linear-taper potentiometer. 

this is a good approach to the problem, because 
ssb transmitters are limited by their peak power 
rather than their average power dissipation) it 
has been found that the following degrees of 
improvement can be obtained: 

Improvement 
Amount of Clipping  (in dB) 

Audio clipping 

Rf ssb clipping 

15 dB 
25 dB 
10 dB 
20 dB 

4 dB 
5.5 dB 
4 dB 
8 dB 

The table indicates, for example, that during 
marginal conditions an rf ssb clipping level set 
at 20 dB can have a peak power 8 dB under the 
peak power of an unclipped signal and maintain 
the same intelligibility. The table also shows 
that rf clipping has greater efficiency than audio 
clipping. This is because in rf clipping most 
of the spurious signals created fall outside the 
pass band. However, a crystal filter must al-
ways follow rf clipping in order to eliminate 
spurious signals near the edge of the band and 
to avoid transmitting an excessively broad spec-
trum. Unfortunately, the crystal filter is pres-
ently the most expensive item in a single-side-
band transmitter. To economize, we decided to 
clip the dsb signal and use only one filter to 
extract ssb and to follow the clipping stage. But 
"you get what you pay for,- and dsb clipping 
creates more intermodulation products inside 
the transmitted bandwidth than ssb clipping 
does. 
The rf clipper is a standard clipping circuit 

R2—App. 33,000 ohms; see text. 

1, —Toroid, pri./sec, turns ratio 14/4; primary to 

resonate at 9 MHz with C2 and C2, respectively 
(app. 3 µH and 1.5 µH, respectively). Terminal 

2 on primary is a center top. 

except that two transistors in diode configura-
tion are used instead of two diodes. The clip-
ping action is slightly better. Two examples of 
rf clipping at different levels can be seen in the 
photographs taken at the collector of Q5. The 
third picture, taken at the output of Q„, Fig. 
6, is two-tone test modulation with strong clip-
ping, after passing through the crystal filter. It 
shows some distortion, but at an acceptable 
level. When using a high clipping level, note 
that the plate of the power amplifier must dis-
sipate a significantly higher average power. 

Crystal Filter 

A commercial European filter (KVG type 
XF9A) was used. Its characteristics are: 
Bandwidth: 2.5 kHz at —6 dB. 
Pass-band irregularities: Less than 1 dB. 
Insertion loss: Less than 3 dB. 
Spurious response: Less than 45 dB. 
Shape factor: 1/1.7, 6 dB/50 dB. 
Input and output impedances: R  500 ohms, 
C = 30 pF. 

If this low-cost German filter is not avail-
able,' any filter can be used with minor changes 
in R„ R„ and R„. 
Q„ provides the correct input impedance for 

the filter. Q5., is a buffer stage providing 12 
volts peak-to-peak on its collector. This signal 
is large enough to feed a vacuum-tube mixer. 
If a transistorized mixer is desired, suitable 

1KVG filters are available in the U.S. from Spectrum 
International, Topsfield, Mass. 01983. —Editor 

4 
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FIG. 8—Audio amplifier circuit. Capacitors with polarity marked are electrolytic; others 
resistors are 1/4 or 1/2 watt. 

021 —Same as 01, Fig. 4. 
020 —AC125, AC126, 2N1301. 

Q 22 — Pnp, 800 mW, hf, 200, 'ceo  100 µA, lc IA 

BV CRO 25  V. 

matching is needed and it is recommended that 
a balanced mixer be used. 

Filter Switching 

During transmit, point T is at 12 volts and 
point R is at about 1 volt. CR, then conducts 
through R,,, R,„ and R1.2. CR, and CR are 
back-biased. 
During receive, T is at about 1 volt and R is 

at 12 volts. CR,„ now is forward-biased 
through Ri„, R„, and RI,. The signal from the 
mixer is applied to the filter through CR i„. CR, 
is back-biased; CR„ conducts through R,„ and 
R„ (see i-f schematic, Fig. 7) passing the fil-
tered ssb to the i-f amplifier. 

1-F Amplifier and Product Detector 

The traditional transistorized hf amplifier 
(common-emitter circuit) does not respond to 
agc as well as its vacuum-tube counterpart. The 
LC circuit is dettmed and the Q varies when 
the agc acts. Circuit stability may even be com-
promised. In Fig. 7 these troubles are avoided 
by using two transistors per stage in a cascode 
arrangement. The first transistor is stable be-
cause its load is the very low input impedance 
of the next transistor, which is in a common-
base configuration. The second transistor is 
stable in this common-base arrangement, so the 
LC circuit is practically independent of agc ac-
tion. The gain of a eascode amplifier is slightly 
greater than that of a single transistor in the 
common-emitter mode. At 9 MHz the gain may 
be 50 dB or more per stage. Unfortunately, 80 
dB cannot be obtained with one eascode stage 
and two stages provide too much gain. In order 
to reduce the gain, R1, must be decreased until 
the gain is reduced to the optimum 80-dB fig-
ure. 
The age amplifier is Q„, which also controls 

are ceramic. Fixed 

Q,2—Some characteristics as 0,2, but npn (comple-
mentary pair). 

820—Logarithmic-taper potentiometer. 
821 —Linear-taper potentiometer. 

the S meter. The age dynamic range is 0 to 
—70 dB without distortion. When no signal is 
present, the collector current of Q„ is zero. 
When a signal is received, the transistor begins 
to conduct, causing a voltage drop in R1, and 
reducing bias current in the cascade stages. The 
agc has a fast action and slow decay due to C 7. 

Q„ can discharge C, very rapidly, but the 
capacitor must recharge through R17. The time 
constant is ri second.  Note that C, is not 
grounded; this prevents the S meter from re-
sponding to momentary peak currents. 
The RCA 3N141 dual-gate MOSFET is a 

very good product detector. The high insula-
tion between gates aided in design. As usual, 
the carrier must be injected at a higher level 
(about 20 dB) than the ssb signal to minimize 
the intermodulation products. For one volt rms 
carrier, a 100-mV rms signal gives 700 mV 
peak-to-peak audio, and a 10-mV rms signal 
gives 70 mV peak-to-peak audio. 

Another l-F Circuit 

An alternative i-f amplifier circuit is given 
in Fig. 11. Usually, successive amplifier stages 
are fed in parallel, but at high frequencies a 
series arrangement may also be used, when the 
load is not resistive. Only the i-f stages are 
series connected in Fig. 11, but an rf stage, 
mixer stage and product detector may be added 
easily. 
The first stage uses au FET because our ex-

perimental model had an FET in the rf ampli-
fier. Using the FET at the front end of the i-f 
amplifier resulted in a single agc circuit for i-f 
and rf. L1, C, and C. (and similarly, L,, C„ 
and C, ) may be regarded as a pi circuit match-
ing the high output impedance of Q, (about 
50 kilohms) to the low input impedance of Q, 
(about 10 ohms). Generally, in an i-f amplifier 
the selectivity is of paramount importance, but 
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FIG. 9—Carrier oscillator circuit. Fixed ca-

pacitors are ceramic. Fixed resistors are 1/4 

or Y2 watt. Labelled components not listed 

below are for text reference. 

Y/-8998.5 kHz. 

Y2-9001.5 kHz. 

(Crystol frequencies are for a 2.5-kHz.-bw filter hav-

ing a center frequency of 9000 kHz.) 

FIG. 10 —Tone oscillator cir-

cuit. Capacitors with polarity 

marked ore electrolytic. Resis-
tors are 1/4  or 1/2  watt.  Lo-

belled components not listed 

below are for text reference. 

C11, C12' C 1.1 — Cera mic or my-
lar. 

Q„ —Same as 01 Fig. 1. 

Rn —Linear-taper potentiome-

ter. 
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FIG. 11 —An alternotive i-f amplifier circuit using series-connected dc feed for the transistors. Capacitor with 

polarity indicated is electrolytic; other fixed capacitors are ceramic. Labelled components not listed below 

are for text reference. 

C1, C1—Trimmer, 8-35 pF. 

CR I— Germanium, f-m detector type. 

CR,, —Zener, 9 volts, 1/2  watt. 

LI,  mH. 

1, —Toroid, pri./sec. turns ratio 10/1; primary induc-

tance 4 g H. 

M1-0-1 dc. milliammeter. 

(31— MPF-102 or equivalent. 

(33-2N706, 2N708. 
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here the crystal filter bandwidth has already 
done the job of selection. 
A gain greater than 100 dB can be provided 

by a circuit such as this without sacrificing sta-
bility. Q, remains stable because of the low 
(500 ohms) input impedance from the filter. 
The age needs a polarization voltage or bias 

of not less than 30 volts. A convenient source 
is the rf power-amplifier negative bias. The 

V bias 
value of R, is determined by R1 =   

5.0 X l0-

The Audio Amplifier 

Any audio circuit which can provide the de-
sired output from the 100-mV peak-to-peak in-
put is, of course, suitable. A series push-pull 
transistor circuit such as is shown in Fig. 8 
must have a power supply with very low output 
impedance. The point cannot be overstressed, 
for neither the audio output nor the other cir-
cuits can work properly otherwise. Regulation 
is especially important in the case of high power 
and low supply voltage. In the circuit pre-
sented, the feedback is applied to the emitter of 
Q.„, and not to the base as is often the case. 
With this configuration Q0  has a high input 
impedance. 

Carrier Oscillator 

In the carrier oscillator circuit, Fig. 9, the 
crystals for lsb and usb are used in a parallel-
resonant mode and may be pulled slightly by 
a parallel capacitance. Again, diode switching 
is used to avoid long signal leads. When the 
sideband selector, S1, is at position 1, a de cur-
rent flows through CR„ and R20 to ground. 
Crystal Y, (usb) is then at ac ground through 
CR„ and C„. At selector position 2, the de 
passes from the +12 V input through R„, 
CR,„ CR„ and R.,„ to ground. Crystal Y, is 
then at ground via CR„ and C„.  The 
asymmetric diode CR„ is necessary to allow the 
lsb crystal Y, to function. Without CR„, Y, is 
shunted by the two resistors, R„ and R„, and 
crystal Y,, which is near the series-resonant 
mode of "-Y1. R„ is necessary to prevent heavy 
distortion in the output of Q„. The oscillator 
provides an output at a level of 1 volt rms. 

Tone Oscillator 

CW operation can easily be obtained by un-
balancing the modulator, as mentioned earlier. 
Another method of cw operation is keying an 
audio oscillator in order to keep the VOX oper-
ational; this same audio oscillator is also useful 
as a tuning aid before ssb operation. The cir-
cuit of Fig. 10 is a classical phase-shift oscilla-
tor. The sine-wave output may be adjusted in 
amplitude by R„. Output is taken from the 
collector and sent to the microphone amplifier 
through a 100-pF capacitor, Fig. 4. The 500-
pF feedthrough capacitor in Fig. 4 will change 
the frequency, as do the values of phase-shift 
capacitors C,„ C„ and C„ ). Keying does not 

Top: Single-tone signal with moderate clipping, mea-

sured at the input to the 9-MHz, sideband filter. 

Center: Some with heavy clipping. Bottom: Heavily-

clipped two-tone signal after passing through the 

sideband filter.  Post-clipping filtering restores  the 

original modulation envelope with little distortion. 

alter any de current, thus helping to avoid key 
clicks. 
It was found interesting and helpful to set 

the tone to 1500 Hz and tune the carrier oscil-
lator. In this way 8998.5 kHz and 9001.5 kHz 
signals can be adjusted with a 9-MHz standard 
(BC-221, for example). 
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» The ultra-ultra in compactness demands going to transistors. 
Here is an example of an all-semiconductor transceiver that is 
practically pocket-size.  The circuit techniques will be of 
interest to those who want to explore the solid-state field. 

This complete 14-Mc, transistor transceiver is con-
tained in an enclosure measuring 5 by 7 by 2 inches. 

The vernier tuning dial controls the VXO frequency 
by adjustment of C. Of the two smaller knobs to 
the left, the lower one operates the transmit-receive 

switch, while the upper one is the r.f. gain control. 

A Solid-State 
S.S.B. Transceiver 

BENJAMIN H. VESTER, W3TLN 

For some years, I've had a hankering to try 
my hand at a transistorized s.s.b. transceiver. 
Being somewhat prejudiced toward the single-
conversion approach with a relatively high i.f., 
I've had to wait until the transistor art boiled 
out some good units for use in the h.f. region. 
At the same time, miniature low-voltage capac-
itors and other components have been devel-
oped and are now readily available at low 
prices.  After surveying a recent wholesale 
flier, I decided the prices were now reasonable 
enough to start building. For reasons which 
are somewhat fuzzy now, I settled on 20 meters 
as the best band, although the design is suited 
to other bands as suggested later. 
The basic arrangement of this transceiver is 

almost identical to that of the tube model de-
scribed earlier,' the key features being (a) use 
of a high-frequency crystal filter to allow single 
conversion and (b) use of a VXO for the 
tunable oscillator. The transmit-receive switch-
ing is accomplished manually with a miniature 
wafer switch which interrupts the B+ to stages 
which are inactive for the mode in use. 
With an eye toward future installation in my 

Volkswagen, I restricted myself to a single 
6-volt power supply. As will be noted, this 
somewhat limits the amount of d.e. stabilization 
one can use, and also limits the power output 
obtainable. 

Receiver Front End 
The schematic starts in Fig. 1. The r.f. am-

plifier, Qi, is in a standard neutralized ground-
' Vester, "Mobile S.S.B. Transceiver," QST, June, 

1959, 

ed-emitter circuit with double-tuned input. 
With the poor interrnodulation characteristics 
of transistors, as much selectivity as practical 
should be inserted "up front." Li and LI are 
wound on separate link-coupled powdered-iron 
toroids with an electrostatic shield between 
them. The whole r.f. stage is mounted in one 
of the Command-set i.f. cans with the two 
capacitors therein being used to tune L1 and 
L.4. L2 and L3 are each a single turn which is 
slid around the toroid until proper coupling 
is obtained; i.e., until a passband of about 
500 kc. is obtained. The electrostatic shield is 
the same shielding disk found in the i.f. cans. 
The collector coil, L5, is wound on a CTC 

LS-9 coil form. The LS-9 is a completely-
shielded, ferrite-loaded form which is quite 
small. Having a group of these forms salvaged 
from a surplus military receiver, I used them 
throughout the unit. A small, tunable coil like 
this is, of course, a key factor in achieving 
miniature design. 
The receiver mixer, Q2, is conventional, 

capacitor C4 being chosen empirically to give 
the maximum mixer efficiency. L7 and Ls are 
wound on another LS-9 form with the appro-
priate impedance step-down for the crystal 
filter which follows in Fig.. 2. 

VXO 

The VXO with transistors is slightly different 
from the tube type. The crystal operates in its 
series-resonant mode instead of parallel reson-
ance. The VXO crystal, Y1, was one of several 
given to me by W3BWK; its fundamental 
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FIG. 1—VX0 and high-frequency receiver circuits.  The 22.9-Mc. VXO signal mixes with a 14.35-Mc, in-

coming signal to produce an 8.55-Mc. if. signal.  On transmit, the 22.9-Mc, signal is transferred to the 

balanced diode mixer of Fig. 2. Fixed capacitors of decimal value are miniature ceramic or paper with a 

minimum rating of 6 volts. Others are NPO ceramic or dipped silver mica. Resistors are 1/2  watt. Resistors 

marked with asterisks ore bias resistors (see text). 

C3 —Air trimmer from Command-set if. cans. 

C3 -0.1-9-pf. trimmer, or "gimmick." 

CI —Nominal value; see text. 

C5- Air variable (Hammarlund APC-1008). 

CU- C era mic  trimmer. 

JI—Phono jack or chassis-mounting coax receptacle. 

Li -40 turns, tapped at 2 turns from ground end, on 

powdered-iron toroid (Stackpole D-1 iron) '/ 

inch  outside diameter, 1/2 -inch inside diame-

ter, circular cross section (Henry L. Crowley 

Co., West Orange, N. J., part No. C-2776). 

12 —Single turn on Li; see text. 

1.3--Same as L2, wound on L4. 

LI —Same as LI, tapped at 4 turns. 

L5 -21  turns of  double-strand  No. 34 enameled 

(bifilar-wound)  on  CTC  LS-9-5S  shielded 

ferrite-slug form. Finishing end of one strand 

is connected to starting end of other strand 

to form center tap; two remaining ends con-

nected to circuit as shown. 

L6 -3 turns over i. 

17 -25 turns on CTC LS-9-4S shielded ferrite-slug 

coil form. 

frequency (11.450 Mc.) was half of the desired 
frequency (22.9 Mc.), so some harmonic selec-
tion and amplification was necessary. This was 
not quite so easy as with pentode tubes, and 
another transistor, Q4, was required. Prior to 

13 -6 turns over ground end of L7. 

19 -48 turns close-wound on  1-inch ceramic iron-

slug form (National XR-60 form). 

1.10 —Inductance 3.5 /ch., scramble-wound on  CTC 

PLST-2C4L/N iron-slug form. 

1.11 -4 turns over ground end of Liu. 

Note: Above coils ore close-wound with No. 34 

enameled wire. 

112- 12  turns No. 24, 1/2 -inch diam., 32 turns per 

inch (8 & W 3004 Miniductor), tapped at 4 

turns and 7 turns from ground end. 

01, 02 -2N700, or similar u.h.f. p.n.p. transistor 

(see text). 

04 -2N706, or similar u.h.f. n.p.n. silicon tran-

sistar (see text). 

RI—Linear-taper control. 
Si —Subminiature ceramic rotary switch, 2 sections, 5 

poles, 2 positions (Centralob PS-117, 1 pole 

and 1 position not used). See Figs. 2 and 5 

for remaining poles. 

Vi -11.45-Mc. crystal. 

putting in this stage, with its associated tuned 
circuits, the 11.45-Mc, signal leaking into the 
receiver mixer was enough to allow high-power 
teletype signals just below 20 Mc. (11.45+ 
8.55=20 Mc.) to be heard in the receiver. 

M a• 
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8.55 Mc. IN e;\   
FROM REC. \t../ 
MIXER 

1000  620 

CRYSTAL FILTER 
( REC.& TRANS.) 

8.55Mc. 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

IN PAICROFAR A OS (  ); OTHERS 

ARE IN PICOFARAOS ( DI. OR PPi.); 

RESISTANCES  ARE  IN  OHMS; 

1( • 1000 

Using Transistors 

I.F. AMP.  I.F. AMR 
(REC.& TRANS.)  (REC.8 TRANS.) 

8.55 Mc. 

220 

(FIG.3) 0  0  (FIG.4)  0  (FIG.5) 

INPUT FROM  A.G.0  + 6V. 
BAL. MOD.  IN 

22.9-Mc. INPUT FROM V X0 (TRANS.) 
OR B.F.0, INPUT FROM CAR.OSC. (REC.) 

06 

20 

8.55 Mc. 

I-17 ,i' —1  

TO 
SIC 

PROD. M T. 
( REC.) 
OR 

I4-Mc. MIXER 
(TRANS.) 

CR 3 

WIG.I)(FIG.4) (FIG.5) 

C) DE1.. OUTPUT TO AUDIO AMP 

- C) MIXER 14.Mc. OUTPUT TO TRANS. DRIVER 

FIG. 2-8.55-Mc. if, circuit. On receive, the diodes in the output circuit operate as a product defector, the 
carrier oscillator (Fig. 3) serving as the b.f.o. On transmit, the 8.55-Mc, suppressed-carrier signal from the 
balanced modulator (also Fig. 3) passes through the crystal filter which strips off the unwanted sideband. 
The remaining sideband passes through the i.f, amplifier to the diode network, which now operotes as a 
balanced mixer, where it mixes with the 22.9-Mc. VXO signal to produce a 14.35-Mc, signal for the trans-
mitter (Fig. 5). Fixed capacitors of decimal value are miniature ceramic or paper with a minimum rating of 
6 volts. Others are NPO ceramic or dipped silver mica. Resistors are 1/4 watt. Asterisks identify biasing 
resistors (see text). 

CT —Ceromic trimmer (Centralab 8270). 

CR1, CR2, CR, CRI—Germanium diode (CK706, 
1N34A or equivalent.) 

L13 -20 gh., center-tapped, bifilar-wound on 1/4 -inch 
ferrite toroid core, and connected as de-
scribed for L.  Cores available from same 
source as Li. See references 1, 2. 

114 -12 turns on CTC LS-9-4S, shielded ferrite-slug 
coil form. 

115 -4 turns wound over ground end of Lu. 

If you can get a crystal whose fundamental is 
at 22.9 Mc., you can avoid the extra stage. 
Of course, the tuning range of the VXO 

depends on the inductance of L9. I put on 
just enough turns to make the VXO cover the 
most active part of the s.s.b. portion of the 
band with the slug all the way out. With the 
slug advanced to a preset stop, the VXO tunes 
all the way down to the bottom end of 20. 
There is some loss in v.f.o. stability at this 
setting, but with the -cool" transistor circuits, 
the stability is still as good as that of a number 
of commercial receivers. 

I.F. Filter and Amplifier 

The crystal filter (Fig. 2) has been covered 
before 1•2; capacitor C7 and coil Lia are chosen 
to resonate approximately (disconnected from 
the circuit) at the passband frequency of the 
filter. Adjustment of C7 and the slug of L7 
(Fig. 1) can then be made to optimize the 
filter passband. 
The if, amplifiers, $25 and Qs, are conven-

tional, with coils wound on LS-9 forms being 

Arnold  and  Allen,  "Some Ideas in a Ham-Band 
Receiver," page 181. 

116 -24 turns on CTC LS-9-5S iron-slug form. 

1.17 -8 bifllar turns, wound over Lin and connected 
as described for L5. 

Note: Above coils are close-wound with No. 34 
enameled wire. 

05, 06 —Same as GI. 

SI—See Fig. 1. 

Y2, Y3 -8550.3-kc. crystal. 

Y4. YB -8551.5-kc. crystal. 

used for interstage coupling. These stages were 
not neutralized, and some intentional inter-
stage impedance mismatch was used to keep 
the circuits noncritical. 
The diodes fed by Qs serve both as a product 

detector for receiving and as the transmitter 
mixer, where the 8.55-Mc. i.f, signal and the 
22.9-Mc. VXO signal are mixed to produce 
14-Mc. output. The diodes are in a balanced 
arrangement so that both the V W and the 
8.55-Mc, signals are suppressed when trans-
mitting. The diodes are garden-variety ger-
manium with no particularly good balance 
requirements on them. 

Carrier Oscillator and Balanced Modulator 
The carrier oscillator and balanced modula-

tor (Fig. 3) are conventional, and are both 
stuffed into the same Command-set if. can to 
contain the carrier leak-through. Both the fixed 
and variable capacitors already mounted in the 
i.f. can are used. Lis and L19 are wound on 
another miniature powdered-iron toroid which 
is supported by plastic tape wrapped around 
two of the posts in the if. can. Crystal Ys is 
similarly supported on the other two posts. 
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13.EO, 
TO DEI. 
VIA SIC 

CFI 0.11 

M IC. 

1 

( REC.) OR 
CARRIER OSC. (TRANS.) BAL. MOD. 

Spi. 

MIC. AMP / C.W. OSC. 

5pf.  a 8 

8.55 Mc. 

LI° 

J3 

BAL, 

BAL. MOD. 
(;) OUTPUT 

TO XTAL 
(FIG.21 FILTER 

1000 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE  ARE 

IN MICROFARAOS (MI. ); OTHERS 

ARE IN PICOFARADS ( pf. OR,v,(Jf.); 
RESISTANCES  ARE  IN  OHMS; 

1( • 1000 

KEY 

0  6V. FROM SIE 

(F10,5) 

FIG. 3—Carrier-oscillator (b.f.o.), balanced-modulator, and transmitter audio circuits. A feedback circuit is 

provided to cause the microphone amplifier to oscillate for c.w. operation.  Fixed capacitors at decimal 
value are miniature ceramic or paper.  Except as listed below, others are NPO ceramic or dipped silver 
mica, except where polarity indicates electrolytic. All capacitors have a minimum rating af 6 volts. Fixed 
resistars are 1/4 watt. Biasing resistors are identified by asterisks; see text. 

03, CO -22-pf. air trimmer fram Command-set i.f. 
can. 

Cio —Ceramic or paper. 

CI23, CR6 —Same as CRi. 
12 —Microphone connector. 
13 —Miniature open-circuit phone jack; both sides 

must be insulated. 
Lis---60  turns No. 34 enameled, close-wound an 

taroid form same as described far Li. 

Cu was tried on both ends of the balance pot 
to obtain the best carrier suppression. 
The audio amplifier used in the receiver 

could have been switched into use as a micro-
phone amplifier, of course, with some small 
saving in parts. The additional switch contacts 
required didn't justify it with the parts and 
space I had available. As shown in Fig. 3, the 
addition of a feedback path around the micro-
phone amplifier is a handy technique for 
generating a tone for both tune-up and c.w, 
operation. 

Receiver Audio and A.G.C. 
The audio amplifier (Fig. 4) was built 

around a couple of transformers I salvaged 
from a hearing aid, and transistors from the 
junk box. Anyone considering building a unit 
like this would do well to copy the audio cir-
cuits from Priebe's excellent receiver article,3 
or buy one of the packaged units available from 
Lafayette Radio. 
Priebe, "All-Transistor Communications Receiver," 

QST, February, 1959. 

1.19 -10 bifilar turns aver Lis, wound and connected 
as described for L5. 

Q7— Same as 03. 

Q8- 2N170 or similar. 

RI— Linear control. 

71 —Subminiature interstage audio transformer, 4:1 
turns ratio, law-impedance winding in output. 

Y8 -8553.0-kc. crystal. 

The a.g.c. rectifier and amplifier feed directly 
off the output transformer. As can be seen, 
this will provide a.g.c. to maintain the same 
audio level at all times. Having only enough 
panel space for a single gain control, I chose 
to make it an r.f. gain control. Of course, the 
audio level that the a.g.c. tries to hold could 
be adjusted by running R3 to a potentiometer 
similar to the r.f. gain control. The "hang" 
action of this a.g.c. is not as good as with 
similar tube circuits, but it seems to be a 
reasonable compromise with miniaturization 
since it uses only four tiny parts. 

Transmitter Output Stages 

The transmitting amplifier, Q13, in Fig. 5, 
is a straightforward Class A stage, The "final," 
Q14, is a high-frequency silicon switching tran-
sistor which is run Class B, with the emitter 
grounded directly. The bias resistor, R4, must 
be empirically chosen for any particular tran-
sistor to give a static collector current of 3 to 
5 ma. Since the switching transistor has a 
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AUDIO AMR 
(REC.) 

AUDIO IN 
FROM DEI. 

(F16.2) 

'SI( 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

IN MICROFAR ADS ( pl. ); OTHERS 

ARE IN PICOFARADS ( pr. OR pp1.), 

RESISTANCES  AR E IN  OHMS; 

K • 1000 

A.G.C. AMP 

CR, 

50,0, 

8J1 
SPKR 

4.0. 

+ GV, FROM 

(FIG 5) 0+6V. IFIG.51 0  S., (F16.21 0 A.G.C. OUT 
TO I.F. AMP.  * 

FIG. 4—Receiving audio circuit. An o.g.c. signal is obtained by rectifying and amplifying a signal taken 

from the audio output. Capacitors of decimal value are miniature ceramic or paper. Others ore electrolytic. 

Both types have a minimum rating of 6 volts.  Resistors are Y4 watt. Bias resistors are identified by aster-

isks; see text. 

CRT —Silicon  junction  diode, 

equivalent. 

On -2N653 or similar. 

Cho, Chi -2N586 or similar. 

Qi2 —Same as QS. 

R3 —See text. 

50 p.i.v.,  1N599 or  T2 —Sa me  as Ti; law-impedance winding in output 

circuit. 

T3 —Subminiature interstoge transformer, 4:1  turns 

ratio, secondary center-tapped. 

Ti-Transistor output transformer, 400 ohms, c.f., to 

8.4 ohms,  tapped  at 4 ohms (Thordarson 

TR-22). 

very low collector-saturation resistance, it has 
considerable peak-current capability and makes 
an excellent s.s.b. linear amplifier. 

Top view of the transceiver. 

The two rectangular speak-

ers in the upper left-hand 

corner  are  flat  dynamic 

microphones  taken  from 

junked  hearing  aids.  The 

microphone-amplifier  board 

is immediately to the rear 

of the microphone connec-

tor.  It is mounted on top 

of the can containing the 

carrier oscillator. The basic 

chassis is a standard 5X 

7X 2-inch  unit  with  back 

apron sawed off. 

Constructional Details 
The general layout of components is shown 

in the photographs and the sketch of Fig. 6. 
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(F)G.2) 

14 Mc. IN 
FROM 
DIODE 
MIXER 

(FIGS 1,2, 
3,4) 

6V. OUT 
TO V X0., 
I.F.,CAR. 

OSC.& A.G.C. 
AMP 

R.F. DRIVER 
(TRANS.) 

R4 e 

slE e;   

.1112! —1 2  Ct lID --.— 0  + 6V TO REC. 
110v  (5 2 

PWR.IN 

R (FIGS.  R.F,MIXER 
1,4 1  & AUD. AMP 

R.F. AMP 
(TRANS.) 

14 Mc. 

TO ANT. 
(SIA) 

(FIG.I) 
R F 

OUTPUT 

6V. OUT 
TO MIC. AMP 

0(F15.3) 

EXCEPT AS INDICATED, DECIMAL VALUES OF 

CAPACITANCE ARE IN  MICROFARADS (pl.). 

OTHERS  ARE  IN PICOFARADS  OR ppl), 
RESISTANCES  ARE IN  OHMS,  I< • 1000. 

FIG. 5—Transmitter output circuits. This section receives 14-Mc. drive from the diode balanced mixer of 

Fig. 2. Capacitors of decimal value are miniature ceramic; others are NPO ceramic or dipped silver mica, 

except polarity indicates electrolytic.  Capacitors have a minimum rating of 6 volts. Resistors are 1/4  watt; 
asterisk indicates bias resistor; see text. 

L20 -4 bifilar turns, center-tapped, wound over L21 

and connected as described for t5. 
1.21 -21 turns on CTC LS-9-5S iron-slug form. 

122 -21 turns on CTC 1.5-9-45 iron-slug form. 

123 -6 turns wound over ground end of 122. 

L24 -16 turns on CTC 15-9-55 iron-slug form, tapped 

at 4 turns from low-potential end. 

L25 -6 turns wound over low-potential end of 124. 

As already noted, the miniature LS-9 coil forms 
are used wherever practical, with fixed minia-
ture mica capacitors added for resonant tanks. 
Additional shielding is provided by using the 
two Command-set i.f, cans for critical circuits, 
and by enclosing the complete VXO in the 
smallest-size Minibox. The remainder of the 
r.f. circuits are mounted on subchassis made of 
copper-clad perforated boards. Since many of 
the components connect to ground, they can be 
soldered directly to the board, providing a good 

TOP VIEW 

FIG. 6—Sketch  showing layout 

ponen Is. 

of  principal corn-

Note:  Above coils are close-wound with No. 34 

enameled wire. 

013 —Same as Q1. 
Q11- Same as Qs. 
Ra- Nominal value, see text. 

SI—See Fig. 1. 

S2 —S.p.s.t. slide or toggle switch. 

low-inductance path. These boards are very 
easy to work with and simplify construction 
and assembly considerably. 
The filter crystals squeeze in between the 

r.f. amplifier can and an under-chassis shield, 
and are held in place with a drop of glue. 
C 7  is a Centralab type 827 ceramic trimmer 
capacitor. When Y2 and Y3 are placed end to 
end, the mounting-hole spacing of the capaci-
tor matches the spacing of adjacent pins of the 
two crystals. The capacitor is slipped over the 
crystal pins for support. L13 is glued in place 
close to the capacitor. Other parts which are 
too heavy to be supported by their leads are 
glued in place. 
To make assembly and disassembly possible 

with the crowded chassis, a number of captive 
nuts were used, fastened to the chassis and 
mounting brackets with epoxy (a two-tube 
mixture is now available in most hardware 
stores). The cover was made from perforated 
aluminum sheet with the corners folded over 
and epoxyed together. After filing the corners 
smooth, several coats of spray paint were added 
to give a fairly professional-looking cover. 

Corn ponents 
Up to now, we have ignored the types of 

transistors used. The audio-transistor choices 
were made straight from my particular junk 
box. If your junk box is emptier, the Japanese 
units with matching transformers are an ex-
cellent choice. For 421, Q2, Qs, Qs and Qia, I 
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Bottom view of the transceiver. The VXO is in the Minibox to the right of center. The carrier oscillator and 
balanced modulator are in one of the shielding cans to the left. The other, adjacent to the four crystals of 
the i.f, filter, contains the receiver r.f. stage. The receiver audio section is assembled on the perforated 
board to the right. 

used some available 2N700s. The 2N1742 will 
serve in these circuits with essentially the same 
performance, and is somewhat cheaper. For 
Q 3, Q4,  QT and Q14, I used 2N706s. Actually, 
Q14  is the only stage that requires a silicon 
transistor of this quality. Any of the uhf. 
transistors will serve for Q3, Q4,  and Q.  In 
fact, if these circuits are adapted for p.n.p. 
transistors, the 2N1742 will work fine. 
Regardless of what transistor is used for each 

stage, it is wise to adapt each stage's bias 
resistor (all bias resistors are identified with 
asterisks) to the particular unit to give a collec-
tor current equal to that recommended for the 
transistor used. The 2N1742, for example, will 
require a bias resistor of considerably higher 
value. 
Actually, there is little to be gained by neu-

tralizing the receiving r.f. amplifier if a 2N700 
is used. However, if a lower-frequency tran-
sistor is used, neutralizing may yield a sizable 
increase in gain, 
The electrolytic capacitors used throughout 

were obtained from the C-923 assortment and 
the ceramic bypasses from the AS-510 assort-
ment, both from Olson Radio. These are good-
quality Japanese parts and quite cheap. 
The transmit-receive switch is the latest 

Centralab subminiature wafer switch. 

Other Bands 
It is pretty obvious that by rewinding a few 

coils and using different VXO crystals, you can 
adapt the unit for operation on other bands. 
The carrier oscillator, i.f. circuits, and audio 

circuits remain as is. The VXO frequency 
should be chosen to be 8.55 Mc. above the 
highest frequency to be covered so as to get 
maximum tuning range. Of course, Lio and L12 
must be rewound to resonate at the new VXO 
frequency. Similarly, L1, L4, L5, L21, L22, and 
L21 must be rewound to resonate on the new 
band.  The same approximate turns ratios 
should be used for each transformer. 

Results 
With all such rigs, some mention of results 

is in order. First, the receiver is stable and 
selective, but is not very good as far as inter-
modulation is concerned. This is one respect in 
which transistors are inferior to tubes, The 
audio quality is limited by the small speaker. 
(I always demonstrate it with an external 
speaker.) On transmit, the carrier suppression 
is 45-50 db., and the other sideband is about 
40 db. down. Local reports indicate that the 
signal is clear and clean.  Since the "final" 
runs a puny 250 mw. pep., I haven't worked 
much DX (Florida, Louisiana, Nebraska, and 
similar), but it is a dandy "local" rig. It's been 
running off a 6-volt lantern battery for several 
months now. It has made several trips cross 
country in my briefcase, and provided an ex-
cellent way to keep in touch with what the 
20-meter s.s.b. gang is up to. 
Of course, I intend to add a linear amplifier 

to bring the transmitter up to a reasonable 
output, but haven't definitely decided yet 
whether to succumb to tubes or wait for the 
price break on high-power h.f. transistors. 
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» The 75-meter transceiver described here is relatively simple 
and inexpensive to build and adjust. It has been duplicated by 
several hams in the Delta area with marked success. 

This model of W5TAB's 75-meter transceiver was constructed by 

W5R0J. The dial is homemade, but may be replaced by a con-

ventional type.  At the left-hand end of the panel are the 

loading and tuning controls of the pi-network output circuit; at 

the right-hand end are controls for receiver and transmitter 

audio.  Along the bottom, from left to right are receiver r.f. 

trimmer, mobile power relay switch, buffer tuning control, and 

modulator balance control. 

A 50- Watt PEP Output 
Transceiver for 75 

KENNER E. DAY, W5TAB 

The increasing popularity of transceiver oper-
ation, and the cost of commercial gear now on 
the market, prompted the author to design a 
single-band unit (75 meters) that could be 
built by the average ham with some building 
experience, yet would not require intricate align-
ment procedures, or elaborate test equipment 
not usually available to amateurs. Other design 
targets were the use of readily-available com-
ponents, and lowest possible cost commensurate 
with adequate performance in both fixed-station 
and mobile operation. 
Although some of the circuitry to be dis-

cussed is unorthodox, on-the-air testing of sev-
eral of these transceivers has proved that the 
design is thoroughly practical.  Commonly-
available tube types are used, and a simple 
sideband filter using surplus crystals provides 
good suppression in the transit mode, and a 
fairly narrow passband for reception. Only four 
crystals are needed in all. 

From June, 1997, OST. 
Taylor,  "A  75-Motet  S.S.B.  TransceiNer,"  ()ST, 

April, 1961. 

Circuit Principles 
The complete wiring diagram of the trans-

mitter (save for the heater wiring shown in Fig. 
2) appears in Fig. 1. Several features were 
taken from an earlier QST article by K5BUQ,I 
so any similarity is not coincidental. When re-
ceiving, the incoming 4-Mc, signal is amplified 
in the 6AU6A r.f. stage, and then combined in 
the 6BE6 receiver mixer with a 3545-kc. sig-
nal from the v.f.o. to produce a signal at 455 
kc. in the output of the mixer. This signal is 
fed through the selective crystal filter (Y.,Y3) to 
a single if. stage using another 6AU6À. The 
amplified 455-ke. signal is coupled into the 
1N34A diode detector where it is combined 
with the signal from the 455-kc. crystal-con-
trolled 6C4 b.f.o, to produce audio output. The 
audio signal is amplified in the triode section 
of the 6EB8, and brought up to speaker level in 
the pentode section of the same tube. The r.f. 
gain control, R3, which is applied to the r.f. and 
i.f, stages, provides smooth control of audio out-
put, so a separate audio gain control was not 
deemed necessary. 
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When  transmitting,  the crystal-controlled 
b.f.o. serves as the carrier generator at 455 kc. 
The oscillator signal is fed to a balanced modu-
lator using a 12AT7. When the output circuit is 
adjusted f'or balance by potentiometer, R2, the 
carrier is suppressed. The application of audio 
from the speech amplifier results in a double-
sideband suppressed-carrier signal at 455 kc. 
which is fed to a crystal filter consisting of 
Y„ T2, Y, and Y,. (The 6BE6 receiver mixer 
is not active on trai.smit.) The filter attenuates 
the upper sideband by 20 to 30 db. The re-
maining lower-sideband signal is amplified in 
the if. stage, and passed along to the trans-
mitter mixer, a 6CS6. Here it is combined with 
the 3545-kc. signal from the v.f.o. to produce 
mixer output at 4 Mc.-the same frequency as 
the receiving section. The 4-Mc. 1.s.b. signal is 
amplified in the 12BY7A stage which drives the 
6146 final amplifier. A pi-section output cir-
cuit provides a match to a low-impedance load. 

Control Circuit 

Reviewing the foregoing, it will be seen that 
three stages are common to the receiving and 
transmitting sections. These are the v.f.o., the 
b.f.o./carrier oscillator, and the i.f, amplifier 
with its crystal filter. Other stages are switched 
in and out, as necessary, by the four-pole dou-
ble-throw relay, K„ which also switches the 
antenna. On receive, 250 volts is applied to 
the r.f. amplifier, r.f. gain control, receiving 
mixer, detector, and receiving audio.  (The 
mixer is switched in the cathode circuit by a 
separate relay pole to avoid diode mixing in the 

6AU64  614 6 

6855 

GAUGA 

6655 

12 X74 

r  

12 AT 7A   4n, 2E VIA 
9 a n 5 

12A 57A  6 

4 ( 15 

0 4, 9 

6C4 

6E68 

Ste ¿I' 

X 

6V.  12V. 

FIG. 2—Heater wiring di-

agram for either 6- or 

12-volt operation. l is o 

No. 47 6.3-volt 0.15-am-

pere pilot bulb. For 12-
volt operation, the  12-

volt terminal should be 

connected to Pin 4 of the 

plug for .13, Fig. 1, Gnd. 

to Pin 6, no connection 

to the  6-volt  terminal, 

For 6-volt operation, S, B 

should be transferred to 

the 6-volt line at X, the 

6-volt terminal should be 

connected to Pin 5, the 

12-volt terminal and God. 
to Pin 6. 

1 
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Lined up along the rear edge of the chassis, from right to left, are the 6AU6 receiver r.f.-amplifier tube, 6BE6 

receiver mixer tube, T.„ Y, and Y5, the 6AU6A i.f. tube, T„, the 6EB8 receiving-audia tube, 6C4 carried/b.f.o., 

and Y1. LL/L2 is to the right of output connector, and L3 to the left. The 12AT7 v.f.o. tube is immediately to 

the rear of the box shielding the v.f.o tuning capacitor, C4. The adjusting screw of L4 and the screwdriver 

shaft of trimmer C-, are discernible to the right of the 12AT7. The tube above and to the left of the box is the 

12BY7A driver. L is mounted between the box and the panel, and cannot be seen. Grouped at the upper left 

are the 12AX7 transmitting audio tube (above 74), the 6CS6 transmitting mixer (below the meter), T„, and Y4, 

and the 12AT7 balanced-modulator tube. 1_, is ta the right of the meter. At the upper right are the 6146 and 

components of the pi network. L7 is mounted an the output capacitor C1. The tube to the right of the change. 

aver relay is the 052 regulator. On the rear apron are the power connector, .13, and the shaft of the bias 

control, 125. 

receiver mixer while transmitting.) In addi-
tion, another pole of the relay disconnects the 
two 8-i.tf. bypass capacitors in the speech am-
plifier. This was found to be necessary to 
avoid audio oscillation in the speech amplifier 
which occurred as the capacitor discharged 
after removal of voltage from the amplifier 
when switching from transmit back to receive. 
When transmitting, voltage is removed from 

the stages mentioned above, and applied to the 
balanced modulator, the speech amplifier, trans-
mitter mixer, and driver stage. The cathode re-
sistor of the i.f, amplifier is switched to ground 
to remove it from the influence of the r.f. gain 
control and place it at full gain on transmit. 
(This switching also grounds the cathode re-
sistor of the r.f. stage, of course, but since plate 
voltage has been removed from this stage, com-
plications that might arise from this source are 
avoided.) Power to the final is not switched. 
One side of the relay coil is connected to the 

250-volt line through a 10,000-ohm series re-
sistor. The coil circuit is completed to ground 
through the p.t.t. switch at the microphone. 

The V.F.O. 
A variation of the Vackar circuit, first noted 

in QST several years ago, is used in this impor-
tant part of the transceiver. This circuit is easily 
adjusted, and provides constant output and ade-
quate drive through very small coupling capaci-

tances, with a plate voltage of only 108 volts. 
This voltage is regulated by an OB2 fed from 
the 250-volt supply through a 7000-ohm re-
sistor. One section of a 12AT7 (V„,) is used 
in the oscillator, while the other section (V3„) 
is in a cathode follower driven by the oscillator. 
The latter serves to isolate the v.f.o. from the 
two mixers which it feeds. With this configura-
tion, frequency shift is a matter of only a few 
cycles, comparing very favorably in this respect 
to commercial gear. No v.f.o. temperature corn-
pensation is included; drift is nominal after a 
thorough warm-up. 

Crystals 
By now, the reader may be wondering about 

the crystals. The author used surplus crystals in 
the 455-kc. range. The low-numbered FT-241 
crystals, from Channel 38 to about Channel 75, 
are in a range that can be tuned to with or-
dinary 5-inch 455-kc. if, transformers. Two 
Channel 45 crystals (2  and Y,), and one 
Channel 44 crystal Y,) are used in the filter. 
These crystals are fairly close to 455 Kc. and 
Y, differs from the other two by about 1852 
cycles. Using a Channel 45 crystal at Y, in the 
b.f.o./carrier oscillator, and tuning as described 
presently, lower-sideband output will be pro-
duced. For those unable to obtain the surplus 
crystals, Texas Crystals, Fort Meyer, Florida, 
advertises crystals in the 455-kc. range, 25-
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cycle tolerance, in FT-241 holders for $1.75 
each. Three crystals of the same frequency are 
needed—two for the filter and one for the b.f.o. 
The additional crystal for the filter should be 
approximately 1800 to 2000 cycles lower in fre-
quency,. 

Construction and Adjustment 
The author has constructed several of these 

transceivers, and they have taken various physi-
cal forms. However, an 8 x 12 >< 2-inch 
chassis provides enough space to avoid crowd-
ing of components if the layout shown in the 
photos is followed reasonably closely,. A panel 
53.2' inches high will provide clearance for the 
6146 without submounting the socket. The dial 
is home-brew. The gearing was salvaged from 
old Command-set mechanisms. However, a Na-
tional 5-to-1-ratio planetary-drive dial, or any 
similar conventional dial, may be used. 
Careful orientation of the tube sockets will 

furnish convenient tie points for resistors and 
bypass capacitors and hold wiring between 
stages to a minimum. Low-potential wiring can 
be run around the edges of the chassis in bends 
and corners for neater appearance. As indicated 
in the diagram, shielded wire should be used 
for the connections to the microphone jack and 
gain control in the speech amplifier, for the 
balanced-modulator output connection, and in 
the coupling line between the i.f, amplifier and 
the transmitter mixer. Shielded wire is also 
preferable for heater circuits and other low-
potential wiring. 
The transceiver can be built a stage or sec-

tion at a time, testing each as it is completed. 
It is suggested that the v.f.o. be constructed 
first, using short leads. The tuning capacitor, 
C4, is placed above the chassis in a shielding 
box, with a connecting wise running through a 
small hole to the coil, which is enclosed in a 
second shielding box on the underside of the 

chassis. Coil turns may have to be pruned, and 
capacitance juggled, to achieve the proper 200-
kc. tuning range for the v.f.o. Assuming that 
the carrier-oscillator crystal is for Channel 45 
(about 455 kc.), the upper limit of the v.f.o. 
range would be 3545 kc. to tune the transceiver 
to 4000 kc. The lower end of the range would 
be 3345 kc., to tune the transceiver to 3800 kc. 
Keeping the v.f.o. frequency on the lower side 
of the incoming signal seems to result in less 
drift than when the v.f.o. is tuned to the upper 
side. Listening on a receiver while adjusting 
the v.f.o. will assist the builder in getting the 
circuit into the proper tuning range. 
After the v.f.o. is working, the receiver sec-

tion can be constructed. To align the i.f, ampli-
fier stage, couple output from a modulated sig-
nal generator to the receiver mixer stage with 
all four crystals in place. Tune the signal gen-
erator exactly, to the frequency of the b.f.o. 
crystal. Remove this crystal, and peak if. trans-
formers T, and T, for maximum audio output. 
Replace the b.f.o. crystal. Final alignment of 
the crystal-filter and i.f. stage can be done after 
construction of the transmitter stages. 
Now peak the receiver mixer cell, L.,, at 3900 

kc. (A grid-dip oscillator will be helpful in 
rough tuning of circuits in the transmitter as 
well as in the receiver section.) The r.f. stage 
is rough-tuned by the slug of L,L, and the 
circuit is peaked by the 50-pf. trimmer, 
which should be mounted on the panel. 
After the receiving section is working, the 

transmitter section should be checked out. Peak 
the transmitter mixer coil, L,, at 3900 kc. In 
operation, the output of the mixer will fall off 
some at either end of the band, but should still 
be adequate for full drive to the final. Peak 
L6 at 3900 kc. with C, set at mid capacitance. 
It will be noticed that part of the tuning ca-
pacitance in this stage is fixed to confine the 
tuning range to the vicinity, of 4 Mc., thus 

•  - Grouped at left center 
•,r ore T1, R, and Ç. the 
latter two mounted on a 

shielding bracket.  1.„ is 
I below the bracket.  To 
the  right  is the  box 
shielding  the  coil and 
other components of the 

v.f.a./cathode  follower. 
Below the box are L6 and 
driver tuning capacitor, 
C6. 1.1/L., and C2 are in 
the  shielding  compart-
ment in the upper right-
hand corner, and L, is to 

/ the immediate left. 
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avoiding the possibility of tuning to some other 
response in the output of the mixer. Those more 
mechanically able could gang-tune the mixer 
and driver stages by adding a small variable 
capacitor across the mixer coil, and coupling its 
shaft to that of the driver tuning capacitor, C,, 
to obtain full output across the band. 
No special constructional precautions are nec-

essary in the driver and final stages, except that 
a shield should be placed across the 12BY7A 
socket. Pins 3 and 9 of this tube are grounded, 
and the shield can be placed across these two 
pins when the socket is properly oriented on 
the chassis. The relay should be mounted on 
the chassis reasonably close to the pi-network 
components, since one pole of the relay switches 
the antenna. 
The biasing control, R, should be set for a 

final-amplifier' idling current of 25 to 30 ma. 
If the transceiver has been constructed in 

sections, as suggested, proper alignment of the 
filter system, consisting of the three filter crystals 
and three i.f, transformers, can now best be 
done by feeding a sine-wave audio signal at 
low level, 1000 to 2000 cycles, into the micro-
phone input, and observing the output wave 
form on a scope. This test set-up is covered 
under, "Testing an S.S.B. Exciter," in the 
A.R.R.L. Radio' Amateur's Handbook. A little 
careful twisting on the i.f, transformer slugs will 
produce the proper pattern on the scope, indi-
cating when the pass band of the filter is ad-
justed for maximum suppression of the un-
wanted sideband, and the carrier. Additional 

information on filter alignment will be found in 
chapter G. 
In actual operation, transmitter adjustment 

is very simple. Press the push-to-talk switch. 
Set the v.f.o. to frequency, turn the carrier-
balance control to one side, tune the final for 
maximum output, then adjust R. and C, for 
minimum final-amplifier idling current. If C„ 
has no effect when connected to one plate of 
the 12AT7, it should be transferred to the other 
plate. That's all there is to it. I use a field-
strength meter when tuning the final, but the 
plate-current dip is a fairly satisfactory indi-
cator. During adjustment with the scope, the 
proper setting of the gain control to prevent 
overdrive and splatter should be determined. 

Power Supply 

For home-station operation, the author uses a 
small bench power supply delivering 600 volts 
at 150 ma., 250 volts at 75 nia., and 100 volts 
of bias. The Heath HP-10 supply is used for 
mobile work. The heater wiring diagram of Fig. 
2 provides for either 6- or 12-volt operation. 
Careful placement of small parts and wiring 

should enable the builder to construct a trans-
ceiver that will look neat, and perform satisfac-
torily in both fixed and mobile service. In mo-
bile operation, good communication over dis-
tances from 100 to 300 miles is not uncommon. 
For points not covered here, it is suggested that 
prospective builders refer to the article by 
K5BUQ. 

MEASURING SIDEBAND SUPPRESSION 

By calibrating the volume control (R) of a selectable-

sideband adapter, it is easy to get direct readings of 
sideband attenuation. 

Howard Wright, W1PNB, suggests this sim-
ple stunt for measuring sideband suppression 
of your own or the other fellow's signal. It re-
quires that you have a selectable-sideband re-
ceiver or adapter of some kind and an oscillo-
scope, and the only other requirement is a 
calibrated volume control. 
The volume control is calibrated with an 

ohmmeter. Assuming a 1-megohm volume con-
trol, the —6 db. point will be at half resistance 
or 0.5 megohm. The —12 db. point will be at 
half of this, or 0.25 megohm. The —18 db. 
point is half of this (0.125 megohm), and so on 
down the line in 6-db. steps. 
The scope can be connected at any point in 

the audio amplifier following the calibrated vol-
nine control, and the sweep speed should be set 
low enough to make noise peaks appear as in-
dividual "spikes." 
To measure sideband suppression, set the 

From 
S.S.13. 
Adopter -60.11. 
Audio 
Output -12lia 

-I8Qe 

control at 0 db. and advance the r.f. gain con-
trol of the receiver to a point where the un-
wanted sideband gives a definite amount of 
scope deflection on peaks. Reduce the cali-
brated volume control setting ( to save the loud-
speaker) and switch to the desired sideband. 
Adjust the calibrated control until exactly the 
same amplitude peaks appear, and read the 
suppression ratio directly from control. 
The accuracy of the system is limited, of 

course, by the care taken in calibrating the 
control, errors in reading the scope, and by the 
maximum possible amount of sideband sup-
pression the selectable-sideband receiver is 
capable of. However, the limit of the receiver 
rejection can readily be found by occasionally 
tuning across an unmodulated carrier and mea-
suring the point of receiver failure. Any re-
ports given below this ratio will be accurate. 
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» The one-band transceiver has been a popular type of mobile 
station, since many—if not most—mobileers are one-band 
operators. The 7-Mc. transceiver described here has many 
circuit features that could be incorporated in equipment for 
other bands. 

The transceiver installed in the author's 

car.  The VXO and final-amplifier tuning 

controls flank the meter near the top of 

the  panel.  The  slide switches, left to 

right, are for upper/lower sideband, car-

rier on/off, VXO frequency range, and 

meter. Controls along the bottom are for 

modulotor balance, receive r.f. gain, re-

ceive audio goin, and final-amplifier drive. 

The microphone jock is of the center in 

this row. Some idea of the size of the 

unit can be gained by comparing it with 

the car broadcast receiver above.  The 

output is 60 watts pep. 

7- MHz Mobile S S B 
Transceiver 

JOHN ISAACS, W6PZV 

By now there doesn't seem to be much doubt 
that s.s.b. is the way to go for mobile opera-
tion. The contemplated purchase of a new 
car finally triggered the decision to get going 
on a new mobile sideband rig. At that time, 
the only manufactured rigs that I felt were 
reasonably priced were also larger than the 
available space would accommodate. With size 
the main consideration, a number of other 
things were automatically resolved. The new 
rig would have to be a transceiver and it 
would have to operate on one band only. Also, 
it might be necessary to compromise on carrier 
suppression,  unwanted-sideband  suppression 
and power output. However, there could be 
no compromise on frequency stability. 
After trying mobile s.s.b. operation with a 

separate transmitter and receiver, anything but 
a transceiver was out. Also, after operating 
mobile for over 15 years, it was found that 
although multiband operation has been avail-
able at all times, my operation has been con-
fined to one band about 99 per cent of the 
time. It wasn't difficult to settle for operation 
on 40 meters. Daytime operation on 75 meters 
is somewhat of a problem, and 20 meters is in 
and out. I had just completed a multiband 

exciter 1 using the McCoy filter, and a VXO 
looked like a good way to get needed stability 
in a small space.  Every consideration was 
given to keeping the number of tubes to a 
minimum. Multipurpose tubes helped, but 10 
tubes plus two VR tubes were finally needed 
to do the job. 

Circuit Functions 

Before going into detail, it might be well to 
describe the over-all scheme of the transceiver. 
Referring first to Fig. 1, a 6AR8 is used as a 
combination 9-Mc, crystal-controlled carrier 
oscillator and balanced modulator. The 6AR8 
is similar to the 7860 but is less expensive. The 
9-Mc, signal is fed to the No. 1 grid, while 
audio is fed to one of the deflectors. On 
transmit, the 9-Mc. d.s.b. signal from the 
balanced modulator is fed to the crystal filter 
of Fig. 2, which suppresses the unwanted side-
band and also contributes further suppression 
of the carrier. The s.s.b. signal from the filter 
is amplified in the first of two 9-Mc, amplifiers 
and then fed to the 6BA7 transmitter mixer. 
Here the 9-Mc, signal is mixed with the 16.2-
Mc. signal from the VXO to produce 7.2-Mc. 

From August, 1963, QST. Isaacs, "Filter-Type Sidebander," page 71. 
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CARRIER OSC. 

0 
B.F.O. 
TO 
DET. 

I FIG.41 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

IN MICROFAR AOS I »CI; OTHERS 
ARE  IN PICOFARADS ( pl. OR,upf.); 

RESISTANCES  ARE  IN  OHMS; 

K • 1000 

R.T.T. TO 
T-R RELAY 

COIL 
(FIGS) 

FIG. 1—Carrier-oscillator and 

others are silver mica, except 

are 1/2 -watt composition. See 

O 
I2V 
FROM 
FIG.5 

BAL. MOD. 
2.2<e , CARRIER 

150V. REG. 
FROM FIG.3 

O 
+ 300 V. FROM 
T-R RELAY 
(FIGS) 

0 
9 Mc. D.S.B. 
TO S.B. 
FILTER 
(FIG.21 

balanced-modulator circuits. Fixed capacitors of decimal value are ceramic; 

polarity marking indicates electrolytic.  Unless otherwise specified, resistors 

Fig. 5 for heater connections. 

CI. C2 -3-12-pf. ceramic, zero temp. coefficient (Cen-

tralab 822-FZ). 

CS —Air trimmer (Johnson 160-107, or similar). 

Ji —Threecircuit jack. 

RI —Linear control. 

output.  This 7.2-Mc, output is fed to the 
12BY7 driver of Fig. 3 and thence to the 
6DQ5 final amplifier. 
On receive, an incoming 7.2-Mc. signal is 

amplified in the pentode section of a 6AX8 
(Fig. 2), and then mixed in the triode section 
of the same tube with the 16.2-Mc, signal from 
the VXO. The resulting 9-Mc, output signal 
from the receiver mixer is fed through the 
crystal filter and the following two 9-Mc, am-
plifiers to the detector and audio system of 
Fig. 4. The balanced modulator is disabled on 
receive, but the carrier oscillator remains in 
operation to furnish a b.f.o. signal to the 
detector. In either mode, inactive stages are 
disabled by removing plate voltage. The trans-
mit-receive switch takes care of this. 

Carrier Oscillator and Balanced Modulator 

Returning to Fig. 1, two crystals are used 
in the crystal oscillator so that the carrier may 
be shifted to place either upper or lower side-
band in the passband of the filter.  These 
crystals are normally supplied with the McCoy 
filter as a package. The two frequencies may 
be trimmed to the proper spot in relation to 
the slope of the filter characteristic by means 

SI —S.p.d.t. slide switch (Carling S608 or equivalent). 

52 —S.p.s.t., or same as Si. 

f.m. discriminator transformer; see text 

(Meissner 17-3494). 

T2 —Microphone  transformer,  200  to  500K  (UTC 

"Ouncer" 0-14). 

of the trimmer capacitors (Ci and C2) shunt-
ing the crystals. 
The balancing and output-coupling circuits 

of the balanced modulator are slightly different, 
and the values used also deviate somewhat 
from those normally shown for the GARS or 
7360 in this application. More trouble was 
encountered in this portion of the circuit than 
in any other. Transformer Ti was originally 
a standard 10.7-Mc. if, transformer. The plates 
of the 6AR8 were shunt-fed through 68K 
resistors, and the plates coupled to the pri-
mary of TI through 0.001-µf. capacitors. With 
this arrangement, the output from the crystal 
filter was very low, and the carrier suppression 
was poor. (The transformer was never designed 
for this application, so it can't be blamed.) A 
10.7-Mc, discriminator transformer was substi-
tuted. The secondary is bifilar-wound, which 
is one point in its favor. All internal capacitors 
were removed, and the secondary was used as 
the center-tapped primary. With this revision, 
the results were much improved. The carrier 
suppression was better, and the output from 
the crystal filter was more than adequate. An 
r.f. probe, connected to the output of the 
12BY7 driver, was used to measure the carrier 
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S.B. FILTER 

9 Mc. FROM e BAL... 
0  

+ 300V. 
FROM 
(FIGS) 

A.G.C. 
OR-75v rei 
FROM 
T-R 
RELAY 
(FIG. 51 

AMP. 
9 M. loo 

AMR 

RCVR.  R.F. A M R 

8122 PC.  FREO. 
RANGE 

0 1 - 11/4 , S?  

0 4  1 210 

8115PC. 

FFI2. ! 

9 Mc. 
TO DEI. 
(FIC A) 

2 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE  ARE 

IN MICROFARAOS ( pf. ); OTHERS 

ARE  IN RICOFARADS ( pf. OR,ix,M).); 

RESISTANCES  ARE  IN  OHMS; 

IX. 1000 

+300V. 
FROM 

T-R RELAY 
(FIG S) 

0  

7.2 Mc TO 
TRANSMITTER 

( FIC.3) 

+ 300v. 
FROM 

T-R RELAY 
(FIG S) 

0  

FIG. 2—If. and frequency-conversion circuits. Fixed capacitors of decimal value are ceramic; others are 

silver mica, except  indicates ceramic. Resistors are I/2-watt composition. See Fig. 5 for heater connections. 

C4 —Air-trimmer variable (Hammarlund ARC-140-13).  1.2 -18 turns No. 22 enam., close-wound on 3/8-inch 

Fl.1. -9 Mc. Crystal filter (McCoy 32111).  iron-slug form. 

Li -20 µh. —Approx. 45 turns No. 30 enam., close-  R2- Linear  control. 

wound on form taken from National R-33  S:) —Same as Si. 

100 µh. r.f. choke. See text.  13, T.1, T, T6 -10.7-Mc. if, transformer (Miller 1463). 

suppression.  The  measured  suppression  is 
about 40 db. below the peak output.  The 
minimum reading apparently is limited by the 
various beats produced in the 6BA7 mixer. At 
any rate, the effective suppression is better 
than 40 db. judging from the ratio of maximum 
to minimum readings on a field-strength meter. 
I am inclined to believe that the formula some-
times used to calculate carrier suppression of 

sideband rigs is the same one frequently em-
ployed in determining gas mileage. 
Modulation is accomplished by applying 

audio voltage to one of the 6A118 deflectors. 
The required a.c. voltage is something less than 
10 volts, and this is easily obtained by using a 
carbon microphone and an input transformer. 
The volage lb r the microphone is taken from 
the U-volt circuit through an RC filter. I have 
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DRIVER  7.211, 

7 

100 

7.2 me. FROM 
TRANS. 
MIXER 
(FIG, 2) 

+ 300v, 
FROM 
( FIG.5 ) 

100 
6005 

4 

FINAL AMP. 

RF C 
MH 

5,0.00 
.. 

7 

@  @  ® 
-75v. TO 
T-R RELAY 
( F10.5) 

.008 

-120V.  +150V. +300v. +600V. 
FROM REG. FROM  FROM 
(F1G.5) TO FIG.I  FIG.5  FIG.5 

2KV. 

0  ANT. TO 
RC VR. 

( FIG. 2) 

180 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

IN MICROFAR ADS ( ,uf I; OTHERS 

ARE  IN P1COFAR ADS (pf.OR MM1.); 

RESISTANCES  ARE  IN  OHMS; 

K • 1000 

FIG. 3—Transmitting driver and final-amplifier circuits.  Antenna connection to receiving r.f. amplifier is 
taken from the input side of the transmitting pi network. On transmit, the 1.r. relay (K1 Fig. 5) applies —75 
volts bias to the receiving r.f. amplifier to protect it from the transmitter signal. Capacitors of decimal value 

are ceramic; others are silver mica. 

C3 —Double-spaced  midget  variable  (Hammarlund 

MC-35-SX or similar). 

Ce —NPO  ceramic  trimmer,  1.5-7 pf. (Centralab 
822-EZ). 

CT, CS -7500-volt ceramic (Centralob 850S-50Z). 

Cu -5000-volt ceramic (Centralab 853-20Z). 

h —Coaxial plug-in connector (UG1051/U). 

always favored the carbon microphone for 
mobile operation. The cost is low and output 
is high enough to eliminate a preamplifier. 
There is never any r.f, feedback as is frequently 
encountered with low-output microphones and 
high-gain preamplifiers. In addition, the fre-
quency response is designed for voice opera-
tion, and it doesn't make much sense to use a 
microphone which is flat from 100 cycles to 
over 10,000 cycles and then pass the output 
through a filter which limits the response to 
300-3000 cycles. 

Crystal Filter 

The circuit diagram supplied with the filter 
shows variable capacitors connected across the 
input and output. These are to be adjusted 
for maximum output with the modulator un-
balanced and using the 9001.5-kc. crystal. 
However, it was found that any capacitance 
added to either the input or the output of the 
filter caused the output gignal to decrease. 
This is probably caused by the fact that the 
62-pf. capacitor of the filter input impedance-
matching network is connected across the input 
of the filter. 

L3 -24 turns No. 26 enam. on 3/a-inch iron-slug form. 
Li -18  turns No. 20, 11/2 inches long on ceramic 

form 11/8 inches in diam. 
R3 — Wire-wound control. 

R4 -200 times meter shunt. 

Si —Same as Si. 
Zs -5 turns No. 18 wound on associated 100-ohm 

resistor. 

The VXO 

The tuning of the transceiver is accomplished 
through the use of a VX.0, or variable crystal 
oscillator. The circuit used (Fig. 2) has ap-
peared in numerous sideband applications. The 
original circuit used a split-stator tuning capac-
itor, but experiment showed that by making 
one section fixed, about 80 per cent of the 
frequency shift could still be obtained with a 
single-section variable capacitor in place of the 
dual-section capacitor. Crystals at 8 Mc. are 
used, with the shift limited to about 9 kc. 
The output of the pentode section of the 
6AW8 is tuned to 16.2 Mc. At this frequency, 
the shift is double, or about 18 kc. 
Two crystals are used in overlapping ranges 

to cover from 7200 kc. to 7235 kc. The crystals 
used are regular ham-type units mounted in 
the small CR6U metal cans. The value of Li 
must be determined experimentally, and may 
vary depending on the crystal being used, al-
though both of the crystals that 1 used provide 
about the same shift with the same coil. Con-
necting the inductance Li in series with the 
crystal causes its series-resonant frequency to 

ANT. 
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B.F.O. 
SIG. FROM 
CAR. OSC. 
(FIG.I ) 

-1 1  
9-Mc. 

SIG. FROM 
(FIG.2 ) 

CET. 

EXCEPT AS INDICATED, DECIMAL VALUES OF 

CAPACITANCE ARE IN  MICROFARADS (pl 1. 
OTHERS  ARE  IN P1COFARADS (pl. oRp»,•); 
RESISTANCES  ARE IN  OHMS;  K • 1000. 

+ 300 V. FROM 
T-R RELAY ( FIG.5) 

AUDIO A.G.C. 
.005 

TO PI 
F1G.5 

.21 TO T-R 
A.G.C. 

RELAY I (FIGS) 

FIG. 4—Detector and receiving audio circuits. The b.f.o. signal is obtained from the carrier oscillator. Rec-
tified audio supplies a.g.c. for the receiver r.f. stage. Capacitors of decimal value are ceramic or paper; 
others are mica, except polarity markings indicate electrolytic. Fixed resistors are 1/2 -watt composition. See 
Fig. 5 for heater connections. 

R5 —Audio taper control. 

be lowered. This means that the marked fre-
quency of a crystal must be higher than the 
required highest output frequency. It was de-
termined experimentally, using some crystals 
near 8 Mc., that the crystals should be ordered 
with a frequency about 6 to 7 kc. on the high 
side.  Two crystals were then ordered, one 
at 8122 kc. and a second at 8115 kc. Using the 
circuit shown, these crystals actually cover 
7202 to 7221 kc. and 7217 to 7235 kc. after 
mixing with the 9.0-Mc. signal. Nothing is 
guaranteed with respect to the crystals which 
you order. You're on your own. 
Li is made by taking a 100-Ah. r.f. choke 

and first removing all of the wire. The core is 
then rewound with approximately 45 turns of 
No. 30 enameled wire. The actual number of 
turns is adjusted until the desired frequency 
shift is obtained. Using a grid-dip meter and 
a standard capacitor, the inductance was found 
to be approximately 20 ith. 
The frequency stability of the transceiver 

is excellent and the bandspread is very good, 
thus making tuning slow and easy. 

Final Amplifier 

A 6DQ5 is used in the final amplifier (Fig. 
3). A pi network is used in the output and 
the tube is neutralized. The neutralizing circuit 
is a little unusual and is employed because of 
the physical problem of connecting a capacitor 
from the plate of the 6DQ5 to the bottom of 
the tank circuit of the 12BY7. The value of 
the output capacitor of the pi network is 
determined experimentally, and then the capac-
itor is soldered permanently into the circuit. 
This saves a separate loading capacitor and 
makes it possible to use the bridge neutraliza-
tion circuit shown. This circuit would not work 
very well with a multiband amplifier, or one 
in which the output capacitor is variable. 

T7 —Output  transformer, 10,000 ohms to 7 ohms 
(Thordorson 24S52). 

The combination of C5, C7, Cs and Cg was 
chosen on the basis of compactness and avail-
ability. If space permits, the combination may 
be replaced by a single 150-pf. variable, or by 
other combinations of fixed and variable that 
will give an equivalent total. Any fixed capaci-
tors used should be capable of carrying 3 or 4 
amperes of r.f., such as high-voltage mica types 
or the 850S ceramic types mentioned. 
Drive may be adjusted by means of R3 in 

the cathode circuit of the 12BY7 driver. 
The 6DQ5 screen voltage is regulated by 

an 0A2. This regulator also controls the No. 2 
grid voltage of the carrier oscillator. The 0C2, 
operating from a —120-volt source, provides 
regulated —75 volts. A voltage divider in the 
grid-biasing circuit of the 6DQ5 reduces this 
to about —56 volts. 
The metering system consists of a single 

0-1-ma. meter which may be switched either 
across a multiplier resistor (R.1) to read final-
amplifier cathode current, or to an output-
indicating circuit sampling the r.f. output from 
the pi network. 

Receiver Details 
To avoid the need for an antenna-transfer 

relay or switch, input to the receiving r.f. stage 
(Fig. 2) is coupled through a small high-
voltage capacitor permanently connected to 
the hot end of the transmitter output pi net-
work. To offset the effect of the rather high 
r.f. voltage that appears at the signal grid of 
the 6AX8 pentode when transmitting, the t.r. 
switch applies a negative bias of 75 volts to 
this grid. This negative voltage is taken from 
the 0C2 in Fig. 3. 
A 6BA7 and 6AR8 were tried as product 

detectors, but both proved to be very micro-
phonic. However, the 12AX7 grid-leak detec-
tor shown in Fig. 4 works fine. Since the b.f.o. 
frequency from the carrier oscillator is always 

•••••• à 
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FIG. 5—Power and control circuits. Capacitances are 
trolytic. 

CR1 -12 silicon units, 400 ply., 750 ma. each unit. 

CR2 -5.1icon rectifier, 400 p.i.v., 750 ma. 
12 —Octal socket. 

Kt —Subminiature 12-volt 3-pole double-throw d.c. 
relay (Potter & Brumfield MGI7D, one pole 
not used). 

K2 -12-volt 3-pole double-throw d.c. relay (Potter & 
Brumfield KA14DY). 

K,3 -12-volt  s.p.d.t. d.c. relay (Potter & Brumfield 
KA5DY). 

the same as the frequency used on transmit, the 
sideband relationship is the same for both 
modes. That is, when Si is set for 1.s.b., the 
lower sideband will be transmitted and re-
ceived. On receive, the transceiver is tuned 
until the received voice signal sounds natural. 
The transmitting frequency will then be very 
close to that of the received signal. 
Output from the audio amplifier which 

follows the detector is adequate for mobile 
Operation. I have a switch mounted under the 
dash which transfers the speaker from the 
broadcast receiver to the transceiver. 
A.g.c. voltage is obtained by rectifying the 

audio drop across a resistor shunting the out-
put-amplifier load. The rectified voltage ap-

6E B8 

.1(\*  

12BA6 12BA6 

3( \ 4 

12AX7A 120Y74 

rs 4 (.\ 5 

5 

in ,uf., and resistances in ohms. Capacitors are elec-

La —Filter choke (Stancor C2303 or equivalent). 

PI. —Male octal plug. 

Re —Slider adjustable. 

Se —S.p.s.t. attached ta R5, Fig. 4. 

T8, To, Tto —See text. 

Tit -230-volt 40-ma, power transformer, 115-volt pri-
mary used as secondary, center tap on 230-
volt winding not used (Triad R-29A or similar). 

TB1 —Terminal board. 

pears across a 100K resistor shunted by a 
0.25-d. capacitor. A larger capacitor at this 
point would provide smoother operation, but 
I did not have space for it. A.g,c. is applied to 
the r.f. stage (Fig. 2) only, but it is effective 
and eliminates the necessity for reaching for 
the manual gain control when a strong signal 
hits the front end. 

Power Supply 

Fig. 5 shows the circuit of the power supply 
and control system. The power-supply is a 
little unusual, and should be of interest to 
anyone  contemplating  a mobile  sideband 
transceiver.  I use the alternator which is 
standard equipment in my car. It is rated at 
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30 amp., or about 400 watts. This is plenty 
for a transceiver rated at a peak input of 
about 100 watts. 
Automobile alternators have three-phase out-

put. They are Y-connected, but the neutral is 
not used, although it is brought to a terminal 
on some makes. The alternator contains six 
silicon diodes which convert the three-phase 
a.c. to d.c. When the alternator is operating 
at normal output, the a.c. voltage, line to line, 
is close to 10 volts. Measuring from line to 
neutral, it would be close to 6 volts. I opened 
my alternator and soldered three No. 10 wires 
to the a.c. output, ahead of the rectifiers. The 
rectifier connections were not disturbed, so the 
alternator functions in a normal manner as far 
as the d.c. output is concerned. 
The next step was to raise the low a.c. out-

put to a higher a.c. voltage. I found three 
surplus filament transformers with 10-volt, 10-
ampere secondaries. The primary of each is 
tapped at 200, 220 and 240 volts. The 10-volt 
secondaries were connected in the delta con-
figuration and then connected to the three wires 
from the alternator. The 220-volt taps are used 
and the primaries are connected in Y. Using 
the neutral, this stepped-up a.c. is applied to 
a three-phase rectifier consisting of 12 silicon 
diodes, 2 diodes per leg. The resulting d.c. 
output is approximately 600 volts and 300 volts. 
Because the ripple is low with the three-phase 
connection, very little filter is needed. A small 
step-down transformer is connected across one 
of the larger transformers and produces 110 
volts a.e, which is rectified and filtered to pro-
duce the bias voltage. 
The surplus transformers work very well. 

Actually, a rating of 10 volts at 5 amp. would 
be sufficient. Transformers rated at 6.3 volts, 
10 amp. with 220-volt primaries could also be 
used by bringing out a neutral connection from 
the alternator and connecting the 6.3-volt 
windings from line to neutral. The 220-volt 
primaries would be connected in Y. However, 
probably neither 6.3- or 10-volt transformers 
with 220-volt primaries are a drug on the 
market. Control transformers rated at 12 volts 
8 amp. are regular catalog items. These may 
be substituted for the 10-volt transformers 
mentioned at a sacrifice of 15 to 20% in output 
voltage. 
The efficiency of this arrangement, with 

reasonably good transformers, is better than 
that of a good transistor power supply. To 
gain some idea as to the performance in this 
installation, look at the accompanying chart. 
The worst condition is with the engine idling 
and the headlights turned on. Here, at maxi-
mum output, the plate voltage is 490 volts and 
the plate current is 135 ma. for an input of 
65 watts.  The best condition is with the 
engine operating at driving speed and the 
headlights off. Here, at maximum output, the 
plate voltage is 630 volts and the plate current 
is 160 ma. for an input of 101 watts. Using 

TABLE I 

Engine  Mode Lights Low  High  Final 

Idle  Rec.  Off  265 v. 

Idle  Rec.  On  255 v. 

Idle  Trans.  Off  500 v.  135 ma. 

Idle  Trans.  On  490 v.  135 ma. 

Driving  Rec.  Off  320 v. 

Driving  Rec.  On  310 v. 

Driving  Trans.  Off  630 v.  160 ma. 

Driving  Trans.  On  600 v.  155 ma. 

Driving speed equivalent to 40 m.p.h. 

Engine idle speed: 580 r.p.m. 

Generator regulator set at 14.2 volts. 

Final plate current values shown were taken with 
maximum sustained modulation. 

Minimum final plate current: 35 to 40 ma. 

transformers designed for operation over a 
wide frequency range, the regulation and effi-
ciency would be even better. 

Control Circuit 

Referring to Fig. 5, S6  is the main power 
switch. This switch turns on all heaters, sets 
up the 12-volt circuits for the relays and 
microphone, and operates K2 which turns on 
the high-voltage and bias supplies.  In this 
condition, those transceiver stages which are 
used for both transmit and receive are supplied 
with 300 volts directly, while those used on 
receive only are similarly supplied through a 
back contact of Ki. At the same time, the a.g.c. 
circuit from the audio amplifier is connected 
to the receiver input stage. 
Switching from receive to transmit is con-

trolled by a d.p.s.t. toggle switch (or pit. 
switch) at the microphone. This switch closes 
the microphone circuit and simultaneously 
operates Kt. K1 shifts the 300-volt line from 
stages which operate on receive only to stages 
which operate on transmit only, and simul-
taneously operates K3 which switches the 600-
volt supply to the final amplifier. At the same 
time, K1 switches the grid return of the receiver 
r.f. amplifier from a.g.c. to a fixed bias of —75 
volts to protect the amplifier tube as described 
earlier. Since K1 cuts off the plate supply to 
the audio amplifier, the speaker is muted. 

Construction 

The transceiver is small in size. In fact, it 
is too small. There is not enough room to work 
in easily and not enough metal surface and 
ventilation to adequately dissipate the heat 
generated by the tubes. The cabinet should 
have been a few inches deeper. I solved the 
heat problem by installing a small 12-volt 
blower directly behind the transceiver. This 
blows on the low-level part of the chassis. 
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The cabinet is an LMB type W-IC.  It 
measures 83i inches long by 63i inches wide by 
6 inches high. Large holes were cut in the top 
and sides, and then pieces of perforated metal 
were riveted over the holes. This helps con-
siderably with the ventilation.  The photo-
graphs show the parts layout. It took a lot of 
planning to get all of the necessary parts into 
the small space. The balanced modulator and 
crystal oscillator are shielded from the rest of 
the circuit.  The receiver front end is also 
shielded from the 9-Mc, amplifier strip. The 
6DO5 is shielded from the balance of the cir-
cuit. No difficulty was experienced which was 
traced to a lack of isolation or shielding, so 
the precautions were probably worth the effort. 
There isn't much space available for the 

final amplifier. The 6DO5 is mounted horizon-
tally with the tank coil and capacitor above 
it. The tank coil is wound on a surplus ceramic 
form and is not affected by the heat. The 
fixed capacitors consist of three high-voltage 
ceramic capacitors mounted inside the coil 
form.  These also are not bothered by the 
heat. Air-wound coils, using plastic strips for 
insulation, would not be suitable for this rig, 
although they work fine where there is ade-
quate ventilation. 
The cabinet, which included the chassis, was 

purchased in the unpainted condition. All of 
the holes were cut and the ventilating grilles 
riveted on, and then all of the metal pieces 
were painted with hammer-tone paint from an 
aerosol can. It is not difficult to get a good-
looking paint job this way, and there is no 
worry about scratching the paint while the 
holes are being cut. 

Proceeding from right 

to left  araund  the 

outer  edge  of  the 

chassis, the sideband 

crystals are close to 

the panel, followed 

by the 6AR8, Ti, the 

sideband  filter,  the 

first 12BA6, 73, the 

6BA7 transmitter mix-

er, Ts, the  12BY7A 

driver, and  L3.  To 

the left of the side-

band filter are the 

second  12BA6  and 

the  6AX8, with  74 

still farther to the 

left, and 75 just visi-

ble to the right. The 

VXO  range  crystals 

are below the VXO 

tuning capacitor. The 

detector and receive 

audio section  occu-

pies the space to the 

rear af the meter. 

Alignment 

A signal generator is not required for tune-up 
since there is already a built-in oscillator. Only 
two pieces of test equipment are required. The 
first is a vacuum-tube voltmeter with an r.f. 
probe attachment. The second is a grid-dip 
meter with reasonably accurate calibration. 
The use of the commercially-made r.f. trans-

formers saves a lot of time and trouble. They 
are small, well-shielded, and do not take up 
much space below the chassis. Using the addi-
tional external capacitors shown in the circuit 
diagram, they will tune to the required fre-
quency with no time-consuming cutting and 
trying. 
The first thing to adjust is the balanced 

modulator.  The 9.0-Mc, oscillator must be 
working, and this can be checked by measuring 
the r.f. voltage at the cathode of the 6A118. 
No voltage, no oscillation. The VXO should 
be disabled to avoid any possible stray pickup 
from it during the null adjustments to follow. 
Initially, capacitor C3 is disconnected, The 
carrier switch, S2, is closed. This produces just 
enough carrier to facilitate tuning the trans-
mitter with the aid of a field-strength meter, 
and makes it possible to tune the rig without 
danger of exceeding the dissipation rating of 
the 6DQ5. Connect the r.f. probe across the 
secondary of TI, and peak the tuning slugs for 
maximum output. Move the r.f. probe to the 
grid of the 6BA7 transmitter mixer, and peak 
the primary of T3 (the secondary of T3 is not 
used.) Now repeak the primary and secondary 
of T1. Set the trimmer (CI) across the 8998.5-
kc. crystal to about half capacitance and 
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This view shows the 

final-amplifier assem-

bly.  The 6DQ5 and 

pi-network  coil  are 

mounted horizontally 

from a bracket. The 

trimmer capacitor is t 

for neutralizing. 

switch this crystal into the circuit. The pre-
cise setting of C1 requires a frequency meter 
like an LM or BC-221. It is possible to get 
additional carrier suppression by increasing the 
capacitance of the trimmer.  There will be 
some sacrifice in audio quality if the frequency 
is set more than 10 db. down on the slope of 
the crystal-filter passband. This same adjust-
ment will be required in C2 with the 9001.5-kc. 
crystal switched in, but in this case the capaci-
tance is increased to move the frequency up 
the slope of the filter and thereby provide less 
attenuation of the carrier.  The 8998.5-kc. 
crystal will be used most of the time, since this 
is the one required to generate the lower side-
band. After the transceiver is in operation, a 
check with a local station will be helpful in 
setting the crystal trimmers. Move the carrier 
frequencies as far clown the slope of the filter 
as possible while still retaining acceptable 
quality. The local station will be able to tell 
you when you have gone too far. 
Now open Sz. Adjust the balance control, RI, 

for minimum output. Before making further 
adjustments, whistle directly into the micro-
phone and note the reading on the v.t.v.m. 
All subsequent adjustments of the balanced 
modulator should not affect this maximum 
reading more than about 10 per cent. Now 
connect trimmer C3 to one of the plates of the 
6AR8. Start with a minimum setting and in-
crease the capacitance. If the output does not 
decrease, try connecting the capacitor to the 
other plate. In all of these final adjustments 
of the balanced modulator, remember that a 
null is desired, not just reduced output; that is, 

adjusting C3, R, or the coil slugs in one direc-
tion should cause the output first to decrease 
and then to increase. The null is the minimum 
reading. Don't make the mistake of assuming 
that any decrease in output is an improvement 
in the null reading.  Readjustment of the 
primary and secondary slugs of Ti may improve 
the null. Just be sure that you are getting a 
null and not just decreasing the output by 
detuning the circuit. All of the null adjust-
ments interact to some degree, so keep making 
adjustments until there is no further improve-
ment. 
Now get the VXO operating. Assuming that 

the circuit oscillates, and the value of L1 is set 
as described earlier, the only adjustment to 
make is in Lz. With the power off, use the 
grid-dip meter to set the frequency of Lz to 
approximately 16 Mc. Turn on the VXO, con-
nect the r.f. probe to Pin 2 of the 6BA7 and 
adjust L2  for maximum output. Connect the 
r.f. probe to the No. 2 grid (Pin 8) of the 
12BY7 driver. Close Sz and peak the primary 
and secondary of T6 for maximum indication. 
Be careful that these circuits are not being 
tuned to 8.2 Me. instead of 7.2 Mc. Check by 
turning off the carrier switch. The meter read-
ing should fall to a very low value. Re-adjust 
L2 for a maximum reading also. 
Move the r.f. probe to the input grid of the 

GDQ5. During all of these initial adjustments, 
remove the plate and screen voltage from this 
tube. Adjust L3 for maximum indication and 
readjust the primary and secondary of Ts. 
The final plate tank circuit is next. Check 

the tuning range of this circuit with the grid-
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dip oscillator. Set the neutralizing capacitor, 
Cs, at minimum value.  Connect a 52-ohm 
dummy load to the antenna terminal. With the 
6DQ5 filament on, but all other voltages re-
moved, apply excitation to its input grid. 
Connect the r.f. probe to the plate, Adjust 
the tuning capacitor Cs for maximum reading. 
If this occurs with C5 set at maximum or mini-
mum capacitance, the output circuit is not 
tuned to the correct frequency. Now adjust the 
neutralizing capacitor for a minimum reading. 
After the antenna is connected and the rig is 
on the air, some additional adjustment of the 
neutralizing capacitor may be necessary since 
a change in the output capacitance will un-
balance the bridge neutralizating circuit. Some 
adjustment of the output capacitor may be 
required to suit a particular installation. Try 
820, 1000 and 1200 pf., and see how much 
difference they make. The author found that 
a 0.6-ph. coil connected from the bottom of 
the whip antenna to ground made a noticeable 
improvement in the output. 
The remaining adjustments are for the re-

ceiver section. A modulated signal generator 
would help. Just peak Ti and T5  for maxi-
mum output on a received signal. No further 
adjustment of the receiver is necessary. All of 
the tuned circuits operate at 7 Mc. or higher, 
so there is no need to adjust them in normal 
operation since the VXO covers a range of only 
35 kc. 
Without going into excruciating detail, that's 

about it as far as the alignment and adjust-
ments are concerned. The assumption is made 
that all bugs have been removed before the 
final alignment is attempted. Anyone who has 

enough experience to start the construction of 
a single-sideband transceiver should know what 
to do when he runs into trouble. If not, he'd 
better not start. 

Afterthoughts 

My transceiver is installed in the car and is 
being used daily. Results have been very good, 
although not any better than commercial equip-
ment having the same power rating, of course. 
It is a very pleasant surprise to find that you 
can regularly contact stations who would 
normally be beyond your range for a.m. It also 
works the other way. The sideband stations 
will come through local noise which would 
ordinarily make a.m, reception difficult, if not 
impossible. 

I had the usual amount of troubles before 
the transceiver was operating in a satisfactory 
manner. Some design changes had to be made 
and the circuit shown in this article is not 
the same one used at the start of the project. 
There may be some concern about the unused 
triode sections of the 6AW8 and the 12AX7. 
The fact is that they just aren't used. Original 
plans included the full use of all tubes. It's 
better to have room for tubes you don't need 
than to have need for tubes for which you 
don't have room. Or something like that. 

A drawing giving the chassis layout has 
been purposely omitted. Benefit by my ex-
perience.  Use a larger chassis and cabinet. 
Use parts on hand where you can. You aren't 
going to be able to find some of the exact parts 
which I used. I have a larger junk box than 
you do. 
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Transceive with Transistors 
[Al most] 

VAROUJAN KARENTZ, WlYLB 

This project started off innocently and un-
intentionally, as most projects do when a choice 
part or component has been acquired. In this 
case, it was the donation of a 455-kc. me-
chanical filter by W1HTK, along with his 
"maybe you can use this someplace comment. 
Its subsequent incorporation into a transistor-
ized (almost) transceiver evolved from some 
preliminary circuit experiments and then into 
a system concept which included the follow-
ing objectives: 
1. Compactness and portability for either fixed 
or mobile use. 

2. Built-in a.c. or d.c. power supply. 
3. Minimum battery drain when only receiv-
ing. 

4. Operation on c.v., a.m., and s.s.b. (selecta-
ble sideband) with moderate output. 

5. All-band (80 through 10) full frequency 
coverage. 

G. Offset receiver tuning, audio-derived age., 
r.f. gain control, signal-strength and output-
power indicator. 

7. Construction with commercially available 
components wherever possible. 

8. Stability adequate for s.s.b. and mobile use. 
9. One-knob band switching. 
The overall design, however, was compro-

mised because the selection of mixing frequen-
cies was determined by the availability of crys-
tals already on hand.  These crystals were 
borrowed from the home station SB-300 re-
ceiver and resulted in using higher oscillator 
and mixing frequencies than preferred. An in-
spection of the transistorized SBE-34 trans-
ceiver also indicated many desirable circuit 
features, which were utilized wherever adapta-
ble. 
Early in the design, serious consideration 

was given to a 100-percent solid-state unit. 
After some experimentation which indicated 
substantial drive requirements in order to ob-
tain a minimum respectable power output (15 
watts), tubes were chosen for the final ampli-
fier and driver. R.f. power transistors do ex-
hibit excellent efficiency—Cup to 70 percent) 
but the low power gain, 15 db. or less, re-
quires relatively high if, input power.  In 
addition, the problems of band switching the 
extra stages and their associated input/output 
coil taps did not look inviting. Neither did 
the price of :30-Mc. r.f. power transistors. 
As the design developed and stages were 

bread-boarded, a despairing observation be-
came evident. Specifically, the conventional 
"well-stocked junk box" was almost useless. 

"Almost" tronsistorized, in this case, means semicon-

duc̀ors everywhere but in the lost two transmitter 

stages, where the r.f. power can be obtained more 

economically with tubes. The overall size, 11 34 by 5 

by 10 1/2 inches, and combination d.c./a.c. power sup-

ply make the transceiver useful either in the home 

station or the car. 

The transition of construction techniques from 
tubes to transistors required the use of com-
ponents and parts which were not ready to 
hand, particularly miniature low-voltage and 
low-wattage common components such as re-
sistors and capacitors. Many of these items 
were either purchased new or removed from 
surplus transistorized equipment and printed 
circuit boards, in addition to an active adver-
tising campaign among some W1 acquain-
tances. 
With any new construction effort, various 

sizes and values of components are needed 
where substitution and experimentation are 
necessary. This added considerably to the total 
cost of the transceiver, since many of these 
components did not end up in the final unit. 
Test equipment utilized included a v.o.m., 

v.t.v.m., audio signal generator, grid dip meter, 
regulated variable d.c. power supply, and a 
general coverage receiver.  During the final 
alignment and performance checks, a high-
frequency wide-band oscilloscope, frequency 
meter, and r.f. signal generator were used. 

General Principles 
The simplified block diagram, Fig. 1, indi-

cates signal flow and the various stages com-
prising the unit. The sideband-generator con-
cept used was originally described by W6TEU' 
as a vacuum tube. exciter, and later a transistor-
ized version was incorporated in the SBE-34. 

Fran, Deumber, 1967, ()ST. 
Bigler, "A Sideband Package", ()ST, lone, 1958. 

Also in Single Sideband for the Radio Jnialeur. 
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FIG. 1—Block diagram of the transceiver. Open arrowheads indicate direction of signal flow in receiving; 

solid arrowheads indicate direction in transmitting. 

W6TEU's article provides an excellent de-
scription and alignment procedure. Basically, 
the 453-kc. carrier signal from Q, is fed into 
the balanced modulator, where the carrier is 
milled out, and the sidebands are then fed 
through an amplifier and the 455-kc. mechani-
cal filter, which strips off the lower sideband. 
Sideband selection is accomplished by doubling 
the carrier frequency and then either doubling 
or tripling again (in Q7) to arrive at 1812 kc. 
for lower sideband or 2718 kc. for upper side-
band.  The selected frequency is mixed in 
CR 17, with the 453-kc. u.s.b. signal, resulting 
in a sum or difference suppressed-carrier fre-
quency at all times of 2265 kc., upper or lower 
sideband. The s.s.b. 2265-kc. output of the 
sideband generator is fed into the low-fre-
queney mixer stage, Q10, which also receives 
the output of the v.f.o. The v.f.o, tunes a 
500-kc. band from 6130 to 6630 kc. The re-
sultant sum output of the low-frequency mixer 
is tunable from 8.395 to 8.895 Mc. This sig-
nal is then converted to the desired operating 
band in the following high-frequency mixer 
stage, Q14, by the associated heterodyne crys-
tal oscillator, Q.  Since the heterodyne oscil-
lator frequency is always on the high side of 
the b.f. mixer input signal, a single v.f.o. dial 
calibration will suffice for all bands when the 
proper heterodyne-oscillator crystals are se-
lected. With the v.f.o. dial calibrated from 0 
to 500 kc. the operating frequency is directly 
read on the dial by adding the lowest fre-
quency in megacycles, for the band in use, to 
the dial reading. The 10-meter band requires 
four 500-kc. segments to cover 28 to 29.6 Mc. 
In the TRANS MIT mode the output from the 

high-frequency mixer, Q14, is fed to the 12BY7 

Class A driver and from there to the 61136 
Class AB, final linear amplifier. In the nEcEivE 
mode the signal from the antenna is coupled 
into the r.f, amplifier stage, Q17, and thence to 
the high-frequency mixer, after which it follows 
a reverse path back through the mixers to the 
diode balanced modulator, which acts as a 
detector. The detected signal is then amplified 
by the audio amplifier, Q,„ and the audio out-
put stages. At the same time, the audio out-
put is gain-controlled by the a.g.c. amplifier, 
Q4, which controls the gain of the r.f. ampli-
fier, Q,„ and the 453-kc. amplifier, Q9. 
Fig. 1 also indicates those stages which 

operate in either the receive or transmit modes. 
The amplifier/mechanical-filter, low-frequency 
mixer and high-frequency mixer perform bi-
laterally, and cari be considered unidirectional 
in the selected mode, allowing signals to be 
passed in the desired direction. The injection 
oscillators Q„, Q„ Q1.„ Q1„, and Q1, operate 
continuously. Other stages are biased off as 
required. 

Microphone Amplifier 

The mike preamplifier, Q„ and amplifier, Q2, 
are conventional common-emitter amplifiers. 
Q, is designed for low-impedance output, iso-
lated and bypassed for r.f. by the RC combi-
nation of the 4700-ohm resistor and 470-pf. 
capacitor Fig. 2. The audio stages were built 
on a 3M x 1:&-inch epoxy board, allowing ample 
room for addition of a speech compressor at a 
later date. The two stages of audio provide 
ample audio gain for this use.  These two 
stages provide sufficient gain (in excess of one 
volt output) even when a high-impedance 
—54-dbm.-output microphone is used. With 
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this mismatch the amplifier dynamic gain is 
reduced, the microphone is heavily loaded, and 
some low frequencies are attenuated. How-
ever, audio response is adequate since the 
microphone in use has a roll-off characteristic 
in the opposite direction. A matching input 
transformer (100,000 to 2000 ohms) could be 
used for a better match. The output would 
then be proportionally increased, and possibly 
Q., would not be necessary since only 0.2 to 
0.3 volt of audio is needed to drive the bal-
anced modulator. It should be noted that to 
reduce hum and feedback, Q, and Q.  are de-
coupled from the 11.5-volt bus throng-1i a 150-
ohm resistor and a 100-p.f. bypass capacitor. 

Balanced Modulator 

The diode ring-type balanced modulator, 
Fig. 2, provides approximately 35 db. of 
carrier suppression as measured with an r.f. 
probe and v.t.v.m. for TUNE/C. W.  operation a 
small d.c. voltage is allowed to upset the bal-
anced modulator through the CARRIER  INSERT 
control, R,, when the function switch, S,,, 
(Fig. 4), is in the TUNE or c.w. position. The 
amount of voltage or carrier insertion is ad-
justed by this rear-panel 10K control pot. For 
c.w. operation a key is inserted into the nor-
mally-closed jack, J2, interrupting the cl.c, path 
except in the key-down position. The CAV. note 
is remarkably smooth. This is partially attribu-
table to the filter network composed of the 
56K resistor and the two 0.1-1.d. capacitors. 
During c.w, operation the mike gain control 
should, of course, be fully counterclockwise. 
Amplitude modulation is possible by setting 
the amount of carrier insertion to the safe AB, 
plate-dissipation operating point of the 6J136 

In the top-of-chassis 

layout  the  transmit-

ting driver and final 

amplifier occupy the 

left-hand section be-

tween the power sup-

ply and panel.  Au-
dio, if., and v.f.o. 

circuits are along the 

right-hand edge; the 

mechanical  filter  is 

visible  beyond  the 

upper edge of the 
circuit board mounted 

vertically  along  the 

rear chassis edge. In 

the center section, the 

receiving r.f. ampli-
fier and mixer com-
ponents are alongside 
the three-gang tuning 

capacitor; th- hetero-

dyne  oscillator  and 

its crystals are in the 

foreground. 

final amplifier and adjusting the mike gain for 
proper modulation. 
As in most balanced modulators, some inter-

action exists between the carrier null pot, the 
tuning of transformer T„ and the 7-5-pf. 
trimmer capacitor, C3. Adjustments to each 
alternately are necessary to obtain maximum 
carrier null. 

Amplifier, Filter and Low-Frequency 
Mixer 

The 453-kc. common-emitter amplifiers, Q, 
and Q8, are controlled by the 11.5-volt d.c. or 
ground bus as selected by control relay, K„ 
(Fig. 4), as are also the low-frequency mixers, 
Q51 and Q,,, and high-frequency mixers, Q„ 
and Q„ (Fig. 3). In the TRANS MIT mode the 
bias resistors for Q,, Q10 and Q„ are grounded, 
completing the bias voltage-divider network 
path and allowing these transistors to conduct. 
In the RECEIVE mode the same bias resistors re-
ceive a positive voltage (base and emitter at 
same potential), effectively cutting these tran-
sistors off. In either case, the exact reverse 
biasing method is used for Q,, Q„ and Q„, 
enabling conduction of the stages in the desired 
transmit or receive direction. The two capaci-
tors in series across the input to the mechanical 
filter resonate the filter to 455 kc. and pro-
vide a better impedance match to the base 
of Q9. 
The 3.1-kc. bandwidth filter has a substantial 

insertion loss—almost 15 db. With 2,5 volts 
of r.f. at the collector of Q9, centered in the 
middle of the pass band, the output from the 
filter at the terminals is 0.5 volt. Limited in-
formation was available on the actual slope and 
attenuation characteristics of the filter in use. 
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MIC. 

JI 

F1G.4 

<1 +11.5V. REG. 

FIG.4 

foe 

J2 

KEY nv-ti  
CARRIER 

INSERT 
LEVEL 
ADJUST 

AUDIO AMPLIFIER 

I uf. 
ISV. 

4700 - .1-

T 3 

10K 

MICROPHONE AMP. 

J_ 
433KC.  Yi 

220 I  230K 

FIG 4  FIG.4 

30uf. 

15V. 

R3 

100 uf. 

06  RFC 
2.31.01. 

.01 

+11.5V. REG. 

F10.4 

AR 

GRAY 

OLK.  ELK  ELK 

ISO 

DOUBLER 
SO 

...... "%21.1f. GATT. 

LEAD ONLY 
USED 

LSI 

CRI2  CR13 

12 
3 r  MULTIPLIER 

906KG. 

15 

ISO 

t11.5V. REG. 

FIG.4 

FIG. 2—Circuit of the sideband generator, audio amplifier, a.g.c. amplifier and S-meter amplifier. Unless other-

wise specified, fixed resistors are 1/2 -watt composition; capacitors with polarity indicated are electrolytic, fixed 

capacitors are ceramic except those marked SM (silver mica). 

ARI -100-mw. audio amplifier (Lafayette 99-9042; 

orange switch leads and red battery lead not 

used; assembly insulated from chassis). 

C ,-3-30-pf. mica trimmer (Arco 403 or equiva-

- lent). 

C1-7-45-pf. ceramic trimmer. 

F1 1-455-kc. mechanical filter (Collins F455-C-31, 3.1 

kc. bandwidth, used). 

11-2-circuit phone jack. 

J., —Closed-circuit phone jack (must be insulated from 

chassis). 

1.1-1.1, inc. —See Table I. 

1.5 1-3-inch speaker, 8-ohm voice coil. 

Mi-0-1 milliammeter, edge mounting (Calrad EW2-S 

or equivalent). 

121-12,, inc. —Linear controls, 1/4 or 1/2 watt composi-

tion. 

S1—D.p.s.t. slide switch. 

54—See Fig. 4. 

T1—Transistor broadcast oscillator transformer pad-

ded to 900 kc. (Vidaire 455 OA or equiva-

lent). 

270 

R4 
250 

270 
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AG C. REC7.8 AMP. 

X y_f, 1 
I5V. 

CR27 

A.G.C. ON 
  OFF 

3300 

ICIK 

3900 

S4A  P—VVV-4 
61300 

A.G. C. AMP. 

GAIN 

453 KC. 

4 TI 
— 

/-77 
33K 

4S3KC. 

TRAP 

rrn,"' 
  Z  . 

—11 — I LI 

100 1 -

SIR  [ 

04 

CR26 

cint, IC) 

30 

A.GG BUS 

I.F. AMP. 

1012 KC. LSO \ 

S-METER CIRCUIT 

1000 

\  271617C. 05,0 

SI 

74—Transistor interstage audio transformer, 10,000 to 

2000 ohms (Lafayette TR-96, center tap not 

used). 

V1-453 kc. (Surplus FT-241A, Channel 45). 

Z4— Miniature 455-kc. i.f. transformer (see text). 

DIODES AND TRANSISTORS 

CR,.,-CR 4,, inc. CR.„— Germanium; 1N34A, 1N67A, 

1N68, or similar, matched for forward resis-

tance. 

CR 4,4, CR 47 — Germanium, see text. 

411.5V. REG. 

TO 017 

F1G.3 

FIG.3 

F16.4 

MIXER 
453KC.  510  j.k g_  2265 KC 

FL I  T rA su L3  L4  F16  

F16.4 

F10.4 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

IN miCROFAR ADS I ,uf. ); OTHERS 

ARE IN PICOFARADS Ipf OR,u,u 0; 

RESISTANCES  ARE  IN OCIAS; 

K. 1000 

CR,:,-CR2G , inc. —Silicon; 1N914, 1N484, 1N645, or 

similar. 

Q. Q 1-2N508 (p-n-p). 

C1, -2N396 (p-n-p). 

0 1-2N697, 2N440A, 2N1893,  2N1613, HEP-50 

2N697, HEP-50 (n-p-n). 

C),, -2N396A, 2N425, 2N1305 (p-n-p). 

07, Cl,„„ 0„ -2N396A,  2N425,  HEP-51,  2N1305 

(13-n-13). 
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HET. X TAL. OSC. 

J-  I 52E 0—  
o  o 
o o° 

Y2-Y9 INCL. 

el lt 11.5V. REG. 
F1G.4 

F1G.2 

FIGS 

27K 

L.EMIXER 

5.176—T 

016 

5600 
270 

C4A 
r4 2.eo 

011 

010 

.005 

8-395 
TO 

L7 
8.895 MC 

ITÁT ir6i  

LB 

MK 

F1G.2 

<I  I  33K 

.02/ 77  

FIG. 4 

R 

T 
F10.4 

47 

GROG I 

r-r. 470 

680 

520 
 8°6 010 40P 0010 
C7 200'u ,0 o 

8 4 
60 

10K 

014 

330 

Sm 

HF. MIXER 

015 

2700 

"W CR20 
CRI9i 

CRII 
115M 
REG. /77  

VFI6.4 
FIG. 3—Circuit of the low- and high-frequency mixers, heterodyne oscillator, v.f.o., driver and final amplifier, 

receiving r.f. amplifier and 100-kc. calibrotor. Fixed capocitors marked SM are silver mico; others are ceramic. 

Unless otherwise indicated, fixed resistors are 1/4 -watt composition. 

.01 

t 10V 
REG. 

013 

C4B 5 
5 

C4C 
20 

V.F.O. (6.13-6.63MC.) 33 3.18-
012 

3900 
680 
10K  I2K  3900 .01 

390 100 

- 330 

ISM 
TsM 

_L 5 
zo LÇRIB 
 Alà MIt 

R7 

COL 

.01 

OFFSET 

ON 

OFFSET 

3300 

R8 

55 
OFF 

C4-3-section variable; 6-20 pf. per section (Miller 
1460). 

c,—NPO ceramic trimmer, 3-12 pf. (Centralab 822-
'  FZ or equivalent). 

CO3 c7, c7, c„,-8-60 pf. mica trimmer (Arco 404 or 
equivalent). 

C,-2-20 pf. mica trimmer (Arco 402 or equivalent). 
pf. air padder with rear shaft extension, 

ganged with 120. 

C, 2-2-section superhet-type variable, 365 and 135 

pf. (Lafayette 32G1101 or equivalent). 

C1.,-65-340 pf. mica trimmer (Arco 303 or equiva-
lent) modified by adding  1/8-inch shaft for 

panel control. 

C54 -1-8 pf. piston trimmer, plastic (Erie 532-000-BR 

or equivalent). 

6800 10 6800 

inc. —See Table I. 

1.2. 11 turns No. 16, air-wound, 11/4 in. dia., 8 turns 

per inch (B & W 3018 or equivalent). 

turns No. 20, air-wound, 1 in. dia., 16 turns 

per inch, tapped 4th turn from ground end 

(B & W 3015 or equivalent). 

milliammeter (Calrad EW-2 or equivalent); 

-  indicates 2000 ma. full-scale in circuit shown. 

inc. —Linear-taper control, 1/4 or 1/7 watt. 

R111 -7.5 ohms, 10 watts (TV ballast type, Hamilton-

Hall FR-7.5). 

S.,—Ceramic rotary, 5 sections, 1 pole per section, 

11 positions (8 used) (Centralab PS-21 sections 

with indexes; see text). 

S.1—S.p.s.t. slide switch. 

5, —S.p.d.t. slide switch. 
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FI 0.2 

A 
Y 10 O  100 KC. 

.01 

RC VG. 
R F. 
AMR 

.001 

56p< 

 'VV\.•  

3900 

3.5-30M C. 

BO 

o 

L9-LI3 

I2BY7 

CALIBRATOR 

4700  .05 

R6 
10X 

PRESELECTION 
TUNING 

DRIVER 

.002 
0   

CII 

L19-L23 
INCL.  '001  

EXCEPT AS INDICATED, DECIMAL VALUES OF 

CAPACITANCE  ARE  IN  M1CROFARA DS (pf 

OTHERS  ARE  IN PICOFA RADS (pt. oR)u)A); 
1-300  RESISTANCES  ARE  IN  OHMS;  6= 1000. 

FIG. 4  710 .4 

inc. —See Fig. 1 for frequencies. 

Y-50 -100 kc. 

Z-4 turns No. 16 spaced to occupy length of 100-

ohm 2-watt composition resistor. 

DIODES AND TRANSISTORS 

CR 55 -10-volt zener, Y2 watt (1N758 or similar). 

CR is , CR,,,,-CR,„, inc. —Silicon (1N484, 1N645, or simi-

lar). 

CR„,  CR,,„—Silicon,  matched  forward  resistances 

(1N434B, 1N484,1 1N645 or similar). 

3.5-30 MC 

FIG.4 

R9 501( 

R.F. GAIN 
FIG.4 

+11.5v.FIEG_[ > 

FIG.4 
3.0 30 MC. 

10 

S2C 

LINEAR AMR 

L25 

L 24 

300 MA. 

.001 

1000 

L14 -L 18 

tI1.5 0.  REG 

FIG.4 

CR30  FIG.4 

6220, 
t 300 

12BY7 68J6 

M2  4 
MA. 

RIO 

FIG .4 

FIG.4 

CR, 2—Voltage-variable capacitor (1N955, TRW 

V47 or V947, or similar). 

0 10 , 0, 5, Q„, Q„, 0„ —PNP r.f. type (2N2905A, 

2N2672, 2N1132, 2N711, HEP-51  * or similar). 

Q12 , C11.5— NPH, r.f. type (2N706, 2N708, 2N918 or 

similar). 

Q„, 018 — NPN, r.f. type (2N708, 2N918, HEP-50 or 

sim ilar. 
• HEP-51 not optimum for Q„. 
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TABLE I 
All coils listed below are close-wound on slug-tuned forms using enameled wire. Taps, when required,are 
counted off from the ground end of the coil. Shunt capacitors should be silver mica. 

Coil 
Form Dia. 
in. 

Wire Size No. of Turns Tap Turns 
Shunt Cap. 

Pf. 

L! * 33 75 
L2 

_3 
16" 33 65 

L3 33 80 45 
L4 .136 33 80 10-11rn link 
Li 3 .; 26 25 

LG, L7 a 
1 6- 20 24 4-turn link 

1.9 
1 
4 24 10 7 

2-turn link 
L9 _3 

1 6 33 50 
Lto, 1.15 

3 
1 6- 26 26 

Ln l'e 24 13 
L12, L37 24 8 
Lis, LIS 136 24 5 
L14 0 

1 6- 33 55 
LI6 136" 24 14 
LI9 4 26 40 150 
L20 

1 
.i- 26 22 100 

1.71 22 14 75 
L i22  4 22 12 50 
Ln 1 

1 22 17 22 

If the newer type 2.1-kc. Collins experimenters' 
filter is used the insertion loss should not be 
as severe, on the assumption that the newer 
filters have improved characteristics. A differ-
ent carrier-oscillator crystal frequency would 
have to be used to place the carrier at the 
proper point on the filter slope. 
A 453-kc. tuned trap (miniature 455-kc. 

transistor if, transformer), Z1, is in series with 
the collector of Q, and coil LI. Apparently a 
small amount of fundamental signal (453 kc.) 
from the crystal oscillator was not adequately 
rejected in the frequency-doubler transformer 
T., or by the high-frequency tuned circuits /41 
and L2. Prior to inserting the trap this 453-kc. 
leak fed back through the filter out of phase 
with the suppressed-carrier signal and caused 
difficulty in balancing out the carrier on upper 
sideband. A double-tuned circuit substituted 
for T,, or possibly a different physical layout, 
would eliminate the need for this series trap. 
It is necessary that double-tuned circuits be 

used wherever indicated in the schematic, to 
provide the selectivity necessary for rejecting 
harmonics and unwanted mixing frequencies 
and provide a clean signal for the following 
stages. The doubler diode, CB, G, and mixer 
diode, CR,,, where selected for optimum signal 
output, as were their associated bias resistors. 
A number of different diodes tried worked, 
but it was noticed that because of various char-
acteristics a particular diode performed better. 
Both types finally used were unmarked ger-
manium surplus. 

The output (or input as may be the case) 
coil, L, (Fig. 3), of the low-frequency mixer 
stage is tuned and tracks with one section of 
the three-gang v.f.o. tuning capacitor. This 
provides uniform frequency response, along 
with rejection of unwanted frequencies, to its 
associated coil, L7. The mica trimmer of the 
variable-capacitor section is adjusted to obtain 
the padding necessary to tune L, through a 
500-kc. range. 

Audio Circuits 
Audio amplifier Q,, Fig. 2, obtains the re-

ceived signal from the ring modulator, now 
acting as a detector. Its output is fed into the 
audio-derived a.g.c. amplifier, Q4, and the pre-
packaged  100-mw. audio output amplifier. 
The 0.02-ilf, capacitor and 12K resistor across 
the primary of T3 improves the frequency re-
sponse and provides a more constant load for 
Q„. The output audio amplifier is designed for 
a common positive battery supply, and there-
fore the amplifier printed circuit board has to 
be insulated from the transceiver chassis and 
decoupled from the 11.5-volt supply. Corre-
spondingly, the voice coil of the speaker must 
be returned to the proper terminals on the p.c. 
board. Q, is not biased off in •TRA NS MIT since 
the audio output amplifier is cut off completely. 
One hundred milliwatts of audio output with a 
miniature 3-inch speaker certainly does not ap-
pear very convincing to the high-fi-minded, 
but the result is gratifying. A 4-inch speaker 
with a large magnet gave significantly im-
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proved output and response, but space limita-
tions dictated the use of the smaller speaker. 

A.g.c./Meter 

The audio signal to the a.g.c. amplifier, Q„ 
is rectified by CR„ and applied as a negative-
going voltage to Q4's base. A fast attack and 
slow release characteristic is obtained by the 
combination of the base bias resistors and the 
50-p.f. capacitor. A.g.c. action reduces the gain 
of the r.f. amplifier, Q„, and the 453-kc. ampli-
fier, Q9, by decreasing their base-to-emitter 
voltage, which in turn reduces collector current. 
With no incoming signal Q, is conducting 
heavily and the potential at the junction of the 
1000-ohm a.g.c. load resistor and the a.g.c. 
bus is less than 11.5 volts. As an incoming 
signal is applied to its base, Q4 conducts pro-
portionally less and the a.g.c. bus potential in-
creases, thereby raising the base voltage of Q„ 
and Q„. The 6800-ohm resistor in series with 
the collector of Q4 limits the a.g.c. action untll 
an incoming signal exceeds the audio level 
where output variations are detectable. The 
gain of the a.g.c. amplifier is adjustable by a 
rear-panel control, R,. Age. can be defeated 
completely by switch S,,, which effectively 
shunts Q, and places the a.g.c. bus potential 
at approximately 9 volts. 
The S-meter circuitry is unusual in that it 

provides approximately logarithmic compression 
by nonlinear action. As the a.g.c. voltage ap-
plied to the base of Q, increases, the collector 
current decreases and the potential across each 
silicon diode (CR„, CR„, CR„) rises, ex-
ceeding the conduction point (0.5 volt average) 
of each diode successively as determined by 
its series resistor,  Current is now shunted 
through  each  diode,  limiting  the current 
through the meter, 111,. The 1500-ohm resistor 
and CR,,, establish full scale or 30 db. as indi-
cated on the meter. As the incoming a.g.c. 
voltage decreases, Q„ conducts more heavily, 
the potential across CR„ becomes less and it 
stops conducting, followed by CR„ and CR„ 
in that order, thus reducing the compression. 
With the 3300-ohm resistor in series with the 
meter, compression does not begin until a read-
ing of S9 is indicated, hence approximately 
30 db. of logarithmic compression is achieved. 
This action is dependent, of course, upon the 
non-linear a.g.c. characteristics and r.f./i.f. gain 
variations from band to band—the primary 
downfall of all S-meter circuitry. The values 
of the voltage divider resistors in the emitter 
circuit of Q, are selected experimentally so that 
when R., is properly adjusted M, will be zeroed. 
A separate pot in the emitter circuit of Q, 
could be substituted and would provide ease of 
adjustment. CR„ acts as a diode switch to cut 
off Q, in TRANS MIT.  This zeroes M, and allows 
it to function as a relative-output meter from the 
circuitry associated with the final amplifier tank. 

Variable-Frequency Oscillator 
The v.f.o. construction departs from the tried 

and true philosophy of rigid and heavy con-

struction, yet retains good thermal and me-
chanical stability. The entire v.f.o., with the 
exception of C, and the calibrate and offset 
circuitry, was mounted on a copper-clad 1% by 
3-inch epoxy board. Q„,, Q „ and L„ are con-
tained in a shielded enclosure. The oscillator, 
Q12, is in a common-emitter Colpitts config-
uration, with an associated emitter follower, 
Q1.1, used for isolation. The collector voltage 
for Q,, and  is regulated by a Zener diode, 
CR„. One volt et r.f. output is available at 
the emitter of Q,,. Two sections of the varia-
ble capacitor, C4, are parallelled in order to 
make the v.f.o. cover from 6130 to 6630 kc.; 
the adjustments available by the slug in L, 
and trimmer capacitor C, enable the frequency 
range and tracking to be set. 
The v.f.o. circuit incorporates dial-calibration 

and receiver-offset features. CR„ is a silicon 
diode which exhibits a slight capacitance vari-
ation when reversed biased, and is placed in 
series with a 5-pf. capacitor arross the v.f.o. 
coil. By varying the bias voltage the frequency 
of the oscillator can be changed independently 
of C, by about 15 kc. The calibrating pot, Rs, 
initially sets the v.f.o. frequency to correspond 
with the dial (digital counter) reading. R, al-
ways functions in TRANsmiT, but in RECEIVE it 
functions only when the offset switch, S3, is in 
the off position. 1f it is desired to change the 
v.f.o, frequency while in the RECEIVE mode, the 
offset pot, R„ is switched into the circuit. This 
control will vary the received frequency ap-
proximately 4 kc. either side of the dial read-
ing while the transmitting frequency always 
remains where it was set by the dial. The 
diode switch, CR„, and the position of the off-
set switch determine when the offset control is 
in the circuit. When S, is in its off position, 
CR„ does not conduct during RECEIVE  but 
CR,, does conduct, keeping the calibrate pot 
in the circuit. On TRANS MIT, CR20 always con-
ducts regardless of the switch position. CR,, 
and CR„,„ must be evenly matched in forward 
resistance since unequal voltage drops would 
change the voltage on CR„ when switching 
from TRANS MIT to RECEIVE, thereby causing a 
frequency shift. 
V.f.o. stability was achieved by an effective, 

but not yet well recognized, simple method. 
Very briefly, transistor junction heating, from 
whatever source, varies the transistor charac-
teristics—significantly, its capacitance—resulting 
in frequency drift. This junction heating in an 
oscillator is also a function of the feedback 
voltage, which determines to some extent the 
collector current. By using a high-Q tuned cir-
cuit (as in any oscillator) and selecting the 
correct amount of feedback voltage or collector 
current, a set of operating conditions can be 
established which will minimize oscillator drift 
(other than that caused by external tempera-
ture changes). In this case, a fixed regulated 
voltage (10-volt Zener diode regulator) was 
selected and various values of feedback capaci-
tance were tried experimentally until the drift 
of the oscillator was recognized as doing posi-
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FIG. 4—Power and bias supplies, and con-

trol circuits. Unless otherwise specified, fixed 

resistors are 1/2 watt. Capacitors with po-

larity indicated are electrolytic; others are 

paper. 
CR i, CR2—Silicon, 800 p.i.v., 500 ma. 

CR.,—Silicon, 800 p.i.v., 100 ma. 

CR4'-C127, inc. —Silicon, 50 p.i.v., 5 amp. 

CRA—Zener, 6.5 volts, 0.75 watt.* 

CRA—Zener, 5.0 volts, 0.75 watt.* 

CR io —Silicon, 25 p.i.v., 500 ma. 
inc. —Pilot lamp, 6-8 volts, for meter 

and dial illumination (Lafayette 99 

C 6262). 

4 —Chassis-mounting 15-contact male cono. 
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P,,P2—Cable-mounting  15-contact female 
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•  K, —D.p.d.t., 12-v. d.c., 10-20 ma. 

Cil19 2N697, 2N1613, 2NI893, or equiva-

lent (n-p-n). 

•  C/21 -2N441, 2N442, HEP231, or equivalent 

R11 -50,000-ohm linear control, Y2 watt. 

54-2 pole, 3-position rotary, 5-amp. contact rating 

(one section, 54A , Fig. 2, is used for a.g.c. 

switching; S ib  is  used for power switching. 

These functions are combined  to conserve 

panel space). 
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tive; then the values were changed to find the 
point where drift was going negative. The 
capacitance values indicated in Fig. 3 are those 
which fell in between. The alternative method 
would be to select the optimum value of the 
feedback capacitor to maintain maximum Q and 
then adjust the collector voltage in varying in-
crements (noting voltage values) until the drift 
rate changes from negative to positive. At the 
zero-drift point a Zener diode (or combination 
of them) can be substituted to maintain the 
collector voltage at that point. It should be 
noted that this is not temperature compensa-
tion in the normal sense—i.e., it is not applica-
ble to thermal changes in external components. 
The v.f.o. drive uses a Jackson dual-ratio 

vernier control to allow either fast or slow 
tuning.  The digital counter and associated 
gears were obtained from various surplus 
sources, including some local WI's who dug 
real deep to the very bottoms of their junk 
boxes. A. lucky combination of ratios was made 
up to obtain exactly the required 0 to 500 
counter reading from minimum mesh to full 
mesh of C  A circular direct-driven dial is 
much simpler and of course would not require 
any gearing. For information, with the gearing 
available the last gear ended up at the digital 
counter with a one-to-one ratio.  This was 
necessary in order to have the digital counter 
read correctly by turning in the reverse direc-
tion to the tuning capacitor; with the hetero-
dyne crystal oscillator on the high side of the 
mixer frequency, the v.f.o. frequency decreases 
as the signal frequency increases. 

Heterodyne Oscillator 
Link coupling is used from the heterodyne 

crystal oscillator, Q,,, to the emitters of the 
high-frequency mixers, Q„ and Q1„. Although 
a different crystal is used to cover each of the 
four segments of the 10-meter band, L, with 
the parallel 3-pf. capacitor allows oscillation to 
take place with any' one of the four. Trimmer 
capacitors resonate the coils for each of the 
lower bands. On 80 and 40 meters, an addi-
tional fixed capacitance is shunted across the 
trimmer. 

Varicap Tuning 

Among the problems of tunable circuit de-
sign are those of matching to the input of 
transistors and the extra switching required to 
connect each tuned circuit's low-impedance tap 
to the transistor. A compromise was reached 
by eliminating the extra switching in the r.f. 
amplifier and h.f. mixer stages while still re-
taining an acceptable impedance match. Both 
the r.'f. amplifier, Q,„ and high-frequency 
mixer, Q1,, utilize a voltage-variable capacitor 
diode (b/i2, and CRT,) for tuning the band in 
use. These diodes (Varicaps), specifically de-
signed for relatively high-Q r.f. applications, 
are used in a series-parallel' combination with 
fixed voltage-divider capacitors for impedance 
matching. The two Varicaps are remotely con-
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trolled by a common front-panel pot, R5. R, 
is ganged to the 12BY7 driver tank-circuit ca-
pacito, C11, and thus is used for single-control 
preselector tuning in RECEIVE and driver output 
tuning in TRANS MIT. Trimmer capacitor C1, in 
the base of Q 1., is a padding adjustment for 
CR.,, to keep the capacitance range consistent 
with the frequency band it covers. In circuits 
of this type where r.f. voltage is applied, the 
d.c. bias across the Varicap must be greater 
than the develou.d r.f. voltage since it is 
posible that the capacitance of the Varicap 
can be changed by the r.f. voltage if it ex-
ceeds the d.c. bias level. This normally un-
desirable situation is put to good use, when 
Q14 is conducting, to provide some degree of 
low-level ale. action. The d.c. bias is reduced 
slightly, with the L/C ratios adjusted to main-
tain resonance at the desired frequency. When 
the r.f. voltage amplitude increases with speech 
and exceeds the threshold d.c. bias, the change 
in Varicap capacitance detunes the circuit and 
the output proportionally levels off. 

Rf. Amplifier and 100-kc. Calibrator 
Qi, is a common-base amplifier for maximum 

voltage gain and high-impedance output; the 
latter is desirable for minimizing loading of the 
high-frequency mixer and driver input stage. 
Protection is provided from transmitted r.f. by 
two silicon diodes, CR,„ and CR,„, which con-
duct to ground when the c.f. voltage is greater 
than 0.5 volt at the front end. The antenna is 
tapped down for impedance matching by the 
capacitor voltage divider mentioned previously, 
and the circuit is tuned by CR.,„. RI. gain is 
controlled right at the receiver front end, ahead 
of the amplifier, and a strong signal at the 
antenna that could cause overloading can be 
effectively attentuated by this control'. As Q„ 
is always operating at maximum gain, no com-
promise is made on age. characteristics, as 
usually is necesary in normal r.f. gain control 
circuits. 
By tying one end of the r.f. gain-control pot, 

R,,, to the output of the 100-ke. crystal cali-
brator, variable-amplitude calibration injection 
is available. When the calibrator is turned on 
by S., and R„ is rotated toward the calibrator 
end, "signals coming from the antenna are at-
tenuated, Eliminating incoming signals and at-
mospheric background noise makes-  the 100-kc. 
markers easily identifiable across any band. 

Driver and Final Amplifier 
The 12BY7 class A driver is completely cut 

off in RECEIVE by applying —80 volts through 
K. (Fig. 4) and the grid resistor. In TRANS MIT 
the grill resistor is allowed to complete its nor-
mal path to ground. Up to 3.5 volts .peak r.f, 
is available at the grid of this stage on 10 
meters. All the drive''. ' output coils, L',„ to L.,„, 
are swamped with resistors (not shown in the 
schematic) to provide a constant load and to 
prevent self-oscillation.  The values of these 
resistors were not critical, and they were ex-
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perimentally selected to allow sufficient drive to 
the final amplifier, yet maintain stability. There 
is more than enough drive on all bands and 
heavy swamping was necessary, particularly 
across the 80- and 40-meter coils, to prevent 
rid current flow in the final amplifier. As in-
formation, the values used were:  and 
4700 ohms; L..,, 6800 ohms; La.. and 
10,000 ohms; all Y2 watt.  Optimum values 
should be determined experimentally. 
A multiband tuner is used in the final tank 

circuit. It resonates in 80-, 20-, 40-, 15-, 10-
meter sequence from maximum to minimum 
capacitance. 
Cl„, the output loading capacitor, is adjusted 

conventionally for loading the amplifier into the 
antenna. 
Relative power-output indication is obtained 

by rectifying a portion of the r.f. output by 
CR,„ and applying it to the combination out-
put/S-meter. Relative reading on the meter can 
be adjusted by CH. Since the meter circuitry 
is at a positive potential the diode rectifier 
path for this circuit must be returned to the 
11.5-volt bus rather than to ground. The 0-1 
milliammeter, 3/.., is connected as a voltmeter 
to indicate 200 ilia. full scale. Final-amplifier 
resting plate current is adjusted to 25 ma. on 
111..-NS:\IIT by the bias pot, R,, (Fig. 4); on 
RECEIVE the resting current decreases to 15 ma. 
because the 100K resistor in the grid circuit of 
the 12BY7 is lifted from the ground and in-
creases the bias voltage. Plate current in the 
TUNE/C. W. position with the amplifier loaded is 
150 ma. 

Power Supply and Regulator 

High voltage is obtained from a dual-purpose 
power supply. The power supply transformer, 
T.„ is a readily available item and is especially 

The band switch ex-

tends along the center 

of the underside of 

the  chassis.  Wiring 

here is principally be-

tween  the  circuit 

boards that make up 

individual sections of 

the transceiver. 

designed for either 115 volts a.c. or 12 volts 
d.c. input. The secondary, which is rated at 
280 volts, 150 ma., is used with a voltage-
doubling rectifier-filter which raises the B+ 
voltage to 600 volts, and also supplies a 300-
volt output for the driver B+ and the screen 
of the final. The supply has been loaded to a 
full 200 nia. continuously without any evidence 
of excessive heat. Negative voltage for the final 
amplifier and the driver grids is obtained by a 
shunt rectifier directly off the secondary a.c. 
winding. 
In a.c. operation full-wave bridge rectification 

is used from the 12-volt a.c. winding to pro-
vide d.c. voltage for the transistors.  This 
voltage is filtered and then regulated to 11.5 
volts by Q,„. CR, and CR,, are Zener diodes 
which establish the reference level for the 11.5 
volt regulated bus. This figure was chosen in 
order to allow for possible voltage drop in sup-
ply leads from a 12-volt battery when d.c. 
power supply is used. A 10- or 11-volt Zener 
probably could be substituted with no change 
in overall operation, but in that ease the opti-
mum values for bias resistors for the various 
stages might be different from those given 
and should be determined experimentally. 
With 12 volts cl.c. input, CR,,, acts as a one 

way current valve, preventing 12 volts d.c. from 
being applied back through the d.c.-to-d.e. 
converter. This is necessary in order to allow 
the receiver to be turned on by switch S_, on 
R.„ and yet not allow the filaments or other 
circuits to draw current when the "receiver 
only" mode is selected. Total current drain in 
the "receiver onlv" mode is 140 ma. Half of 
this current is used by the four illuminating 
lamps for the dial and meters. 
The d.c.-to-d.c. converter portion of the 

power supply circuitry is that recommended 
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by the transformer manufacturer, with the ex-
ception that higher-power transistors (Q„ and 
Q., 4) are used. Both transistors are mounted 
or: a finned heat sink attached to the top of T„. 
The end bells of T, were removed to save space 
and enable T, to be mounted horizontally. 

Construction Notes 

The balanced modulator, its associated crys-
tal oscillator and double/tripler, the mechanical 
filter/453-k.c. amplifiers, and low-frequency 
mixers were constructed on a fill by 3-inch 
copper-clad epoxy board. Another copper-clad 
board, M by M inches, was utilized for the 
heterodyne oscillator, r.f. amplifier, high-fre-
quency mixer, and the v.f.o, tuning capacitor. 
The age. amplifier, S-meter amplifier, d.c. 
regulator, and 100-kc. calibrator were located 
on the two boards where it was found con-
venient, since their associated circuitry was not 
critical with placement. Each stage was con-
structed and tested individually before going 
on to the next stage. The v.f.o. used the same 
construction, and likewise was tested and cor-
rected for stability as previously described. 
Most of the components were mounted above 

the boards and their leads interconnected 
either by direct wiring or through terminals 
beneath the board. For most components the 
copper-clad board was drilled to accept the 
wire size of each lead, and then countersunk by 
hand with a larger size drill just deep enough 
to remove the copper foil around the hole, to 
prevent shorting.  Ground connections were 
soldered directly to the copper surface. The 
boards were mounted to the 11- by 9-inch cut-
out chassis after most of the individual stage 
construction and testing had been finished. 
The metal boxes and shields (other than for 

the v.f.o.) visible in the photographs were used 
as a precautionary measure rather than from 
necessity. However, it was considered good 
practice. With the close spacing of components 
and wiring, care was taken in placement of 
the various r.f. stages to minimize undesired 
coupling. 
The band switch, S.., is actually three sepa-

rate ceramic rotary assemblies ganged together. 
The first section, using a single wafer, is 
mounted on a bracket placing the wafer 2 
inches behind the panel. A two-wafer assembly, 
for the preselector, is similarly mounted in line 
with the first so that its front wafer is 4 inches 
away from the single wafer; the shafts of the 
two switches are ganged with metal tubing and 
set screws. The third assembly also has two 
wafers, separated 3 inches from the second 
section; this assembly (in the heterodyne oscil-
lator circuit) is similarly ganged to the second 
switch. 
Only those transistor types that were availa-

ble for use and were either directly substi-
tuted or found suitable for operation, after ap-
propriate base-bias adjustments were made, are 
indicated in the diagrams. The variety of tran-
sistors used indicates that many other types 

of small-signal high-frequency transistors can 
be effectively used. Whatever the types chosen, 
the base-bias resistors should be adjusted indi-
vidually for best performance, even for transis-
tors nominally of the same type, since the 
operating characteristics do vary somewhat 
from one unit to another. The utilization of 
transistor sockets greatly simplified circuit test-
ing. For mobile operation, soldered-in transis-
tors would probably be desirable, but good-
quality sockets have proven reliable. 
Conventional precautions were taken con-

cerning transistor handling, heat, applying volt-
ages, polarity, and so on, during the construc-
tion and testing.  Even with these normal 
precautions 8 transistors were destroyed by 
sheer negligence, because of a variety of cir-
cumstances—including accidentally applying the 
full r.f. output of the linear directly to the 
emitter of the receiving r.f. amplifier. 
As a side note, after all of the transistor 

circuitry was completed and working it was 
noticed that the copper-clad boards had begun 
to tarnish heavily. An attempt was made to 
remove the tarnish with alcohol and a deter-
gent. This proved catastrophic. Whatever the 
chemical reaction that took place, within days 
corrosion crept over the boards and under 
components until it appeared that the entire 
transceiver would have to be scrapped. As a 
last resort, the entire transceiver was immersed 
in a tub of soap and water, carefully washed, 
scrubbed and then rinsed. Then the chassis 
was placed in a 250-degree oven to bake out. 
The copper-clad boards with the components 
were later sprayed with clear Krylon. Corrosion 
is no longer evident. 
Overall performance of the transceiver has 

been very good. It has been operated on all 
bands and modes, with gratifying reports. 
Single-tone power output into a Byrd watt-
meter indicates 52 watts minimum output on 80 
through 15 meters and 45 watts on 10 meters. 
Receiver sensitivity, while not accurately mea-
sured, compares *favorably with that of the 
home-station receiver, and the set has been 
used as a "second receiver" for DX chasing. A 
few birdies are evident in the receiver, but only 
two of these are bothersome, falling in the 
phone portion of the 15- and 10-meter bands. 
All others are of very low amplitude and barely 
discernible. An exceptionally strong adjacent-
channel local station will produce cross-modula-
tion, but this can be controlled to a certain 
degree by the r.f. gain control, and the effect 
is not serious unless' the desired station is very 
weak. No doubt an FET r.f. amplifier would 
solve this situation, and it is planned eventually 
to replace the existing r.f. amplifier. The low 
current drain in the "receive only" mode is a 
decided advantage, since automobile battery 
drain can be considered negligible. There was 
no need for any special noise suppression for 
mobile operation, thanks to the substantial 
amount of filtering used in the d.c. regulator 
input circuit. 
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» Getting set up for operation on the 160-meter band is not 
difficult to do if one already has a s.s.b./c.w. transceiver for the 
75-meter band. This article describes an easy-to-build trans-
ceiving converter that will work with most commercial trans-
ceivers. It has a peak power output of approximately 25 watts 
and can be used on c.w, and s.s.b. to cover the range from 1.8 
to 2.0 MHz. 

A Transceiving Converter 
for "160" 

DOUG DEMAW, W10ER 

There is a good chance that the reader has 
been wanting to try his hand at "top-band" 
operation now that the privileges on 1.8 MHz. 
have been expanded. Also, since s.s.b, opera-
tion has become legal on the 160-meter band, 
existing equipment can be placed in operation 
to enable the user to visit this interesting band. 
For quite some time it has been practical to 

generate s.s.b. signals in the v.h.f, and uhf. 
regions of the spectrum by using transmitting 
converters in combination with an existing 14-
or 28-MHz. s.s.b. transmitter. The low-band 
transmitter signal is taken at low power 
(usually under 5 watts) and mixed with a 
crystal-controlled oscillator signal to produce 
the desired sum frequency, e.g., a 14-MHz. 
s.s.b. signal is beat with a crystal-controlled 
130-MHz. signal to produce 144-MHz. s.s.b. 
energy. Getting from the 75-meter band to 
1.8 MHz. can be done in a like manner by 
using the difference frequency of a 5800-kHz. 
crystal-controlled oscillator and that of a 3.8-
MHz. s.s.b. transceiver. This combination re-
sults in a frequency of 2000 kHz. Moving the 
transceiver's frequency to 4.0 MHz. results in 
a difference frequency of 1.8 MHz., the low 
end of the 160-meter band. This method is 
used with the simple 3-tube circuit described 
here, Receiving is handled in the same manner, 
beating the incoming 1.8-MHz. signal with the 
5800-kHz. energy to produce an i.f. of 4 MHz., 
thus utilizing the 75-meter transceiver's receiver 
section for listening to the 160-meter signals. 

Circuit Data 

Looking at the circuit of Fig. 1, V, , operates 
as a crystal-controlled oscillator to produce a 
5800-kHz, local-oscillator signal for transmitting 
and receiving.  This stage operates continu-
ously. Output from V,  is fed to the trans-
mitting mixer, V10, and to the receiving mixer, 
V„. V10 is turned off by means of K,,, the 
changeover relay, during receive. During trans-
mit, 3.5-MHz. s.s.b. or c.w. energy is supplied 
to the cathode of V1„, across a 470-ohm re-
sistor. This is mixed with the 5800-kHz, local-
oscillator output at VI, and resolts in a 160-
meter signal at the output of V115 . A high-Q 
tuned circuit couples the mixer output to the 

From No\ ember, 1968, QST. 

The transceiving converter is housed in a homemade 

aluminum cabinet which measures 8 X 8 X 12 

inches. Perforated aluminum is used for the top and 

back sides of the cabinet to assure good ventilation. 

grid of the power amplifier, V. The 6146B 
p.a. stage amplifies the 1.8-MHz. Signal input 
power is approximately 35 watts pep. 
During receive the local-oscillator energy is 

fed to the receiving mixer grid (V,) and beats 
with the incoming 160-meter signal to produce 
a receiving if, of 3.5 to 4 MHz., depending 
upon the dial setting of the 75-meter trans-
ceiver. Output from the mixer is routed to the 
transceiver through K,„ and J.  During trans-
mit, V, is turned off by K10. A double-tuned 
high-Q input circuit is used at V., to reduce 
images, and to lessen the chances of front-end 
overload from strong local b.c. stations.  A 
hand-pass tuned circuit is used at the output 
of V, to assure that only the desired i.f. signal 
reaches the input of the 75-meter transceiver. 
The metering circuit reads plate current-200 

ma. full scale—by measuring the voltage drop 
across a 10-ohm 5-percent resistor, R.„. The 
2000-ohm 5-percent metering resistor, R.„ pro-
vides a full-scale meter reading of 2 volts, cor-
responding to 200 ma. of current flow through 
R,. M, is a 0 to 1-ma. instrument. It reads 
relative r.f. output voltage when S, is switched 
to B.F. A resistive divider is connected to the 
output line of the p.a. stage and CR, rectifies 
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the r.f. which appears at the junction of the two 
resistors. A 22,000-ohm "linearizing" resistor 
helps to make the meter respond more uniformly 
to the changes in r.f. voltage. If greater accu-
racy is desired for the plate-metering circuit, 
1-percent resistors can be used at R. and R.,, 
though the 5-percent resistors should be suitable 
for this application. 
A probe-type neutralizing circuit is used at 

V,. C, is actually a stiff piece of bus wire, three 
in-ches in length, which is fed through the chas-
sis by means of an insulating bushing. The wire 
is placed adjacent to the tube's anode, and is 
in the same plane as the anode. It is moved 
to and from the tube envelope to vary the 
capacitance between it and the tube plate. Ad-
justment of C, is discussed later. 

Construction 

An aluminum chassis which measures 12 x 8 
X MI inches is used as the base for this equip-
ment. A home-made panel and cabinet is used 
to enclose the unit. The panel is 8 inches high 
and is 12 inches wide. The top is fashioned 
from perforated aluminum material which was 
obtained from the hardware store (Reynolds 
aluminum ). 
The layout should be apparent from the ac-

companying photographs. All long runs of r.f. 
wiring should be made with subminiature coax 
cable (RC-174/U), grounding the shield braid 
at each end of the cable. 

Checkout and Tune Up 

Some provision should be made to reduce the 
power output of the 75-meter transceiver to be 
used with this equipment. No more than 5 
watts of drive should be necessary; too much 
drive can damage V,R. Approximately 30 r.f. 
volts will appear between the transmitting mixer 
cathode and ground when normal 3.8-MHz, 
drive is applied. Some transceivers are capable 

Looking into the top of the trans-

ceiving converter, the power supply 

is at the lower right. Directly ahead 

of the power transformer is the re-

ceiving mixer, V,, and its tuning 

capacitor, C6. V, is to the left of 

V,, just ahead of the filter capaci-

tor. The p.a. section of the unit is 

at the upper left. C, is below the 

chassis, directly under C,. C,, the 

neutralizing wire, is encased in spa-

ghetti tubing and is visible adjacent 

to the 6146B tube. Relay K, is at 
the lower left. 

of supplying sufficient output on 3.8 MHz. by 
removing the screen voltage from the p.a. stage. 
Or, it may be practical to disable the p.a. and 
borrow some output from the driver stage by 
means of link coupling. The stout-of-heart may 
wish to merely turn down the speech gain of 
the transceiver until the desired power level is 
reached. This method was used in the ARRL 
lab while working with a KWM-2, but could 
lead to disaster if the audio level was inadver-
tently turned up beyond the desired point. 
Before testing the 160-meter unit, make sure 

that the changeover relay, K1, is connected to 
the remote keying terminals of the 75-meter 
equipment by means of J.  Then, connect a 
160-meter antenna to J. and listen for 160-meter 
signals, atmospheric noise, or Loran pulses. Peak 
the incoming signals by means of C8. For re-
ception on the low end of the 160-meter band, 
C8 should be almost fully meshed. The slugs of 
and L, should then be adjusted for best sig-

nal'response. When receiving near the high end 
of the band, C8 should be near midrange. Coils 
L8 and L, form a bandpass circuit and should 
be stagger-tuned to give uniform response across 
any desired segment of the 160-meter band, e.g., 
1800 to 1900 kHz., or 1900 to 2000 kHz. If the 
receiving section is performing properly, one 
should be able to copy a 0.3-Av. c.w. signal 
without difficulty in areas where minimum at-
mospheric and man-made noise levels prevail. 
Ordinarily, however, noise levels prevent such 
weak-signal reception. If no signals can be 
heard, check V1,., to make certain it is working 
properly. The 5800-kHz. signal can be moni-
tored on a general-coverage receiver to deter-
mine if the oscillator is operating. 
Attach a 50-ohm dummy load to I„ before 

testing the transmitter section of the equipment. 
Set R, for a resting plate current of 25 ma. for 
V,. This adjustment should be made without 
drive applied at Ji, but with K, energized. Next, 
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apply approximately 2 watts of 3.8-MHz. (car-
rier) drive at J.  Switch S, to read r.f. voltage, 
then tune C„, C„, and C5 for maximum meter 
reading. Next, L, can be peaked for maximum 
oscillator output, while still observing the meter. 
After the foregoing adjustments are made moni-
tor the plate current and tune for a dip the p.a. 
plate current by adjusting C,. C, is the loading 
control, and it should be adjusted so that the 
dip in plate current is rather broad to assure 
tight coupling to the antenna-necessary if a 
good-quality signal is to be had. When the p.a. 
is properly adjusted the plate current should be 
approximately 100 ma. 
If the 6146B stage is stable there will be no 

changes in plate current, other than the normal 
dip, as C, is tuned through its range. If addi-
tional peaks or clips occur, adjust the spacing 
between the neutralizing wire and the tube's 
anode until no instability is noted. With the 
drive disconnected from J„ tune C., through 
its range and observe the plate current. Only 
the resting plate current should be registered 
if the amplifier is stable. By coupling a sensitive 
wavemeter to L  during the latter test,' self-
oscillation will be apparent as r.f, output when 
C., is tuned. Fine adjustments to C, can then 
be made until no spurious output is noted. 
\Vhen operating c.w., insert sufficient carrier 

to bring the p.a. plate current up to 100 ma. at 
dip. The key can be plugged into the exciter's 
key jack, or into ,14. Since K, is not designed 
for highspeed keying, it might be best to use 
as the keying terminal. 

Final Comments 
It should go without saying that the true 

measure of any ham station's performance can 
be taken from its antenna system. This is as 
true for 160-meter operations as it is for any 
other band. A random-length wire will usually 
give random results; a good antenna will give 
good results when used with good equipment. 
A quarter-wavelength vertical antenna, worked 
against a good ground system (even if the verti-
cal element is physically short and uses lumped 
inductance to achieve resonance) will give good 
results. If space permits, a half-wave dipole, as 
high in the air as possible, will do an excellent 
job. Cood results can sometimes be obtained by 
using an end-fed horizontal quarter-wavelength 
wire, as high in the air as possible. The latter 
should be worked against a good earth ground, 
and the more of the wire that is vertically ori-
ented (current end) the better. 

"'Are You Putting Out On The Correct Band?" 
PST, March 1967, p. 25. 
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» If you are stuck with a monobancl transceiver for the 80-meter 
band, this article shows how you can get on 10 and 15 with 
relatively little trouble and expense. 

The transverter is built on a 7 

X  11  X  2-inch chassis with 

bottom cover. A 6 X 4 X 5-

inch utility box (LMB) houses the 

final amplifier. Along the chas-

sis, from left to right, ore the 

controls  for the  band  switch 
(SO, drive control (R1), meter 

switch, and the receiving tuning 

capacitor (CO. Of the two tog-

gle switches to the right, the 

upper one controls the external 

transverter power supply, while 

the lower one controls the two 

change-over relays. The pi-net-

work control and band switch 

are on the front of the ampli-

fier compartment. The screened 

ventilation hole in the top cover 

of the box is located immedi-

ately above the 6146. 

A 21/28- MHz Transverter 
for 3.5- MHz Transceivers 

DENNIS M. PETRICH, KOE00 

Many owners of 80-meter transceivers are in-
terested in operating on the higher-frequency 
bands from time to time, but do not feel that 
the cost of a new five-band rig is justified. Find-
ing myself in this position, the problem was 
solved by building the transverter shown on 
these pages. With this unit added to the mono-
bander, I can cover both 10 and 1:5. With a 
good junk box at hand, the cost was only about 
thirty dollars. 
Fig. 2 shows a block diagram of the transver-

ter. On receiver it operates as a conventional 
converter. A 21-MHz. signal, for instance, is 
fed to a 6AK5 r.f. amplifier, and then to a 6J6 
mixer, where it is combined with a 25-MHz. 
signal from the oscillator to produce a 4-MHz. 
signal at the input of the transceiver. For a 
28-MHz. signal, the oscillator frequency is 32 
MHz., which again results in 4-MHz. mixer 
output. On transmit, the 4-MHz. signal from 
the transceiver is fed to a 12AU7 mixer/Class 
A amplifier where it is combined with the 25-
MHz. ((Ir 32-MHz.) signal from the oscillator 
to produce a 21-MHz. (or 28-MHz.) signal at 
the input of the 6CL6 driver. The final is 6146 
AB, linear operating at about 70 watts input. 
The 10-meter band is covered in steps of 500 

From Nos ember, 1969, ()ST. 

kHz., the oscillator frequency being changed 
appropriately. 
It should be pointed out here that the tuning 

of the transceiver when working into the trans-
verter will be in a direction opposite to normal, 
When the transceiver is tuned to 4 MHz., the 
received and transmitted signals will be at the 
low edge of whatever 506-kHz. segment has 
been selected: when the transceiver is tuned to 
3.5 MHz., the received and transmitted signals 
will be at the high-frequency end of the chosen 
segment. Similarly, lower-sideband transceiver 
operation results in upper-sideband output from 
the transverter, a fortunate circumstance for 
those having 80-meter transceivers providing 
only lower-sideband output. 
The complete r.f. circuit is shown in Fig. 1. 

The input and output circuits of the receiver 
r.f. amplifier are gang-tuned by a dual-section 
capacitor, C7. A double-tuned bandpass circuit 
couples the mixer to the input of the transcei-
ver. The oscillator is crystal-controlled, the 
proper crystal being selected by S,. The output 
circuit of the oscillator is tuned to twice the 
crystal frequency in all cases. 
On transmitting, the 3.5-MHz. signal from 

the transceiver is fed to the mixer cathode 
through an attenuating network that reduces the 
drive to a suitable level. The 50-ohm resistor 
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provides a proper load for the transceiver. The 
mixer circuit may be a bit unorthodox, but it 
proved to be the best of several tried. 
The output circuits of the transmitter mixer 

and driver are individually tuned by C., and 
C4. The capacitors in these circuits, as well as 
those in the receiver r.f. amplifier stage, have 
sufficient range to cover both 21 MHz. and 28 
MHz., so coil switching is required only in the 
oscillator. The final-amplifier output circuit is 
a pi network suitable for matching 50-ohm an-
tenna systems. The 6146 is neutralized by the 
capacitive bridge method, C„ is the neutralizing 
capacitor. Drive to the final amplifier can be 
adjusted by means of R. in the cathode circuit 
of the driver. 
Final-amplifier grid, screen, or plate current 

can be monitored by meter N11. The multiply-
ing resistances shown result in full-scale read-
ings of 5, 25 and 200 ma., respectively, with 
1600 ohms in series with the meter. 
The transmit-receive change-over functions 

are performed by two relays, K, and K. K, 
shifts the input and output r.f. connections. K. 
applies 180 volts regulated to the receiving mix-
er and r.f. amplifier, and cutoff bias to the grid 
of the final amplifier on receive. On transmit, 
the relay applies 325 volts to the transmitter 
mixer/amplifier and driver, and cutoff bias to 
the receiver r.f. amplifier and mixer. 
The power-supply diagram is shown in Fig. 

3. A silicon-diode bridge rectifier with center 
tap provides 700 volts for the final-amplifier 
plate, and 325 volts for the transmitter mixer 
and driver. A pair of VR tubes in series, operat-
ing from the center tap, supply 180 volts, reg-
ulated, for the oscillator and receiving tubes, 
and the screen of the final. A filament trans-
former in reverse, T.„ driven be the filament 
winding on T,, provides —120 volts for biasing 
purposes. 

Construction 

Most of the necessary constructional details 
will be found in the photographs and their cap-
tions. However, one or two special precautions 
were found to he necessary. The only difficulty 
encountered in obtaining' satisfactory results 

Components of the output pi network are mounted 

on the front wall of the amplifier compartment, 

to the left, Ce, to the right, with the coil ond its 
band switch in between. The neutralizing capacitor 

is at left center. 

from the unit when it was first put into opera-
tion was in stabilizing the receiving r.f. amplifier 
stage. The trouble was finally eliminated by 
adding pigtails of flexible wire to ground the 
s'enter of the rotor shaft, between the two sec-
tions of the dual tuning capacitor. It seems 
probable that this would be unnecessary if two 
separate capacitors, each with its front- and 
rcar-bearing wiper contacts, were ganged. 
The box that I used for the amplifier com-

partment had a hammertone finish. If this type 
of box is used, the finish should he scraped way 
in the appropriate areas to allow good electrical 
contact between the box walls and the covers, 
and between the bottom cover and the chassis. 
R.f, input and output connections were made 
using 11C-58/11 to provide a shielded conductor. 
Aside from these precautions, only the usual 

The receiving r.f. amplifier input and output coils 

(L,/1.6 and 1.1) are in shielding cons mounted directly 

above  their tuning  capacitors, which  are  below 

chassis.  The 6AK5 is between the two coils.  The 

tube to the left of the forward shield can is the 

receiving mixer.  The slugs of the bandpass coils 
(Li/L2 and ' are in front of this tube. To the rear 

of this tube are the tuning slugs of the crystal-

oscillator coils, and the oscillator tube.  The tube 
to the left of the rear shield can is the transmitting 

mixer. Along the rear edge of the chassis are the 

power-control relay (K,), and the driver tube (be-

tween the input and output tuning controls of this 

stage). 
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practice of keeping r.f. connecting leads as short 
as possible, and keeping low-potential leads 
down flat against the chassis was followed. 

Receiving Adjustment 

The wiring should checked thoroughly before 
applying power to the transverter. The crystal 
oscillator should be checked first with power 
applied, and S, in the receiving position. Turn 
S, to the Y, position (12.5-MHz. crystal). Using 
the g.d.o. as an r.f. indicator, adjust the slug 
of L., for maximum response at 25 MHz. Then 
turn S, to the Y, position (16.25-MHz, crystal), 
and adjust L„ for maximum response at 32.5 
MHz. This single adjustment should be satis-
factory for all 10-meter crystals. 
Next, connect the transverter to your trans-

ceiver or receiver, and feed the signal generator 
to the transverter antenna jack. Tune the gen-
erator to 21 MHz., and adjust the receiver to 
4 MHz, Turn S, to the Y, position, and C, to 
maximum capacitance. Adjust L4 and L, to 
peak the generator signal on the receiver S 
meter. Be sure to reduce the signal-generator 
output as the coils are adjusted closer to reso-
nance to avoid overloading the receiver input 
circuits. Then adjust L3 for maximum response. 

• 

Under-chassis view. The 

dual  receiving-tuning 

capacitor is near upper 
center, with a shield 

running  between  the 

two sections.  At the 

upper left is the crys-

tal-oscillator switch. The 
pair ai coils below the 

switch are the oscillator 

coils. Those above the 

switch are in the receiv-

ing  output  bandpass 
coupler. The driver in-

put and output coils are 

below and to the left of 

the dual capacitor, at 

right angles to each 

other.  The  antenna 

change-over relay is in 

the  lower  right-hand 

corner. 

Now move the receiver tuning down to 3.5 
MHz., and change the signal-generator fre-
quency to 21.5 MHz. Retune C, for maximum 
signal, and peak L0. Repeat the adjustments of 
L0 and L, once again to make sure that the 
himdpass coupler is working properly. With an 
input signal of constant level, there should be 
no appreciable change in response as the gener-
ator is swept across the band. 
Now retune the signal generator to 29.5 

MHz., and adjust your transceiver or receiver 
to 3.5 MHz. Adjust C, of the transverter for 
maximum receiver signal. Some slight readjust-
ment of 1,1 may improve the response at 29.5 
MHz. without significant change in the response 
at 21 MHz. 
At this point, the receiver section should be 

completely aligned, and connecting an antenna 
to the transverter should yield a barrage of 15-
or 10-meter signals when the bands are open. 

Transmitter Alignment 
To align the transmitting section, place S, 

in the Y, position and connect the signal gen-
erator, through a 0.005-gf. capacitor to the 
cathode (Pin 8) of the 12AU7 mixer, Set the 
signal generator to 4 MHz., and switch the 
transverter to transmit. With the signal genera-
tor turned off, adjust the final-amplifier bias 
voltage (by means of R3) to —51 volts, or for an 
idling current of 16 ma. Turn the signal genera-
tor on, and adjust it for its fullest output at 4 
MHz. Advance the drive control to maximum 
(R, shorted out), and peak C, for maximum 

Along the rear apron of the chassis, from left to 

right, are input and output r.f. connectors, a phone 

jack for external power-control connections, the bias-

adjusting control, ground terminal and power-supply 

connector. The phone jack has two insulated termi-

nals, requiring a 3-circuit plug.  (For safety, the 

power connector should be a male type. —Editor) 
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The power supply is assembled on a 7 X 7 X 2• 

inch chassis.  The bias transformer is between the 

0A3 voltage regulator and the low-voltage filter 
choke.  Diodes, filter capacitors, and resistors are 

inside the chassis. 

amplifier plate current, This should occur with 
C„ near maximum capacitance (with C,, adjust-
ed appropriately to make this occur). Next, dip 
the plate meter with the amplifier tuning capac-
itor, C. Peaking C, should now result in a 
marked increase in plate current. 
Next, shut the transverter off, and disconnect 

the 700-volt and 180-volt leads from the final. 
Connect your receiver input to the transverter's 
antenna connector, and tune the receiver to 21 
M Hz.  At this time, turn the transverter back 
on, and peak the receiver on the signal being 
generated by the signal generator, and amplified 
by the driver. With C„ and Q, peaked, and 
the final-amplifier output circuit tuned to reso-
nance, adjust the neutralizing capacitor, C„, for 
minimum signal on your receiver S meter. The 
gain of the receiver should be set quite low for 
this adjustment. The final is now neutralized, 
and no further adjustment of C„ should be 
necessary. 
Care should be taken, when peaking C„ and 

C,, to make sure that you aren't tuning up on 
the crystal-oscillator signal rather than the gen-
erator signal. A quick check can be made by 
turning the signal-generator's output level down. 
If no change in plate current results, you are 
tuning up on the wrong signal. Readjusting C„ 
and C., will solve the problem. 
Disconnect the receiver from the antenna 

terminals of the transverter, and replace it with 
a 50-ohm dummy load. Reconnect the 700-volt 
and 180-volt leads to the final amplifier. With 

the signal generator still feeding the transmit-
ting mixer, as before, you should now be able to 
load the final to a plate current of 115 ma., 
representing an input of 70 watts. Check the 
screen current to make sure that it's running 
under 15 ma. The meter should show no grid 
current for AB, operation. 
Next, turn Si to the Y, position (16.5-MHz. 

crystal), and turn S„ to the 10-meter position. 
Adjust the signal generator to 3.5 MHz., and 
peak C,, C4 and the pi-network tuning capacitor 
as before. Maximum amplifier plate current 
should result with C., and C, near minimum 
capacitance. Now adjust the pi-network con-
trols for proper loading of the final amplifier. 
You should nir.v be ready to drive the unit with 
your transceiver, and the signal generator can 
be disconnected. 
To use the transverter with a transceiver, 

connect the output of the transceiver to the 
input of the transverter through a length of coax 
line, and connect the antenna to the output of 
the transverter. The transverter requires very 
little driving power. Most of the transceiver 
power will be absorbed by the 50-ohm resistor 
at the input of the transverter. Since this resis-
tor has a rating of only 20 watts, the input to 
the driving transceiver should be limited by 
keeping the microphone gain down, If full input 
to the transceiver is necessary for tuning up, 
the transceiver should be adjusted first while 
working into a dummy load, or 80-meter anten-
na, before applying the signal to the transverter. 
I use an NCX-3 transceiver, and I have found 
it satisfactory simply to tune the transceiver by 
peaking it up on a 21- or 28-MHz. signal on 
receive, since this operation also tunes the trans-
mitter stages. For the low power required to 
drive the transverter, accurate tuning isn't neces-
sary. 
Now, apply power to the transverter (S, in 

the transmit position). Switch the transceiver 
to c.w. and back off the carrier insertion. Adjust 
C„ and C, for a peak in final-amplifier grid 
current, increasing the carrier insertion if neces-
sary to obtain a small reading. As soon as the 
driver circuits have been peaked, back off on 
the carrier insertion until the grid current just 
disappears. Then adjust the transverter pi net-
work for an input of 70 watts. Then switch to 
s.s.b., and adjust the microphone gain control 
until the meter shows a slight flicker on the 
loudest voice peaks. 
When loaded to a plate current of 115 ma., 

measurement with a Bird wattmeter showed an 
output of 38 watts. On the first try, several JAs 
and UAOs were worked with reports of excel-
lent quality on both bands. The transverter is 
now being- used to drive a Thunderbolt linear, 
and no problems have arisen. 
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» Did you know that an "ideal" vacuum tube would be a 
comparatively low-performance linear amplifier? This article 
goes to the roots of intermodulation distortion and summarizes 
the present state of the art of tube design. 

Inter modulation Distortion 
in Vacuu m Tubes 

WILLIAM I. ORR, W6SAI 

An ideal linear amplifier is one in which the 
output envelope amplitude is at all times di-
rectly proportional to the input envelope am-
plitude. Amplitude distortion results when the 
magnitude of the output signal is not strictly 
proportional to that of the driving signal. This 
class of distortion (which is the principal type 
encountered in linear amplifiers) includes inter-
modulation distortion, a particularly interesting 
type of amplitude distortion encountered in 
single-sideband service. In passing, it should 
be noted that intermodulation distortion (ab-
breviated IMD) occurs only in a nonlinear 
device driven by a complex signal having more 
than one frequency. As speech is made up of 
multiple tones (or frequencies) and as the 
perfect linear amplifier has yet to be built, the 
:situation leading to IM distortion exists in 
most s.s.b. amplifiers. Once the intelligence-
bearing signal has been generated, the ampli-
tude relationships existing in the intelligence 
must be faithfully retained or the s.s.b. signal 
will blossom into a broad, fuzzy caricature of 
Condensed  from  "Intermodulation  Distortion  in 

Linear Amplifiers," QST, September 1963. 
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FIG. 1—The electron  flow (cathode current) in a 

vacuum tube is a nonlinear function of the equiva-

lent plate (or plate and screen) voltage and is de-

scribed by the 3/2-power law. This curve illustrates 

typical electron flow, which plays an important part 

in establishment of tube linearity. 

itself, and the unlucky user of the nonlinear 
equipment will find his on-the-air popularity 
waning. 

The Vacuum Tube and Linearity 

The vacuum tube is the heart of the linear 
amplifier, and the amplifier is designed about 
it., The passive circuit elements—resistors, 
capacitors, inductors, etc.—are entirely linear 
and they affect circuit operation only insofar 
as they determine the operating parameters of 
the tube. The linearity of the tube is open to 
question. The more linear the tube, the less 
stringent the demand placed upon the circuitry 
to achieve a desired degree of over-all linearity. 
The results obtained are a balance between 
excellence and economy. 
The vacuum tube utilizes electrons emitted 

from a hot cathode by impressing upon them 
an electric field which varies with time. During 
the passage of the electrons from cathode to 
plate, the field is manipulated in such a way 
as to alter the number of electrons arriving at 
the plate of the tube. The electron flow (or 
cathode current) is a 3/2 power function of the 
applied electrode voltages. This so-called "3/2-
power law" of Child and Langmuir is theoret-
ically valid for uniform tube geometry and 
holds true for any space-charge-limited electron 
flow under the influence of an external field 
(Fig. 1). The 3/2-power law is not a linear 
function, and in practical tubes the cathode 
current is not a straight-line function of grid 
voltage. Further, practical tubes depart from 
the 3/2-power law to some extent, depending 
upon tube geometry, space charge, electron 
interception by grids, and emission limitations. 
The relationship between the electric field 

and cathode-current flow within the tube de-
scribed by this natural law plays an important 
role in the establishment of tube linearity. In 
practical amplifiers, for example, the magni-
tude relationship between input and output sig-
nals is not perfectly constant at all signal levels 
within a given range. The relationship defining 
amplifier linearity is termed the envelope trans-
fer function, and ideal and typical transfer 
functions are shown in Fig. 2. The funda-
mental cause of a non-ideal, nonlinear amplifier 
transfer function may be traced directly to the 
This discussion applies to vacuum tubes.  Similar 

conclusions may be drawn about transistors, but such 
conclusions are not within the scope of this article. 
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-IDEAL ENVELOPE   
TRANSFER FUNCTION 

• TYPICAL ENVELOPE 
TRANSFER FUNCTION 

PEAK AMPLIFIER DRIVING VOLTAGE —  

FIG. 2—Amplifier linearity is defined by the enve-

lope transfer function.  Departure from linearity is 

illustrated by curvature of the function (dotted curve) 

and may be traced directly to the nonlinear relation-

ship between cathode current and electrode voltage 
shown in Fig. 1. 

nonlinear relationship between the plate cur-
rent and grid voltage of the tube employed in 
the amplifier. This relationship approximates 
the 3/2-power law throughout the operating 
region above cutoff.2 An examination of inter-
modulation distortion reveals the importance of 
significant cathode-current departure from this 
fundamental law as regards amplifier linearity. 
Measurements made on a wide variety of 

power tubes, from small to large, filamentary 
types and oxide cathode, triodes and tetrodes, 
in grid- and cathode-driven service, have shown 
conclusively that the magnitudes of the inter-
modulation distortion products are significantly 
affected by almost everything: changing heater 
',Cutoff may be thought of as that amount of grid 

bias required to reduce the idling plate current of a 
vacuum tube to virtually zero. 
"Approximate Intermodulation Distortion Analyses." 

Report CTR-173 by R. E. Cleary, Collins Radio Co., 
Cedar Rapids, Iowa; "Linear Power Amplifier Design," 
W. B. Bruene, Electronics, August, 1955; "Linearity 
Testing Techniques for SSB Equipment," Icenbice and 
Tellhaver Proc. I.R.E., December, 1956, pages 1775-
1782.  "Intermodulation Distortion in High Powered 
Tuned Amplifiers," R. C. Cummings, Consultant, Eitel-
McCullough, Inc., San Carlos, California. 

FIG. 3—Intermodulation distortion products 

may be predicted mathematically.  This 

universal family of IMD curves applies to 

all perfect tubes abeying the 3/2-power 

law.  The curves are plots of IMD level 

(Y axis) referred to the driving signal ex-
pressed as a ratio of drive to operating 

bias.  As  the  drive  is increased,  the 

various IMD products pass through maxima 

and  minima.  Misleading conclusions of 

amplifier performance may be drawn if 

the equipment happens to be tested near 

a cusp on the IMD curve, where a par-

ticular product drops to an extremely low 
level. The whole operating range of the 

equipment must be examined to draw a 

true picture of IMD performance. 
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or filament voltage by only a few per cent; 
slight shifts in bias voltage, idling current, 
screen voltage, plate or grid tuning; neutraliza-
tion, loading—all these factors and others even 
more obscure enter into the determination of 
intermodulation distortion. 

Mathematical Analysis 
IMD products may be calculated by several 

methods. 3 The results of different valid mathe-
matical techniques are in good agreement with 
each other, and also agree in general with data 
obtained from two-tone tests conducted with 
the IMD analyzer.  A theoretical family of 
IMD curves of a perfect tube obeying the 
3/2-power law is shown in Fig. 3. This uni-
versal family of curves applies to all tubes, 
regardless of operating parameters or tube type. 
Changes in electrode potentials and circuit 
values (and even changes in tube type) will 
produce characteristic curves of this general 
configuration, but of course the signal level at 
which particular value of distortion occurs will 
be different in each case. 
In Fig. 3 intermodulation distortion products, 

expressed in decibels below the output level of 
the tube, are plotted along the Y axis. The 
ratio of a two-tone driving signal Eg (mar)  to 
operating bias, E0 (relative to cutoff voltage) 
is plotted along the X axis. When E0 is zero, 
the tube is biased at cutoff (class B). Ratios 
of Eg (max) lEo greater than one, but less than 
infinity, represent the possible range of .class 
AB operation. Starting on the curve at the 
no-signal point (E9(ma.) =0), the IMD prod-
ucts are nonexistent. As .E9(max) is increased, 
the IM products increase throughout the range 
of class-A operation and into the class AB 
region, until a maximum IM distortion figure 
for the 3rd-order products of about —30.7 
decibels is reached at an Eg(mar)/Eo ratio of 
about 1.7. The 3rd-order product then drops 
to zero (minus infinity) again for a ratio of 
Eg(max) /E0 of about 3.5, after which the IM 
product again increases, gradually rising to a 
level near —20 decibels for class-B operation. 
Fifth-order and 7th-order (and higher-order) 
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TRANSFER 
CHARACTERISTIC 

1 

E (max • 

VOLTAGE 

_ PLATE 
CURRENT 

FIG. 4—An ideal tube transfer characteristic departs 

from the 3/2-power law.  The ideal characteristic 

shown here consists of two linear portions, with the 
operating point set at the intersection.  Half-wave 

plate current pulses are converted to sine waves by 

the flywheel effect of the plate tank circuit.  Poor 

tank circuit Q, therefore, will have adverse effect 

on over-all linearity. 

products follow this same general behavior, 
compressed along the X-axis, and are shown in 
dotted lines on the graph. 
The results of this theoretical study indi-

cate that the perfect 3/2-power tube will pro-
vide 3rd-order IM products no better than 
—20 to —30 decibels below maximum power 
output, and that the IM product varies mark-
edly with drive level, dropping to zero at 
various points in the dynamic operating range. 
Thus, the perfect tube, obeying a fundamental 
law of physics, is a mediocre performer from 
a linearity point of view. As far as IM dis-
tortion goes, it is a poor device to use in equip-
ment designed for linear amplification of intelli-
gence-bearing signals. 

Practical Linear Amplifier Tubes 
Does this theoretical study actually mean 

that all tubes are poor linear amplifiers or that 
it is impossible to achieve IM distortion prod-
ucts of a better order than —20 decibels? Not 
at all. The study concerns itself with a perfect 
tube that implicity follows the 3/2-power law. 
Of course, there is no such device, and prac-
tica/ tubes (i.e.: tubes that can be manufac-
tured) depart from this law to a greater or 
lesser extent. The practical tube, in general, 
shows an improvement in over-all linearity as 
a result of departure from the 3/2-power law. 
The practical tube, in addition, does not have 
a definite value of cutoff grid voltage, it does 
not have constant amplification at all points 
within the structure, and current deviations and 
amplification variations occur with changes in 

plate voltage.  Current intercepted by the 
screen and control grids modifies the plate 
characteristic, and the "constants" that express 
the 3/2-power law vary with actual operating 
conditions. Theoretically, IM distortion as a 
result of this law should be independent of 
tube type. Wp know from experimental data 
that such is really not the case, as practical 
tubes exhibit transfer characteristics depart-
ing markedly from the 3/2-power law.  In 
many instances, an improvement in linearity 
occurs when the tube departs from this law. 
For example, an ideal transfer characteristic for 
a tuned amplifier is shown in Fig. 4, con-
sisting of two linear portions with the operating 
point set at the intersection. The resulting 
plate current consists of rectified and amplified 
half sine waves, the plate tank circuit convert-
ing this misshapen wave into an equivalent 
sine wave by virtue of the fly-wheel effect. 
The equivalent sine wave is directly propor-
tional to the input signal at all amplitude levels 
from zero to the maximum value shown. 
Alternatively, distortionless linear amplifica-

tion may be achieved from another transfer 
characteristic having, instead of the discon-
tinuity exhibited in the first example, a smooth 
curve of the form shown in Fig. 5. The operat-
ing point of the tube is chosen at projected cut-
off. Ideally, the curved portion of the transfer 
characteristic should be a portion of a so-
called "second-order" curve (a half-parabola, 
to be exact). A characteristic such as this is 

TRANSFER 
,_ CHARACTERISTIC 

LINEAR PORTION 

I SQUARE - LAW 
CUTOFF  —F —PORTION 

GRID VOLTAGE 

PROJECTED 
CUTOFF 

Eg I rnox.) 

PLATE 
R 4TU  ÉNT  

FIG. 5—Another ideal transfer characteristic for a 
linear tube consists of this form of curve, where the 

central portion is straight and the lower portion 

resembles a parabola. Practical tubes exhibit trans-
fer characteristics of this general class, the upper 

portion of the curve showing additional curvature 

resulting from saturation of the electron stream in 

the grid-plate area of the tube. Plate current pulses 

are converted to sine waves by flywheel action of 

plate tank circuit. 



II M M rigreF M MereM 1c• 1 7- e 

4—Linear Amplifiers 

DB
. 
BE
L
O
W
 
SI
G
N
A
L
 
LE
V
E
L 

u 

-10 

20 

I 4XI56 -4X250 

PLATE 
SCREEN 

RL• 

VOLTS • 
VOLTS•350 
BIAS FOR 
3700 

2000 
_ 

to 
MA, 

ADJUST 

le \75 4•---. 

30 
31U1 ORDER 

Ip • 100 •••••••• • 5.LIORDER 
40 

, 

r• 4 

V 

50 -7.......... LEVEL 

," 

.... / 

Ip • 
MA. 

1  , 
100  1 

_.,_._POWER 
FOR l • 250 P 

I 
o 50  100  150  200  250  300 

E.P OUTPUT, WATTS 

termed square law. Distortion products added 
to the exciting signal by such a curvature can 
be filtered out of the output signal by the tuned 
plate tank circuit because all of these products 
fall in the harmonic regions of the exciting 
signa A distortionless replica of the input 
signal is thus available at the output circuit of 
the amplifier.  Other transfer characteristics 
exist which also will provide lower-distortion 
output. 
A practical tube may have a transfer-charac-

teristic exponent falling somewhere between 
15 (3/2-power law) and 2 (square law); its 
transfer characteristic would approximate the 
curve of Fig. 5, wherein the central portion is 
fairly linear and the lower portion resembles a 
parabola. The upper portion of the character-
istic may show additional curvature resulting 
from saturation of the electron stream in the 
grid-plate area of the tube. That is to say, the 
grid or screen "robs" the plate of the greater 
portion of the available electrons and causes a 
corresponding drop in plate current. 
Intermodulation tests run on tubes having 

this general transfer characteristic show distor-
tion products generally in agreement with the 
3/2-power law.  Shown in Fig. 6 are IM 
curves based upon typical measurements made 
on the 4X150-4CX250 family of external-
anode tubes. With fixed values of plate and 
screen potential and plate load impedance, 
measurements were made at two levels of rest-
ing plate current over the operating range of 
the tube. At the recommended value of resting 
plate current, the 3rd-order IM products rise 
gradually and smoothly as power is increased 
to the maximum value of 500 watts (referred 
to a single-tone plate current of 250 ma.) until 
at this value the products reach a level of 
—26 db, below the p.e.p. signal. Decreasing 
the resting plate current to 75 ma. will de-
grade the IM curve by several decibels, as 
shown.  Fifth-order products at the recom-
mended value of plate current are below —43 
db. at maximum plate current level. The addi-
tion of 10 decibels of negative feedback to a 
circuit employing this style of tube will reduce 
the IM products below the values shown by 

FIG. 6—A family of IMD curves for the 

4X150-4X250 external-anode tubes. These 

curves are representative of this type of 

tube, and are typical for tubes made by 

different  manufacturers.  Intermodulation 

distortion products average about —25 
decibels below peak signal, for 3rd-order 

products, while 5th-order products average 

—43 decibels below peak signal. These 
curves are representative of most small 

transmitting tubes of this type. Chonges 
in loading or circuit parameters will alter 

shope and position of the curves. 

approximately 10 db., so equipment with feed-
back designed around this tube (other factors 
being equal) should be able to reach the 
region of —35 db. IM distortion at full power. 
Individual tubes (and similar tubes made by 
different manufacturers) will vary from these 
curves by two to three decibels. Fig. 7 shows 
the variation in IM products between three 
tubes under fixed operating conditions. Changes 
in loading or other parameters will alter the 
shape and position of these curves. 
Referring back to Fig. 3, tubes of this type 

are operated under conditions corresponding 
to a ratio of E9(max)/E0 in the range of 2 to 3 
at maximum signal, and therefore distortion 
must pass through the third-order product 
maximum of about —31 db. within the operat-
ing range. Actually, maximum distortion ap-
pears near the 70% to 100% power level and 
is of the order of —25 db. or so. These curves 
are quite representative of most power tubes 
employed in amateur equipment, common 
varieties of transmitting tubes falling in the 
—20 to —30 decibel intermodulation range. 
Judicious use of feedback with these tubes will 
allow IM distortion products to fall in the —30 
to —40 decibel range. 
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FIG. 7—Intermodulation  distortion  products  vary 

from tube to tube of the same type, and also vary 
tube to tube as operating conditions are changed. 

Small "receiving-type" transmitting tubes are usually 

poorer than these curves by five to ten decibels. 
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» Putting TV sweep tubes to work in linear amplifiers takes a 
bit of doing if maximum efficiency and reasonable life are to 
be realized. This article focuses on some techniques that can 
be applied to all TV sweep tubes suitable for use in linear 
amplifiers—the guidelines for smoother operation and fewer tube 
failures. 

S weep-Tube Linear-A mplifier 
Design 

DOUG DeMAW, W10ER 

It wasn't too many years ago that some of us 
who were s.s.b. experimenters learned that a 
buck could be saved by "operating" on certain 
brands of 1625-type tubes, thus making them 
suitable for use in grounded-grid amplifiers. It 
was necessary to saw a window in the tube 
base, locate and separate the cathode and beam-
forming plate leads, and bring them out to 
individual base pins. At roughly 25 cents apiece, 
surplus prices, it was no strain on the pin-money 
fund to put four of them to work in parallel 
and run them at approximately 500 watts d.c. 
input. In fact, many a "pair of shoes" was built 
along such lines and driven by exciters capable 
of 20 to 50 watts peak output. Little thought, 
if any, was given to the matter of proper bal-
ancing of the tubes in order to assure equal 
load sharing. Similarly, little attention was giv-
en to tube cooling. After all, at 25 cents per 
copy, it didn't matter too much is one had to re-
place a set of tubes every three or four months. 
Things have changed . considerably since the 

early 1950s, at least where the matter of tubes 
for use in linears is concerned. The emphasis 
has been on the use of big, somewhat-expensive 
tubes of the 4-1000A, 3-400Z, and 4CX1000A 

From July, 1968, OST. 
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species. These tubes can provide the legal 
maximum-power levels for amateur operation, 
while performing with minimum distortion, but 
require costly hardware and expensive power 
supplies to reach the 100-watt d.c. input-power 
level.  TV horizontal-sweep tubes, especially 
those intended for color receivers,' offer the 
builder a low-cost approach to linear-amplifier 
design while still permitting reasonable signal 
quality and power output.2 This article is based 
on tests performed on an experimental 800-watt-
d.c.-input linear amplifier.  Four GE 6KD6 
tubes are used in the grounded-grid, parallel-
connected arrangement of Fig. 1. 

Sweep-Tube Ratings 
Although there are many ways to rate a 

vacuum tube's performance capabilities, we will 
confine our discussion here to the manufacturers' 
design-maximum ratings. Under this heading 
we can find the limiting values of operating and 
environmental conditions which apply to what 
the manufacturers call a "bogey" tube—a tube 
of a given type, with average characteristics. 
These ratings are set to assure reasonable tube 
life in television receivers. Any departure from 
them is at the designer's risk, and will depend 
upon the life he expects from the tube in his 
particular circuit. 
Table I lists the design-maximum ratings of 

the 6KD6 tube as given by General Electric 
Co. (A check of the tube manual showed that 
RCA rates their 61CD6s the same way.) 
Since 990 volts is listed as the recommended 

maximum, a 900-volt d.c. supply was chosen to 
power the amplifier. This voltage permits the 

A number of TV sweep tubes are used in commer-
cial s.s.b. ham equipment. Some of them are: 6DQ5, 
GGB5, 6GE5, 6HF5, 6JS6, 6,1E6, 6KG6, 6E1)6, and 
6LQ6. They have different maximum ratings and re-
quire different operating voltages, but they arc all 
candidates for use in linear amplifiers. 
2 A rundown on intermodulation  (IMD)  distortion 

products, and power ratings for TV sweep tubes as 
linear amplifiers, was given by Bill Orr, W6SA1, and 
Bob Sutherland, W6UOV. in Ham Radio, April 1968, 
page 9. 

This experimental sweep-tube linear amplifier uses 

four Shunte edgewise plate meters to allow each of 

the four 6KD6 tubes to be independently monitored as 

discussed in the text. 
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FIG. 1—Schematic diagram of the experimental 800-watt sweep-tube amplifier. Capacitors of decimal value are 

disk ceramic. Fixed-value resistors are composition. K, permits the exciter or transceiver to be switched through 
the amplifier for low-power operation, and so that the operator can receive through the amplifier. 

B1—High-speed cooling fan (see text). 

C1—Transmitting variable (from Command Set trans-

mitter). 

C 2— Three-section  broadcast-type variable, all sec-
tions in parallel. 

13—Phono jack. 

.12—Caax fitting, chassis-mounting (S0-239). 

Ki —D.p.d.t. 24-volt d.c. relay, 10-ampere contacts. 

1.2--18 turns Na. 12 wire, 2I/2-inch dia., 3 inches 

long (made from B & W 3900-1 coil stock, 

or Polycoils 1774). Tap at approximate mid-

point. 

maximum desired input power (800 watts) to 
be reached while operating at a lower plate 
current than would be needed if a 500- or 600-
volt plate supply were used. The lower voltage 
would require that more tubes be employed to 
obtain the same d.c. input power without ex-
ceeding the 33-watt plate dissipation rating of 
each tube. Also, the higher plate voltage and 
lower total plate current result in a plate-load 
impedance (higher) that is less difficult to 
match. In this instance the impedance is of the 
order of 500 ohms, using 900 volts at 890 ma. 
to obtain the desired 800 watts c.w. input. If 
a 500-volt supply were used, with six tubes in 
parallel and 1.6 amperes of plate current, the 
load impedance would be roughly 150 ohms—a 
difficult value to deal with when using a con-
ventional tank circuit. 

turns No. 14 wire, 3-inch diameter, approxi-

mately 3/4  inch long (or 5 turns from Polycoils 

1779 stock). Mount over ground end of Li. 

Mi-M4, inc. -0-300 ma. d.c. meter (Shunte edge-

wise meters used in this model). 

81-81, inc. -10,000-ohm linear-taper control (Ohmite 

2-watt carbon type, or equal). 
RFC I-RFC4, inc. -2.5 mh., 250 ma. (Millen 34102). 

RFC., -200 ¡oh. (see text for particulars). 

25-24, inc. —Parasitic suppressor; 8 turns No. 22 

enam. wire wound over the body of a 56-ohm 

1-watt carbon resistor. Use pigtails of resistor 
as anchor points for the coil. 

The filament requirements are 6.3 volts at 
2.8 amperes per tube. By operating the fila-
ments in parallel one can use a 6.3-volt trans-
former but the current rating must be 11 am-
peres or better. To get around this high-current 
requirement the four 6KD6s were connected for 
series-filament operation. Happily, the trans-
former ratings called for 25.  volts at 2.8 am-
peres—a standard transformer type available 
from Allied-Knight or Staneor.  Of course a 
series-parallel arrangement could also be used 
with a 12-volt transformer, if desired.  This 
would call for a current rating of at least 5.6 
amperes. 
Since the circuit of Fig. 1 uses the tubes in a 

grounded-grid hookup, the screen grids and 
beam-forming plates are grounded and do not 
have a d.c. operating voltage applied to them. 
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TABLE I 
6KD6 Maximum Ratings 

D.C. Plate-Supply Voltage   990 Volts 
Peak Positive Pulse Plate Voltage  7000 Volts 
Positive D.C. Beam Plate Voltage   70 Volts 
Screen Voltage   200 Volts 
Peak Negative Grid-Number I Voltage   250 Volts 
Plate Dissipation (Absolute-Maximum Value)   33 Watts 
Screen Dissipation   5.0 Wiitts 
D.C. Cathode Current   400 Ma. 
Peak Cathode Current   1400 Ma. 
Heater-Cathode Voltage 
Heater Positive with Respect to Cathode 
D.C. Component   100 Volts 
Total D.C. and Peak   200 Volts 

Heater Negative with Respect to Cathode 
Total D.C. and Peak    200 Volts 

Grid-Number 1 Circuit Resistance     2.2 Megohms 
Bulb Temperature   225 C. 

The current they draw varies with the level of 
the driving signal voltages at a given instant. 
Tubes operated this way perform as high-IL 
triodes, and the drive required is below the 
level that would cause the grids and beam-
forming plates to exceed their safe dissipation 
ratings. The tubes in this amplifier have been in 
service for several months with no noticeable 
change in their performance—a good indication 
that the grids have not been damaged by ex-
cessive current. 
A negative bias voltage, approximately 7 

volts, is applied to the control grids of the tubes 
to set their resting plate currents, for class AB 
operation, to 25 ma, per tube with the plate 
voltage specified here. With 500 volts on the 
plates it is possible to operate the tubes at zero 
bias, since the static plate current will be low 
enough to keep the plate dissipation at a safe 
level (roughly 28 watts) with no signal applied. 
A safe bulb temperature must be maintained 

at all times if one does not want the tube's 
envelope to melt or crack. For maximum life 
the tubes should be operated at temperatures 
well below the 225 degrees C. that the manu-
facturer specifies. An example of the cata-
strophic results of improper cooling can be seen 
in an accompanying photo. Generally, some 
type of forced-air cooling should be employed 
to insure against damage from heat. 

What About Matched Tubes? 

Whenever power-handling tubes are operated 
in parallel some provision 'should be made to 
assure equal- or near-equal load sharing. The 
d.c. plate current should be closely matched 
during both the no-signal and applied-signal 
periods. Some manufacturers of s.s.b. equip-
ment have solved this problem by careful grad-
ing of the tubes, using only those that llave 
similar dynamic characteristics.  Handpicked 
tubes do not come easy for the home experi-
menter, however, because it might be necessary 
to purchase as many as twenty in order to get 

Individual fuses are used to protect each plate fine 

of the amplifier. They can be seen between the two 
variable capacitors near the front of the chassis. A 

toroidal-wound cathode r.f. choke is mounted at the 

center of tube sockets. Four bias-adjust controls are 

located on the rear apron of the chassis, permitting 
the resting plate currents of the tubes to be equal-

ized.  Each tube is set for 25 ma. resting current. 

This requires approximately —7 volts on the con-

trol grids. Tubes other than 6KD6s would require 

different bias values.  The unused control at the 
right center of the chassis is for experimental pur-

poses. 
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six whose characteristics are closely matched. 
At $3.85 per 6KD6 ( $3.47 each in ten lots or 
more) one might have to spend $70 to obtain 
six matched tubes worth only $23—an imprac-
tical solution indeed! 
By experimenting with the bias voltages of 

the four tubes in the amplifier of Fig. 1, it was 
learned that the no-signal plate currents could 
be matched when using any four tubes from a 
set of tèn 6KD6s which were on hand. Separate 
bias-adjust controls permit each tube to be set 
for the class of operation desired. Fortunately, 
the plate-current readings tracked within 10 
percent over the entire range from no signal to 
maximum signal when this method was used. 
(Initial tests were made with a single 300-ma. 
d.c. meter to avoid errors which could have 
resulted if four separate meters of unknown tol-
erance had been employed.) 
If reasonable balance is not effected between 

paralleled tubes—especially if a single meter is 
used to monitor the total plate current, there is 
no way of knowing whether one tube is drawing 
all of the no-signal plate current while the re-
maining tubes are just loafing along. This could 
mean that the safe plate-dissipation ratings of 
one or two tubes in a group of several could be 
exceeded while idling! For this reason it is pru-
dent to monitor the plate current of each tube 
in the amplifier, either by using a single meter 
and a suitable switching arrangement, Fig. 2, 
or by using four separate meters as was done 
here. The latter permits simultaneous monitor-
ing of plate currents, permitting instant com-
parison of operating conditions. Four low-cost 
meters run approximately the same as one top-
quality meter, so it's pretty much an even-
stephen proposition ‘'here cost is concerned. 
The less-costly meters (Shunte in this instance) 
have a 5-percent accuracy rating as opposed to 
the usual 2-percent accuracy of the more expen-
sive instruments. This could mean a difference 
of as much as 30 ma., at full scale between any 
two 300-ma. meters, but since 30 ma. represents 
only a 10-percent error in operating currents it 
is well within the ball park according to the 
safe operating limits determined in these experi-
ments. 

Parallel Operation 

With the circuit of Fig. 1, the total plate cur-
rent is 890 ma. (800 watts c.w. input). The 
smaller r.f. chokes cannot handle such high 
current. Chokes that can take high values of 
d.c. are expensive. In this circuit four 250-ma 
r.f. chokes are used, each tube having separate 
d.c. feed. This keeps the cost down and makes 
possible the independent metering of each tube's 
plate circuit. Initially, four 1-mh. chokes were 
used and were promptly destroyed when the 
power output of the amplifier reached upwards 
of 200 watts. The four chokes in parallel had 
a series resonance in the 80-meter band—sure 
death to r.f. chokes in power circuits. Watch 
out for series resonances when selecting r.f. 
chokes for a given band of operating frequen-

0-1 

RI-R4,INC.• 
METER SHUNTS 
TO GIVE 300MA., 

T,T  FULL SCALE 

+900V. 

FIG. 2—Alternate method for metering the plate cur-

rents of the tubes.  This system allows the use of 

a single 0-1 ma. meter. Meter shunts 121 through It, 

should be calculated to provide a full-scale meter 

reading of 300 ma. 

cies. A grid-dip meter can be used to locate 
the series-resonant frequencies of an r.f. choke 
by checking with the choke terminals shorted. 
This should be done with all operating voltages 
removed, but with the circuit connected for 
otherwise-normal operations. 
To offer some protection to the plate meters, 

a 250-ma. fuse (don't use slo-blo fuses) is in-
stalled in each plate lead. Should one of the 
tubes short out during normal operation, the 
fuse will open the circuit and protect the meter. 
As a bonus feature, the defective tube will be 
turned off and the operator can continue his 
transmission by reducing the drive to a safe 
level. Repairs can be made later, when it's 
more convenient. Each meter is shunted by a 
O.01-f. disk ceramic capacitor to prevent dam-
age by r.f. 
All four cathodes are returned to d.c. ground 

through a single homemade 200-ph. choke. Its 
value is not especially critical provided its im-
pedance is high compared with 50 ohms. An 
Indiana General CF-117-Q2 toroid core was 
wound with 90 turns of No. 24 enameled wire 
to provide the inductance used here.3 Alterna-
tively, a cathode choke could be made by Close-
winding No. 24 enameled wire to a coil length 

"Toroidal-Wound Inductors," QST, January 1968, 
page II. 
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of approximately 4 inches on a %-inch-diameter, 
U.-inch-long piece of ferrite rod,4 
It is customary to keep the heaters of in-

directly-heated tubes above r.f. ground in 
cathode-driven linear amplifiers, the usual pro-
cedure being to install a bifilar-wound inductor 
in series with the heater feed to the tubes. 
Since a peak driving power of only 40 to 50 
watts is needed to fully excite this amplifier, 
and the exciter used in these tests was capable 
of producing up to 100 watts peak output, the 
filament chokes were omitted since some extra 
loss could be tolerated. This also worked well 
on 7 Mc. However, if the amplifier were to be 
used on 14, 21, and 28 Mc., it would be wise 
to include the heater chokes. 
An eight-inch long, close-wound layer of No. 

20 enameled or Formvar-insulated wire on a 10-
inch length of 1/8-inch diameter ferrite rod would 
be suitable. To such windings would be used, 
One-in-series with each the filament leads to the 
6KD6s, as close to the tube sockets as practical. 
For even better coupling efficiency between the 
exciter and the amplifier, a tuned input circuit 
can be used.5 Such a circuit offers an improve-
ment in the linearity of the output waveform of 
the amplifier.6 

The Matter of Cooling 

If we were to adopt an appropriate slang ex-
pression regarding the operating temperatures 
of sweep tubes, it would no doubt be "don't 
lose your cool." Heat is the worst enemy of 
sweep-tube r.f. amplifiers. It not only reduces 
tube life but is the primary factor that limits 
the safe input. For these reasons a great deal 
of emphasis was placed on the matter of tube 
operating temperature in this circuit. 
Some earlier work was done on this subject 

by L. F. Jeffrey, WA4KFO, an applications and 
test engineer at the G. E. tube plant in Owens-
boro, Ky. "Jeff" wrote an interesting and in-
formative paper, jointly with P. E. Hatfield, 
W9GFS, in which 6KD6 operating temperature 
versus life was discussed:7 They established 
some test conditions to simulate typical ham-
style s.s.b. operation and measured the bulb and 
plate temperatures of the tubes with special 
laboratory equipment. During the tests an input 
power of 448 watts p.e.p. (two tubes) was 
used, without forced-air cooling. The bulb tem-
perature varied between 135 and 160 degrees 
C., and the plate temperature varied between 
290 and 460 degrees C. They indicated that 
plate temperatures in excess of 500 degrees C. 
will definitely shorten tube life. The tempera-

4»  and  1/2 -inch diameter ferrite  rods,  12 indics 
long, arc available from Lafayette Radio Electronics, 
Ill Jericho Tpk., Syosset. Li., New York 11791. 
' "Gimmicks R.: Gadgets." (25T, May 1968, 
Orr,  Rinaudo,  and  Sutherland,  "The Grounded-

G rid Linear Am pli tier," eST, August 19(i I . 
7 "Sweep  Tubes  In  SSI1  Service,"  I..  F.  Jeffrey, 

WA.4KFO, and P. E. Hatfield, W9GES. (An indepen-
dent paper written and printed by these amateurs.) 

ture can easily rise above the safe 500-degree 
maximum if the tubes are confined in a small 
space and do not have forced-air cooling (such 
was the case with the three melted tubes in the 
lower left photo). 
Jeffrey and Hatfield made additional tests 

with the same setup, but with forced-air cooling 
on the two tubes. The resultant bulb tempera-
ture fluctuated between 35 and 55 degrees C. 
while the actual plate temperature ranged be-
tween 265 and 450 degrees C. These reduced 
temperatures offer a worthwhile safety factor. 
A high-speed cooling fan with a blade length 

of IM inches-3 inches overall diameter—is used 
in the amplifier shown in Fig. 3. The fan blades 
are located approximately two inches away from 
the tubes. Air is directed against the tubes 
even when the amplifier is in standby. Addi-
tional cooling effectiveness is assured because of 
the spacious cabinet in which the amplifier is 
housed (Fig. 4). Large-diameter air vents are 
located on the top and sides of the cabinet. 
The rear of the cabinet is enclosed (for TVI 
purposes) by a sheet of perforated aluminum 
to enhance the "breathing" capabilities of the 
assembly. 
There is a trend these days toward compact-

ness in transmitting equipment, and this can 
lead to unhappy results if proper attention is 
not given to adequate ventilation. To be on 
the safe side when designing a piece of power-
handling equipment allow plenty of cabinet 
space so air can circulate freely. Locate the 
exhaust vents near the top of the enclosure; the 
intake vents should be near the bottom, just 
above chassis level. 
Although heat-dissipating anode connectors 

were not used in this amplifier, they are worth 
considering in any permanent design. With air 
blowing across them, the plate temperature 
should drop even lower than with the present 
arrangement. 
If a more compact amplifier is desired, the 

builder might consider using chimneys around 
each tube and a squirrel-cage blower to direct a 
heavy air stream up through the bottom of the 
chassis and around each tube socket. A ring of 
54-diameter holes could be drilled in the chassis 
around each tube socket to allow the air to flow 
up through the chimneys. Of course the under-
side of the chassis would have to be airtight to 
insure against reduced air flow around the tubes. 
The chimneys could be fashioned from ordinary 
food containers such as canned vegetables come 
in. Each chimney should be painted inside and 
out with flat black paint to prevent the heat 
from being relected back into the tubes. Heat-
resistant dull black Bar-B-Q paint is available 
from most hardware stores in spray cans and is 
quite suitable for this. 

Stability Considerations 

Parasitic suppressors are used in the plate 
leads of all four tubes. They should be installed 
as a matter of course when building any power-
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FIG. 3—A high-speed cooling fan is mounted on the 

chassis just behind the four 6KD6 tubes to provide 

plenty of air flow across the envelopes. The plate 

r.f, chokes and  blocking capacitors are grouped 

between the tubes.  Plate coil L1 is mounted on a 

Millen jack-bar assembly, permitting greater flexi-

bility when experimenting with L/C ratios. 

type r.f. amplifier. Each screen-grid terminal on 
the tube sockets (pins 3 and 11), and each 
beam-forming plate pin (4 and 10), is grounded 
directly to the chassis with heavy buss wire, us-
ing the shortest lead length possible.  This 
minimizes stray inductance—an aid to stability. 
Pins 5 and 9 connect to the control grids and 
each pin on all four sockets is bypassed to the 
chassis with a 0.005-pf. disk ceramic capacitor. 
Good r.f. bypassing is imperative here if the 
amplifier is to be "tame." Random oscillation 
can cause excessive currents to melt a sweep 
tube faster than a blow torch can dispatch an 
ice cube! 

Performance Notes 

We do not attempt to rate this experimental 
amplifier at more than 800 watts c.w. input. If 
the builder of such an amplifier wants to risk 
shortened tube life he can raise the power to 
1000 watts. This amplifier has been tried on 
c.w. at 1000 plate volts with a loaded plate cur-
rent of 1 ampere; no bad effects were observed 
after a few hours of such operation. The grids 
and beam-forming plates of the tubes no doubt 
would be operating near or at their critical dis-
sipation ratings with this kind of power input. 
A 6-tube amplifier would be a more satisfactory 

approach to the higher-power level. During the 
foregoing tests a power output of 600 watts was 
measured into a 50-ohm dummy load on both 7 
and 3.5 Mc. No evidence of harmonic TVI was 
observed on an RCA color TV set operating in 
the same room when the amplifier was con-
nected to an 80-meter antenna. The TV an-
tenna was 6 feet away from one end of the 80-
meter half-wave antenna. 
At 800 watts input (c.w. conditions) an out-

put of 500 watts was easily obtained, indicating 
an overall efficiency of 62.5 percent. This com-
pares favorably with the performance of the 
WA4KFO-W9GFS  four-tube  amplifier  de-
scribed in their technical paper. They used a 
pi-section output tank. This amplifier, Fig. 1, 
uses a tapped plate tank to obtain the right load 
resistance. Either method works well provided 
the right constants are chosen. 
During tests with a two-tone signal a p.e.p. 

input of 1200 watts was established. The peak-
envelope output power was approximately 700 
watts (WA4KFO obtained slightly more), re-
sulting in an efficiency of roughly 60 percent. 
It can be seen from this that a sweep-tube am-
plifier of this kind is capable of giving a worth-
while boost to signals from medium-power trans-
mitters. A "barefoot" exciter with 100 to 200 
watts p.e.p. input might produce a marginal 
signal under some conditions. By adding a 
1200-watt sweep-tube amplifier (p.e.p. input), 
the signal level should rise 8 to 11 db, a worth-
while increase when the going gets rough. 
The circuit of Fig. 1 is wired for use with 

transceivers of the Heath HW-12 variety. That 
is to say, a relay is used to provide a switch-
through feature so the amplifier can remain in 
standby when not needed, yet the transceiver 
can be operated through it. 
A ffnal word of warning! Sweep tubes are not 

designed for continuous operating at these 
power levels. Do not attempt to use them as 
a.m. linear amplifiers except at extremely low 
levels. In tuning up, dip the plate current 
quickly. Tune-up should always be done at 
very low power-50 to 100 watts output—limit-
ing the key-down time to no more than 20 sec-
onds. After initial tuneup the power can be 
increased to its peak value and the tuning 
quickly touched up. The forward-power read-
ing on an s.w.r. indicator is helpful for opti-
mizing the final adjustments. 
The hints should help prospective builders of 

sweep tube amplifiers to avoid some common 
pitfalls. The rules apply to all TV sweep tubes 
that are suitable for use in linear amplifiers, and 
there are many of them that work well. An 
inexpensive amplifier can be built by following 
the basic design described. It is worthwhile to 
consider a husky TV-set power transformer and 
bridge-rectifier setup for building a low-cost 
power supply. It should be possible to get 700 
or 800 volts d.c. 
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» Grounded-grid linear amplifiers enjoy a widespread popular-
ity and not without justification. This article spells out the 
reasons for the popularity and tells why certain grounded-grid 
amplifier designs are better than others. This is must reading 
for any sidebander contemplating a grounded-grid amplifier, 
whether it be a commercial product or the home-grown variety. 

The Grounded-Grid 
Linear A mplifier 

WILLIAM I. ORR, W6SAI, RAYMOND F. RINAUDO, W6KEV, 
and ROBERT I. SUTHERLAND, W6UOV 

To the hi-fi enthusiast, the linear amplifier is 
a high-fidelity music amplifier. To the s.s.b. 
enthusiast, the linear-amplifier package, when 
placed on the end of a sideband exciter, will 
make the exciter sound bigger, louder, and 
more commanding to other amateurs. The fact 
of the matter is that the s.s,b. linear amplifier 
is a high-fidelity amplifier in the true sense of 
the word, Although the hi-fi man thinks in 
terms of fidelity, and the sidebander thinks in 
terms of linearity, they are both talking about 
the same thing. 
It is interesting to note that a good hi-fi 

audio amplifier can theoretically be converted 
into a low-distortion linear amplifier for side-
band service by replacing the audio circuits 
with suitable r.f, tank circuits. Indeed, for r.f. 
work, push-pull circuitry is not even required 
as it is in audio service, because the flywheel 
action of the r.f. tank circuits will supply the 
missing half cycle.  Finally, the operating 
parameters for a particular tube—plate, screen, 
and grid voltages, driving voltage, load resist-
ance—are easily calculated for audio work, and 
apply equally well for r.f. service. For exam-
ple„ the 811-A tube is rated for Class-B audio 
service as a  triode. The correct operat-
ing conditions (bias, load resistance, plate dis-
sipation, etc.) are exactly the same when the 
tube is used in Class-B r.f. (grounded-cathode) 
amplifier service. 

Why Linearity? 

For sideband service the r.f. power amplifier 
must be truly linear. It must be capable of 
high-fidelty reproduction. That is, the envelope 
of the signal existing in the plate circuit must 
be an exact replica of the envelope of the 
exciting signal. This statement is a good defi-
nition of a linear amplifter. It implies that the 
power gain of the stage must be constant re-
gardless of the signal level. Any deviation from 
this happy state creates distortion products that 
appear in the signal passband and adjacent 
to it. 
Unfortunately, many amateurs judge a side-

band signal by its "quality"—that is, the "pleas-
ing" aspect of the voice being transmitted. 
From August, 1961, QST. 

Many times one hears the report "Your quality 
is excellent, old man. You have a fine signal"— 
yet the listener observes that the recipient of 
this flattering observation has a signal as 
broad as a barn door, complete with whiskers 
and splatter that obliterate half the phone 
band! Obviously, the criterion of quality of a 
sideband system is what you don't hear, not 
what you dol The place to examine a sideband 
signal for linearity and quality is in an adja-
cent channel, not in the frequency band of the 
signal itself. 

How Good Is "Good Quality"? 

The excellence of a sideband signal is 
judged by the amount of (or lack of) side-
band splatter in nearby channels. Theoretically, 
a sideband signal should be about three or 
four kilocycles wide—just as wide as the voice 
passband of the equipment. However, the poor 
sideband operator's ear has been brutally 
deafened by so many rotten signals that he 
often accepts any s.s.b. signal as "good quality" 
as long as it does not blanket the dial of his 
receiver. 
Over the years a nice, easy, vague figure of 

"30 decibels down" for distortion products has 
become a password for good-quality, low-dis-
tortion, amateur sideband equipment.  Since 
the measurement technique is usually unde-
fined, and practically no amateurs have equip-
ment sufficiently sophisticated to measure the 
interrnodulation products of a sideband signal, 
this figure has become a byword for most com-
mercial and homemade amateur equipment on 
the air. Valid or not, this magic number seems 
to be the socially correct distortion figure ap-
plied in all cases to all equipment! 

Distortion —What It Means 
If the output signal of a linear-amplifier 

stage is a replica of the exciting signal, there 
will be no distortion products. However, as 
vacuum tubes and circuit components are not 
perfect, this situation is as yet unreachable. 
As shown in Fig. 1, the transfer characteristic 
of a typical tube is approximately linear. This 
tube suffers no pain when amplifying a single 
signal (such as a carrier or a single tone), but 
has the interesting property of mixing when a 
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FIG. 1—Plate current vs. grid voltage curve (dynamic 

characteristic) of a vacuum tube. This curve is linear 

in the center portion and exhibits deviations at either 

extremity. The shape of the curve and the choice of 

the zero-signal operating point (A) will determine 

the distortion produced by the tube. Mixing action 

caused by nonlinearity produces distortion products 

which cannot be eliminated by the tuned circuits of 

the amplifier. 

multiple-signal source is applied to it. This 
means that a voice signal (made up of a multi-
plicity of tones) will become distorted and 
blurred by the inherent mixing action. 
A standard test to determine the degree of 

mixing for a given circuit or tube is the two-
tone test, in which two radio frequencies of 
equal amplitude are applied to the amplifier 
and the output signal is examined for spurious 
products (Fig. 2). These products, or "gar-
bage," fall in the fundamental signal region and 
atop the various harmonics. The tuned circuits 
of the amplifier filter out the spurious signals 
falling in the harmonic regions, which are 
termed  "even-order" products.  The "odd-
order" products, unfortunately, fall close to the 
fundamental output frequency of the amplifier, 

FIG. 2 —Intermodulation  (mixing) 

distortion caused by nonlinearity is 

illustrated by two-tone test signal 

VI and f2).  Even-order products 

(A) are substantially eliminated by 

the tuned circuits of the amplifier, 

but  odd-order  products  (B)  fall 

within the passband of the tuned 

circuits and are not removed. 

34-212 

4f, 3f, 

(A) 

f, f2 

and cannot be removed by simple tuned cir-
cuits. These are the spurious frequencies that 
cause a poorly designed or incorrectly adjusted 
linear amplifier to cover the dial with splatter. 

Shown in the illustration are two frequencies 
that make up a typical two-tone test signal. 
In this example, they are 2000 kc. and 2002 kc. 
Now, if the amplifier is perfect, these two sig-
nals will be the only ones appearing in the 
output circuit. An imperfect (but practical!) 
amplifier will have various combinations of 
sums and differences of the signals and the 
harmonics generated by the nonlinear transfer 
characteristic of the tube. Some of these un-
wanted products fall within the passband of 
the tuned circuits of the amplifier and are 
radiated along with the two test tones. 
If the odd-order products are sufficiently at-

tenuated, they will be of minor importance and 
can be ignored. The sixty-four-dollar question 
is:  Of what magnitude can these spurious 
products be without becoming annoying? How 
much "garbage" can be permitted before the 
signal becomes intolerable to the operator 
trying to maintain a QS0 in an adjacent chan-
nel? 
The answer to these questions depends upon 

the type of information being transmitted and 
the degree of interference that can be tolerated 
in the adjacent channel. Certain forms of in-
formation (not voice) require an extremely low 
value of spurious products within and adjacent 
to the passband, otherwise the information will 
be seriously degraded.  Odd-order products 
greater than 0.001 per cent of the wanted sig-
nal may be damaging to the intelligence. 
Translated into terms of decibels, this means 
the unwanted odd-order products must be 50 
decibels below the wanted signal. This takes 
some doing, and is orders of magnitude more 
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strict than is necessary in amateur voice com-
munications. 
In actual practice, it would seem that if the 

odd-order products are less than 0.1 per cent 
of the peak signal power level, the adjacent-
channel QRM will be tolerable in everyday 
amateur communications. This indicates a dis-
tortion-products magnitude 30 decibels below 
the peak output power level of the transmitter. 
Such a state of affairs can be attained by mod-
ern techniques and tubes without too much 
trouble, provided attention is given to circuit 
design and operating parameters of the equip-
ment. Of course, if distortion levels less than 
this can be reached, so much the better. Un-
fortunately, some equipments presently operat-
ing in the amateur bands and masquerading as 
"linear" amplifiers exhibit distortion levels of 
20 decibels or less below peak power output. 
Use of equipment of this dubious quality 
quickly reduces the popularity of the operator 
to zero, and will probably lead to a brick 
through the shack window if continued! 

The Grounded-Grid Linear Amplifier 

For amateur service, the grounded-grid cir-
cuit professes to be the answer to many of the 
ills besetting the linear amplifier. It generally 
requires a level of drive that is compatible with 
the great majority of sideband exciters (70 to 
100 watts). With proper choice of tubes, it 
may be operated in a zero-bias condition, 
eliminating the need for expensive and heavy 
grid (and screen) power supplies. Neutraliza-
tion is not usually required. In addition, claims 
are made that the inherent feedback of the 
grounded-grid amplifier improves the stage 
linearity and drops the magnitude of the dis-
tortion products. This all sounds too good to 
be true, and an examination of the grounded-
grid amplifier may be in order to see if it is 
the answer to the sidebander's prayers. 
The classic grounded-grid amplifier is shown 

in Fig. 3. The control grid is at r.f. ground 
potential and the driving signal is applied to 
the cathode via a tuned circuit. The control 
grid serves as a shield between the cathode and 
the plate, making neutralization unnecessary at 
medium and high frequencies. 
The  input  and  output circuits of the 

grounded-grid amplifier may be considered to 
be in series, and a certain portion of the input 
power appears in the output circuit.  This 
feed-through power helps somewhat to stabilize 
the load the amplifier presents to the exciter, 
and also provides the user with some "free" 
output power he would not otherwise obtain 
from a more conventional circuit. The driver 
stage for the grounded-grid amplifier must be 
capable of supplying the normal level of exci-
tation power required by the amplifier plus the 
feed-through power. Stage power gains of 5 
to 25 can be achieved in a grounded-grid 
amplifier. 
Measurements made on tubes in the Power 

Single Sideband 

FIG. 3—The grounded-grid amplifier has the input 

circuit between cathrde and ground.  The control 

grid acts as a screen between the plate and the 

cathode, making neutralization unnecessary in most 

circuits. The input and output circuits are in series 

and a portion of the input power appears in the 

output circuit. The driver stage for the grounded-

grid amplifier must be capable of supplying normal 

excitation  power plus  the required  feed-through 

power. High-C cathode tank preserves waveform of 

input signal and prevents distortion. 

Grid Tube Laboratory of Eitel-McCullough, 
Inc., showed that an improvement of 5 to 10 
decibels in odd-order distortion products may 
be gained by operating various tubes in the 
grounded-grid configuration of Fig. 3, in con-
trast to the same tubes in the grid-driven mode. 
The improvement in distortion figure varied 
from tube type to tube type, but all tubes 
tested showed some order of improvement 
when cathode driven. 
The tuned cathode circuit consisted of a 

bifilar coil, which carried the filament current, 
and a large-value variable capacitor.  The 
circuit was high-C, with the excitation tap 
placed to provide a low value of s.w.r. on the 
coaxial cable to the exciter. 

The Untuned Cathode Circuit 
After sufficient measurements had been made 

with the circuit of Fig. 3, the apparatus was 
modified to simulate the popular untuned 
cathode input circuit of Fig. 4. It was imme-

INPUT 

FIG. 4—Popular amateur-style  grounded-grid  am-

plifier used untuned filament choke in place of 
cathode tuned circuit. Laboratory tests showed that 

this simplified configuration produced higher inter-

modulation distortion products and had less power 

output than the "classic" circuit of Fig. 3, regardless 
of the type of tube used. In addition, the untuned 

input circuit proved hard to match and drive with 

pi-network-type sideband exciter. 
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FIG. 5—Waveform distortion caused by half-cycle loading at cathode of grounded-grid amplifier can be 

observed in oscilloscope studies. Upper left: Two-tone test signal when tuned cathode circuit is used. Lower 

left: 3.5-Mc. waveform (single tone) from sideband exciter as seen at cathode tank. Upper right: Two-tone 

test signal when untuned cathode circuit is used. Lower right, 3.5-Mc. waveform (single tone) from side-

band exciter, showing severe distortion of waveform when untuned cathode circuit is used. 

diately found that all the tubes tested in the 
previous circuit gave noticeably poorer results 
when used with an untuned cathode circuit. 
Power output dropped by 5 per cent or so, 
greater grid driving power was required, and 
linearity suffered to a degree. Specifically, the 
third-order products rose approximately 3 to 4 
decibels over the values produced by the 
circuit Cif Fig. 3, and the fifth-order products 
rose 5 to 6 decibels over those figures recorded 
with the tuned cathode circuit. The higher-
order distortion products also rose accordingly. 
These results were consistent regardless of the 
type of tube under test. 
Observing the input waveform at the cathode 

of the grounded-grid amplifier revealed a pro-
nounced distortion of the r.f. waveform, caused 
by the loading effect over one-half cycle of a 
single-ended Class-B amplifier (Fig. 5). Plate 
and grid currents drawn over this portion of 
the cycle loaded the input circuit. Unless the 
output regulation of the exciter is very good, 
the portion of the wave on the loaded part of 
the cycle will be seriously degraded, as shown. 
The exciter used for these tests was operating 
Class A and was well swamped to improve 
regulation. Under normal circumstances using 
an amateur-type exciter, degradation of the 
input wave form may reach a more serious 
degree. Obviously, the circuit Q of the exciter 
output tank at the end of a random length of 
interconnecting coaxial line is not sufficient 
to prevent this form of wave distortion. 

The solution to this problem is to employ 
either a high-C tuned circuit of the form 
shown in Fig. 6A, or untuned filament chokes 

in conjunction with a simple pi-network or 
tuned circuit as shown in Figs. 6B and 6C. 
Either arrangement will supply the necessary 
flywheel effect to retain good r.f. waveform at 
the cathode of the stage. 

Adjustment of the Tuned Cathode Circuit 
The cathode circuit is resonated to the 

operating frequency by means of the variable 
capacitor. Resonance is indicated by maximum 
grid current in the amplifier. A low value of 
s.w.r. on the coaxial line to the exciter is 
established by adjusting the tap on the tuned 
circuit, or by varying the input capacitor of 
the pi network. S.w.r. correction should be 
made with the amplifier running at maximum 
input. When the tap is correctly set, maximum 
grid current and minimum s.w.r. will coincide 
at one setting of the capacitor. No cutting and 
trimming of the coaxial line is required, and the 
exciter will be properly loaded. This is a boon, 
indeed, to the owners of s.s.b. exciters that 
have a fixed pi network. 

Grid-Current Measurement 
Measuring the grid current of a cathode-

driven amplifier can be exasperating, as it is a 
ticklish job to "unground" the grid sufficiently 
to permit a metering circuit to be used yet still 
hold the grid at r.f. ground potential. The 
inherent inductance of most bypass capacitors 
permits the grid circuit to float above the 
ground at some high frequency, and as a result, 
the amplifier exhibits instability and parasitics. 
This problem can be avoided by using the 
measuring circuit of Fig. 7A. The control grid 
is grounded through a 1-ohm composition re-
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FIG. 6—Tuned cathode network for zero-bias tube may take the form of bifilar circuit (A), pi network (B), 

or a shunt LC circuit (C). A Q of 5 is recommended for optimum results. However, as this leads to rather 

bulky circuits at the lower frequencies, the Q may be decreased to 2 or 3 without serious effects. Capacitor 

CI is a 3-gang broadcast-type unit. Coils Li, L2 and L3 are adjusted to resonate to the operating frequency 
with Ci set to about 13 pf. per meter of wavelength. Capacitor C2 is approximately 1.5 times the value of 

Ci. The input tap on coils Li and L3, or the capacitance of C2, are adjusted for minimum s.w.r. on the 

coaxial line to the exciter. 

sistor, bypassed by a 0.01-Af. disk capacitor. 
The voltage drop generated by the flow of grid 
current across the resistor can easily be meas-
ured by a millivoltrneter calibrated to read in 
terms of grid current. Individual grid currents 
for each of a parallel pair of tubes may be 
measured by the circuit of Fig. 7B. 
The internal resistance of the 0-1 d.c. 

milliammeter plus the series resistor Rt deter-
mines the maximum current that can be meas-
ured.  Suppose it is desired to read grid 
current of the order of 60 milliamperes. It 
would be convenient, therefore, to have the 
meter read 0-100 milliamperes, as the reading 
of the meter scale can easily be multiplied by 
100 to obtain the actual value of current. Now, 
when a current of 100 milliamperes flows 
through 1 ohm, there exists a potential of 0.1 
volt across the resistor. Therefore, the meter 
should read 0.1 volt full scale to correspond to 
a grid current of 100 ma. Assume the meter 
has an internal resistance of 55 ohms (such as 
the Triplett No. 22-T).  The voltage drop 
across the meter itself is 0.055 volts when one 
milliampere flows through it, but at one 
milliampere the resistance must be 100 ohms 

FIG. 7—Grid current in a 

grounded-grid amplifier may 

be measured across a low 

impedance without upsetting 

the stability of the amplifier. 

(A) Grid is grounded by a 1-
ohm composition resistor in 

parallel with a 0.01-4. ce-

ramic disk capacitor. Resis-

tor and capacitor leads are 

cut very short, and lead to 

metering circuit is shielded. 
(B) A single meter may be 

used to measure individual 

grid currents of two tubes. 

(A) 

for a voltage drop of 0.1 volt. The difference 
between 100 ohms and 55 ohms, or 45 ohms, 
must therefore be added in series with the 
meter to convert it to read 0.1 volt full scale. 
On the other hand, the meter by itself across 
the 1-ohm resistor would indicate 0.055 volts 
full scale, corresponding to a grid current of 
55 milliamperes. If the grid current is below 
this latter figure no series resistor will be 
required for the meter.  Conversely, higher 
values of grid current would call for greater 
series resistance. 

Summary 

The use of the tuned cathode circuit in a 
grounded-grid linear-amplifier stage improves 
linearity, increases the power output, makes 
the stage easier to drive, and reduces the 
burden placed on the sideband exciter. It is the 
firm belief of the authors that the advantages 
of this circuit are well worth the added cost 
of parts and the extra controls. It is, of course, 
possible to dispense with the tuned cathode 
circuit provided the user understands the 
handicaps he must assume by omission of this 
important circuit element. 
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» Neutralization and control of grid isolation within the cathode-
driven amplifier permit the designer to adapt the basic circuit 
to the particular operating conditions at hand. Power gain and 
feedthrough power may be varied, and the amplifier can be 
stabilized for proper operation over a wide frequency range. 

The Cathode-Driven Linear 
A mplifier 

WILLIAM I. ORR, W6SAI AND WILLIAM H. SAYER, WA6BAN 

The cathode-driven, or grounded-grid, am-
plifier' is ideally suited to amateur s.s.b. or c.w. 
service and seems to be gradually relegating the 
grid-driven amplifier to the junk box. The at-
tributes of the cathode-driven amplifier are im-
pressive: it has reasonable power gain, it usually 
requires no auxiliary neutralization below 30 
megacycles or so, it offers lower residual circuit 
capacitance, and parasitic suppression is not 
difficult. Under certain conditions, moreover in-
herent negative feedback exists in this configu-
ration, to the benefit of amplifier linearity. Fi-
nally, a portion of the cathode r.f. drive power 
shows up in the output circuit, thus providing a 

From June, 1967, OST• 
The terni "cathode-driven," or "grid-isolation" is 

preferred over "grounded-grid," as the latter implies 
that the grid is at c.f. and d.c. ground. This is often 
riot the case. 

(B) 

FIG. 1-A —The cathode-driven circuit. Driving voltage 

(e,) is applied to the cathode of the amplifier and 

the output voltage (ep) appears across the plate load 

impedance, RL, in phase with e,. The grid of the 

tube is at nominal ground potential. B—The driver 

and cathode-driven amplifier are in series with re-

spect to the amplifier r.f. voltages. Amplifier cathode 

current (i) flows through the load resistance of the 

driver, contributing a degree of r.f. feedback. 

degree of "free" output power not otherwise 
available from a conventional grid-down circuit. 
Strictly speaking, the extra output power is 

not "free," as r.f. power is expensive compared 
to d.c. plate power and may only be "free" if it 
is unavoidably available. It is generally referred 
to as feed-through power, but the implication in 
this term may be misleading, as this portion of 
the drive power does not appear in the load 
circuit of the cathode-driven stage until after it 
is converted to a varying d.c. plate potential 
effectively in series with the main amplifier 
power supply. This converted drive power per-
forms a useful funtcion in Class AB., and Class 
B linear service by swamping out the undesir-
able effects of nonlinear grid loading and pre-
senting a reasonably constant load to the ex-
citer.2 
The purpose of this article is to examine cer-

tain aspects of the cathode-driven amplifier, not 
widely recognized, that afford additional flexi-
bility and versatility under particular operating 
conditions, and which permit accurate and com-
plete neutralization  to be achieved when 
needed. 

The Basic Cathode-Driven Circuit 

First discussed in QST in September, 1933,3 
the cathode-driven circuit has generated a con-
siderable body of literature over the past few 
decades (see bibliography). The circuit is be-
lieved to have first been conceived circa 1920 
by Ernst Alexanderson of alternator fame. Used 
about 1938 in European short-wave broadcast 
and TV service, this unique amplifier configura-
tion became popular in U.S. post-war low-chan-
nel TV transmitters about 1944 or so. 
The basic cathode-driven circuit is shown in 

Fig. 1. It may be operated either as an oscilla-
tor or as an amplifier by proper choice of com-
ponents and potentials. The grid of the tube 
is nominally at r.f. ground potential and the 
exciting signal is applied to the cathode, or fila-
ment. For amplifier service, it is assumed that 
the cathode is instantaneously driven positive 
with respect to ground (the grid), the plate 

Pappenfus, Bruise and Schoenike, Single Sideband 
Principles and Practice, McGraw-Hill Book Co., N.Y. 
(1564). 
Romander, "The Inverted Ultra-audion Amplifier," 

PST, September, 1933. 
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TU BE 
ENVELOPE 

FIG. 2—Distributed constants of cathode-driven tube. 

Cathode-to-plate (C ,), cathode-to-grid (Ce_d and 

gride-to-plate (Cz_d capacitances, together with grid-

lead inductance (L) make up feedback paths that 

must be neutralized for proper operation of the 

cathode-driven amplifier. Two feedback paths enter 
the picture: the direct path from plate to cathode 

via Cc_p, and a more devious path via series ca-

pacitors C  and  

will become more positive with respect to the 
cathode, and also with respect to ground. The 
instantaneous plate voltage, in effect, is devel-
oped in series and in phase with the exciting 
voltage, and the driver and amplifier stages may 
be thought of as operating in series to deliver 
power to the load, R1. The delivered power is 
the sum of converted drive power and amplifier 
power, less any power from the driver required 
by the amplifier grid circuit. A parallel-tuned 
circuit is used in the cathode of the amplifier to 
enhance the regulation of the driver stage, to 
complete the plate circuit r.f. return path to 
the cathode, and to provide proper driver termi-
nation over the operating cycle.4 
As the cathode-driven amplifier is effectively 

in series with the driver stage, the output cur-
rent passes through the load resistance of the 
driver (Re), causing a voltage drop across that 
resistance which opposes the original driving 
voltage. This indicates that inverse feedback is 
inherent in the cathode-driven amplifier to some 
degree if the driver has appreciable load resis-
tance.5 

Neutralization 

The familiar cathode-driven amplifier used in 
h.f. amateur service is usually not neutralized. 
That is to say, no external neutralizing circuit is 
built into the amplifier. This omission has led 
to the general belief that the "grounded grid acts 
as a shield" and neutralization is not necessary 
in any and all cathode-driven amplifiers. The 
accepted proof of this belief is the fact that 
most h.f. amplifiers, in most instances, will not 
oscillate in use. Operation of an unneutralized 

4 C. E. Strong, The Inverted Amplifier," Electrical 
Communication (England), Volume 19, No. 3, 1941. 
J. J. Muller, "Cathode Excited Linear Amplifiers," 

Electrical Communication (England), Volume 23, Sep-
tember, 1946. 

cathode-driven amplifier in the upper portion of 
the h.f. spectrum, however, may provide un-
pleasant surprises. Many amateurs have found 
to their chagrin that such an amplifier is often 
a tricky "beast" to tame at 10 and 6 meters. 
The reason for the unwanted instability is 

simple. Wires and leads represent finite induc-
tances, and their position relative to each other 
and to other circuit components represents ca-
pacitance; both these quantities may have an 
effect upon amplifier performance.  Vacuum 
tubes have these distributed constants within 
their envelopes in the form of interelectrode ca-
pacitances and lead inductance. 
Voltage feedback from output to input 

through the distributed constants of the tube 
has a deleterious effect on amplifier perfor-
mance.  The magnitude, phase and rate of 
change with respect to frequency of this feed-
back determine the dynamic stability of the am-
plifier, and control of feedback is termed neu-
tralization. The purpose of neutralization of any 
amplifier, regardless of circuitry, is to make the 
input and output circuits independent of each 
other with respect to voltage feedback and the 
resulting reactive currents.6 When a cathode-

In fact, the cathode voltage is dependent to a de• 
grec upon the output voltage, as the input and output 
circuits are in series. 

BLOCKING 
CAPACITOR 

INPUT 

(A) 

OUTPUT 

FIG.  3-A —Cathode-plate  inductive  neutralization. 

Capacitive  feedbaèk  path  between  cathode  and 

plate via C15  may be neutralized by making the 

capacitance part of a parallel-resonant circuit tuned 

to the operating frequency by the addition of L. 

A blocking capacitor is used to remove the d.c. plate 
voltage from the coil.  Neutralization is frequency 

sensitive.  B—Equivalent  circuit;  high-impedenve 

parallel-resonant circuit nullifies feedback path be-

tween input and output circuits via plate-to-cathode 

capacitance. 
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cc-

(6) 

E.,„T 

FIG. 4-A —Cathode-plate bridge neutralization. Bal-

anced input provides equal out-of-phase voltages at 

points 13 and C. When CN is equal to Cc_o, equal 

out-of-phase voltages will cancel each other at point 

A and feedback path via C  is neutralized.  B--

Neutralization circuit redrawn in bridge form, with 

typical capacitance values for 3-400Z triode shown in 

parentheses. Bridge is balanced except for capaci-
tance Cx, representing residual capacitance to ground 

at point B.  If the balanced input circuit is high-C 
in comparison to interelectrode capacitances of tube, 

capacitances C  and C. are swamped out and 

bridge may be considered to be balanced. 

driven amplifier is operated at the higher fre-
quencies, the internal capacitances anà the in-
ductance of the grid structure of the tube 
contribute to the degree of feedback (Fig. 2). 
To achieve stability, the various feedback paths 
through the distributed constants inherent in 
the tube structure must be balanced out, or 
nulled, in some fashion by neutralization tech-
niques. Proper neutralization may be defined as 
the state in which, when plate and cathode tank 
circuits are resonant, maximum cathode voltage, 
minimum plate current, and maximum power 
output occur. This definition implies that the 
input and output circuits are independent of 
each other with respect to common reactive 
currents, and that tuning of the circuits reveals 
no interaction. 
As the grid of the tube is at nominal ground 

potential in a cathode-driven amplifier, it ap-
pears that this element may act as a screen, or 

 etg   
cc., 

 117-

eLE 1 

(A) 

(8) 

>ep 

FIG. 5.A —Three-terminal representation of cathode-

driven tube.  See text for explanation.  B—Vector 

representation  of  feedback  voltages  in cathode-

driven tube. 

shield, between the output and input circuits 
and that instability or oscillation due to feed-
back paths through the interelectrode capaci-
tances of the tube may be avoided, or reduced 
to negligible values. At the lower frequencies, 
particularly with respect to well-shielded, low-
gain tubes, this belief may be true. However, 
in the higher-frequency region the practical 
tube (i.e., the tube that can be built) departs 
to an important degree from this simplified con-
cept. 

Neutralizing the Cathode-Driven Amplifier 

Suitable operation of the cathode-driven am-
plifier often requires some form of neutraliza-
tion when the frequency of operation approaches 
the upper reaches of the h.f. spectrum. Com-
plete circuit stability requires neutralization of 
two feedback paths, for which separate tech-
niques are required. 
The first feedback path involves the cathode-

to-plate capacitance, Cc_5. Although the capaci-
tance involved is small, the path is critical and 
requires neutralization. Neutralization may be 
accomplished either by a shunt inductance 
(Fig. 3) or by a balanced capacitance bridge 
circuit (Fig. 4). The first technique consists of 
connecting a reactance from plate to cathode 
of such magnitude as to transmit back to the 
cathode circuit a current equal in value but op-
posite in phase to the current passing through 
the cathode-to-plate capacitance. The bridge 
technique is a version of the well-known capaci-
tance neutralizing circuit used in conventional 
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grid-driven amplifiers to balance out the effects 
of grid-plate capacitance. The balanced input 
circuit provides equal out-of-phase voltages to 
which the cathode of the tube and the neutral-
izing capacitor are coupled. As the value of the 
neutralizing capacitor is equal to the cathode-
to-plate capacitance of the tube, the voltages 
are balanced at the junction of the two capaci-
tances, which is the plate termination of the 
cathode-driven tube. Both capacitances are us-
ually quite small, and the effect of series lead 
inductance in the bridge circuit is relatively un-
important. Consequently a reasonable bridge 
balance over a wide frequency range may be 
obtained with a single setting of the neutraliz-
ing capacitance. 
The shunt-inductance neutralizing circuit of 

Fig. 3, on the other hand, has the disadvantage 
of requiring adjustment for each working fre-
quency, as the external inductance and cathode-
to-plate feed-through capacitance form a fre-
quency-sensitive parallel-resonant circuit at the 
operating frequency. 
Either neutralizing circuit may be properly 

balanced 7 even though the grid of the tube may 
not be at actual ground potential because of in-
ternal grid inductance, Lg. Intrastage feedback 
resulting from this inductance requires a sepa-
rate, unique solution, apart from the neutraliz-
ing technique just discussed. 

Grid-Inductance Neutralization 

The second feedback path in the cathode-
driven stage includes the grid-to-plate capaci-
tance, the cathode-to-grid capacitance and the 

With physically-large tubes having appreciable series 
input inductance, in-phase nentralitation is often re-
quired.  This may  be  achieved  by  adding external 
cathode-to-plate capacitance, or by detuning the shunt 
inductor from the condition of parallel resonance. 
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FIG. 6-A —The self-neutralizing frequency of a cath-

ode-driven triode may be measured by observing the 
transmission properties of the cold tube when treated 

as a three-terminal network. B—Typical plot of intra-

stage isolation of 3-400Z triode mounted in test fix-

ture.  Self-neutralizing frequency of tube is about 
100 megacycles. 

series grid inductance, Lg, as shown in Fig. 2. 

The grid inductance represents the sum of all 
possible feedback paths through the grid struc-
ture, plus the actual series inductance of the 
grid structure. In practical tubes, there is no 
possibility of avoiding all inductance in the path 
between the active grid element of the tube and 
ground. This path exists because the grid is not 
a solid, intercepting structure. After all, open-
ings must exist to p=rmit electrons to pass from 
the cathode to the plate! Capacitance leakage 
can exist between the cathode and the plate 
through these openings. In addition, Maxwell's 
equations state that changing electric and mag-
netic fields propagate each other through space. 
In the vicinity of the real grid structure, the 
electric field about the "input' side of the struc-
ture gives rise to currents flowing in the struc-
ture which, in turn, cause an electric field to 
exist about the "output" side of the structure. 
In addition, electromagnetic coupling through 
the interleaved grid structure is also ohserved.8 
These spurious coupling paths result in an 

apparent r.f. leakage through the cathode-to-
grid and grid-to-plate capacitances that is often 
many times greater than that predicted by ac-
tual measurement of the internal capacitances. 
A simplified picture of this complex path may 
be seen as an inductance in series with the grid-
to-ground path, common to both input and 
output circuits ( Fig. 2). If this path is not 
neutralized, a voltage e, appears on the grid of 
the tube which either increases or decreases the 
driving voltage, depending upon the value of 
internal capacitances and grid inductance. With 
sufficient spurious grid voltage, the cathode-
driven stage may oscillate, or be unstable, even 
though the cathode-to-plate feedback path dis-
cussed earlier is completely neutralized. 
The voltage e, on the »so-called "grounded 

grid" is determined by a complex action be-
tween the total cathode-to-plate capacitance 
and a separate low-Q circuit composed of a ca-
pacitive voltage divider  and C,„„ in se-
ries) together with the grid inductance, Lg. A 
certain frequency at which these two feedback 
paths nullify each other is termed the self-neu-
tralizing frequency (f1) of the tube. This fre-
quency usually occurs in the lower portion of 
the v.h.f. spectrum with small transmitting 
tubes. All the elements comprising the neutral-
izing circuit are within the tube. However, con-
necting the tube into the circuit by wiring or 
socketing will alter this frequency. 
The  self-neutralizing  phenomenon  comes 

about because of a frequency-sensitive voltage 
balance that takes place within this network, 
Fig. 5A, and which may be explained by a sim-
ple vector diagram, Fig. 5B. The r.f. plate volt-
age (e5) causes a current (i) to flow through 

s Feedback admittance also is enhanced by the self-
inductance of the grid wires, which provides common 
coupling between input and output circuits. The in-
ductive coupling may partially compensate for the feed-
back  through  the cathode-to-plate capacitance.  (see 
Bibliography, item 3.) 
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(A) 

(B) 

FIG. 7-A —The point of self-neutralization may be 
shifted lower in frequency by the addition of an 

inductance (Ln) in series with the grid-to-ground 

termination of the tube. B—The point of self-neu-
tralization may be shifted higher in frequency by 

the addition of a capacitor (CN) instead of an in-

ductor. 

Cg._1, and Lg. If the reactance of L is small in 
comparison with the reactance of Cg_p (as 
would be the case below the self-neutralizing 
frequency), the current j will lead the plate 
voltage ep by 90 degrees. In flowing through 4, 
this current will develop a grid voltage (e,) 
which is 180 degrees out of phase with ep and 
with the voltage eff, fed back to the cathode via 
C e_p and series-connected Ce_p and 
At some frequency the voltage ei, developed 

across L, will just equal the voltage fed back 
through the interelectrode capacitances (e15 ). 
The frequency at which e, is equal to e f is the 
self-neutralizing frequency. At this frequency a 
cancellation of feedback voltages occurs and the 
complex feedback path is nullified, or "neutral-
ized." (A second, somewhat higher, frequency 
at which the complex grid configuration is in a 
series-resonant state with respect to intrastage 
isolation is called the grid series-resonant fre-
quency (f,) of the tube.) 9 

The Self-Neutralizing Characteristic Curve 

The  self-neutralizing characteristic of a 
cathode-driven triode may be determined by 

e "Care and Feeding of Power Grid Tubes", applica-
tion bulletin No. 13, EINIAC, a Division of Varian, 
San Carlos, Calif. 

treating the tube as a passive three-terminal 
network and measuring transmission as a func-
tion of frequency. The tube is placed in a test 
fixture which is contrived to insure that the 
frequency measured is dependent on the tube 
and socket only (Fig. 6). A signal is applied to 
the "cold" tube through an appropriate attenu-
ator and a detector is used to measure the 
transmission voltage through the tube. Investi-
gation over a range of frequencies will produce 
a typical plot such as shown in Fig. 6B. The 
point of maximum isolation is the self-neutraliz-
ing frequency, fi. Measurements are not quan-
titative, as nothing is known about the im-
pedance of the input or output circuits. The 
relative isolation with respect to frequency, 
however, is the interesting parameter. 
The self-neutralizing frequency (a broad null 

of several hundred kilocycles) may be moved 
about by manipulation of the external grid-to-
ground circuitry of the tube, or by changing the 
capacitive feedback path. Or, if desired, a sec-
ondary point of neutralization may be created, 
as described later. If the desired frequency of 
operation is above the self-neutralizing fre-
quency the voltage developed on the "grounded 
grid" will be too great and the series grid in-
ductance, L„, must he reduced, or the feedback 
path adjusted to establish self-neutralization, If 
the operating frequency lies below the self-
neutralizing frequency: the voltage on the 
"grounded grid" will be insufficient to cancel 
the feedback voltage and the series grid induc-
tance must be increased. 
The portion of the plot around the point fi 

has been experimentally verified by observing 
the intrastage leakage (transmission) properties 
of a 3-400Z zero-bias triode mounted in an SK-
510 socket and fixed in a partition in an r.f.-
tight enclosure. Observation was over the range 
of 50 to 250 megacycles, and the self-neutraliz-
ing frequency was seen to be in the neighbor-
hood of 100 megacycles (Fig. 6B). Above this 
frequency, the intrastage isolation gradually de-
teriorated as the series-resonance frequency, f,„ 
of the grid element was approached. Near the 
latter frequency, tube operation is impractical, 
being further complicated by transit-time effects 
and other vhf, phenomena. 

The Self-Neutralizing Frequency 

The self-neutralizing frequency of a cathode-
driven triode depends to a large degree upon 
the size of the tube, the interelectrode capaci-
tances, the physical configuration of the grid 
structure and the inductance of the grid leads 
and terminals. Below this frequency, the tube 
can be neutralized by the addition of a small 
inductor (L,„ Fig. 7) in the grid-to-ground 
path. Above this frequency, neutralization may 
be achieved by reducing the reactance of the 
path by the addition of a suitable series ca-
pacitance, CN. To demonstrate this a variable 
capacitor was placed in series with one grid 
terminal of the 3-400Z mounted in the test fix-
ture. At any frequency between f, and 250 
megacycles the shape of the plot could be 
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altered by adjustment of the capacitor, provid-
ing a neutralizing "null," Fig. 8, in the curve 
of about the saine amplitude as observed at the 
lower frequencies. The Q of the neutralizing 
circuit (one grid lead plus the capacitor) was 
considerably higher than the Q of the grid 
system, and the neutralizing adjustment proved 
to be rather frequency-sensitive. The original 
self-neutralizing frequency (fi) was little al-
tered by the addition of the auxiliary circuit. 
A second test conducted on a larger tube 

(the 3X2500A3, a 2.5-kw. low-/s triode) showed 
that it could be neutralized on the lower-fre-
quency side of the self-neutralizing frequency 
f, by the addition of a suitable inductor be-
tween the grid terminal and ground. Both tech-
niques are shown in Fig. 7. 
It should be noted that intrastage self-neu-

tralization and cathode-plate neutralization are 
interlocked. In the lower portion of the v.h.f. 
spectrum only one technique may be necessary 
to achieve a satisfactory degree of neutraliza-
tion, at least as far as amplifier stability goes. 
At 6 meters, for example, either system will 
completely stabilize many amplifiers in most 
situations. At higher frequencies such is not 
the case, and both feedback circuits may re-
quire attention and manipulation to allow the 
amplifier in question to be properly neutralized. 

General Remarks 

Conclusions to be drawn as to the degree of 
intrastage isolation, or as to the requirement for 
neutralization in a cathode-driven amplifier, 
tend to be clouded unless backed by measure-
ments made on the equipment, just as is the 
case with grid-driven amplifiers. In the latter 
instance, neutralization of the circuit is almost 
taken for granted. Not so with cathode-driven 
amplifiers, as adequate isolation and stability 
have often been achieved at the lower frequen-
cies even with tubes that were not designed for 
this purpose. It is unwise to jump to the gen-

Single Sideband 

FIG. 8-A —The 3-400Z may achieve neu-

tralization over a wide v.h.f. range by the 

addition of a series capacitor in one grid 

lead.  Neutralization  adjustment  is fre-

quency sensitive and must be peaked for 

maximum intrastage isolation of the op-

erating frequency.  B—Plot of intrastage 

isolation of 3-400Z, showing neutralizing 

null added by the series grid capacitor. 

Null  may be  moved  about between f, 

and f2. A similar neutralizing effect may 

be obtained at frequencies lower than f, 

by the circuit shown in Fig. 7-A. 

eral conclusion that this special situation exists 
in all cases. 
At the lower frequencies, particularly with 

well-shielded, low-capacitance tubes, neutrali-
zation may not be necessary, and this permits 
the circuit designer to make use of circuit tech-
niques and practices that afford variation of 
power gain, converted drive power, and degree 
of inverse feedback to the cathode driven am-
plifier. Specifically, these parameters may be 
varied to meet the demands of the system or to 
adjust the converted drive power requirement of 
the amplifier to match the available drive 
power of the exciter. These circuit schemes, 
however, should not be confused with the sepa-
rate problems of amplifier neutralization, dis-
cussed in this article. 
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AN 811-A 200-WATT GROUNDED-GRID LINEAR AMPLIFIER 

The amplifier shown in Fig. 1, 3 and 4 re-
quires about 15 watts of excitation power to 
drive it to full peak input (200 watts) on 3.5 
through 30 Mc. For convenience and compact-
ness, the amplifier is completely self-contained; 
silicon-diode rectifiers in the plate and bias sup-
plies contribute materially to the small size. 
Referring to the circuit diagram in Fig. 2, 

the input impedance of the grounded-grid 
811-A amplifier (about 300 ohms) is stepped 
down through an "L" network to offer approxi-
mately 50 ohms as a load for the driver. The 
network makes for little or no complication, 
since the circuits are fixed-tuned and, once ad-
justed, need not be touched again. It will be 
noted that on the 15- and 10-meter bands no 
lumped capacitance is used in the network; 
this is because the capacitance of the length of 
RC-58/U running from SI, is sufficient. 
The filament choke, RFC,, is an inexpensive 

homemade one (described later). Since the 
filament winding of the power transformer has 
no center tap, two 22-ohm resistors are used to 
provide a center tap for the filament circuit. In 
the band-switched plate circuit, a commercial 
inductor (with two winding pitches) is used, 
and because the output capacitor is not large 
enough on 80 meters, on that band an addi-
tional 500 pf. is switched in by S2. 
To meter grid or plate current, a 0-1 milli-

ammeter is used as a 0-1 voltmeter to measure 
the drop across 10 ohms in the grid circuit or 

2.5 ohms in the plate circuit, giving 0-100 and 
0-400 ma. full-scale readings respectively. 
A panel operate-standby switch, S,, removes 

the fixed grid bias during operate periods. If an 
external control is available, as in a VOX-con-
trolled s.s.b. exciter, S, is left open and the ex-
ternal circuit connected through J. 
All of the power is derived from a single 

husky TV power transformer. The plate power 
is derived from a voltage-doubling circuit using 
inexpensive silicon diodes and 450-volt electro-
lytic capacitors. The filament voltage for 811-
A is obtained from one transformer secondary, 
and another 6.3-volt secondary is utilized in a 
voltage-doubling circuit to provide cut-off bias 
for the 811-A, to avoid diode-noise problems if 
an electronic t.r. switch is used. High-voltage 
filtering is furnished by four 40-gf. capacitors 
connected in series. 

Construction 

The amplifier is built on a 10 x 12 X 3-inch 
aluminum chassis, with a panel and back panel 
of 0.063-inch aluminum measuring 9 x 12 
inches. One-inch aluminum angle stock is used 
to make side and top lips that take the perfo-
rated-aluminum cover. The cover, not shown in 
the photographs, is a single piece 10 inches 
wide bent in a broad "U" shape; it is held to 
the lips by sheet-metal screws. 
Capacitors C, and C2 are fastened to the top 

of the chassis by 6-32 hardware; C, is located 

FIG. 1—The 200-watt grounded-grid amplifler with its perforated-metal cover removed. This compact amplifier 

uses an 811-A and a simple 1300-volt power supply. To simplify construction, two bondswitches are used (in-
put ot lower left, plate at upper right). The single meter can be switched to read either grid or plate current. 
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FIG. 2—Circuit diagram of the 200-watt grounded-grid linear amplifier. Unless specified, all capacitances are 

in picofarads (pf. or ggf.), all resistors are 1/2 watt, all resistances are in ohms. Capacitors marked with polarity 

are electrolytic; 0,01-)1f. copacitors are 1200-volt disk ceramic. 

C1-250-pf. variable, 0.045-inch spacing (Johnson 

type 154-1). 

C3-3-gang capacitor, 365 pf. each section (Allied 

Radio 60 L 726). 

CR2-200 p.i.v. 750 ma. silicon (RCA 1N3253 

or equiv.). 

CR3, C12, —Each three 600-p.i.v. 500-ma, silicon di-

odes in series (RCA 1N3195 or equiv.). 

J3— Caaxial receptacle, chassis type (50-239). 

.13— Open-circuit jack. 

1.1-5-9-,uh., adjustable (Miller 4505). 

1.3-3-5-41., adjustable (Miller 4504). 

L3, 4-1-1.6-yh., adjustable (Miller 4502). 
1.5-0.4-0.8-,uh., adjustable (Miller 4501). 

1.6-22 turns No. 12, 2-inch diameter, tapped at 2, 

3, 5, and 10 turns from C1 end (Air-Dux PI 

1608D6). 

P1— Mounting plate a.c. plug (Amphenol 61-M1). 

RFC, —Dual winding, 29 turns No. 14 Formvar or 

Nylclad, spacewound on ferrite rod. See text. 
RFC3-4 turns No. 14, %-inch diam., 11/4  inch long, 

wound outside two 100-ohm 1-watt resistors 

in parallel. 
RFC3-1-mh, r.f. choke (National R-154U). 

51-2-pole 6-positian rotary ceramic (Centrolab PA-

2003). 
S2-1-pole 6-position rotary ceramic (Centrolab PA. 

2001). 

S3—D.p.d.t. toggle. 

S4, S5—S.p.s.t. toggle. 

T1-560 v.c.t. 400 ma.; 6.3 v. 8.5 a.; 6.3 v. 4.5 

a. (Stancor P-8167). 
Knobs are Barker & Williamson 901; bar knobs are 

National HRB. 
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far enough in from the edge so that its stator 
will clear the cane-metal side by g inch or 
better. The plate bandswitch, S2, is supported 
by an aluminum bracket that is fastened to the 
rear of C1. The 500-pf. plate-blocking capacitor 
and the RFC, assembly are supported by the 
top of RFC,, and the 500-pf. 80-meter output 
padding capacitor is bolted to the chassis below 
S„, Plate coil L6 is supported by two 2g-inch 
ceramic pillars. To reduce the height taken by 
the 811-A above the chassis, the 811-A socket 
is supported below the chassis by mounting it 
(Amphenol 49RSS4) in a recessed shell ( Am-
phenol 61-61). 
Underneath the chassis, the two toggle 

switches, the 6.3-volt pilot lamp, and the band-
switch S, are mounted on the front lip of the 
chassis. The input inductors, L, through L5, are 
clustered around the bandswitch, as are the sev-
eral capacitors associated with this circuit. 
Lengths of RC-58/U run from the arms of S, 
to the input jack, .1„ and the 811-A socket. The 
unused socket pin (No. 2) is used as a tie point 

for the coaxial line and the 0.01-14f. coupling 
capacitor. 
The filament choke, RFC„ is made by wind-

ing No. 14 Eormvar or Nylclad wire on a 7Y2-
inch length of 3-inch diameter ferrite antenna 
core (Lafayette Radio, N.Y.C., MS-333). To 
obtain a high-Q coil, the two windings are 
wound parallel but spaced by lacing twine to 
give 29 turns in each coil. The coil is wound 
by securing the two ends and the length of 
spacing twine in a vise, securing the other 
wire ends to a 2-terminal strip held in place by 
a g-inch diameter nylon cable clamp, and then 
winding the coils as the wires are stretched taut. 
Each turn of the core winds two turns of wire 
and one of twine. The twine is left on the coil, 
and no insulation is required between wires and 
core when the recommended surface covering 
(Formvar or Nylclad) is used. The choke as-
sembly is supported below the chassis by 1-inch 
ceramic posts and the nylon cable clamps. 
The bias-supply rectifiers, resistors and ca-

pacitors are mounted on a multiple tie-point 

.  . 

FIG. 3—A top view of the 811-A amplifier. The adjusting screws for the five switched input circuits project 

through the chassis under the meter. A bracket fastened to the back plate of the plate tuning capacitor (lower 

left) support: the plate bandswitch. 
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strip. In the high-voltage supply, the diodes 
and capacitors are mounted on a 4 x 7-inch 
piece of 1/46-inch thick prepunched phenolic ter-
minal board (Vector 85G24EP) with push-in 
terminals (Vector T-28). The resistors, both 
50-ohm  n 5-watt and 25,000-ohm 10-watt, are 
mounted on tie points or narrow strips of ter-
minal board located several inches from the di-
ode and capacitor board. The reason for this 
is simple: the resistors become hot and might 
damage the diodes if mounted too close to them. 
The 2.5-ohm 3-watt resistor consists of three 
7.5-ohm 1-watt resistors connected in parallel. 

Tuning 

When the wiring has been completed and the 
power supply checked (+1500 volts no-load, 
about 1450 with the 811-A drawing idling cur-
rent of 30 ma.), the amplifier can be checked 
on a band with a driver capable of delivering a 

peak signal of 15 watts or so. A dummy load 
should be used during initial tests, and an out-
put indicator (r.f. ammeter or voltmeter) is 
very useful. Using a c.w. signal to drive the 
amplifier, it should be found possible to load 
the amplifier so that at plate-circuit resonance 
the plate current is 160 ma. and the grid cur-
rent is about 27 ma. As the drive is reduced 
the grid and plate currents should drop back at 
roughly the same rate. If the amplifier is not 
loaded heavily enough, the grid current will 
run proportionately higher than the plate cur-
rent. There is, of course, no real substitute for 
a two-tone linearity test, but the above figures 
will serve as a rough guide. When the ampli-
fier has been loaded to the figures above with a 
c.w. driving source, an s.s.b. signal driving it to 
peak output will kick the plate meter to about 
80 ma. (0.2 on meter) or the grid meter to 15 
ma. (0.15 on meter). 

FIG. 4—The 811-A socket is mounted below the chassis in a recessed shell. One end of the homemade filament 
choke is supported near the socket, and the other end is mounted near the transformer. Four 25,000-ohm bleeder 

resistors (bottom) and two 50-ohm resistors (upper left) are mounted well away from the plate-supply diodes 

(left) and bias diodes (top center, to right of filament choke). 
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A COMPACT 3-500Z AMPLIFIER 

The amplifier shown in Figs. 1 through 4 
easily handles a kilowatt pep. input at 3000 
volts. It has been designed with ease of con-
struction and operation in mind, and to this 
end as few special parts and machine operations 
as possible are required. Probably the major 
operation is adding an arm to the band switch, 
to ground a plate padding capacitor in the 3.5-
Mc. position. This enables a smaller plate tun-
ing capacitor to be used than would be the case 
if the variable were required to furnish all of 
the capacitance on this lowest-frequency band. 
Referring to the wiring diagram in Fig. 2, 

the circuit is about as simple as it could be 
made. No tuned input circuit is used, since it 
was found that any of the s.s.b. units in the 75-
to 100-watts output class could drive it without 
any trouble. If drive were marginal, as when 
only 35 watts peak were available, a coupling 
network might offer a slight advantage. Two 
r.f. chokes and a 1000-pf. bypass are used in 
the high-voltage lead because a high-impedance 
circuit like this is harder to filter than one 
where the current is higher and the voltage is 
lower. The plate coil is a standard 500-watt 
unit that runs cold at a kilowatt c.w. or s.s.b. 
The 50,000-ohm resistor in the center tap of 

the filament transformer biases the tube to cut-
off during "stand-by" periods and eliminates the 
"diode noise" caused by the static plate current. 
Leads to .14 and J from the VOX or other con-
trol short the resistor during transmit period. 
The connections on  are similar to those on 

the 3-1000Z amplifier shown later in this chap-
ter, with the exception of the lead marked 
"vm". This variation permits mounting the volt-
meter on the transmitter panel instead of in 
the power supply. The power supply can be 
the same as that shown for the larger amplifier, 
with the exception of the power transformer. 

A smaller 600-va. unit (BTC-6181) has the 
same voltage ratings and 60 per cent of the 
price of the larger transformer; it is heartily 
recommended unless one plans some day to 
move up to the 3-1000Z amplifier. 
Front and back panels and base plate are all 

standard unfinished 5-inch thick aluminum rack 
panels. They are trimmed to 15 inches. The 
angle stock holding the pieces together, and 
furnishing the faces for support of the cover, 
are 1 x 1 x 1/26-inch Reynolds stock. A short 
piece is also used for supporting the fan, cut 
away as shown in Fig. 4. 
The tube socket (Johnson 122-275-200) is 

supported 1 inch above the base on rods 
threaded into the base. Its three grid pins are 
bonded together with a 5-inch wide strap of 
copper; the strap in turn is bolted to the base. 
To conserve space, the filament transformer 

must be modified so that the leads come out the 
side. This is done by removing the end bells 
and drilling a hole in the side through which 
the leads can be threaded. 
To modify switch S,, first remove the rear 

shaft bearing and replace the ceramic insulators 
with shorter (í-inch) ones. Fiber washers or 
any suitable insulating material can be used 
here to expose the end of the switch shaft. A 
brass shaft coupling, cut to a length of '1/26 inch, 
is drilled and tapped 6-32 at right angles to the 
normal set-screw hole. The spring stock (0.20 
X 94 silver solder) is wrapped half around the 
coupling and fastened at two points with short 
6-32 screws through the new hole. The orig-
inal set screw is left exposed. (Silver solder is 
available at welding supply houses; the type 
used here is called "Handy Harmon Easy 
Flow"). The fixed contact is supported by a 
ceramic insulator mounted on the base plate. 

FIG. I—The compact kilo-
watt amplifier with its per. 

forated-metal  cover  re-

moved. Using a 3-500Z in a 

grounded-grid  circuit,  it 

handles a kilowatt pep. in-
put at 3000 volts with ease. 

The (2-inch) meters monitor 
plate voltage, grid current 

and plate current. Panel is 

7 X 15 inches; the bottom 

plate is 834 inches wide. 

.1; 
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FIG. 2—Circuit diagram of the 3-500Z kilowatt grounded-grid amplifier. Unless specified otherwise, capacitances 

are in picofarads. 

81-60  c.f.m.  fan  (Rotron  Whisper,  with  Rotron 

16415 plug-in cord assembly). 

C1-100-pf. variable, 0.125-inch spacing (Johnson 

154-14). 

C2-1000-pf. variable, 0.045-inch spacing (Johnson 

154-30). 

11, 12—Coaxial receptacle (Dow-Key DK-60P). 

13—Coaxial receptacle UG-560/U (Amphenol 82-805). 

14, 13—Phono jack. 

.16— Octal male connector (Amphenol 86-CP8 in 61-

61 shell). 

Li-4 turns 3/8-inch strap, 1% diam. 

L2-20 turns No. 10, 3-inch diam. 11 turns at 1.1 

end, 4 t.p.i.; remainder 6 t.p.i.  Tapped 1, 

3, 5 and 11 turns from L1 end. (L1 and L.,: 

Illumitronics 195-1). 

"Time" the switch so that it engages as the 
switch is rotated from the 7- to the 3.5-Mc. 
position. 

Adjustment 

An output indicator is a useful adjunct when 
tuning a grounded-grid linear. The amplifier 
should be tested with a dummy load, to 
acquaint the builder with the tuning. If the 
drive is a steady carrier, adjust the amplifier for 

R1—Two 43-ohm thermistors in series (CG 25-926). 

RFC/-24 double turns No. 14 Formvar or Nyclad, 

close-wound on 53/4-inch  length of I/2-inch 

diam. ferrite rod (Lafayette Radio MS-333). 

RFC, -2 turns No. 14, 11/4  inch diam„ 2 t.p.i., on 121. 

RFC-,-90-Ath. 500-ma. r.f. choke (B & W 800). 

RFC4, RFC5-2.5-mh. 300-ma. (National R-3001)). 

51-2-pole 6-position (5 used) heavy-duty ceramic 

switch (Radio Switch Corp., type 86-8, Marl-

boro, N.J.) See text. 

S. 53—Heavy-duty toggle switch. 

T1-5-v.  13-ampere transformer (Triad F-9A).  See 

text. 

The 50-pf. 7I/2-kv. capacitor is Centralab 8505-50Z. 
500- and  1000-pf. 5-kv, capacitors are Centralab 

8585.  1000-pf. and 0.01 -,uf. capacitors are disc 

ceramic.  Meters are Simpson Model 1212C. 

330 ma. plate current (at 3000 volts) and 100 
rna. grid current. If sufficient test equipment is 
available for the "two-tone test," this adjust-
ment can be confirmed or modified accordingly. 
With a dummy load connected and with C, 
half meshed, switching to 28 Mc. and setting 
C, at minimum capacitance should give no in-
dication of grid current (with no excitation). 
If there is an indication of grid current, it in-
dicates the existence of a parasitic oscillation, 
and a turn may have to be added to RFC,. 



FIG. 3—The rear wall of the com-

pact kilowatt has been removed to 

reveal the "works." Coaxial recep-

tacles at left are output and input 

jacks;  receptacle  at center (near 

tube) is high-voltage connector. A 

50-pf 3.5-Mc, plate loading capac-

itor can be seen mounted on the 

plate tuning capacitor (upper left); 

the 500-pf. 3.5-Mc, output loading 

capacitor is mounted on the base 

behind the coil (just visible to right 

of variable loading capacitor). 

Note heavy copper strop from 

socket to base, grounding grid pins. 

The fan is mounted on a piece of 

1/4 -inch foam rubber and held in 

position by two screws through rub-

ber grommets in the vertical plate. 

FIG.  4—Close-up  view  with  the 

tube  and  fan  removed  discloses 

details of switch S .  It is made 

from a brass shaft coupling and a 

length of silver solder; in the 3.5-
Mc. position it contacts o fixed arm 

and grounds the 50-pf. fixed ca-

pacitor (upper left). 

Mounting  plate  for  fan  is 

trimmed away for maximum ven-

tilation under tube socket. 
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»• A Class-B linear amplifier in the p.e.p. kilowatt category, 
complete with power supply, in a space barely exceeding 1 
cubic foot. The grounded-grid configuration is used with four 
parallel-connected 811As. 

The high-power grounded-grid lin-

ear in its homemade cabinet. Con-

trols across the lop are for the 

plate tank capacitor, band switch 

and  loading  capacitor.  Filament 

and plate-voltage switches flank the 

grid and plate milliammeters below. 

The construction of the cabinet was 

described in QST as footnoted in 

the text. 

A High-Po wer Linear 
FLOYD K. PECK, K6SNO 

Having decided to go all the way with single 
sideband, the old Class-C amplifier and modu-
lator were sacrificed to the junk box, Then it 
was decided to see what could be salvaged 
for a linear amplifier that would give the most 
output with the available parts. We had a 
couple of 811As in the old modulator, and a 
couple of spares, and they were selected for 
duty as linear amplifiers. Since the exciter was 
in the 100-watt-output class, it was decided to 
take maximum advantage of this output and 
drive the four 811As as grounded-grid ampli-
fiers. The power supply for the old a.m. rig 
delivered 1250 volts d.c. at 300 ma., so it 
fitted our requirements pretty well. The com-
plete circuit of the unit is shown in Fig. L 

Reducing the Size 

As first built, the linear was housed in a 
cabinet 20 inches wide, 13 inches high and 15 
inches deep. It was built on a 17 x 13 x 3-inch 
chassis. In our project to build the compact 
linear in a cabinet 14 inches wide by 8 inches 
high and 17 inches deep,1 the same chassis size 
was used but the layout was reoriented. The 
power transformer used is 7 inches high, so it 
was necessary to submount it since only 5 
inches of clearance was available above the 
chassis. A 534x 6-inch opening corresponding 
to the base dimension of the transformer was 
cut in the rear right-hand corner of the chassis, 
and brackets were made to provide support 

From June, 1961, QST. 
See Peck, "Homebrew Custom Designing," QST, 

April, 1961. 

2 inches below the chassis. This allows ample 
clearance for a.c. and high-voltage terminals 
below chassis. 
The 866A rectifier tubes must also be 

mounted so that their bases are below chassis 
level. A 5-inch space for the 866As and 811As 
is provided when ceramic plate caps are used 
if the bases are submounted so that only the 
glass portions of the tubes extend above the 
chassis. The sockets for the four 811As are 
mounted on a 6 x 6-inch sheet of 1,;-inch alumi-
num suspended 134 inches below the chassis. 
Eight 3-'1-inch holes were drilled in the chassis 
in a 2-inch circle around each tube position to 
provide natural convection for cooling the 
tubes. 

Pi-Network Tank Circuit 

A conventional pi-network tank circuit is 
used, and it was built around the Illumitronic 
500-watt coil, The markings on the coil indi-
cate tap points for the band switch, so that no 
calculations are necessary if a 1250- to 1500-
volt power supply is used. About half the 
turns can be removed from the close-wound 
end of the coil, which allows it to be physi-
cally shortened to mount horizontally within a 
space of 5 inches. The band switch is a very 
sturdy one obtained from a surplus BC-375E 
antenna-tuning unit. 
The input tuning capacitor, CI, is also of the 

surplus variety, made by Cardwell and having 
a maximum capacitance of about 500 pf. The 
output (loading) capacitor is a three-section 
broadcast-receiver type of 365 pf. per section, 
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POWER 
SUPPLY C4 

FIG. 1—Circuit of the high-power grounded-grid linear 

below are disk ceramic, except those marked with polar 

C1 -500-pf. 2000-volt variable (Johnson 154-3/500E20 

or similar —see text). 

Cs —Triple section broadcast replacement variable, 

365 pf. per section, sections in parallel. 

03 -2500-volt mica. 

C4 —Neutralizing capacitor —approx. 6 pf. 0.06-inch 

Spacing or greater (Bud CE-2028). 

Cs —Vhf, bypass (4-inch  length  of  RG-58/U  as 

connecting lead). 

11-6.3-volt panel lamp. 

.11,12 —Coaxial receptacle (50-239). 

11 —Closed-circuit lack. 
13, 12—Pi-network inductor (Illumitronic PiDux No. 

195-1) approx. inductances in use: 0.4, 0.7, 1, 
2.2  and  4.5  µh.,  respectively,  for  10-80 

meter, L2 wound with No. 8 wire, LI wound 

with 1/2-inch copper strap (see text). 

L3 -6 turns No. 14, 1/2 -inch diam., clase-wound. 

1.4-5 turns insulated hookup wire wound over L3. 

with the sections connected in parallel. In the 
3.5-Mc, position, the band switch connects a 
1500-pf. silver-mica fixed capacitor in parallel 
with the variable loading capacitor. 

AMP 

L1 

3.5-28 W. 

L2 

OUTPUT 

1500  1000 

I 3 C2 

2.5 
mh, 

RFC 3 
J2 

EXCEPT AS INDICATED, OECImAL VALUES OF 

CAPACITANCE ARE IN  M1CROFARADS 4 1.): 

OTHERS  ARE  IN PICDFARADS Ipl oRppil 
RESISTANCES  ARE  IN  OHMS;  K • 1000, 

°T.IEXTERNAL BIAS 
J3 

and its built-in power supply. Capacitors not listed 

ity which are electrolytic. Resistances are in ohms. 

15—Filter choke: 5-8 h., 300 ma. (Stancor C-1722 or 

similar). 

Mi-0-1000-ma. d.c. meter. 

M2 -0-200-ma. d.c. meter. 

RFCI —Bifilar filament choke (B & W FC-15). 

RFC2 —R.f. choke: 1 mh. 600 ma. (National R154-U). 

RFC2 -2.5-mh. r.f. choke, 50-100 ma. 

52 —Spit. toggle switch. 

S3 —Band switch (see text). 

TI -1250-volt (d.c.) 300-ma, plate transformer (Stan-

cor PT-8313 or similar). 

TS —Filament transformer: 2.5 volts, 10 amp. (Stancor 

P-3024 or similar). 

13 —Filament transformer: 6.3 volts, 16 amp. (Triad 

F-22A or similar —see text). 

Z3—Z-; incl. —Parasitic suppressor; 7 turns No.  18 

wire, wound on and connected across a 39. 

ohm 1-watt resistor. 

Filament Supply 
The filament requirements for the 811As are 

6.3 volts at 16 amperes. The old transformer 
from the modulator, designed to handle a 
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single pair of 811As, proved incapable of sup-
plying the required voltage through the fila-
ment chokes with four tubes in the circuit. The 
secondary, which turned out to be wound with 
No. 16 wire, was removed, the turns being 
carefully counted as they were unwound. A 
new secondary was wound with No. 14 wire 
and the number of turns was increased by 
10 per cent,  The measured voltage at the 
sockets was then 6.4 volts with a line voltage 
of 117. There were some qualms about the 
ability of the primary to hold up under these 
conditions, but the transformer has operated 
for over two years with no trouble. 

Bias 
The amplifier operates at zero bias, but the 

control system is set up so that a relay applies 
about 100 volts of negative bias from the ex-
citer in the stand-by condition to cut off plate 
current completely. Without the stand-by bias, 
the idling current for the four tubes will be 

This bottam view shows 

the submounting of the 

plate transformer, filter 

choke, and the rectifier 

and  amplifier  tubes. 

The filament choke (en-

closed in a metal box), 

the neutralizing capad-

tor  and  neutralizing 

coils 1.'3 and L4 may be 

seen in the upper cen-

ter of the chassis. 

Components on top of the chassis are 

easily identified.  The power-supply 

filter choke and submounted high. 

voltage transformer are at the left-

hand end of the chassis. Tubes en-

closed in the perforated shield above 

the four 811 M are the 866A reac-

tifiers.  To the right are the plate 

tank capacitor, the pi-network induc-

tor with its switch, and the loading 

capacitor.  The neutralizing connec-

tion runs from a stator terminal on 
the tank capacitor, through a clear-
ance hole in the chassis to the neu-

tralizing  capacitor  below  deck. 

(Photos by Greg Bethards.) 

around 110 ma. Complete cutoff on stand-by 
allows these tubes to operate easily without 
forced-air cooling and, incidentally, is good 
insurance against "diode hash" noise while 
receiving. 

Stabilizing 
With a parasitic suppressor in the plate lead 

to each tube, there was no trace of instability 
in the amplifier, except on 10 meters, without 
neutralization. To assure yourself that the am-
plifier is stable, apply the plate voltage with-
out bias, switch from band to band with no 
load applied and swing the input capacitor 
through its full travel. There should not be the 
slightest flicker of either the plate- or grid-
current meters with no excitation applied. To 
correct the instability on 10 meters, a 6-turn 
coil (L3), Y2-inch diameter, was inserted in one 
of the common filament leads from the fila-
ment choke. A 5-turn coil (L,), of hookup 
wire was wound over this.  With a 6-pf. 
variable neutralizing capacitor (C4) from L4 
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to the plate tank circuit, neutralization on 10 
meters was easily obtained, 

Adjustment 

Many articles have been published on the 
proper loading of linear amplifiers. In nearly 
all cases, the use of an oscilloscope is recom-
mended. By all means, use a scope for initial 
tuning if you possibly get your hands on one. 
Another indispensable piece of equipment is 
an s.w.r. indicator. In case the scope is not 
always available, the output indication obtained 
from the s.w.r. meter can be used to get fairly 
near to optimum loading. 
The following procedure has been checked 

by a scope to verify the results and was found 
to be quite satisfactory for this amplifier: 
Gradually apply carrier from the exciter up to 
about one half the rated output of the 100-
watt-class exciter. Tune the linear amplifier pi-
network input and loading capacitors to obtain 
maximum indication of output with the s.w.r. 
indicator in forward position.  Increase the 
exciter output on up to full output and again 
retunn the amplifier for maximum indicated 
output. Many will say that this is the propèr 
loading point for the amplifier, but this has 
not been found to be true in all cases. 
Having proceeded as stated above, reduce 

the inserted carrier until the plate current 
drawn by the four 811As is 200 ma. Then, 

note the grid-current reading and the ratio of 
the plate-to-grid current.  In this case, with 
200 ma. of plate current, the grid current was 
40 ma. (a ratio of 5 to 1). Then increase ex-
citation to get 300 ma. a plate current, at which 
point the grid current should be 60 ma. In 
the event you reach a point where this ratio 
changes, further load changes in the amplifier 
will be required. For example, if the plate 
current goes to 500 ma. and the grid current 
required is greater than 100 ma., the amplifier 
is no longer linear. It has been found that both 
underloading and overloading will cause this 
condition. Readjust the output capacitance and 
reresonate the input capacitor until a linear 
relationship is attained. Then set the audio 
gain control so the plate meter of the amplifier 
never indicates more than 50 per cent of the 
maximum on voice peaks for single-sideband, 
suppressed-carrier operation. At this point the 
signal will be as good as the output of the 
exciter. No amplifier can improve upon that. 
While the power supply for this particular 

amplifier does not allow it to be driven to a 
full kilowatt pep., there is room for a 1500-
volt (d.c.) transformer that will permit greater 
output.  If a 1500-volt transformer is used, 
another 100-µf. 450-volt electrolytic capacitor 
and 25K 25-watt bleeder resistor should be 
put in series with the three shown for the 
1250-volt supply. 
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ONE-BAND KILOWATT AMPLIFIERS 

Separate kilowatt amplifiers on each of the 
bands 80 through 10 meters has always been 
the ne plus ultra of transmitter construction. 
However, space limitations and cost are the two 
key factors that have prevented many from re-
alizing this goal. The amplifiers to be described 
are compact and are constructed economically; 
the builder may wish to construct one ampli-
fier for his favorite band or the group of five 
for versatile all-band operation. Advantages of 
the separate-amplifier philosophy include opti-
mum circuit Q for every band, simplified con-
struction and band switching, less chance for 
tube failure because each amplifier is pretuned, 
and fast band changing for the contest-minded. 
The supply voltages remain on all the ampli-
fiers; only the filament and excitation power are 
switched to the desired final amplifier. 
The availability and proven dependability 

of the 813 make a pair of them the logical 
choice for the kilowatt amplifier. A shrewd 
amateur should have no trouble procuring the 
tubes through surplus channels or by bartering 
with local hams. 
Referring to the circuit diagram, Fig. 2, the 

FIG. 1—Individual kilowatt a mplifiers for two bands 

plus complete metering and all control circuits and 

power supplies (except plate) fit handily into a table 

rack. Amplifiers for five bands plus the plate sup-

ply will mount in floor rack. Band switch at lower 

left (S, in Fig. 2) switches filament supply, excitation 

and output connections to all amplifiers in use; 

screen  and  plate supplies  are connected to all 

amplifiers at all times. 

amplifier control unit contains the filament, bias 
and screen supplies. A 3-position mode switch, 
S„ selects the bias for either Class-AB, or -C 
operation, and in the third position grounds 
the screen grids, to limit the plate current dur-
ing initial tuning. Another 3-position switch, 
Si, allows the total or individual screen cur-
rents to be read. The latter position is useful 
in matching tubes. The high-voltage supply 
should furnish from 1750 to 2250 volts. 

Construction 

Each amplifier is assembled on a 13 x 17-
inch aluminum bottom plate. Two 5 X 13 X 
3-inch aluminum chassis are used as the sides of 
the enclosure. The paint is removed from the 
back of a 7-inch aluminum rack panel, and a 
piece of Reynolds cane metal is sandwiched 
between the panel and the two chassis. A 
rectangular window in the panel provides addi-
tional ventilation and a means for inspecting 
the color of the tube plates. The top and back 
of the enclosure are formed from a single 
piece of cane metal, bent to fit the chassis 
rear and top. Three lengths of 1 X 1 x 13g-
inch aluminum angle stock are used in the 
corners of the enclosure, as can be seen in 
Figs. 4 and 5. 
The  variable  tank  capacitors,  C4, are 

mounted on 1-inch stand-off insulators, to bring 
the shafts to the proper panel height. In the 
10-meter amplifier the capacitor shaft must re-
main above r.f. ground, and a suitable insu-
lated shaft coupling is used. On the other 
bands, the rotors of the capacitors are grounded 
to the chassis through metal straps. 
On 20, 15 and 10 meters the tank coils are 

wound self-supporting of 14-inch diameter soft-
drawn copper tubing, and they are supported 
by their leads. On 80 and 40 the coils are 
lengths of Air-Dux stock, and they are sup-
ported by small ceramic insulators. 
The special plate r.f. chokes, RFC,, are con-

structed by close-winding No. 24 enameled 
wire on 3/4-inch diameter ceramic insulators. 
Four-inch long insulators (National CS-4) are 
used on the 80- and 40-meter bands, and 2-
inch long insulators (National GS-3) are used 
on the other bands. In each case the original 
base of the insulator is removed and the insu-
lator is mounted on a stand-off ( Johnson 135-
20 ). The high-voltage lead and the "cold" 
end of the choke are connected to a soldering 
lug mounted between the two insulators. 
Bridge neutralization is included in the 20-, 

15- and 10-meter amplifiers. The neutralizing 
capacitors are made from two l-inch wide 
aluminum strips 5 inches long. One strip is 
connected directly to the plate lead at C, and 
the other is supported by a ceramic feed-
through insulator that connects to the rotor of 
C1. The amplifiers are neutralized by adjust-
ing the spacing between the aluminum strips. 
The metal ring surrounding the base of the 
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FIG. 2—Circuit diagram of a single parallel-813s amplifier and the control section.  Diagram of 

each amplifier is similar, except as noted below. Unless specified otherwise, capacitances are in 

p.f., capacitors marked with polarity are electrolytic, fixed capacitors are ceramic, resistances are 

in ohms. 

C, —Not used on 80 or 40 meters; see text. 

C74—Two 500-tip.f. 20-kv, ceramic (Centralab TV-207) 

in parallel on 80 m.; single 500-p.p.f. 20-kv. 

ceramic on other bands. 

c7-0.001-µf. 1-kv, ceramic on 80 and 40 m.; 240-

pf. silver mica on other bands. 

11-6-v. pilot lamp. 

1,, 13-115-v. pilot lamp. 

J, —Coaxial cable receptacle. 

K1—S.p.d.t. relay, 115-v. a.c. coil. 

4, Li— Not required on 80 or 40 m.; 6 turns No. 14 

on 1/4 -inch diam. 

R1-10,000 ohms, 2 watts, composition. 

Rz-50,000 ohms, 4 watts (Mallory M5OMPK). 

RFC, -2.5-mh. 75-ma. r.f. choke. 

RFC„ —See text. 

RFC,--2.5-mh. 300-ma, r.f. choke. 

51—Two-pole 3-position rotary switch, shorting type. 

52— Two-pole  3-position rotary switch, non-shorting 

type. 

s,—S.p.s.t. lock switch (AHH 817154). 
S4, s,—S.p.s.t. toggle. 
s,—Time delay relay (Amperite 115N060). 
57—Heavy duty d.p.s.t. toggle. 

T1-10-volt 10-ampere filament transformer. 
T„ -250-volt 25-ma. transformer (Stancor PS-8416). 

T3-800-v.c.t. 200-ma., 5- and 6.3-v. heater windings. 
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FIG. 3 —View of the 80-meter amplifier with its cane-metal covering removed. As in each amplifier, the chassis 

is made from two 5 X 13 X 3-inch chassis and a 13 X 17-inch base plate. Input and low-voltage leads make 

up to terminals and jack in center foreground. 

813 should be grounded to the chassis. A piece 
of Eimac Finger Stock or a homemade con-
tact can be used for the purpose. 
All power wiring is done with shielded wire 

and bypassed as described in Chapter Twenty-
three. The filament leads should be made from 
No. 14 (or heavier) shielded wire. 
The screen and bias supplies plus station 

control circuits are built on a rack-mounting 
chassis (Bud CB-1373) behind a 7-inch panel. 
In the Class-C position of S2, +400 volts is 

applied to the screens and —150 is connected 
to the grids. In the Class-AB, position, the 
screen voltage is increased to 700 and the grid 
bias is dropped to a value determined by the 
setting of R 2. This latter setting should be one 
that gives best linearity without exceeding a 
no-signal plate input of 150 watts for the two 
813s; it depends on the plate voltage available. 
A heavy bleed on the screen supply helps the 
regulation. 
The unit shown in Fig. 4 uses an Ohmite 

Bond 

Cl 

C1 

CS 

C6 

Li 

Le 

Ls 

80 

100 u1sf. 
(Johnson 100115)  (Johnson 1001.15) 

150 jaisf. 
(Johnson 150E45) 

710 praf. 
(2-gang 365 pet) 

500 praf. 
(Centralab TV-207) 

4 t. No. 22* 

32 t.p.i. No. 24, 
1 inch long, 1 inch 
,diam. (B&W 3016) 

6 t.p.i. No. 12, 
3 inch long, 3 inch 
diam. (Air Dux 

2406) 

150 ursf. 
(Johnson 150E45) 

325 µA. 
(Hammarlund 
MC-325-M) 

100 mid. 
(CRI 8505-100N) 

3 t. No. 22 • 

16 t.p.i. No. 20 
11 inch long, 1 inch 
diem. (B& W 3015) 

4 t.p.i. No. 12, 
31 inch long, 21 
inch diem. (Air 
Dux 2004) 

COIL AND CAPACITOR TABLE 

40  20 

100 r.suf.  50 ispf. 
(Johnson 501.15) 

35 iaiaf. 
(Johnson 35E45) 

325 pisf. 
(Hamrnarlund 
MC-325-M) 

2 t. No. 22. 

8 t.p.i. No. 18 
1 ,', inch long, 1 inch 
diam. (B& W 3014) 

2 t.p.i. 4-inch 
copper tubing, 41 
inch long, 24 Id. 

15  10 

50 µO. 
(Johnson 50115) 

35 Auf. 
(Johnson 35E45) 

325 ¡suf. 
(Hammarlund 
MC-325-M) 

50 µµf. 
(Johnson 501.15) 

50 irirf. 
(Hammarlund 
MC-50-MX) 

325 isisf. 
(Flammarlund 
MC-325-M) 

1 t. No. 22*  1 t. No. 22* 

8 t.pi. No. 18, 
'L inch long, 1 inch 
diem. (B& W 3014) 

2 t.p.i. 1-inch 
copper tubing, 3 
inch long, 21 i.d. 

8 t.pi. No. 18, 
1 inch long, 1 inch 
diem, (B&W 3014) 

2 t.pi. 1-inch 
copper tubing, 2 inch 
long, 21 i.d. C4 
tap 2 turns. 

• Insulated hookup wire, wound over C7 end of L . 
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Model Ill switch at S,. This is ganged with 
antenna and excitation switches to permit one-
control bandswitching. The relay K, is actu-
ated when the plate supply is turned on; when 

the relay is open a high bias is applied to the 
813s to reduce the plate current to 0 ma. and 
eliminate receiver noise caused by static plate 
current. 

FIG. 4—Top view of the I5-meter amplifier. The neutralizing capacitor consists of two strips of aluminum, 

supported by the plate-blacking capacitor and a feedthrough insulator. It is mounted over the r.f. choke be-
tween the two 813 tubes. 

FIG. 5—As in the other amplifiers, the 10-meter final uses shielded wires in the filament, screen, and grid-

return circuits. For tuning this amplifier uses a small variable capacitor connected across half of the plate coil, 
to maintain to favorable L/C ratio. 
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Using the 4-125, 4-250 and 
4-400 in Kilo watt A mplifiers 

Two amplifiers built to the same general circuit design and layout. The one on the left uses a pair of 4-125As, 

that at the right a pair of 4-250As. Both ore capable of a kilowatt input on c.w. The 4-250As can handle 
envelope peaks of 2 kilowatts on sideband. 

RAYMOND F. RINAUDO, W6KEV 

During the past ten years the pi network has 
become almost the standard plate tuning and 
loading circuit for a radio-frequency power 
amplifier, whether it ends up with a 6146 or 
a pair of 4-400s.  This came about quite 
naturally when TVI became a problem because 
the pi network lends itself very nicely to band 
switching, with tuning and loading done with 
capacitors—the capacitors, plate switch and 
coil being located in a comparatively small 
shield enclosure. All of this was had along 
with reasonably good harmonic attenuation: 
second harmonic down 35 to 40 db. and higher 
harmonics further attenuated. 
However, along with the popularity of the 

pi network, we have had the development of 
the three-band beam, the multiband dipole and 
the multiband vertical. While the multiband 
antenna is a godsend to those with limited 
acreage, in which category the vast majority of 
us fall, it serves to bring up another problem 
because we now find that 35- or 40-db. atten-
uation of the second harmonic at the amplifier 
is quite often not enough. The multiband an-
tenna is all too ready to radiate that 20-meter 
harmonic when the amateur is actually trans-

mitting on 40. Obviously, the antenna under 
discussion is of the type which requires no 
tuner between the transmitter and the feed 
line. A solution to the problem is to put a 
filter in the transmission line which will pass 
only the frequencies in one band. But then, 
when changing to a different band, another 
filter must be substituted and some of the ease 
of band change has been lost. 
Another way in which the situation can be 

improved is to use a pi-L network. The pi-L 
will give 10 to 15 db. more attenuation of the 
second harmonic than will the pil and even 
more attenuation of the higher harmonics. This 
circuit has been used in some commercially-
built amateur equipment such as the Collins 
KWS-1. Further improvement can be had by 
designing the amplifier plate circuit for a higher 
loaded Q. For example, raising the loaded Q 
from 10 to 20 will increase the harmonic 
attenuation by 6 db. Unfortunately, one runs 
into the law of diminishing returns here; the 
losses in the plate coil begin to be large enough 
to cause serious heating, and a loaded Q of 20 
is near the practical upper limit in most cases. 

From July, 1962, QST. 
Fundamentals of Single Side Band, Collins Radio 

Company. 
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The 4-125A Amplifier 

With the harmonic problem in mind, a de-
sign was worked out for an amplifier which 
was to replace the pi-network final then in 
use. The requirements were as follows: 
1) Operation from 3.5 to 28 Mc., band 

switched. 
2) Power input of 1 kw. with 2500 volts on 

the plate. 
3) R.f, power output to feed into a 50-ohm 

coaxial load. 
4) Standard 19-inch rack mounting with a 

minimum practical panel height. 
5) Amplifier enclosed in a shield and incom-

ing power leads bypassed for TVI. 
6) Harmonic radiation via the feed line to be 

7) A minimum amount of cash to be in-
volved. 
The result of the above design is the 4-125A 

amplifier shown in the photographs. 
The amplifier uses a pair of neutralized 

4-125As in parallel. The grid circuit is tuned, 
fairly high C, and makes provision for bridge 
neutralization via bypass condenser C2, Fig. 1. 
The plate circuit is a pi-L network with an 
operating Q of 15, and plate current is shunt 
fed. Individual meters are used to measure 
grid, screen and plate currents and filament 
voltage. 
The amplifier is built on a 13 x 17 x 3-inch 

aluminum chassis behind a 103'2 x 19-inch 
panel. The meters are excluded from the r.f. 
field by a 7 x 17-inch aluminum sub-front 
panel which is set back two inches from the 
front panel. The resulting enclosure, which is 
above the chassis and screened by perforated 
aluminum, is 11 by 17 by 7 inches. The under-

side of the chassis is divided into two units by 
a shield running from front to back. The grid 
compartment is 10 by 13 by 3 inches and the 
output compartment containing the loading 
capacitors and L net coil is 7 by 13 by 3 inches. 
The bottom of the chassis is covered by per-
forated aluminum sheet to allow convection air 
currents to cool the tubes. No blowers or fans 
are needed to cool the 4-125As, provided that 
cooling air is allowed to flow freely past the 
tubes. 
In keeping with requirement (7), maximum 

use was made of the surplus markets and 
trades with fellow hams, and the author's own 
junk boxes were given a thorough going over. 
No real compromise was made by the use of 
interior components, but inevitably several of 
the parts used are either not too commonly-
available surplus items or are once-standard 
parts which are no longer manufactured. But 
for each of these, a standard commercial part 
exists which is as good as or better than the 
one used and will fit into the space available. 
The standard part is the one given in the parts 
list. That the use of used and surplus parts 
paid off is attested to by the fact that the im-
mediate cash outlay was less than $20! On the 
other hand, if the reader wants to build the 
amplifier using all new parts, the cost will be 
approximately $235, including tubes. 
As mentioned previously, the grid circuit 

operates with fairly high C.  Approximately 
300 Ad. is used on 3.5 Mc., 150 1.112f. on 7 Mc., 
and proportionally smaller amounts for the 
higher-frequency bands. A large tuning capaci-
tance is used so that there will be a minimum 
of clipping of the waveform of the driving sig-
nal when the grid is driven positive. A dis-

Chassis view of the 4-125A 

amplifier.  The plate tuning 

capacitor is at the center. 

The pi coil for 3.5-21 Mc, is 

vertical. The 28-Mc, pi coil 

is mounted horizontally be-
tween the band switch and 

the  tank  capacitor.  The 

plate r.f. choke and neutral-

izing capacitor are partially 
hidden by the plate coil. 

The filament transformer is at 
the far end of the chassis 

between the 4-125As and 

the sub-front panel. 
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capacitors nearest the r.f. circuit. All 0.001- and 0.005 of. capacitors are disk ceramic, 1000-volt rating. 
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28 

S24 

RFC 
2,5 
0.4H. 

DECIMAL VALUES OF CAPACITANCE ARE IN pf.; 
OTHERS ARE iNi.spf. EXCEPT 45 INDICATED. 

M 4 

0 -500 

.0,74 :) C4 iL7,0_ 

e-L1  7 11 : 
115 V. A.C. 

C1-320  0.0245-inch spacing (Hammarlund MC-

325-M). 

C2-440 ef., silver mica (two 220-µyf. in parallel). 

C2—Disk neutralizing, 2,2-15 µILL (Millen 15011). 

C4, C4-500-g/Uf., 20-kv. ceramic (Centralab TV-20). 
J, —Coaxial chassis-mounting connectors. 

Mc.: 32 turns no. 20, 34-inch diam., 16 turns 

per inch (Air Dux 616T). 

7 Mc.: 14 turns Na. 20, 34-inch diam., 16 t.p.i. 

(Air Dux 616T). 

14 Mc.: 11 turns Na. 18, %-inch diam., 8 t.p.i. 

(Air Dux 508T). 

21 Mc.: 9 turns No. 18, 1/2 -inch diam., 8 t.p.i. 

(Air Dux 408T). 

28 Mc.: 6 turns No. 18, 1/2 -inch diam., 8 t.p.i. 

+5.G.  - H V.  shy. 

(Air Dux 4087). 

L2-3.5 Mc.: 4 turns insulated hookup wire at cold 

end of 1.1. 
7 Mc.: 3 turns same. 

14, 21, and 28 Mc.: 2 turns same. 

M2-0-8 or 0-10 volts a.c. 

M4-0-500 ma. d.c. 

RFC, —Transmitting choke (B & W  800, National 

R-175A, Raypar RL-100). 

52—Ceramic, 2 pales, 5 positions (Radio Switch 

Corp., Marlboro, N.J.); see text. 

V2-4-125A or 4-250A. 

Z1, Z2-4 turns No. 12, 1/2 -inch diam., 1/2  inch long, 

with four 220-ohm, 2-watt composition re-

sistors in parallel. 

For 4-125As: 

C6—  0.00 -0., 20-kv. ceramic (two Centralab TV-20s « 
in parallel). 

C7 —  250-yyf., 3000-volt variable (Johnson 154-9). 
Ch—  0.001-yf., 2000-volt variable (two Johnson 154-3 

in parallel, ganged). 
13—  6 turns No. 10, 1-inch diam., 11 inches long. 
14 —  Van-pitch Air Dux 2408D4, modified as described 

in text. 
I.:—  Indented Pi Dux 1411A, modified as described in 

text. 
L6—  4 turns No. 14, 4-inch diam, 11 inches long. 
M I—  0-50 m a. d.c. 

0-100 ma. d.c. 
S1—  1 section, 2 poles, 5 positions (Centralab 2505). 
M3-

1.1—  5 volts, 13 amp. (Triad F9A or Fl 

For 4-250As or 4-400As 

0.002-4f., 20-kv. ceramic (four Centralab TV-20s 
in parallel). 
300-y,uf., 10-kv. variable (Jennings UCS-300). 
0.0012yf., 3000-volt variable (Jennings UCSL-
1200). 
See text. 
Illumitronic Pi Dux No. 195-2, modified as de-
scribed in text. 
Van-pitch Air Dux 1608D6, tapped as described 
in text. 
6 turns No. 12, 1-inch diam., 1 inch long. 
0-100 ma. d.c. 
0-200 ma. d.c. 
2 sections, 1 pole per section, 11 positions, 5 
positions used (Centralab YD sections with 
P-270 index assembly); see text. 
5 volts, 29 amp. (Stancor P-6492). 
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, r ......... 

Below the 4-125A chassis. The two loading capaci-

tors at the top, ganged together by meons of gears, 
are separated from the grid circuit by an aluminum 

shield running from the front to the rear of the 

chossis. The L net coils are directly behind the load-

ing capacitors. The grid band switch and coil are at 

about the center of the chassis.  The grid tuning 

capacitor is mounted off the chassis by means of 
bakelite blocks and is directly under the filament 

transformer. 

torted waveform at the grid of an amplifier 
will mean more harmonic signal in the plate 
circuit and, hence, a more difficult job to sup-
press it. For example, in Class C, B or AB., 
operation, during the portion of the cycle that 
the grids of two 4-I25As in parallel are driven 
positive, the grids look like a resistor of about 
1200 ohms to the tuned grid circuit, and that 
portion of the cycle will be distorted unless pre-
cautions are taken to prevent it. Waveform 
clipping is minimized by using plenty of tuning 
capacitance in the grid circuit. Of course, for 
AB, operation, the amount of C is not im-
portant because the grid is never driven posi-
tive and looks like an infinite resistance to the 
tuned circuit. 
The grid tank circuit uses individual coils 

for each band'. A link coil of insulated hook-
up wire is wound over the cold end of each 
coil. The hot ends of the coils and the links 
are switched by S1, a 2-section, 5-position 
switch having one wafer.  This switch is 
mounted on the underside of the chassis by 
means of an aluminum bracket. The coils are 
mounted between the appropriate switch ter-

minal and a tie point and are oriented so that 
there is a minimum of coupling between them. 
The tube sockets are mounted on the under-

side of the chassis, and spring clips on the top 
of the chassis held by the socket mounting bolts 
ground the metal tube base shield. Bypassing 
of the screen and filament terminals is done in 
the more-or-less standard way.  The screen 
terminals on each socket are connected together 
by a %-inch wide strip of thin copper. Each 
screen terminal is then bypassed to the nearest 
filament terminal with a disk ceramic capacitor. 
A disk ceramic capacitor is connected between 
the filament terminals and another is used to 
bypass one side of the filament to ground. The 
remaining filament terminal is grounded with a 
short, heavy lead. Grounding one side of the 
filament has been found to be helpful in elimi-
nating v.h.f. parasitics. Those who expect to 
use the amplifier for linear service should use 
bypass capacitors to ground on both filament 
terminals and ground the filament transformer 
center tap as shown in Fig. 1. A slightly 
cleaner signal will result. A 47-ohm, 2-watt 
carbon resistor is used to feed screen voltage 
to the screen terminal of each socket and is a 
parasitic preventive measure. 
The pi-L plate tank circuit is made up of 

individually available coils, capacitors and 
switch. The switch, which is mounted on the 
chassis with an aluminum bracket, is made by 
Radio Switch Corporation of Marlboro, New 
Jersey. The switch used was bought on the 
surplus market and has three wafers, each 
wafer with six contacts. Since the wafers were 
already there it was decided to make use of 
them by paralleling the contacts on two wafers 
and using the parallel combination to switch 
the coil in the pi portion of the network. The 
circulating current in the pi coil is about twice 
as high as that in the L coil. However, the 
current rating of the switch is 20 amperes, so 
a single section is all that is really needed to 
handle the pi coil switching. Also, because six 
contacts per wafer were available, the sixth 
contact was used to provide a 3.8-Mc. posi-
tion; that this is not necessary can be seen by 
the later description of the 4-250A amplifier. 
If the builder wishes to retain the 6-position 
band switch, he should order a Model 86 
switch, standard bearing, non-shorting, 30-
degree detent, with two Type A wafers. If a 
S-position band switch will do, then the builder 
should order a Model 86 switch, standard bear-
ing, non-shorting, 30-degree detent, with one 
Type B wafer. The second switch, by virtue 
of having only one wafer, will cost about three 
dollars less. The coils used in both the pi and 
the L are home-brew for 28 Mc. Illumitronic 
Engineering Pi Dux coils are switched in for 
the lower-frequency bands. It is of interest to 
note that as originally built, the pi coil was a 
Pi Dux 2007A, which is wound with No. 12 
wire. After a bit more than two years' use, two 
of the turns shorted because coil heating had 
softened the polystyrene insulating supports. 
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The damaged coil was replaced with a Pi Dux 
2408D4, which is made of No. 10 wire. An r.f. 
choke completes the output circuit to ground 
for d.c. as a safety precaution. 
Drive power is fed into the amplifier through 

a BNC coaxial receptacle and the output power 
is taken out by means of a U.H.F. receptacle. 
Plate voltage is fed in through a Millen 37001 
high-voltage terminal. 
When the amplifier was completed, it was 

first tested for parasitics without suppressors 
of any kind. As is almost always the case with 
a tetrode or pentode amplifier, it oscillated 
merrily in the v.h.f. range—at about 150 Mc., 
as a check with the grid-dip meter showed. 
The parasitic was killed by the installation of 
suppressors, Z, and Z2, in the plate lead to 
each tube.  The test for parasitics is to operate 
the amplifier with reduced plate and screen 
voltage and no fixed bias on the control grid, 
but using a grid leak of about 5000 ohms to 
ground to develop bias if the amplifier breaks 
into oscillation. No drive is used and no load 
is connected to the output. With this amplifier 
the plate voltage was set at 1000 volts and 
the screen voltage increased until the plate 
current was about 200 ma. and the tubes were 
dissipating about 100 watts each.  At this 
point the screen voltage was between 150 and 
200 volts. If an amplifier can be operated in 
this manner with no current showing on the 
grid meter, with no change in plate current, 
and with no detectable r.f. in the amplifier as 
the grid and plate tuning, loading and band-
switch controls are tuned through their full 
range, then the amplifier can be considered 
adequately stable. This is a much more severe 
test than the one often made where full plate 

In the 4-250A amplifier the 

band switch is in a chassis 

cutout with the pi coil above 

it. The 28-Mc. L coil and 

the vertically-mounted 3.5-21 

Mc. L coil are between the 

switch and the rear of the 

chassis. The plate blacking 

capacitors are mounted on 

a bracket  held  by  the 

vacuum  variable  plate-tun-

ing capacitor at the center. 

The  plate r.f.  choke and 

its bypass capacitor are be-
side the 4-250A nearest the 

rear of the chassis. 

and screen voltages are applied and bias is 
reduced until the tube or tubes are dissipating 
full rated power with no excitation. 
With the components used, the amplifier 

will operate with up to 3000 plate volts in 
Class C c.w. or Class AB, linear, or up to 
1500 volts for Class C a.m. plate-modulated 
service. Screen voltage for Class C c.w. or 
plate-modulated a.m. is 350 volts; for AB, 
linear it should be 600 volts. Grid bias should 
be —100 to —150 volts for Class C c.w., 
—210 for Class C, plate modulated, and ap-
proximately —95 volts for Class AB,.  The 
exact value of bias for AB, should be adjusted 
for the required idling plate current for the 
voltage used. Recommended values are as fol-
lows,' for two tubes: 2000 volts, 85 ma.; 2500 
volts, 70 ma.; 3000 volts, 60 ma. 
The screen voltage for Class C operation 

should come from a separate supply of reason-
ably good regulation. A series dropping resistor 
from the prate supply is not recommended. 
For Class AB, service, the screen voltage 
should be well regulated. While an electroni-
cally-regulated supply can be used, the simplest 
method is to use a string of VR tubes in series 
with a resistor from the plate supply. The 
reason that Class AB, permits this simple 
method of getting screen voltage is that the 
screen current excursions are not very great and 
are well within the capability of VR tubes. 
Both the plate tank coil, L,„ and the L-net-

work coil, L5, are mounted on the chassis by 
means of aluminum angles bolted to the plastic 
mounting strip furnished with each coil. L4 is 
modified and tapped as follows: Turns are re-
moved from the close-wound end until 18 turns 
remain. Starting from the end of the coil which 
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has the wide-spaced turns, the 21-Mc. tap is at 
2 turns, the 14-Mc, tap at the 4th turn, the 
7-Mc. tap at the 8th turn, and the 3.8-Mc. tap 
(if used) at the 16th turn. Since the 16th 
turn is in the close-wound portion of the coil, 
it is much easier to make the tap if the turn 
on each side is pushed in toward the center 
of the coil. 
The L-network coil, L„ is modified by re-

moving turns until 13 turns remain. Starting 
from the L,„ end, taps are placed as follows: 
21-Mc. tap at 2 turns, 14-Mc. tap at 5 turns, 
7-Mc. tap at 7 turns, 3.8-Mc. tap (if used) at 
12 turns. 
Non-standard items used are the grid tuning 

capacitor from the surplus market, the neutral-
izing capacitor, which National Radio Company 
no longer makes, the plate tuning capacitor, no 
longer made by E. F. Johnson, and the load-
ing capacitor, C8, which is made up of two 
capacitors taken from a surplus BC-653 trans-
mitter. The two E. F. Johnson units specified 
for C, will simplify the ganging of the two 
because they have the shaft out the back as 
well as the front. The two surplus capacitors 
did not have this feature and, consequently, 
gears had to be used for ganging. 
The tuning and loading adjustments of the 

pi-L plate circuit are exactly the same as with 
a pi network. Plate circuit loading is increased 
by reducing the capacitance of C8. Whenever 
the loading capacitance is changed, the plate 
circuit must be retuned to resonance with the 
plate tuning capacitor, C,. 
When the amplifier is first tested, it should 

be neutralized. The neutralizing capacitor, C„ 
is adjusted so that there is about one-half 
inch spacing between the two plates; then, with 

Close-up  of  the 

4-250A  pi-L  plate 

tank coils and band 
switch.  The horizon-

tally-mounted  6-turn 

wire coil is L6, and 

the vertically-mounted 

coil is L5. 

plate and screen voltages off and a load con-
nected, excitation is applied and the grid cir-
cuit is tuned to resonance. The excitation level 
is set so that the grid current is only a few 
ma. Then plate and screen voltages are applied 
and the plate circuit is tuned to resonance. 
Plate-circuit resonance is best indicated by the 
peaking of the screen-grid current as the plate 
tuning capacitor is tuned through resonance. 
The loading control is adjusted so that the 
screen current is about 60 ma. If the plate in-
put is less than desired, increase the grid drive 
and plate loading until the correct plate cur-
rent is flowing with screen current at 60 ma. 
The plate circuit must be returned to resonance 
with each change of loading. 
The check for neutralization is to tune the 

plate circuit through resonance, observing both 
screen and grid currents. When the amplifier 
is correctly neutralized, the grid-current meter 
will show a small current peak at the same 
setting of the plate tuning capacitor that gives 
a peak in screen current. Neutralization should 
be done on the 21-Mc. band. 
After the amplifier has been neutralized it 

should be checked for parasitic oscillations, 
using the procedure given previously. In some 
cases, parasitics will make it difficult to find the 
correct neutralization setting. But if construc-
tion details are followed, particularly those 
pertaining to bypassing and the installation of 
suppressors, parasitic oscillations should not be 
a problem. 

The 4-250A Amplifier 

Quite some time after the 4-125A amplifier 
had been completed and had been operating 
satisfactorily, a design for a de luxe version 
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was worked out. In this case, the requirements 
were the same as before except that tlse rig 
had to be capable of 2-kw. p.e.p. input for 
sideband service, and all the parts used were 
to be currently-available new items. The re-
sult uses 4-250As or 4-400As and is shown in 
the photographs. 
The 4-250A amplifier uses essentially the 

same circuit as the 4-125A version. However, 
the plate circuit was designed for an operating 
Q of 18 instead of 15, in order to take ad-
vantage of the heavy-duty plate coil and switch 
which were to be used. An examination of the 
photographs shows the similarity of the two rigs 
in the mechanical layouts and the method of 
making the shield enclosures. Because all new 
parts were used, the second amplifier turned 
out to have a better appearance both inside 
and out than did the first one. 
The 4-250A amplifier is built behind a 

standard 19-inch rack panel 125'1 inches high. 
The chassis is 17 by 15 by 4 inches and the 
shield enclosure above the chassis is 17 by 12 
by 794 inches. The vertical sub-panel is set 
back three inches from the front panel. The 
grid-circuit compartment is e by 15 by 4 
inches and is separated from the rest of the 
under-chassis space by a shield which runs 
from front to back.  The remainder of the 
underside of the chassis is opened up to the 
upper compartment by cutting out that portion 
of the chassis top. This increases the available 
space for the plate-circuit components and 

Bottom  view  of  the  4-250A 

amplifier.  The  plate  band 

switch, at the top, is mounted 

on  aluminum  brackets.  The 
vacuum  variable  loading  ca-

pacitor is at the center and 

the filament transformer is be-
tween it and the rear of the 

chassis. The bracket which sup-

ports the loading capacitor also 

supports the plate tuning ca-

pacitor.  The grid band-switch-
ing turret and tuning capacitor 

are at the front of the grid 

compartment. A cooling fan is 

mounted  directly  below  each 
tube socket. 

makes it much easier to connect the various 
parts together.  The filament transformer is 
mounted in the plate-circuit area on the under-
chassis shield which forms the grid compart-
ment. Both the shield enclosure above the 
chassis and the bottons cover are made of per-
forated aluminum, which allows convection 
currents to help keep the tubes and parts cool. 
The 4-250As require forced-air cooling of the 
base, 'and small Berber-Coleman fans are used 
to blow air directly upward at the tube base 
pins and through the holes in the tube socket 
and tube base. 
Tlse grid circuit coil turret is made up of 

commescial coil stock and rotary switches. 
Two rotary switch wafers are used where only 
one is really needed to do the necessary switch-
ing. The coils are mounted between the wafers 
on the switch lugs and the axes of all the coils 
are parallel. The arrangement used with the 
4-125As where coils for adjacent bands are at 
right angles is better, because odd resonances 
in unused coils are less likely to cause trouble. 
However, this arrangement has been perfectly 
satisfactory in performance and is more rugged 
mechanically. 
The cooling-fan motors are mounted on 

home-brew shock mounts to reduce noise. Rub-
ber grommets with the same spacing as the 
motor mounting studs are mounted in the sup-
port channels which hold the motors, then a 
sleeve of length equal to the thickness of the 
grommet is slipped into each grommet. A large 
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washer is placed on each side of the sleeve 
before the mounting screw is passed through 
and threaded into the motor mounting stud. 
Two shock mounts are needed for each motor. 
The grommet size used is that which fits into 
a %-inch hole. A 34-inch diameter sleeve 34 inch 
long is the right size to fit the grommet hole. 
There is no reason, though, why larger grom-
mets and sleeves cannot be used. 
Vacuum variable capacitors are used for 

plate tuning and loading. These require 24 
and 30 turns, respectively, to cover the full 
capacitance range. Counter dials which read 
each tenth of a turn are used to drive them. 
The dials are made by Gates Radio Company, 
Quincy, Illinois, part No. M3401F. These were 
chosen because they are r.f. tight and do not 
require much space behind the panel. 
The plate-circuit switch is made by Radio 

Switch Corporation. It is a Model 88 with 36-
degree detent and three Type A wafers. Two 
of the three wafers are paralleled and switch 
the pi coil. The remaining one handles the L 
coil. 
The Illumitronic coils used in the plate cir-

cuit both require modification. The 28-Mc, pi 
coil should be removed and replaced with one 
of slightly greater inductance consisting of 5 
turns of 3íe-inch copper tubing, 1% inches in 
diameter and 2 inches long. The remainder, L4, 
of the pi coil should be modified by removing 
turns from the wire end, leaving 12% turns. 
Turns are removed from the close-wound end 
of the L coil, L5, until 15 turns remain. The 
28-Mc. L coil, L8, is home-brew. The taps on 
the pi coil are placed as follows: 28 Mc.: junc-
tion of L, and L4; 21 Mc.: 2% turns from the 
28-Mc. tap; 14 Mc.: 5% turns from the 28-Mc. 
taps; 9% turns from the 28-Mc. tap. The taps 
on L, are as follows: 28 Mc.: at junction of L, 
and L,; 21 Mc.: 3 turns from the 28-Mc. tap; 
14 Mc.: 5 turns from the 28-Mc. tap; 7 Mc.: 
9 turns from the 28-Mc. tap. An r.f. choke is 
used to complete the d.c. circuit to ground at 
the coax output connector as a safety measure 
should the plate blocking capacitor, C6, break 
down. 
A type BNC receptacle is used to feed drive 

power into the amplifier and a type C recepta-
cle at the output. The d.c. plate voltage is 
fed into the amplifier via a Millen high-voltage 
terminal, type 37001. 
Many combinations of plate, screen and bias 

voltages can be used, as a look at a tube data 
sheet will show. The following voltages are 
typical: 

Plate 
Screen 
Grid 

C.W. A.M. Phone AB, Linear 

2500  2500  3500  volts 
500  400  555  volts 

—150  —200  —105°  volts 

* Set to give 45-ma. plate current per tube 
with no drive power. 

The tune-up procedures are the same as for 
the 4-125A.  Also, the amplifier should be 

checked for parasitics as described previously. 
Best linearity is achieved by increasing the 
loading on the amplifier until the power output 
just starts to fall off; during this adjustment, 
the drive power is held constant. 
In operation, there is little to choose between 

the two rigs for the c.w. man. At 1-kw, input 
on c.w., the amplifiers handle identically; how-
ever, the 4-250As are easier to drive. For a 
2-kw. p.e.p. input on s.s.b., the 4-250A ampli-
fier stands alone. Which version the builder 
chooses depends upon his requirements as bal-
anced against the necessary cash outlay. It 
should be pointed out that a third version 
combining the better or less-expensive com-
ponents of the two designs presented could be 
built around 4-250As and result in an ampli-
fier not costing much more than the strictly 
economy 4-125As. 

Design of the Pi-L Network 
The design of the pi-L tank circuits has been covered 

before in excellent articles presented in QST,,,,  How-
ever, two different approaches are again presented here 
for those who would like to apply the circuit to transmit-
ters of their own design. 
The first method is to use values of components for 

the pi network with which the builder is already familiar 
and alter them suitably to make the pi-L work. Figs. 2A 
and 2B show a pi and a pi-L network, either of which 
will match a power amplifier tube to a 50-ohm load. 

-ro 
AMP 
PLATE 

(A) 

AMP 
PLATE 

(B) 

FIG. 2 

2 

50 - OHM 
LOAD 

SO -OHM 
LOAD 

First, the capacitance and voltage rating of Ci and Cu 
are exactly the same for both circuits. The capacitance of 
C2, will be about one-half to two-thirds that required for 
the pi capacitor, Cs. The voltage rating of Cr. must be 
three or four times that recp.iired for C2. The inductance 
Ls, will he greater than LI by about 25 per cent. The 
inductance La, which has no direct counterpart in the 
pi, will have an inductance of about one-third to one-
half of Li,. The circulating currents in Lit are the same 
as in Ls; therefore, a coil made of a wire size suitable 
for a pi net will also be good for a pi-L. The currents 
flowing in La are much smaller than those in Lii, so it 
can be made of smaller wire. For example, if Lti must 
be made of No. 10 wire, La could be made of No. 14 
or 16. 
This approach will allow the intrepid experimenter 

to convert his present pi-network output circuit to a pi-L 
without much pain. But for those who prefer a more 
formal method, the following is offered: 
Just as the pi is designed as two L networks placed 

back-to-back, the pi-L is designed as three L nets placed 

O Miedke,  "Pi  and  Pi-L  Design  Curves,"  QST, 
November, 1955 
Crammer, "Simplified Design of Impcdance-Mateh-

ing Networks," QST, March, April and May, 1957. 
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back-to-back. In Fig. 3, a pi-L tank, circuit is broken 
down into its three equivalent Ls. The first L matches 
the desired tube load resistance Rs to a resistance Ro and 

LIA 

FIG. 3 

is composed of CI and Lis. The second L snatches R. to 
the resistance /31 and is made up of Liu and C2A. The 
third L matches 112 to the load R3 (the transmission 
line) and consists of Czn and L2. RI is determined from 
the approximate formula: 

E 
R    

2 X 

where E = plate voltage applied to the tube 
and 1 = plate current in amperes. 

First, the value of Qi is selected. Qi is the operating Q 
of the plate circuit and is usually chosen to be between 
10 and 20. Knowing R, and 01 the capacitive reactance 
Xcl of the plate tuning capacitor CI is calculated from: 

R, 
Xc, =   

Also, calculate Ro from: 

Q1 

RI 
Rn =   

012 1 

Then, calculate the inductive reactance Xt,i., of the in-
ductance  from: 

XLIA = RoQi 

This completes the calculation of the reactances for the 
first L network. 

FIG. 4 

Before proceeding with tbe second L network, which 
consists of L, s and C25, the value of /31 should be 
selected (R, unist always be greater than Ro and Ra). 
Although it is possible to arrive at operating values for 
Lin and C.1., by first selecting Q, (the Q of the second L 
network), it is best, from an equipment designer's view-
point, to calculate R2 to match the voltage capability of 
available tuning capacitors. This is donc from: 

E2 
R2 =   

where E = rams. voltage across R2 
P = Amplifier power output in 

watts. 

Because the peak voltage must be considered when de-
termining capacitor voltage breakdown (peak voltage 
equals 1.41 times r.m.s. voltage) and some safety factor 
is desired, it is best to let E equal one-half the capacitor 

breakdown voltage. For a kilowatt transmitter, it is sug-
gested that 1000- to 2000-volt capacitors be considered. 
Convenient values of power output can be calculated by 
assuming an efficiency of 75 per cent for a c.w. or plate-
modulated amplifier, and 60 per cent for a linear. Don't 
forget that for an a.m, phone rig, the power output at 
the crest of a I00-pereent-modulated envelope is four 
times the carrier output. 
Having calculated R4 proceed with determining Q2 

from: 

Q2 = ..1 — — 1 
RO 

Calculate X C2A  (capacitive reactance of Czo,) from: 

13.2 
XC2.% = —  

Q2 

Calculate Xi,in (inductive reactance of Lit,) from: 

XLIP, = ROQ2 

Next, the capacitive and inductive reactances for the 
third L network, C21: and /4, are calculated. First, cal-
culate Q3, the Q of the third L net, from: 

R2 
Qa = - -14/  

R3 

where Rs is the load that the amplifier will be working 
into, usually 50 ohms for coax feed lines. It can he 
almost anything else but must be less than R2. Then 
determine XC2Ii, the capacitive reactance of C213, from: 

Ru 
Xe2B = —  

Q3 

Then calculate XI,2, the inductive reactance of L2, from: 

= R3Q3 

Since the inductances Li\ and Lin are in series, these 
are combined in one coil, Li. The inductive reactance 
is equal to the sum of the separate parts 

= Xr,t.\ + Xr113 

Similarly, the two capacitors C25 and Cm are in parallel 
and are combined in one capacitor, Cz. Xe3, the capaci-
tive reactance of C2, is obtained by 

Xo:,,\Xczn 
Xo.. —  

+ X C2II 

The actual values for the capacitors and coils can be 
determined for any frequency from: 

and 

c = 
27fXc 

L =   
2•7f 

where C = Capacitance in 1.t.d. 
L = Inductance in 1th. 
=_ Frequency in Mc. 

The complete pi-L network with the combined induc-
tances and capacitors is shown in Fig. 4. 
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A HIGH-POWER AMPLIFIER AND POWER SUPPLY 

The grounded-grid linear amplifier and power 
supply shown in Fig. 1 are designed for the 
amateur power limit in single-sideband opera-
tion. The amplifier uses a 8-1000Z triode to 
handle a pep. input of 2 kw. on peaks. The 
amplifier and supply each occupy just over 1 
cubic foot and are made from readily available 
components. The 3-1000Z requires a driver ca-
pable of supplying at least 65 watts p.e.p. 
Referring to the amplifier circuit diagram in 

Fig. 2, the grid of the triode is grounded for 
both r.f. and dc. The cathode is maintained 
above r.f. ground by feeding it through a home-
made filament choke wound on a ferrite rod. 
Although the input impedance of the grounded-
grid 3-1000Z is close to 50 ohms and would 
provide a good match for a driver with fixed-
impedance output, a pi network input circuit, 
CiC,L, is used to supply some Q to the circuit, 
for better linearity. The Q is low, however, and 
once adjusted an input circuit requires no fur-
ther attention for operation anywhere within its 
band. For simplicity in the circuit diagram, 
only one set of capacitors and inductor is shown 
in Fig. 2. 
The plate tank circuit uses a commercial coil 

assembly (Air Dux 195-2) that has been re-
arranged to conserve space and fit better into 
the compact package. The bandswitch is made 
from the products of two different companies, 
ganged together to provide an input-circuit 2-
pole switch and a plate-circuit single-pole 
switch. 
Antenna changeover relay, K„ is included 

in the amplifier package. During. the "receive" 
condition a 50,000-ohm resistor in the filament-
transformer center tap provides self-bias that 
practically cuts off the plate current; during 
"transmit" this resistor is short-circuited by one 
set of contacts on the relay. 
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Three meters are used in the amplifier. The 
grid and plate currents are read separately by 
a 0-500 milliammeter and a 0-1 ammeter. The 
third meter is a relative-output indicator me-
tering the r.f. voltage at the output. D.c. for 
the meter is derived from a germanium-diode 
rectifier connected to a resistive r.f. voltage 
divider. 
Panel switches and associated neon indicators 

are provided for control of the filament (and 
blower) and high-voltage power. 

Construction 

Two identical pieces of 3-inch thick alumi-
num, 113‘ inches high and 1234 inches wide, are 
used for the front panel and the rear plate. 
These may be cut from 123.1-inch rack-panel ma-
terial (Bud SFA-1837) if no other source is 
available. The major chassis that supports the 
tube socket and the filament transformer is a 

11 COIL TABLE 

Band  C1, C2  L, 

80  1600 pf. (Arco VCM- 16 t., closewound 
35B162K) 

40  910 pf. (Arco VCM- 8 t., closewound 
2013911K) 

20  430 pf. (Arco VCM- 6 t., closewound 
20B431K) 

15  300 pf. (Arco VCM- 4 t., closewound 
2013301K) 

10  220 pf. (Arco VCM- 4 t., spaced to 
208221 K)  fill form. 

Capacitors are 100-v. silver mica. Inductors 

wound with No. 16 Formvar or Nyclad on 

inch diam. slug-tuned form (National XR-50). 

FIG.  1—The  3-1000Z 

grounded-grid  linear  is 
mounted on short legs to 

allow air to be drawn in 
at the bottom and blown up 

past the tube.  The meters 

indicate grid (left) and plate 

current and relative output 
(below).  Knobs at right (B 

8. W 901) control plate (top), 

band switching and loading. 

Two layers of the heat-

radiating  plate  cap  have 

been  removed  to  allow 

clearance of the perforated-

metal cover. 

The  companion  power 
supply uses silicon diodes 

in a voltage-doubling circuit. 
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FIG. 2—Circuit diagram of the 3-1000Z amplifier. Unless specified otherwise, capacitances 

(pf. or µIA.). For simplicity, only one set of components is shown at SiA _B . 

85-100 c.f.m. fan (Rotron 1503). 

C1, C2—See L1 coil table. 
C2-150-pf. variable, 0.075-inch spacing (Johnson 

154-8). 

C4-1500-pf. variable, 0.030-inch spacing (Cardwell 

PL-8013, Allied Radio 75 L 047). 

C111-1N34A or equivalent. 

4 —Coaxial receptacles, SO-239. 

J,, 4 —Coaxial receptacle (Dow-Key DK-60P). 

.1: —Coaxial receptacle, UG-560/U (Amphenol 82-805). 

4 —Octal male connector (Amphenol 86-CP8 in Am-

phenol 6r-61 shell). 

K1—D.p.d.t. antenna relay, 115-v.a.c. coil (Advance 

AH2C115VA). 
L1—See L1 coil table. 

12-4 t. 5/16-inch strap, 11/2 -inch diam., 2 t.p.i. 
I.2-4 turns 1/4 -inch tubing, 3-inch diam., 2 t.p.i. 

Tapped 11/4  turns from L end. 

1.4-16 turns No. 8, 31/4 -inch diam., 4 t.p.i. Tapped 

7 turns from L3 end. 

standard one measuring 7 x 12 x 3 inches 
(Premier ACH-433). It is held to the front 
panel by the two toggle switches and the two 
indicator lamp housings (Dialco 951308X) and 
to the rear panel by the 25,000-ohm variable 
resistor in the output-metering circuit and vari-
ous screws that hold 1,, 1, and 15 in place (see 

J3 

.001 

PWR. 
CONTROL 

FIL. 

COMMON 
A.C. 

1.2, L3 and 1.4 are parts of commercial kilowatt 

coil assembly (Air-Dux 195-2). 
115—Two 35-ohm "Thermistors" in series (GC 25-918). 

RFC, -28 double turns No. 10 Formvar or Nylclad, 

closewound on 1/2 -inch diam., 71/2 -inch long 

ferrite rod (Lafayette Radio, N.Y.C., MS-333). 

RFC2-2 turns No. 10, 11/4-inch diam., 2 t.p.i., mount-

ed on R1. 

RFC2-90-1.4h. 500-ma. r.f. choke (8 & W 800). 

51-2-pole 6-position (5 used) ceramic rotary switch 

(Centralab PA-2003) ganged to 1-pole 6-posi-

tion (5 used) heavy-duty ceramic switch (Com-
munications Products 86-8). See text. 

S2, S3—S.p.s.t. toggle. 

T1-71/2-volt 21-ampere filament transformer (Stancor 

P-6457). Meters are Simpson Model 127; 1000-

pf. 5-kv, capacitors are Centralab 858-S; 1500-

pf. feedthrough capacitors are Centralab FT-

1500. 

Fig. 4). The plate choke, RFC„ is mounted on 
this chassis, with a 1000-pf. 5-kv, ceramic ca-
pacitor (Centralab 858-S) near its base; the 
high-voltage lead is brought from the base of 
the r.f. choke (and from the capacitor) through 
the chassis in a ceramic feedthrough insulator. 
The output-indicator circuitry, consisting of the 



5—Amplifier Construction 

FIG. 4—A view under the sub chassis of the 

amplifier. The filament choke can be seen sup-

ported off the side wall by ceramic stand•off 
insulators and plastic cable clamps. A lip on 

the tube socket (right foreground) has been 

removed to provide more space and better air 

flaw; the three grid pins of the socket are 
grounded to the chassis by short straps. Don't 

try to bend the terminals out of the way before 

sawing off the lip; remove them entirely. 
The resistor mounted on a tie-point strip and 

visible under the left end of the filament choke 

is the 50,000-ohm cathode resistor used for 

stand-by bias; leads from it run in shielded 

wire over to the chassis wall near the relay. 

Wires and plug dangling over the side run to 

the blower (See Fig. 5). 
The jack on the rear wall closest to the near 

edge of the panel is .14, the high-voltage cable 

jack. A 1000-pf. 5-kv, capacitor is mounted on 

the chassis just inside this point. 

22,000- and 470-ohm resistors, the 1N34A rec-
tifier and the 0.001-/Lf. capacitor, is also mount-
ed on the chassis (see Fig. 6). These are 
mounted on a multiple tie-point strip fastened 
to the top edge of the chassis near C.  The 
assembly is shielded by a 2% X 23(3 x 1%-inch 
"Minibox" (Bud CU-3000-A). 
The input circuitry and Si  and S1s  are 

housed in a 4 X 4 X 2-inch aluminum case (Pre-
mier AC-442) held to the main chassis by two 
M-inch panel bearings; the RC-58/U leads to 
the switches are run through the holes in the 
bearings. The switch section is mounted on one 
removable plate of the case; the other plate is 
not used. 
To conserve space and to provide a shaft 

extension for ganging, switch Si, must be modi-
fied slightly. This is done by removing the rear 
shaft bearing and replacing the two ceramic 
insulators with shorter (%-inch long) ones. If 
suitable insulators cannot be found in surplus 
(8-32 tapped holes are required), they can be 
machined from suitable insulating material. 
When the rear bearing is replaced, it should 
first be reversed. The combination of reversing 
the rear bearing and using a shorter pair of 
insulators leaves enough shaft extending to take 
a flexible shaft coupling (Millen 39005). This 
coupling is connected to a similar coupling on 

FIG. 3—Rear view of the 3-1000Z amplifier 

with the back wall and SK-516 chimney re-

moved. The 4 X 4 X 2-inch box in the fore-

ground houses the pi-network input circuits and 

bandswitch  sections.  SiA.B .  The  antenna 

changeover relay is mounted directly below. 
To conserve space and provide a shaft ex-

tension for ganging, the plate-circuit switch, 
has been modified slightly, as described 

in the text. 

Normally the three meters on the front panel 

are backed up by a 7 X 7 X 2-inch alumi-
num chassis that serves as a shield. 

SiA _, through a length of  diameter in-
sulating rod. The switch is supported on the 
panel by four 1-inch high ceramic cone insula-
tors (Johnson 135-501) mounted base-to-base. 
On the panel, shaft bearings are used for the 
switch shaft and the two capacitor shafts. 
The tank coil assembly is modified by first 

removing the strap coil and the copper tubing 
coil from the polystyrene strip that supports 
them. Then saw a 3-inch long strip from one 
end and mount it at right angles to the original 
strip with cement or brass screws (see Fig. 6). 
Coil L„ the wire coil, is supported by the poly-
styrene strip, which rests on the bottom plate 
at the outside and on the basic chassis on the 
inside. The inside end of Li is bent up and a 
loop formed in the end. Coil L, is bolted to 
this loop with a brass 8-32 machine screw, and 
the tap running to the 20-meter pin on the 
switch is taken off at the same junction. All 
coil taps were made of %-inch wide strips cut 
from copper flashing. The coil L, is supported 
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at one end by an end of L, and at the other by 
a copper strap fastened to the stator of C, (see 
Fig. 6). 
Two 1000-pf. 5-kv, capacitors and the para-

sitic suppressor, RFC„R„ are supported by the 
top of RFC,, and a flexible strap runs from the 
other end of the parasitic suppressor to the plate 
cap. To avoid contact between the cap and the 
amplifier cover, two layers must be cut off the 
top of the plate connector (Eimac 
The chimney (Eimac SK-516) is held in place 

around the 3-1000Z by four metal clips, and the 
socket (Eimac SK-510) is modified slightly as 
mentioned in the caption for Fig. 4. The 
blower is mounted on the 12 X 11% x 
bottom plate so that it is not directly under the 
tube socket but near the front panel. Rubber 
(they could be turned wooden) feet attached 
to the bottom plate support the amplifier above 
the operating table and allow the free flow of 
air into the blower. The a.c. connector for the 
blower (see Figs. 3 and 4) is made from the 
internal parts of two microphone connectors 
(Amphenol 80-MC2M and 80-MC2F). 
To conserve space, the filament transformer 

T, must be modified so that the leads come out 
the bottom. This is done by removing the end 
bells, blocking the original holes with paper and 
drilling new holes for the leads. 
There is a little trick to winding the filament 

choke, RFC„ primarily because the wire is so 
heavy that it cannot be wound directly on the 
ferrite rod without springing out. To overcome 
this, the dual winding of the choke is wound 
first on a length of r4s-inch wooden dowel. 
When it is released it will spring out slightly, 
enough to permit it to be slipped off the dowel 
and on to the ferrite core. One-half inch nylon 
cable clamps mounted on 1-inch standoff in-
sulators hold the core in place on the inside 
wall of the chassis (see Fig. 4). Formvar or 
Nylclad wire is recommended for the choke be-
cause with it there is very little chance that the 
insulation will be chipped off as the core is 
inserted in the coils. 
It will be noted that the three grid leads are 

connected directly to the chassis. There are 
slots in the SK-510 socket es-pecially provided to 
allow low-inductance groune- terminations to be 
made to each of the grid terminals. The ground-
ing straps are slipped through the slots and 
soldered to the socket pins. 
The 7 x 7 X 2-inch chassis that shields the 

three meters is held to the panel by a single 
screw that threads into a ceramic cone insulator 
serving as a stud. The stud can be made of 
metal if suitable taps and drills are available. 
To clear the shielded wires running up to the 
meters from the hole in the main chassis, a 
suitable slot is cut on one side of the shield 
chassis. 

Power Supply 

A power supply delivering 2500 to 3000 volts 
at 400 to 350 ma. will be suitable for use with 

the amplifier. The power supply shown in Figs. 
1 and 8 is built with sixteen silicon diodes 
costing 84 cents each (a total of $13.50), al-
though rectifier units having a p.i.v. rating of 
4000 (and a price of S18 each) are available. 
Referring to the circuit diagram of the supply, 

Fig. 9, a transformer with a dual primary is 
used, to permit operation from either a 115- or 
a 230-volt line. The higher voltage is recom-
mended. No fuses are shown; it is expected that 
the supply will be protected by the fuses (or 
circuit breakers) in the wall outlet box. 
The filter capacitors are called "computer 

grade" capacitors; the 25K resistors across them 

FIG. 5—Blower is mounted on bottom plate of am-

plifier near the front panel (not directly under the 

tube). A.c. power connector for blower is made from 
microphone-connector fittings. 

serve both as the bleeder resistor and the equal-
izing resistors. In operation, the idling current 
of the amplifier (180 ma.) further bleeds the 
supply. The 0-5000 voltmeter is included to 
comply with the FCC regulations. It is a good 
idea to get into the habit of watching the volt-
age decay when the power supply is turned off; 
in this way you_ are less likely to get mixed up 
with a residual charge in the capacitors. An 
interlock switch in series with the relay makes 
it necessary to replace the cover before' turning 
on the supply. 
The 10-ohm resistor between the negative 

terminal and chassis allows plate-current meter-
ing in the negative lead with no difference in 
potential between power-supply and amplifier 
chassis. 
The power supply construction is not critical, 

and the main considerations are adequate in-
sulation and safety precautions. The string of 
silicon diodes and their associated capacitors 
and resistors are mounted on a 3 >< 981-inch 
strip of prepunched terminal board (Vector 
85G24EP ), with push-in terminals (Vector T28 ) 
serving as tie points. The rectifiers are mounted 
on one side of the board, the resistors and ca-
pacitors on the other. The strip is mounted on 
the 12 x 13 X li-inch aluminum base plate with 
a pair of panel brackets (Raytheon MB-128). 
The pair of 50-ohm resistors is mounted on a 

78 X 1%-inch strip of pre-punched terminal 
board, supported by two fl-20 bolts, 5 inches 
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long, that replace two of the original transforrn-
erbolts. This strip also serves as a stop to 
prevent the cover and the resistors coming in 
contact. 
The bank of eight 240-gf. capacitors is in-

sulated from the base plate by a sheet of 4% X 
9 X 14-inch clear plastic (Lucite or Plexiglas). 
A similar sheet with clearance holes is mounted 
higher and holds the capacitors in place. The 
25K bleeder resistors mount on the capacitor 
terminals. 
The high-voltage cable running to the ampli-

fier is a length of RC-8/U terminated in a high-
voltage coaxial plug (UG-59B/U).  At the 
power supply end, the braid is peeled back for 
about a foot on the insulating material, to pro-
vide a suitably long leakage path. Disregard of 
this small point may result in voltage breakdown 
along the surface of the insulating material. The 
shield braid is connected to the base plate, 
which serves as the chassis ground. Wires to 
the a.c. line should be No. 14 or heavier (a 
cable marked "14-3 Type SJ 300 V" was used 
in this unit), and No. 16 wire will suffice for 
the control wiring. 
If desired, a precision resistor can be used for 

R,, the voltmeter multiplier. However, selected 
standard 20-percent resistors will serve as well. 

Safety Precautions 

A 3000-volt power supply with a 30-cf. filter 
capacitor is a lethal device. There is no such 
thing as a "slight electrical shock" from a 
power supply like this one. Make absolutely 

FIG.  6—Another 

view  of  the 

grounded-grid am-

plifier,  showing 

the output voltme-

ter (shield cover 

removed)  compo-

nents mounted on 
a  multiple  tie 

point  strip.  The 

cone insulator be-
tween the meters 

receives the screw 

that holds down 
the meter shield 

(chassis). 

certain that the voltmeter indication has coasted 
down to zero before removing the protective 
cover or touching anything remotely connected 
to the high-voltage lead. Even then it is a good 
idea to use a "shorting stick" across the output 
as a double check. 

Adjustment of the Amplifier 

An amplifier of this quality and power level 
deserves the best of treatment, and to that end 
it is recommended that the operator familiarize 
himself with its operation by using a dummy 
load, an oscilloscope and some method of "puls-
ing" the drive (see Goodman, "Linear Amplifiers 
and Power Ratings," QST, August, 1957). This 
will enable the operator to work the amplifier 
at its maximum legal capability with a minimum 
of spurious radiation. 
Lacking the equipment mentioned above, it is 

possible to approach proper operating condi-
tions by the following rules of thumb. They are 
intended, however, to serve only as rough 
guides. 
With a sideband exciter set for c.w. operation, 

feed its output to the amplifier through a length 
of RG-58/U or RG-8/U. If an s.w.r. indicator 
(for 50-ohm cable) is available, insert it in the 
line and switch it to read reflected power. With 
the filament of the amplifier turned on, adjust 
L, (for the band in use) for a peak in grid 
current. Do this in turn for each of the bands. 
The adjustment is a relatively broad one. It 
may be found that a little reflected power is 
indicated, but that is not important at this time. 
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FIG. 7—Design changes for high/low power opera-

tion. Unless listed below, component designations and 

specifications are same as in Fig. 2. For simplifica-

tion, 1500-pf. ceramic feedthrough capacitors in relay 

coil and cathode resistor leads are not shown. 

(Al Circuit changes when amplifier is used with sepa-

rate receiver and exciter. 

(8) Interconnections when used with separate receiver 

and exciter. 
(Cl Circuit changes when amplifier is used with trans-

ceiver, 

(D) Interconnections when amplifier is used with trans-

ceiver, 

4 —Coaxial receptacle, SO-239. 

K2—Antenna changeover relay with auxiliary con-

tact, 115-yac, coil, (Advance AH/2C1C/115-

VA). 

K, —Coaxial antenna changeover relay, 115 v.a.c. coil. 

S4—S.p.d.t. coaxial switch. See text. 

S3—D.p.s.t. toggle. See text. 

Plate voltage can now be applied, but it is 
recommended that early tests be carried out at 
half operating voltage, until it has been estab-
lished that it is possible to tune to the various 
bands. Never apply plate voltage to the ampli-
fier without a load (dummy or antenna) being 
connected, because there is danger of burning 
out CR, under these circumstances. Having 
established that the circuits can be tuned, the 
amplifier can be tested at full voltage. The 
loading and excitation (single tone, same as 
steady carrier or c.w. ) should be adjusted to 
give the readings shown below, with the under-
standing that these are only general guides and 
are not strict limits. Notice that these conditions 
represent tuning to a steady 1 kilowatt input, 
the only possible legal procedure (without puls-
ing, which is illegal except into a dummy load). 
When a set of these conditions has been met, 
adjust the output of the exciter to drive the 
amplifier just to an indicated 1 kilowatt plate 
input on peaks. 

Plate Voltage  2500  3000 

No-Signal Plate Current  160 ma.  180 ma. 

Single-Tone 
Grid Current 

100 ma.  75 ma. 

IN PUT 

(Al 

CB) 

INPUT 

RG-58/1.1 

TO wETERS 

TRANSCEIVER 
vex 

RC- 58/U 

T, CT.  METERS 

t  J  
50 FI J, 

It  • 

o 4 

TO T, 

RCVR. 

ANT 
J, 

VOX 

H.V. POWER 
SUPPLY 

 2..1.< ANT. J, 

(DI 

Single-Tone 
Plate Current 

 RYON 
J, 

AIPLIFIER 

 HSAC 

U.Se e ER 

400 ma.  330 ma. 

As a final touch, adjust the input circuits for 
minimum reflected power. 
Although the amplifier should have no vhf. 

parasitic with the suppressor as shown (RFC,R, 
in Fig. 2), the amplifier should be tested for 
one. Disconnect the exciter, connect a dummy 
load to the output, switch to 21 or 28 Mc. and 
apply filament and then plate power. With one 
hand on the plate power supply switch, swing 
the plate capacitor, C„ through its range, start-
ing at maximum capacitance. If a parasitic is 
possible, it will probably show up as C, ap-
proaches minimum capacitance; it will be indi-
cated by a sudden increase in plate current and 
the appearance of grid current. If a parasitic 
does appear, it will be necessary to increase the 
inductance of RFC, (after turning off the plate 
power!) by pushing the turns together or add-
ing another turn. 

FIG. 8—In this view of the power supply, four filter 

capacitors have been removed to show how the silicon 

diodes are mounted on one side of the terminal 

board; equalizing resistors and capacitors are mount-

ed on the other side. The meter mounting bracket is 

held to the base plate by two of the bolts that run 
through the feet of the transformer. Small switch in 

the foreground is the interlock; control relay is mount-

ed on base plate to left of terminal block. 
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230V. 

470K 

TI 

INTERLOCK 

K1 SI 

II5V. 

(A) SIMPLIFIED SCHEMATIC 

® 
07011 470K 

.01,0  .01»l. 

(B) CPA, CR B DETAIL 

+1-LV 

N.V. 

CONTROL 

COMMON A.C. 

FILAMENT 

(C) CA, Ca DETAIL.VOLTMETER ON CB ONLY, 

FIG. 9—Schematic diagram of the 3000-volt power supply. 

C1—C4-240p,f, 450-volt electrolytic (Mallory 

CG241T450D1). 

K1—D.p.s.t. relay, 25-ampere contacts (Potter & Brum-

field PR7AY, 115-v.a.c. coil). 

P1—Coaxial plug, UG-598/U (Amphenal 82-804). 

R1, 122-50-ohm 25-watt wireground (Ohmite 0200D). 

R.,--Selected 0.47- and 0.68-megohm, 1/2  watt, in 

series. 

Variations in Design 
Depending upon the type of operation and 

the exciter in use, it may be desirable to modify 
the amplifier design. For example, using an 
amplifier. of this power in an area or on a band 
where local contacts are often made, it is selfish 
and uneconomical to run at full power all of the 
time. By using a different changeover relay than 
that specified in Fig. 2, it is relatively easy to 
provide for full-power or exciter-only operation 
at the flick of a switch, 
Referring to Fig. 7, the diagram at (A) 

shows the revised circuit when a separate ex-
citer and receiver are used. The change involves 
the addition of a coaxial antenna-changeover 
relay arid, in the amplifier, the use of a relay 
with one more pole, If this system is used, it 
should he connected as shown at (B). The 
coaxial switch, S4, need he only a rotary ceram-
ic switch mounted in a small aluminum case 

S1—S.p.s.t. miniature switch (Acro BRD2-51.). 

100-v. 1200 v.a. transformer, dual primary (BTC-

4905B,  Berkshire  Transformer  Corp.,  Kent, 

Conn.) 

25K, 20-watt resistors are Ohmite Brown Devil 1845, 

470K resistors are 1/2 -watt, 0.01-4. capacitors are 

1000-volt disk ceramic. 

with three SO-239 coaxial receptacles mounted 
on the side (or sides). The switch S, can be a 
d.p.d.t. toggle or, for more convenience, a two-
pole rotary switch ganged to S,. The two-wire 
circuit ftom the VOX (voice-operated) circuit 
in the exciter should be one that closes on 
"transmit," 
If the exciter is a transceiver, the coaxial 

changeover relay will be already built-in, and 
the amplifier modification simplify to those 
shown in (C), the substitution of a three-pole 
relay. In use, the connections will be as those 
shown in (D), and S, can become the S2 (but 
d.p.s.t.) of Fig. 2. 
In either case, the fact that the input im-

pedance of the amplifier is close to 50 ohms 
(the required load for the exciter or transceiver 
and the assumed impedance presented by the 
antenna feed line) makes for great convenience, 
since no retuning is required. 
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» Here is some down-to-earth talk about linear-amplifier 
meter readings that is "must" reading for all s.s.b. enthusiasts. 
The case is presented in simple, nontechnical language and 
with illustrations that clearly demonstrate the basic principles. 
Although discussed in terms of the plate meter, it also applies 
to the rectifier-type output meters with which currently-manu-
factured linear amplifiers are equipped. 

Interpreting 
the Linear-A mplifier 
Meter Reading 

HOWARD F. WRIGHT, JR., W1PNB 

In the days of regular a.m. there wasn't 
much concern about meters. The d.c. plate 
meter in the final gave most of the answers 
without complaint. Watch the meter. Tune up 
the rig. Figure the power input—no strain, no 
pain! What could be neater? To say that this 
no longer holds true with a linear amplifier in 
suppressed-carrier service would be quite an 
understatement. Strong men have wept bitter 
tears and spent sleepless nights because of the 
behavior (or misbehavior) of their linear's 
plate meter. Why? Simply because most of us 
seem to find it extremely difficult to modify 
our nearly complete, all-abiding faith in the 
value of the plate meter in indicating final 
amplifier performance. 
Let's get down to brass tacks. The attitude 

of an amateur toward the plate meter of his 
linear final, under voice conditions, is of great 
importance. It could, from a broad point of 
view, mean complete success or partial failure 
of amateur narrow-band communication tech-
niques. 
Why does the d.c. plate milliammeter fall 

down so badly in indicating the performance of 
amplifiers in s.s.b. voice service? It's because 
the meter is no longer able to settle at a steady 
value as it did in the amplification of unvarying 
carrier signals. The voice modulation consists 
of sporadic bursts of energy. They say, "The 
hand is faster than the eye." If so, the voice 
is certainly faster than the meter. The meter 
just doesn't move rapidly enough. It starts to 
follow the first voice impulse up, but moves so 
slowly that it meets the signal coming down. 
Then it tries to follow downward. In this it 
also fails. If a constant sound is used instead 
of words, the meter stabilizes at an "average" 
value. When the signal varies with the sylla-
bles of speech, the meter bobbles around. The 
amount of movement depends upon many 
factors. Meters can have differing time con-
stants (speeds of response). Different voices 

From QST, August, 1955. 

contain varying amounts of "average" power. 
The amount of swing depends, to some degree, 
upon the class of amplifier operation:  AB1., 
AB2 or B. 

Distortion 

A "linear" must amplify the signal from its 
exciter without changing the waveshape of the 
modulation envelope of the original signal. Any 
change in this waveshape is distortion. Distor-
tion means that new signals are generated. 
These new signals result in splatter. 

Every linear amplifier has an amplitude 
point at which it will produce no further un-
distorted output. Although the driving signal 
continues to increase, the output no longer in-
creases in exact proportion. While any change 
of the signal wave-shape at levels other than 
this maximum value also causes some trouble, 
it is imperative that the "limiting" ("flatten-
ing") point not be exceeded. 
The plate meter is basically incapable of in-

dicating the peaks of a voice signal.  Any 
relationship between voice excursions of the 
plate meter, as it measures d.c. power input, 
and undistorted unflattened amplifier output is 
apt to be purely coincidental. 

If the meter is such a poor performer, why 
do we continue to use it? Simply because, 
when properly interpreted, the meter is still a 
valuable gadget. It just needs a bit of under-
standing. 

Meter vs. Scope 

Articles concerning linear-amplifier adjust-
ment make adequately clear the fact that the 
oscilloscope is the best tool for indicating per-
formance. Whether the use of this valuable 
instrument is any more vital to the adjustment 
of a s.s.b. transmitter than it is to making a 
conventional a.m, phone station work properly 
might be a matter for debate. While a gratify-
nng number of amateurs are now using scopes, 
it would be unrealistic to think that all s.s.b. 
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Each of the accompany-

ing photographs consists 

of a comparison between 

the  plate  milliam meter 

reading and the output 

waveshape of a linear 

amplifier.  While  each 

picture shows a different 

type  of  signal  input, 

octual amplifier adjust-

ment remains unchanged 

in all cases.  The pur-
pose of the comparison 

is to  demonstrate  the 

action of the average-

reading meter as com-

pared to the instantane-

ous-reading scope while 
indicating  signals  of 

varying waveshapes. 

FIG. 1 
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stations will ever be monitored at all times by 
operators using such instruments. In fact, an 
operator who understands what his plate meter 
means, in conjunction with some form of out-
put indication, can do quite well with no scope. 
Each of the accompanying photographs 

shows a different condition of amplifier opera-
tion or type of signal input as seen on both a 
scope and the d.c. plate milliammeter. The 
purpose is to demonstrate the action of the 
average-reading meter as compared to the 
instantaneous-reading scope. Both continuous 
signals and voice are used. 
Fig. 1 shows a two-tone test signal. This 

type of signal is used to determine linearity 
and lack of distortion in all parts of the wave-
shape. At this time, notice only one thing. The 
top of the pattern remains unflattened and fills 
up the space between the limit lines.  No 
splatter caused by distortion of peaks occurs as 
long as we do not try to exceed the limits while 
using this set of amplifier conditions.  This 
holds true in all the following pictures regard-
less of the type of signal input. 
Fig. 2 shows the amplifier being driven into 

distortion on the two-tone signal. The peak 
linearity capability has been exceeded. Note 
the flattening of the peaks. Now notice the 
meter reading as compared to Fig. 1. The 
meter shows what we all like to see—more 
power—but the scope indicates that it is dis-
torted power. 
Fig. 3 shows the result of introducing a 

single audio tone into the speech amplifier. 
It may not look like sine-wave audio, but this 
is because we no longer have an audio signal. 
The s.s.b. exciter converted the single tone 
audio into single frequency r.f.—practically the 
same as an unmodulated carrier. Look at the 
plate meter!  On steady signal the amplifier 
has no time to rest. It works regularly—not in 
spurts as on voice. The meter has a chance to 
indicate full maximum signal input. 
Fig. 4 shows an actual voice waveshape. 

The sound used was a sustained "O-o-o-h-h-h." 
Notice that the "peaks" just reach the limit 
lines. Look at the meter. Oh, how sad! That's 
the current we must use to calculate power 
input! 
Fig. 5 is the condition where the audio 

gain is increased to "correct" the low meter 
reading. Yes, the meter reads more, but take 
a look at the scope. Those peaks are really 
flattening.  Splatter! Zounds! No escape! A 
clean signal means a lower meter reading, while 
greater deflection causes trouble. 
Fig. 6 shows the same voice sound, pur-

posely altered by audio compression, to in-
crease the "average-to-peak" ratio. Notice that 
the meter again shows an increase over the 
conditions of Fig. 4. This is also due to the 
flattening of the waveshape. Distortion of the 
audio is present, but no splatter results if the 
new frequencies are carefully filtered out early 
in the exciter. New frequencies resulting from 

r.f. linear amplifier flattening cannot be filtered 
out. They will be transmitted to plague ad-
joining channels. 
Study of the photographs reveals that there 

is, as previously mentioned, lack of correlation 
between d.c. meter readings and the type and 
quality of actual amplifier output. 
The situation looks rather gloomy, doesn't it? 

Is it possible for an average amateur to operate 
a linear amplifier properly without access to 
laboratory measuring techniques? Well, the 
best answer I can give is that hundreds are 
doing it every day. Perhaps the meters don't 
give all the necessary indication, but never 
underestimate the flexibility of an amateur. 
The trial-and-error system can do wonders. 

Splatter 

A chain of two or more linear amplifiers, 
upon construction, is hardly ever able to de-
velop maximum rated output without consider-
able adjustment.  Luckily, s.s.b. transmitting 
and receiving techniques have the valuable 
property of making nonlinear amplifier distor-
tion and splatter stick out like a sore thumb. 
While the same amount of distortion would be 
partly hidden by the voice sidebands of a 
double sideband signal and be somewhat ob-
scured by lack of selectivity in an ordinary 
receiver, such is not the case on s.s.b. There is 
no such thing as distortion splatter which 
appears on only one side of the carrier fre-
quency. 
A s.s.b. receiver has an opportunity to view, 

generally unhindered by readable signal from 
the s.s.b. exciter, the amplitude, nature and 
frequency spread of nonlinear amplifier splat-
ter appearing on the unwanted sideband. This 
situation makes possible accurate and worth-
while on the air reports of amplifier perform-
ance. In cases of "peak limiting" distortion, 
one can simply turn down the gain until the 
person at the receiving end reports a clean 
‘'unwanted" sideband. Changes can then be 
made to try and allow more power without 
degrading the signal. 

Adjustment Without a Scope 

This isn't basically an article on linear-am-
plifier adjustment, but I am going to give an 
example to demonstrate the proper use of d.c. 
meters when nothing better is available. The 
procedure falls into the "cheap and dirty, but 
rather effective" class. 
Although I have mentioned only the "final 

amplifier," flattening and distortion may also 
occur in any driver stage. I do not think it 
necessary, for our purposes, to stress meter 
readings and waveshapes for other stages. The 
indications occurring at the output of the final 
accurately reflect the condition of earlier stages. 
Of course, in actual practice it is necessary to 
locate and work on the weak link. 
Let's say that I have an amplifier whose 

specs call for a plate voltage of 1500 and 
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maximum signal (peak-envelope) current of 
300 ma. First, I insert some carrier from the 
exciter. I tune the grid and plate circuits to 
resonance as indicated by an output indicator. 
(Any type of output indicator connected to the 
feed line will do.) Next, I adjust the coupling 
of the feed line to the final. The coupling is 
set for maximum power output at a given plate 
current at resonance. If the coupling is in-
creased, the d.c. plate current goes up, but 
the output either remains constant or decreases. 
This point of maximum output for a given 
amount of input comes close to the magic point 
of proper adjustment for all linear amplifiers. 
The old method of loading by reference to "clip 
at resonance" is not recommended. Once we 
have reached the suggested adjustment, we 
have had it as far as coupling goes. If the 
d.c. current is less than 300 ma. (for the am-
plifier under discussion), we simply don't have 
enough linear drive. 
Now, regardless of the power I believe my 

amplifier should handle, I make a crude check 
to determine at what point it actually flattens. 
I vary the amount of carrier insertion, watching 
mainly the output indication, and note the 
point at which increasing the carrier no longer 
results in a rapid increase in output. I now 
observe the plate meter reading, hoping in this 
case that it is up to 300 ma. I use this figure 
to multiply by plate voltage. This is roughly 

my maximum-signal linear power available. 
Suppose my linear drive available limits my 
actual plate current to 250 ma. My maximum 
signal power is then only 375 watts instead of 
the possible 450. 
Next, I remove the carrier. I change to 

voice. This is the point where experience in 
using a scope counts. I know that my voice, 
using the average plate meter, will deflect the 
meter only about half as far, for the same 
maximum signal power, as the carrier did. 
Thus, since my steady signal current was 250 
ma., I wouldn't expect much over 125 ma. on 
normal talking. My "meter peak, on voice" or 
legal power, is only 187 watts (125 ma. x 
1500 volts). My maximum signal or peak en-
velope power is 375 watts (250 ma. X 1500 
volts). 
Actually, your voice might be able to swing 

the meter somewhat more than mine for the 
same amount of maximum signal power. If I 
were using a Class AB amplifier I would expect 
the meter to swing somewhat higher on voice 
in relation to its reading on steady signal. 
Don't think that I am recommending the 

above procedure as a replacement for legiti-
mate "two-tone" adjustment with a scope. 
However, if cautiously used, the procedure is 
guaranteed to do one thing—to produce a signal 
vastly more neighborly than one generated in 
an attempt to wrap the pointer around the pin. 
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» The first three articles in this chapter deal with a subject that 
no sideband operator can afford to ignore—testing and adjusting 
the s.s.b. transmitter for the cleanest possible output. 

A Pulsed T wo-Tone Test 
Oscillator 
Transistors in a Test Generator for Linear A mplifiers 

WALTER LANGE, W1YDS 

It has been pointed out that the pulsed two-
tone testing of a linear amplifier allows any 
amplifier to -loaf" along at low average input 
while being driven to maximum p.e.p. input.' 
The two-tone test pattern is most easily ob-
tained as the double-sideband output from a 
balanced modulator and a single audio tone. 
However, nowadays most sideband rigs use a 
filter to generate the single-sideband signal, and 
so two similar-amplitude audio tones must be 
fed to the s.s.b, generator if a two-tone test 
pattern is to be obtained. 
Used with an oscilloscope and a dummy load, 

the generator described here can be used to 
make most of the necessary checks on a side-
band transmitter or amplifier. With a single 
audio tone the sideband and carrier suppression 
can be checked, while the two-tone test, steady 
or pulsed, gives a visual check on the flat-
topping level and the linearity of an amplifier. 
To be useful, a two-tone test generator must 

produce signals of low harmonic content. If it 
doesn't, the harmonics make a 3-, 4- or 5-tone 
generator out of it, depending upon the number 
of harmonics that fall within the pass band of 
the filter.  A number of different transistor-
oscillator circuits were tried, but we ended up 
with Colpitts LC oscillators as giving the best 
waveforms. 
The final circuit is shown in Fig. 1. Each 

audio oscillator is followed by an emitter follow-
er, to minimize reaction. Control Ri is included 
to permit adjusting the 1800-cycle amplitude to 
match that of the 800-cycle signal.  The 
matched signals are fed to Q, where the setting 
of an output-level control, R 7, determines the 
signal that reaches the output jack or, when 
pulsing is used, the gate transistor, Q,. 
An astable (free-running) multivibrator cir-

cuit furnishes the gating pulse. The output 
approximates a square wave, and the repetition 
rate can be varied between about 50 and 170 
p.p.s. The duty cycle or on-off ratio can be 
controlled by the setting of R„; this also has an 
effect on the pulse rate, and R, is included as 
a vernier control of the pulse rate and duty 
cycle, as explained later. 
Q, is a forward-biased shunt gate. The two-

tone signal is developed across R, and R, in 
series, and the fraction across R, is coupled to 
the output jacks. However, with no multivibra-

From September, 1965, ()ST. 
Goodman, "Linear Amplifiers and Power Ratings",  2 Goodman and Lange, "The Telematch," QST, Feb-

OST, August, 1957.  ruary, 1965. 

tor pulse arriving at the base of Q,, the gate 
transistor conducts heavily and effectively short-
circuits R 7. A positive pulse from the multivi-
brator cuts off Q, and the two-tone signal ap-
pears in the output. 

Construction 

The two-tone generator is housed in a 5 X 
6 x 9-inch utility cabinet. Battery holders and 
the two inductors, L, and L,, are mounted on 
the base of the cabinet, and the jacks and mode 
switch S, are mounted on the top. The fre-
quency selector switch and the four potentiom-
eters are mounted on the front panel. All of 
the remaining components are mounted on a 
7% x 4i:b6-inch sheet of prepunched terminal 
board (Vector 85G24EP) with push-in termi-
nals (Vector T-28). Six 1-inch 6-32 threaded 
spacers hold the terminal board behind the front 
panel. The parts arrangement on the board is 
not critical, but for simplicity in this version the 
parts layout more or less resembles the circuit 
diagram. 

Testing 

When the unit has been constructed and the 
wiring checked, install the four flashlight bat-
teries in their holders. Connect a length of 
shielded cable between either 17 or 13 and the 
vertical input terminals of an oscilloscope. With 
S, in the unpulsed position, turn S, to the "800" 
point. Adjust R, for maximum output (at least 
0.15 volt peak-to-peak). Switch S, to "1800" 
and advance R, for maximum gain (about 0.3 
volt peak-to-peak). In both cases the scope 
should show good quality sine waves of negligi-
ble distortion. 
Adjust the 1800-cycle signal level to the same 

amplitude as that of the 800-cycle signal. 
Switching S, to "2 tone" should produce a com-
plex waveform of about 0.3 volt peak-to-peak. 
Turn S, to the pulsed position. R, and R, will 
vary the "on" time of the pulse from about 40 
to 60 per cent. 

Using the Test Generator 

Connect a length of shielded cable between 
the test oscillator and a sideband exciter. Attach 
a "T" connector to the transmitter and run a 
coaxial cable between the dummy load or the 
Telematch.2 Connect a suitable tuned circuit 
to the vertical deflection plates of the scope, and 
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Front view of the two-tone test oscillator. The generator is completely self-contained. Battery drain is only 
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FIG. 1—Circuit diagram of pulsed two-tone test oscillator. All capacitors are tubular paper except C„, which is 

a subminiature electrolytic. Resistors are 1/3 watt, "±-- 10 per cent. 

811—Four  1.5-volt flashlight  batteries (size  D)  in  R1, 122, R4- 5000-ohm control, linear taper. 
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Interior view of the test oscillator. Parts are arranged on the terminal board in a monner similar to the sche-

matic diagram. The oscillator circuitry is on the right with the three emitter followers towards the center. 

Multivibrator components are located on the lower left corner of the board with the gate parts just above them. 

The two double battery holders are Keystone type 176. 

link couple this circuit to the open connection 
on the "T" connector. 
Switch the test generator to the 800-cycle 

unpulsed position. Adjust R, and/or the exciter 
audio gain control for a good size scope pattern, 
being careful not to overdrive the amplifiers or 
exceed their ratings. Peak the scope tuned cir-
cuit. The desired pattern is a simple rectangle, 
whose top and bottom edges are as straight as 
possible (without saturation in an amplifier). 
Any ripple on the top or bottom indicates in-
sufficient carrier and/or sideband suppression 
and should be minimized before proceeding. (If 
the 800-cycle signal has too high second- and 
third-harmonic components, or if distortion is 
taking place in the audio section of the side-
band exciter, ripple will also appear on the 
pattern.) 
Turn S, to "1800" and recheck for ripple. 

The top and bottom edges of the pattern should 
be straight lines. 
Once the suppression has been checked, a 

two-tone pattern may be used for checking the 
linearity of the system. Adjust the 1800-cycle 
signal level with R, to the same amplitude as 
the 800-cycle tone. If the amplifier is being run 

conservatively, it can be operated with the 
steady two-tone test signal right up to the fiat-
topping level. As explained in the Radio Arno-
teals Handbook, the things to avoid are flat-
topping and non-linear crossovers.  Another 
pattern that is somewhat common but not 
discussed in the publications mentioned above 
is something that, at relatively slow sweep 
speeds, gives the appearance of low-frequency 
ripple riding across the top and bottom of the 
two-tone pattern. The several possible causes 
include 60- or 120-cycle hum modulation, non-
linearity in the audio stages, insufficient carrier 
suppression and insufficient sidebancl suppres-
sion. In other words, the spectrum of the sig-
nal includes more than the two frequency com-
ponents that it should have. 
Amplifiers that would be crowded a bit by 

the steady two-tone test should be checked by 
the pulse method. Switch the oscilloscope to 
external sync and connect a length of shielded 
cable between Ji and the external sync terminal 
of the scope. Synchronize the scope sweep to 
the pulse repetition frequency so that one or 
two pulses are displayed. 
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Testing a Sideband 
Trans mitter 

DOUGLAS A. BLAKESLEE, W1KLK 

Many amateurs are still afraid to "lift the 
lid" on their sideband transmitters. Granted, a 
sideband rig is the most complex piece of 
equipment in most ham shacks, but that is no 
reason why a hands-off attitude should be so 
dominant. A large number of amateurs just do 
not take the time to become familiar with side-
band techniques. With a small investment in 
test equipment and a little practice, any amateur 
can keep his transmitter in top condition. 
Even if your transmitter never blows up, 

component aging, tube changes and the differ-
ence in temperature in your shack between 
Winter and Summer will affect the performance 
of balanced modulators and phase-shift net-
works. These circuits will require readjustment 
from time to time. And, too, even a perfect 
transmitter can be operated in such a way that 
it sounds horrible. The damage has been done 
if you wait until others on the band (or the 
FCC) inform you that something is wrong with 
your transmitter. 

Test Equipment 

To observe the rapidly-changing levels in a 
sideband transmitter an oscilloscope is absolute-
ly necessary. No meter can keep up with the 
dynamic variations encountered with the human 
voice. There are monitor scopes sold that will 
fill the bill completely, or any shop-type scope 
which has an internal horizontal sweep genera-
tor and external vertical deflection-plate con-
nections may be used with the tuning unit to be 
described. Several inexpensive scope kits are 
also available. 
An audio generator is the other piece of test 

equipment required. The standard sort of audio 

From September, 1965, QST. 

TRANSMITTER 

AUDIO 
OSCILLATOR 

I OR 2 TONE 

PICK-UP 
UNIT 

generator will do; one often can be borrowed 
from local RTTYers or high-fi buffs, or a simple 
audio generator may be constructed to give a 
selection of frequencies.' The generator should 
have good sine-wave output and low distortion. 
A two-tone generator makes testing even easier. 
The unit described by W1YDS2 is perfect for 
any of the tests to be described. 
For the service-type oscilloscope an r.f. pick-

up unit is used to sample the output of the 
transmitter, and a tuned circuit builds up the 
r.f. voltage to provide adequate vertical deflec-
tion for the scope. See Figs. 1 and 2. The pick 
up unit is constructed in a 4 x  2h-inch 
Minibox. The tuning unit has link-coupled in-
put; each link is made by winding two turns of 
hook up wire around the center of the coil and 
cementing it down. Solder lugs are used on the 
ends of the leads from the Miniductor coil and 
link to facilitate coil changing. The shaft of 
the variable capacitor must be insulated from 
ground. In the unit in the photograph, the 
capacitor is mounted on a if-inch stand-off in-
sulator, as is the terminal strip. The chassis of 
the tuning unit is made from a 4 x 8-inch piece 
of aluminum sheet stock, although a wooden 
block would do just as well, as you would not 
need to use the stand off insulators. 
Only a small amount of energy is used by the 

tuning unit, so the pickup unit may be left in 
the transmitter output line for on-the-air moni-
toring. 
A typical test setup is shown in Fig. 1. All 

testing should be done with a dummy load, for 
two-tone tests can make a horrible noise on the 

Baxter,  "A  Transistor  Audio  Oscillator,"  QST, 
February, 1965. 

See the article by Walter Lange elsewhere in this 
chapter. 

TUN NG 
UNIT 

SCOPE 

50 OHM 
LOAD 

PLATES 

FIG. 1—A typical test setup for a 

sideband transmitter. 
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air. The audio or two-tone generator is connect-
ed to the microphone jack of the transmitter, 
except when a mike is used for speech patterns. 
The generator should be adjusted so that its 
output is about at the level of the microphone 
you normally use. Gain adjustments should be 
done at the transmitter with the mike gain con-
trol. The pick-up unit is inserted between the 
transmitter and dummy load, and the tuning 
unit should be placed so short connections can 
be made to the scope. Don't forget to ground 
the scope to the tuning unit. A length of RC-
58/U or RC-59/U is used to connect the tuning 
unit to the pick-up unit. 
The transmitter to be tested should be tuned 

up in the c.w. position, or in the sideband posi-
tion with a single audio tone injected, for nor-
mal input. Then adjust the tuning unit to give 
about half-scale deflection on the scope face, 
and turn on the horizontal sweep generator in 
the oscilloscope. Then you are ready to start 
testing! 

Speech Patterns 

Speech patterns offer rather a poor way of 
telling what is going on in the sideband trans-
mitter because they come and go so fast. Yet 

with a little experience one can learn to recog-
nize signs of transmitted carrier and flattening. 
These are useful later in monitoring on-the-air 
operation with a scope. 
Connect a microphone to the transmitter, set 

the oscilloscope sweep for about 30 c.p.s. and 
say a few words. The number "five" will pro-
duce a "Christmas tree" pattern similar to Fig. 
3A. Each different word will produce a differ-
ent pattern, which is one of the reasons why 
speech patterns are so hard to interpret. The 
important thing here is to observe the peaks to 
see if they are sharp, as in Fig. 3A. Fig. 3B is 
the number "five" again but this time the mike 
gain is set way too high; the final stage is being 
overdriven resulting in clipping of the voice 
peaks as the final tube reaches plate-current 
saturation. Underloading the final stage will 
produce the same results. Operating a trans-
mitter this way will produce a lot of splatter, 
making you unpopular with your neighbors on 
the band. Usually, reducing the gain control a 
little will remove all signs of flattening. Try 
different settings of the gain control until you 
can tell a correct pattern from one showing 
clipping. 
If, when the mike gain is reduced to zero, 

The variable capacitor is used to adjust the verticol deflection on the scope. The tuning unit should be mounted 

near the oscilloscope so short leads to the deflection plates may be used. An extra lead is provided to ground 
the tuning unit to the scope. 
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IN 

PICKUP UNIT 

L2 

J3 

'1 

OUT 

C1-100-pf. variable (Hammarbind HF-100). 

.11, 4 —Coaxial receptacle, chassis-mounting. 

.14—Phono connector 
Li-1 turn No. 14, 1-inch diameter, supported by 

soldering its leads to the coax receptacles. 

12-2 turns insulated hook up wire, placed with one 

turn either side of L. 

L3-2 turns of insulated hook up wire wound around 

the scope pattern shows you still have some 
output, you may be transmitting carrier. Ad-
justment of the balanced modulator, which is 
covered later, will be necessary. 

Two-Tone Tests 

A sideband transmitter should be a linear 
device from mike jack to output connector—for 
each audio frequency put in you should get out 
an r.f. frequency, with no distortion of the 
wave-form. The basis of a two-tone test is that 
you inject two audio signals, from which you 
should get out only two r.f. signals. No tube is 
ever perfectly linear, so some mixing of the two 
tones will occur, but all of the new signals pro-
duced should be so weak in comparison with 
the main output of the transmitter that you can-
not detect their presence in a scope pattern. 
What you will see is the pattern of two sine-
wave signals as they add and subtract, forming 
peaks and valleys. 
A two-tone test's main advantage is that it 

will produce a stationary pattern that may be 
examined for defects. It is not easy to tell with 
your eye exactly what is a pure sine wave on a 
scope. Complex patterns are even more difficult, 
so it is a good idea to draw the correct pattern 
carefully on a piece of tracing paper, which 
then may be placed over the actual pattern on 
the scope face for comparison. Remember that 
this test will show major defects in the trans-
mitter only. 
To make the test, apply the output of the 

FIG. 2—R.f. sampling and tuning units to provide 

deflection voltage for the vertical plates of an oscillo-

scope. 

TUNING UNIT 
1 

TO SCOPE 
VERT. PLATES 

SCOPE GROUND 

the center of L4 and ceramic in place. 

1.4-3.5 Mc.: 45 turns No. 24, 11/4-inch diam., 32 

turns/inch (B&W Miniductor 3020). 

7 Mc.: 22 turns No. 20, 1-inch diam., 16 turns/ 

inch (B&W Miniductor 3015). 

14-21 Mc.: 9 turns No. 20, 1-inch diam., 16 
turns/inch (B&W Miniductor 3015). 

P2—Phono plug. 

two-tone generator to the mike jack, set the 
'scope sweep for about 200 c.p.s., and check the 
pattern to see that both tones are of equal level. 
If they are not equal level, the valleys of the 
waveform will not meet at a single point on the 
zero line. Fig. 4A shows the correct pattern; 
note that the crossover is in the form of an X. 
Another way to obtain a two-tone test signal is 
to use a single audio tone and unbalance the 
carrier to the point where it forms the pattern 
shown in Fig. 4A. 
Examine closely Fig. 4A—this is the correct 

pattern. Note the clean rounded peaks and 
straight sides of the envelopes, and again how 
an X is formed at the crossover. Fig. 2B shows 
mild flattening of the peaks, and 4C severe 
flattening. The cause is the same: an amplifier 
stage being overdriven or underloaded. Cutting 
the drive level or increasing the loading should 
result in the Fig. 4A pattern. 
Incorrect bias adjustment can also cause a 

stage to be nonlinear. This defect will show up 
as rounding of the crossover points as in Fig. 
4D.  The manufacturer's instruction manual 
should be consulted for the proper bias value 
and the location of the bias control. This con-
trol should be adjusted for the proper operating 
bias. Incorrect bias will also show up as high 
or low values of resting plate current. If a 
correct resting current and pattern cannot be 
obtained the tube may be bad and should be 
replaced. 
Fig. 4E indicates what happens when an 
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(A) (B) 

FIG. 3—(A) Speech pattern of a correctly adjusted sideband transmitter. (B) The same transmitter with exces-

sive drive causing peak clipping in the final amplifier. 

(A) (B) 
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FIG. 4—Sideband two-tane test patterns: (A) a correctly adjusted transmitter, (B) mild peak clipping and 

(C) severe peak clipping caused by excessive drive or underloading af the amplifier, (D) incorrect amplifier bias 

causing raunding of the crossover points, (E) pattern with modulation caused by carrier leak-through, 
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FIG. 5—Phasing-type exciter patterns with single-tone input and constant oscilloscope sweep frequency: 

(A) carrier leak-through, (B) insufficient unwanted-sideband suppression, (C) both carrier leak-through and un-

wanted sideband, (D) correct pattern for single-tone input. 



.•-7•••••  " 

6—Adjustment and Testing 

external two-tone generator is used and carrier 
leak-through is also present. The carrier causes 
the peaks of the two-tone pattern to have dif-
ferent heights. If this happens, you should first 
null out the carrier, then go back to the two-
tone testing. 

Carrier Balance 

For carrier balance adjustments only one tone 
is used. The pesky carrier shows up as a sine-
wave modulation, similar to what you may have 
seen in a.m. The carrier-balance control(s) 
should be adjusted until the sine-wave modula-
tion disappears. Fig. 5A shows the single-tone 
test with sine-wave modulation caused by a 
partially suppressed carrier, and Fig. 5D shows 
the pattern after the carrier has been balanced 
out. 
The location of the carrier-balance controls 

may be found in the instruction manual if they 
are not located on the front panel. Phasing rigs 
usually have two controls, while the filter types 
have one control and a variable capacitor. In 
either case the action of these adjustments is 
somewhat interlocking. The first should be ad-
justed, then the second, repeating in turn until 
the carrier is nulled out. 
Carrier balance may also be adjusted with the 

aid of a communications receiver if it has an S 
meter. The receiver should be coupled to the 
transmitter so you have a strong, SO signal. 
Then adjust the balanced modulator as before 
for the least amount of indicated signal on the 
S meter. During this test the mike gain should 
be reduced to zero, so no modulation appears 
on the carrier. 

The Phasing Exciter 

With a single-tone input, the phasing-type 
exciter owner may find he has a pattern resem-
bling Fig. 5C. This pattern is formed when 
you have carrier leak-through and also the un-
wanted sideband is only partially suppressed. 
The unwanted sideband, like the carrier, shows 
up as sine-wave modulation, but at twice the 
frequency. For a scope sweep of about 400 

c.p.s. Fig. 5A shows carrier unbalance, Fig. 5B 
insufficient unwanted-sideband suppression, and 
Fig. 5C is a combination of the two. 
If you need to realign a phasing-type exciter, 

carefully read the manufacturer's instructions. 
Different models will require different proce-
dures, so we shall only go over the high points. 
Use a single-tone test, and null out the car-

rier. Carrier balance should be checked again 
during the alignment of the phasing generator, 
for it will upset your pattern if any carrier 
creeps in. 
The phasing generator will have audio bal-

ance and r.f. phasing adjustments, which may 
number two, three or four. Injecting a single 
tone, these controls are manipulated until the 
unwanted sideband is suppressed, as indicated 
by the disappearance of ripple from the scope 
pattern. You should achieve a pattern like Fig. 
5D. Then the transmitter should be switched 
to the other sideband and checked again for 
suppression of the unwanted. No doubt you will 
see some sign that in this position you do not 
have complete suppression of the unwanted 
sideband. This is probably due to the stray 
effects in the sideband switching. Thus you 
must reach a compromise in the setting of the 
audio balance and r.f, phase that gives good 
suppression of the unwanted when the trans-
mitter is operated on either sideband. If you 
have achieved a pattern like Fig. 5D you have 
carrier and unwanted-sideband suppression of 
35 to 40 db. This is about the limit of suppres-
sion you can see on an oscilloscope. 
If your transmitter has passed all the above 

tests, you can be sure it is working well. Fur-
ther tests that will show the small distortion 
that you cannot see on a scope will require 
much more advanced techniques, and are be-
yond the scope of this article.  3 In most cases, 
anything that does not show up in these tests 
will never be noticed on the air. 

For more information see Single Sideband Prin-
ciples and Circuits, Pappenfus, Brunie, and Schoenike, 
Mt Graw-Hill, Inc., 1964. 

PULSED SIGNALS THROUGH SSB TRANSMITTERS 

Anyone who builds Walt Lange's pulsed two-
tone test generatorl is going to see some unu-
sual pictures on his scope, and they can stand 
a little explaining. For example, sending bursts 
of 800- and 1800-cycle audio through a phasing-
type s.s.b. exciter results in patterns as shown 
in Fig. 1. Here the sweep has been synchronized 
with the pulse rate, so that the pulses "stand 
still." It will be found that the two-tone test 
pattern "walks through" these pulses, since the 
pulse rate is not usually an exact sub-multiple 

1 Lange, "A Pulsed Two-Tone Test Oscillator," else-
where in this chapter. 

of 1000 cycles (the difference between 800 and 
1800). The speed of the pattern's walk through 
the pulse can be controlled by changing the 
pulse rate and, while the pattern may stand still 
momentarily, it is not likely to be motionless for 
more than a few seconds. When testing a linear 
amplifier, it is the center of the pattern in the 
burst that is observed, as in the steady two-
tone test pattern. However, it is the beginning 
and ending of the bursts that we found interest-
ing. 
Note that the left-hand edge (start of pulse) 

of Fig. 1 shows a large, sharp spike, of ampli-
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tude almost double that of the normal pattern. 
As the 1000-cycle pattern walks through the 
pulse, this spike grows larger and smaller. A 
similar but smaller spike is generated when the 
pulse is turned off, and some tailing off or 
"ringing" can be observed. (If the pulse en-
velope were a perfect rectangle, the spikes 
would theoretically be of infinite amplitude. 
The audio phasing network in the exciter was 
protected by a low-pass filter that "softened" 
the pulse.) The spikes are the result of trying 
to transmit too many different frequency com-
ponents by s.s.b.; at the instant when all of the 
components are in phase, the instantaneous am-
plitude must equal their absolute sum. If such 
an r.f. signal were to be amplified in a subse-
quent linear amplitude (no clipping allowed), 
the presence of the spike would place a severe 
restriction on the amplification of the main 
body of the signal. There is little energy in the 
spike, but to clip it, to bring up the level of the 
main body, would be a distortion of the signal. 
Feeding the pulsed two-tone test signal to a 

filter-type s.s.b. generator gave the envelope of 
Fig. 2. Here the restricted bandwidth of the 
filter prevents the spike components from pass-
ing through, and as a consequence the start and 
finish of the pulse are different than they were 
when the phasing exciter was used. 
Readers with long memories may recall that 

the first article on pulse testing of linear ampli-
fiers2 showed sketches of envelope pictures, and 
the pulsed signals showed no spikes or distortion 
at the beginning and end of the pulses. There 
was a very good reason. In the earlier venture 
the two-tone test signal was obtained directly 

mug' giummm mum ,urnoentin 
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FIG. 1—Pulsed two-tone test pattern obtained with a 

phasing-type s.s.b. exciter. Note the large spike on 

the leading edge of the pulse and the lesser one on 

the trailing edge. 

from the output of a balanced modulator with 
a single audio tone applied. The resultant r.f. 
signal, a pulsed two-tone test signal as far as 
the amplifier was concerned, was a double-
sideband signal when it was generated. Double-
sideband signals, with or without carrier, can 
be pulsed in the audio circuits before the modu-
lation process, and there will be no spikes on 

= Goodman, "Linear Amplifiers and Power Ratings," 
QST, August, 1957. 

Single Sideband 

the resultant r.f. signal. This is easy to see in 
the case of an a.m. signal (d.s.b. with carrier), 
because the r.f. envelope of an a.m. signal is 
identical to the audio signal used for modula-
tion. 
( C.w. or Al transmission is a double-sideband 

modulation process. When the r.f. is turned on 
or off too fast, key circles are produced equally 
above and below the carrier frequency. An 
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FIG. 2—Pulsed two-tone test pattern obtained with a 
filter-type s.s.b. exciter. 

oscilloscope picture of such a signal never shows 
an instantaneous value greater than the key-
down value, except when the power-supply reg-
ulation is poor, and this has nothing to do with 
the subject under discussion.) 
In the case of the d.s.b. suppressed-carrier 

signal there is no obvious direct relationship be-
tween the envelope and the modulating signal, 
but the amplitude of the r.f. envelope is always 
proportional to the amplitude of the modulat-
ing signal. 
An s.s.b. signal insists on being different And 

this is why only a small amount of audio clip-
ping can be done in an s.s.b. rig before any 
advantage is lost. As clipping becomes appreci-
able and the audio acquires additional higher 
frequencies, one of two things must happen. In 
a phasing rig spikes will appear if the additional 
higher audio frequencies can generate an s.s.b. 
signal. (The case where they can't is where 
they are much too high for the audio phase-
shift network or where they are completely re-
jected by a protecting audio filter.) The spikes 
restrict the power output of a linear amplifier. 
In a filter rig the same thing happens if the 
bandwidth is great enough to pass the high-
frequency components. If the bandwidth is less 
(ours was 2.1 kc.) the filter rejects the high-
frequency components, the effect of clipping is 
lost, and one ends up back where he started. 
With narrow-band filters, advantageous clip-

ping can be accomplished at r.f. after the gen-
eration of the s.s.b. signal, but the signal must 
then be reprocessed by passing it through a 
second filter.3—W1DX. 

3 Squires and Clegg, "Speech Clipping for Single Side-
band," OST, July, 1964. 

M.g.r.-eme5! 
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» Is that loud signal splattering, distorted, using more spec-
trum space than it should? Superficially, perhaps yes; but 
before you jump to the wrong conclusion, learn how to elimi-
nate the misinformation your receiver will hand you if you 
aren't wary. 

Checking Signal Quality 
With the Receiver 

GEORGE GRAMMER, W1DF 

Any receiver that will bring in c.w. signals 
satisfactorily can be used for checking phone 
signals, either a.m, or s.s.b. The check is purely 
qualitative, but will go a long way toward the 
goal of keeping signals clean. 
You don't have to know much about your 

receiver's technical characteristics. It's largely 
a matter of knowing how to set the controls 
and knowing what to look for. The "how" is 
easy; the "what" takes some practice—critical 
observation and comparison of the various kinds 
of signals you run across on the air. While 
there isn't anything complicated about it, the 
technique differs from that used in ordinary 
reception. 
First, about the receiver's controls. Turn off 

the age. This is vital. Any variation in re-
ceiver gain while you're examining a signal 
makes it practically impossible to interpret 
what you hear. Set the audio gain well up and 
turn the r.f. gain down to the point where the 
average signal is of moderate strength. Turn 
on the b.f.o. 

Beware of Overloading 

Before doing any phone checking you have 
to find out something about the receiver's 
ability to handle signals. An easy way is to 
tune across a c.w. band. When you come to 
a strong signal, vary the r.f. gain control. If 
the audio output keeps coming up as you in-
crease the gain, the control is operating in the 
right region. If the output starts to level off 
at some point on the gain control, the receiver 
is beginning to overload. There is a change in 
the character of the beat note at that point; the 
tone begins to sound a bit thin or mushy. Also, 
signals and noise in the background will 
"bounce" in intensity with the keying of the 
signal. These effects will readily be recognized 
after you've heard them a few times. Pick qut 
the strongest signal and set the r.f. gain well 
below the point where overloading starts. You 
should still be able to get all the output you 
need by increasing the audio gain. 
Unless the controls arc set in this way the 

Based on "Looking at Phone Signals.- December, 
1962, QST, and "Checking Signal Quality With the 
Receiver," March, 1963, QST. 

receiver can't handle the stronger incoming 
signals without overloading. Overloading has 
to be avoided at all costs if your observations 
are to be useful. 

Adjusting the B.F.O. 

Next, set the receiver's selectivity to maxi-
mum and turn off the  Tune in a c.w. 
signal by adjusting the tuning control so the 
response to the background noise is maximum 
when the sender's key is down. An unmodu-
lated steady carrier can also be used, if such 
a signal happens to be available. 
When the gain controls are adjusted as de-

scribed, the background noise increases when 
a signal is present. This is opposite to what 
happens when the age. is used and the man-
ual r.f. gain is at maximum; in that case the 
background noise decreases when a signal is 
tuned in. 
Finally, turn on the b.f.o. and adjust it to 

give a beat tone of about 500 cycles on the 
signal so tuned in. Either side of zero beat can 
be used. 

Checking a Phone Signal 

At this point you're ready to take a look at 
a phone signal. The a.m. broadcast band is a 
good place to start, if your receiver happens 
to be one that covers it. Broadcast modulation 
is likely to be held under proper control, and 
your object is to find out what the sidebands 
of a properly modulated signal are like. 
First, tune in a local b.c. carrier, adjusting 

the tuning for the selected beat tone. The 
modulation will sound like a miscellaneous 
collection of beat tones. Next, tune off about 
a kilocycle to the side which makes the carrier 
beat tone rise in frequency. You'll now be 
well into one of the two sidebands, and if the 
receiver selectivity is high the carrier beat 

' —It may not always be easy to do this, since the 
b.f.o. and a.g.c. cannot be controlled independently in 
some recei%ers (although it is usually practical to pull 
out the b.f.o, tube temporarily).  Also, receivers with 
product detectors do not lend themselves to this method 
of setting the b.f.o. frequency since the detector does 
not (or should not) function when the b.f.o. is not 
operating.  In such cases the b.f.o, has to be set to 
give approximately the desired tone on background 
noise.  This is good enough if the selectivity is high. 
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either will be much weaker or will have prac-
tically disappeared.  Listen carefully to the 
beat tones that rise and fall with the modula-
tion. They will have a clean, smooth sound— 
a little hard to describe accurately but easily 
recognizable after a short listening session. 
These smooth-sounding beats are "legitimate" 
sidebands. 
If your receiver is an amateur-bands-only 

affair you can't get this preliminary practice 
on an a.m. broadcast station, but don't let this 
discourage you.  Any amateur phone signal, 
a.m. or s.s.b., can be used. Try to find one 
that isn't fading and is free of interference, so 
you can be sure you are hearing it alone. Tune 
through the sideband as described, listening 
particularly to the lower-level beat tones and 
ignoring the strong peaks. If there is over-
modulation or nonlinearity it is sure to be 
intermittent and associated only with voice 
peaks; in between, the lower-amplitude side-
bands will be clean. 

Bandwidth 

If the receiver tuning dial is calibrated 
closely enough it is possible to get a fairly 
accurate idea of the transmitted bandwidth 
by this beat method. Concentrate on those 
beats which have the same tone for which you 
set the b.f.o. at the start. Find the frequency 
setting, farthest from the carrier, at which you 
get that tone from a sideband component. 
Then the difference between that dial reading 
and the dial reading for the carrier is equal to 
half the signal bandwidth if this was an a.m. 
signal—half, rather than total, because you've 
looked at only one of the two sidebands. 
Estimating bandwidth by this method re-

quires the ability to concentrate on the right 
beat tone. Obviously, it is easier to recognize 
the beats when the receiver has high selectiv-
ity, because then the strongest beats will 
always be around the right tone regardless of 
the tuning-dial setting. 

Analyzing the Process 
If you aren't wholly familiar with receiver 

operation a diagram of this process may help. 

FIG. 1—A properly mod-

ulated a.m, signal may 

have,  instantaneously, 

side frequencies distrib-

uted something like the 

pattern in this drawing. 

The  frequency  pattern 

will vary from instant to 

instant with voice modu-

lation. 

Fig. 1 is typical of the frequency-vs.-amplitude 
distribution that might exist in a good a.m. 
phone signal at some instant. Each sideband 
consists. of a series of frequency components 
associated with a voice sound. These com-
ponents usually have harmonic relationship, to 
a close degree, for any given sound; in Fig. 1, 
all the side frequencies shown are produced by 
audio tones that are harmonies of 200 cycles. 
More important, however, is the fact that cads 
sideband consists of a group of distinct fre-
quencies.  It is not just a continuous mess. 
Each separate frequency gives a separate, and 
reasonably stable, beat tone with the receiver's 
b.f.o. 
If the receiver can handle a group of these 

frequencies without doing injustice to any of 
them—i.e., without overloading—the individual 
beat components will stand out just as any one 
of a similar group of closely spaced c.w, signals 
will retain its individuality.  Sideband com-
ponents of this sort are generated in a properly 
modulated transmitter, and sound "clean" with 
the receiver's b.f.o. on. 

By using as much selectivity as the receiver 
offers, the number of sideband components 
heard at any one time is narrowed down. In 
Fig. 2 a curve typical of "500-cycle" selectivity 
is shown superimposed on the lettered group 
of sideband components from Fig. 1. The 
response range shown is 60 db. If the receiver 
is tuned to the frequency of side component D, 
the response to that component will be as 
shown by the vertical line. This response is 
relative to the carrier-only response; the scale 
here differs from that of Fig. 1 because the 
former was plotted to an intensity (voltage or 
current) scale while Fig. 2 is in decibels. The 
sideband components labeled B, C, E and F 
would have the decibel response shown, as a 
result of the effect of the selectivity on their 
original amplitudes. Note that A and G are 
so far down (more than —60 db.) that they 
do not even show on the graph. This is also 
true of all components higher in frequency 
than G and lower in frequency than A, includ-
ing the carrier. 
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FIG. 2—With high selectivity, only those sideband 

frequency components to which the receiver is ac-

tually tuned will give appreciable response.  This 

drawing shows the relative response a selective re-

ceiver would give on the lettered components in 

Fig. 1. The scale at the top shows the beat tone 

each component would produce when the b.f.o. is 

offset 500 cycles from the peak of the selectivity 

curve. In this case only C, D and E would result in 

appreciable audio output. 

If the receiver's b.f.o. is offset from the 
selectivity curve by 500 cycles as shown (this 
was the object of the method of setting the 
b.f.o. frequency detailed earlier) each sideband 
component will give a beat tone as shown in 
the upper scale. The selectivity restricts these 
tones to a relatively narrow range centering 
around 500 cycles. This also will be true when 
the receiver is tuned to other parts of the 
signal.  When this point is appreciated the 
beat-tone method of - checking bandwidth be-
comes clear. 
Practically speaking, a sharply peaked selec-

tivity curve—such as the kind a Q multiplier 
or the old-type crystal filter give—is best for 
this type of checking. While your mind can be 
trained to exclude those tones which differ 
appreciably from the one for which you origi-
nally set the b.f.o., it is easier with a highly 
peaked selectivity curve because then only a 
frequency component right on the peak—that is, 
one that gives the selected beat tone—really 
stands out. 

Splatter 
Splatter frequencies arising from overmodu-

lation and nonlinearity tend to have a different 
character than legitimate sidebands. There is 
a harshness associated with them that again 
is hard to describe but not hard to recognize. 
Listen particularly with the tuning set toward 
the edge of the band you found to be occupied 
during normal transmission. 

, 4t_ 
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The harshness associated with splatter is the 
result of a different type of sideband-frequency 
distribution. The onset of splatter is usually 
abrupt, giving an effect something like key 
clicks. Also, the side frequencies it generates 
are often much more closely spaced than the 
sideband components of proper voice modula-
tion, so that distinct tones are less easily recog-
nizable. 

Checking Incoming Signals 

\\tali this background in checking modula-
tion you're in a position to take a look at 
amateur signals. However, before condemning 
any signal you hear as not being up to par, ask 
yourself two questions:  First, is there any 
possibility that the receiver is being overloaded, 
either by the signal in question or by one that 
may be far enough removed in frequency so 
that you aren't aware of its presence? That 
r.f. gain control setting is important. Second, 
if there are harsh "burps" indicating splatter 
from overmodulation or s.s.b. flattening, do 
they belong to the signal you're blaming? In 
a crowded band identification of bits and 
pieces of splatter is sometimes pretty difficult. 
In other words, make sure that the signal 

being checked is the one you're actually hear-
ing, and that no spurious receiver effects are 
being introduced. An overloaded receiver is 
worthless as a checking device. Most receivers 
have so much gain that even a weak signal 
can be amplified up to overload point unless 
care is used in holding down the amplification. 
The lower you can run your r.f.-i.f, gain, the 
better. And never use the age. when making 
signal checks. 
S.s.b. signals differ from a.m. only in the 

absence of the carrier and one sideband. 
Properly generated and amplified, the sideband 
components will have the same clean sound to 
them that properly modulated a.m, sidebands 
do. Overdriving a linear amplifier will result in 
"burps"—especially noticeable outside the de-
sired-sideband channel and particularly in the 
undesired-sideband region—just as a.m. over-
modulation does. 

Since there is supposed to be no carrier with 
s.s.b., the receiver's b.f.o. must be set up on 
a c.w. signal or unmodulated carrier as de-
scribed earlier. This is obviously not the same 
setting that would be optimum for s.s.b. recep-
tion; the b.f.o. frequency is offset by 500 cycles 
or so from the s.s.b. setting. \Vith this offset, 
you can easily determine whether any carrier is 
being transmitted; a continuous carrier will 
give a steady tone, usually weak compared 
with the sideband, but nevertheless present. 
You can also detect a carrier that rises with 
modulation. It is "keyed" along with the voice, 
sounding something like slow c.w. with a very 
soft make and break. Tins is caused by in-
complete carrier balance, which may be a 
dynamic effect—that is, the carrier may be 
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quite well balanced out when there is no 
modulation, but the modulator becomes un-
balanced when it is being driven by audio. 

With high selectivity it is possible to check 
the bandwidth of an s.s.b. signal by the beat 
method, and particularly to see whether there 
is appreciable output in the undesired sideband 
region. As shown by Fig. 2, the beat tone that 
your b.f.o. is adjusted for will predominate only 
when a sideband component is on the fre-
quency to which the receiver is set. If your 
mind is trained to exclude any other tones you 
may hear, you may be sure that you aren't 
being deceived by instrument errors.  The 
selectivity has to be high enough so that the 
audio image of the b.f.o. tone is negligible; 
in other words, you have to have true single-
signal c.w. reception. 

Transmitter Checking 

Of course, all this is only preliminary to the 
real object—checking your own transmitter. 
Practice on incoming signals of all types will 
give you the insight needed for analyzing your 
own signal.  Having found out how to spot 
defects in others, you're well prepared to find 
out what, if anything, is wrong with your own. 
The requirements for transmitter checking 

can be stated in simple terms: The transmit-
ter's signal must be reduced in strength to a 
level well within the receiver's normal signal-
handling capability.  But transmitter testing 
has meaning only when the transmitter can 
deliver its full output, while FCC regulations 
forbid the extensive one-way transmissions you 
have to make in finding out what, if anything, 
is wrong. So testing on the regular antenna is 
"out." The use of a dummy antenna is man-
datory. There are low-cost commercial dum-
mies available, including kits, for practically 
any legal amateur power level. 

Test Setup 

The complete test setup is shown in Fig. 3. 
An essential part of it is the "actuator"—the 
substitute for you in your regular capacity 
before the microphone. You can't talk and do 
a good job of listening to your signal at the 
same time.  Neither can you hope to enlist 
someone else's voice for an extended period. 
What is needed is an untiring source of audio 
comparable with what you put into the micro-
phone yourself. Also, if you want to use a 
speaker instead of headphones in your testing 
it must be a silent source. The ideal actuator 
is a tape recorder. If you have one, record 
your own voice and do your testing under 
conditions as close as possible to actual opera-
tion on the air. Recorders usually have pre-
amplifier or external speaker connections, or 
both, from which audio can be taken, and it 
requires no circuit diagram to feed one or the 
other of these outputs into the microphone jack 
on the transmitter. 

If the output voltage level from the recorder 
is higher than is desirable for going into the 
microphone preamplifier, cut down the gain in 
the recorder's amplifier so no stage ahead of the 
gain control in the transmitter's speech ampli-
fier will be overloaded. If hum becomes bother-
some when this is done, it can be overcome by 
using a simple external attenuator as shown in 
Fig. 4. Ri should be about 10 times R2, and the 
sum of the two si-ould equal whatever resist-
ance the preamplifier output of the recorder is 
intended to work into, if the preamplifier out-
put is used. As this resistance value is fairly 
high, shielded wire should be used for the 
connections, in order to avoid stray hum pick-
up. It may also be necessary to shield the 
resistors, which can easily be done by wrapping 
them with aluminum foil over a wrapping of 
paper for insulation, with the foil connected to 
the shields on the connecting wires. 

If the audio is taken from the speaker out-
put terminals, the total resistance may be of 
the same order as the voice coil impedance, 
usually around 8 ohms. The value isn't critical, 
and as long as a low resistance is used, shield-
ing shouldn't be necessary. Needless to say, 
the recorder's internal speaker should be shut 
off if you want to listen with a speaker on your 
receiver. 
If you don't have a recorder there are still 

other possibilities. A phonograph is one; there 
are many 100-per-cent voice recordings that 
are suitable for the purpose. Tite output of a 
phono pickup is not generally usable directly, 
since a crystal or ceramic pickup ordinarily has 
too much to simulate a microphone and a 
magnetic has too little. Here again you can 
take the output from a preamplifier, using an 
attenuator as in Fig. 3 if necessary. The same 
type of attenuator can be used directly on a 
crystal pickup, with resistances totaling some-
thing of the order of 1 to 5 megohms. Shield-
ing is a necessity with such high resistances. 
Still another source of continuous talk, or 

very nearly so, is the a.m, broadcast band. 
Audio can be taken from the speaker voice-coil 
terminals in a b.c. receiver, but use caution 
with small power-line radios. Make sure that 
neither voice-coil terminal is tied to a "hot" 
a.c.-d.c. chassis before you try this method. 
The output-voltage problem is the same as with 
the recorder, and should be handled in the 
same way. One speaker lead will have to be 
disconnected from the speaker itself if you 
want "silent" audio. A transistor set is handy 
because of its portability and because it will 
have no hum. Even an old-fashioned crystal 
receiver can be used. 
By one means or another, a suitable actuator 

can be rigged up at little or no cost. It would 
be hard to find a household without a radio, 
and few are without a phonograph. Even the 
tape recorder is fast becoming a household 
item. 
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ACTUATOR XMTR DUMMY 

The Receiver 

A normally-shielded transmitter working into 
a dummy antenna, even if the dummy is not 
shielded, should not radiate more signal than 
can be handled by the receiver. No doubt it 
will be necessary to disconnect the receiving 
antenna; after all, the "spray" from the trans-
mitter will still be rather strong within a few 
feet of the set. Here a great deal depends on 
the over-all shielding, both transmitter and 
receiver, so it is possible to talk only in general 
terms.  Reread what was said earlier about 
setting the receiver's controls. You should aim 
to get the signal pickup down to the point 
where you can use about the same gain settings 
on your own signal as you did on distant sig-
nals when the receiving antenna was connected. 
If the receiver, transmitter and dummy an-
tenna are really well shielded, it may be neces-
sary to use a few inches of wire as a receiving 
antenna in order to get the needed signal 
strength. If the signal is too strong, try run-
ning the antenna trimmer off tune, and if that 
doesn't do it, try pulling out the r.f. amplifier 
tube in the receiver—anything that will let you 
get a moderately-strong signal with the gain 
settings you found optimum for listening to 
incoming signals. 
One further point needs consideration in 

using the receiver for monitoring.  In s.s.b. 
testing the load that the transmitter puts on 
the power line varies with the modulation. 
This may cause the line voltage to fluctuate, 
possibly with adverse effects on the receiver's 
stability.  To settle this question, use the 
receiver normally—i.e., with the antenna con-
nected and an incoming signal tuned in. Pick 
a frequency sufficiently far from your trans-
mitting test frequency so there is no interfer-
ence from it.2 Let the transmitter operate into 
the dummy antenna and watch carefully for 
any shift in naturalness on s.s.b. while your 
transmitter is being modulated. If the receiver 
stands this test, you're ready to go.  If it 
doesn't, there is no simple alternative but to 
try to find an a.c. outlet for the receiver that 
won't show such large voltage changes. While 
instability of this sort won't have an apprecia-

If  the antenna to the receiver causes 
feedback troubles, the transmitter can temporarily be 
put on a different band, preferably higher in frequency, 
while the receiver is being checked in this way. 

ANTENNA OFF 

RECEIVER 

SPKR.OR 
PHONES 

FIG. 3 —Setup  for 

using the station re-

ceiver  for  transmit-

ter checking. 

ble effect on the bandwidth of the transmitter, 
as measured by the receiver, it can be mis-
leading when listening to sideband beat tones. 

Once you're sure you've eliminated any 
possibility of receiver overloading and instabil-
ity, examine your transmitter's signal carefully. 
Using the highest available selectivity, check 
the bandwidth as described earlier, and listen 
particularly for spurious "burps" outside the 
channel that the signal should occupy legiti-
mately. As you can readily vary the audio gain 
in the transmitter while listening, it is no prob-
lem at all to find the level at which spurious 
sidebands start to become noticeable. In turn, 
this level can be observed on the transmitter's 
meters. Their readings may surprise you in 
comparison with what you've been seeing in 
your ordinary operating. But after a test such 
as this they will take on some real significance, 
where before you had been working in the 
dark. 
To have the most meaning, the actuating 

signal should be your own voice, which is why 
a tape recorder makes such an excellent addi-
tion to the test gear. If you have to use other 
voices, try to avoid those having entirely differ-
ent pitch and timbre. If a radio is the "actua-
tor," scout around among the disk jockeys and 
compare the results. 

Testing in this way doesn't strain finances, 
but when done intelligently it will give you 
all the information you need about your signal. 
This, and the confidence that your transmis-
sions will stand critical examination, should be 
more than ample payment for the small trouble 
and the time off the air. 

Output 
fróm 
recorder 

Mput 
to mike 
Jack 

FIG. 4—Simple voltage divider for reducing audio 
voltage to a manageable level for the transmitter's 

speech amplifier. Ordinarily R, will have about ten 

times the resistance of R2. A variable control having 

the same over-all resistance can be substituted for 

the two resistors. 
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» Several solid-state product detectors are described, and com-
parisons of their performance are given in practical terms. Any 
one of the circuits can be used at the end of an i.f. strip for 
demodulating s.s.b. or c.w. signals. All of the detectors were 
tried as front ends for simple direct-conversion receivers. 

Solid-State Product 
Detectors 

DOUG DEMAW, WICER 

The product detector is regarded by some 
amateurs as a mysterious device which can be 
used in receivers of inferior performance to cure 
a host of ills inherent therein. Though a prod-
uct detector, per se, is not a panacea for most 
receiver ailments, it is an important part of any 
good s.s.b. receiver. The accepted definition of 
a product detector is that it is a linear demodu-
lator in which two signals are multiplied to-
gether to produce a resultant a.f. signal output. 
The two input signals are usually the if. output 
and the b.f.o. signals, which are closely related 
in frequency. (Actually, any b.f.o./diode-detec-
tor combination is a product detector, since its 
output is proportional to the product of the 
b.f.o. and signal voltages.) A properly-designed 
product detector should be capable of delivering 
an a.f. signal that is low in audio distortion and 
intermodulation (IM) products. 
It is believed by some that the measure of a 

product detector is its inability to deliver an 
output signal when the b.f.o. is turned off. 
Although some circuits do exhibit that charac-
teristic, it does not mark them as good product 
detectors. Conversely, if output still exists from 
the detector when the b.f.o. is disabled, this 
does not mean that the circuit is not a product 
detector while the b.f.o. is operating. 
The distortion developed in product detectors 

is the result of improper b.f.o. injection levels in 
most cases. Maximum distortion occurs when 
the b.f.o. and incoming signal levels are the 
same. The actual value of the b.f.o. injection 
voltage required depends upon the level of the 
i.f. signal at the detector input. Ordinarily the 
i.f. input level is between 0.05 and 0.5 peak 
volts. The magnitude of the b.f.o. signal should 
be at least 10 times that value to assure mini-
mum distortion. This means that between 0.5 
and 5 volts of b.f.o. injection is required. In 
some solid-state receivers proportionately lower 
i.f. and b.f.o. voltage levels are used, but the 
ratio between them should remain the same. 
Depending upon how well balanced a detec-

tor circuit is, there may be some b.f.o. energy 
in its output. All components other than the 
desired a.f. information should be minimized if 
good product-detector performance is desired. 

The b.f.o. injection level, as mentioned earlier, 
is set to assure minimum IM distortion. The 
better the circuit balance, the greater will be the 
b.f.o. carrier suppression. Ordinary r.f. bypass-
ing will reduce the b.f.o. voltage level at the 
detector output to an acceptable figure. If too 
much b.f.o. voltage appears at the detector out-
put, it can reach the i.f, stages of the receiver 
by being radiated from the circuit wiring. If 
the unwanted i.f, injection is severe enough, the 
i.f, stage affected may not have sufficient c.ynam-
ic range to keep it from overloading. Similar-
ly, excessive b.f.o. voltage may reach the grid, 
gate, or base of the first audio amplifier stage 
and cause overloading or desensitization of that 
part of the receiver. The b.f.o. of any receiver 
should be well isolated from the rest of the cir-
cuit, preferably by means of shielding, to lessen 
the chance of stray coupling into sections of the 
receiver other than the detector. 
The foregoing attributes, at least, are the 

criteria for good product-detector performance. 
They are set forth here to serve as guidelines 
when building home-made receivers which use 
product detectors. These rules were observed 
during the design of the product detectors 
described in this article. 

Some Practical Circuits 

Shown in Fig. 1 are four product detector 
circuits that were built and tested in the ARRL 
lab. At A, two 1N67A diodes are connected 
back-to-back in the W1DX adaptation of a 
vacuum-tube diode circuit designed by Don 
Norgaard, W6VMH., The main advantage of 
this circuit is its simplicity and its ability to 
handle high signal levels without overloading. 
By using the diodes back to back, the last if. 
transformer can have a high-impedance second-
ary winding because the high back resistance of 
CR, prevents the detector from loading the 
secondary of the transformer. If CR, were used 
by itself, it would be necessary to tap the diode 
down on the secondary of Ti to minimize load-
ing effects. This circuit has a fairly high noise 
level, hence requires good i.f, amplification 
ahead of it to override the noise. In a test cir-
cuit a 10-1.4v. signal (at the detector input) was 

From April, 1969, QST. OST, July 1948, p. 11. 
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FIG. 1—Examples of four solid-state product detectors. At A, the two 470-pf. capacitors and the 68,000-ohm 

resistor form a simple r.f. (or if.) filter. At 8, a 1-mh. r.f. choke and two 0.005-µf. capacitors comprise the 

filter. Filtering is provided by the 1-mh. chokes and their associated bypass capacitors in the drain leads of 

the circuits at C and D. Source-resistor bypassing for audio is used at C and D to boost the a.f. output from 

the detectors. R., at D, should be determined experimentally for best conversion gain and IM characteristics. 

A value of 1200 ohms worked well in the circuit shown. The circuits at C and D can be operated from a 9- or 

12-volt supply by eliminating the 10,000-ohm drain-load resistors and replacing them with small audio chokes 

whose d.c. resistance does not exceed approximately 1500 ohms. 

required to produce an audible c.w. note while 
feeding the detector output into a typical re-
ceiver-type audio channel. 
A diode ring demodulator is shown at B, Fig. 

1. This circuit is similar to the one described 
by Hayward and Bingham in November 1968 
QST. Trifilar-wound toroidal transformers are 
used at the input and output sides of the de-
tector to permit proper impedance matching and 
good circuit balance. B.f.o. carrier suppression 
is good with this type of detector, and the noise 
figure is somewhat better than that of the cir-
cuit at A. Four 1N67A matched diodes were 
used in this model, but the hot-carrier diodes 
used by Hayward might provide superior per-
formance. An RCA CA3019 diode-array IC 
should he ideal in this type of circuit, offering 
near-perfect diode matching by virtue of the 
diodes being on a common silicon chip. With 
this product detector a 1-ív. signal produced 
an audible c.w. note (the same audio amplifier 
was used with all of the circuits shown in Figs. 
1 and 2). 
In the circuit of Fig. 1C, a dual-gate 

MOSFET is shown as a product detector. The 
3N141 is an N-channel silicon, depletion-type, 
dual insulated-gate FET. It has two channels, 
each with an independent control gate. Designed 

specifically for mixer applications, the 3N141 
has a wide dynamic range which permits it to 
handle high signal levels. The signal applied to 
Gate 2 modulates the input-gate ( Gate 1) trans-
fer characteristic. This method is said to be 
superior to the more conventional square-law 
mixing method because the latter can be ac-
complished only in the nonlinear region of the 
mixer's transfer characteristic. Since mixers and 
product detectors operate in the same manner, 
the 3N141 was selected for these tests. Signal 
isolation between the two gates is good, helping 
to confine the b.f.o. signal to the desired part of 
the circuit. With this detector a 0,5-v. signal 
produced a perfectly audible c.w. note at the 
output of the audio amplifier. The noise figure 
was extremely low and the conversion gain was 
good. 
Two MPF105 JFETs are used in the product-

detector circuit at D, Fig. 1. In this source-
follower circuit the gates of the two transistors 
permit high-impedance input for both the b.f.o, 
and i.f. signals, while at the same time offering 
good isolation between the two signals. Con-
nected as shown, this circuit offers some balance 
through phase cancellation of signal and b.f.o. 
currents flowing in the common-drain and 
common-source portions of the circuit. A 1-µv. 
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signal was sufficient to produce an audible c.w. 
note when the output from this detector was 
passed through the test amplifier. The noise 
figure was low, but so was the conversion gain. 

Integrated-Circuit Detectors 

While investigating product-detector perfor-
mance it seemed like a good idea to try some 
differential-amplifier ICs in circuits similar to 
those of Fig. 1. As indicated in Fig. 2, two 
types were tested. A Motorola MC1550G if. 
amplifier was used in the circuit at A. Its per-
formance proved to be excellent. The outstand-
ing feature was the conversion gain of the de-
tector—far greater than any of the circuits of 
Fig. 1. This means that the audio amplifier 
which follows this detector need not have as 
much gain as that required for the circuits of 
Fig. 1, or that the i.f, gain ahead of the detector 
can be somewhat lower than in conventional 
circuits. This feature should be appealing to 
those wishing to design simple, low-drain super-
heterodyne receivers. This detector has good 
carrier isolation. A 0.1-icv. input signal pro-
duced an audible c.w. note at the output of the 
amplifier. The b.f.o. injection level was 1 volt, 
peak. Very little difference in overall perfor-
mance was noted while varying the supply volt-
age from 5 to 12 volts. 
An RCA CA3028A differential-amplifier was 

tried in the circuit of Fig. 2B. This IC is de-
signed for use in i.f, amplifier and mixer circuits. 
It is quite similar to the MC1550G, but is 
approximately three dollars lower in cost. Con-
nected as shown, its performance was almost 
identical to that of the circuit at A. A 0.2-µv, 

FIG. 2—Circuits for two inte-

grated-circuit product detectors. 

Though the MC1550G has provi-

sion for external biasing it was 

found that that part of the cir-

cuit could be grounded to the 

chassis with no apparent varia-

.ion in performance.  L, is a 

small a.f. choke. The circuit at 

B is quite similar to that shown 

at A, but uses a CA3028A IC. It 

does use external bias (4700 
and 5600 ohm resistors). The 

bias-divider values were chosen 

for best overall detector per-

formance and do not fallow the 

ratio recommended by RCA for 
mixer service. Both of these cir-

cuits perform well over a supply-

voltage range of 5 to 13 volts 

with no circuit changes required. 

The higher supply voltage, how-

ever, permits higher signal levels 

before overloading takes place. 

signal provided an audible c.w. note. The con-
version gain is quite high with this circuit, 
offering the same possibilities for use in simple 
receivers as the circuit at A. 
With any of the circuits described in Figs. 1 

and 2 the preceding i.f, amplifier chain should 
have some type of gain control, manual or 
automatic, to prevent the input signal to the 
detector from becoming high enough to cause 
overloading. If these circuits are to be used 
with existing receivers it may be necessary to 
lower the gain of the first if. stage through 
modification of the cathode biasing circuit, thus 
assuring that overloading will not take place at 
high incoming signal levels. 
The b.f.o. used while testing these circuits 

was similar to the JFET oscillator shown in Fig. 
3. Depending upon the size of the injection 
coupling capacitor, between 0.5 and 5 volts can 
be obtained for b.f.o. input to the detector. A 
value of 15 pf. provided the 1-volt level (r.m.s.) 
used in these tests. 

Direct-Conversion Receiver Tests 

After going the complete route on product-
detector testing, or at least so it seemed, the 
thought occurred that it would be interesting 
to try each of the circuits in a direct-conversion 
receiver lashup similar to that of Hayward and 
Bingham. Each was tried, and the best overall 
performance was obtained from the circuit 
shown in Fig. 3. The 75-meter band was select-
ed for an operating frequency because of its 
closer proximity to the a.m. broadcast band than 
any of the other h.f. bands; this permitted the 
receiver to be tested for cross-modulation from 
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ANT. 

the b.c. band. This is a real problem when 
checking receivers at ARRL Hq., because sever-
al broadcast-station towers are nearby. The 
ARRL test antenna—a center-fed dipole—has 
several volts of b.c.-band r.f. on it at all times, 
a condition which is difficult to deal with. 
The receiver uses a double-tuned toroidal 

input circuit for obtaining good front-end selec-
tivity. A three-section variable capacitor tunes 
both input inductors at the same time that it 
tunes the b.f.o. The three tuned circuits track 
over a range of 3.7 to 4 MHz. (The low-C 
tanks were employed only to permit the use of 
the small 3-gang Miller variable capacitor. 
Higher values of C would aid the selectivity by 
increasing the Q of the three coils.) The b.f.o. 
drain-supply voltage is regulated by a 6.2-volt 
Zener diode. Output from the CA3028A IC de-
tector is coupled to a 2-kHz, audio filter by 
means of a small interstage transformer T1, 

3.7 - 4.0 MHz. 
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3.7-4.0 MX 
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I.C. 

15 V. 

/77 

which provides an impedance match between 
the detector and the audio filter. The a.f. gain 
control, R1, terminates the filter in its character-
istic impedance. Output from the audio filter 
is amplified to headphone level by a 2N3391A 
low-noise hi-fi preamplifier transistor. Far more 
audio gain is available than is needed for 200-
ohm phones. 
The entire curcuit draws only 30 ma. from a 

12-volt supply. Its performance is astonishingly 
similar to that of many low- and medium-priced 
communications receivers with respect to sensi-
tivity and output-signal quality. The same is 
true of cross-modulation and overloading char-
acteristics. Of course, single-signal c.w. recep-
tion is not possible nor is there any a.g.c. provi-
sion. During nighttime tests with only a 2-foot-
long clip lead for an antenna, the band was a 
mass of signals. Reception of c.w. and s.s.b. 
signals was excellent. 
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FIG. 3—Schemotic of the simple direct-conversion 75-meter receiver. Fixed-value capacitors (except those in the 

audio filter) are disk ceramic. S.M. = silver mica. Capacitors with polarity marked are electrolytic. The 

0.22-p.f. capacitors in the a.f. filter are low-voltage mylar. Fixed-value resistors are 1/2 -watt camposition unless 

noted differently. The variable capacitors shown in parallel with the three sections of C, are trimmers, and are 

part of C1. 

C1—Three-section 20-pf. per section variable (J. W. 

Miller 777-VC). 

CRi—Zener diode, 6.2 volts, 1 watt (Motorola HEP-

103 or similar). 

11—Antenna connector, 50-239 type. 

12—Two-circuit phone jack. 

13—Two-terminal power connector (male). 

11-5-turns No. 23 enarn. wire space wound 

over L2. 
L2-75 turns No. 21 enam. wire bank-wound evenly 

over Amidon T-68-2 toroid core (60-inch length 

of wire). (Amidon Associates, 12033 Otsego, 

N. Hollywood, Ca. 91607.) 

1.3, 16—Same as L2. 

14, 15-88-mh, telephone toroid coil (see QST Ham 

Ads). 
17-18 turns No. 24 enarn. space-wound evenly over 

L, (observe correct polarity). 

R1-1000-ohm, audio-taper carbon control. 

1.1—Transistor interstage transformer, 10,000-ohm pri-

mary to 1000-ohm secondary (Argonne AR-109; 

use 1/2  of secondary winding). 

12VD.C. 
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» A QST article has revived an interest in the direct-conversion 
technique for reception of radio signals. Simplicity with quite 
good performance are the advantages. This article describes an 
experimental receiver using a novel approach to the use of 
direct conversion for true single-sideband reception. 

A Direct-Conversion 
SSB Receiver 

RICHARD S. TAYLOR, WIDAX 

An article in November 1968 QST1 inspired 
this effort. It is an idea that I rejected some 
months ago while working with broadband 
FET mixers because of the high audio gain re-
quired. It turns out that the audio gain is not 
really a problem at all, and that a really effec-
tive, yet simple, s.s.b, receiver can be built using 
direct conversion. Transceive operation seems 
simple, too. 

Receiver Operation 

Basically, the receiver consists of a pair of 
bala-nced mixers operating at the received sig-
nal frequency, and a high-gain audio amplifier 
(Fig. 1). Local-oscillator signals 90 degrees out 
of phase are applied to the balanced mixers. 
With the proper choice of audio phase (plus or 
minus 90 degrees in one leg), one incoming 
sideband can be rejected and the other en-
hanced.2 A quadrature hybrid network provides 
the r.f, phase shift, and a Barker arid Williamson 
2Q4 phase-shift network is used in the audio 
combiner section.3 
Sideband selection is accomplished by revers-

ing the phase of one of the audio channels with 
respect to the other, as in a phasing transmitter. 
In fact, the receiver operates as a sort of a 
phasing transmitter in reverse. 
All selectivity is obtained in the audio chan-

nel, so a sharp cut-off audio filter is called for. 
Assuming the audio response shown in Figure 

2A occurs, the r.f, responses of Figs. 2B and 
2C result. Since channel balance is not perfect, 
a spurious response at the unwanted sideband is 
always obtained, but is far below the desired 
signal level. A simple analysis based on true 

From September, 1969, QST. 
1 Hayward and  Bingham, "Direct Conversion  — a 

Neglected Technique," PST, November, 1968, p. 15. 
2 Norgaard,  "Practical  Single-Sideband  Reception," 

QST, July 1948, p. H. Also Single Sideband for ¡he 
Radio Amateur, ARAL, p. 177 in 4th edition. 

The 2Q4  phase shift  network is available  from 
Barker and Williamson, Canal St. and Beaver Dam 
Rd., Bristol, Pa. 19007 

Experimental version of the direct-conversion s.s.b. re-

ceiver. Although the article is not intended to pre-

sent step-by-step construction data, sufficient informa-

tion is provided so that an experimentally-minded 

builder can use the principles described by the author. 

product detection in the mixers and input signal 
of the form cos ( wo  t  cos (wo — àw) t 
will effectively show this sideband suppression 
proper ty.'t 

Circuits 

A receiver of this type was built for the 
14-MHz. amateur band, Fig. 4 shows the block 
diagram of this receiver. Broadband balanced 
mixers of standard design were used in the 
front end. Hot-carrier diodes were used to mini-
mize front-end noise.  (See the earlier QST 
article., ) 
Signals are fed to the two mixers from the 

input tuner shown in Fig. 3. This tuner per-
forms the dual function of providing front-end 
selectivity and dividing input power between the 
I and Q (In-phase and Quadrature) channels. 
A Hewlett-Packard Model 606A r.f. signal 

generator was used for the local oscillator. Any 
generator capable of delivering about 0.5 volt 
r.m.s. to 50 ohms and covering 20 meters would 
do as well. 
A lumped-constant 3-db. hybrid network for 

14.25 MHz. provides the 90-degree r.f. phase 
shift (Fig. 5). This network holds a 90-degree 
phase shift (within the available limits of mea-
surement) from 13.8 to 14.6 MHz. Variation in 
relative amplitudes between the two outputs 
over this frequency range is less than 0.8 db. 

Single Sideband Principles and Circuits, Pappenfus, 
Bruene and Schoenike, McGraw-Hill, pub., 1964, p. 33. 

1 Ibid. 

»AI 
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FIG. 1—Block diagram of a basic direct-conversion s.s.b. receiver. 
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at C for lower sideband reception. 
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5111  220 0.  FIG. 6—Low-noise audio treamplifier. The I and Q 

channels are identical.  Resistances are ohms, K 
/7 7  1000. Capacitors with polarity indicated are electro-

FIG. 5-14.25-MHz quadrature hybrid network. This  lyric. 
hybrid holds a 90-degree phase shift from 13.8 to  T1—Audio transformer; primary 22,000 ohms, second-

14.6 MHz.  ary 600 ohms. See text. 
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FIG. 7—Audio phasing network. See information referenced in footnote 2 for the setup procedure of a similar 

network. Resistances are ohms, K = 1000. Capacitors with polarity indicated are electrolytic. 

Ti, T.2, Ta—Audio transformers; primary 22,000 ohms, secondary 600 ohms. See text. 

Such performance is adequate for a non-critical 
application. More stringent requirements would 
force one to use broadcasting techniques, dis-
cussed later. 
Mixer outputs are fed to low-noise audio 

preamplifiers (Fig. 6). The MPS6521 transistor 
used in the preamplifiers is a plastic low-noise 
audio device selling for about $1. With a 600.. 
ohm source, a noise figure of about 2 db. exists 
at its chosen operating point. Forty db. of gain 
is obtained from this circuit at one kilohertz. 
An RC low-pass network provides initial r.f. 
filtering, and transformer coupling is used to 
match the audio phase-shift network impedance. 
All of the audio transformers used in the re-
ceiver are of the surplus variety often featured 
in tube-type sideband rigs. Any audio trans-
former of the correct turns ratio would do as 
well. 
The preamplifier outputs drive the phasing 

network in Fig. 7. This network is similar to 
one described by K2OHF in his discussion of a 
phasing s.s.b. adapter» The B&W 2Q4 was de-
signed to drive a grid load, which an FET ap-
proximates nicely. The 2N3823 FET is rather 
expensive but can be replaced by its plastic 
equivalent, the 2N3819, in this application. 
Some device shielding may be necessary with 
the 2N3819, however. 
The push-pull amplifier configuration allows 

I and Q channel summation to be made in the 
output transformer. 
Sufficient gain is provided in the preamplifiers 

to prevent noise-figure degradation due to loss 
in the audio phasing network (the network 
attenuation is considerable—on the order of 30 
db.). 
A 500-ohm pi-network audio filter follows the 

mixing amplifier. An upper cut-off frequency of 
2.7 kHz, is used and an ultimate roll-off of 16 
db. per octave is achieved. 
The two-stage audio amplifier following the 

filter provides more than adequate headphone 

Buhrer, "An S.S.B. Product-Detector Adapter," QST, 
August, 1961, p. 22. 

volume with high-impedance phones (Fig. 8). 
The overall midband gain of the audio system 
is 100 db. The audio response is shown in Fig. 
9. This response determines the receiver's selec-
tivity. Low-end roll-off is due primarily to the 
transformer transfer characteristics. 

Setup Adjustments 

The receiver setup is similar to that required 
for a phasing s.s.b. exciter. The audio and r.f. 
phase shifts must be set to 90 degrees and the 
audio balance adjusted for minimum unwanted 
sideband. K2OHF gives a good description of 
his setup procedure—and much of his technique 
is applicable here. 
After those adjustments are made, listen care-

fully to a c.w. signal as it is tuned through zero 
beat. The tone on one side of the carrier will 
be louder than the other. Retune to the weaker 
tone and adjust the receiver tuning for a note 
of about 1 kHz. Adjust the setup controls 
alternately to null this tone out. Retune to the 
other side of zero beat to verify enhancement of 
the other sideband. 
As w9th any phasing rig, some iteration in 

adjustment must be expected and it is possible 
to null the wrong sideband and get less than 
optimum performance. Some patience is called 
for in making these adjustments. If a good null 
cannot be obtained, retune to the other sideband 
and start over again. 

Performance 

The receiver performs very well considering 
its simplicity. There is a feeling of "transpar-
ency" or "presence," as if the listener were 
hearing the signals directly rather than through 
a receiver. This is a result of the excellent 
linearity and low distortion inherent in the de-
sign. 

SENSITIVITY 

A signal of 0.2 gv. r.m.s. at 14,2 MHz. is just 
audible in the headphones at the maximum gain 
setting. This condition is equivalent to a signal-
to-noise ratio of about unity. 
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SELECTIVITY 

Selectivity is more than adequate, even if a 
less-than-optimum audio filter is used.  No 
problems were experienced in reading adjacent 
weak and strong s.s.b. signals on 20 meters. 
The nature of the s.s.b. signal helps here, of 
course, because it is generally limited to a 3-
kHz. bandsvidth. The adjacent strong signal 
appears as audio components between 3 and 6 
kHz. on which the mind can do some filtering. 
On c.v., a narrower or more peaked band-

pass would be helpful. Even without it, how-
ever, copy was generally good—particularly 
where the interfering station could be put on 
the suppressed side of the input spectrum. 

SIDEBA ND SUPPRESSION 

Unwanted sideband suppression is greater 
FIG. 8—Output audio amplifier. Resistances are ohms,  than 34 db on the 14.0 to 14.5-MHz. frequency 

range. K = 1000. All capacitors are electrolytic. 
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acteristics of the audio transformers used. 
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FIG. 10 —Broadband quadrature local oscillator. 

CROSS M ODULATIO N 

A 10-m.v. signal was placed in the passband. 
An adjustable amplitude signal was placed 10 
kHz, above it (same sideband). No cross mod-
ulation was noted until the interfering signal 
was at 0.2-volt r.m.s. amplitude. 

Broadbanding 

It is only the quadrature hybrid network that 
limits the receiver bandwidth or effective fre-
quency range of the receiver. The local oscil-
lator can be broadbanded using the scheme 
shown in Fig. 10. Two mixers are used in a 
fashion analogous to the front end of the re-
ceiver. A fixed-frequency oscillator drives two 
mixers. A 90-degree phase shift is provided in 
the feed to one mixer. The difference products 
(coo — Aco) are 90 degrees out of phase at the 
outputs and are the desired local-oscillator 
signals. A low-pass filter eliminates the sum 
component. 
By using balanced mixers and broadband 

transformers, it would seem possible to build 
a local-oscillator system suitable for the entire 
high-frequency range (3-30 MHz.) without 
switching more than the v.f.o. 
There are also available now a number of 

commercial broadband quadrature hybrids cov-
ering octave bandwidths. Any of these would 
broadband the receiver without the need for 
additional mixing. 

Transceive Operation 

An s.s.b. output at the signal frequency can 
be provided by reversing the direction of the 
audio flow and applying phased audio at the 
output terminals of the mixers. No r.f. switching 
is required. 
Linear amplification is required after this 

point, of course, as no more than 10 mw. of 
r.f. would be available at the mixed output. 
Direct conversion is definitely a promising 

technique. It would be interesting to hear the 
experiences of others doing similar work. 
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» As communications receivers go, this one is reasonably simple 
and straightforward. It combines some of the best features of 
previous designs, including a high-frequency crystal filter for 
s.s.b. selectivity, an audio filter for c.w. selectivity, a beam-
deflection mixer, dual detectors, audio-derived a.g.c., and a 
ternperature-compensated v.f.o. 

The W 50 MX Co m munications 
Receiver 

COL. DAVE CURTIS, W50MX 

••-•• - 

The W50MX receiver. Main tuning dial (J. W. Miller, MD-7) has both 61 and 36:1 tuning ratios. A 6:1 plane. 

tary drive assembly (Arrow Electronics, Type 4511) is used on the preselector tuning capacitor. The pointer is 

homemade. (Photos by A/3C Michael M. Steinbacher) 

Long-time QST readers will recall W1DX's 
excellent article on receiver design in the Janu-
ary, 1957 issue.I At the time it appeared, the 
article was studied with great interest. Particu-
larly, the point that selectivity belongs as close 
to the antenna as possible seemed to make a 
great deal of sense. With the appearance of 
high-frequency filters at reasonable prices, the 
author initiated the design of a receiver to 
utilize this principle. For various reasons, how-
ever, this receiver never got beyond the block-
diagram stage.  A more recent article by 
W1DX,2 which was illustrated with an opera-
tional piece of hardware, provided the final 
push. Serious design and construction followed, 
and the "W50MX" receiver, described here, is 
the result. It is a spectacular performer. 
Unfortunately, the author's shack is not 

equipped with test gear adequate to permit 
performance measurement. Consequently, re-
sort had to be made to subjective comparison, 
and the opinions of fellow hams. These judg-
ments suggest that the double-conversion re-

From January, 1968, QST. 
Goodman, "What's Wrong with Our Present Re-

ceivers?" QST, January, 1957. 
2 Goodman, "Some Thoughts on Home Receiver De-

sign," QST, May, 1965. 

ceiver, utilizing a low-frequency second i.f. to 
obtain selectivity, may be on the way out. 
The author's second receiver—a 16-tube double-
conversion job of sound design—simply cannot 
compete. In side-by-side tests, using a com-
mon antenna, the contrast is remarkable. The 
new receiver's performance is characterized by 
a clarity in signal quality, the result of a 
markedly lower overall noise level.  Signals 
masked to unintelligibility by noise in the older 
receiver become readable copy. In conditions 
of reasonably low atmospheric noise, signals 
appear to pop out of surrounding quiet. 

Performance 

In more useful specifics, here is how the 
receiver stacks up: 
Sensitivity: Very FB. Digs right down to 

the noise level on all bands, 80 through 10 
meters. The receiver has made possible R5 
copy of both ends of a W6/W2 QSO on 40, 
and of a KL/W4 QSO on 20, using only a 
finger touching the input connector as an an-
tenna! 
Stability: Truly marvelous.  From a cold 

(room-temperature)  start, drift is inconse-
quential after a 15-minute warm-up. Further, 
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the switching arrangement permits leaving the 
filaments on continuously. When this is done, 
and heat soaking has occurred, there is no ap-
parent drift after the mode switch is turned 
to the appropriate "on" position. If there is 
any drift, it is the other guy! 
Selectivity: About right for s.s.b. Gives good 

single-signal selectivity on c.w. 
Mechanical: Can take sharp raps with no 

noticeable frequency shift. 
Birdies: A few. There are one or two of 

consequence on each band segment, except on 
15 meters where there are six (by actual 
count). These tune sharply, and seldom bother 
reception. Nevertheless, this is a basic design 
deficiency which, perhaps, could be overcome 
by someone who is mathematically inclined 
and who can select conversion frequencies 
more intelligently. 
Age.: The circuit suggested by W1DX2 is 

the best we have seen. S.s.b. signals ranging 
from S2 or 3 to 10 over 9 come out of the 
speaker at quite reasonably similar levels. This 
is one age. that will be used most of the 
time. 

Circuit Outline 

Interested? Let's have a look at the sche-
matic of Fig. 1. As far as the signal is con-
cerned, this is a single-conversion receiver. 
The incoming signal is amplified in the single 
r.f. stage using the pentode section of a 6AZ8. 
It is then converted to an if, of 9 Mc. in a 
7360 mixer. A band 2.8 kc. wide is sliced 
out by a steep-skirted crystal filter, FL,. The 
signal is then amplified through three i.f. stages 
using 6BA6s, and finally detected by an in-
finite-impedance detector, Vsn , if a.m., or by 
a 6BY6 product detector, if s.s.b. or c.w. The 
otherwise conventional audio system includes 
a selective filter for c.w. work. The a.g.c. sys-
tem is audio-derived. 
The main tuning element is the v.f.o., cov-

ering 5 to 5.5 Mc. Bands are changed by 
altering the frequency of local injection to the 
signal mixer. This is accomplished by hetero-
dyning signals from the v.f.o. and from the 
crystal oscillator V2, to produce the required 

V.f.o. assembly with side-top cover re-
moved. The 6AU6 socket and associated 

components are at upper right with the 

band-set capacitor C, at lower right. The 

coil is glued securely to a ceramic standoff 
insulator. The differential capacitor, Cs, 

with temperature-compensating capacitors 

and C7, attached, is at upper left. Note 

that all major components and tie points 

are fastened securely to the same side of 

the enclosure for maximum mechanical in-

tegrity. When mounted on the chassis the 
right-hand end of the box in this view is at 

the top, the left-hand end is bolted to the 

chassis. 

injection frequency in the output of the hetero-
dyne mixer, V2„. A 3.5-Mc. crystal oscillator, 
using the triode section of the 6AZ8, provides 
markers for the low-frequency edges of the 
bands covered. 

The V.F.O. 

The v.f.o. is a 6AU6 in a very high-C Col-
pitts configuration.  A differential capacitor, 
Cs, in combinatioi with NPO and N750 fixed 
capacitors, permits simple and accurate ad-
justment of temperature compensation. With 
reasonable attention to mechanical design, and 
careful adjustment, stability is impressive in-
deed. This circuit was used in an earlier proj-
ect,3 and was found to provide stability com-
parable to that of the BC-221 frequency meter. 
No small part of the stability is due to the 
use of the rugged low-torque Miller tuning 
capacitor. 

R.F. Stage and Crystal Calibrator 

Air-wound coils are used in the preselector. 
The gain in this stage appears to be approxi-
mately 12 to 15 db. on 80 and 40, dropping 
off to about 6 to 8 db. on 15 and 10. It does 
a good job of rejecting if, images (none have 
been found). With some antennas, the gain 
of this stage may have to be reduced slightly 
to prevent oscillation on the 80-meter band; 
on other bands the amplifier is perfectly stable 
at full gain.  Input and output circuits are 
gang-tuned.  Ceramic trimmer Ci (one for 
each input coil) is used to adjust tracking. 
The triode section of the 6AZ8A, Vin , is 

used in the crystal calibrator. The frequency 
can be "zeroed in" against a calibrating source 
by means of Ci. Notice that the 15-meter 
band and all ranges of the 10-meter band are 
covered with a single set of preselector coils. 

Signal Mixer 

The 7360 performs the mixing function effec-
tively, and contributes inconsequential noise. 
It does not appear to overload on even the 
very strongest signals. The mixer gain con-

3 Curtis,  "The W4J WV Single-Sideband  Exciter," 
QST, January, 1963. 
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trol, R2, is used to prevent oscillation on 80 
meters, and to adjust the overall gain on the 
other bands.  By adjusting the gain at this 
point, the high-gain i.f, strip may be operated 
at full amplification at all times for optimum 
age. action. 

I.F. Amplifier 

Since selectivity is provided ahead of the 
if, strip, these stages are designed purely for 
amplification. The 24-pf. capacitors across the 
hot ends of the i.f, transformers increase the 
overall gain spectacularly. A 0.2-jolt signal 
at 9 Mc, injected into this strip ahead of the 
crystal filter comes out at a whopping 20 to 
25 volts. This accounts in a large measure 
for the rather impressive overall sensitivity of 
the receiver. The i.f, gain control, R,, is used 
only during initial adjustment and testing; 
therefore it is not mounted on the panel, but 
on the rear apron of the chassis. 

Detectors 

The 6BY6 product detector, developed by 
W6TC for his very efficient IIBR receivers," 
works well at 9 Mc. This circuit has the very 
desirable feature of accepting a wide range 
of signal levels with little or no apparent dis-
tortion in the audio product. The infinite-
impedance detector provides these same ad-
vantages in a.m, reception, without overload-
ing the last i.f. transformer as would a diode. 

B.F.O. 

The b.f.o, uses the two triode sections of a 
12AT7 as separate crystal oscillators.  The 

, "Hints & Kinks," QST, June, 1962. 

B.f.o. assembly with tube, cover and crystals removed. 

The sockets for the crystals and the 12AT7 are mount-

ed on small aluminum brackets, the small components 

underneath being wired prior to final assembly. The 

crystals are plugged in internally and require no 

clearance hales in the cover. Crystals trimmers C12 
and C1, are fastened to the bottom of the Minibox 

enclosure, at the center. The shielded leads and out-
put coax cable leave the enclosure through tightly-

fitting holes to minimize r.f, leakage. 

crystals at 9001.5 and 8998.5 kc. (supplied by 
McCoy with the filter), permit selection of 
lower and upper sidebands, respectively, by 
keying the appropriate 12AT7 cathode. These 
crystals are adjusted to proper frequency by 
trimmers C„ and C„. 

Audio Section 

Three stages of audio provide generous out-
put to high-impedance phones or a speaker. 
You can hear signals on this receiver over the 
QRN of all but the noisiest "harmonics"! In 
the c.w, mode, a high-Q audio filter, com-
posed of toroid L, and its related capacitor, 
permits peaking the beat note at approximate-
ly 1000 cycles. Substitution of a different value 
of capacitance will move the resonant fre-
quency to your choice of pitch. Selectivity may 
be varied by adjustment of 

A.G.C. 

The age. circuit amplifies and full-wave 
rectifies audio from either detector, and con-
trols the r.f. amplifier and all three if. stages. 
It is remarkably effective, and makes the multi-
party s.s.b. ragchew a real pleasure. (Those 
who enjoy fiddling with knobs probably won't 
like it!) The fast-attack/slow-decay character-
istics which result from the component values 
suggested by W1DX have proven to be very 
close to the ideal. 
The  S-meter  and  power-supply  circuits 

should be familiar to most readers. S-meter ad-
justments are made at the rear of the chassis. 
Silicon rectifiers are used in the power supply, 
and a voltage-regulated tap supplies the v.f.o. 
and heterodyne oscillator. 

Muting 

You will note that no provision for muting 
is indicated in the circuit schematic. Three 
possible arrangements are suggested.  Your 
choice should be based upon how you intend 
to connect the receiver into the overall station 
setup. If you intend to monitor your trans-
missions on the receiver, and use an antenna 
relay that grounds the receiver input on trans-
mit, break the plus B or cathode connection of 
VIA , and insert the muting switch and remote 
connections at this point. If you have side-
tone monitoring, you can cut off the receiver 
entirely by breaking the plus B or cathode 
connection of the 7360 mixer, and inserting the 
muting connections at that point. Finally, and 
perhaps the best of all, although additional 
components will be required, use the muting 
arrangement suggested by W1DX.2 

Construction 

Viewed in its entirety, the construction of 
a receiver of this complexity may appear to 
be an overwhelming task. Certainly, it would 
be a very ambitious first project. However, 
for anyone with sufficient experience and skill 
to do the minor fabrication and locate sensibly 
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Bottom view showing band switch and coil compartments. The pair of close-spaced wafers at the top switch 

the heterodyne-oscillator coils and crystals. The single wafer below switches the heterodyne-mixer coils. The 

signal-mixer coils are in the next compartment, switched by the pair of widely-spaced wafers. R.f.-stage coils 

are in the bottom compartment; one of the two switching wafers is hidden by the lip of the chassis. The 40-

and 80-meter air-wound coils are cemented to platforms made of polystyrene sheet. The higher-frequency coils 
are supported on switch terminals. The mode switch is in the upper left-hand corner, filter chokes in the lower 

left-hand corner. A.g.c. components are mounted on tie points on the short vertical shield near the center. 

the many small components, it should be a 
feasible undertaking. The primary ingredients 
of successful homebrew construction seem to 
be patience, a willingness to take one step at 
a time, and the interest to keep going. If you 
have these talents, you can probably build a 
receiver of the same superlative performance 
as the one described. And it should be better 
looking; this one is the final result of many, 
many component substitutions in the search 
for optimum performance.5 
The following paragraphs contain construc-

tion and alignment suggestions, roughly in the 
order followed by the author. Additional in-
formation may be obtained by a careful study 
of the several illustrations and accompanying 
explanatory captions. 
The receiver is built on a 10 X 14 x 3-inch 

aluminum chassis which fits into the 11 X 15 X 
9-inch cabinet (Wyco CR-7725). An addi-
tional 10 x 17 X 3-inch chassis (the smallest 
size obtainable made from 16-gauge stock) 
was purchased as a source of material for the 
v.f.o. enclosure and shielding partitions. 

5 To assist those who wish to duplicate this project, 
the author will provide full-siie templates for chassis 
and front panel, an enlarged schematic, complete parts 
list, and 8 X 10-inch enlargements of the four primary 
illustrations, at a cost of 84 50, postpaid. 

Assembling the V.F.O. and B.F.O. 
Make the v.f.o. first. The main part of the 

enclosure was made from a corner of the 
spare chassis. Its dimensions are 4% by 3% by 
3 inches. The side/top cover was cut from 
adjacent spare chassis material. (The rear of 
the box is left open.) Mount the major com-
ponents all on one side of the box, as shown 
in the detail photo, to minimize frequency 
changes with mechanical stress. Care should 
be used in locating the tuning capacitor so 
that its extended shaft will be high enough 
above the chassis to clear the McCoy filter in 
the if. strip (see top-chassis photo), and yet 
not be so high that it will crowd the dial too 
close to the upper edge of the panel. 
The b.f.o. components are assembled in a 
X 2% X 4-inch Minibox. Construction is 

detailed in one of the photographs. 

Band Switch 

Before starting to lay out the component 
pattern on the  chassis,  the under-chassis 
shields should be cut, using material from the 
aprons of the spare chassis. The longer shield 
has a length of £P,'k inches; the other two are 
7 inches long. Then they should be placed 
temporarily in the chassis while their positions 
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are adjusted. Space them apart suitably to 
provide adequate room for the coils, and mea-
sure the spacing accurately. Make a mark on 
the rearmost shield, indicating the distance 
that the switch shaft will be placed from the 
end of the chassis. Mark and drill the switch-
shaft and mounting holes in the three parti-
tions, using extreme care to see that they are 
as identically located as possible. Make the 
holes reasonably oversized. Then assemble the 
switch and shields as a unit, using spacers on 
the switch assembly rods to obtain the parti-
tion spacings measured earlier. Do not tighten 
the assembly nuts more than finger tight. 
Place the assembly in the chassis, and press 
down firmly on the shields while the assembly 
nuts are tightened. Spot the shield mounting 
holes, remove the assembly, and drill the holes. 
Avoid any mounting holes in the area that 
will be occupied by the v.f.o. box, since this 
box must rest flat on the chassis. (The b.f.o. 
assembly can be raised on spacers to clear any 
mounting screws in its area.) Additional holes 
that should be drilled in the shields are one 
in each of the shields, below and to the left 
(in the bottom view) of the switch wafers (for 
wires), one in the upper left-hand corner of 
the second shield, and another in the same 
relative position in the first shield (for tie-
point strips). A %-inch hole should be drilled 
in the first shield, to the left of the short ver-
tical shield. This will be used to pass the coax 
feed line from the v.f.o. to the heterodyne 
mixer, and some of the power leads. The 
corners of the partitions that rest in the fold 
of the chassis should be cut off to allow passage 
of wiring between the panel and the rear of 
the chassis. 

Chassis Layout 

Once the shield locations have been deter-
mined, the positions of the two main rows of 

Single Sideband 

Top chossis view of the W50MX receiver. 

Mounted in two groups in the upper left-hond 

corner of the chassis are the slug-tuned coils 

(top) and I., (below). In the lower left-hond 

corner are the preselector tuning capacitor and 

the C1 frocking trimmers. The i.f, strip runs 

across the center with components in logical 

order, starting with the 7360 mixer, and turns 

verticolly at T4 ending at T„. Proceeding to 

the left from T., ore the two detector tubes, 

the 6AQ5 audio output tube, the heterodyne 

crystals, the 6KE8 and the 6C4 Cobaye). The 
audio output transformer and c.w. filter toroid 

are to either side of the mixer-gain (top) and 

c.w.-selectivity controls. Occupying the lower 

right-hand corner of the chassis are the v.f.o. 

and b.f.o. units, ond power-supply components. 

Immediately above the v.f.o. compartment ore 

the calibrator crystal (with hole for access to 

trimmer C. just to the left), the 6AZ8, the 

I2AX7 a.g.c. tube (V,,), and the VR tube. 

Along the rear apron are the antenna connec-

tor, speaker terminols, if, gain control, S-

meter controls, muting terminals, and fuse 

holder. 

components will become apparent. With the 
v.f.o. subassembly placed with its rear edge 
flush with the rear edge of the chassis, and 
the shaft of the tuning capacitor central on 
the chassis, the location of surrounding com-
ponents can be spotted. In locating the pre-
selector tuning capacitor, place it far enough 
toward the edge of the chassis to assure space 
for its dial on the panel. 
After all hole centers have been marked and 

hit with a center punch, the various holes may 
be drilled or cut. The author used a nibbler 
to cut the if-transformer holes to approximate 
size, and finished up with a file. 
Before mounting any components on the 

chassis, fasten the panel temporarily in place, 
and place the shafts of the v.f.o. and preselector 
tuning capacitors against the back of the panel 
while you mark the shaft heights. 

Wiring 

Tie-point strips should be located liberally 
on the underside of the chassis, convenient to 
tube sockets and related components. It is 
advisable also to place grounding solder lugs 
on most of the mounting screws. You may not 
use all of them, but it is much more con-
venient to install them as you mount the com-
ponents, than later on when space becomes 
scarce as the wiring progresses. 
Power-supply  and  filament  connections 

should be made first. Thereafter, the wiring 
procedure is not particularly critical. Installa-
tion of the preselector coils can be left as a 
last operation, after the v.f.o. and M.o. cir-
cuits have been adjusted. To make sure that 
no connection is overlooked, it is a good idea 
to mark the schematic with a colored pencil 
as each connection is completed. The author 
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wired the front circuits first, working toward 
the rear of the chassis. Following standard 
practice, long leads, particularly those con-
necting front-panel controls and switches to 
components at the rear of the chassis, may 
be made with shielded wire. This practice 
permits fastening the leads solidly in place by 
soldering the shield to conveniently-located 
soldering lugs along the way. Shielded wire 
should also be used for all a.f. grid leads to 
avoid  unpleasant feedback problems.  R.f. 
by-pass-capacitor leads should be as short as 
possible, using the center post of the related 
tube socket as a common grounding point. 

Testing the V.F.O. and B.F.O. 

The v.f.o. tuning range should be checked 
first with all tubes except the v.f.o. voltage-
regulator tube out of their sockets. After power 
has been turned on and the v.f.o. allowed to 
warm up, a v.t.v.m. with an r.f. probe should 
show about 2 volts at the output coupling 
capacitor. The v.f.o. frequency can be checked 
by comparing it with the signal from a cali-
brated source, such as a BC-221 frequency 
meter, or a general-coverage receiver. Set C5, 
at about midpoint. Set the tuning capacitor 
C, at about 3 degrees from maximum capaci-
tance. Then adjust CT to bring the frequency 
to 5.0 Mc. Turn C, to about 3 degrees from 
minimum capacitance, and check the frequency 
again. If the frequency is higher than 5.5 Mc., 
spread the end turns of the coil apart, and 
repeat the process. If the frequency is too 
low, squeeze a few of the turns slightly closer 
together, and repeat the process.  It should 
be possible to arrive at an adjustment where 
the 5-to-5.5 Mc. band occupies about 95 per 
cent of the dial, with the band central on the 
dial. 
Plug in the b.f.o. tube and check the r.f. 

output voltage. It should be about the same 
as from the v.f.o., i.e., 2 volts. 

Checking the Audio Section 

Plug in the audio tubes. With speaker or 
headphones connected, and the a.f. gain con-
trol near maximum, a sharp click, when the 
top end of the gain control is touched with 
the lead of a pencil, will tell you that the 
audio stages are working. 

I.F. Alignment 

Plug in the 7360 mixer and i.f. tubes. Con-
nect the r.f, probe at the arm of S,B. Intro-
duce a 9-Mc, signal at the input to the last 
i.f. stage. The author used the crystal cali-
brator as the source, with a 9-Mc. crystal, 
borrowed from his s.s.b. exciter, plugged into 
the calibrator. The 20-pf. calibrator coupling 
capacitor was temporarily disconnected from 
Pin 1 of the 6AZ8, and connected by means 
of an extension lead to Pin 1 of the last 6BA6 
i.f. tube.  (A reasonably-accurately-calibrated 
r.f. signal generator may be used, if available.) 

Tune T, for maximum output. Move the sig-
nal source to Pin 1 of the second if. tube, 
and adjust T,. Do the same with the first 
i.f, tube and T,. You will probably have to 
reduce the i.f, gain as you move down the 
if. strip to avoid burning out the diode in 
the probe. Introduce the signal at the output 
connection of the crystal filter, and adjust T2. 
Finally, inject the signal at Pin 3 of the 7360 
mixer, and adjust T1. (If you are using an 
r.f. signal generator, you may have to jockey 
the frequency slightly to hit the center of the 
crystal-filter passband.)  Reconnect the cali-
brator coupling capacitor to the plate of the 
6AZ8. 

S-Meter Adjustment 

The next step is to adjust the S-meter cir-
cuit, since it will be used in adjusting the 
preselector. With V, out of its socket, adjust 
R, for full-scale S-meter reading. Plug in V, 
Allow the tube to warm up and, with the 
a.g.c. switch off, adjust R, for a zero reading. 

Heterodyne Tuning 

Now plug in the 6KE8, and adjust each 
slug-tuned coil (L5) for approximately 3 to 4 
volts as measured with the r.f. probe at the 
"hot" end of the coil. The lower-frequency 
crystals are capable of producing much more 
than 4 volts; the higher-frequency crystals 
may not provide quite 4 volts. Tune for all 
you can get up to a maximum of 4 volts. 
Using a grid-dip oscillator, tune the het-

erodyne-mixer coils (L,) to the frequencies 
listed in the coil table. Be sure that the band 
switch is set to the band corresponding to 
the coil you are checking, because the stray 
capacitance may vary with the switch posi-
tion. 

Preselector Alignment 

Alignment of the preselector coils can now 
be undertaken. The author built the preselector 
coils for 80 meters first, and aligned the front 
end on this band before proceeding to the 
higher-frequency bands, in order.  However, 
it need not be done this way. The alignment 
procedure is the same for all bands. The im-
portant consideration in making the coils is to 
keep L2 and L, as nearly identical as pos-
sible, including lead length and proximity to 
chassis and shields. 
With a set of coils in place, introduce a 

signal near band center at the antenna con-
nector. Set the v.f.o. to mid scale, and the 
mode switch to one of the sideband positions. 
Adjust C,, and the slug of L'_  for maximum 
S-meter reading. Then tune the preselector 
slowly across the signal. If the signal peaks 
at two dial settings, it means that the circuits 
are not tracking. By cautious adjustment of 
C1, and the turn spacing of either L, or L4, 
a condition should be found where only a 
single S-meter peak occurs as C, is tuned 
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COIL TABLE 

1.2, L4 

Wire  Diam.  Li  LI /I-2  L3 L3 /1.4  C3 

Band  Turns  Size  In.  T.P.I.  Turns  Space  Turns  Space pf. 

80  50  24  1  32  6  2 I.  6  10 t.  None 

40  22  24  1  32  6  2 t.  3  10 t.  None 

20  12  20  1  16  4i  1 L  3  6 t.  5 

10-15  6  20  1- 16  3  1 t.  3  2 t.  5 

L5 Lc 

Freq.  L µh. Yi Freq.  L µh.  Cs  C11 

Band  Mc.  (Nom.)  Type  Mc.  Mc.  (Nom.)  Tee Pf-  pf. 

80  12.75  3.3  21A336  7.5  7.5  6.8  2IA686  45  25 

40  16.25  2.2  2IA226  11.0  11.0  3.3  2IA336  30  20 

20  23.25  1.5  21A156  18.0  18.0  2.2  21A226  20  10 

15  30.25  I  20A106  25.0  25.0  1.5  21A156  None  None 

10 

37.5  0.82 20A827  32.00  32.25  1  20A106  None  None 

33.50 

38.5  0.82 20A827  33.0  33.25  I  20A106  None  None 

33.5 

L7-8 turns No. 20, I-inch diam., 16 t.p.i. 

Li/L2, and L3/L4 (as well as L7) are of Miniductor, Air Dux, or Polycoil stock, with the indicated number of 

turns removed to provide spacing between the main coils and the coupling links. 

13 and L8 are iron-slug coils (phenolic). Type numbers are J. W. Miller (suffix RBI). Those with prefix 20 

are 1-inch diam.; prefix 21 indicates *-inch diam. 

across the signal.  (The paragraphs on r.f. 
alignment in the "Receiving Systems" chapter 
of the ARRL Handbook explain how this is 
done.) 

Temperature Compensation 

To adjust the v.f.o. temperature compensa-
tion, the most stable frequency source you 
can get is required. The crystal calibrator will 
do nicely.  Allow the receiver to warm up 
thoroughly; leave it on for at least an hour 
or two. Tune the receiver to zero beat with 
the calibrator. Then, as drift occurs, adjust 
C, slightly, and bring the receiver back to 
zero beat with C7. Continue to do this until 
no drift is apparent. 

B.F.O. Adjustment 

Remove the cover of the b.f.o. enclosure, 
and adjust trimmers C„ and C„ for optimum 
s.s.b. reception. Most 80- and 40-meter sta-
tions use 1.s.b., while those operating in the 
higher bands use u.s.b. (Most C. W. operators 
prefer the u.s.b. position.)  The b.f.o. fre-
quency is adjusted so that it falls only high 
enough on the filter slope to assure adequate 
low-frequency response. With this adjustment, 

the "other side" of a c.w. signal simply is not 
there. 

V.F.O. Calibration 

After checking to make sure that the 5-to-
5.5-Mc, band is still centered on the dial, the 
dial may be calibrated (0 to 500, and 500 
to 0) against a standard, such as a BC-221 
frequency meter. The tuning should be found 
to be close to linear. A single calibration for 
all bands requires the exact crystal frequencies 
listed in the Table. Crystals not too far off 
on the high side can be "rubbered in" with 
a small compression trimmer in parallel with 
the crystal. Crystals on the low side must be 
ground or etched in. (The 3.5-Mc, band-edge 
marker will provide a reference.) Otherwise, 

in the v.f.o. will have to be retrimmed 
each time bands are changed, zeroing the 
v.f.o. against the calibrator with the v.f.o. dial 
set at the previously-calibrated zero mark. 
Before placing the receiver in the cabinet, 

punch 4 or 5 holes through the bottom, and 
along the top back of the cabinet for air cir-
culation. 
You should now be able to make R5 copy 

of signals that your ham friend down the block 
may not be able to hear. Congratulations! 
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» Described here is a totally solid-state instrument designed to 
have wide dynamic range, freedom from spurious responses, 
and good sensitivity and selectivity. While such features are 
certainly not uncommon in modern-day receivers, the author's 
method of received-frequency conversion is a novel one for the 
home constructor! The high-frequency local oscillator, using 
a frequency-synthesis technique, is phase locked to a linear 
master oscillator operating at a much lower frequency. This 
approach affords, with single conversion, the stability and band-
spread advantages of a dual- or triple-conversion receiver having 
a crystal-controlled first oscillator and tunable first i-f, while 
the possibility of "birdies" from mixing products is greatly re-
duced. 

An Engineer's Ha m-Band 
Receiver 

RUDOLF FISCHER, DL6WD 

Front view of the receiver. At the upper left from the tuning-dial 

assembly is the receiver incremental-tuning control and the S 
meter, and at the upper right is the aft loop sync. push button. 

Within the dial assembly appear the dial counter in the window 

at the left, and the phase-lock meter indicator in the window at 
the right (an edge-wise meter is used). The home made dial was 

inspired by the design used in the HRO series of receivers. 

This article describes a solid-state receiver 
which utilizes a somewhat unconventional con-
version principle for optimum overall per-
formance.  Today's modern electronic com-
ponents were incorporated for realization of 
this project, which offers the following high-
lights: 
1) Single-conversion principle with very se-

lective 9-MHz crystal filters. 
2) MOSFET front end for good cross-

modulation performance. 
3) Double-balanced diode mixer with hot 

carrier diodes. 
4) Electronically tuned front end using van-

cap diodes. 
5) Phase-locked precision-tuned hf oscilla-

tor. 
6) Complete coverage of all ham bands 160 

through 10 meters. 

From March, 1970, QST. 

7) Transceive output signal 9 MHz above 
the received frequency plus receiver incremen-
tal tuning. 
8) Extensive use of linear integrated cir-

cuits and toroidal inductors. 

Block Diagram 

Fig. 1 shows the main layout of the re-
ceiver. The upper portion of the diagram is 
the basic receiving system and the lower por-
tion is used for generation of the main con-
version frequency. 
The rf signal from the antenna is amplified 

in a cascode amplifier followed by a source 
follower which provides impedance matching 
to the balanced diode mixer. The intermediate 
frequency of 9 MHz is filtered by one of 
three crystal filters selectable for a-m, ssb, or 
cw reception and then passes to a 3-stage i-f 
amplifier. Separate demodulators for a-m and 
ssb/cw are provided. For ssb/cw reception a 
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Fl. 1—Block diagram of the receiver. Dashed lines 

show band-switched and mode-switched stages. The 

frequencies of receiver operation are shown between 

appropriate blocks. 

crystal-controlled BFO feeds the injected car-
rier to the product detector. A part of the 
i-f signal is amplified separately for age gen-
eration and for the S-meter circuit. The de-
tected output passes to a 2-watt audio am-
plifier which feeds a low-impedance speaker 
or dynamic headsets. A 1.75-MHz calibration 
oscillator can be switched on for checking the 
low-frequency band edges. 
The receiver's main conversion oscillator is 

a so-called VCO, a voltage-controlled oscil-
lator, which is phase locked to a lower-fre-
quency linear master oscillator. This VCO is 
simply a free-running oscillator, the frequency 
of which depends on the reverse de voltage 
applied to a varicap, which is an integral part 
of the oscillator tank circuit. The VCO fre-
quency can be voltage-tuned through the range 
of frequencies 9.0 to 9.5 MHz above the lower 
frequency limit of the received ham band 
segment. Phase locking is obtained in the fol-
lowing manner: The VCO frequency is mixed 
with a crystal frequency 6.5 MHz higher than 
the low-frequency end of the received band. 
This results in an i-f of 2.5 to 3 MHz (with 
500-kHz band coverage available from this 
layout). This i-f signal passes through a band-
pass filter, is then amplified in a broadband 
amplifier, and fed to a phase detector. This 
phase detector gives a dc error output voltage 
when the phases (and thus frequencies!) of 

MP 

DC OR RAMP 

2.5-3 MHz 

AUDIO 

—0°e "so-->- 

PHASE 

DETECTOR -  
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LINEAR 
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SOC 

RAMP 

GENERATOR 

V 
DC 

H SYNC 
PUSH BUTTON 

f—received frequency, MHz. 

fy —lower frequency limit of amateur band segment 

in use (1.8, 3.5 .. . 28.5, 29.0, or 29.5 MHz). 

AUDIO 

AMP 

the i-f and LMO signals are deviating from 
each other. In the phase-locked condition, any 
frequency drift of the VCO causes an error 
voltage at the phase-detector output, correct-
ing the VCO frequency within microseconds. 
The VCO frequency therefore follows exactly 
that of the LMO, and perfect stability is 
achieved although the VCO operates at a much 
higher frequency. This is called an automatic 
frequency control or afc loop. 
By pressing the SYNC push button, the VCO 

frequency is swept through its spectrum by a 
ramp or low-frequency sawtooth waveform 
voltage. Locking to the LMO frequency is ob-
tained by the phase detector error signal at 
the moment of phase coincidence. 
The main advantage of this manner of fre-

quency generation is that the VCO can be de-
signed for high spectral purity (or low spu-
rious content), so problems associated with 
unwanted mixing products are reduced con-
siderably. Broad frequency coverage can be 
obtained by combining a simple VCO and a 
crystal oscillator to give the proper afc loop 
intermediate frequency. The disadvantage of 
course is the more complex circuitry and high-
er cost.  Commercial frequency synthesizers 
are using this principle to generate stable fre-
quencies up into the GHz range. 
Figs. 2 through 5 show the schematic dia-

grams of the various parts of the receiver. 
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FIG. 2—Receiver front end.  Band-switched compo-

nents are enclosed in dashed lines; see Table 1. 

1.4—Toroid, 32 turns No. 32 enam. wire, center 

tapped, wound on Indiana General Ferramic 

02 core, form CF102. 
1.5—Toroid,  16 turns No. 32 enam. wire, center 

tapped, wound on Indiana General Ferramic 

Q3 core, form CF102. 

Table I (page 200) .gives the data for con-
structing or selecting the band-switched com-
ponents.  The following paragraphs provide 
operational information about each section of 
the receiver. 

Receiver Front End 

The rf signal coming from the low-impe-
dance antenna is clamped by a pair of fast-
acting silicon diodes, which protect the re-
ceiver against excessive signals from the sta-
tion transmitter. If the broad-band signal volt-
ages from the antenna are in excess of 200 
mV, which never happened with the author's 
various antennas, protection should be made in 
another manner, such as an rf attenuator, to 
prevent cross-modulation effects. 
Inductive coupling is used to the input cir-

cuit. Winding ratios were carefully adjusted 
with a noise generator. Input and drain cir-
cuits are wound on separate ferrite toroids for 

281613 
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(25 BAI39 

SOURCE FOLLOWER 

38128  22011  
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ONI  OFF 

CALIBRATOR 

ITS MHz 
SIAL 

1200 

0974008 

1000 

1.6—Toroid, wound over 1.2; 20 turns No. 32 enam. 

wire. 

R1—Dual control, each section 100,000 ohms linear 

taper. 

each band and are peaked by small concentric 
trimmer capacitors. Band tuning is done elec-
tronically by two paralleled varicaps, complete-
ly eliminating the mechanical problems asso-
ciated with a ganged tuning capacitor. Re-
verse voltage of 0 to 6 volts is applied to the 
varicaps from the panel-mounted PRESELECTOR 

TU NE  potentiometer. When using varicap di-
odes in a tuned circuit, care should be taken 
that the reverse voltage applied to the diodes 
is an order of magnitude larger than the peak 
rf voltage across them. Otherwise, curious ef-
fects will be observed when the rf voltage 
modulates the varicaps or drives them into 
conductivity. The author used German BA139 
varicaps from Siemens Company for his re-
ceiver. These diodes offer a capacitance vari-
ation of 3 to 20 pF for a 20- to 1-volt re-
verse voltage, and a Q of about 400 at 30 
MHz. An equivalent varicap should be the 
VC615 Evicap from Eastron Corp., 25 Locust 
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St., Haverhill, Mass. 01830. 
Having carefully checked preamplifier per-

formance of transistor front ends, a cascode 
configuration with two 3N128 MOSFETs was 
chosen. Its gain of 35 clb at 30 MHz is by 
far too high to be usable, but when it is re-
duced to 10 to 20 db by applying reverse 
age to the gate of the upper transistor, this 
results  in a cross-modulation characteristic 
comparable to vacuum tubes.  Measurements 
were performed with two modulated signal 
generators 50 kHz apart; the desired signal 
was 10 /IV and within the receiver's band-
width. The interfering signal could be as high 
as 100 mV before noticeable cross modulation 
occurred. The gain-reduction voltage is de-
rived from a resistor network around a double-
ganged potentiometer to get a nearly linear 
calibration of 0 to 60 dB on this "attenuator." 
This eliminates an attenuation network at the 
receiver's antenna input, as it is possible to 
reduce preamplifier gain below unity. 
An FET source follower provides matching 

to the low-impedance balanced diode mixer, 
which is a ring modulator.  The mixer is 
driven by a toroidal broad-band balancing 
transformer, L,, which covers 1.5 to 30 MHz. 
A quartet of Hewlett-Packard hot-carrier di-
odes 5082-2350 was used for the ring modu-
lator, but the less expensive type 5082-2800 
was tested and performs as well at these fre-
quencies. These are ultrafast switching diodes 
operating on majority carrier conduction and 
are perfectly suitable for wide-dynamic-range 
mixer applications. It should be noted that 
diode mixers have gain below unity. In this 
layout, conversion loss was measured to be 
around 8 dB, and proper impedance match-
ing in the mixer is of utmost importance so 
as not 'to degrade the overall noise figure. The 

The rf assembly built into two ganged TV turret 

tuners. From left to right are the crystal oscillator, 
voltage-controlled oscillator, balanced diode mixer, 

and MOSFET cascade amplifier. A set of bandswitched 
components is shown in front of the assembly. 

Rear view of the receiver, show-

ing block construction and heavy 

shielding.  The large compart-
ment at the left of the chassis 

is the rf assembly. To the right 

of center may be seen the four 

electrolytic  capacitors  in  the 
power supply. The assembly for-

ward of the supply is the [MO. 

mixer output is coupled through a tuned and 
balanced transformer, which steps up the mixer 
impedance of 300 ohms to 500 ohms to match 
the succeeding crystal filters. 
Mixer performance largely depends on the 

drive level applied to the diodes. A 4-mW 
signal is delivered from the 2N1613 power 
transistor to the input transformer's center tap. 
Signal levels up to 800 mV at the mixer's in-
put can be processed without noticeable cross-
modulation. In this front end, any cross mod-
ulation which occurred originated from the 
preamplifier, and not from the mixer. (1 am 
still looking for someone having experience 
with negative feedback in a low-gain MOSFET 
cascode amplifier.) Dynamic range of the re-
ceiver was measured to be around 80 dB and 
sensitivity on all bands was better than 0.1 
AV for a 10-dB signal-plus-noise to noise ratio 
for a 30%-modulated a-m signal; on two bands 
it was as low as 40 nanovolts. 
The calibration oscillator utilizes an SN7400 

quadruple-NAND digital IC, having a square-
wave output of 5 volts peak-to-peak. Because of 
its good long-term stability, a 1.75-MHz HC-27 
/U crystal is used to check the low band edges. 
The trimmer in series with the crystal is for 
adjusting it to the proper frequency. 
To obtain the shortest leads to all band-

switched components, the front end and the 
phase-locked oscillator (described later) were 
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built into two ganged TV turret tuners. (See 
the preceding photograph.) 

Phase-Locked Main Conversion Oscillator 

The functional principle of the main con-
version oscillator was already discussed. More 
details will be given here for the circuit shown 
in Fig. 3. This system is completely self-
working, providing two output signals for feed-
ing the mixer and for transceive purposes. 
The crystal oscillator has a tuned collector 

circuit with the crystal connected between the 
transistor's base and ground. Series-resonant 
crystals, regardless of whether fundamental or 
overtone ones, can be used in this oscillator. 
The voltage-controlled oscillator is a simple 

Colpitts, with the varicap in series with Cs 
forming a part of the tank capacitance. As 
Cs determines the VCO's tuning range, it is 
band-switched together with the inductor and 
the varicap. Using a separate varicap for each 
band was a precaution with regard to VCO 
tuning capability, but proved not to be neces-
sary. (The tuning range of the VCO is 8.5 
to 10 MHz above the received ham-band seg-
ment, thus leaving a margin of 500 kHz on 
both sides.) 
The VCO output passes to an isolation am-

plifier and is then fed to the integrated-circuit 
VCO amplifier. An amplitude-frequency cor-
rection network at the output of the 2N3819 
holds the output level constant regardless of 
the band being used. The transceive output 
is capable of delivering 250 mV rms into a 
50-ohm load at 2-dB regulation. 
Frequencies of the crystal oscillator and the 

VCO are mixed in the CA3004 phase-loop 
mixer, U,. The bandpass filter following the 
mixer consists of two inductively coupled to-
roidal circuits clamped by parallel resistors to 
obtain a flat passband from 2.5 to 3.0 MHz. 
U4, an IC broad-band amplifier having 35 dB 
gain, brings the level up to 1.5 volts rms to 
feed the phase detector. 
The linear master oscillator is an FET Col-

pitts tuned by an old BC-221 variable capaci-
tor. Only 80% of the capacitor's tuning range 
is used to cover the 2.5- to 3.0-MHz range, 
and maximum frequency error could be held 
below ±-500 Hz with respect to linear dial 
markings. Final adjustment for linearity was 
made by trimming the outer rotor plates. All 
capacitors in the tuning circuit are 750-ppm/ 
degree negative temperature coefficient, result-
ing in an overall frequency drift below 5 
ppm/degree for the complete assembly at room 
temperature. The linear master oscillator would 
be difficult to duplicate without a frequency 
counter being at hánd; there are excellent 
LMOs from Collins on the market. 
Receiver incremental tuning is done during 

receiving periods by a varicap fed from a 
10-turn Helipot, giving 2 kHz per revolution 
at miclband. 
The phase detector must be a broad-band 

version to cover the 2.5- to 3.0-MHz range. 
Three inexpensive FETs are used, the first to 
obtain two LMO signal voltages 180 degrees 
out of phase. The other two FETs amplify 
the frequency to be detected up to 2 volts 
rms, and the amplified signal is fed to the 
phase-sensing diodes.  Within the so-called 
capture range, the phase-detector output volt-
age is positive for frequencies lower and nega-
tive for frequencies higher than that of the 
LMO. Graphically plotted this is an S-shaped 
curve, with the peaks only fractions of a hertz 
on either side of the LMO frequency. 
Only an i-f falling inside these close peaks 

will generate an error output signal of the cor-
rect polarity to lock the afc loop. As this can-
not happen by itself, tuning into the capture 
range must be done by another device, the 
ramp generator.  The phase-detector output 
passes through a simple inverting de amplifier, 
the output of which feeds the ramp generator, 
and simultaneously feeds the cathode of the 
varicap in the VCO. The ramp-generator out-

Rear view of rf assembly showing from right to left 

the aft loop mixer, VCO amplifier, ond mixer driver 

amplifier.  Heat sinks with radial fins have been 

placed over the CA3018 IC and the 2N1613 transistor. 

put feeds the anode of the same varicap. 
Pressing the SYNC push button shorts the 100-
µF electrolytic capacitor in the ramp generator 
with a 100-ohm resistor. Releasing the button 
starts the 2N914 transistor to act as a con-
stant-current source which slowly charges this 
capacitor from +6 towards —12 volts, thus 
forming a linear ramp voltage.  This ramp 
voltage tunes the frequency of the VCO 
through its spectrum at a rate of approxi-
mately 500 kHz per second, starting from the 
low-frequency end. At the moment the afc-
loop i-f, which is also being swept through its 
spectrum by this procedure, tends to cross the 
capture range of the phase detector, a neg-
ative output voltage from the de amplifier 
starts conduction of the 2N132A transistor. 
Before, this transistor was held below cutoff 
by the Zener diode in its emitter. Its conduc-
tion now stops the ramp voltage from rising 
any more, by clamping it to a fixed level. 
This is the moment the VCO locks in. 



Once locking has been achieved after each 
band change, the frequency of the VCO stays 
like the "Rock of Gibraltar," even at 38 and 
39 MHz. A small center-reading meter sig-
nalizes the locked condition. Note the series 
combination of a 47-ohm resistor and a 100-
e electrolytic capacitor at the de amplifier's 
output. This is a very important network to 
give the proper time constant within the afc 
loop for low phase jitter and good locking 
capability. 
Of course the SYNC push button might have 

been replaced by a band-change activated 
contact, but it was provided to demonstrate 
the small difference in comparison with nor-
mal receivers, and so it stayed there. 

The I-F System 

The incoming i-f signals are filtered by high-
frequency crystal filters having a center fre-

Single Sideband 

Linear master oscillator ossembly, with the BC-221 

tuning capacitors, reduction gear troin and counter 

dial. The phase detector circuit is constructed on the 

back panel, and the afc loop i-f amplifier, on per-

forated board, is mounted an top af the assembly. 

quency of 9 MHz. One of three high-per-
formance filters for a-m, ssb and cw recep-
tion is selected by the mode switch. Trimmer 
capacitors at the input and output terminal of 
each filter are provided for adjusting passband 
ripple to minimum. The mode selector switch 
with the crystal filters positioned around it 
was built into a copper box, leaving only co-
axial connectors emerging for the cables to 
the mixer and i-f amplifier. It is very impor-
tant that, within the box, two separate con-
tact sections be used for input and output 
terminals with careful shielding between them, 
and that all unused filter terminals be ground-
ed.  Otherwise, stopband attenuation would 
be determined primarily by stray coupling 
around the filters, and not by the filters them-
selves. 
The crystal filters used by the author are 

compter-designed laboratory models from a 
German crystal manufacturer having band-
widths of 5.0, 2.4 and 0.4 kHz for a-m, ssb, 
and cw reception, respectively. A total of 42 
crystals are incorporated, giving 140-dB stop-
band attenuation for the a-m and ssb filters, 

TABLE I 
Band-switched components 

Band 
Com-
ponent  160  80  40  20  15 

LI  6 turns) Ferramic  5 turns Ferramic  3 turns Ferramic n turns) Ferramic  2 turns Ferrarnic 
)Q2 —  Q3 —  Q3 —  )03 —  03 — 

L,  57 turns) toroid  53 turns) toroid  30 turns) toroid  15 turns) toroid  10 turns toroid 
C.  10 -60-pF trimmer 10 -60-pF trimmer 3-30-pF trimmer 3-30-pF trimmer 2-20-pF trimmer 

L3  57 turns,  53 turns,  30 turns,  15 turns,  10 turns, 
Q2 —toroid  03 —toroid  03 —toroid  Q3 —toroid  03 —toroid 

C.  10 -60.pF trimmer 10 -60-pF trimmer 3-30-pF trimmer 3-30-pF trimmer 2-20-pF trimmer 

10 (A through D) 

1¡ turns Ferramic 
OR -

8 turns toroid 
2-20-pF trimmer 

8 turns, 
Q3 —toroid 

2-20-pF trimmer 

1.7"  28 turns  23 turns  40 turns  24 turns  18 turns  14 turns 
C.  47 pF  47 pF  30 pF  10 pF  10 pF  10 pF 
C.  470 pF  470 pF  390 pF  120 pF  120 pF  120 pF 

L,,"  26 turns  22 turns  19 turns  14 turns  12 turns  10 turns 
C6  33 pF  26 pF  13 pF  10 pF  8 pF  6 pF 
C,  27 pF  27 pF  27 pF  27 pF  27 pF  27 pF 
Cs  56 pF  39 pF  27 pF  15 pF  10 pF  6 pF 

Yr  8.3 MHz  10.0 MHz  13.5 MHz  20.5 MHz  27.5 MHz  (A) 34.5 MHz 
(8) 35.0 MHz 
(C) 35.5 MHz 
(D) 36.0 MHz 

L, and LI, are wound on slug-tuned phenolic forms dia., kin. long. Tuning is done on 160- and 80-meter bands by 
high, slug cores, on 40- through 10-meter bands by low, slugs. All inductors are wound with enameled No. 32 wire. Toroids 
are wound on Indiana General Ferramic 02 or 03 cores, form CF102. 
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and 90 dB for the cw filter.  1 Any 8-crystal 
filter designed for low insertion loss and hav-
ing a good shape factor will do well in such 
a receiver. 2 A very important aspect: stop-
band attenuation of the filters should be larger 
than the receiver's dynamic range! 
Thanks to RCA's application literature, the 

i-f amplifier could be built easily with linear 
integrated circuits. A 3-stage amplifier using 
CA3004s gives a 65-dB voltage gain, where 
the first two amplifier stages are controlled by 
either manual or automatic gain control. 
Tuned toroidal transformers are used for inter-
stage coupling and impedance matching. 
The last i-f amplifier feeds both the enve-

lope detector for a-m signals and the product 
detector for ssb/cw reception. The crystal-con-
trolled BFO was built around a 2N914 transis-
tor. A 1.7-volt rms signal is delivered to the 
product detector for optimum performance. A 
trick used to select the appropriate BFO crystal 
for lsb, usb or cw operations is electronic remote 
switching, by gating one of the three diodes in 
series with the crystals. Series trimmers are pro-
vided for adjusting the crystal frequencies to 
the desired point on the filter skirt. 
A part of the i-f voltage is picked up after 

the 2nd i-f amplifier, amplified 40 dB in the age 
amplifier CA3035, U50, and rectified by a voltage 
doubler. This age voltage is fed via a gate diode 
to the 2N3819 source follower, which provides 
gain control of the 1st and 2nd i-f amplifier 
stages.  The gate of this transistor can be 
switched from the age signal to the manual gain 
potentiometer. The available receiver muting 
voltage of —100 volts is clamped by a Zener 
diode and fed to a second gate diode to shut 
down the receiver during transmitting periods. 
The 100-kn potentiometer is set for a convenient 
level during transmitting periods. 
The age voltage is fed simultaneously to an-

other 2N3819 FET which is a de amplifier with 
a bridged S meter. The resistor-diode network 
in series with the meter provides linearity. A 
50-eV signal at the antenna input was fixed to 
be S9, and a fairly linear calibration of 5 dB 
per S unit could be obtained. 
When the receiver is operated with age, a 

100-MF capacitor is switched in, giving a fast-
attack, slow-decay characteristic, with a decay 
time constant of 5 seconds. When the receiver 
is switched to manual gain control, a scale with 
a calibration of 0 to 20 dB is used. The re-
ceiver is then run in the linear amplification 
mode, and the dynamic range is slightly higher 
than 20 dB. That is to say, for the linear mode 
(mgc) and the logarithmic mode (age) two 
different calibrations on the meter are used. 

Careful compartment shielding and double-shielded 
interconnecting coaxial cables are required in order to 
realize the benefits of stopband attenuations of the 
magnitude described by the author. In practice, even 
with  careful  physical  layouts,  shielding  to  provide 
greater than 90- or 100-dB isolation between input and 
output circuits is difficult to obtain.—Editor. 
'Suitable 9-MHz crystal filters, manufactured by KVG 

in M,est Germany, are available in the U.S.. from Mr. 
Henry  Ingwersen  Spectrum  International, Topsfield, 
Mass. 01983.—Edtior 

Audio System and Power Supply 

Details on the power supply and audio ampli-
fier will be omitted here for simplification. A 
transformer with two 18-volt secondary windings 
feeds two bridge rectifiers and two 10,000-ALF 
filtering capacitors to obtain positive and nega-
tive supply voltages. Four Zener-stabilized series 
regulators deliver outputs of —12, —6, +6, and 
+12 volts. Attention should be paid to residual 
hum, which should be kept below 2 or 3 mV. 
Total power drain of the receiver is less than 20 
watts. 

Mechanical Layout 

When constructing a receiver of this complex-
ity, one never knows beforehand whether a 
specific new circuit will work satisfactorily or 
not (and several did not!). Separate blocks for 
the power supply, audio system, LMO, i-f sys-
tem, and front end were constructed. Each 
block was tested outside the arrangement and 
inserted for final alignment. A disgusting but 
nevertheless very important problem to avoid is 
unwanted coupling. Supply voltages are there-
fore applied with feedthrough capacitors to each 
block and in some cases to each amplifier stage. 
Hf interconnections were made with small-di-
ameter coaxial cable and appropriate connec-
tors. 
The main tuning gear was built around an old 

BC-221 tuning capacitor and reduction gear. 
The counter dial and tuning knob are the result 
of four weeks of labor. The counter dial reads 
tens of KHz, where the main tuning knob has 
a calibration of 200 Hz per division, from an 
HRO inspiration. The front panel was covered 
with a special 3-layer plastic which allowed 
direct engraving of the function titles. 
The metal cabinet and chassis frame is a 

commercial one. By the way, this transistor re-
ceiver has a weight of 52 lb; excessive shielding 
pays in electrical performance, but not in 
weight! 
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Single Sideband 

>> The complexity and cost of a receiver can be kept at a 
minimum by designing the set for only one or two bands. 
VE2IB takes this approach in his simple SSB receiver, the 
SSSB Mark I. In addition, by having most of the receiver's 
gain in the audio channel, he has developed an easy-to-align set 
that is relatively free from overload. 

Front view of the two-band receiver and 9-volt power 

supply. The receiver cabinet is homemade from angle 

and sheet aluminum. A commercial steel utility box is 
used to house the power supply. 

A Si mple Transistor Receiver 
for 20- and 75- Meter Sideband 

C. A. LAMONTAGNE, VE2IB 

The unit shown in the photographs and dia-
grams is the outcome of my attempt to build a 
transistor 20-meter s.s.b. receiver that would 
meet the following requirements: 
1) Low cost. 
2) Simple to construct. 
3) Easy to adjust without elaborate test 
equipment. 

4) Materials locally available and easy to get. 
All of these objectivés have been achieved, 

and 75-meter coverage has been included as a 
bonus. The circuit, a simple single-conversion 
superheterodyne, consists of an emitter-follower 
mixer, a half-lattice crystal filter, a single if. 
stage at 9 Mc., a product detector, a low-level 
audio stage, a commercial audio-amplifier mod-
ule and a loudspeaker. Also included are a two-
transistor tunable oscillator and a crystal-con-
trolled b.f.o. 
Because the receiver doesn't have an r.f. 

stage,  switching  complications  have  been 
avoided, and cross modulation is no problem. 
No r.f. shielding is necessary in the receiver, 
since torokls, which have practically no external 
fields, are used for all the r.f. coils. 
The receiver can be powered from either flash-

light cells or a separate 9-volt supply that op-
erates off the a.c. line. 

From August, 1968, QST. 

Circuit Details 

Fig. 1 is a schematic diagram of the receiver. 
Single-tuned antenna circuits are used because 
they are adequate at my location. A 9-Mc. i.f. 
trap is included in the antenna lead, but it may 
not be sufficient to eliminate 9-Mc. feedthrough 
in some locations. If such is the case, double-
tuned antenna circuits should be employed. 
Separate padding capacitors, C, and C2, are 
used to avoid mistuning the antenna trimmer, 
C3, to 9 Mc; however, the padders 140-pf. are 
not strictly necessary, and a single variable 
should work well at C, if ultimate simplicity is 
required. 
Q1, the emmitter-follower mixer, developed 

from my attempt to use an emitter follower to 
isolate the antenna from a diode mixer. The 
diode was inadvertently shorted out, and mixing 
continued to take place. Investigation resulted 
in the circuit shown. 121 has plenty of gain, is 
quiet and not prone to cross modulation. Note, 
however, that this stage may oscillate if too low 
a value of emitter resistor is used or if Q,'s base 
lead is not tapped down far enough on the input 
coil in use. 
The v.f.o. is a two-transistor affair that oper-

ates from 5.0 to 5.4 Mc. An emitter follower, 
Q. feeds a grounded-base amplifier, Q3, through 
a shared emitter resistor. Because the input 
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204 Single Sideband 

Top view of the SSSB 
Mark  I. The  audio 

module is at the left; 

to its right on the cir-

cuit board, from left 

to right, are the au-

dio amplifier, b.f.o., 

v.f.o. and mixer.  In 

the foreground, from 

left to right, are the 

product detector and 

the i.f, amplifier. 

impedance of the emitter follower and the out-
put impedance of the grounded-base amplifier 
are both moderately high, no capacitive divider 
or coil taps are necessary for impedance match-
ing. Since each stage has its input in phase with 
its output, feedback to sustain oscillation is easy 
to obtain. One 4.7-pf. ceramic capacitor couples 
the input of Q., to the 5.0- to 5.4-Mc. tuned 
circuit, and another 4.7-pf. capacitor couples the 
output of Q, to the same circuit. 
The oscillator signal is fed to the mixer by 

capacitively coupling the collector of Q.  to the 
emitter of Q1. Normally Q„'s collector would 
be grounded for r.f.; however, by leaving the 
collector hot and using it as a coupling point, 
you have a receiver in which antenna trimmer 
adjustments do not pull the oscillator frequency. 
A low-impedance link in the emitter lead of 

Q, is used to couple the 9-Mc, output of the 
mixer to the half-lattice crystal filter. The filler 
is conventional with one exception; it uses two 
27-Mc. third-overtone CB crystals, Y, and Y,, 
on their fundamental frequencies near 9 Mc. 
Y, was for CB Channel 4 (27.005 Mc.) and 
Y. was for CB Channel 5 (27.015 Mc.) 
-The 9-Mc. if. stage, Q„, is conventional in 
every way. If the input link is kept small, 
neutralization is not necessary. 
Because there is little amplification ahead of 

it, the product detector, Q,, is a critical stage in 
this receiver. The circuit is essentially that of a 
mixer which has had particular attention paid 
to audio bypassing. Without C,,, a 5-uf. elec-
trolytic at the cold end of the base circuit, Q, 
is insensitive and produces a great deal of audio 
hiss. 
Q,, the crystal-controlled b.f.o., is based on a 

circuit described by Stoner.' Y,, a 27.005-Mc. 
third-overtone CB crystal is used on its 9-Mc. 
fundamental in a series-resonant mode. If a few 
CB crystals can be tried, the one that results in 
the best sounding audio should be retained. Be-
cause no provision has been made for adjusting 
the crystal frequency or switching crystals, 
only u.s.b. signals can be received on 20 meters 
and only 1.s.b. signals on 75. If you want to 
vary the crystal frequency, a trimmer can be 
inserted in series with Y. 
The b.f.o. signal can be coupled to the prod-

uct detector in one of two ways: either a gim-
mick capacitor can be used between the collec-
tor of Q, and the hot end of Ls's primary, or a 
51-pf. capacitor, C,,, can be connected between 
Js's collector and the base of Q.  If the first 
method is used, two insulated hookup wires that 
are twisted together for about 3-'1 inch will make 
a suitable capacitor. 
A 7-volt Zener CR„ is used to regulate the 

collector supply voltage of both the b.f.o. and 
the tunable oscillator. 
To make up for the gain usually found in an 

r.f. stage and additional i.f, stages, an audio 
amplifier, Q7, is used between the product de-
tector and the audio-amplifier module, AR,. 
RC coupling and filtering are used for simplicity 
and to reduce the chances of hum pickup. 

Power Supply Details 

The power supply circuit is shown in Fig. 2. 
It consists of a voltage doubler followed by a 
transistor series regulator. A Zener diode, CR,, 

1Stoner, Transistor Transmitters for the A maieur, 1st 
Edition, page 47. 



• 4 

7—Receivers 205 

FIG. 2—Schematic of the 9-volt power supply. Capac-

itors marked with polarity are electrolytic; others are 

disk ceramic. Capacitance values are in microfarads 

(4); resistance value is in ohms. 

CR2, CR3-400-p.i.v., 1000-ma, silicon diode (Interna-

tional) Rectifier 5A4 or equivalent). 

CR4-9.1-volt, 1-watt Zener (General Electric Z4X1.9.18 

or equivalent). 

provides a more-or-less constant voltage refer-
ence for the regulator transistor, Q. 
Since so much of the receiver's gain is at 

audio frequencies where hum pickup can be a 
problem, the power supply is housed in a sepa-
rate 4 X 4 x 2-inch steel utility cabinet. It 
seemed easier to shield the a.c. pow.' er supply by 
putting it in a separate steel box than to shield 
the receiver. Although aluminum provides no 
a.c. shielding, it is used in the receiver itself 
because it is easier to work with. 
For portable operation, six 1.5-volt flashlight 

cells in series can be used to power the set. The 
usual 9-volt transistor battery isn't recom-
mended, as it doesn't have enough power to 
supply the rather large current demands of the 
audio module's Class B stage at high signal 
levels. 

Construction 

The SSSB Mark I required no fancy con-
struction work of any kind. A 4 x 8-inch piece 
of kitcher-counter laminate, obtained from the 
local hardware store, is used as a circuit board 
for Q, through Q7. Except for the toroids, which 
are glued with Glyptal cement to the underside 
of the laminate, components are mounted on 
top of the board, and their leads are fed through 
small holes drilled at convenient places. The 
leads are clipped underneath the board to a 
length of about lé inch. Connections are made 
by running hookup wire to the component leads 
and looping the wire around them. With this 
type of construction, it's easy to make changes 
and substitutions.  Crossovers are kept at a 
minimum with a little forethought. 
Except for the if. input and output coils, 

which should be at least two inches apart, the 
placement of the components is noncritical. For 
the most part, the various stages are arranged 
in sequence, input to output, around the outside 
of the board. It was found convenient to locate 
most of the toroids on the underside of the board 
in the open spaces below the ceramic trimmers. 
No chassis is used in the SSSB Mark I. In-

stead, the circuit board is supported above the 
cabinet bottom plate by six 1Z-incl, spacers. The 
53 x 6 x 9-inch cabinet is made from pieces 
of sheet and angle aluminum that are bolted 
together with self-tapping screws; however, a 

08 

Q s- 2 N1038 

S3—S.p.s.t. toggle. 

1"1-6.3 v. at 0.6 ampere. 

commercial utility cabinet will probably work 
just as well. C1, the main tuning capacitor, is 
mounted on a 2-inch square aluminum plate 
that is spaced from the front panel with four 
94-inch long tapped metal pillars. The pillars are 
secured by the same screws that bolt a National 
type N Velvet-Vernier dial mechanism to the 
front of the cabinet. 
All the toroids in the receiver are made from 

1Z-inch diameter powdered iron slugs removed 
from old National XR-50 coil forms. With a 
hacksaw, the slugs were scored around the Cir-
cumference about 1Ç inch from the end that has 
a slot for a screwdriver blade. A wafer was 
split off each slug by rolling the slug under a 
knife blade held in the hacksaw cut, Fortu-
nately, most wafers break off evenly. Next a 
small piece of softwood was drilled with a bit 
whose diameter was the same as the slug's, and 
a wafer was inserted in the hole with the slotted 
end of the wafer facing up. A small vise was 
used to compress the wood and hold the wafer 
tight. With a ;é-inch diameter high speed bit, a 
hand-held electric drill was used to cut a hole 
through the center of the wafer. The hole was 
enlarged to about 416 inch either with sandpaper 
rolled around a drill bit or with a very small 
grindstone of the kind mounted on a shank for 
use with an electric drill or a polishing machine. 
Side pressure must be kept to a minimum or 
the toroid will crack. Sandpaper was used to 
smooth the edges and to reduce the form to 
the desired lis-inch width. Unfortunately, the 
hacksaw blades, drill bits and round files, used 
to form homemade toroids are soon blunted. 
Other powdered-iron slugs may be used if 

they are designed for high frequency operation. 
A rough indication of a slug's high frequency 
performance as a core material can be had by 
inserting the slug into a high-frequency grid-
dip-meter coil. If the meter reading drops, the 
material is lossy at the indicated frequency and 
should not be used.2 
If one doesn't wish to operate on coil slugs, 

commercial toroid forms may be used. Indiana 
General CF-101 cores of Q2 material or CF-102 
cores of Q3 material can be substituted for 

= Actually the g.d.o. will be tuned to a frequency that 
is lower and possibly a great deal lower than that in-
dicated by the instrument dial. 
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Bottom  view of the 

circuit board.  Clock-

wise  around  the 

board from the lower 

right  corner  of  the 

photograph  are  1.8, 

L7, L6, L4, L,, L2 and 

1.1, the only toroid 
not  shown  in  this 

view, is mounted on 

the band switch. 

homemade forms.3 With these types, the num-
ber of turns per coil will be approximately the 
same as given in the parts list. 

Alignment 

Three things are required to align the re-
ceiver: a grid-dip meter, a general-coverage re-
ceiver and a lot of patience. All toroids should 
be grid dipped after they are wired in place, 
but prior to being glued to the circuit board. 
Turns should be removed or added until a dip 
at the required frequency is obtained. L, and 
L, should be checked with their respective fixed 
capacitors in place; L2, Ls, Ls, L, and Ls should 
be dipped \ with their respective trimmers set at 
half capacitance or greater; and L, should be 
adjusted as described below. Link coupling is 
used between the g.d.o. and the toroid being 
checked. Sufficient coupling can be provided by 
connecting a two-turn link aroung the toroid 
to a one-turn link around the g.d.o. coil. 
The v.f.o. can be aligned by tuning the gen-

eral-coverage receiver to 5.4 Mc., setting C, 
and C, at minimum capacitance, and tuning C, 
until resonance is achieved. Then Cs can be 
varied and the frequency range of the '.f.o. 
checked. If the range is too small, C, should 
be decreased in capacitance and more turns 
added to L, to bring the circuit back to reso-
nance. If the tuning range is too large, increase 
C, and remove turns from Ls. Temperature 
compensation is a matter of increasing the value 
of the N300 ceramic trimmer, C4, while decreas-
ing the value of C, to retain calibration until 
drift is minimized.4 I didn't bother much with 

Indiana General Corp., Electronics Div., Keasbey, 
N.J.  08832.  Address all  correspondence  to Termag 
Corp., 88-06 Van Wyck Expressway, Jamaica,  N.Y. 
11418, authorized distributors for IGC. Ask for price 
bulletin No. 10I, bulletin No. IOTA, and data sheets 
for QI. Q2 and Q3 Ferramic materials. 
, For C, to be effective, the other capacitors in the 

circuit should be low-temperature-coefficient types. 

this, as the receiver drift is very slight without 
compensation. 
For alignment purposes, the g.d.o. is used as 

a signal source first at 9 Mc. and later at 14 
and 4 Mc. Provided the b.f.o. is working, it 
should be possible to hear a strong note at all 
these frequencies. Except for the filter and b.f.o. 
alignment, it's not important that the crystal 
frequencies be exact. In regard to choosing the 
crystals, it is best to obtain a few 27.005- and 
27.015-Mc. units from a CB enthusiast or a 
friendly service shop. A number of 27.005-Mc. 
crystals should be tried and interchanged be-
tween the filter and the b.f.o. until good-sound-
ing ungarbled sideband signals can be tuned in 
on the 20-meter band. Several crystals should 
be tried in the filter, and various values of 
capacitance (1 to 15 pf.) should be used at 
C, until a good passband for sideband signals 
is achieved.  I know that these cut-and-try 
methods will make most engineers shudder, but 
these ways seem to work for me. 
Before putting the receiver into regular sta-

tion use, some means should be found for pro-
tecting the mixer transistor from strong r.f. 
fields. Some possible methods were discussed in 
QST recently.5 

Performance 

Considering its simplicity and low cost, the 
SSSB Mark I does a good job of receiving DX 
here in Quebec. Its sensitivity and image rejec-
tion aren't quite as good as a set that has an 
r.f. stage, but the receiver pulls in all but the 
weakest s.s.b. signals.6 What more could be 
asked for the time and money involved? 

&Emerson, "Save Those Transistors!" QST, October, 
1967. 
,One simple way to improve the image rejection of 

the receiser is to use higher C input circuits at L..2 and 



8—VHF Techniques 

• t: , 4 

207 

» This transmitting converter provides up to 120 watts p.e.p. 
input for operation in the 6-meter band, it can take its driving 
signal from any low-power 28-MHz. c.w. or s.s.b. exciter, and 
requires less than 5 watts of excitation to develop full input 
power. Output from the transmitting converter is fed directly 
into the antenna system, or it can be used to drive a high-power 
linear amplifier. 

A Trans mitting Converter 
for 50 M Hz 

H. GORDON DOUGLAS, W8PMK 

More and more v.h.f. enthusiasts are turning 
to s.s.b. as a means for extending their com-
munications range over that achieved with a.m. 
Many operators already have an h.f. band s.s.b. 
transmitter in the station lineup. A practical 
solution to getting on vhf. s.s.b. is to build a 
transmitting converter and use the h.f. s.s.b. 
transmitter as the heart of the system. Because 
a Heath HX-10 s.s.b. transmitter was in use at 
W8PMK, this approach was taken to get on 
6- and 2-meter s.s.b. The equipment described 
has seen daily use for more than a year. It has 
provided reliable service, with a minimum 
amount of normal maintenance. Similar units 
are shown in the first photograph: one for 50 
and one for 144 MHz, 

The Circuit 

Referring to Fig. 1, the triode section of 
is used as an overtone oscillator on 22 MHz. It 
operates at low power and has good frequency 
stability. Output from the oscillator is amplified 
by the remaining half of the 6EA8, which oper-
ates at a low power level by virtue of rather 
high values of series resistance in the plate and 
screen leads. The values were chosen experi-
mentally to provide only enough 22-MHz. drive 
to excite the mixer, V,. Too much drive results 
in objectionable intermodulation distortion in 
the mixer, a common cause of poor signal quality 
in s.s.b. transmitters. Bandpass coupling is used 
between the mixer and the driver, V,, to help 
reduce spurious responses from the 12BY7A. 
S.s.b, or c.w. energy is supplied to the mixer 
cathode across a 100-ohm resistor which pro-
vides cathode bias for V., while serving as a load 
for the s.s.b. exciter, connected to J. 
The driver stage, V,, is operated Class AB 

and gets its bias from. a 120-ohm cathode re-
sistor. It is neutralized by means of C,, a 11-
inch length of No. 16 wire. This is soldered to 
the low side of L4, and its free end is brought 
through a hole in the chassis and placed adja-
cent to the tube envelope, parallel to its plate. 
Neutralization is adjusted by moving the wire 
to or from the tube, as needed, until stability is 

From QST for February, 1969. 

Front view of the transmitting converter. The equip-

ment described in this article is seen at the left. 

achieved. A metal shield divides the plate side 
of the driver from its input tuned circuit, and 
aids in stabilizing the stage. 
Link coupling, L, and L7, is used between the 

driver and the grid circuit of the final amplifier. 
Neutralization is again used (C, and C5) to as-
sure good stability. C, and C, are 3-inch 
lengths of stiff wire, cross-connected as indi-
cated in Fig. 1. The stubs are placed adjacent 
to the 6146B tube envelopes, using the tech-
nique described for the driver. Parasitic chokes 
Z, and Z, are installed at the plate terminals 
of V4 and V, as a further measure of assurance 
against spurious output. All power leads going 
into the driver-plate/p.a.-grid compartment are 
decoupled by means of feedthrough capacitors. 

Construction Hints 

An 8 x 12 x 23-inch steel chassis is used as 
a foundation for this equipment. An aluminum 
chassis could have been used, and it is quite 
likely that a much smaller chassis would have 
served, had it been available at the time the 
project was started. 
A homemade panel, measuring 8 by 10 inches, 

was cut from 1;-inch thick alumnium stock and 
mounted on the front end of the chassis. An-
other plate of the same dimensions was attached 
to the rear apron of the chassis for use as a 
back. Perforated aluminum was then formed as 
a cover for the assembly. It is attached to the 
sides of the chassis by means of sheet-metal 
screws. An aluminum bottom plate is used on 

1 
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VIA 
6E68 

9 

22 
MHT 

VI =  

26 Mt,. 
INPUT 

J3 
+ 250 V 

-50V 

4.210V. 
(REG1 

}600V. 

GRID. 

6.3V. 

22 MHz. 

331< 
I W. 

BUFFER 
22MHz. 

• 005 

  100K 

0 1 _ 

5600  .001 
I W. 

MIXER 

.005 

-1-250 V. 

It 

50.47 

50MHz. 

L3  L4 

-50V. 

+210V. (REG.) 

390 

FIG. 1—Schematic of the 6-meter transmitting converter. Fixed-value capacitors are disk ceramic. FT •-= Feed-

through type. Fixed-value resistors are 1/2 -watt composition unless noted differently. 

131— Medium- or high-speed cooling fan. 

Ci, C4, C, —Neutralization capacitors (see text). 

C2-20-pf. miniature variable (E.F. Johnson 160-110 
suitable). 

C5-25-pf-per-section butterfly (E. F. Johnson 167-

22 suitable). 

the chassis to help confine the r.f. and to pre-
vent accidental contact with the operating volt-
ages of the unit. 
V,, V.„ and the grid circuit of V, are on one 

side of the bottom of the chassis, and are isolated 
from the plate circuit of Vs, and the grid circuit 
of the p.a. stage, by means of a flashing-copper 
divider. The feedthrough capacitors for power-
lead decoupling are mounted on the copper 
partition. 
All resistors and capacitor leads are kept as 

short as practical, and ground connections are 
made directly to the chassis. Keep all ground 
leads short. Dress all power leads along the 
chassis and away from the r.f. leads of the 
equipment.  The signal-carrying leads should 
be as short and direct as the builder can make 
them, keeping the input and output circuits of 
each stage as well isolated from one another as 
practical. 
The bandpass-coupling circuit in the mixer 

plate uses two 14-inch diameter slug-tuned coil 
forms, mounted with their centers 1 inch apart. 
L, and L, are wound on short pieces of is-inch 
plastic rod. Air-wound coils can be substituted 
if the builder wishes. The coils used by the 
author are doped with TV high-voltage cement 

C 7- 50-pf. miniature variable (E. F. Johnson 148-4 
suitable). 

13—Panel indicator, No. 47 lamp. 

.11—Phono jack. 

12-8NC-style chassis connector. 

.12-8-circuit male chassis-mount connector. 

so that the turns will stay in place. A suitable 
length of Miniductor coil stock could also be 
used at L, and Ls. Ls is supported from the 
grid pins of the 6146B sockets by its leads. 
The plate circuit of the output stage is above 

the chassis. L, is supported by the stator posts 
of  which is mounted on the front panel. Its 
rotor terminal is grounded to the chassis by 
means of %-inch wide copper strap. L„ is sup-
ported by a 1-inch high ceramic cone insulator, 
and by the stator post of C7. The loading capac-
itor, C7, is mounted at right angles to C, on a 
small aluminum L bracket. It is adjusted from 
outside the case, through one of the holes in 
the cover. RFC„ is mounted between the center 
tap on L, and a 0.001-gf. feedthrough capacitor 
terminal. The latter is used to bring the plate 
voltage through the chassis. A high-speed cool-
ing fan blows an air stream across the 6146Bs to 
help assure longer tube life. 

Tune-Up and Operation 

The operating voltages for this unit can be 
taken from the h.f. s.s.b. rig if desired, or a sep-
arate power supply can be built for this pur-
pose. In the writer's installation, the voltages 
are taken from the HX-10. The 1-IX-10's meter-
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NE UT. 

DRIVER 

93 

(..?7 .005 
HA-7 

.005 
o 1 0.001 F.T.  

2 

V4  V5 

rn  7 

4 -1.7- to 2.7-µh. adjustable inductor (J. W. 

Miller 4503). 

4, 14-0.99- to 1.5-µh. adjustable inductor (J. W. 

Miller 4403). 

L5-8 turns No. 16, V2-inch diam., 2 inches long, 
center tapped (see text). 

L6, 1.7-2 turns insulated hookup wire; L6 over B-plus 

end of  L7 over center of L8 . 

1.8-10 turns No. 18 enam., center-tapped, 1/2 -inch 

diam., 34-inch long, on ceramic form. 

ing system is used also, permitting monitoring 
of the plate current for V, and V„ and for read-
ing relative r.f. output from the transmitting 
converter. Details are not given here since most 
builders will no doubt prefer to install a 300-
ma. d.c. meter in the plate line to the 6146s, 
making it a permanent part of the assembly. 
Relative r.f. output can be observed on the sta-
tion s.w.r. bridge. 
Initial adjustments to the equipment should 

be made with the operating voltages removed 
from V3, V,, and V,. This will prevent damage 
to those tubes should instability be present. 
Start by coupling a wavemeter to L, and tun-
ing its slug until the crystal oscillates, as in-
dicated by the wavemeter. Turn the slug of L, 
two or three additional revolutions outward 
(slug moving out of coil). This will help the 
oscillator to start readily each time. Next, ad-
just L., for peak response, still using the wave-
meter. 
It will be necessary to reduce the output 

from the 28-MHz. s.s.b. exciter before conduct-
ing the remainder of the tests. This can best 
be done by adding a toggle switch to the rear 

AMP. 

so 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE  ARE 

IN  MICRO FA R A DS I MI. I; OTHERS 

ARE  IN P1COFA R ADS (pl. OR,u,W,); 
RESISTANCES  ARE  IN  OHMS; 

K • 1000 

L5-8 turns No. 12, 3/4-inch diam., 3 inches long, 

center-tapped. 
Li0 -2 turns No. 16 enam., 1/2-inch diam. Insert in 

center of 1.5 (see photo). 

RFC,, RFC5-8.2-µh, r.f. choke (Millen 34300-8.2 or 

equivalent). 

Y1-22-MHz, overtone crystal (International Crystal 

Co.). 

21, 25—Parasitic suppressor. 5 turns No. 18 wire 

over body of 56-ohm, 1-watt carbon resistor. 

apron of the exciter and wiring it in series with 
the screen supply to the amplifier stage of the 
exciter. Plenty of drive will be available from 
most exciters, with screen voltage removed in 
this way. For h.f. operation, merely restore the 
screen voltage. Alternatively, the output stage 
of the exciter can be disabled and link coupling 
used between the exciter's driver stage and 
of the transmitting converter. No more than 5 
watts of c.w. or s.s.b. drive will be needed, 
and quite likely the actual driving power will 
be on the order of 2 to 3 watts. 
The next step is to apply drive at J, and ad-

just L., and L, for peak output at 50 MHz., 
still using a wavemeter as an indicator. After 
this has been done, apply operating voltage to 
V, and tune its output tank for peak indication 
on the wavemeter, also at 50 MHz. If output 
on frequencies other than 50 MHz. is evident 
when using the wavemeter (check from 25 to 
at least 150 MHz.), check for instability in the 
driver stage, adjusting C, closer to or farther 
away from the tube envelope for optimum 
neutralization. 
Drive and operating voltages can next be 

J2 

OUT 
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Looking at the top side of the chassis, the amplifier 

section is ot the upper left, with the cooling fan be-

low. V2, V2, and V, are in a row along the right side 

of the chassis. 

applied to the 6146Bs. A 50-ohm dummy load 
should be connected to 12 during this test. A 
power-output indicator can be installed be-
tween 12 and the dummy to facilitate tuning 
for maximum r.f. output. Assuming that a plate-
current meter is in the 600-volt line to the 6146B 
plates, apply sufficient carrier from the 28-MHz, 
exciter to cause a rise in plate current from the 
resting value—approximately 50 ma.—to approx-
imately 75 ma. Tune C, for maximum indi-
cated plate current, then tune C, for a dip in 
plate current, and for maximum output. Next, 
adjust L,, L,, L, and C, for maximum drive to 
the 6146Bs. As C, is tuned through its range 
there should be no sudden changes in p.a. plate 
current; just the normal dip, if the amplifier is 
stable. If instability is noted, adjust C4 and C, 
(a little at a time) until the amplifier is neutral-
ized. It may be necessary to repeak C, after 
the foregoing adjustments. 
C, is the loading capacitor. It should be ad-

justed so that the plate-current dip of the am-
plifier is rather broad, indicating tight coupling 
to the load. This condition is mandatory if a 
high-quality s.s.b. signal is to be had. Once the 
initial tune-up is completed, the 28-MHz. drive 
can be increased until the plate current (at dip) 
is 200 ma., the correct value for 120 watts 
c.w. input. During s.s.b. operation the plate 
current should not be allowed to exceed this 
value. Best linearity will be obtained only if 

the s.s.b. drive is held below the point where 
the 6146Bs begin to draw grid current. For 
lower-power operation, merely reduce the level 
of drive from the 28-MHz. exciter. A.m. opera-
tion is possible with this equipment, if the 28-
MHz. exciter has a.m. capability. During a.m. 
operation do not let the plate current of the 
6146Bs exceed approximately 75 to 100 ma. if 
the maximum AB, ratings are to be observed. 
Too much plate current will damage the tubes. 
Provisions should be made externally to cut off 
the screen voltages from V,, P, and V, during 
receive. A relay can be used for this purpose. 

Results 

This equipment has been very effective in 
working DX on s.s.b. and c.w. For local opera-
tion each evening, often in the a.m. mode, the 
power level is kept down to less than 10 watts 
input—an aid to TVI reduction which is quite 
worth while. No TVI other than fundamental 
overloading has been experienced. This type of 
TVI can be encountered on the lower TV 
channels with any 6-meter rig. A 6-meter Trans-
match is used between the transmitter and the 
feed line to help reduce harmonics and other 
spurious radiation from the antenna. Acknowl-
edgement is given here to WA8COT for his 
help in designing and testing this equipment. 

Looking into the bottom of the chassis, V1, V2, V3, 

and their associated circuits are on the left side of 

the copper shield which divides the chassis. The plate 

circuit of the driver, V3, upper center, and the grid 

circuit of the amplifier, right, are on the some side 
of the partition. 
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» Designed to be driven by a low-power 28-MHz. s.s.b./c.w. 
exciter and requires less than 5 watts 28-MHz. energy to de-
velop its rated input power, approximately 100 watts. If con-
ventional v.h.f. construction techniques are followed, the builder 
should have no difficulty in putting this equipment into s.s.b. 
or c.w. service on 144 MHz. 

A Mediu m-Po wer Trans mitting 
Converter for 144 M Hz 

Top-chassis view of the 2-meter trans-

mitting converter. The amplifier plate 

lines are in the left foreground. The 

oscillator section, mixer and driver 

are in a line along the far side of the 
chassis. 

H. GORDON DOUGLAS, W8PMK 

Considerable similarity can be seen between 
this transmitting converter and the 6-meter 
model described on pg. 207. The tube lineup 
is the same with the exception of the mixer 
stage, which in this instance is a 6GM6. Use 
of this tube instead of a 12BY7A was based 
on its lower output capacitance—a factor when 
designing tuned circuits for 144 MHz. The basic 
circuit is similar to one used by Hall, KIPRB,, 
in the transmitting section of his transverter. 
The main difference is in the amplifier section. 
Hall used an 829B. The writer uses push-pull 
6146Bs, duplicating an amplifier described in 
QST.2 Operating voltages can be taken from 
the h.f. s.s.b. exciter, or a separate power supply 
can be used. A Heath HX-10 supplies the driv-
ing signal and operating voltages for the con-
verter at this station. 

Circuit Information 

A 58-MHz. overtone crystal is used in the 
oscillator circuit at VIA . The high crystal fre-
quency minimizes the chance for spurious re-
sponses, which often result when higher orders 

From March. 1969, eST 
1 Hall, "A 100- Watt 2-Meter Transmit-Receive Con-

verter," OST, January 1966. 
DeMaw, "An All-Mode Amplifier for 2 Meters," 

QST, September 1966. 

of multiplication are used in the oscillator chain. 
V10 operates as a,double and supplies 116-MHz. 
injection to the mixer, V,. The 28-MHz, driv-
ing signal is injected into the mixer cathode by 
means of tuned circuit 1,4, 
The driver stage is neutralized by means of 

Ca, a 1-inch length of hookup wire. This is sol-
dered to Pin 2 of the tube socket, and the free 
end of the wire is placed near the coil lead con-
nected to Pin 6 of V3. The spacing is varied 
until the stage is stabilized. This may not be 
needed and should be used only if instability is 
observed in the driver. The driver operates 
Class A and gets its bias from a 120-ohm cath-
ode resistor. 
Bandpass coupling is used between the driver 

plate and the input of the amplifier. L7 and 
L, are mounted parallel to one another, i inch 
apart. The screen voltage is reduced from that 
used in the 6-meter model. This was done to 
make it easier to derate the tubes at 144 MHz., 
as recommended by the manufacturer. Input 
should be reduced about 28 percent to assure 
their normal life span at this frequency. 

Construction 

The same chassis, panel, and cover dimensions 
as in the 6-meter version are used here. A cop-
per partition separates the driver plate and grid 
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.001 
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1.3 

28 MN:-

1.4 

4250V. 

-50V. 

4 150V. (I( ES./ 

+600V 

3V 

EXCEPT AS INDICATED, DECIMAL 

VALUES OF CAPACITANCE ARE 

60.47  IN MICR OFA R A OS ( pl.); OTHERS 
ARE IN PICOFA R ADS (pt. OR ,uxe.); 
RESISTANCES  ARE  IN  OHMS; 

• 1000 

FIG. 1—Schematic of the W8PMK transmitting converter. Fixed-value capacitors are disk ceramic. FT = Feed-

through. BM = Button Mica. Resistors are '/s-watt carbon unless otherwise noted. 

131— Medium- or high-speed tube-cooling fan. 

C1, C2, C4-8-pf. plastic tubular variable. 

C3, C,, C7—Neutralizing capacitor (see text). 

C2-10-pf. miniature variable (Johnson 160-104 suit-

able). 

C9—Butterfly-type variable (Johnson 167-22 with two 
rotor and three stator plates removed from 

each section). 

Bottom view —The oscillator, doubler, mixer and driver 

stages are below the copper partition which divides 

the chossis. The driver plate and amplifier grid coils 

are parallel to each other, just to the right of the 

amplifier tube sockets. 

C9-50-pf. miniature variable (Johnson 167-3 suitable). 

11—Panel indicator, No. 47 lomp. 

.11—Phono jack. 

4 —BNC-type chassis-mount connector. 

I.1-8 turns No. 26 enam., close-wound on 3/4 -inch 

slug-tuned form (Miller 4500-4 form suitable). 

L2-4 turns No. 20, 3/4 -inch diam., 3/4  inch long. 

circuits to aid stability of the driver and ampli-
fier. Operating voltages for the driver plate cir-
cuit, and for the entire amplifier section, are de-
coupled by means of 0.001-d. feedthrough ca-
pacitors. The capacitors are mounted on the 
copper divider (see photo ). 
Unlike the 6-meter version, this unit uses 

copper lines for the amplifier plate circuit. The 
large-diameter tubing provides a higher tank-
circuit Q, and efficiency. The rotor of Cs is not 
returned to ground. This practice aids ampli-
fier balance and stability at 144 MHz. Cs is 
mounted on a Plexiglas plate. A piece of 34-inch 
diameter insulating rod is used as a tuning shaft, 
to isolate the rotor from ground. Forced-air 
cooling helps prolong the life span of the tubes. 
A small fan is mounted near the tubes and can 
be seen in the photo. Heat-dissipating plate 
connectors offer additional help in this regard. 



8—VHF Techniques 213 

DRIVER 

.001F.T. 

.00IF.T Wo  +150 (REG.) 

.001 F.T >0 +6001.1   

.00IF.T.0 0  46.3V 

r rj1 

.001 

AMP. 

6146 
3 

61466 

4 -2 turns insulated hookup wire over ground end 

of L4. 

1.4-1.6-3.1-m.h. variable inductor; 13 turns No. 26 

enam. on %-inch iron-slug form. 

15-5 turns No. 20, 3A-inch diam., 3/4 inch long. 

16-6 turns No. 20, insulated, 1/2 -inch diam., 3/4 

inch long, center-tapped. Mount with C4 end 

against B-plus end of 1.5. 
I.7-5 turns No. 14 enam., 3/4-inch diam., 1% inches 

long, center-tapped. 

Le-5 turns No. 14 insulated wire (or 1/8-inch wide 

copper strip), %-inch diam., 2 inches long, 

Testing and Use 

Rough alignment of the tuned circuits can be 
done with the help of a grid-dip oscillator. 
Final touching up of the various stages can be 
carried out by observing the amplifier plate cur-
rent and adjusting all of the tuned circuits (ex-
cept the amplifier tank) for maximum input. 
This should be done with reduced drive from 
the 28-MHz. exciter so that plate current will 
not be excessive. Adjustment of the amplifier 
neutralization wires is the same as in the 6-meter 
model, though it should be noted that the wires 
are not cross-connected for conventional neu-
tralization. The technique used here may be 
necessary when 6146-type tubes are used at fre-
quencies above approximately 70 MHz., their 
normal self-neutralizing frequency. The same 
is true of the driver stage, V,. 

C4 

1.2 0. 

144 1411L 

LB 

L tO 

o 

C9 

RFC 6  /77 
2.7p9. 

.001F.T. 

.005 

Q< OUT PU 
 < 

/77 

center-lapped. Adjust turn spocing for maxi-

mum grid drive. 

I.9—See footnote 2. 

Lu —See footnote 2. 

RFC4—RFC,,  r.f. choke (Millen  34300. 

50 suitable). 

RFC4,  r.f. choke (Millen  34300-1.2 

suitable). 

RFC6-2.7-gh.  r.f.  choke  (Millen  34300-2.7  suit-

able). 

Y4-58-MHz. overtone crystal (International Crystal 

Co.). 

Because of the derating factor mentioned 
earlier, the plate current of this amplifier should 
be limited to 150 ma. or less at dip. Tight coup-
ling to the load is necessary during s.s.b. opera-
tion to assure a quality signal. The dip in plate 
current should be quite shallow, 10 ma. or so, 
at resonance. The loading capacitor, C9, should 
be adjusted to provide the foregoing condition. 
No more than two or three watts of 28-MHz. 
drive should be needed to develop the specified 
input power to the amplifier. 
Provisions should be made for cutting off 

V,, V4, and V, during receive. This can be 
done by opening their screen-supply leads with 
a set of relay contacts. Other methods, such as 
fixed bias cutoff, can also be used. We'll leave 
that part of the project up to the constructor. 
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» The attenuator described in this article provides an answer 
to a common problem—what to do with the excess driver 
power when a 50-to-100-watt exciter is used for exciting a 
grid-driven tetrode linear amplifier. - 

The step attenuatar is assembled in a 

standard 3 X 4 X 5-inch aluminum box 

fitted with perforated aluminum covers. 

(Photos by K98.1.4) 

A Step-Type R.F. Attenuator 
EUGENE A. HUBBELL, W9ERU 

It came as a distinct shock to the author to 
find that there are times when it is necessary 
to throw away some of that precious r.f, energy 
from a transmitter. This realization came about 
with the advent of s.s.b. in the shack. 
The Pacemaker sideband exciter has a nor-

mal output of 60 to 70 watts, as indicated by 
an M. C. Jones Micro-Match s.w.r. bridge. The 
Johnson Kilowatt, operating in Class A131, re-
quires only 2 to 3 watts of driving power. It is 
not recommended that the Pacemaker be oper-
ated at lower than full input, because the 
signal-to-noise and signal-to-carrier ratios will 
suffer. The problem, therefore, was how to 
drop the full output of the Pacemaker to the 
necessary drive level for the Kilowatt. 
A 50-watt noninductive dummy load resistor 

was used across the grid-input line when driv-
ing the amplifier on a.m. and c.w. With this 
dummy load in the circuit, the Pacemaker 
drive was still far in excess of what was 
needed. Apparently, some sort of variable at-
tenuator was indicated. A continuously-variable 
attenuator would be nice, but nothing practical 
which would present a constant load to the 
Pacemaker turned up in any of the various 
handbooks. So a step-type attenuator seemed 
the practical solution. 

From December, 1959, QST. 

A suitable formula for H, T, and L pads 
was found in Nilson & Hornug's Practical 
Radio Communications. The T pad was chosen, 
mostly because the resulting unit would be 
usable in either direction without regard to 
how it was hooked up. The first design was for 
one with five steps of 0, 3, 6, 9 and 12-db. 
attenuation. It was built and found to operate 
satisfactorily, except that it did not provide 
quite enough attenuation on 75-meter phone. 
So a redesigned unit was built, adding another 
step which brought the maximum attenuation 
to 15 db. The description to follow is of this 
unit. 

Circuit 

The basic T-pad configuration is shown in 
the inset of Fig. 1, while the main diagram 
shows the practical circuit used in the construc-
tion of the unit. A resistance of 50 ohms was 
chosen for input and output impedances be-
cause results would be easy to check with the 
50-ohm Micro-Match, the Pacemaker would 
operate into this load, and the grid-input circuit 
could be swamped down to this value with the 
dummy load mentioned above.  With the 
dummy load next to the Pacemaker and the 
step-type attenuator on the grid input, the 
dummy load current does not pass through the 
attenuator. Values of resistance for the three 
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(R2) ( R1) 

FIG. 1—Circuit  of  the 

T-network attenuator. Re-

sistances are in ohms, 

and resistors are 10-per-

cent, 2-watt composition. 
h and .12  are chassis-

mounting coax recepta-

cles (SO-239). The switch, 

described in the text, is 
in the maximum-attenu-

ation position. 

legs of the pad for various levels of attenuation 
are given in the accompanying table. The 
table includes both the calculated values and 
the actual values of standard resistors that were 
used. 
The resistors are 2-watt types made by 

Ohmite or Allen-Bradley. Since the calculated 
values were below 10 ohms in many cases, the 
required resistance was obtained by paralleling 
two resistors, Ten ohms is the lower limit for 
these carbon resistors. Be careful not to use 
wire-wound units since they may have sufficient 
inductance to make the attenuator useless at 
radio frequencies. The paralleled values also 
result in sufficient dissipation rating to handle 
the full output of the Pacemaker over the short 
duty cycle of s.s.b. 

Construction 

The box in which the resistors and switch 
are mounted is a Premier AC-453, 3 by 4 by 5 
inches in size, with two removable 4 x 5-inch 
sides. The original sides are replaced by per-
forated aluminum sheet or aluminum screen, 
for ventilating purposes. Two coax connectors 
are mounted in one 3 x 4-inch end, about 
2 inches apart, and the switch is mounted in 
the opposite end, as shown in the photograph. 
The switch is special, made up of a Centra-

lab index kit P-270 and two ceramic sections, 
one having two-poles and five positions, while 
the other has a single pole and six positions. 
The two-pole section actually has six positions, 
one of which is "off," where the rotor contact 
is made. The index stop is adjusted to use this 
sixth position in the maximum-attenuation posi-

.12 

150  56  27  15  3 

s R3) 

A tten. 
(db.) 

3 

6 

9 

12 

15 

12,, R2 

Cal.  Actual 

8.5  9 

16.7 

24 

30 

35 

18 

25.5 

31.5 

36.5 

Rl 

Cal.  Actual 

144  143.5 

67  68.5 

40.5  40.5 

27  27 

18.5  19.5 

tion. Hardware furnished with the index kit 
includes sufficient K-inch spacers so that the 
two switch sections may be assembled on the 
index. Place the single-pole section next to the 
index and the double-pole section away from it. 
The sections used may be either types TD and 
RD (shorting) or XD and RRD (nonshorting). 
Assembly of the resistor bundles shown in 

the photograph is best accomplished with the 
aid of the wooden jig illustrated in Fig. 2. In 
a small piece of 1-inch soft pine (actually 
about 13/16 inch thick), 1i& by 8 inches, drill 
ten 5/16-inch holes in a two-hole by five-hole 
pattern. Put the holes close enough together so 

FIG. 2 — Sketch 
showing wood jig 

and clamping ar-

rangement for as-

sembly of resistor 
bundles. 
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Wooden jig and "bundles" of resistors. 

that they touch, but do not overlap. Remove 
the wood left between the holes, and saw a 
slot in each end of the hole pattern, between 
the two holes at the end, Insert the ten re-
sistors making up the group designated RI in 
Fig. 1. Clamp the wooden jig on the resistors 
with a C clamp, so they will not slip. Cut off 
the long leads to about li inch, and bend into 
bundles of four leads, except for the end pairs, 
where the leads will be of two each. Into 
each bundle of four insert the end of a 6-inch 
length of No.  16 tinned wire and solder 
securely. Also solder 6-inch length of this wire 
to the paired leads at the end.  Note the 
finished assemblies shown in the photograph, 
and make up similar bundles for groups R2 
and R3. 

Switch Assembly 

The resistor bundles may now be soldered to 
the switch, and this can be done outside the 
box, if a little care is used to see that the result 
will not interfere with the box sides. The two 
bundles forming R1 and R2 will extend directly 
back of the switch, and be soldered to the 
two-pole, five- (or six- ) position section. (The 
confusion as to identification of this section is 
because we are making use of an "off" position 
not considered as usable by the manufacturer.) 
The bundle of resistors making up R3 is placed 
just above the switch, and soldered to the 
appropriate terminals of the single-pole, six-
position section. A jumper connects the termi-
nals of the Ri and R2 groups together, and the 
latter to the two rotor connections on the two-
pole section and also to the rotor on the single-
pole section. Then the whole assembly is in-
serted in the box and the switch secured with 
its nut. The two remaining terminals of 13, and 
R2 are soldered to the two coax jacks, and the 
remaining terminal of R3 is grounded to a lug 
on one of the bolts securing one of these coax 
jacks. The circuitry calls for leads between the 

hot terminals of the two coax jacks and switch 
points, and these are added last. 

Testing 

The wiring may be checked by an ohmmeter. 
Put a 50-ohm resistor across one coax jack, 
and the ohmmeter across the other. Rotating 
the switch should show very little change in 
the ohmmeter reading at any switch position, 
and the reading should be just about 50 ohms. 
Checking with a Micro-Match and a good 
dummy load will show a barely perceptible 
increase in s.w.r. when the attenuator is added 
to the circuit. Placing the Micro-Match be-
tween the dummy load and the attenuator, the 
following output readings were obtained: 

Step  10-Watt Input  100-Watt Input 

0 db.  10 watts 
3 db.  5.5 watts 
6 db.  2.9 watts 
9 db.  1.5 watts 
12 db.  0.85 watt 
15 db.  0.5 watt 

100 watts 
46 watts 
21 watts 
10 watts 
5 watts 
3 watts 

The strict accuracy of these readings is some-
what doubtful because of the difficulty in read-
ing the Micro-Match accurately. The scales 
vary considerably between the 100-watt and 
10-watt levels, and the power level may vary 
considerably from the nominal value.  The 
results obtained agree very well with calculated 
values, considering the fact that the resistors 
are not exactly what is needed, and are of ten-
per-cent tolerance. 

Using the Attenuator 

In use, the attenuator does all that is re-
quired. The Pacemaker is tuned up with the 
attenuator in the zero db. position, but with the 
50-ohm dummy load on the output, and the 
grid circuit of the Kilowatt detuned. When the 
Pacemaker is properly loaded, the grid circuit 
is tuned to resonance and enough attenuation 
introduced  to prevent overloading in the 
Class C mode of operation (20-ma. grid cur-
rent). The plate circuit is tuned to resonance 
and properly loaded for Class C operation. 
Then the mode switch is turned to s.s.b., which 
places the amplifier in Class ABI, and the 
attenuator is set to the position where s.s.b. 
modulation peaks show only a slight indication 
of grid current on the final-amplifier grids. It 
is even handy for a.m. and c.w. work when 
the drive runs too high at a given setting of 
the 32V-1 output circuits. No trouble has been 
experienced with heating of the resistors, as 
long as the drive is not left on continuously 
over a minute or so. Try one; it works! 
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» Such commonly used parameters as peak envelope power 
(p.e.p.) and instantaneous peak power are defined and described 
in this text. A description of a speech model (peak-to-average 
level) in relation to the s.s.b. voice envelope is also offered. Be-
cause of the vast amount of published material available an this 
subject, only a cursory compilation of facts and data can be 
presented. 

Ordinary and Processed Speech 
in SSB Application 

HAROLD G. COLLINS, W6JES 

Because of the high-amplitude peaks in the 
voice waveform, the natural, unprocessed voice 
does not provide maximum utilization of an 
s.s.b. suppressed-carrier communications system. 
It is quite apparent that many off-the-shelf 
processing units are becoming available for use 
with existing transmitters. These units, in one 
way or another, claim to increase talk power 
of the s.s.b. transmitter by increasing the aver-
age-to-peak levels in the modulation signal and 
hence in the r.f. envelope. With the apparent 
increase of interest in the subject, some of the 
more-simple techniques that are presently em-
ployed or are readily applicable are summarized 
here. 

The Fundamental S.S.B. R.F. Envelope 

The power developing capability of a given 
transmitter in single-sideband service depends 
upon the nature of the signal waveform being 
transmitted. The most fundamental s.s.b, wave-
form is generated from a single-frequency audio 
sine-wave tone. This single tone is translated in 
the s.s.b. generator to produce a single radio-
frequency output. 
The term that describes power in an s.s.b. r.f. 

envelopje is peak envelope power or simply 
pep. It is defined as "the average power of the 
highest amplitude signal measured over one r.f. 
cycle," or "the mean power developed at the 
crest of the modulation envelope," in other 
words, the keydown power developed within 
allowable distortion limits. 
As as example, for a given transmitter with 

four 811As, the maximum single-tone operating 
level occurs when plate current reaches 700-
800 ma. With this value of plate current and a 
plate voltage of 1600 volts, the r.f. power out-
put is nearly 800 watts with a plate power input 
of 1250 watts. The r.f. output power is the 
mean power value (pep.) previously stated. 
With 800 watts into a 50-ohm load, an r.f. cur-
rent Id of 4 amp. r.m.s. will flow. An r.f. volt-
age Erf of 200 volts r.m.s. is developed across 
the load. 

From January, 1969, QST. 

FIG. 1—S.s.b, envelope using single-tone modula-

tion, as displayed on an oscilloscope.  Power in 

the envelope (assuming a resistive load) is a time 

average value, over one r.f. cycle, and is equal to 

epzi2R load*  P.e.p.-to-average ratio is 0 db. 

If one monitors the above r.f. envelope on an 
oscilloscope connected across the 50-ohm load, 
the instantaneous r.f. peak-to-peak voltage wave-
form of Fig. 1 is observed. One half the en-
velope height is the instantaneous peak enve-
lope voltage; that is, V-2- Ed, In the 811A 
amplifier above, if En  f = 200 volts when ob-
viously the peak voltage is V2 x 200. A value 
of instantaneous r.f. peak power can be calcu-
lated which is 

( V-2- X 200)2  2 x 40000 
 = 1600 watts 

50  50 

The instantaneous r.f. peak power is 2 times 
pep. or 3 db. greater in the s.s.b. envelope. 
One quantity of interest remains, the trans-

mitter pep. input power during single-tone 
modulation. It is simply the d.c. plate voltage 
x the d.c. plate current, or in the above ex-
ample 1600 volts x 0.780 amp. or 1250 watts. 
The basic reference values are thus established. 

Speech and the S.S.B. Voice Envelope 

The ratio of instantaneous peak-to-average 
power in speech is somewhat dependent upon 
the percent of the time that the peak is allowed 
to be exceeded. For instance, if we can specify 
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that the real peaks of speech can exceed some 
lower level that we choose to call the "peak" 
for 1% of the time, then the ratio of instan-
taneous peak-to-average speech power is about 
14.5 db. This figure is for a continuous dis-
course. It is the figure used as the statistical 
peak-to-average power ratio, and it is the value 
used also in the following discussion as the 
peak-to-average power ratio for unprocessed 
speech. 
Now let us apply audio to an s.s.b. transmit-

ter (with a voice waveform such as you would 
see on a scope placed at the a.f. input) and 
modulate the transmitter to its pep. capability, 
as seen in Fig. 2. We find the peak-to-average 
power ratio measured in the audio signal is es-
sentially the same as the pep-to-average power 
ratio in the s.s.b. voice envelope. Hence, trans-
lating the voice signal to s.s.b. increases the 
measured voice peak-to-average power ratio by 
an amount equal to the instantaneous peak-to-
average power ratio of the r.f. sine-wave enve-
lope which is 3 db. (see previous section on 
fundamental r.f. envelope). What this is saying 
is that a peak-to-average power audio voice 
wave-form of 14.5 db translated to an s.s.b. voice 
waveform will result in an instantaneous r.f. 
peak-to-average power of 17.5 db. The pep.-
to-average power in the r.f, wave remains 14.5 
db., a ratio of 28/1. 
Employing our above 811A amplifier, again 

the pep. output is 800 watts. Hence, if we 
just talk our amplifier to the p.e.p. limit, as 
would be observed on the r.f. monitor scope by 
observing instantaneous r.f. peaks, the average 
r.f. power output Pout  is 800/28 or nearly 30 
watts. This can best be observed by monitor-
ing the r.f. current in a 50-ohm load with a 
thermocouple r.f. ammeter. It has been as-
sumed in the above discussion that the amplifier 
supply voltage shows negligible change from 
minimum-signal to maximum-signal plate cur-
rent. 
The thermocouple r.f. ammeter indicates the 

ran.s. value of current for any signal-envelope 
waveshape. The r.f. current in its varying state 
with modulation applied should average between 
21 to 1 ampere in the above example. Unfortu-
nately, cranking up the mike gain causes linear-
amplifier limiting or flat-topping to occur. This 
does, however, increase the average power out-
put and hence the loudness at the receiving sta-
tion. Along with this increase in average power 
comes a broadening of the transmitted band-
width in the form of distortion products caused 
by nonlinear operation.  In an unprocessed-
modulation s.s.b, transmitter, generation of the 
odd-order products by opening up the mike gain 
beçomes annoying to intolerable in adjacent 
channels rather rapidly. 

Speech Processing 

If one could increase the average power in the 
modulation envelope while effectively limiting 
the modulation envelope at the pep. capa-

e P-P 

FIG. 2—S.s.b. r.f. envelope using unprocessed voice 

modulation. Pep. is the mean power developed at 
the  crest  of  the  modulation  envelope,  i.e. 

ep2/ 2R load. 

bility, and minimize adjacent channel interfer-
ence by reducing the number of generated dis-
tortion products, then an increase in the trans-
mitter's effectiveness would be obtained. To 
say it another way, talk power would be in-
creased if the average-to-peak power ratio of 
the inband modulation envelope was greater. 
In order to increase the average-to-peak power 

ratio, it is necessary to modify the signal wave-
form. This inevitably leads to distortion of the 
voice signal, and reduces intelligibility. One 
measure of intelligibility is the effective received 
signal-to-noise ratio. If distortion is treated as 
if it affects intelligibility the same as noise, then 
the effective received signal-to-noise ratio is 

S  =  Sat; 

N eff  (N  D) 

where Sa, := The average sideband power at 
the receiver. 

D = Effective noise power produced 
by the distortion products of the 
processor. 

N= The average noise power from 
all other sources. 

Since S„ and D are both functions of the pro-
cessor limiting level, intelligibility can be maxi-
mized by choosing the proper level of limiting 
for a given level of noise power N. From this 
we conclude that the best method of speech 
processing is the one that gives the greatest in-
crease in talk power with the least distortion. 
The most useful way of evaluating the bene-

fits of a processor is to observe the improve-
ment in the speech intelligibility threshold in 
the presence of noise with the same peak power 
as the unprocessed signal. Intelligibility thresh-
old is defined as the condition where a con-
nected discourse is just barely understandable 
in the presence of white noise which is limited 
to the signal bandwidth. Thus intelligibility 
threshold improvement, or ITI, may be defined 
as the effective signal-to-noise ratio with process-
ing, to the signal-to-noise ratio without process-
ing. From the above, it then follows that the 
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intelligibility threshold improvement, ITI, may 
be expressed by 

Say (N  D) 
ITI (in db.) = 10 log„ — — 10 log.   

S„,,  N 

where Soap = average sideband power at the 
receiver without processing.  Since S„, and N 
are considered as constant and equal bases for 
all systems, we conclude that the best method 
of speech processing (i.e. the method yielding 
the greatest ITI) is the one that maximizes the 
ratio of Sat/D. 
Note that the above threshold improvement 

cannot be directly measured by the receiver 
S-meter. An increased S-meter (i.e. average) 
reading is in response to greater average side-
band power at the receiver which also includes 
quantity D produced by processor limiting. 
A simple means of measuring ITI is by the use 
of a calibrated attenuator at the station receiver 
antenna point. The received test signal, with 
the processor switched out, is reduced to the 
threshold level where it becomes barely under-
standable. The processor is then switched in 
and the test signal is now reduced further by 
the attenuator to where it again becomes barely 
understandable. The increase in attenuation is 
thus a reasonable value for ITI. 
Fig. 3 shows a comparison of four methods 

of speech processing used in s.s.b. work. This 
figure illustrates the intelligibility threshold im-
provement or db. improvement in signal-to-
noise ratio at the receiver vs. db. of peak limit-
ing in single-sideband speech. The r.f. com-
pressor has a 1-ms. attack time and 200-ms. 
release time, which is typical of a.l.c. circuits. 
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FIG. 3—Comporison  of effec-

tiveness of simple speech pro-
cessing techniques applied to 

s.s.b.  transmission.  Typical 
compression and release times 

are indicated. 

As these time constants are shortened, the ale. 
circuit ultimately approaches that of r.f. clip-
ping. The audio compressor's attack time is of 
the order of 5 ms., and it has a release time of 
500 ms. As these time constants are shortened, 
the performance approaches that of an audio 
clipper. 

Speech Clipping 

Investigations have shown that speech re-
mains intelligible under conditions of heavy 
peak clipping or what is termed infinite clip-
ping. This process retains only the zero cross-
overs and all envelope amplitude information is 
therefore destroyed. The fact that infinitely 
clipped speech is recognizable at all may be 
surprising until it is remembered that speech 
sounds consist of the fundamental frequency 
plus harmonics. Clipping will produce more 
harmonics which may upset the original har-
monic structure of the sound, however not 
enough to destroy recognition of the original 
harmonic relationship of the sound. 
It may be recalled that s.s.b, has been criti-

cized in the past for its theoretical inability to 
transmit an audio square wave. Such would 
require an infinite amplitude capability, infinite 
bandwidth, and preservation of amplitude and 
phase relationships. In any practical modulation 
system, bandwidth is limited, and this reduces 
the required s.s.b. p.e.p.-to-average power ratio. 
This is particularly true when filtering is incor-
porated after clipping to restore original signal 
bandwidth. Table I illustrates the important 
relationships. 
Clipping may also be accomplished at s.s.b. 

r.f. or if, frequencies. This has the advantage 
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that fewer in-band distortion products are cre-
ated for a given amount of clipping, as harmonic 
distortion would then appear at multiples of the 
r.f. frequency. An r.f. filter following the clip-
per is necessary to maintain original bandwidth. 

A.F. Clipping 

Consider a speech wave that is infinitely 
clipped at audio frequencies, band-limited from 
300-2700 Hz. and is used to modulate an s.s.b. 
transmitter. With an r.f. passband of f + 300 
to ft, ± 2700 Hz., the highest harmonic retained 
is the ninth; 2700/300 = 9. From Table 1, the 
pep-to-average power ratio of the s.s.b. enve-
lope will not exceed 2,7/1 or 4.3 db. This 
would result in an increased average power out-
put of 14,5 db. — 4.3 db. = 10.2 db. Again in 
the example of the 811A amplifier, the measured 
output with speech clipping, using the r.f. 
thermo-couple ammeter and load resistance 
technique would be about 300 watts (2,4 ± 
amp.). 
Observing the above transmitted signal from 

the receiver side, it was shown experimentally 
that 15 db, of clipping (with a relatively con-
stant level speech) improves the speech intel-
ligibility threshold by nearly 4 db. Increasing 
the clipping level to 25 db, gives an additional 
1.5 db, improvement. Fig. 3 shows about 5 db. 
improvement with 20 db, of cfipping. The in-
telligibility threshold improvement is less than 
the 10 db. gain, and it is evident that the dis-
tortion produced degrades the intelligibility 
about the same as noise. 

R.F. Clipping 

Infinite clipping of the s.s.b. signal followed 
by only enough filtering to remove the r.f. 
harmonics would give a pep-to-average power 
ratio of nearly 0 db. The result would approxi-
mate a constant-amplitude frequency-modulated 
r.f. sine wave. Increased filtering to remove 
out-of-band intermodulation distortion products 
will raise the p.e.p.-to-average power ratio to-
ward 3 db. Like a.f. clipping the intelligibility 
threshold improvement is less than the theorti-
cal gain in average-to-p.e.p, ratio of the trans-
mitter. The expected improvement in intelligi-
bility threshold if no distortion masking is 

TABLE I 
Relationship of Power in a Band-limited 

Square Wave and its S.S.B. Envelope 

A.F. Square Wave  S.S.B. Envelope 

P.E.P./Av. Pwr. 

Maximum  Pk./Av. 

Harmonic  Power  Ratio  Db. 

Fifth  1.5  2.0  3.0 

Seventh  1.47  2.4  3.8 

Ninth  1.46  2.7  4.3 

Fifteenth  1.4  3.4  5.3 

present is: 14.5 db. — 3 db.  11.5 db. In the 
example of the 811A amplifier the measured 
power output with r.f. speech clipping using the 
thermocouple ammeter technique is in the re-
gion of 400 watts (3 db. less than p.e.p. ca-
pability). The r.f. ammeter would indicate a 
level of 2.8 amp. under these conditions. 
Evaluation of s.s.b. clipping from the receive 

side with constant-level speech, and filtering to 
restore the original bandwidth, results in an 
improved intelligibility threshold of 4.5 db. ‘,ith 
the clipping threshold set 10 db. below the 
signal peak. Increasing the clipping level to 
18 db. gives an additional 4 db. improvement, 
or 8.5 db. total increase, The difference be-
tween expected and measured intelligibility 
threshold value is less with s.s.b. clipping than 
with the earlier discussed audio clipping. This 
verifies that distortion produced by r.f. clipping 
is less than that caused by a.f. clipping. 

Speech Compression 

Because of the syllabic character of speech, it 
would seem that an optimum compression sys-
tem could operate to maintain a fiat envelope. 
Peak volume compression acts much like de-
layed a.g.c. and is capable of producing a flat 
output once the compression threshold is ex-
ceeded, Ideally, the flat part of the compression 
characteristic should have a range of 35 to 40 
db. Practically however, background noise very 
often reduces the range of the lower limit of the 
input. Compression much beyond 20 db. with 
high background noise will offer little improve-
ment. 
Compression may be accomplished at audio 

frequencies or at the s.s.b. transmitter's r.f. or 
if, amplifiers. In practice, fast attack a.g.c. is 
desired to prevent overshoot on steep voice 
wavefront signals (1 ms. or less). Too slow a 
release means the a.g.c. cannot follow rapidly 
decaying syllables.  The d.c. control voltage 
does not change appreciably from one cycle to 
the next. Weak syllables following a strong one 
are then also compressed. 

A.F. Compression 

A common a.f. compression attack tinte is in 
the region of 10 ms. and release time in the 
order of 300 ms. In order to follow the en-
velope of speech, considerably shorter attack 
and release times are necessary for an effec-
tively improved intelligibility threshold. The 
ideal attack time for a syllabic compressor's 
a.g.c. loop should be 1 ms. or less. The idease 
time should be faster than 10 ms. Difficulties 
arise with such a fast release time constant, as 
feedback by the a.g.c. line can be regenerative 
or degenerative depending on the phase shift 
in the control loop. 
Slow time constant compression is valuable 

for maintaining relatively constant average vol-
ume speech, but such a compressor adds little 
to the intelligibility threshold at the receiver, 
only about 1-2 db. 
The faster time constant syllabic compressor, 
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on the other hand, can give up to 5-51i db. 
improvement in the intelligibility threshold. 
This level requires a rather high degree of peak 
compression, between 24-40 db. As is shown 
in Fig. 3 the intelligibility threshold improve-
ment of audio compression ultimately will ap-
proach that of audio clipping. Then the speech 
compressor behaves just like a clipper with the 
same threshold because the output waveshape 
is identical. The amount of distortion produced 
is the same as that produced by conventional 
clipping with the same limiting threshold. 

R.F. Compression 

S.s.b. transmitters generally utilize converters 
to translate the audio frequencies up to an r.f. 
band. After translation, the r.f. s.s.b. signal is 
linearly amplified by class A and class B stages 
to the required power level. Examination of the 
envelope of the r.f. signal for s.s.b. speech 
shows a variation in amplitude at the syllabic 
rate not too unlike that of the envelope of the 
speech. 
The most common type of speech processing 

presently employed in today's s.s.b. transmitters 
is ale. (automatic load or level control). This 
form of processor has been employed over the 
last 10-12 years. It has found wide acceptance 
in maintaining the peak r.f. output of the trans-
mitter at a relatively constant level when the 
modulation varies over a considerable range. 
Present a.l.c. systems by nature of their design 
time constants offer a limited increase in trans-
mitted average-to-p.e.p, power ratio. A value in 
the region of 2-5JZ db. is typical. 
In the example of the 811A amplifier, the 

measured power output, using the thermo-
couple-ammeter technique, is increased to the 
region of 45-100 watts.  The r.f, ammeter 
would indicate an average level between 1-13(2 
amp. r.m.s. under these conditions. Examining 
the above transmitted signal from the receiver 
side, 15 db. of peak ale. improves the intel-
ligibility threshold by 1 db. to as much as 3 db. 
The intelligibility threshold improvement is 
again less than the transmitted increase, as was 
noted in the preceding processing techniques. 
An r.f. syllabic compressor can be macle to 

function in the if. stages of the transmitter. 
Sufficient a.g.c. is employed to flatten out the 
amplifier output characteristic above the thresh-
old. This requires not only fast attack to follow 
the envelope rise but also fast decay to follow 
the fall of the envelope. The frequency ratio 
between the r.f. s.s.b. voice signal and the voice 
syllabic rate is of course much greater than the 
ratio between the voice signal (audio) and the 
syllabic rate. Gain control time constants can 
be made much faster without the hazard of 
regenerative signal feedback and resultant se-
vere distortion and even oscillation. 
An r.f. syllabic compressor will naturally initi-

ate distortion of the s.s.b. envelope in relation 
to the voice signal. Harmonic distortion gen-
erated in the r.f, envelope will of course be in 
multiples of the r.f. frequency and therefore lie 

• 

outside the r.f. passband. No even-order distor-
tion products will appear in the output. This 
has the advantage that fewer in-band distortion 
products are created for a given level of com-
pression. An r.f. filter in the output removes 
IM-distortion products falling outside the orig-
inal passband. 
With such circuit application and operating 

in the region of 40 db. peak compression, the 
intelligibility threshold for constant level speech 
can be maclé to improve nearly 6 db. This com-
pares with the 8.5 db. improvement obtained by 
nearly 20 db. of r.f, clipping followed by filter-
ing. 
Since clipping produces as good a result as 

compression, why is r.f. compression considered 
in view of its greater complexity? For a given 
improvement in marginal intelligibility the r.f. 
compressed wave has about 6 db. less third-
order IM-distortion and about 12 db. less fifth-
order IM-distortion than the r.f. clipped wave. 
Thus, under nonmarginal conditions the r.f. 
compressed signal should have the better qual-
ity. 

Conclusion 

From the previous discussion it is seen that 
speech processing increases transmitted average-

TABLE II 
Parameters of Described Speech 

Processing Methods 

Processing 
Technique 

A.F. Clipping 
(300-2700 Hz. 

bandpass) 

Processor 
Peak 

Limiting 

Db. 

Trans-

mitter 
Gain in 

Av.-To-
P.E.P. 

Output Db. 

Intelligi-

bility 
Threshold 
Improve-

ment 
ITI, Db. 

25  10.2 
15  7.5*  4 

Common A.F. Compression 

(Slow time constant)  20  1 

Syllabic A.F. Comp. 

(300-2700 Hz. 

bandpass) 
A.L.C. 

(Fast attack time,) 

(slow release time) 

R.F. Clipping 
(300-2700 Hz. 

bandpass) 

25-40  8-10*  5-5i 

15  2-5i  1-3 

18  11.5  8.5 

10  6*  4.5 

R.F. Syllabic Compression 
(Fast attack and)  40  6 

(release time) 

NOTE unprocessed speech is given in text as having a 

peak-to-average power ratio of  14.5 db. Values 
marked by asterisk* are approximate from author's 

measurements and observations. 

e 
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to-pep. power, thereby improving the intelli-
gibility threshold. This has been determined 
experimentally in actual communications set-ups 
by careful examination of what is presented as 
intelligibility in the receiver output. 
Audio clippers (and fast syllabic a.f. com-

pressors) add harmonic distortion as well as in-
termodulation distortion in the signal passband; 
r.f. clippers (and fast syllabic r.f. compressors) 
generate harmonic distortion at frequencies that 
are multiples of the r.f. filter frequency and are 
therefore rejected.  Only odd-order products 
falling within the filter passband will appear in 
the output. Hence for these reasons, r.f. proces-
sors "sound better" than do a.f. processors. 
In the absence of noise, speech processing 

(r.f. or a.f.) changes the character of the 
sound. Hard limiting produces noticeable dis-
tortion. Low-level sounds on most consonants 
have an increased prominence. Breath sounds 
and background noise also assume greater sig-
nificance. Use of large amounts of clipping or 
syllabic compression makes a noise cancelling 
microphone a very desirable item to suppress 
ambient background noise. 
Listed in Table II is a surnmmy of param-

eters for the processing techniques previously 
described. A conclusion readily drawn from 
observing Table II is that the greatest intelli-
gibility threshold improvement is obtained from 
an r.f. clipper employing about a 20 db. clip-
ping level. Intelligibility threshold values are 
justified on empirical grounds. Caution should 
be exercised in extrapolating results; e.g., if a.f. 
and r.f, compression are employed together, only 
the larger improvement factor should be con-
sidered as they are not directly additive. 
Today most of the speech processing is taking 

place outboard from the transmitter or by 
adapters incorporated into existing equipment. 
Solid-state devices lend themselves ideally in 
the design of effective compact units. From 
this it seems only logical to presume as well that 
the next generation of s.s.b, equipment will have 
speech processing (other than just a.l.c.) in-
cluded in the design concept. 
The author wishes to extend appreciation and 

thanks to Mr. Stanley Brown and to Mr. Clar-
ence Munsey, K6I V, for their helpful sugges-
tions in reviewing this writing. Certainly the 
greatest credit must be given to those authors 
listed in the bibliography, for without their 
work this article would probably not have 
evolved. 
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» A controlled amount of clipping added to compression gives 
a better overall result, in speech processing, than either alone. 

A Solid-State Speech 
Processor 
Co mpression and Clipping for Increased Voice Po wer 

JOSEPH J. SPADARO, WB2EYZ 

The object of this speech processor is to raise 
the average-to-peak power level in the speech 
spectrum with negligible change in audio qual-
ity. This will result in a corresponding in-
crease in the average r.f. power, when used 
with a transmitter. It creates greater output 
from an s.s.b. transmitter, which normally is 
limited by the p.e.p. rating of the output tubes, 
and it permits much greater modulation power 
for a.m. rigs. 
The proper use of this speech processor can 

double the d.c. power into the final of a mod-
ern s.s.b. transmitter without degradation to the 
audio quality. 
The January 1969 issue of QST carried a 

splendid article explaining the virtues of speech 
processing.1 The article treated rather thor-
oughly the relative merits of r.f. clipping, audio 
clipping, and speech amplitude compression. It 
showed that theoretically the average-to-peak 
value of a transmitted signal can be enhanced 
considerably by the addition of r.f. or audio 
clipping of high-amplitude pulses.  It also 
showed that r.f. and audio clipping, when prop-
erly applied, result in much greater effective 
power increase, or punch, than can be obtained 
from compression alone. 
This article prompted the author to develop 

the audio speech processor described here. Pre-
viously, he had successfully built a speech com-
pressor,2 but experience showed that the com-
pressor when used properly with a modern 
s.s.b. transmitter having effective a.l.c. circuits, 
offered only a small improvement in transmitter 
punch.  The enhancement was primarily in 
maintaining a constant microphone level and 
was most advantageous only when the overall 
speech-input level was not kept reasonably 
constant. 
The present speech processor employs two 

fundamental principles: level speech output 
through the use of automatic gain control 
(age.), and clipping of audio pulses at a pre-
determined amplitude to raise the average-to-
peak level.3 

From November, 1969, QST. 
1 Collins, "Ordinary and Processed Speech in S.S.B. 

Application," QST, January, 1969. 
Moate, "An Audio Peak Limiter for Voice Trans-

mission," QST, August, 1965. 
The only previous design using this combination of 

which the author is aware was described by J. L. Tonne, 
W5SUC, in September 1956 (1ST. Appropriately, the 
article was titled "Compression and Clipping." 

These functions are best related when the 
age. (or compression) precedes the amplitude 
clipper. Under these conditions more consistent 
clipping can be achieved since the audio level 
fed into the clipper is comparatively constant. 
To translate this concept into hardware, it was 
decided to add a clipper circuit to the output 
of the speech compressor already in use. 

Adding a Clipper 

The typical clipping voltage for germanium 
diodes is about 0.2 volt. Therefore, adding di-
odes directly at the output of this particular 
compressor circuit would prove ineffective since 
the compressor output is about this same level. 
It is necessary to add another stage to the cir-
cuit to act as a voltage amplifier and raise the 
audio amplitude high enough for clipping by the 
diodes. 
After careful scrutiny of the compressor cir-

cuit it was realized that the transistor stage 
following the output transistor Q, in the orig-
inal compressor is, in fact, a voltage amplifier. 
This transistor is in the compressor feedback 
loop and serves as a convenient signal takeoff 
point for subsequent clipping. 

Compressor Circuit 

Several minor and one major improvement 
were made to the compressor circuit. Fig. 1 is 
a schematic of the speech processor, a portion 
of which includes the compressor circuit. All 
components used are essentially equivalent to 
those originally specified in August 1965 QST. 
The 1N270 diodes have very low forward re-
sistance and are better than the 1N34s. The 
20- and 25-d. capacitors were replaced by 22 
g. capacitors were replaced by 22 p.f., 10-volt 
types for uniformity. The single-pole single-
throw switch was replaced with a triple-pole 
double-throw slide switch. This enables the op-
erator to bypass the processor without the need 
for disconnecting cables. Also, R, is now a 
fixed 10,000-ohm carbon resistor. 
One major improvement was the addition of 

a 0.002-d. ceramic capacitor directly from the 
base of transistor Q, to ground.  Although 
great care was taken in providing a good ground 
for the unit, the author was plagued by r.f. 
feedback, detected as random clicking pulses 
during transmission. The capacitor completely 
stopped the feedback. 

1 



COMPRESSOR 

FIG. 1—Circuit diagram of the speech compressor. 

Capacitances are in µf.; capacitors with polarity 

marked are electrolytic, others are ceramic.  Re-

sistances are in ohms (Kz-- 1000); fixed resistors 
are 1/2 -watt composition. 

C11,-CR, incl. -1N270 or equivalent. 

A single 9-volt transistor radio battery serves 
as the power supply, and will last a reasonably 
long time even for the most ambitious operator. 

Clipper Circuit 

The clipper, which is coupled to the collector 
of Q, through a 0.1-4 capacitor, consists of 
two diodes back-to-back followed by a con-
stant-k filter which cuts off all frequencies 
above 2500 to 3000 Hz. A 50,000-ohm shunt 
resistor is added, the object of which is to 
provide a relatively constant high-impedance 
termination for the filter under varying load con-
ditions. The use of a 50,000-ohm linear poten-
tiometer for the termination permits adjusting 
the output level to the transmitter. The output 
of the processor can then be matched to the 
microphone output so that switching from one 
to the other will not require readjustment of the 
transmitter microphone gain control. The output 
range of the processor is greater than that of 
the original compressor. 
The filter includes a UTC DOT-8 choke, 

which has proved very effective. However, any 
choke having an inductance of about 3 henrys 
should perform satisfactorily. 
The compression and clipping levels could be 

independently adjusted by using a 50,000-ohm 
potentiometer between Q4 and the clipper. 
However, the additional control is not necessary 
nor is it recommended, as the processor works 
extremely yell without it. 
Observations of the audio output on an oscil-

Single Sideband 

CL I PPER 

Li-3-3.5 henrys, miniature type desirable. 

0,-0,, incl. -2N1375 or equivalent. 

R1-10,000-ohm control, audio taper. 

R, —For text reference. 

R; -50,000-ohm control, lineor taper. 

S1-3-pole double-throw slide switch. 

loscope verified that the clipping is "soft." That 
is, when the amplitude is clipped it does not 
result in a sharply-squared-off wave-form, but 
rather a compressed or shortened version of 
the original pulse. This feature is considered to 
be the result of the combination of age. (com-
pression) and clipping, together with the low-
pass filter, and the final result is an audio out-
put essentially free of harmonics above the filter 
cutoff frequency. 

Construction 

As in the construction of most audio devices, 
layout of components is not critical. For exam-
ple, the circuit components can be laid out 
physically just as they are depicted in the sche-
matic, with satisfactory results. Layout details 
are left to the reader. Other than good con-
struction practices there are no restrictions 
about component placement. 
In the original version the author, having had 

previously constructed the compressor merely 
added the clipper circuit on a separate 4-prong 
tie-point standoff. The processor was combined 
with a phone patch, being housed in a 3 X 4 X 
5-inch Minibox.  (Incidentally, phone-patch 
quality is considerably enhanced when chan-
neled through the processor.) A later version, 
built on prepunched board using flea clips as 
tie-points, is shown in Fig. 2. 
The most important point to remember dur-

ing construction is a good circuit ground sol-
idly connected to the chassis ground. 
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Adjustment 

The limitations of the processor must be 
realized. The best that it can do is double your 
signal strength, when using good-quality equip-
ment that already includes such features as ale. 
Beyond this point there will be noticeable de-
terioration of the voice quality and an objec-
tionable increase in background noise. The op-
timum setting is just below the level where 
these two conditions occur. 
Only one adjustment actually exists, since R., 

merely serves to set the output initially. The 
author's experience is that the optimum ad-
justment for R, is about il to Jf, turn (100 ohms 
on an audio-taper potentiometer). Once set, 
this adjustment should satisfy all operating con-
ditions from armchair ragchewing to pulling out 
the rare ones. A condition that can justify a 
higher setting of R, is when an operator is 
distant from the microphone, provided that 
background noise is nonexistent. Tests per-
formed on the air verified that although more 
d.c. plate current could be drawn, the punch 
power no longer increased when the limiting 
control R, reached the point of noticeable dis-
tortion. 
Adjustment of the processor can be facili-

tated if you are equipped with a hi-fi system. 
By connecting the processor to the auxiliary in-
put of the amplifier and attaching headphones 
to a suitable output, one can actually hear the 
optimum adjustment while speaking. 

Performance 

Due to the complexity of voice waveshapes 
quantitative evaluation of the processor is be-
yond the scope of this article. However, cer-
tain significant observations have been made 
which, though qualitative, verify the claim 
made at the outset—that the processor can in-
crease the punch of your high-quality rig up to 
two times. 

FIG.  3-0scillograms  of  the  word  "eye"  with 

(above) no processing and (below) processing with 

the adjustments  made as  described  in the text. 

The more nearly constant amplitude of the peaks 

in the lower trace is an indication of the increase 

in average power. 

FIG.  2—One  side  of  a 

punched-board assembly of 

the  processor.  The  three 

100-gf. electrolytic capacitors 

and the five transistors are 

visible.  Other  components 

are mounted on the reverse 

side. 

The performance of this unit has 
been verCied by (1) significant addi-
tional heat dissipation in the power-
output tubes, 4 (2) doubling of the es-
timated average d.c. plate current, (3) 
glowing reports from distant receivers, 
and (4) actual visual verification on an 
oscilloscope. 
Fig. 3 shows a picture of audio sig-

nals made on a Tectronix 549 storage 
oscilloscope. Sweep rate was set at 10 milli-
seconds/cm and the amplitude was set at 0.2 
v./cm. The scope could independently record 
and store a trace on either the upper or lower 
half of the screen. The scope was triggered 
with the voice sound "eye" which was simulta-
neously recorded on the screen. The upper 
trace was made using a straight microphone and 
the lower trace using the processor. The in-
crease in average-to-peak ratio is easily recog-
nizable in the lower trace. These traces are 
also representative of patterns observed on the 
scope during conversational speech. The ampli-
tude variation was always much more uniform 
when using the processor and the observed av-
erage-to-peak ratio was always higher.  All 
scope patterns were observed with the proces-
sor adjusted just below the point where distor-
tion or background noise are objectionable, as 
discussed earlier. 
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' This is an extremely important consideration in the 
use of any speech processor which increases the average. 
to•peak power ratio. Many transmitters simply are not 
built to stand the effects of increased average input, 
either in the final-amplifier tube or tulles or in the 
power supply. If heating in the final tube is the limiting 
factor, adding a cooling fan may be a satisfactory 
answer. The author added one in his own equipment. 
—Editor. 
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» Increased talk power on s.s.b. at the same peak-envelope power, 
with a reduction in out-of-channel splatter. R.f. clipping and 
filtering is the answer. And it doesn't take complicated circuits. 

R. F. Clippers for SSB 
WILLIAM SABIN, WOIYH 

It has been verified, through extensive tests, 
that the ordinary voice contains high-amplitude 
peaks which are about 14 db, greater than the 
average level. It is also recognized that voice-
communication systems are often peak-power 
limited. For example, a certain single-sideband 
linear amplifier will handle 2000 watts peak 
power before it flat-tops, even though it can 
handle 1000 watts average. From these facts, 
one infers that the natural voice may not pro-
vide the maximum utilization of the equipment. 
Let's say it another way: the talk power" is not 
as great as it could be if the peak-to-average 
ratio were not so high. If we can elevate the 
average level without overloading on peaks, the 
weaker components of the voice become more 
prominent. The result is that in a noisy, or 
cluttered, channel a higher level of articulation, 
or understandability, is achieved. 
In order to reduce the peak-to-average ratio 

it is necessary to modify the signal waveform. 
This inevitably leads to distortion of the voice 
signal. This distortion reduces the articulation. 
From all of this we conclude that the best 
method of speech processing is the one that 
gives the greatest increase of talk power and 
the least distortion. 
A figure of merit for speech processors is the 

ratio of peak signal to r.m.s. noise which is re-
quired for a given degree of articulation. For 
example, one system may require a ratio of 10 
db. for an articulation index of 0.3. If an audio 
compressor is used, perhaps only 7 db. will be 
required. 
Fig. 1 is a comparison of three different 

methods of speech processing used in s.s.b. 
work. The audio compressor had an attack 
time of 0.005 seconds and a release time of 
0.5 seconds. As these time constants are short-
ened, the performance approaches that of the 
audio clipper. The r.f. compressor had 0.001 
seconds attack time and 0,2 seconds release time 
(typical of a.l.c. circuits). As these time con-
stants are shortened, the performance ap-
proaches that of the r.f. clipper. 
Not all the possible schemes are shown in 

Fig. 1. This article is concerned only with 
"simple" techniques.  Moreover, the type of 

From July, 1967, QST. 
1QST January, 1954, page 19. 

audio limiting described by Schleicher2, which 
might be called "simple," has not been consid-
ered here. 
Fig. 1 shows an advantage of several db. for 

r.f. clipping, for 20 db. of processing, over its 
nearest competitor. This article is concerned 
with this type of processing. At this point, pre-
vious material should be reviewed.3,1,5  

Sideband Clipper Performance 

Fig. 2 is a block diagram of the setup that 
was used to study the r.f. clipper. The mea-
surement equipment was all of very high qual-
ity. The transmitter and receiver were stan-
dard amateur gear with the clipper unit out-
boarded. 
Fig. 4 shows a two-tone envelope, measured 

right at the point of clipping, after various 
amounts of clipping. Note that the peak-envel-
ope signal remains nearly equal to the single-
tone envelope of Fig. 5. The clipped envelope 
is quite flat. At large amounts of clipping, the 
peak-envelope signal is nearly the same as the 
average. That is, the peak-to-average ratio of 
the envelope approaches zero db. 
Fig. 6 shows the output of the second filter 

for the single tone and for a two-tone signal 

' Schleicher, "A Passive Limiter," QST, December, 
1966 
,Craiglow, et al. IRE Trans. Audio, Nov. 1961. 
Squires and Clegg, "Speech Clipping for Single Side-

band," QST, July 1964. 
Pappenfus, et al. Single Sideband Principles and 

Practice, Chapter 20. (McGraw-Hill). 

RF. CLIPPING 

AdOI0 CLIPPING 

(AUOIO COMPRESSION 
(SeeText) 

- -- "\--R,F.COMPRESSION 
5  20 

ID 6. OF PEAK COMPRESSION OR CLIPPING (SSB) 

FIG. 1—Comparison of simple single-sideband speech 

processing methods. 
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TABLE I 
Wave Analyzer Data Receiver Output 

Two-Tone  S.S.B.  0-db. R.F.  10-db. R.F.  20-db. R.F. 

Source  Receiver  Clipping 

fA 600 c.p.s.  0 db.* 

fa 1000 c.p.s.  0 db.* 

2fA 1200 c.p.s. (2nd harm.)  —70 db. 

2fa 2000 c.p.s. (2nd harm.)  —80 db. 

2fa—fA 1400 c.p.s. (3rd order)  —75 db. 

3f8-2fA 1800 c.p.s. (5th order) —80 db. 

* Normalized 

0 db.* 

0 db.* 

—50 db. 

—50 db. 

—35 db. 

—45 db. 

0 db.* 

0 db.* 

—48 db. 

—48 db. 

—26 db. 

—40 db. 

Clipping  Clipping 

0 db.* 

0 db.* 

—46 db. 

—46 db. 

—11 db. 

—20 db. 

0 db.* 

0 db.* 

—42 db. 

—41 db. 

—10 db. 

—17 db. 

with 20 db. of clipping. Several interesting 
things are illustrated by these photos. For one 
thing, the heavily-clipped two-tone signal is 
restored to almost the original form, except for 
distortion products which lie in the passband of 
the filter. Secondly, the peak-to-average ratio 
of the restored waveform is almost equal to its 
original 3 db, These things happen because the 
filter rejects all of the out-of-band distortion 
products. 
Now, from the photographs, we make the 

following measurements. At the input to the 
filter, we see that the two-tone peak (20 db. 
of clipping) is 2 percent higher than the single 
tone. At the output of the filter, the two-tone 
is 31 percent higher than the single tone. The 
net increase through the filter is 29 percent. 
Theory predicts 27 percent. Voice waveforms 
exhibit approximately the same effect, and this 
fact must be considered when adjusting the 
transmitter. If we tune up and adjust clipping 
on a single tone, we will flat-top like mad on 
voice.  This situation is aggravated by the 
higher d.c. plate and screen voltages which are 
available on speech as compared with single 
tone. 
We now look at the output of the receiver 

with a wave analyzer. Thus we are duplicating 
an actual communications setup and examining 
what comes out of the loudspeaker. We are 
looking at in-band distortion products. The re-
sults are listed in Table I. The quality of the 
two-tone audio source and the receiver are in-
cluded, for reference. Lookiig first at the col-
umn for zero db. of clipping, we see that the 
harmonic distortion is very good, and the third 
and fifth order intermodulation products are 
pretty good. Proceeding to the 10-db, column, 
we see that the harmonic distortion is hardly 
affected, but the intermodulation products get 
larger. We have now put the finger on why r.f. 
clippers sound better than audio clippers. Audio 
clippers add a lot of harmonic distortion as 
well as "intqrmod." In the r.f. clipper, the 
harmonic distortion appears at multiples of the 
filter frequency, and is therefore rejected. 
Proceeding to the 20-db, column, we see that 

the intermod products increase only slightly. 
This in itself is very interesting and is substan-
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FIG. 9—Two-tone spectrum, 20-db. clipping, no out-

put filter (measured at test jack in Fig. 3).  Filter 

6-db. bandwidth 2.1 kc.  Sweep width 16 kc. 
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The outboard s.s.b. clipper built 

by the author is on a 6 X 4 X 2-
inch chassis.  The filter is at the 

right; the test jack, drive control, 
and slug-tuned coil are along the 

edge at the bottom.  The chassis 

wall at the tap in this photo is 

bolted to the rear of the exciter 

cabinet in normal use. This model 

does not have the bypass switch 

s, in Fig. 3. 

tiated fairly well by listening tests. The har-
monic distortion is degraded a little, because in 
this particular test we deliberately drove the 
audio circuitry in the exciter harder. The data 
shows that this is all right, as long as we don't 
overdrive the balanced modulator or run into 
hum problems. 
Figs. 7, 8 and 9 are spectrum sweeps (16 kc. 

wide) measured at the output of the transmit-
ter. The filter response is indicated. We see 
that with 20 db, of clipping, Fig. 8, the out-of-
band performance is acceptable, in terms of 
present-day amateur practice. The particular 
exciter used for these tests was a fairly inexpen-
sive unit, and does not represent the best that 
can be had. Aside from all of this, it is a fact 
that the complete absence of flat-topping, de-
spite the high average level, is a great big plus 
mark for the r.f. clipper. 
It is interesting to see what the "garbage" 

looks like if we leave out the second filter. See 
Fig. 9. Surprisingly enough, the intermod. prod-
ucts are down at least 65 db. at each end of the 
16-kc. sweep. If higher pitched tones had been 
used, the results would have been worse look-
ing.  Nevertheless, the higher-order products 
do drop off rather quickly. Still, the second 
filter should be of good quality, and should 
have low leak-through, outside the pass band. 

Transmitter Adjustment 

When first starting out with a clipper it is 
easy to get confused. Because of the irregular 
behavior of meters and scope patterns with 
speech signals, it takes some headscratching and 
experience to know what is going on. 
The best place to begin is to tune up the rig 

on a two-tone audio signal with the clipper in 
the "tune" position. The level of the two-tone 
signal should be set just below the point at 
which clipping begins (see Fig. 4A). This 
measurement is macle with a scope at the clip-
per test jack. The drive control and all succeed-
ing adjustments may then be set for best output 

and linearity, in the usual way. If a.l.c. is used 
the peak envelope signal should be set, using 
the drive control, right at the point where a.l.c. 
begins. If the peak-envelope voltmeter to be 
described later is used, it may now be adjusted 
for ten percent deflection. 
Now switch over to microphone input. Turn 

up the mike gain until the same peak output is 
indicated on the output monitor scope. The 
a.l.c. meter will flicker occasionally and the 
peak-envelope volemeter will show occasional 
activity. Now turn the switch on the clipper 
to the "clip" position. You now have about 20 
db. of peak clipping. While talking steadily 
into the microphone, adjust the drive control 
so that the proper peak level is maintained. The 
peak-envelope meter will kick up on scale very 
frequently and the final plate meter will kick 
up to a level which is just about equal to that 
obtained in the two-tone test. That is to say, 
on voice peaks the peak-to-average ratio will 
approach 3 db. for short intervals.° The ratio 
over a longer period will be about 9 db. 
The mike gain contiol can be used to make 

minor adjustment of clipping. A little experi-
ence will enable the operator to set the gain 
for good quality and lively meter action. Avoid 
the temptation to run the gain way up. The 
rig won't flat-top, of course, but distortion and 
room noise can become excessive and communi-
cations effectiveness is hardly improved at all. 
Any change of gain after the clipper due to 

mistuning or line-voltage changes will cause the 
peak level to become too high or too low. The 
peak voltmeter makes a good monitor for this 
condition. If a.l.c. is applied to the exciter after 
the clipper, it can be used to adjust the drive 
level. One or two db. of fast-attack, slow-re-
lease type a.l.c. should be used. If a.l.c. is ap-
plied ahead of the clipper, it will be worthless. 

The Clipper Circuit 
The signal at the input of the clipper unit 
G See page 160, Single Sideband for the Radio Ama-

teur, 3d ed., 1962, "Power Ratings," by L. Norton, 
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should be about 0.25 volt peak envelope. The 
signal at the clipper diodes should be enough 
to make up the loss in the drive control, cath-
ode follower and filter, and to drive the right to 
full output. In the exciter used by the author, 
one volt peak envelope was enough. The diode 
clipper circuit shown gives flat clipping, good 
symmetry and freedom from rectification effects 
which can spoil the clipping symmetry during 
the transient conditions encountered in speech 
wave-forms. An important feature is that the 
clipping level is independent of line-voltage 
fluctuations. Also, hard, flat clipping prevents 
overloading the transmitter on the strongest 
peaks. 
From the above it can be seen that for 20 

db. of clipping, a total voltage increase of forty 
(32 db.) is required. The amplifier should be 
biased so that the control grid does not go posi-
tive on peaks. The inductor L, in the plate cir-
cuit resonates with stray capacitance, about 25 
pf., at the if, frequency. This adjustment may 
be made with a small one-tone input. Before 
clipping, the plate load is essentially 15,000 
ohms. During clipping the plate load drops to 
less than 100 ohms. After all adjustments are 
complete, recheck the resonance of the tuner 
circuit. 
Finally, on c. w. it is best to switch the clip-

per out of action altogether. 

Construction 

The clipper unit is built on a small chassis 
which is bolted to the exciter cabinet for good 
grounding. The coax leads must be kept very 
short to prevent distortion of the filter response. 
Leakage paths around the filter must be elimi-
nated by careful shielding and lead dress. The 
filter should be kept away from both a.c. and 
d.c. magnetic fields. A soft-iron cover for the 
filter may be needed. Stray r.f. from high-power 
amplifiers should not be allowed to sneak in 
and gum up the works. 

Peak-Envelope Voltmeter' 

Fig. 10 shows that the peak-envelope volt-
meter consists of an adjustable capacitive di-
vider from the plate of the amplifier to ground, 
a rectifier, an r.f. filter, a zener diode and iso-
lation diode, a 50-1.4f. storage capacitor, and a 

'Brocee, "Directional 'Wattmeters", QST, April 1959. 

.̀17e0.14VPFC'efeee-ee 

1N965 
ZENER. 
1.5v0/t 

20K 

FIG.  10 —Peak-envelope  volt-

meter circuit.  Resistances are 

in ohms; K = 1000.  Capacitor 

with polarity marked is elec-

trolytic; other fixed capacitors 
are ceramic or mica. 

o-1 voltmeter. The principle 
of operation is that if the 
peak-envelope signal exceeds o-so 
the zener voltage, the capaci-
tor will charge up quickly, 

causing the meter to "hang up." After several 
syllabic peaks the meter will give a pretty good 
indication of peak-envelope voltage. The adjust-
able capacitor should be set for about ten per-
cent deflection of the meter. The quantity being 
measured is the r.f. voltage supplied to the plate 
load. After the initial adjustment, previously de-
scribed, it makes a good tuning and loading in-
dicator. A glance at its activity also tells you if 
the drive and clipping are adequate (or too 
much ). 

Results 
When you build a gadget like this, you start 

out in a wave of optimism. You are going to 
knock 'em dead on the DX phone bands. How-
ever, after battling it out with the gang, you 
become a realist again. (Will I ever beat those 
stacked Yagis in Saddle Brook??) 

The following statements tell the story for a 
good 20-db. r.f. clipper: 
1) If you start out with good, clean audio and 
a high-quality microphone, the signal has a 
crisp, clean communications quality with a 
very high degree of articulation. You get a 
lot of "solid copy" and "perfectly readable" 
reports. 

2) Clipping is most effective under very weak-
signal conditions. It is also helpful (but ap-
parently no panacea) in the big pileups. 
For ordinary state-wide ragchews it provides 
effortless readability. The clipper has def-
initely improved the author's competitive 
capability in DX chasing. 

3) The clipper provides a very excellent way of 
keeping amplifiers linear and clean, even in 
the "heat of battle." 

4) In the author's opinion, and according to 
the best laboratory data available, the r.f. 
clipper is significantly better than any sim-
ple audio compressor. 

5) It also requires that you dig into the exciter 
and do a little work. You don't just "plug 
it in." 

6) An additional sideband filter is required. 
They are somewhat expensive. 
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» Automatic transmit-receive switches are the answer to 
break-in operation with one antenna. This electronic switch 
uses a twin-triode, with an "all-band tank" for tuning. As a 
consequence, the switch also provides some gain. 

An Electronic 
T-R Antenna S witch 

EDWARD ARVONIO, W3LYP 

After 41A years on s.s.b. I felt the need for a 
t.r. switch that would replace the old coaxial 
relay and give worthwhile gain on all bands 
with low noise and no TV'. The tr. switch 
described here will give a gain of better than 
20 db. on all bands, and its operation as a t.r. 
switch leaves little to be desired. The tuning 
control has to be set only once whenever you 
change bands.  With proper shielding and 
filtering, it was possible to eliminate TVI com-
pletely. At present I operate mainly on 21-Mc, 
s.s.b., and no TVI is caused by the switch. 
Referring to the circuit in Fig. 1, one section 

of a 6BZ7 is used as a grounded-grid amplifier. 
Its plate circuit is tuned by an "all-band tank" 
that requires no switching.  The output is 
coupled to the receiver through the second 
section of the 6BZ7, operated as a cathode 
follower. Operating bias for the input section 
is obtained by the d.c. drop across the 2.5-mh. 
r.f. choke; when the transmitter is on, a high 

From QST, October, 1957. 

ANT. 

4701.1pi. 

s, 

3 

2.5 

0.01 

RFC2 

bias is developed across the 470K grid return. 
The choice of tube for the switch came out 

of many experiments.  I chose a tube that 
would have a low noise figure and would 
stand up under 1-kw. s.s.b. conditions without 
burning out. Let me not mislead you at this 
point; it is possible to blow the tube under 
certain operating conditions. It is possible to 
blow the tube if you operate the switch with-
out an antenna load or operate with an s.w.r. 
of more than 3 at a kw. input. After checks 
of several makes of tubes, it was found that 
RCA 6BZ7s were the only ones that would 
stand up with a kilowatt transmitter. If lower 
power is contemplated, any brand will prob-
ably do., 

' Manufacturers do not rate their tubes for r.f. volt-
ages between heater and cathode, and the 200-volt d.c. 
rating for the 6E17 is not applicable.  W3LYP's find-
ings are reported here because the t.r, switch is a useful 
device,  but using it at power levels above several 
hundred watts can only be considered as a calculated 
risk. At higher power levels two tubes should be used, 
with the heaters fed from separate windings, so that 
the heaters can be tied to the cathodes.—Ed. 

150,upt 

470K Rrc, 
21ph 

CR, 

V,  6 

0.001 

1K 

47 : 
TO 

0.01  RCVR. 

+120 

613Z7 

FIG. 1—Schematic diagram of the electronic t.r. switch.  Capacitances are in Id, unless otherwise noted. 

Resistors are 1/2 watt unless otherwise specified. 

Ci-450-pf. per-section, broadcast-receiver type. 

C121 -130-volt  65-ma,  selenium  rectifier  (Federal 

1002A or equiv.). 

.12 —Cable connectors, SO-239. 

1.3-19 turns, 1-inch diam., 32 t.p.i. (B & W 3016). 

L2 -23 turns, 1/2 -inch diam., 16 t.p.i. (B & W 3003). 

RFCr —Ohmite Z-28 or equiv. 

RFC2, RFC3 —Ohmite Z-50 or equiv. 
RFC4 —Bifilar winding. See text. 
Vi -6BZ7. See text. 

T1 -115-v. secondary at 15 ma., 6.3 volts at 0.6 amp. 
(Triad R-54X or equiv.). 
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This electronic transmit-receive switch works on oil 

amateur bands down to 10 meters. No switching is 

required to change bands. 

A bifilar winding is used in the heater circuit 
of the 6BZ7 to reduce the heater-cathode 
capacitance at VIA. Shown as RFC4 in Fig. 1, it 
was made by putting two parallel windings of 
No. 26 enameled on a 1-inch diameter form 
1M inches long. The form can be a piece of 
hard wood or fiber rod or tubing, with the 

wires anchored through small holes at the 
ends of the form. 
The switch was built in a 4 x 5 x 3-inch 

utility box, with the transformer and tube on 
top of the chassis and the remaining com-
ponents inside. The tube socket was mounted 
close to the input connector Is. A little trouble 
with oscillation of the grounded-grid section 
was encountered when the unit was first tried, 
but this was curbed by connecting a lead from 
the rotor of Cs to a common ground point 
instead of relying upon the chassis for a ground 
return. 
It has been found that when the switch was 

installed in some ham stations a loss of gain 
occurred when the transmitter was connected 
to the switch, but at no time did the gain go 
below unity. This loss of gain only occurs 
when the "suck-out point" of the transmitter 
output circuit occurs at the frequency to which 
the receiver is tuned.2 It has been my finding 
that by changing the L-to-C ratio of the trans-
mitter's output circuit it is possible to move 
the suck-out point sufficiently to overcome this 
difficulty.  It takes only a small change to 
correct the situation. 

See Campbell, "Some Variations in T.R. Switch 
Performance," QST, May, 1956. 
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» Practically all ham radio stations use some type of rf power 
meter or SWR indicator for tuneup and transmission line match-
ing. This article points out some of the problems which are 
frequently encountered in designing and building reflected-
power meters and SWR bridges. Examples of practical in-line 
rf watt-meters are given here, along with complete details for 
building a unit that will provide two power ranges, forward and 
reflected, for use from 3.5 to 30 MHz, 

In-Line RF Po wer Metering 
DOUG DEMAW, W10ER 

It is neither costly or difficult to build an rf 
wattmeter. And, if the instrument is equipped 
with a few additional components it can be 
switched to read reflected power as well as 
forward power. With the foregoing feature the 
instrument can be used as an SWR meter for 
antenna matching and transmatch adjustments. 
Perhaps the most difficult task faced by the 

constructor is that of calibrating the power 
meter for whatever wattage range he desires to 
have. The least difficult method is to use a 
commercial wattnieter as a standard. If one is 
not available, the power output of the test 
transmitter can be computed by means of an 
rf ammeter in series with a 50-ohm dummy 
load, using the standard formula, P = I2R. Or, 
if one is not interested in obtaining power read-
ings the bridge can be used solely as an SWR 
indicator, as is done with the Monimatch-style 
SWR bridge) 
The advantage of the circuits shown here 

over those of Monimatch bridges is that these 
instruments are not frequency-sensitive. Moni-
match indicators become more sensitive as the 
operating frequency is increased, thus making 
it impractical to calibrate them in watts for 
more than one band, or for more than one 
portion of a given band. The units described 
here are more sensitive than Monimatches are. 
This makes it possible to calibrate them for 
power levels as low as 1 watt, full scale, in any 
part of the hf spectrum. 

All of the circuits shown in this article are 
similar to the basic one which was described 
in an earlier issue of QST.2 Some of the cir-
cuits are those of commercial power meters, and 
are used to illustrate variations in the basic 
Bruene design. The reader may wish to ex-
periment with some of these circuits. 

Design Philosophy 
Referring to the circuit of Fig. 1B, the cir-

cuit used by Collins Radio Company, the trans-
mission-line center conductor passes through the 
center of a toroid core and becomes the pri-
mary of T1. The multi-turn winding on the 
core functions as the transformer secondary. 
Current flowing through the line-wire primary 
induces a voltage in the secondary which causes 
a current to flow through resistors R, and R6. 
The voltage drops across these resistors are 
equal in amplitude, but 180 degrees out of 
phase with respect to common or ground. They 
are thus, for practical purposes, respectively 
in and out of phase with the line current. Ca-
pacitive voltage dividers, C,C, and C,Cs, are 
connected across the line to obtain equal-am-
plitude voltages in phase with the line voltage, 
the division ratio being adjusted so that these 
voltages match the voltage drops across R, and 
R, in amplitude. (As the current/voltage ratio 
in the line depends on the load, this can be 
done only for a particular value of load imped-
ance. Load values chosen for this standardiza-

From December, 1969, QST. 
"Monimatch Mark II," QST, Feb. 1957. 

Bruene, An Inside Picture of Directional Watt-
meters," QST, April 1959. 
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FIG. 1—Schematic diagrams of typical in-line power 

meters.  At A, the R. L. Drake W-4 instrument.  It 

uses a center-tapped transformer at T1, and has 

but one capacitive voltage divider in the sensing 

circuit.  The circuit at B is discussed in the text, 

and is used by Collins Radio Company. The capaci-
tive voltage dividers in this circuit use two 500-pf 

feedthrough capacitors in place of the silver-mica 

capacitors specified in Fig. 2. Capacitors C, and 

C, permit a charge time that enables the meter to 

read near-peak power on ssb.  Calibrating resis-

tances R, through R4 are factory selected. The cir-

cuit of C is similar to one used by Comdel in their 

power meter,  In this circuit C, is a fixed-value 

(small) capacitor, and the bridge is nulled by the 

larger capacitor in the divider, C0. 

ANT 
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71 
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tion are pure resistances that match the charac-
teristic impedance of the transmission line with 
which the bridge is to, be used, 50 or 75 ohms 
usually.) Under these conditions, the voltages 
rectified by CR, and CR, represent, in the one 
case, the vector sum of the voltages caused by 
the line current and voltage, and in the other, 
the vector difference. With respect to the re-
sistance for which the circuit has been set up, 
the sum is proportional to the forward com-
ponent of a traveling wave such as occurs on 
a transmission line, and the difference is propor-
tional to the reflected component. 
The Collins circuit uses two 8-µF capacitors, 

C, and CG, to permit the meter to approach 
the PEP level during ssb operation. The dc 
voltages in the forward and reflected lines 
charge the capacitors to permit a near-peak 
reading. The discharge rate is set by the series 
calibrating resistors, R, through R4, and is 
dependent upon which of them is switched 
into the metering line at a given time. The 
circuit of Fig. IB uses two 43-pF capacitors, 
C, and C2, to cancel the inductive reactances 
of R, and R6. Such reactance may become 
manifest at the high end of the range for which 
the instrument is built. If reactance is present 
in that part of the circuit the meter readings 
may not be accurate, especially at 10 and 15 
meters. The capacitors were not needed in the 
circuit of Fig. 2, perhaps because the resistor 
leads were very short when they were mounted 
on the etched-circuit board. 

Some Design Hints 

It is important that the layout of any rf 
bridge be as symmetrical as possible if good 
balance is to be had. The circuit-board layout 
for the instrument of Fig. 2 meets this require-
ment. Also, the input and output ports of the 
equipment should be isolated from the remain-
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Top view of the  f head for the circuit of Fig. 2. 

A flashing-copper shield isolates the through-line 

and T, from the rest of the circuit.  The second 

shield (thicker) is not required and can be elimi-

nated from the circuit.  If a 2000-wott scale is de-

sired, fixed-value resistors of approximately 22,000 

ohms can be connected in series with high-range 
printed-circuit controls. Or, the 25,000-ohm controls 

shown here can be replaced by 50,000-ohm units. 

FIG. 2—Schematic diagram of a practical power 
watt-meter.  A calibration scale for M, is shown 

also.  Fixed-value resistors are 1/2 -watt composition. 

Fixed-value capacitors are disk ceramic unless other-

wise noted.  Decimal-value capacitances are in µF. 

Others are pF.  Resistance is in ohms; k= 1000. 

C1, C2-1.3 to 6.7-pF. miniature (E. F. Johnson 

189-502-4.  Available  from  Newark  Elec-

tronics, Chicago, Ill.). 

C3-C 11 , inc. —Numbered for circuit-board identifica-

tion. 

CR,, CR2—Small-signal germanium diode.  IN34A, 

etc. (see text). 

11, J2—Chassis-mount coax connector of builder's 

choice. Type SO-239 used here. 

to 200-µA meter (Triplett type 330-M used 

here). 
125 R2— Matched 10-ohm resistors (see text), 

12,1 R4-5000-ohm printed-circuit carbon control (IRC 

R502-B). 
12„,  R6-25,000-ohm  printed-circuit carbon  control 

(IRC R252-B). 
RFC,, RFC., -500-µ11 rf choke (Millen 34300-500 or 

similar). 

S1—Dpdt single-section phenolic wafer switch (Mal-

lory 3222J). 

52—Spdt phenolic wofer switch (Centralab 1460). 

71—Toroidal transtormer; 35 turns of No. 26 enam. 

wire to cover entire core of Amidon T-68-2 
toroid (Amidon Assoc., 12033 Otsego St., N. 

Hollywood, Ca. 91607). 

Bottom view of the rf head for the circuit of Fig. 

2. The fixed-value resistor at the lower left does 

not belong in the circuit, but was added as a shunt 

for one of the calibrating controls which was too 

high  in voluh —a 50,000-ohm  unit  that was on 

hand. The shield partition shown here proved un-
necessary and can be eliminated. 

1 



FIG. 3—Inside view of the 5- and 50-wall power 

meter rf head.  Component values are the same as 

in the circuit of Fig. 2, except for the calibrating 

resistances (see text). An aluminum shield isolates 

the through-line and toraid from the remainder of 

the circuit. A 50-,uA meter is used in this model. 

der of the circuit so that only the sampling 
circuits feed voltage to the bridge. A shield 
across the end of the box which contains the 
input and output jacks, and the interconnecting 
line between them, is necessary. If stray rf 
gets into the bridge circuit it will be impossible 
to obtain a complete zero reflected-power read-
ing on M, even though a 1:1 SWR exists. 
Referring again to Fig. 2, resistors R, and 

R, should be selected for the best null reading 
when adjusting the bridge into a resistive 50-
or 75-ohm load. Normally, the value will be 
somewhere between 10 and 47 ohms. The 10-
ohm value worked well with the home-made 
instruments shown here. It was found that half-
watt resistors exhibited somewhat less inductive 
reactance at 30 MIIz than did some one-watt 
units tried. R, and R, should be as closely 
matched in resistance as possible. They need 
not be exactly 10 ohms, so a vtvm can be used 
to match them. The resistors used for the cir-
cuit of Fig. 2 were actually 10.5 ohms each, 
and were chosen from an assortment of "10-
percenters" on hand. 
Silver-mica capacitors C., and C, were close 

enough in value so that special selection was 
not required. There should be enough leeway 
in the ranges of C, and C., to compensate for 
any difference in the values of the 330-pF 
capacitors. Ideally, however, C,, and C, should 
be matched in value. 
Diodes CR, and CR, should also be matched 

Grimm. 

for best results. An ohmmeter can be used to 
select a pair of diodes whose forward de resis-
tances are within a couple of ohms of being the 
same. Similarly, the back resistances of the 
diodes can be matched. The matched diodes 
will help to assure equal meter readings when 
the bridge is reversed. (The bridge should be 
perfectly bilateral in its performance character-
istics.)  Germanium diodes are used in the 
bridges described here, but silicon diodes can 
also be used. Silicon diodes conduct at a higher 
voltage than germanium diodes do—approxi-
mately 0.7 volt—and will not work too well in 
low-power wattmeters.  Some silicon diodes 
were tried, but ceased to conduct at approxi-
mately 8 watts in the circuit of Fig. 2. This 
effect can cause misleading results when low 
values of reflected power are present during 
antenna adjustments. The SWR can appear to 
be zero when actually it isn't. The germanium 
diodes conduct at approximately 0.3 volt, mak-
ing them more suitable for low-power readings. 
Any meter whose full-scale reading is be-

tween 50 microamperes and 1 milliampere can 
be used at M 1. The more sensitive the meter, 
the more difficult it will be to get an absolute 
reflected-power reading of zero. Some residual 
current will flow in the bridge circuit no matter 
how carefully the circuit is balanced, and a 
sensitive instrument will detect this current 
flow. Also, the more sensitive the meter, the 
larger will have to be the calibrating resistances, 
R„ through R6, to provide high-power readings. 
A 0 to 200-microampere meter represents a 
good compromise for power ranges between 100 
and 2000 watts. 

Construction 

The power meter of Fig. 2 is built in two 
sections. The rf circuit and the calibrating re-
sistors are housed in a 4 X 4 X 2-inch alumi-
num utility box. All components other than 
/2, and the feedthrough capacitors, are as-

sembled on the etched-circuit board. 3 Switches 
Siand S2, and the meter, M1, are installed in a 
sloping-panel utility box which measures 5 X 4 
inches.  Four-conductor shielded  cable—the 
shield serving as the common lead—is used to 
join the two pieces. There is no reason why 
the entire instrument cannot be housed in one 
container, but it is sometimes awkward to have 
coaxial cables attach to a unit that occupies a 
prominent place in the operating position. Built 
as shown, the two-piece instrument permits the 
rf pickup head to be concealed behind the 

The etched-circuit board pattern and parts layout 
sheet for this power meter are available from AR M. Hq. 
Send 25 cents and a SASE. Ready-made circuit boards 
can be purchased from Stafford Electronics, 427 S. 
Benbow Rd., Greensboro, N.C. 2470i. 

FIG. 4—Inside view of a 3-watt power meter for 

QRP rigs.  Its circuit is given on page 16 of June 

1969 OST.  Ceramic trimmers are used for nulling 

the bridge. Type 50-239 connectors are paralleled 

with phono lacks to add versatility. A 4 X 4 X 2-

inch utility box houses the entire unit. 
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transmitter, while the control head can be 
mounted where it is accessible to the operator. 
Toroidal transformer T, fits into a cutout 

area on the circuit board. A 1-inch long sec-
tion of RC-8/U cable—vinyl jacket and shield 
braid removed—provides a snug fit in the center 
hole of the toroid, and is used to complete the 
line between j1 and j2. The inner coordinator of 
the RC-8/U section solders to the circuit board, 
thus holding T, in place. 
A flashing-copper shield divides T, and its 

center-conductor line from the remainder of the 
circuit. This partition is shown in dotted lines 
in Fig. 2. It is mounted on the non-foil side of 
the circuit board and is secured at each end to 
solder lugs which are mounted under the re-
taining screws for J, and J. 
The circuit board is held in place, at the end 

near T,, by means of an aluminum L bracket. 
The circuit-board end nearest the feedthrough 
capacitors is held in place by a No. 6 spade 
bolt. A solder lug is mounted under the No. 6 
nut (outside the case) which secures the spade 
bolt. The lug serves as a connection point for 
the common lead between the rf head and the 
control box.  Two solder lugs are mounted 
under the bottom two retaining screws of each 
coax connector. The free ends of the lugs are 
soldered to the copper foil of the circuit board. 
A partition is visible in the foil-side view of 

the rf head. It can be eliminated if desired, 
since it did not prove necessary when the unit 
was tested. Similarly, an extra shield partition 
is shown on the top side of the board. It too 
can be eliminated, for it turned out to be un-
necessary. The flashing-copper shield discussed 
earlier is the only one required for the circuit 
of Fig. 2. 

Check-out and Tuneup 

Once the instrument is wired and ready to 
test it should be inspected for unwanted solder 
bridges between the circuit-board foils. It is 
usually a good idea to scrape out the rosin 
buildup between the foils, and this can be done 
with the blade of a small screwdriver. A con-
tinuity check for "opens" and "shorts" should 
also be made before power is applied to the 
unit. Make certain that the diodes are installed 
for the correct polarity—the banded ends (cath-
odes) toward G, and G,. 
Connect a noninductive 50-ohm dummy load 

to j2. A Heath Cantenna or similar load will 
serve nicely for adjustment purposes. Place S, 

Inside view of the modified Heath HM-15 bridge. 

The new components are grouped at the center of 

the chassis on a 5-lug terminal strip.  The nulling 

capacitors are connected between the inner line and 

the terminal strip.  Press-fit aluminum shield covers 

are slipped over the trough, line to aid in rf iso-

lation.  One cover is in place; the other is at the 

right of the photo.  Improved shielding might be 

effected by installing an aluminum plate between 

the terminal strip and the two nulling capacitors. 

TRANS 

FIG. 5—Schematic diagram of the modified Heath 
HM-15 SWR meter. CR„, CR2, M,, R1 and S, are 

original components from the HM-15.  T,  is the 

some as in Fig. 2. See text for additional details. 

in the FOR WARD position, and set S, for the 
100-watt range. An rf ammeter or calibrated 
power meter should be connected between I, 
and the dummy load during the tests, providing 
power calibration points against which to plot 
the scale of M,.  Apply transmitter output 
power to J,, gradually, until M, begins to de-
flect upward. Increase transmitter power and 
adjust R, so that a full-scale meter reading 
occurs when 100 watts is indicated on the rf 
ammeter or other standard in use. Next, switch 
S, to REFLECTED and turn the transmitter off. 
Temporarily short across R,, turn the trans-
mitter on, and gradually increase power until 
a meter reading is noted. With an insulated 
screwdriver adjust C. for a null in the meter 
reading. 
The next step is to reverse the coax connec-

tions to j1 and j2. Place S. in the REFLECTED 
position and apply transmitter power until the 
meter reads full scale at 100 watts output. In 
this mode the REFLECTED position actually reads 
forward power because the bridge is reversed. 
Calibrating resistance R, is set to obtain 100 

ANT 
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Inside view of a 2000-watt power meter built by 

W1KLK. This bridge is patterned after the circuit 

of Fig. 18.  Point-to-point wiring is used through-

out, thus avoiding the need for o circuit board. 

Two pistan trimmers are used for the nulling capac-

itors and are mounted one above the other on a 
phenolic block. The two 500-pF feedthrough capac-

itors are part of the capacitive voltage dividers. 

watts full scale during this adjustment. Now, 
switch S. to FOR WARD and temporarily place a 
short across R4. Adjust C, for a null reading 
on M1. Repeat the foregoing steps until no 
further improvement can be obtained. It will 
not be necessary to repeat the nulling adjust-
ments on the 1000-watt range, but R and R, 
will have to be adjusted to provide a 'full-scale 
meter reading at 1000 watts. If insufficient 
meter deflection is available for nulling adjust-
ments on the 100-watt range, it may be neces-
sary to adjust C, and C, at some power level 
higher than 100 watts. If the capacitors tune 
through a null, but the meter will not drop all 
the way to zero, chances are that some rf is 
leaking into the bridge circuit through stray 
coupling. If so, it may be necessary to experi-
ment with the shielding of the through-line 
section of the rf head. If only a small residual 
reading is noted it will be of minor importance 
and can be ignored. In the circuit of Fig. 2 
there remained approximately one half a meter 
division when the null was reached, and this 
occurred only on the 1000-watt range. Since 
this was representative of less than 2 watts of 
power it was deemed inconsequential. 
With the component values given in Fig. 2 

the meter readings track for both power ranges. 
That is, the 10-watt level on the 100-watt 
range, and the 100-watt point on the 1000-watt 
range fall at the same place on the meter scale, 
and so on. This no doubt results from the fact 
that the diodes are conducting in the most 
linear portion of their curve. Ordinarily, this 

desirable condition does not exist, making it 
necessary to plot separate scales for the differ-
ent power ranges. 
Tests indicate that the SWR caused by in-

sertion of the power meter in the transmission 
line is negligible. It was checked at 28 MHz 
and no reflected-power could be noted on a 
Bird wattmeter. Similarly, the insertion loss 
was so low that it could not be measured with 
ordinary instrumerts. 

Other Circuits 

Additional circuits and photos are shown for 
variations in the basic design used at Fig. 2. 
A low-power model, having scales for 5 and 
50 watts, is shown in Fig. 3. It uses fixed-value 
resistors for meter calibration. The required 
values of resistance were first determined by 
temporarily inserting a potentiometer in the 
meter line, obtaining the required full-scale 
reading, then substituting fixed-value resistances 
of the proper ohmage. The meter readings for 
the two power ranges do not track in this 
model. 
A low-power meter was designed for use with 

the QRP transmitter described in June 1969 
QST. It is shown in Fig. 4, and has a full-scale 
calibration of 3 watts. To obtain additional 
sensitivity, the primary of the toroidal trans-
former consists of a one-turn link instead of 
the single wire that would normally pass 
through the hole in the toroid core. 
Some experiments were conducted to see if 

a Heath HM-15 SWR bridge (a Monimatch 
type) could be modified to work in a Bruene 
circuit. The results were satisfactory, and the 
circuit is given in Fig. 5. No attempt was made 
to obtain a calibration scale for the meter. 
The unit is being used as a simple SWR indi-
cator, but now has better sensitivity in the 
lower part of the hf spectrum-7 watts, full 
scale, from 3.5 to 30 MHz. Also, the instru-
ment is no longer "frequency-conscious" as was 
the case before modification. The original pick-
up lines were discarded, the F WD-REV  panel 
switch was rotated 180 degrees so that the 
labels were correct for the new circuit, and 
press-fit shield covers were installed on the 
trough line as shown in the photo. A power 
scale could be plotted by setting the sensitivity 
control in a fixed position—possibly replacing 
the existing control with a screwdriver-adjust 
type. A new 100-uA meter could be installed 
to provide a better scale for calibration in watts. 
It was necessary to dismantle the trough line 

so that the toroidal transformer could be slipped 
over the inner line. A few wraps of mylar tape 
were wound over the center of the inner line 
to insulate the toroid winding from the line, 
and to provide a snug fit to keep the toroid 
in place. The trough was notched out with a 
nibbling tool to allow clearance for the toroidal 
transformer. Additional shielding can be added 
between the line and the rest of the circuit to 
further assure a zero meter reading in the re-
flected position. 
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» Effective January 1, 1969, tariffs set up by the Bell System 
in response to an FCC Order covering intrconnection with 
privately-owned facilities went into effect. Phone patching is 
no longer an under-the-table business, but bringing it out into 
the open also brings some responsibilities that the amateur must 
shoulder. Here's the dope, including the description of a phone-
patch circuit that meets the technical requirements. 

The telephone companies associated with the 
AT&T. Co. (The "Bell System") recently 
filed tariff changes with their regulatory bodies 
that are of importance because they permit 
interconnection on a completely legitimate basis 
—on the condition of course, that all appli-
cable tariff provisions are complied with. Inde-
pendent telephone companies (those not asso-
ciated with the Bell System) will determine 
their own policies in this matter but they will 
probably choose to make similar offerings. 
While the new tafiff provisions offer several in-
terconnection arrangements for both voice and 
data equipment, only the voice equipment in-
terconnection will be discussed here. 
Of interest to the amateur operator is the 

offering whereby the telephone company will 
provide a voice connecting arrangement to be 
associated with a telephone set. The company 
will provide a device known as a "Voice Cou-
pler" and a key or switch to connect and dis-
connect the coupler. In Illinois, the rate estab-
lished for the connecting arrangement includes 
an initial charge of $5.00 and a monthly charge 
of $0.50. The rate and service became effective 
on January 1, 1969. The availability and rates 
in other states are subject to the approval of 
each state's regulatory body. As a matter of 
practical operating convenience, an amateur op-
erator would want the telephone and voice 

From March, 1969, QST. 

Phone 
Patching 

GEORGE P. SCHLEICHER, W9NLT 

coupler close to the operating position. For 
most of us that would mean that we would 
have to order an extension telephone (at the 
regular tariff rates) in addition to the connect-
ing arrangement. 

Operation 

In operation the telephone set would be used 
to originate an outgoing or answer an incoming 
telephone call. The switch would then be oper-
ated to complete the circuit to the voice cou-
pler. Options may be available that will permit 
the handset transmitter and/or receiver to be 
disabled when the coupler is in use. (Disabling 
the handset transmitter might be desirable so 
as to avoid the pickup of room noise; some 
operators might prefer to leave the handset 
receiver in operation as it would be convenient 
for monitoring the conversation in progress 
through the radio facility). Connection to the 
voice coupler is simple. It is equipped with a 
jack that will accept a standard I.1-inch phone 
plug such as a PL-55 or equivalent. See Fig. 
1. Coupler input may be balanced or have one 
side grounded. 
The voice coupler will remain telephone com-

pany property and its circuitry is subject to 
change from time to time. It can be expected 
to contain a number of electrical components 
that will include a transformer for isolation 
purpose, diodes for limiting electrical levels, 
and some capacitors. The options mentioned 
above may not be available in every case and 
they may change over a period of time. 

User's Responsibility 

An amateur using the new interconnection 
privileges will be responsible for operating in 
accordance with the FCC rules, for conforming 
to all provisions of the applicable tariffs of the 
telephone company serving him, and for meet-
ing certain technical criteria for the protection 
of the telephone network. We should all have 
a copy of the FCC rules applying to Amateur 
Service somewhere handy for reference. Tele-
phone company tariffs are available at most of 
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The voice coupler, to the left of the telephone, is 

supplied by the phone company, ready for the 

phone patch to be plugged in. The coupler is nor-

mally fixed to a wall or desk and serves also as 

a connecting  block.  Lifting  the  left  hookswitch 

plunger connects the coupler ond disables the hand-

set. 

their business offices as well as people who will 
explain any provisions that might be difficult to 
understand. The technical criteria have been 
filed with the FCC in the A.T.&T. Company's 
tariff No. FCC 263. It may also appear in 
local tariffs. 
Briefly, the electrical limitations at the point 

of interconnection as defined in the tariff are as 
follows: 
—The average voice level' to be applied at the 
point of interconnection will be specified by 
the telephone company so that the voice sig-
nal power will be received at the serving 
central office at a level that is not stronger 
than —12 dbm.; the power level at the point 
of interconnection will not be in excess of one 
milliwatt (0 (lbm.) in any case 

—Power in the band from 3.995 to 4.005 kilo-
hertz shall be at least 18 db. below the aver-
age level as specified above. 

—Power in the band from 4.0 to 10.0 kilohertz 
shall not exceed —16 dbm. 

—Power in the band from 10.0 to 25.0 kilo-
hertz shall not exceed —24 dbm. 

—Power in the band from 25.0 to 40.0 kilo-
hertz shall not exceed —36 dbm. 

—Power in the band above 40.0 kilohertz shall 
not exceed —50 dbm. 

—At no time should signal power be present 
only in the band from 2.450 to 2.750 kilo-
hertz; when present, it must not exceed the 
power that is present simultaneously in the 
0.8 to 2.450 kilohertz band. 
The amateur's equipment should be designed 

5 The term "voice level" as used here means the peak 
level averaged over a 3-second inter‘al as read with a 
meter having standardized speed of response, such as a 
"vu." meter or a fast-acting rectifier-type meter. 

so as to have an internal output impedance of 
900 ohms at the point of connection with the 
voice coupler.  Its maximum output power 
should be no more than zero dbm. (0.95 volt, 
r.m.s.) and he adjustable clown to —12 dbm. 
(0.238 volt, r.m.s.) at the voice-coupler termi-
nals. Operating levels should be carefully ob-
served, as excessive levels will cause distortion 
that results from clipping in the voice coupler. 
The amateur's equipment must not apply any 
d.c. potential to the coupler. 

The Problem 

Amateurs are familiar with radio systems 
which inherently provide separate paths for 
the two directions of transmission. The wire 
line equivalent of this arrangement involves the 
use of 4 wires; one 2-wire circuit for sending 
and another 2-wire circuit for receiving. Nor-
mal residence telephone service (in the U.S.) 
uses the same two conductors for both trans-
mitting and receiving. To interconnect radio 
sending and receiving equipment with such a 
line requires that we achieve three objectives. 
First, we must comply with all of the technical 
limitations in the tariff. Second, our equipment 
must be able to recognize which direction of 
transmission is intended (the "land" party 
sending or receiving) and condition itself ac-
cordingly. Third, there will be a significant dif-
ference in the level of the signal that is received 
over the telephone line from one call to another 
as compared with the level of the signal sent 
over it from the amateur's equipment. 

PROVIDED By  AMATEUR 

EQUIP-
MENT 

PROVIDED ST TELEPHONE CO. 

riv--°  VOICE 

COUPLER 

TELEPHONE 
SET  T 

CE ONTRAL 
- - - -  OFFICE 
SWITCH 

FIG. 1—Interconnection arrangement. 

Taking the level problem first, we know that 
our sending level will be somewhere between 
zero and —12 dbm; it is to be specified by the 
telephone company. The received level can be 
expected to arrive over a much wider range. If 
the telephone communication is between two 
locations that are served by the same telephone 
central office and they are close to it, the re-
ceived level might be in the order of —10 dbm. 
depending on the type of instruments, central 
office equipment, cables, etc. On the other 
hand, the received level on a long distance call 
might occasionally drop to the —30s or even 
the —40s. 
The other serious problem is that of recog-

nizing which direction of transmission should be 
open. Of course, we can always put a switch 
in the voice path and operate it manually, per-
haps in connection with our carrier control. 
Such a method is cumbersome, however, and 
would preclude the rapid back and forth ex-
change of comment that amateurs are likely to 
be transmitting. 
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FIG.  2—Wheatstone  Bridge  hybrid. 

An automatic device that will put the trans-
mitter in an operative condition is called a 
"VOX" circuit; the letters refer to "voice op-
erated transmission." Whether the voice sig-
nals come from a microphone or a telephone 
line, there is a need to inhibit the VOX circuit 
so that it will not respond to signals coming 
from the station receiver. Such added circuitry 
is often referred to as an "anti-VOX" feature. 
It now appears that we need an electrical cir-
cuit that will interconnect our receiver output 
and our transmitter input with the telephone 
voice coupler in a way that will greatly reduce 
the amount of audio energy that goes directly 
from the receiver into the transmitter. By do-
ing this we will be able to use simpler VOX 
and anti-VOX circuits and their adjustment will 
be far less critical. A number of adequate VOX 
and anti-VOX circuits have already been de-
scribed in amateur radio publications. Infor-
mation on combining circuits, usually called 
"Hybrids," is pretty scarce, however, and so 
several kinds are described below. 
While VOX equipment is not the subject of 

this article it is so closely related to the suc-
cess or failure of interconnection that a few 
suggestions are in order. The VOX and anti-
VOX circuits should give control of the trans-
mission direction to the "land-line" party. A 
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RECEIVER 

SAME CRT. REDRAWN 

LINE 

FIG. 3—Transformer hybrid. 

TO VOICE 
COUPLER 

voice signal from the telephone line should dis-
able the receiving path and enable the trans-
mitting path, in that sequence. When the land 
party stops talking the transmitting path should 
be disabled and the receiving path enabled, in 
that order. Switching of the transmission di-
rection should take place in about 100 milli-
seconds. Good station design will permit a two-
way conversation to take place over an a.m, or 
s.s.-1). radio system even though transmitting 
and receiving are done on the saine frequency. 

Hybrid Circuits 

A number of different hybrid circuits have 
been developed. All of them rely on dividing 
voice-energy currents that come from the re-
ceiver between the wire line and an identical 
dummy load or "balancing network."  The 
transmitter is connected to the two current 
paths in such a way that these currents and/or 
voltages are zero at the transmitter connection. 
Energy from the wire line will be divided 
among the various circuit elements, one of 
which will be the transmitter audio path. Hy-
brid balance requires that the network simulate 
the electrical impedance at the voice coupler 
terminals as closely as possible. A simple R-C 
series circuit will usually be adequate, but un-
usual conditions might require the addition of 
an inductive element, 
Perfect balance at all frequencies will never 

be achieved, of course, clue to the complexity of 
the impedance of the telephone set and line as 
seen at the terminals of the voice coupler. 
(Energy reflected from impedance irregularities 
in the line can also be troublesome). A well-
designed hybrid should be capable of reducing 
the level of any one frequency from the receiver 
by over 50 db. as measured at the transmitter 
connection and it should be capable of reducing 
the level of all frequencies in the voice band by 
more than 36 db. By achieving this degree of 
reduction we cause the unwanted signal from 
the receiver to arrive at the transmitter at a 
level that is no higher—and hopefully well be-
low—the level of the signal from the telephone 
line. This effect is what really simplifies the 
design of our VOX and anti-VOX circuits. 
The simplest hybrid circuit is an adaptation 

of the \Vheatstone bridge. It is easily con-
structed with few elements. The basic design is 
shown in Fig. 2. Good results can be obtained 
with this circuit but its use generally requires 
that the transmitter and receiver audio circuits 
be well balanced to ground or isolated by well-
balanced transformers. 
Another form of the Wheatstone bridge cir-

cuit can be made with a transformer that has 
three windings, two of which are center-tapped. 
The transformer must be connected as shown in 
Fig. 3. The taps on the windings must be ac-
curate, however, and each of the windings must 
be well balanced to ground and to the other 
windings. Proper polarity of the two tapped 
windings is required, otherwise the output volt-
tage will be zero across all three branches! 



j• 

9—Accessories 

W9NLT's hybrid includes a surplus db. meter for 

level indication. The relay-rack size panel provides 

ample room for the resistance and capacitance con-

trols in the balancing network, as well as the on-

off and monitoring-control switches. Since only voice 

frequencies are present, the physical layaut can be 

practically any that suits the constructor. 

A third hybrid configuration involves two 
transformers,  each  having three windings. 
While it is best if the transformers are well 
balanced and identical, the hybrid is not critical 
in this respect as long as the balancing network 
can be adjusted to compensate for the differ-
ences. The transformers would be wired as 
shown in Fig. 4. Energy from the receiver is 
coupled through the first transformer to the line 
and the balancing network. Currents in these 
two paths are made equal in magnitude and 
phase by adjustment of the network. The trans-
former windings are poled so that the magnetiz-
ing forces in the core of the second transformer 
cancel, resulting in no output toward the trans-
mitter. Voice energy from the telephone line 
is divided between the transmitting and receiv-
ing branches of the circuit. The advantages of 
this circuit are that minor variations in the 
transformers are easily compensated for by net-
work adjustment and that the transformers pro-
vide isolation between all of the branches of 
the hybrid. 

Building A Hybrid 

It is not difficult to build a hybrid that will 
be useful in making legitimate phone patches 
and while doing so, comply with all of the tech-
nical requirements that are now listed in the 
tariffs. My hybrid uses the two-transformer ar-
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BAL.NET. 
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FIG. 4—Two-transformer hybrid. 
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rangement and includes such refinements as a 
level-indicating meter, provision for a fixed at-
tenuator for meeting telephone company level 
requirements, earphone connections for moni-
toring and balancing, and finally a low-pass 
filter. The circuit is shown in Fig. 5. The rea-
sons for some of my choices may be of inter-
est. I found that the best quality audio trans-
formers that were available at low cost were the 
"telephone repeat;ng coils" offered by several 
surplus stores who are QST advertisers. Most 
of these transformers have split primary and 
secondary windings consisting of either four or 
six individual windings; turns ratios are com-
monly 1:1, 1:13; or 1:2. Almost any pair of 
transformers may be used if they are of the 
same type. Fig. 6 shows one of the more com-
mon terminal numbering plans. The 9-10 and 
the 11-12 windings are seldom used alone; 
they usually are connected in series with the 
3-4 and 7-8 windings if they are used at all. 

65 

4 

E 9 

10 

11 

*-012 

NOTE: NOT AU-
TRANSFORMERS 
HAVE THE 
9-10 ANO 11.12 
WINDINGS. 

FIG. 6—Repeating coil terminal numbering system. 

If you are not sure of the quality of your 
transformers, a simple test can be made to de-
termine which transformer and which of its 
windings will give the best balance. Assume 
that you have a 4-winding transformer of the 
type shown in Fig. 6. Its primary terminals 
are numbered 1-2 and 5-6; the secondary ter-
minals are 3-4 and 7-8. Connect 2 to 5 and 4 
to 7; also connect 1 to 6, shorting the primary. 
Supply a 1-kHz, tone at about 1-milliwatt level 
to the primary, connecting the source to ter-
minals 1-6 and 2-5. If the transformer primary 
is well balanced, the level measured at termi-
nals 3 and 8 will be —70 dbm. or lower. Re-
verse the transformer, feeding power to the 
now-shorted secondary and measuring the 
power in the primary at terminals 1 and 6. 
This arrangement determines the degree to 
which the secondary winding is balanced. 
Whether testing one transformer or a half-
dozen, you will find one primary or secondary 
winding that is better balanced than all of the 
others. Use that transformer to supply energy 
to the transmitter branch of the hybrid (T, in 
Fig. 5). The winding that showed the best 
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II POINT SWITCHES WIRED TO 
ADD ,01111. PER STEP; 

SEE TEXT. 

LEVEL  'H" 
METER  ATTENuATOR 

I TI  3 

4 

1 MONITOR  3300 

1000 

RI 

HI-

PHONES 

3300 

,J1 

BALANCING NETWORK 

L°4:0°.1 DIA 

T  T 
3 T2  f 

FILTER 

8-111'1031-1.S•7. 
T  T   

TO VOX CKT. a 
TRANSMIT TER 

29m,.  20mh. 

137mh. 

041  20mh. 

42mh. 

£ 03 TO VOICE 
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FIG. 5—Circuit diagram of complete hybrid. Capacitances are in 4.; capacitors are paper or mylar, 50 volts. 

Resistances are in ohms; resistors are 1/2 watt. See text, Tables I and II, and Appendix for discussion of com-
ponent types ond volues. 

C1—App. 2 4.; see text. 
11—Insulated phone lack. 

M1—Volume-level indicator meter. 

P1—Stondord phone plug. 

R1—Linear control. 

balance should be split for connection to the 
line and balance-network. A transformer that 
shows less than about 55 db, loss when tested 
this way should not be used on the transmitter 
side of the hybrid; it might be OK on the other 
(T 1) side, however. 

Filters 

A filter is recommended at the point of con-
nection with a voice coupler. Properly designed 
and built, a filter offers several advantages to 
the amateur. It will assist greatly in meeting 
the technical limitations for which the amateur 
is responsible and it can help to achieve good 
balance in the hybrid. That is because a prop-
erly designed filter will present a more constant 
impedance to the hybrid than will the voice 
coupler. It will not completely isolate the hy-
brid from impedance changes beyond the cou-
pler, however. Some hams might prefer to con-
nect the filter between the receiver and the 
hybrid, in which position it will meet all tech-
nical requirements as well as limiting the range 
of frequencies over which the hybrid must be 
balanced. 
Inductors for filters are of odd values and can 

be costly if purchased new. I recommend ac-

51—Rotary, 4 sections, 1 pole per section, 11 con-

tacts per section. 

52-4-pole double-throw key switch. 

S3-2-pole single-throw toggle or key switch. 

T1, T2—Audio, 1:1, split windings. 

quiring a dozen or so of the 44- and 88-milli-
henry "loading coils" that are showing up in 
surplus. My design for a filter uses inductance 
values that can be obtained by modifying these 
coils.2 The toroids selected can be the smallest 
size available (if you have a choice) for either 
value of inductance since the voice power is low 
and there will be no d.e. present that might 
tend to cause saturation. If you use this kind 
of inductor, remember that the two windings 
must be conected in series aiding in order to 
obtain the rated inductance. 
My trip to the surplus store also netted a 

couple of lever-type switches and a fast acting 
"db." meter designed to be bridged across a 
600-ohm circuit. All of the other parts—panel, 
chassis, terminal hoards, etc.—came from nor-
mal sources, some by way of "Ye Olde Junke 
Boxx". In fact, a large instruction card on the 
front panel of my unit is really there to hide 
some unused holes. It ought to be emphasized 
that no part of the hybrid is so special that 
other parts could not be substituted if good 
judgment is used in their selection. Component 
tolerances of -±20% are acceptable except in the 

Wethcrhold, "Inductance And 0 Of Modified Sur-
plus Toroidal Inductors", OST Sept., 1968. 



9—Accessories 245 

filter, where components should be within 5% 
of the values that are specified. 

Levels 

The loss of this kind of hybrid will be found 
to be close to 4.5 db., plus the loss of the filter. 
Convenient levels for metering will probably be 
in the order of zero to +3 dbm., because of the 
scales on available meters. An attenuator may 
be required between the metering point and the 
voice coupler to reduce the voice level to that 
specified by the telephone company. If it is 
placed between the metering point and the 
hybrid it will minimize the energy level that 
the hybrid must balance for the benefit of the 
transmitter branch.  It could also be located 
between the hybrid and the filter, in which case 
it would simplify the work of balancing the 
hybrid by isolating much of the reactance in 
the load. This arrangement is desirable, how-
ever, only if the improvement in balance that 
can be obtained (by placing the attenuator 
here) exceeds twice the loss of the attenuator 
when both are expressed in db. Resistor val-
ues for various attenuator losses are given in 
Table I below. The values are computed ones; 
the nearest commercial values may be used in 
construction. 

Practical Details 

Two switches are provided on the finished 
unit; one disconnects it from the voice coupler 
and one is used to switch an earphone jack from 
a monitoring position across the line to a posi-
tion across the transmitter audio connection. 
This permits the phones to be used during the 
course of a patched communication both for 
monitoring and to determine that the network 
is adjusted for optimum during the progress of 
the call. 
The balance network is arranged with ad-

justable resistance and capacitance values. A 
1000-ohm wirewound pot is used as the resis-

TABLE I 

Resistance values for 600-ohm  "H" atten-

uators; multiply all values by 1.5 for 900-ohm 
attenuators. 

Loss 

I db. 
2 

3 
4 

Series Arms 

17 ohms 
34 

51 

67 
5  84 

6 

7 

8 
9 

10 

100 

115 
129 

145 

156 

Shunt Arms 

5200 ohms 
2580 

1700 
1260 

986 

800 

670 

568 
488 

422 

Note: Four resistors of the value shown for 
the "series" arms are required. 

Total 

Step Capacity 

1  0.01 
2  0.02  X 
3  0.03 

4  0.04  X 
5  0.05 

TABLE II 

Capacitor Unit 

0.01  0.02  0.03 0.05 

X 

6  0.06  X 

7  0.07  X 
8  0.08 

9  0.09  X 

10  0.10  X 
11  0.11  X  X 

Note: An "X" indicates the connection of 
a capacitor unit on the step shown. 

tance element. Four capacitors and a four-deck, 
eleven point switch are arranged to give eleven 
values of capacitance ranging from 0.01 to 0.11 
i.tf. in increments of 0.01 p.f. That is not nor-
mally enough to balance the hybrid so addi-
tional capacitance is placed in parallel with 
that in the switch when the hybrid is initially 
balanced. The small increments are about right 
for precise adjustment of the balance net. The 
way the switch is connected is indicated in 
Table II and Fig. 5. 

Balancing The Hybrid 

After constructing the phone patch it will be 
necessary to balance the hybrid. This means 
that the balancing network is adjusted to match 
the impedance that is connected to the "line" 
side of the hybrid. If the hybrid is completely 
unbalanced, the coupling from the receiver 
branch to the transmitter branch will be maxi-
mum. As the hybrid is brought into balance 
the energy that reaches the transmitter branch 
from the receiver is reduced. The amount of 
reduction can be expressed in decibels and this 
figure used as a measure of the hybrid's per-
formance. With high-quality transformers and 
single-frequency testing, hybrid balance in the 
order of 70 db. can be obtained. 
It is a good idea to test the hybrid before it 

is connected to the line. One way to make such 
a test is as follows: Connect the receiver branch 
to an oscillator or the station receiver. Feed a 
tone of 1 to 2 kilohertz into the hybrid at a 
level of one milliwatt. Disconnect the filter, 
leaving the line side of the hybrid open; short 
circuit the balance network and read the level 
of the signal at the transmitter leg. With this 
arrangement the transmitter branch is con-
nected to the receiver branch through the two 
transformers. Good transformers of 1:1 ratio 
will have a loss of 0.5 to 1.5 db. each, so the 
level reading should be between —1 and —3 
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dbm. Now connect a resistance of about 900 
ohms (give or take 100) to the line side of the 
hybrid and another of similar value to the net-
work side. The resistive element in the balance 
network can be used, as one of the resistances 
should be adjustable to compensate for small 
differences in the transformers. Measure the 
signal level in the transmitter branch, adjusting 
the variable resistor for minimum level. The 
hybrid should now be in balance and the level 
should have dropped to —50 dbm. or lower. A 
hybrid that fails this test should be checked for 
incorrect wiring or a defective coil; a good hy-
brid should meet the above test at any voice-
band frequency. After the hybrid has been 
tested the wiring should be restored to normal. 
The next step is to balance the hybrid with 

the filter and coupler connected. If you have 
an impedance bridge you can save time by 
measuring the impedance that the filter and 
couler present to the hybrid. Without the 
bric:ge some old fashioned cut-and-try will have 
to be used. The impedance that will have to be 
balanced cannot be estimated because it will 
depend on many variables. The filter, coupler 
and telephone set all contribute to the total im-
pedance and yet each of them is largely trans-
parent, in the sense that its input impedance is 
dependent on the load impedance that is con-
nected to its output. Most of the elements 
mentioned usually have an impedance that is 
capacitive. If you choose to leave the receiver 
in the telephone handset operative it could shift 
the total impedance so that it would appear to 
be inductive. No two situations will be alike, 
but here are some suggestions: As a starting 

point, use 900 ohms in series with 2 µf. in the 
balancing network. A capacitor decade will 
help to speed the work along. Remember that 
a condition of balance must be achieved with a 
telephone connection established, so you may 
want to make some advance arrangements with 
a patient and understanding next door neighbor 
or a cross-town ham that you can talk to on the 
air while testing. If you find that the balance 
seems to be only fair and that the capacitance 
required in the network exceeds 3 ,uf., it may be 
an indication that inductance will have to be 
added to the network. After good balance has 
been obtained at some frequency in the middle 
of the voice band, be sure to check the low 
and high ends. As a rule, a simple series circuit 
will be adequate in the balance network. Un-
usual circumstances, such as a change from 
positive to negative reactance with frequency, 
may require a more complicated network. Be 
careful to observe all technical limitations when 
testing. 
If you are located close to the telephone cen-

tral office you may find that hybrid balance 
changes somewhat from call to call. Or you 
may discover that there is one best setting for 
local calls and another for calls into other ex-
change areas. If you live some distance away 
from the office you may be able to use one set-
ting of the balancing network for all calls. If 
this is the case you will want to consider leav-
ing the switches and variable controls out of the 
assembly. With no need to adjust controls, you 
might be able to locate the hybrid more ad-
vantageously. 

A Phone Patch 

DOUGLAS A. BLAKESLEE, W1KLK 

Although the phone patch shown in the pho-
tographs was intended to be used with the 
popular Collins S/Line equipment directly, the 
same circuitry will work well with all current 
amateur equipment. Two such units were con-
structed, one being used with the author's 
75S1/32S1, and the other by WA1HJZ with a 
B & W 6100 transmitter and Hallicrafters SX101 
receiver. Excellent results have been obtained 
in both installations, 

Design 

The phone patch is based on a simple resis-
tance bridge, which has been used by Collins 
in their commercial designs and in some hard-
ware for the space program. This bridge circuit 
provides isolation between the transmitter and 
receiver, while connecting both to the telephone 
lines. An attenuator is provided between the 
bridge circuit and the telephone line to reduce 
the output level of the patch and to provide a 
From December, 1969, QST. 

fairly constant impedance for the bridge to 
"look into." Rf filtering is used to prevent trou-
ble with pickup on the telephone line, a prob-
lem that shows up all too often in stations run-
ning the legal limit. An attenuator is also used 
on the receiver input so that the receiver gain 
does not have to be reset when switching from 
speaker to patch operation. 
A heterodyne at about 2600 Hz can produce 

accidental disconnect on long-distance calls, as 
the telephone company uses in-band signalling 
on this frequency for control purposes. The 
chances are perhaps slight in normal ssb oper-
ation that you will have a heterodyne on just 
the right frequency, but it is possible. The 
Collins receivers will provide some attenuation 
of 2600 Hz, as this is down the slope of the 
receiver's mechanical filter, but the exact 
amount of attenuation will depend on the slope 
of the particular filter used and the BFO crystal 
frequency. 
As both of these factors can change with 

aging, a trap was added to the patch to insure 
compliance with telephone company tariff re-
quirements. A surplus 88-mH toroid coil is used 
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121—Linear control. 

S5—Rotary, 4 poles, 2 positions. 

Ti, T., —Audio, 1500-ohm primary, 500-ohm c.t. sec-

ondory (Stancor TA-28). 

2600 Hr.  2rnH 
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5  T oon 
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EXCEPT AS INDICATED, DECIMAL 
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k .1000. 

FIG. 1—Circuit diagram of the phone patch.  Fixed resistors are Y2-watt 

position, 5% tolerance. Except as listed below, capacitors are ceramic. 

C1, C2-200-volt paper, each formed by connecting 

0.22 ALP units in parallel. 

C3, C5—Poper; see text. 

inc. —Phono jacks. 

L5-88 mH toroid, telephone surplus (See Ham-Ads). 

with two paper capacitors to resonate at about 
2600 Hz, If an audio generator and handful of 
capacitors are available, C, and C, can be se-
lected to give the best notch at the desired fre-
quency. Normally, the attenuation of the re-
ceiver's filter plus the trap is more than neces-
sary, so the adjustment of the trap need not be 
critical. 

Construction 

The patch is constructed in an LMB Minibox 
(W-2C). All small components are mounted on 
a piece of Vectorbord. A little thought should 
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be used in the layout so that the circuit "flows" 
from input to output. A miniature version was 
tried, but it did not exhibit the excellent iso-
lation of the larger unit, probably because of 
coupling between the closely packed compo-
nents. The transformers are mounted with their 
cores at an angle—when mounted side by side 
there  was  some coupling  between  them. 
Shielded transformers might be a good idea, 
but their prices are staggering. The jacks and 
plugs used can be any of the popular types— 
use whatever you have as a shack standard. 
Adjustment is also simple. Plug the patch 

75S RECEIVER 

PHONE PATCH 

3PKR. 

FIG. 2—Phone patch-S/Line interconnections. With this equipment the load on the receiver's speaker output 

makes it unnecessary to disconnect the speaker when the patch is switched in. With other receivers it may be 

desirable to include an extra switch section on S, to provide 600-ohm audio (through a transformer) from 

the receiver while disconnecting the speaker. A suitable circuit is shown in the dotted enclosure; T, is a 4-ohm 

primary, 600-ohm secondary audio transformer. 
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The patch is assembled on 

perforated  board  inside a 

3% X 7 X 31/2 -inch box. 

Jacks and connector block 

are on the rear wall (bot-

tom  in  this  view).  The 

2600-Hz trap shown in Fig. 

1 was installed after this 

photograph was taken. 

into the telephone cOmpany's coupler. Call a 
friend and ask him to leave his phone off the 
hook while you make a few adjustments. Con-
nect an audio oscillator to the receiver input, 
.13, and an oscilloscope to the transmitter out-
put jack, .12. Turn the patch on and adjust the 
balance control, R,, for the minimum pattern 
height on the oscilloscope. If the pattern goes 
to zero, increase the audio oscillator gain and 
adjust R, until you are sure you have the best 
null. If no test equipment is available, you can 
make a fair null adjustment by connecting your 
shack receiver to the receiver input jack, tuning 
in a loud, steady carrier (or the receiver's cali-
brator) and connecting a pair of high imped-
ance headphones to the transmitter output 
jack. Listen on the headphones and adjust con-
trol R, for minimum signal. 
The easiest way to monitor patches is with 

your own telephone, so leave your phone off the 
hook while making the null adjustment. Slight 
improvements may be possible in the null by 
adjusting C, to balance with your particular 
phone line. This patch has been tried in several 
locations, but little operational improvement 
was actually obtained by playirig with C,. 
The actual isolation obtained between trans-

mitter and receiver is about 50 dB, which is 
about all you can use, as the signal to noise 
ratio is not much better than this on the aver-
age telephone call. 

Operation 

The operation of a phone patch is affected by 
many nontechnical factors, some of which are 
learned the hard way in practical use. 
Normally, when requested to make a patch, 

the operator will place a long-distance station-
to-station (or person-to-person) collect call. Un-
less you live in a downtown metropolitan area, 
you seldom make local phone patches. The 
person answering the phone should be briefed 
on what is happening. The conversation can 
take place only one way at a time, which is a 
difficult concept for many people to grasp, so 

take it slow. Also, get the person's name for 
your log—it's your transmitter they are going to 
use, and FCC regulations require you to log 
the name of anyone permitted to speak over 
your microphone. 
Flip the patch on, and you're off and run-

ning. Monitor the conversations closely—again, 
it's your transmitter and license. People say the 
strangest things! 
VOX or PTT switching can be another prob-

lem area. The unit has sufficient isolation to 
work well with VOX circuits. However, tele-
phone calls, especially long distance calls, ar-
rive at widely different levels, and almost all 
phone patches are taking place over consider-
able distances, on channels that are seldom free 
of QIINI for long. These factors add up to 
push-to-talk operation by the phone patcher. 
VOX is tricky at best (and often unusable) on 
a channel with some QIIM, connected into a 
telephone circuit that often has occasional 
strange noises. For proper control and best 
patch operation, we recommend PTT operation. 
One final point to remember is that a phone 

patch is a textbook example of third-party traf-
fic, and thus can only be run to countries allow-
ing such traffic. Keep a list of such countries 
handy, as requests will occasionally be received 
from stations in countries with which third-
party traffic is prohibited. 
Phone patching can be a useful public ser-

vice and means a lot to the persons involved, 
as received cards and letters will indicate. The 
phone company benefits, too, as was shown on 
a patch from another sea-bound sailor to his 
wife. The wife answered by saying that she 
was glad to hear from him again, but unless he 
had got a raise to stop calling—it was running 
some $20 per call on her phone bill! 
But don't overdo it. A phone patch from 

Miami to New York on Sunday has no place 
on the air, not when you can call direct for a 
dollar or less. A patch under these circum-
stances is not a public service; rather, it's a 
public nuisance. 
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POWER RATINGS OF S.S.B. TRANSMITTERS 

Fig. 1 is more or less typical of a few voice-
frequency cycles of the modulation envelope of 
a single-sideband signal. Two amplitude values 
associated with it are of particular interest. 
One is the maximum peak amplitude, the great-
est amplitude reached by the envelope at any 
time.  The other is the average amplitude, 
which is the average of all the amplitude values 
contained in the envelope over some significant 
period of time, such as the time of one syllable 
of speech. 
The power contained in the signal at the 

maximum peak amplitude is the basic trans-
mitter rating. It is called the peak-envelope 
power, abbreviated p.e.p. The peak-envelope 
power of a given transmitter is intimately 
related to the distortion considered tolerable 
(see Bruene, "Distortion in Single-Sideband 
Linear Amplifiers", page 116). The lower the 
signal-to-distortion ratio the lower the attain-
able peak-envelope power, as a general rule. 
For splatter reduction, an S/D ratio of 25 db. 
is considered a border-line minimum, and 
higher figures are desirable. 
The signal power, S, in the standard defini-

tion of S/D ratio is the power in one tone of a 
two-tone test signal. This is 3 db. below the 
peak-envelope power in the same signal. Manu-
facturers of amateur s.s.b. equipment usually 
base their published S/D ratios on p.e.p., 
thereby getting an S/D ratio that looks 3 db. 
better than one based on the standard defini-
tion. In comparing distortion-product ratings 

of different transmitters or amplifiers, first make 
sure that the ratios have the same base. 

Peak vs. Average Power 
Envelope peaks occur only sporadically dur-

ing voice transmission, and have no direct rela-
tionship with meter readings.  The meters 
respond to the amplitude (current or voltage) 
of the signal averaged over several cycles of 
the modulation envelope. (This is true in 
practically all cases, even though the trans-
mitter's r.f. output meter may be calibrated in 
watts. Unfortunately, such a calibration means 
little in voice transmission since the meter can 
be calibrated in watts only by using a sine-
wave signal—which a voice-modulated signal 
definitely is not.) 
The ratio of peak-to-average  amplitude 

varies widely with voices of different charac-
teristics.  In the case shown in Fig. 1 the 
average amplitude, found graphically, is such 
that the peak-to-average ratio of amplitudes is 
almost 3 to 1. The ratio of peak power to 
average power is something else again. There 
is no simple relationship between the meter 
reading and actual average power, for the rea-
son mentioned earlier. 

D. C. Input 

FCC regulations require that the transmitter 
power be rated in terms of the d.c. input to 
the final stage. Most s.s.b. final amplifiers are 
operated Class ABI or AB2, so that the plate 

PEAK 
ENV. 

FIG. 1—A typical 

s.s.b. voice-modulated 
signal might have an 

envelope of the gen-

eral  nature  shawn, 

where the r.f. ampli-

tude (current or volt-

age) is plotted as a 

function  of  time, 

which  increases  to 

the right horizontally. 
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current during modulation varies upward from 
a "resting" or no-signal value that is generally 
chosen to minimize distortion. There will be a 
peak-envelope value of plate current that, when 
multiplied by the d.c. plate voltage, represents 
the instantaneous tube power input required to 
produce the peak-envelope output. This is the 
"peak-envelope d.c. input" or "p.e.p. input". 
It does not register on any meter in the trans-
mitter. Meters cannot move fast enough to 
show it—and even if they did, the eye couldn't 
follow. What the plate meter does read is the 
plate current averaged over several modulation-
envelope cycles. This multiplied by the d.c. 
plate voltage is the number of watts input re-
quired to produce the average power output 
described earlier. 
In voice transmission the power input and 

power output are both continually varying. The 
power-input peak-to-average ratio, like the 
power-output peak-to-average ratio, depends on 
the voice characteristics. Determination of the 
input ratio is further complicated by the fact 
that there is a resting value of d.c. plate input 
even when there is no r.f. output. No exact 
figures are possible. However, experience has 
shown that for many types of voices and for 
ordinary tube operating conditions where a 
moderate value of resting current is used, the 
ratio of p.e.p. input to average input (during a 
modulation peak) will be in the neighborhood 
of 2 to 1. That is why you see many amplifiers 
rated for a p.e.p. input of 2 kilowatts even 
though the maximum legal input is 1 kilowatt. 
The 2-kilowatt p.e.p. input rating can be 

interpreted in this way:  The amplifier can 

Single Sideband 

handle d.c. peak-envelope inputs of 2 kw., 
presumably with satisfactory linearity. But it 
should be run up to such peaks if—and only 
if—in doing so the d.c. plate current (the cur-
rent that shows on the plate meter) multiplied 
by the d.c. plate voltage does not at any time 
exceed 1 kilowatt. On the other hand, if your 
voice has characteristics such that the d.c. 
peak-to-average ratio is, for example, 3 to 1, 
you should not run a greater d.c. input during 
peaks than 2000/3, or 660 watts. Higher d.c. 
input would drive the amplifier into non-
linearity and generate splatter. 
If your voice happens to have a peak-to-

average ratio of less than 2 to 1 with this par-
ticular amplifier, you cannot run more than 
1 kilowatt d.c. input even though the envelope 
peaks do not reach 2 kilowatts. 
It should be apparent that the d.c. input 

rating (based on the maximum value of d.c. 
input developed during modulation, of course) 
leaves much to be desired. Its principal virtues 
are that it can be measured with ordinary 
instruments, and that it is consistent with the 
method used for rating the power of other types 
of emission used by amateurs.  The meter 
readings offer no assurance that the transmitter 
is being operated within proper linearity limits, 
unless backed up by oscilloscope checks using 
your voice. 
It should be observed, also, that in the case 

of a grounded-grid final amplifier, the 1-kilo-
watt d.c. input permitted by FCC regulations 
must include the input to the driver stage as 
well as the input to the final amplifier itself. 
Both inputs are measured as described above. 

FCC REGULATIONS 

In the FCC regulations, single sideband is 
considered the same as A3 (amplitude modu-
lation) and any frequencies allocated for A3 
emission may be used for s.s.b. All require-
ments for station operation and equipment, as 
outlined in the amateur regulations, must be 
met. The full text of the current regulations is 
contained in the latest edition of The Radio 
Amateur's  License  Manual,  published  by 

Amplification of a few points on which 
questions arise occasionally may be helpful. 
Numbers in parentheses refer to the applicable 
section of the FCC Regulations. 

Power Input (97.67)—The maximum author-
ized power is one kilowatt d.c. input, which 
is interpreted to be the product of the d.c. 
plate voltage by the d.c. plate current during 
the largest voice peaks registered on the 
plate-current meter. The meter must be one 
having a time constant of not over 0.25 
second (practically all panel-type milliam-
meters and ammeters used in amateur equip-
ment meet this requirement).  The one-

kilowatt power limitation is an inclusive one 
applying to all stages supplying power to 
the antenna; e.g., if the final amplifier is a 
grounded-grid stage, the sum of the inputs 
to the driver stage and final stage must be 
used in determining the power input, since 
the driver stage contributes some r.f. output 
power to the antenna. 

Station Identification (97.87)—The rules are 
clear on this, but sometimes are overlooked. 
In a round table, it is not necessary to trans-
mit the call of every station in the group 
when signing your own call. In such case 
it is permissible to say "W9XYZ and the 
group, this is W9ZYX"; or, if the group is 
a net having a distinctive name, "W9XYZ 
and the Butterfly Net, this is W9ZYX." 
Neither is it necessary to call and sign every 
time your transmitter goes on, provided no 
transmission is more than three minutes 
long. It is necessary to transmit the call of 
the station with whom you are communicat-
ing (or the name of the net) followed by 
your own call (a) if you make a trans-
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mission more than ten minutes in length, in 
which case you must sign at each ten-
minute interval, and (b) every ten minutes 
when communication is by a series of short 
exchanges. If the station with whom you 
are communicating, or another station in a 
group contact, happens to be transmitting 
when the ten-minute period is up, you must 
identify yourself at the first opportunity. 

Log Keeping (97.103)—Logs must be kept as 
described in detail in the regulations. How-
ever, in round-table or net communication 
it is necessary to enter only the calls of 
stations actually worked, together with the 
time at which each is first contacted. The 
time at which you sign out of the round 
table or net is sufficient for the termination 
time of all contacts. 

DEFINITIONS OF COMMONLY-USED TERMS 

Automatic Level Control (a.l.c.)—A system for 
automatically reducing the gain of a low-
level exciter stage when the final amplifier 
drive approaches the peak-envelope point, 
thus preventing overdriving and resultant 
splatter. 

Automatic Load Control—Same as automatic 
level control. 

Anti-Trip—A method for preventing sound 
from the loudspeaker from actuating the 
VOX system. 

Diode Hash—Noise generated in the plate cir-
cuit of a tube when its plate is taking current 
but there is no driving signal. Used par-
ticularly with reference to noise generated in 
a final stage idling during receiving periods. 

Envelope Detector—A detector whose output is 
the envelope of a modulated signal applied to 
its input circuit.  The conventional diode 
detector is an example. 

Modulation Envelope—Outline formed by join-
ing the tips of r.f. current or voltage trace, 
during modulation, when the r.f. amplitude 
is plotted graphically against time. It shows 
the low-frequency (audio frequency, in the 
case of voice modulation) variations in the 
amplitude of the r.f. signal. 

Peak-Envelope Power—Instantaneous power at 
the peak of the modulation cycle. See Page 
249 for detailed discussion. 

Product Detector—A detector whose output is 
proportional to the product of the amplitudes 
of two signals applied simultaneously. In the 
usual case, the amplitude and frequency of 
one signal are fixed; this signal is generated 
by the beat-frequency oscillator (b.f.o.) in 
a superheterodyne receiver. The second sig-
nal is the one being received; its amplitude 
may vary over a wide range but its fre-
quency, in s.s.b. reception, must have a 
definite relationship to the b.f.o. frequency 
for proper demodulation. 

Resting Current—The plate current of an am-
plifier in the absence of a driving signal. 
Also called idling current. 

Slicer—A device, usually in the form of an 
adapter for a receiver, which permits the 
receiver to respond to one sideband while 
suppressing the other. As the name is popu-
larly applied, it refers to a device using the 

phasing system for selectable sideband re-
ception. 

Splatter—Frequency components generated by 
the transmitter which fall outside the neces-
sary channel, as a result of distortion in am-
plifier or frequency-converter stages. 

Spurious—Same as splatter. 

Two-Tone Test—A method of testing an s.s.b. 
transmitter for linearity and power output, 
using two frequencies spaced apart by some 
moderately-low audio frequency and having 
the same amplitude. 

Unwanted (sideband)—The sideband that is 
suppressed in a single-sideband transmitter. 
If the suppression is not complete, there will 
be output from the transmitter in the un-
wanted-sideband channel. This is not gener-
ally classed as splatter, since it arises from 
a different cause, but is nevertheless equally 
undesirable. 

VOX—Voice-controlled send-receive switching, 
generally by means of an electronically-
controlled relay, the system being actuated 
by the presence or absence of sound output 
from the microphone. 

Demodulation—Detection; the process of re-
covering the original modulating signal from 
the incoming r.f. signal. 

Double Sideband—Commonly used to describe 
a signal having the two sidebands associated 
with amplitude modulation, but the carrier 
suppressed; the output of a balanced modu-
lator. 

Linearity—Relative ability of a device to pro-
duce, in its output circuit, a true replica of 
the signal applied to its input circuit. As 
applied to amplifiers and frequency convert-
ers driven by modulated signals, the term 
linearity means the ability of the device to 
reproduce the modulation envelope (not 
necessarily the r.f. waveform) without dis-
tortion. In a modulator, linearity means the 
ability to generate a modulation envelope 
that reproduces the modulating signal with-
out distortion. 

MOX—Manually-operated send-receive switch. 
PTT—Manually-operated send-receive switching 
ing with push-button control. The push-
button usually is part of the microphone 
assembly. 
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Age  188, 199 
Ale Circuits   50 
Accessories, Sideband Equipment ....217-246 
Adjustrnent and Testing 
Crystal Filter   
Exciter  48, 70, 72 
General  165, 171 
Linear Amplifier  119, 158 

Alignment, Crystal Filter  22, 29 
Am Detection   200 
Antenna Switch, T-R   232 
Asymmetrical Filter   33 
Attenua tor, Rf   214 
Audio Oscillator, Test   162 
Audio Phase-Shift Networks   15 
Audio, Receiver   201 
Automatic Level Control   50 
Balanced Mixer Circuit   165 
Bands of Operation   8 
Beam-Deflection Tube   43 
Bifilar-Wound Coil  32, 181 
BFO Adjustment   188 
Carrier   9 
Carrier Balance   10 
Carrier Oscillator   15 
Cathode Circuit, Tuned   119 
Cathode Circuit, Untuned   118 
Choke, Filament   118 
Compressor, Speech   223 
Crystal Filters  20, 23, 30 
Crystal Filter Alignment  22, 29 
Crystal Filters, High Frequency  23, 30 
Crystal Filter, Receiver   200 
Cw Detection   176 
Definitions   251 
Detection, Cw, Ssb   176 
Detectors, Product   176 
Distortion, Estimating   107 
Distortion, I ntermodula tion   106 
Distortion, Linear Amplifiers   118 
Distortion Measurements   165 
Distortion Products   107 
Distortion, Third-Order   107 
Efficiency, Peak Useful   11 
Envelope Peak Flattening   165 
Exciter, A Phasing Type   34 
Exciters  34-51 
Exciter Matching (Grounded-Grid Ampli-
fier)   120 

F.C.C. Regulations   250 
Filament Choke   120 
Filter, Asymmetrical   33 
Filters, Crystal  20, 23, 30 
Front End, Receiver   185 
Grid-Current,  Measurement  ( Grounded-
Grid)   120 

Grounded-Grid Linear Amplifier   
 116, 121, 127, 141, 151 

Half-Lattice Crystal Filter   25 
Heterodyne, 50-MHz Unit   207 
Heterodyne, 144-MHz Unit   211 
Hf Oscillator   45 
High-Frequency Crystal Filters  20, 23 

22 

IMD   106 
lntermodulation Distortion, Vacuum Tubes 
  106 

Lattice Filters, Crystal  20, 23, 30 
Linear Amplification ..116, 121, 127, 141, 151 
Linear Amplifier 
Distortion   106 
Exciter Matching   120 • 
Grounded-Grid  116-151 
Linearity   106 
Power Ratings   Ill 
Power Supply   151 
Stabilizing   122 
Testing & Aligning   158 
Tubes  108, 111 

Linear Amplifiers (Construction) 
Compact 811   127 
3-500Z   131 
Single-Band Linears   134 
3-1000Z   151 
4-125, 4-250, 4-400   142 

Linearity, Vacuum Tube   106 
Measurement,  Grid-Current  ( Grounded-
Grid )   120 

Measuring Series and  Parallel-Resonant 
Frequencies ( Crystal )   31 

Mixer Circuit   45 
Mixer Circuit, Balanced   44 
Mixer, 50-MHz   207 
Mixer, 144-MHz   211 
Mobile Transceiver  67, 73, 83 
Modulators, Balanced   43 
Nonlinear Plate Characteristics   108 
Oscillator, Hf   45 
Oscillator Temperature Compensation   51 
Oscillator, Test Audio   162 
Oscilloscope Patterns   165 
Oscilloscope Setups   165 
Peak Power Input   11 
Phasing Method   15 
Phase-Shift Networks, Audio   16 
Phase-Shift Networks, Rf   16 
Phasing Method, Reception   180 
Phasing-Type Ssb Generator   34 
Phone 'Patch  240, 246 
Piezoelectric Crystal   20 
Pi-L Network Tank Circuit  143, 151 
Power, Carrier   9 
Power Meters   234 
Power, Peak Input   11 
Power Ratings, Linear Amplifiers   Ill 
Power, Sideband   9 
Power Supply, Kilowatt   151 
Processed Speech   217 
Processor, Speech   223 
Product Detectors   176 
Products, Intermodulation Distortion   106 
QRM in Am and Ssb Reception   13 
Ratings, Power (Linear Amplifiers)   111 
Ratings, Transmitter  11, Ill 
Receiver Audio   201 
Receiver 
Age  188, 199 



Crystal Filter   200 
Front End   185 
Hf Oscillator  ,   45 
If Circuits   199 
Power Supply   201 
Product Detector   176 

Receiver Signal Checking   171 
Receiver Front End   185 
Receivers, Ssb  176-206 
Receiving  176-206 
Receiving Ssb Signals   13 
Reception, Agc  188, 199 

•  Regulations, F.C.C.   250 
Rf Phase-Shift Network  15, 182 
, Ripple Patterns   168 
Sssc   14 
Sidebands   9 
Sideband Scope Patterns   165 
Signal-To-Noise Ratio   12 
Single Sideband, Phasing Method   15 
Speech Compressor   223 
Ssb Detection   176 
Stabilizing Linear Amplifiers   122 
Surplus-Crystal Hf Filters   30 
"Swamper" (Rf Attenuator)   214 
Tank Circuit, Pi-L Network   142 
Temperature Compensation, Oscillator  51 
Terms   251 
Testing and Adjustment 
Crystal Filter   22 
Exciter  •  48, 70, 72 
General  165, 171 
Linear Amplifiers  119, 158 

-dr 

Test, Two-Tone  162, 165, 169 
Third-Order Distortion   107 
Transceivers 
Transistor Module   52 
Solid-State Ssb   60 
Mobile 3.5 MHz   67 
Mobile 7 MHz   73 
With Transistors   83 
For "160"   96 
21/28-MHz Transverter   100 

Transistor 
Module   52 
Transceiver  60, 83 
Two-Tone Oscillator   162 
Receivers  176, 193, 202 

Transmitters 
Phasing Exciter   34 
Filter Exciter   41 
50-MHz Transmitting Converter   207 
144-MHz Transmitting Converter   211 

Transmitters, Ssb   7 
Transmitter Checking  158, 165 
Transmitter Ratings  11, 111 
T-R Antenna Switch   232 
Tube Data   252 
Tuned Cathode Circuit   119 
Two-Tone Test  162, 165 
Two-Tone Test Generator   162 
Untuned Cathode Circuit   118 
Vacuum Tube Data   252 
Vacuum Tubes, Intermodulation Distortion 106 
Two-Meter Transmitting Converter   211 
Six-Meter Transmitting Converter   207 



will help you to keep abreast of the times in the ever-expanding field of eluctronics. 
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Whether novice or old-time amateur, student or engineer, League 
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THE RADIO AMATEUR'S HANDBOOK 

Internationally recognized, universally consulted. The all-
purpose volume of radio. Pocked with Information useful to 
the amateur and professional alike. Written in a clear, 
concise manner, contains hundreds of photos, diagrams, 
charts and tables.  $4.50 

A COURSE IN RADIO FUNDAMENTALS 

A complete course to be used with the Handbook. Enables 
the student to progress by following the principle of "learn-
ng by doing.' Applicable to Individual home study or 
cfu.sroom use.  $1.00 

THE ARRL ANTENNA BOOK 

Theoretical explanation and complete instructions for build-
ing different types of antennas for amateur work. Simple 
doublets, multielement arrays, mobile types, rosaries, long 
wires, rhombics and others. Transmission lines are exhaus-
tively discussed. Profusely illustrated.  $2.50 

THE RADIO AMATEUR'S LICENSE MANUAL 

Study guide and reference book, points the way toward the 
coveted amateur license. Complete with typical questions 
and answers to all of the FCC amateur exams —Novice, 
Technician, Conditional, General, Advanced and Extra Class. 
Continually kept up to date.  $1.00 

HO W TO BECOME A RADIO AMATEUR 

Tells what amateur rodio is and how to get started in this 
fascinciting hobby. Special emphasis is given the needs of 
the Novice licensee, with a complete amateur station fea-
tured.  $1.00 

"Ir 
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The whole picture of amateur radio 

from basic fundamentals through the most complex 

of this appealing hobby is covered in ARRL publications. 

putAcations 

LEARNING THE RADIOTELEGRAPH CODE 

For those who find it difficult to master the code. Designed 
to help the beginner. Contains practice material for home 
study and classroom use.  $.50 

THE RADIO AMATEUR'S V.H.F. MANUAL 

A thorough treatment of v.h.f. Covers receiving and transmit-
ting principles, techniques and construction, antenna and 
feed system design, u.h.f. and microwaves, test equipment, 
interference causes and cures.  $2.50 

UNDERSTANDING AMATEUR RADIO 

For the beginner. Explains in simple language the elemen-
tary principles of electronic and radio circuits. Includes 
how-to-build-it information on low-cost receivers, transmitters 
and antennas. A "must" guide for the newcomer.  $2.50 

THE M OBILE MANUAL FOR RADIO AMATEURS 

Scores of selected articles on mobile receivers, transmitters, 
antennas and power supplies. Between its two covers is all 
the practical information an amateur needs for carefree and 
dependable mobile operation.  $2.50 

THE RADIO AMATEUR'S OPERATING MANUAL 

A ready reference source and guide to good operating prac-
tices. Ideal for the amateur who wishes to brush up on 
operating procedures, and who wishes information on all 
facets of amateur operating.  $1.50 

HINTS AND KINKS 

If you build and operate an amateur radio station, you'll 
find this a mighty valuable book in your shack and work-
shop. More thon 300 practical ideas.  $1.00 

ICAN RADIO RELAY LEAGUE  • NE WINGT ON, CONN. 0 61 lei' 3r 


