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introduction

any books have been published on the various aspects of
M audio that can broadly be divided into two groups: the
“theoretical” group, which undoubtedly give all the theory any-
one needs, provided he has sufficient knowledge of advanced
mathematics to be able to apply it; and the ‘“practical” group,
which tell the reader, step by step, how to make some particular
piece of equipment. What has been lacking in the literature is
some information in a form that will enable the man with only
the most elementary knowledge of mathematics to produce his
own design and make it work.

With the objective of filling in this gap, we have written various
articles that have appeared in Rapio-ELEcTRONICS magazine. And
the correspondence we have received assures us that we have
achieved our objective in this. In fact, many people find the only
complaint is the inconvenience of having numerous copies of
Rapro-ELECTRONICS strewn about the place for easy reference!

For this reason the Gernsback Library undertook the assembly
of this material into book form. But a number of separate maga-
zine articles do not too readily go together to make the best book,
just like that. The result is apt to be rather a mass of bits and
pieces. So the authors’ help was called upon, and the original
articles have been considerably edited and rewritten. In several
places additional material has been added, in the interest of over-
all clarity, and to fill in some gaps that naturally result from pre-
paring a book in this way. But now that we have finished the work
we feel confident in offering it to the reader as a real primer on
designing the best in audio.

Often people ask where we get the ideas for articles. We feel this
introduction is a good opportunity to give the answer to this ques-
tion, as credit to whom credit is due. Practically all the subjects
for our articles arise from questions various people have asked,
and the discussions that have followed. To be able to explain a
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subject successfully, it is necessary not only to understand it prop-
erly one’s self, but also to understand the obstacles that make it
difficult for others to grasp. It is odd how obstacles in the attain-
ment of knowledge seem insurmountable as we approach them,
but having passed them, they seem to vanish, and we find it diffi-
cult to realize the obstacle ever existed. This is why questions
from people seeking knowledge, and the discussions that ensue,
are invaluable in providing material for this kind of presentation.

Knowing that many look in the introduction of a book to find
out for whom it is written, we should answer that. While we have
avoided using expressions that would put it over the heads of the
many enthusiasts who do not possess very much theoretical knowl-
edge, we are also confident that much of its contents will prove
helpful to many who have more advanced training, but who have
failed to visualize adequately some of the problems they en-
counter, largely due to the vagueness of the “classical” approach.
As a “primer” to read, it will give a sound basic knowledge of the
subject, after which it will serve for years as an invaluable refer-
ence book. We make no apology for such a claim — we use our own
writings for reference. It’s so much easier than trying to memorize
it alll

NorMAN H. CROWHURST

GEORGE FLETGHER COOPER
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chapter

feedback effects

oil water and butter together. Add flavor. Cook till it forms a
ball. Season, and beat in an egg.

This is not a2 book on cookery, nor is it one of those with a cook-
book approach on how to build the perfect amplifier. ““Take a ripe
output transformer, about four pounds,” he says; “two large well-
matched tubes and an assortment of smaller tubes, capacitors and
resistors. Connect as shown. Add feedback to taste.” The trouble
is, that the amplifier described this way is never just what you
want, and nothing in the book tells how you can alter it without
ruining the performance completely. Consequently, when you or
your employer needs an amplifier, it has to be designed from
scratch. Amplifiers without feedback are no problem, but the ad-
dition of a reasonable amount of feedback to an amplifier with
more than two stages usually leads to instability unless the circuit
is carefully designed.

To begin with, why do we want to use negative feedback in am-
plifiers at all? There are four reasons which assume different orders
of importance, depending upon the function of the amplifier. If
the amplifier is part of an a.c. voltmeter, the gain must be con-
stant in spite of changes in supply voltages and aging of tubes. A
voltmeter with a drift of 10% would be a thorough nuisance in
any laboratory. After all, unless you are a magician, you must trust
something. By using negative feedback, the overall gain can be
made almost independent of the internal gain of the amplifier;
once it is adjusted, the gain will be the same even if the tubes
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are changed or the line voltage drops 5%. If the gain is independ-
ent of the plate supply voltage, ripple caused by inadequate filter-
ing will not modulate the signal. This aspect is especially impor-
tant for ordinary program amplifiers.

The reasons for using feedback are also important in audio. By
using negative feedback we can flatten the frequency response, and
reduce the harmonic and intermodulation distortion. It can also
be used to modify effective input or output impedances.

Feedback improves response

Let us first consider how negative feedback helps keep the gain
of an amplifier constant. A particular amplifier has a gain of 80
db!; an input of 1 mv between the first grid and cathode gives an
output of 10 volts. When the input and output impedances of an
amplifier are not equal:

db gain (or loss) = 20 log %i + 10 log %1 + 10 log% (1)
1 2 1

where E,; and E; are the input and output voltages; Z;, and Z, rep-
resent the input and output impedances respectively; k; and k, are
the power factors of the input and output impedances. However,
if input and output impedances are identical (as in our example),
the formula for db gain or loss of an amplifier is simplified to?:

db gain (or loss) = 20 log £% @
1

With an input of 1 mv (.001 volt) and an output of 10 volts,
db gain = 20 log —01% = 20 log 10,000 = 20 x 4 = 80 db

We now connect across the output a network which gives exact-
ly 1/1,000 of the output voltage. We can readily calculate the loss
in this network. Since the output voltage is 10 volts, the voltage
across the output will be 10 millivolts. Using formula (2):

db loss = 20 log =2 = 20 log 4 = 20 log 1,000 = 20 X 8 = 60 db
5 .

1 These are not true decibels, as the impedances are not necessarily the same. “The
question is,” said Alice, “whether you can make words mean different things.”
“The question is,” said Humpty Dumpty, “which is to be master—that's all.”
(Through the Looking Glass— Lewis Carroll.)

2 Throughout this work, all log formulas are to the base 10.
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Thus our network has a loss of 60 db. When the input to the am-
plifier is 1 mv, the amplifier output is 10 volts and the network
output is 10 mv.

The output of this network is now connected in series with the
input, so that the voltage appearing between grid and cathode of
the first tube is the difference between the applied input between
grid and ground and the voltage fed back through the network.
Working backward, we see that if the output is to remain at 10
volts with a feedback voltage of 10 mv, then we must increase our
input to 11 mv (1 mv for input signal and 10 mv to overcome the
effect of the feedback voltage on the input voltage). The overall
gain is now 10 v/11 mv, which equals 59.17 db, since:

db gain = 20 log %’_
1

— 20 log 0 — 20 log 909
8011 8

log 909 = 2.9586
db gain = 20 X 2.9586 — 59.17 db

Since our amplifier, without feedback, originally had a gain of
80 db and with feedback has had its gain reduced by a little more
than 20 db, let us see what advantage we secure by this sacrifice of
gain.

Suppose now that we make some change in the amplifier, so that
for 1 mv between grid and cathode we obtain 20 volts out. The
voltage feedback will be 20 mv, so that this 20-volt output requires
an input of 21 mv and the gain is 20 v/21 mv=>59.58 db. Although
the internal gain has been doubled (6-db increase), the overall
gain has increased only by about 5%, or 0.41 db.

This example shows immediately how negative feedback im-
proves the performance of a voltmeter amplifier. By using more
feedback, even greater constancy of gain can be obtained. A little
thought will show that the other properties of negative feedback
can also be obtained in this example. Suppose that the change of
gain was the result of changing the test frequency. For example,
the gain might increase by 6 db when the frequency is increased
from 50 to 400 c.p.s. The feedback keeps the gain the same within
0.4 db for this change of frequency.

The reduction in distortion is not as simple. In the normal
working range of the amplifier the gain is not quite constant at all
points in the voltage wave. This can be seen by looking at a graph
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showing mutual conductance plotted against grid bias. These vari-
ations in gain during a single cycle cause distortion; but obviously
since negative feedback keeps the gain nearly constant, the distor-
tion must also be reduced.

At this point the reader is warned not to open his amplifier to
connect a simple potential divider from loudspeaker terminals to
input grid. By a well-known law of Nature (the law of the cussed-
ness of inanimate things) you will be certain to add positive feed-
back and will produce an excellent oscillator. Relax in your arm-
chair and continue to read this book.

Oscillation troubles

The problem which really causes trouble in negative-feedback
amplifiers is oscillation of the extremes of the frequency range.
When feedback is applied to an amplifier with more than one

© AMPL ° Fig. 101. Basic feedback-amplifier
AT €6 { A o} T it The  fesdback eunth
o feeds part of the output signal
3 back to the input. When the
feedback is negative, the vollage
fed back to the input is out of
FEEDS*CK phase with the original input

signal.

stage, oscillations may occur either at very low or very high fre-
quencies. Fairly typical values would be 2 c.p.s. and 30 kc. It is dif-
ficult to detect the high-frequency oscillations just by looking. The
amplifier appears to have no gain but lots of distortion. With an
oscilloscope, of course, the trouble is easily found. There are no
certain cures which can be applied to all amplifiers: one man'’s
meat is another’s poison. In our view, the only safe way to proceed
is to draw the amplitude and phase responses (later in this book,
it will be shown how this can be done easily).

A little mathematics

Before discussing the specific problems of design, let us look at
some of the basic mathematics. The generalized circuit of a feed-
back amplifier is shown in Fig. 101. It consists of an amplifier hav-
ing a gain of A and a feedback network having a gain (actually a
small fraction) of 8. The two equations are:

E
—= = A and E—a-: B 3)
Suppose we call the gain of the amplifier including feedback A’
10



to distinguish it from the gain A of the amplifier without feed-

back. The overall gain is:
Ey

=2 4

=5 @

Since the feedback is negative the feedback voltage must sub-

tract from the input voltage to give the voltage E, actually applied
to the grid, or:

AI

E, = E, - E, (3)
For convenience we can rearrange this equation to read:
E, = E, + F, (6)

Suppose we substitute (E; + Ej) for E, in equation (4) (which
we can easily do because the two quantities are equal to each
other). We then get:

E

A= 2 7
E, + E, )
So far we see that nothing spectacular has happened, but from

equation (3) we know:

E,

E, = -2

A

We can now put this value for E, into equation (7) and we will
get

PSS

% + Eq 8)

Combining the denominator terms on the right-hand side, we
have:

’r E2
A
Clearing the division of fractions, we get
, E.A
A= E, + EA

We know from equation (3) that E; = BE,. We can substitute
this value for E; and arrive at a gain value of:

E,A
E, T fEA ®)

11
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We can now factor the denominator:

, E.A
Rl > (Y

Cancelling E; in numerator and denominator, the gain of an
amplifier with feedback is seen to be:

A= A

=T AB

The term A in this equation will be called loop gain although
some other authors have referred to it as the feedback factor or
feedback ratio. One additional point to note here is our usage of
A/ (1 4+ ApB) as representing negative feedback gain. This form is
based on the algebraic rather than on the magnitude value of g.
In some engineering texts, the form A/ (1-Ap) is used, assuming of
course that g itself is negative for negative feedback. This form
resolves itself algebraically to:

A A
T- (A T+ Ap
In terms of numbers we can make this factor have practically
any value we want by adjusting the gain of the amplifier and the
amount of feedback voltage. Suppose we make AB much larger
than 1. In this case, the quantity (1 4 AB) in equation (10) is very
nearly equal to just AB, and for all practical purposes we can write
equation (10) as:

(10)

A =

v (1)
and the gain of the amplifier with feedback is:
1
Al = — 12
3 (12)

Since the A drops out, the gain A’ of the amplifier with feedback
is independent of the gain without feedback as long as the loop
gain AR is fairly large as compared to 1. To meet this condition,
AB would usually have to have a value of at least 10.

Equation (12) is of interest in that it shows directly that the gain
of an amplifier is inversely proportional to the amount of feed-
back and, as the amount of feedback is increased, the gain of the
amplifier is reduced.

Earlier in this chapter the formula for the gain of an amplifier
in db was given as:

E,
E,

db gain (or loss) — 20 log
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Using this formula, we can obtain an expression for a feedback
amplifier in decibels, making use of formula (10);

20 log A’ = 20 log A — 20 log (1 -+ AB) (13)

Without feedback the gain in decibels is 20 log A. The effect of
the feedback is to reduce the gain by 20 log (1 4+ Ap) decibels.
This latter term is correctly called the feedback factor.

Effects of phase shift

So far we have assumed that g and A are just ordinary num-
bers. If the feedback network is just a couple of resistors, this is all
right as far as g is concerned. However, amplifier gain A has
a phase angle which depends on the interstage coupling networks
and transformers if any are used.

Fg. 102. A4 typical R-C network.
Since the capacitor (C) blocks the ¢
passage of the B-supply voltage into
the grid circuit of the second stage,
only the a.c. signar component from
the first stage is coupled into the
grid circuil, and appears across re-
sistor R. = B+

Fig. 102 shows a typical resistance-capacitance coupling circuit.
At some frequency the reactance of C will be equal to the resist-
ance R. At this frequency the phase shift between the plate of the
first tube and the grid of the second tube is 45° and the response
has fallen by 3 db. At still lower frequencies the phase shift gets
larger until it approaches 90°.

To understand this, let us assume a condition such that R = X..
However,

1
Xe = 5—== 14
¢ T 24fC (14)

and since (at a particular frequency), R = X,, then

1

R = 5 (15)
An elementary rule in arithmetic is that 2 number multiplied
by its reciprocal is equal to 1. Although this sounds formidable,
it simply means that a number such as 6, when multiplied by its
reciprocal, 1/6, is equal to 1 (6 X 1/6 = 1). We can apply the
same reasoning to X. and R since we have deliberately chosen a
frequency at which these two are equal. Thus we have:

1
Xe

R =1 (16)
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Another basic rule in arithmetic states that if numbers are
equal, then their reciprocals are also equal. This simply means
that if 6 = 6, then 1/6 = 1/6. Using this principle we can change
formula (16) to read:

1 1
< = = iC 17)
2-£C

Now by substituting the right-hand member of this equation in
place of 1/X. in equation (17), we will have:

2-fCR = 1 (18)

When the frequency makes R = X,, then the voltage across the
capacitor and across the resistor will be equal since the ohmic
values of the two components are identical.

Now let us take a condition in which

27rfCR>lorf>ﬁ
T

Since the frequency has increased, the capacitive reactance has
gone down accordingly; the signal voltage across the capacitor is
smaller, while the signal voltage appearing at the input of the
amplifier stage (across R) has become larger.

The final condition, of course, is one in which

]
lorf < 5 CR
Since this represents a decrease in frequency, the capacitive re-
actance is increased; and the signal voltage across the capacitor is
also increased, while the useful driving voltage (signal voltage
across R) is cut down. Under these conditions, the phase angle
approaches 90° and the volume decreases.

In a three-stage amplifier there will be two coupling circuits of
this kind plus a third to keep the plate d.c. from the feedback
network. If the C-R products of these three networks are equal,
each will have a phase shift of 60° at some frequency and the total
phase shift will be 180°. Where a C-R circuit has a phase shift of
60°, it also attenuates the amplitude to one-half, or 6 db. Thus,
three such circuits will attenuate to 145 X 14 X 14 = 14 or 18 db.
The correct value for the gain at this frequency is then not
A but —14A. The gain with feedback is then equal to:

2afCR <

, A
A= T AR (19)
A but —14A. The gain with feedback is then equal to:
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this equation is equal to 0 and the gain is infinite. Obviously this
will not do because we want an amplifier, not an oscillator, so we
must arrange for 14AB to be less than 1 at the frequency where
the phase shift is 180°. For 14AB to be less than 1, AB must be
less than 8, or 1 - A less than 9. This means that a three-stage
amplifier using equal C-R couplings must use less than 20 log 9 =
19.08 db feedback or it will oscillate. By using unequal values of
C-R, this limit can be raised as we shall learn later.

Up to this point we have just considered two very special con-
ditions in which the output voltage of an amplifier is either direct-
ly in phase with the input signal or completely out of phase with
it. The phase of the output voltage of an amplifier without feed-
back (compared to the incoming signal) will vary between these
two extremes at different frequencies, depending upon the value
and type of the coupling components. If we have an amplifier
using negative feedback with large phase shift at some frequency,
then there will be an equally large shift in the phase of the feed-
back voltage, thus reducing the effectiveness of the feedback at
this frequency. For this reason the gain can increase, producing a
bump in the frequency response at one end or the other or per-
haps at both ends. If the amplifier is well designed—that is to say,
if the amount of feedback is properly controlled—these bumps
will not appear. A low-frequency bump at 60 c.p.s. is obviously
not desirable; and if the amplifier is used with a phono pickup, a
low-frequency bump can be a nuisance. High-frequency bumps
are equally bad since they increase the noise level.

Feedback design

The designer of an amplifier may often be confronted with the
problem of knowing how much the gain of his amplifier could
change for a given amount of feedback. Alternatively, he may wish
to keep the change of gain of his amplifier within prescribed limits
and will want to know just how much fecdback is necessary to
achieve this. Actually, these two problems are identical. In each
case the designer has a problem involving small changes.

Since differentiation is the technique by which we can solve
problems dealing with rate of change, we can differentiate equa-
tion (10) and arrive at an important and useful tool. First, let us
repeat equation (10):

, A
N =g
15



We can rearrange this equation to read:

A=A (1_) (20)
1 + AB

By difterentiating this equation we then get:

da’ dA 1 @1)

A=A X1 fAp

In this form the terms dA” and dA represent moderate changes
of gain in an amplifier with and without feedback. Rate in this
case does not involve the idea of time. If variations of supply volt-
ages or circuit components produce a change in the gain of the
amplifier without feedback (dA), then this change will be a frac-
tion (dA/A) of the total gain A. The change of gain with feedback
is dA’/A’. In other words, any variations in gain of the amplifier
will be reduced by the fraction 1/ (1 + Ap) when the circuit has
a feedback factor of Ag.

Solution of a sample problem

Equation (21) is very useful for designing amplifiers to rigid
specifications. Let us assume that we want an amplifier with feed-
back to have a gain of 1,000, with a maximum possible tolerance
of gain not to exceed *=2%. A deviation of 2% means that 1 volt
could change to 1.02 volt. To numerically express this change in
db, we take:

20 log 122 — 20 log 1.02 = 0.17 db
g g

The gain of the amplifier in db is then:

1,000

db gain = 20 log I

= 20 log 1,000 = 20 % 3 = 60 db (=0.17 db)

Suppose that this particular amplifier, without feedback, can in-
crease its gain by 50%. In terms of db, this would be a change in
gain of 3.52 db. To a person listening to such an amplifier, this
change would be barely noticeable. However, for voltmeter ampli-
fiers, modulators and high-fidelity amplifiers this change might
very well be considered intolerable.

In this problem, the change of gain with feedback is 2%, or .02.
Thus we get:

dA’
T = .02
16



The change of gain without feedback is 50%, or 0.5, and so we
have:
dA

X = 0.5

If we now substitute these values in equation (21), we will have:

1
0.5
1 + AR

Transposing, we get

0.5

02 =

Now A’ = 1,000 and we can find the value of A from the equation:

, A
A= 11 ag
or
A = A1 4 AB)

Substituting our values in this equation, we have:
A = 1,000 x 25 = 25,000, or 87.96 db

Our amplifier would require an initial gain (without feedback)
of 25,000, or 87.96 db. Our feedback factor would be 25. Because
of this feedback, the gain of the amplifier would be reduced to
1,000 (60 db) while the change in gain of the amplifier would be
down to =*0.17 db.

Most people use negative feedback, not to provide constant
gain, but to reduce the distortion. Usually most of the distortion
originates in the output stage. For this reason, the feedback is
sometimes applied only to the output stage. This is not as useful
as it appears, for the previous stage must now provide much more
drive and usually begins to make a substantial contribution to the
distortion.

In subsequent chapters, charts will be given so that you can cal-
culate easily the phase and amplitude response and, hence, the
stability conditions of amplifier circuits.

Gain without feedback
Now that we have examined the basic principles of negative-
feedback amplifier design, we can readily see that the quantity of
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key importance is the feedback factor (1 -+ Ap). Expressing the
feedback factor in db, it becomes:

F = 20 log (1 4+ ApB) (22)

If Ap is fairly large, this is almost identical to the condition
where there is no phase to consider with the loop gain. Thus:

F = 20 log AB (23)

This of course can be factored to:

F=201log A 4-201log 8

Most of our attention has to be focused upon the first term
(20 log A) which is the gain of our amplifier without feedback,
since g is relatively simple to handle.

The first thing to do is decide what you want. This may sound
platitudinous, but even professional designers sometimes try to
produce amplifiers which are not possible. We have discussed
some of these basic design problems. For example, if a 6AQ5 beam
power output tube is to give 4.5 watts, the distortion without feed-
back will be, according to the maker’s specifications, 8%. To get
only 1%, it is necessary to use about 20 db of feedback. The mu-
tual conductance is 4,100 pmhos, the optimum load 5,000 ohms.
Therefore the gain will be about 20, or 26 db. The input stages
of the amplifier must therefore provide most of the total gain we
need.

If we want, say, 50 db all together, the gain without feedback
must be 70 db. Since the 6AQ5 will supply 26 db, the earlier stages
must have 44-db gain. This is an awkward example because 44 db
is just about on the limit for a single high-gain pentode. We
should have to look closely to decide whether to use two stages
before the 6AQ5 and have the advantage of the extra feedback
or risk the distortion rising to perhaps 2% at full output.

Where to apply feedback

In this preliminary design, we must decide where the negative
feedback is to be applied. Voltage feedback can be applied either
to the grid or the cathode of the input stage in the ways shown in
Fig. 103. The second way (Fig. 103-b) is useful only for feedback
around a single stage because the resistances in the feedback con-
nection must be very high and stray capacitances then become im-
portant. The method of Fig. 103-a has the disadvantage that the
secondary of the transformer is not directly grounded; but as the
resistance R is usually only about 100 ohms, this is not serious.

18



This method allows the cathode to be bypassed, thus increasing
A and therefore ApB, the feedback factor. The cathode R-C circuit
is sometimes useful for increasing the stability margin. The
method of 103-c is simple if the loss of gain due to the unbypassed
cathode can be allowed.

£ 3

FEEDBACK

FEEDBACK = L <~ FEEDBACK =
a £ c

Fig. 108. Three common ways of applying vollage feedback to an
amplifier input.

If the feedback voltage cannot be taken from a transtormer,
there is no way to reverse its polarity. In that case Fig. 103-a or-b
must be used with an odd number of tubes and 103-c with an even
number. Otherwise the feedback will be positive. This assumes
that the output is taken from the plate and not from a cathode
Joad. When the feedback is taken from the output side of an out-
put transformer, circuit 103-a is the best because there is no d.c.
in the feedback circuit and no capacitors are needed. If 103-c is
used, a blocking capacitor must be used to keep the cathode volt-
age off the output line. This capacitor usually must be very large
because of the low impedances normally used in this type of cir-
cuit. Some output transformers have separate windings for feed-
back.

Safety margins

An amplifier will be unstable if the total or sum of the phase
shifts through it reaches 180°, while at the same time the value of
the loop gain (AR) is equal to 1. Let us look at the typical ampli-
fier response shown in Fig. 104, and analyze it in terms of ampli-
tude characteristics and phase response before continuing our
discussions of phase shift.

At frequencies between 256 and 2,048 c.p.s., the amplitude char-
acteristic is very close to flat and the phase response is practically
zero. This means that the coupling capacitors and transformer
inductance (if a transformer is used) have negligible effects, the
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coupling capacitor reactance is very small compared with the grid
resistor and the primary inductance of the transformer has a re-
actance very high compared to the plate load impedance. It also
means that the various stray capacitances that cause loss at the high
frequencies still have reactances that do not appreciably shunt the
circuit impedances.

At frequencies from 128 c.p.s. downward, the amplitude re-
sponse drops oft and the phase response shows advance angle. This
is due to the rising series reactance of the coupling capacitors. In
the interstage couplings a progressively larger proportion of the
voltage developed at the plate of the previous stage gets dropped
across the reactance of the capacitor and a progressively smaller
proportion reaches the grid resistor of the following stage. At the
same time, there is a 90° phase difference between the voltage
dropped across the coupling capacitor reactance and that across
the grid resistor. The voltage across the capacitor lags behind that
across the resistor. When most of the voltage developed is dropped
across the capacitor, the two will then be almost in phase, and the
voltage across the grid resistor must be almost 90° out of phase
with the input voltage. It is the grid resistor voltage which is
passed on for further amplification. If the voltage across the capaci-
tor lags behind the voltage across the resistor, then, conversely, the
voltage across the resistor must lead, or be ahead of, the voltage
across the capacitor. This means that the output voltage is actually
ahead of the input voltage under this condition. It is indicated in
Fig. 104 by showing the angles in negative degrees. The “wavi-
ness” of the characteristic is a result of the irregularity with which
the difterent R-C values of the coupling circuits take effect.

At frequencies above about 4,096 c.p.s., the amplitude response
again departs from level and eventually rolls off, and the phase
curve goes into positive angles, representing phase lag or delay.
At these frequencies the output is behind the input. This devia-
tion is caused by the various stray capacitance effects. Grid to
ground, plate to ground and stray wiring capacitance all con-
tribute to this eftect. The slight rise before falling off may be
caused by interaction between the leakage inductance of the out-
put transtormer and its capacitance, forming a tendency to reson-
ate. (Leakage inductance should not be confused with primary
inductance. It is like an inductance in series between source and
load, causes a loss of high frequencies rather than low, except
where it resonates with some capacitance elsewhere in the circuit).
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Instead of using 180° as the phase limit, we shall use 150° to
give us a safety or phase margin of 30°. At some low frequency the
phase shift between the input signal voltage and the output signal
voltage will reach 150° and the gain will be less. If, as before, we
represent the gain of an amplifier without feedback as A, then the
gain of the amplifier at the low-frequency end will be less than A.

To meet the conditions of stability at the low-frequency end
the loop gain (AB) should be no greater than the amount by
which the midband gain (without feedback) 1is reduced at the

.....l..--.lll
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SI2 2048 8192 32000 128000
25 1024 4096 16384 64000
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Fig. 104. Typical amplitude and phase characteristics of an audio amplifier.

frequency wherc the phase shift is 150°. In turn, the limit on the
size of the feedback factor is determined by the amount of ampli-
fication decrease at the low-frequency end (using mid-frequency
as a reference) in an amplifier without feedback. To understand
this more clearly, refer to Fig. 104 in which the amount of drop in
gain at the 150° point is shown by the length of vertical line A.
We can reduce the gain by this amount when we apply feedback.
If we use more feedback than this, Ag becomes greater than unity
at the 150° point and the circuit has insufficient margin of stability.
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Exactly the same conditions apply to the high-frequency end.
Here we also use the 30° phase margin. In Fig. 104, the length of
vertical line C is the limit we should observe to keep the amplifier
stable at the high-frequency end.

At more extreme high and low frequencies, the phase shift will
reach 180°. At these points the difference between the actual feed-
back and the amount the response without feedback has fallen is
called the gain margin. These are indicated by B and D in the
response curve. The phase and gain margins are merely safety fac-
tors chosen so that the amplifier will not be running too close to
its instability limits. A typical value for the gain margin is 10 db.

The phase shift can be allowed to be more than 150° as long
as it dips back to that value. This is shown in Tig. 105. Point B on
that curve is the one to use, and not A. This is true even if the
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Fig. 105. Curve showing how the phase shift may go beyond
the phase margin.

curve dips below the 180° line at C. In this case, however, the
amplifier is only conditionally stable and might oscillate when
first turned on. It is best to avoid such a condition because it is
hard to handle. We will return to this question of margins later.

Calculated response

We are now faced with the problem of calculating the response
of the amplifier. Let us first concentrate on the low-frequency end.
Two things cause the low-frequency response to drop off. One
is the reactance of plate, screen and cathode decoupling capacitors;
the other is the reactance of the interstage coupling circuits. The
effect of decoupling is usually considered a refinement and will
be considered separately.
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At low frequencies an interstage coupling can be reduced to
an equivalent as shown in the series of diagrams of Fig. 106-a.
First the plate resistance of the tube is considered in parallel with
the plate coupling resistor. Then, because the capacitor is the
only frequency discriminating part of the circuit and the resist-
ance parts can be considered a simple potentiometer following

Re C R
8+ 3 e e
(—iL—O
Ry = R >R =
P e
Rp o—ﬁLo

N2R Ly

Fig. 106. At (a) is shown an interstage coupling reduced to its equiva-

lent circuit where capacitor C is the only frequency discriminating

part of the circuit. At (b) is the equivalent circuit when a transformer

or choke is used where its inductance contributes to the low fre-
quency response.

the capacitor, which has no effect on low frequencies, it appears
that the turnover frequency (wo) occurs where the reactance of the
coupling capacitor is equal to the parallel combination of R, and
R, in series with R,, or

1

. RoR 24
C.\Re + R, T R, (24)

Where a transformer or choke is used, its inductance also con-
tributes to the low-frequency response, and the equivalent can be
reduced as shown in the series of diagrams at Fig. 106-b. First, the
load impedance connected to the secondary of the transformer is
multiplied by the square of transformer stepdown ratio. (If the
transformer is an interstage stepup, the secondary resistance is

divided by the square of the ratio). The resultant primary load
is combined in parallel with the plate resistance of the tube, and
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the turnover point occurs where the reactance of the inductance
is equal to this resistance combination, or:
2 2
oy —  RNRy __RNPRL, 25)
R, + NZR, R, + N°R,
L

P

Fig. 107 shows the curve produced by any single reactance caus-
ing a low-frequency rolloff. This curve is normalized, by which

V]

0625  .[25
FREQ wWw/usy)

Fig. 107. The amplitude characteristic of amplifier coupling circuits. This curve is
used to make the template discussed in the text.

we mean that a reference frequency has been chosen to make it
universally applicable. In this case, the frequency marked as 1
is the frequency at which the reactance of C or L is equal to the
appropriate resistance value, or w, of equations (24) and (25).

The numbers on the frequency axis of Fig. 107 are the ratio of
the frequency at that point to the normalized frequency, or o /w,
where © = 2=f and o, is the turnover frequency.

You will notice that this curve is drawn on linear scales rather
than the logarithmic one usually used for frequency response
curves. Various makers use different spacing for their logarithmic
paper, and, since we are going to make a template from this curve,
we could use the template only with the same make of paper if
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we use log paper. If you transfer this curve to centimeter-square
or inch-square paper, you won’t have this trouble. Besides, linear
paper is much cheaper than log paper and an amplifier design
may use up quite a lot of paper.

To make the template (Fig. 107), trace and then paste the
curve to a stiff sheet of paper. Draw in the numbers indicating
frequency on the template, which is now the upper part of the
normalized response curve cut out.

An alternative method of making the template is to copy the
curve onto centimeter or half-inch square paper. Paste this to a
sheet of %-inch celluloid and scratch through the 0 db, w/w, ==
1 line, and the curve itself. Now fill the scratches with black wax
(boot blacking) and cut out. You can now wash off the paper,
since the template has now been etched into the celluloid.

Rp=L.4K RL=5K

B—

Fig. 108. A simplified amplifier circuit to illusirate the
interstage coupling.

A sample problem

Suppose we wish to draw the response curve of the amplifier
shown in Fig. 108. The first step is to prepare a sheet of graph
paper with the same size squares as are used on the template.
Draw in the decibel scale the same as in Fig. 107 and put in a fre-
quency () scale. Notice that equal intervals on the frequency
scale represent a doubling of frequency.

Now we determine the three values of o, for the three coupling
circuits. R, + Ry, is the resistive load on the plate of the output
stage. For the first coupling circuit:

1
~ (RI)(CI)
. 1 R
= (10501 X 108 — 108
In this case the coupling resistor and plate resistance in parallel
will be less than 10,000 ohms, so the error incurred in leaving
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them out of the calculation will be less than the tolerance on resis-
tor or capacitor values.

Since o = 2xf, we can easily divide 1,000 by 2= and arrive at
a frequency of 160 c.p.s. At this frequency, the signal voltage
across Cl is equal to the signal voltage across R1, and the gain
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Fig. 109. Graph showing the amplitude response of each of three coupling circuits
and the final curve (1 4 2 4 3) which results when the three are added.

is down by 3 db, for this particular circuit. We must now take
into consideration the effect on the response curve of the remain-
ing coupling circuits:

1

W = ®2)(C2) = 100 (16 c.p.s.)
and using the same approximation we will find:
— 1.4 % 5 X 108 T x 1k
W = 04 35X 1089 — 64x9 — 125 (19.9 c.p.s.)
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First place the template on the paper so that the reference line
is at ©; = 1,000 and trace the curve. Move the template sideways
so the reference line is opposite w, = 100, and trace another curve.
Then place the reference line opposite w3 — 125 and trace the
third curve. Now you should have three curves like 1, 2 and 3 on
a graph that looks like Fig. 109. Each of these curves shows the low-
frequency attenuation of the coupling circuit in question.

To get the overall response add the attenuation of these three
curves. At some frequency, measure the distance from the 0-db
line to curve 2 (a pair of dividers or a compass is handy for this).

HEEEEEEEEEEEEEE .
HEEEEEEEEERED=ZaEEEEER
21 T[] ]

0625 125 .25
FREQ (CU/% )

Fig. 110. The phase curve of the coupling circuits (Fig. 109). This curve is also
normalized.

Then, below curve 1 mark a point equal to this distance. On our
curves for example, at 50 cycles we mark off distance A to curve
2, then mark off this same distance A below curve 1. If you do this
for a number of points, you will have points on curve 1 plus curve
2. In exactly the same way measure the distance from the zero line
to curve 3 at the same frequency points used for curves 1 and 2
and mark oft this distance below the new curve (1 4+ 2). Draw a
continuous line between these points and you have the sum of the
three curves—the overall response curve of the amplifier. Or, you
can put a straight edge against the left hand margin of the tem-
plate, and ride its parallel to the db axis.

Interpreting the phase-shift curve

We can glean a few bits of interesting information from Fig.
110. The maximum transfer of signal voltage through a coupling
circuit takes place when the circuit is purely resistive and has a
0° phase shift. The introduction of a phase shift means a loss in
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gain since less useful signal voltage is developed across the grid
resistor. The greater the phase shift, the greater the voltage de
crease across the grid resistor until at 90° we should theoretically
get no transfer of signal through the coupling circuit from one
stage to the next so that the attenuation of the signal across the
grid resistor should be infinite, resulting in zero output from the
speaker. Each coupling circuit conspires to give us a phase shift
as well as a signal loss. The effect of successive stages is cumulative
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Fig. 111. Phase shift curve of the amplifier of Fig. 108. Curve
2 represents the shift of the circuit if the amplifier had con-
tained only a single coupling stage consisting of R2 and C2.

and may be added, using db for response and degrees for phase
shift. If, for example, our amplifier in Fig. 108 had contained
simply a single coupling stage consisting of C2 and R2, the gain
would have been down only 3 db at an angular frequency of 100.
You can verify this by examining the attenuation curve (curve 2)
of Fig. 111. However, with the addition of the other coupling cir-
cuits, the output at an angular frequency of 100 is much lower.
Curve 1 in Fig. 111 differs considerably from curves 2 and 3. When
o is 50, this curve is almost on the 90° line and the output of this
coupling circuit is considerably reduced. This difference between
constants of consecutive coupling stages has advantages. The point
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where the overall phase curve cuts the 150° line is the critical
point; the amplitude at this point should have fallen by an amount
greater than AB. If this condition is not met, we will have insuf-
ficient margin of stability at the low-frequency end and must make
some changes in the interstage coupling circuits.

The high-frequency response

At the high-frequency end we must repeat this process. The
two basic circuits are shown in Fig. 112. The resistance-coupled
stage has plate coupling resistor R., plate resistance and the grid re-

2 3.2
b3 N2 f—o

<
>
S N2R(

AA
v

Fig. 112. Equivalent circuit (a) of an inlerstage coupling circuit at the

high-frequency end showing the effect of siray capacitance. At (b), the

reduclion of the circuil when a transformer or choke is used, showing
the effect of leakage inductance.

sistor and stray capacitance C,, made up of the tube output capaci-
tance, the input capacitance of the following stage and other strays.
Of these, the capacitance to ground of the coupling capacitor can
be the most important. In one compact amplifier the stray capaci-
tance to ground of a 0.1-uf capacitor in a rectangular metal can
was 40 upt.

The inductance of the circuit in Fig. 112-b is the leakage in-
ductance Ly of the output transformer. Both these circuits can be
represented by the curves of Fig. 107 except that they are back-
ward. All we have to do is turn the template over. Now the nor-
malized frequency is given by wo/e0. Thus if e, is 10 k¢, the fre-
quency 20 ke corresponds to 5. The response characteristic is con-
structed in the same way as for the low frequencies and the stabil-
ity is checked by observing where the curve crosses the 150° line.
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The calculated response curve may not match exactly the actual
response curves of the completed amplifier; but it all steps in
drawing it are carefully carried out, it will be so close that the
amplifier’s performance can be predicted with as much accuracy
as is possible in view of component tolerance. The effort of mak-
ing the curves is rewarded with a good amplifier.
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chapter

analysis and design

I n the first chapter the general principles of design of amplifiers
with negative feedback were discussed. The procedure essen-
tially is to design the amplifier; test it, not in the solid but on
paper, and then modify the design if necessary to obtain the final
circuit.
In this chapter we shall consider a concrete design, and we shall
try to emulate the Butcher, who—

. wrote with a pen in each hand
And explained all the while in a popular style
Which the Beaver could well understand.
“The method employed I would gladly explain,
While I have il so clear in my head,
1f I had but the time and you had but the brain—
But much yet remains to be said.”

The Butcher took three as the subject to reason about but we
are going to use instead a high-quality amplifier which has re-
ceived much attention in Europe and which is fairly well known
in the United States. Before going any further we must state that
this is a jolly good amplifier and any criticism which may appear
is only a reflection of the fact that one designer’s meat is another
designer’s poisson.

The circuit is shown in Fig. 201. The output tubes, type K'T66,
are closely equivalent to the 6L6, although, being British, they are
rather more powerful or are more conservatively rated. If we neg-
lect the feedback for the moment, we can consider this circuit as our

1 The Hunting of the Snark, Fit the Fifth, Lewis Carroll.
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preliminary design and we can calculate how much feedback is
permissible if the amplifier is to remain stable. The original de-
signer has given us all the stage gains, except for the last stage.
Here the total load, plate to plate, is 10,000 ohms, so that the peak
voltage across the transformer primary must be 173 volts for 1.5
watts output.

Since we know

E2

E2gpp
w — W or o =15

By transposing to solve for E (effective) we get:
E2EFF = 1.5 X ].04

EEFF = \/1.5 >< lO‘l

However, since we are concerned with finding the peak value of
this voltage, (which is equal to \/2 times the effective value), we
can now say:

Eppax = V1.5 X 107 X /2

By combining this we then get:

Eppaxk = V1.5 X 10% X 2
Eppax = V30,000 = 173 volts

Low-frequency response

There are three primary and two secondary factors governing
the low-frequency response. The three primary ones are the two
resistance-capacitance interstage couplings and the output trans-
former. At low frequencies the circuit is completely symmetrical,
which makes things rather easier. At high frequencies this is not
true, because the stray capacitance at the plate of V2 is in parallel
with R7 and the impedance of V2, which is high due to the feed-
back in the cathode resistor Rb5.

The stray capacitance at the cathode of V2, a different capaci-
tance, is in parallel with the impedance of V2 acting as a cathode
follower. This difference could be quite important if the output
stage were operating in class B. It is mentioned here merely as an
indication of the special difficulties which the high-frequency re-
sponse presents when compared with the low-frequency response.
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Assuming complete symmetry, the primary factors in the low-
frequency response are:

(C3)(RB) = (C4)(RY) = .05 uf X 0.47 megohm or
05 X 1078 .47 X 106 = .0235 = 1/43
(C6)(R10) = (C7)(R11) = 0.25 pf X 0.15 megohm
=.0375=1/27
L/R (in the output transformer circuit) .

6J5 (4)0r 8SN7-GT (2) KT66 (2)

4.4MA 5.25MA
33K /1w REG22K /W

RHUS TO GND-7
—.t:- L£°H /150MA 30H/20MA
450V/125MA _"U'U“ LI
8/600V 3 +'LS/500V C5+l5/500V
T__ 7T T

5va-6 VO G

e
E HTRS

Fig. 201. The complete circuit of a Williamson amplifier. The underlined volt-
ages are the peak signal vollages required for full output of 15 wallts.

In the last case R is the resistance produced by the load in par-
allel with the tube impedance. The load, at the primary side, is
10,000 ohms: reference to data sheets shows that the KT66 has an
impedance of 1,250 ohms when connected as a triode. The 6L6 is
rather higher, 1,700 ohms; but it has a lower transconductance,
so that the main eftect of replacing the K'T66 with the 616 is to
reduce the gain without feedback and leave the stability about
the same as a lower feedback factor.

Two KTG66 tubes in series give 2,500 ohms, and this in par-
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allel with 10,000 ohms gives R a value of 2,000 ohms. With for-
mula, this is shown by:

R — _RiRs (25 X 109 x (10 X 109 _ 250 x 10°
= R, + R, (25 X 103 1 (100 x 109 — 125 x 102
= 2,000 ohms

Using 6L6’s, we should have R = 2,500 ohms.
We assume that L = 100 henries, which gives:

L_ 100 _20_ o5
R — 2,000 1

The choice of 100 henries may be because this is the largest in-
ductance obtainable with a reasonable size of transformer, or be-
cause we want to keep a very good low-frequency characteristic.
In this particular amplifier it was chosen because the designer is
doing without an air gap and must allow for the increasing per-
meability at high flux densities.

When the value of L increases, L/R will increase, giving an im-
proved margin of safety, since it moves further in value from
that of the first two [actors.

The secondary factors are:

(C1)(R2) = 8 uf X 33,000 ohms = 0.264 = 1

The relationship between R2 and R3 is then R2/R3 is equal to
33 X 10%/47 X 103 = 0.7.

(C2)(R6) = 8 uf X 22,000 ohms = 0.176 = 1/5.7

The relationship then between R6 and R7 is R6/R7 is equal to
22 % 10%3/22 x 10 = 1.0.

These secondary factors cause the response to rise at low fre-
quencies, and thus provide a small amount of phase correction.
In the critical region this amounts to 30° and is, in fact, the fea-
ture which keeps the amplifier stable at low frequencies.

The response curves

The individual responses are drawn in Figs. 202 and 203, and
the total responses are plotted for the critical region. These re-
sponses were plotted by the method described in the previous
chapter and even drawing them rather carefully took only about
ten minutes. If the figures are examined. we see that we have a
180° phase shift at © — 10.5, at which point (A on both curves)
the amplitude response has dropped by 24 db.

If we wish to have 20 db of feedback, we must also consider the
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phase at the point B, o = 13. This is 170°. Remembering the
definition of margins, we see that the phase margin is 10°, and the
amplitude margin is 4 db (24 - 20). The reader will realize that
these margins are rather narrow.

One other factor must be taken into account in deciding
whether they are safe margins. It is the increase in inductance pro-
duced by any signal in the output transformer. The maximum
permeability of the core may be five times the initial permeability,
and this will shift curve 3 to the left. The reader can confirm, if
he wishes, that this does improve the margins. He can also confirm
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Fig. 202. Calculated response curves at the low-
frequencies of the amplifier circuit of Fig. 20l.

that improved margins can also be obtained by moving curve 1 to
the right, that is by reducing C3 and C4. In general, stability can
always be increased by moving the curves apart. In particular it
is advantageous to move one curve from the remainder in either
direction.

One more factor should be noted. At 10 cycles the response
without feedback is only 3 db down. This means that we still have
17 db of feedback at 10 cycles, so that the full distortion-reducing
effect of the feedback is in force.

High-frequency response

The calculation of the high-frequency response is never very
easy because of the lack of essential data. We shall ignore in the
first calculation the circuit C8-R1 connected to the plate of V1.
The response is then settled by the shunt capacitances of each
stage and by the output transformer. Unfortunately the capaci-
tances depend on the way in which the components are arranged,
while the transformer’s response may be complicated by resonance
between the winding capacitance and the leakage inductance.

Let us plunge in boldly, however, and assume for each stage a
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plate-ground capacitance (C) of 20 puf (20 X 10—!* farads). We also
have the designer’s figure of 30 millihenries as the maximum leak-
age inductance, measured at the primary side of the output trans-
former. The factors controlling the high frequency response will
be:

CRy; =20 X 10712 X 10 x 102 =200 X 10-2=1/5 x 10—¢

Here an allowance of 10,000 ohms is made as the plate resistance
of tube VI, taking into account local cathode feedback.

128 o (21T X FREQ)

Fig. 203. The calculated phase characteristics of the amplifier
(Fig. 201) at low frequencies. These curves were plotted Sy meth-
ods described in Chapler |I.

CR7 =20 X 10712 22 X 10® =440 X 10-9 = 14 X 10—¢
In this case the impedance of V2 is made very high by the

feedback due to the 22,000-ohm resistor (R5) in the cathode of
V2; so the effective resistance is mainly that of R7.

CRy3 =20 X 10712 X 75 X 102 = 1500 X 10~ =1/6.7 X 10—¢

The plate resistance of V3 is taken as 7,500 ohms from figures
obtained in a tube manual.
L, 30 x 108 e »
R T 125 % 107 — 24 % 10-6:=1/0.4 % 10
L, is the leakage inductance (in henries) of the output transformer.
The resistance is the series combination of tube impedance (2,500
ohms for two K'T66’s) with the plate-to-plate load of 10,000 ohms.
These factors give the curves which are shown in Figs. 204 and
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205. These were drawn in just the same way as before, using the
simple templates, and only the important part of the total response
characteristic has been drawn. The phase shift reaches 180° at o
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Fig. 204. The calculated high-frequency response of the ampli-
fier. At point B, the amplitude margin is 6 db.

= 2.6 X 10% (f = 300 kc). At this point the amplitude characteris-
tic has tallen by 22.5 db, indicated by the point A in Fig. 204. If
we take 150° as the safe limit, we have I3 and a maximum feedback
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Fig. 205. The high-frequency phase characteristic. Maximum
feedback for a phase margin of 30° is 16.5 db.

of 16.5 db. Using this amount of feedback, the amplitude margin
is 6 db and the phase margin 30°.
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Increasing stability

One way of increasing the margin of stability is to increase the
leakage inductance; another is to reduce the stray capacitances,
especially that of the first stage. The reader will do well to recalcu-
late these curves for, say, 50-mh leakage inductance and 15-ppf
capacitance. In the original version of this amplifier it is clear that
the margins were rather small for the use of production trans-

formers, for the circuit C8-R1 has been added. L.et us see what this
does.

Fig. 206. The high-frequency response of the amplifier includ-
ing the RI-C8 network (Fig. 201). This circuit is added to the
amplifier to increase stability at the high frequencies.

The capacitance C8 is 200 pupf. At a frequency © = 1/C8 X Ry,
the response of the first stage will start to drop, and it will run
down to meet a curve defined by C8 and R1. At still higher fre-
quencies the response will drop owing to the 20-upf plate capaci-
tance in parallel with Ry; and R1. Instead of the curves 1 in Figs.
204 and 205, we will have the curves shown in Figs. 206 and 207.
We need the characteristic factors:

1 CBRy, = 200 X 10712 % 10 X 108 — 2 % 10—6

(OF]
— 1/0.5 X 10-¢
1 RIRy,
—  =C8 ————=  —200 10-12%¢ 3 108
0o RI 4 Ryy X X
— 6% 10-7=1/0.17 % 10—
1 RIRy, Y
=C =20 1012 3 103
o RI + Ry, X XX

=60 X 10-2=1/17 X 10—°
We could now redraw Tigs. 204 and 205 but it is sufficient if
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we simply compare the curves 1 of Figs 204 and 205 with the total
response curves of Figs. 206 and 207. At © = 2 X 105, for example,
we had a contribution of about 1 db and 20° from the simple cir-
cuit, and the addition of C8-R1 has increased the attenuation to
7.5 db and the phase to 32°.

This means that the phase is now just over 180° at this point,
and the attenuation is about 26 db. The amplitude margin of 6
db will then allow us to use 20 db of feedback. At © = 1.4 X 108,
the C8-R1 circuit gives us 6 db and 35° instead of 0.5 db and 15°,

16 %105 @ (2TTXFREQ)]

75 3¢ SUBTRACTED

Fig. 207. High-frequency phase characteristic with RI-C8.

so that the total response at this point will have a phase shift of
160° and will be 19 db down.

By examining a few more points we can determine the phase
margin exactly, but it is a little under 20°. These margins are
rather tight; but, as we are making no allowance for the output
transformer capacitance and as any assumed capacitance can be
in error by *=25% or more, we must not be too critical. In a later
chapter we shall see how to deal with high-frequency instability.

At this point let us look back. We have taken as a design basis
the circuit shown in Fig. 201 and have made certain assumptions
which have enabled us to draw the amplitude and phase charac-
teristics. These, in turn, showed us that we could apply 20 db of
feedback without low-frequency instability, but that we require
the stabilizing circuit C8-R1 if the amplifier is not to be unstable
at high frequencies. We can also see that, without feedback the re-
sponse being only 3 db down at 10 cycles, we get the full feedback
over this range for the reduction of distortion and intermodula-
tion.

The feedback circuit
One more thing remains to be determined. In the actual design
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process we must calculate the value of R12 which will give 20-db
feedback. The designer tells us, or your own calculations will tell,
that the input voltage between grid and cathode for 15 watts out-
put must be 0.19.

We shall ignore the local feedback produced by R4 and assume
that with R12 connected we want the gain to drop 20 db, making
the new input for 15 watts output 1.9. Then we have 1.9 volts
from grid to ground, 1.71 volts from cathode to ground and the
necessary 0.19 volt from grid to cathode.

Let us assume that the transformer is designed for a 3.6-ohm sec-
ondary load. The 15 watts output then corresponds to /3.6 X 15
volts across the load, or 7.4 volts. Calculations give R12 = 1,570
ohms to produce this required 1.71 volts at the cathode, while the
original designer gives 2,200 ohms.

The reason for this discrepancy is the difference in what is
meant by 20-db feedback when the main feedback loop also in-
volves a local feedback of 6 db. When the resistor R12 is discon-
nected, 20-db feedback implies the gain rises 20 db. This could
be attained by leaving the 6-db local feedback operative due to
R4 or by removing it with a large electrolytic capacitor across R4.
We used the former condition, whereas the designer used the
latter.

In commercial design one more factor needs to be considered.
Is the amplifier open-circuit stable? Often we need to have an
amplifier switched on, but idle, and, if it operates from a common
supply system with other amplifiers, it cannot be allowed to be un-
stable even when not in use. To test this we must redraw the
characteristics for the amplifier with no load on the output trans-
former. The general question of load impedance will be discussed
in a later chapter.

These calculated response curves are, of course, not the same
as the actual measured response curves of the amplifier. We can-
not, without a great deal of cumbersome mathematics, account for
such things as tolerances of the components, stray wiring capaci-
tance and a number of other factors. However, most of these items
are rather small in value, and they also tend to average each other
out.

What we do get from these curves is a very substantial idea of
how the amplifier will behave once it is constructed. We imme-
diately see any important flaws in the basic design so that the
necessary corrections can be made at no cost of time or parts.
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Amplifier design

Now we shall consider a new design from the beginning.

We shall start off with the assumptions that the output power
is to be 10 watts and that the distortion is to be below 1%. It real-
ly is not worth while pressing the distortion below 14 to 1%, be-
cause the transmitter distortion is more than this if we take a
broadcast signal, while disc distortion is a good deal more than
1%. The response should be uniform from 30 to 15,000 cycles.

To obtain 10 watts output we may use type 616 or type
KT66 tubes, but we shall use them as tetrodes with a lower plate
voltage. This will save quite a lot in smoothing capacitor costs.
We will use figures for the KT66, but the 616 values will not be
significantly different. The distortion requirement suggests that
we aim at 20 db of feedback. We would like to have the amplifier
give its 10 watts for less than 0.5-volt input.

A 10:1 input transformer gives 5 volts on the secondary; but if
20-db feedback is used, only 0.5 volt will be available at the first
tube grid. The 6L6 tubes require about 11 volts on each grid to
swing them to 10 watts output. So a voltage gain of about 22 from
first grid to each 6L6 grid is required. A 12AT7 in the so called
seesaw circuit, will just about do this.

The output stage

Our main difference in approach from the Williamson is in
the design of the output transformer. It keeps the direct current
balanced and uses a large inductance. We shall use the smallest
possible inductance and then allow an air gap to avoid dependence
on the d.c. balance. It seems easier that way. We begin with the
design of the output transformer.

To make life easy, assume that the load impedance is 10 ohms.
The lowest frequency is to be 30 cycles, and we want the output
transformer to be as small as possible. If the inductance is made
too low, however, we shall get distortion in the transformer and
the load as seen by the tubes becomes reactive. A good reference
point is where the response drops by 3 db. This makes calculation
easy.

%he inductance must therefore have on its low-impedance side
a reactance of 10 ohms at 30 cycles, or 2= X 30 L = 10, or L. =
50 mh.

The optimum load for each tube is 2,200 ohms (2,500 ohms for
6L.6), so that the transformer must have an impedance ratio of 440
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to 1 (2 X 2200/10 = 440/1) center-tapped, or a turns ratio of 21
to 1. The formula for turns ratio of a transformer is given as:

ND — ZD
N, —\/ Z, (26)

From this we get:

N, [ 440 .

N = \/—1 = 211

The high-side inductance is equal to 440 X 50 mh =22 h (25 h
for 6L.6) . The air gap must be chosen so that the inductance is
not altered appreciably by a current of 20 ma. This is the un-
balance current which may be obtained if the two tubes are at op-
posite ends of the tolerance range.

The circuit

Before going any further we need to draw the circuit diagram,
as far as we know it. This is shown in Fig. 208. Since we have only
two stages, there is theoretically no possibility of low-frequency
instability: if we want to add another stage to obtain a high-im-
pedance input, we must watch this in the design. The first step is
to decide on the values of C2 and C3.

For class A operation, R9 and R10 can be made 470,000 ohms.
This value will be chosen, because the larger R9 and R10, the
smaller C2 and C3 for the same C-R product. The output trans-
former is designed to have a characteristic frequency R/L of 30
cycles which brings its response 20 db down at 3 cycles. It is exact-
ly the same as saying that the response falls 6 db per octave.

To provide 20-db feedback, the response must be down at least
26 db. If we take the frequency at which «CR = 1, we have 45° of
phase shift, so that for two similar C-R terms (one from the pre-
amplifier stage which we may add), there is a 90° phase shift at
= 1/CR. The transformer gives 90°, too, so that we must make
1/CR less than 27 X 3 cycles, to allow 26-db feedback at the 180°
point. This means a capacitance of at least 0.1 pf must be used.
Let us go ahead with this value and, if necessary, use a slightly
more sophisticated preamplifier stage.

The phase splitter

This reservation has been made because we have not yet con-
sidered what happens in the phase splitter V1. This circuit is a
rather attractive one and seems to work very well. The first half

42



of the double triode acts as an ordinary amplifier, with a plate load
R4. The second triode is driven by the difference in plate voltages
between Vl-aand V1-b.

The two tubes seesaw? about the fulcrum P. That, at least, is the
usual way of describing the operation of the circuit. There is, how-
ever, another way of looking at it. The output from Vl-a is ap-
plied, through the voltage divider R6-C1-R8, to the grid of VI-b.
R7 provides feedback to make the gain in VI-b sufficient for push-
pull operation.

RS 12AT7
(47K 350V
250v R4 A 410K 2
) R6 P| R7 6 —
vI-a 1 2:10n
cl |~
2f wm 15,
N RIS
ook RB 40K
— X
- 4
R2QIK R3%l00n = ™ s
! 820n
—
SEE TEXT

Fig. 208. Circuit of the amplifier whose design is described in the text.

Looked at like this it is easy to see that the phase shift produced
by C1-R8 is greatly reduced by the feedback, which is of the order
of 20 db. We shall go into this more fully, because the usual an-
alysis of this circuit tends to conceal this rather important fact.

The suspicious reader may have noted that we have not yet men-
tioned C4. If the two triodes are really operating in pushpull, the
current in R3 should not contain any alternating component, and
C4 has no decoupling function. It is indeed a safety term, put in
to deal with any tendency of the stage to act as a cathode-coupled
multivibrator at very high frequencies. It has not been found
necessary, but if there is excessive capacitance across R6, C4 might
save the situation.

High and low response

The overall response curves are shown as Figs. 209 and 210. It
will be seen that with two C-R circuits there is 21 db of feedback
for the 30° phase margin, and that under these conditions the gain
margin is just over 6 db. Because these margins can be easily in-
creased by increasing the capacitances, we need not worry about
the low-frequency response.

2The seesaw phase inverter is discussed in Chapter 6, page 127.
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The high-frequency stability is, as always, a problem. The
values chosen for R4 and R5, with the total interstage stray capaci-
tance and the tube impedance—about 10,000 ohms—give C X R
= 40 X 10—12 x 10,000, a characteristic frequency 1/ C X R,
where v, = 2=f;, = 2,500,000. The interstage circuit should there-
fore be flat up to about 400,000 cycles.

The exact design of the output transformer now comes under
consideration. The reader will probably prefer to buy one ready
made or at least use the parts he already possesses. The only thing
to avoid is the influence of the output transformer at high fre-
quencies. To do this we shall add a few small components and
then determine the limits to be imposed on the transformer.

3 |t |t
6 V. V.
o AF=IRe Circurt AT—TRANSFORMER
12 4
i
18 A
22 /
w ‘/
§24
27
23 ///
ﬁ WITHIRC CIRCUIT
[/ TA=WH2RC cireutts
[ [ T[]

625 125 25 50 100 200« w=21CFREQ
| 2 s 15 i5 30 « FREQIN CPS

Fig. 209. The low frequency response of
the feedback amplifier.

Feedback resistor

Let us assume that we do not want any frequencies above 14,000
cycles, or at least that the response can roll off there. We shall be-
gin by calculating the feedback resistance, which is in the little
box marked X in Fig. 208. Our gain requirements are that 0.5 volt
at 600 ohms at the input must give 10 volts across the 10-ohm out-
put.

Assuming a 1:10 stepup in the input transformer, we have 5
volts across R1. Since we need only 0.5 volt from grid to cathode,
across R2 we must have 4.5 volts. Immediately, therefore, R2/R,
=4.5/(10 — 4.5) = 4.5/5.5 = 0.82. Let us take R2 = 1000 ohms,
thus from this ratio Ry = 820 ohms. To produce the required roll-
off at 14,000 cycles, connect a capacitor in parallel with this re-
sistor. The capacitor must have a reactance of 820 ohms at this
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frequency, so that the capacitance will be .015 uf. The value of
R, 1s a standard and easily obtained from a stock.
The calculation of the capacitor is shown by;

1
X, = el (27)
Rearranging equation (27) to solve for C, we get:
c= -1 _ : — 014 puf

22X, 6.28 % 14 % 108 % 820

This calculated value is not a convenient standard. The nearest
value, as previously stated, would be .015 pf.
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Fig. 210. The low-frequency response curves
of the amplifier in Fig. 208.

This capacitor is very important, because it produces a phase
shift rising to 90° and in the opposite sense to the phase shift pro-
duced by the transtormer. The result is that, without the pre-
amplifier stage, the system must be stable so long as the trans-
former has no awkward resonances. The practical implications
are that we design the transformer for the right low-frequency in-
ductance and use the simplest possible balanced structure. This is
necessary if we are to avoid these odd resonances due to partial
leakage inductance. Having done this, we can very profitably load
down the two halves of the primary with capacitance to make the
frequency response drop off above 14,000 cycles. Something of the
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order of .003 to .005 pf is indicated here, but we have not shown
these components.

The most important thing in this work seems to be to acquire
the “feedback finger.” The important thing is to be able to make
a sketch of the phase characteristic and then correct it as may be
required.

The author’s amplifier, built to this general design, gives about
0.3 % distortion at 1,000 cycles at 10 watts output and 0.5% at 30
cycles and 6 watts output.
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B+ B+
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Lig. 211. The preamplifier that may be used in place of the input
transformer.

A preamplifier stage

The circuit diagram of a possible preamplifier stage is shown in
Fig. 211. The interstage network is made up of two parts: R1 and
C1, for high frequencies; C2, C3, R2, R3 for low frequencies.

We will discuss this type of interstage circuit in some detail a
little further along. The basic idea is to provide a step in the am-
plitude response, and this enables more feedback to be used. We
saw this, in a simple way, in connection with the cathode and plate
decoupling circuits.
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response and stahility

he design method described in Chapter 1, to construct the am-

plitude and phase responses using simple templates, assumed
that there were always suthicient margins to permit stability to be
obtained. For example, if the amplifier was in danger of low-fre-
quency instability, a coupling capacitance could be increased or
decreased to get the extra stability. This was not stated explicitly,
but, as no alternative was given, the reader was confronted with
this single solution.

This brute-force method is applicable only up to a point which
is reached rather early. When you find that you need a 4-uf coup-
ling capacitor somewhere in the circuit further thought is re-
quired, because the stray capacitance to ground is going to pro-
duce some headaches at high frequencies. We must call up some
design reserves. It is probably worth while using two small capaci-
tors instead of one big one, because the small ones are much easier
to mount.

The design refinements considered here include the use of extra
capacitors to permit the use of smaller ones. For portable equip-
ment the weight saving is often important; however, this chapter
stresses the increased amount of feedback which can be applied
with the more thorough design.

Circuit refinements
In the simple design a number of components were not made

to carn their livings fully. These components were the decoupling
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capacitors and resistors. Using pentodes, there will be either two
or three of each to each tube, and we can make them contribute
to the stability as well as carry out their fundamental decoupling
job. The basic circuit diagram which we need is shown in Fig. 301.
At moderate frequencies, say 1,000 cycles, the gain of this simple
amplifier stage is:

A — g.RI (28)

where gy is the transconductance of the tube and Rl is the plate
Tesistor.

Fig. 301. Basic pentode amplifier
hookup.

Forget for the moment the screen and cathode circuits: the plate
load is made up of R1 in series with the parallel combination of
R2 and Cl (Ey, is grounded to a.c.), so that the gain at any fre-
quency is:

R2
Aw — g RI 4 1€ -
R2 + joC
R2

Av = gnRl+ — = CTRD

o R1 4 R2 4 joCIRIR2 )
Av = gm( 1 + joCIR2

R1R2

. 1 + joCl RI + R2
Ao = g (R1 4 R2) I 1 joCIRZ (29)
Using logarithms to express the gain in decibels, we have:

. . RI1R2
db gain = 20 log g,, (R1 4+ R2) 4 20 log (1 + ]mClm)
— 20 log (1 4+ joCIR2) (30)
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The first term is the maximum gain, at zero frequency. The
second and third terms give the frequency response, and the point
to notice is that they have the same general form (1 4 joCR). We
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Fig. 302. The plate circuit frequency re-
sponse of the amplifier of Fig. 301.

can therefore use our standard curves for working out the fre-
quency response. All we need is the pair of characteristic frequen-
cies:

R1R2
RI + R2
0. is the frequency at which the response begins to rise: if R2
were big enough, the response would rise by 3 db at w,. @, is the
frequency at which it begins to flatten out again. Fig. 302 shows
how we construct the response. We take Rl = R2 = 100,000
ohms, C1 = 1 uf giving for ;:

Cl

_ 1 B 1 1
O1 = T 10-6x 10fF . - 10 x 102 — 01 —
and for o..
_ 1
Oz = 10 % 10* x 10 % 104

-6
LXI0% X 0 10t = 10 5 108

1
©s —
2 100 5 10°
—6
LXOI0® X =552 108

1 1 1
©2 = TUSCT10% X 5 X 108 T h x 102 .05

I

20
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The curve marked o, is drawn with the aid of the template de-
scribed in the first chapter, the 3-db line being set at o = 20.
The template is then moved across the paper to ® = 10 and turned
over. It is not really necessary to draw the curve marked w;, but
the dotted curve can be obtained by sliding the template parallel
to the » = constant lines to add the two curves. The minus sign
has been accounted for in turning the template over. The phase
curves are shown in Fig. 303. The template has not been turned
over in drawing the o; curve, because it makes the diagram too
big. 1t was turned over to get the difference curve shown by the
dashed line. The reader will see that this 6-db rise in response
gives a “phase bump” of 18°, midway on a log scale between the
two characteristic frequencies. Adopting the principle of deter-
mining signs by common sense, it is clear that the phase shift pro-
duced by this circuit is such that it opposes the phase shift pro-
duced by a coupling capacitor, since the amplitude response rises
instead of falls as we go down in frequency. This circuit therefore
tends to make the phase margin bigger, although it docs so at the
cost of the gain margin. At o = 20, however, we have gained 18°
in exchange for 1.9 db. This seems a worth-while trade, since we
can always get more gain if necessary.

Cathode and screen circuits

Now let us turn to the cathode circuit. At very low frequencies
C3 has no eftect, so R4 produces some feedback: usually R4 pro-
duces about 6 db of feedback in a pentode circuit. The gain of the
stage, considering only the effects of R1, R4 and C3, will be ap-
proximately:

guR1

Ao = — =
R4
JjoC3 -
I+ gm i
R4 4
+ joC3

Multiplying numerator and denominator in the square bracket
by joC3 we get:

gnR1 (31)
14 gmR4
1 + joC3R4

This is not the exact expression, as the g, in the bottom line
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should include various screen conductance and transconductance
terms, but the expression given is as accurate as the normal tube
tolerances justify. At high frequencies, the gain reduces to simply
gaR1, and the response therefore is:

ﬁ 1 g.R4 1 + g,R4 +,,ij3R4
Ao — I + joC8R4 1 + joC3R4
5 ]mC?)_lif}‘_
_ I+ gaR4
= (1 + gaRY Ry (32)
II\‘ ~
g mn
2 :: \\”’T\\az
£ ANIAN
S 40 Y N
E’J 30 \‘ \‘
T 20 C S
.z__’_ i <

5 10 20 40 80
@(2TC X FREQ IN CPS)

Fig. 303. The phase shift curves corre-
sponding to the curves shown in Fig. 302.
The two characteristic frequencies, by comparison with the
equations we had for the plate circuit, are:

1
©1 = “C3R4

1 4 g,R4
©2 = C3R4

We can draw the responses in just the same way as before,
noticing that the response starts to drop at w, and then starts to
flatten out at ©;. The resulting curves will be similar to reflections
of the curves of Figs. 302 and 303 in the horizontal axis. By choos-
ing ©; and os for the cathode circuit to equal the plate circuit
values, the overall response will be flat.

Finally, the screen circuit. For this, if we have only R1, R3 and
C2 to consider, the gain is:

Aw = gmR1 (33)

D4 a'fRf’S
1 + joC2R3

where o5 is the screen conductance. This effect is caused by feed-
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back from the screen when it is not decoupled. Again the response
drops at low frequencies, just as before, with the turnover fre-
quencies given by:

1

©1 = “CoR3
and
1 + oR3
w2 = C2R3

The only disadvantage of the latter expression for the screen
circuit is that you don’t know the value of os. The tube maker
never tells you that, not even in Europe. A rough value is quite
easily found, however. When the working conditions for the
tube have been settled, disconnect C2 and note how much the
gain decreases at 1,000 cycles. Suppose that it is by a factor n.
Thenn =1 + o;R3 and o = (n — 1) /R3. Then you can calcu-
late the response.

Using the three sets of curves we have considered, we have the
exact stage response, except for some interaction terms which may
be neglected. We can choose the component values to help us to
get a higher feedback factor. One word of warning, however:
When the screen decoupling is affecting the response, the distor-
tion starts to rise in a high-level stage. Hold that screen down, if
you can.

Coupling networks

There is nothing more to be gained from the tube circuits: we
must use more complicated coupling circuits if we want more feed-
back than the design seems to permit. Let us look at Fig. 304.
Take no notice of C2, and assume that R2 is very large, about ten
times R1. As the frequency is reduced, the response depends in-
itially on C1 and R1, but when the impedance of Cl exceeds R2
the circuit degenerates into a simple resistance divider. This cir-
cuit has three characteristic frequencies which are:

1
©1 = "CIRI + R?)
1

2 = TCIR2
Rl + R2
93 = TCIRIRZ
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The last frequency, it R2 is much larger than R1, can be writ-
ten approximately as w3 = 1 /C1R1.

At o3 the response starts to drop; at o, it flattens out, and at o
it starts to drop again. The sort of curve we get is shown in Fig.
305, which was drawn using a linear cutoff template, not the exact
one. It will be seen that the phase is about 60°, or less, down to a
frequency at which the response has fallen by 17 db. With only
the conventional coupling circuit the response has fallen only 6 db
at the 60° point. This circuit therefore gives an extra 11 db of pos-
sible feedback.

Fig. 304. A useful coupling circuit 710 PLATE G [ T0 GRID
that makes possible more negative I OV |

feedback. This circuit actually al- R2 ::RI

lows an extra 11 db of feedback. ¢

When we neglect the o; term, so that we have an elongated S
characteristic, the phase is just the dotted hump. The size of this
hump depends on the ratio of «3 to w,, and the top of the hump is
halfway, on a logarithmic scale, between , and w;. Fig. 306 plots
the hump height angle in terms of the step in decibels. This curve
is very usetul in early design calculations. Suppose we have a five-
stage amplifier. We can allow 30° per stage and still have 30° mar-
gin. Then the step is just over 9 db, and we are free to apply 9 X 5
= 45 db of feedback by using this same step in each interstage
coupling. From this beginning we go on to calculate in more de-
tail. A practical point is that Cl has no steady voltage applied, so
that it can be a low working voltage type.

At high frequencies, as we saw earlier, the tube capacitances and
strays begin to cause trouble. Fig. 307 shows the bare bones of a
circuit which does for high frequencies what the circuit of Fig. 304
did for low frequencies. Here R1 is the normal plate load, C2 the
normal plate capacitance, including strays and the input capaci-
tance of the next grid. C1-R2 are the additional components. For
this circuit, as the reader can check for himself, the characteristic
frequencies are:

1

ci Rz + )
p

W, =

. 1
CIR2
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_ RIR2+RRI4RR2
©s = CIRIR2R,

where R, is the plate resistance of the tube.

At o, the response begins to drop as the first part of the step.
At o, it flattens off as the completion of the step. At w3 it goes into
its final rolloff. If the step height is 20 db, then the phase hump
rises to 55°. These factors are important considerations in the
design of coupling networks and should not be overlooked.
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Fig. 305. Simplified phase and ampli-
tude response of the nelwork shown in
Fig. 304.

The curve of Fig. 306 applies to this circuit, too, except that the
ratio scale is now w,/w;. The result obtained by using this stabiliz-
ing circuit is well worth the effort expended in its development.
It has proved to be the salvation of a good many amplifiers.

The feedback network

Finally, there is a network which we can put in the feedback
path itself. Why are we troubled by instability? Because the Ap
falls too quickly, almost invariably at the top end. The low end we
can handle by ordinary component changes, if necessary, using cir-
cuits of the type shown in Fig. 304. At the top, if we cannot pre-
vent A falling rapidly, let us make g rise. Fig. 308 shows a way of
doing this. At frequencies in the working band the feedback re-
sistor is made up of (R1 4 R2). At high frequencies it is just R1.
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This makes the factor Ag more nearly constant. Therefore, the
characteristic frequencies of this network are:

1
CR2

W =

1
=T ( R1 X R2 )
R1 + R?
and all our template tricks, and the curve in Fig. 306, can be used
again. Here the loop gain begins to rise at ©, and flattens off at w,.
Use this circuit for final equalization of the response characteristic
at high frequencies as well as for stabilization.
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Fig. 306. The hump height in the
phase characteristic of the Fig. 304
nelwork.

Of course it is simpler to omit these circuits from an amplifier
and allow plenty of phase and amplitude margin in the interstage
coupling circuits, but these refinements are needed for large
amounts of feedback.

All the circuit methods described here are easy to use once you
get a grasp of them. The first time is sweat and tears, but by the
fifty-first time it has become second nature. The real problems
arise with positive feedback.

Nyquist testing

We have already discussed the stability of the amplifier in terms
of phase margin and gain margin. This method, which is very
widely accepted, is extremely useful in designing an amplifier but
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it is rather difficult to apply for testing the unit. Even if you make
only one amplifier, it is worth while to test it properly, because
it may go unstable owing to tube aging or supply variations just
when you are showing it off to an admiring aunt. And, of course,
if you make amplifiers for money you will not find many custom-
ers who want unstable ones, since their basic concern is to obtain
optimum performance from the unit.

B+ A 2 Fig. 307. A modified plate circuit that
mX dog;s for the high freqﬁencies what the
Rl circuit of Fig. 304 does for the low fre-
quencies. Its application has, in many
instances, been the salvation of a good
many amplifiers.

Measuring the phase and gain margins is a difficult job, because
the measurements have to be extended to a very high frequency
where the gain has fallen 20-30 db. Phase meters are available
commercially. However, since they are ordinarily very expensive,
you will generally find that only the very best equipped industrial
laboratories have them. An oscillograph can be used, but it is a
tedious and inexact method of measurement. An elegant way out
has been described by W. T. Duerdoth, of the British Post Office.
He has introduced a new quantity, the stability margin, which is

R2 Fig. 308. This feedback network affords
Rl high-frequency stability. The feedback re-
¢ = sistor consists of R1 4+ R2 in the working
— band, and of RI alone, at high frequencies.

easy to measure and which gives a clear indication of the stability
conditions. This quantity is related to the shape of the Nyquist
diagram. Although it cannot be used in the design stage so easily
as the gain and phase margins, it does seem to be the answer to the
testing problem.

To have something tangible to talk about, a typical high-end
response characteristic has been constructed and is shown as Figs.
309 and 310. According to what we have seen earlier, the permis-
sible feedback for an amplifier with this characteristic would be
about 18 db, giving a phase margin of 25° and a gain margin of
6 db. The important part of the Nyquist diagram is plotted as Fig.
311.

To plot this we start by drawing a circle with center O, and a
radius of, say, 20 cm. We also draw a line OX, to the left. This
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first circle is the zero circle, and we next draw a number of smaller
circles, with the same center O. The circle with a radius of 10 cm,
half the radius of the zero circle corresponds to a drop of 6 db;
then one of radius 5 cm represents a drop of 12 db; the next,
radius 2.5 cm, a drop of 18 db, and so on. We can also draw the
circle of radius 2 cm (=20/10), corresponding to a drop of 20 db.
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Fig. 809. The high-frequency response of
a typrcal amplifier.
The figure actually does not include the zero circle, because the
region located outside the 12-db circle is not particularly signifi-
cant. As a result, it does not hold much interest for us.

Polar response curve

We must now plot the amplitude-phase-frequency response as
a polar diagram. For each value of amplitude we can determine a
frequency from Fig. 309, and the corresponding phase from Fig.
810. Thus in Fig. 309, 4.5 db gives us a frequency of 32, and in Fig.
310 a frequency of 32 gives us 72°. In tabular form:

Fig. 309 Fig. 310
4.5 db—>32 (f) - (f) 32>72°
7.5 db—>50 - 50—100°

Now draw a line OP, such that angle XOP = 100°, and fix P
on this line at the 7.5-db level. This is actually at a radius of 0.422
X 20 cm (the 0.422 comes from the voltage ratio-decibel table to
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be tound in most reference books). The point P therefore cor-
responds to the amplitude and phase given in Figs. 309 and 310
at a trequency of 50. This we plot in Fig. 311. Repeating the pro-
cessat 6, 12, 18 and 24 db, we have enough points to plot the solid
line. On a larger scale we can draw the dashed line, for which the
original zero circle, if drawn, would have had a radius of 160 cm.
Going back to the full line, which is part of the Nyquist diagram—
the rest, over on the left, does not concern us—we see that it crosses
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Fig. 310. The phase characteristic corre-
sponding to the response curve shown in
Fig. 309.

the 180° axis OY at the point L. where the response of the audio
amplifier has been reduced by the sum total of 24 db.

As we have already seen, the condition for stability is that we
should have less feedback than the drop of response at 180° so
here we must have less than 24-db feedback. This illustrates a rule
which is known as Nyquist’s criterion. This is usually expressed
as follows: We define a point N as the point, lying on the line OY,
at which the response has dropped F db, where F is the feedback.
Then the curve must not encircle N. Usually this just means a
smooth run-in above N, like the curve we have shown, but the
Nyquist diagram may take the form shown in Fig. 312-a without
the amplifier being unstable. This particular form is called “con-
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ditionally stable” and it 1s a rather difficult form to use, because
the amplifier becomes unstable if the gain falls (Figs. 312-b and c).

6 0B BELOW MAX

Fig. 311. This Nyquist diagram is a phase-

amplitude curve on polar coordinates. The

significant portion of the curve only is
shown.

As a result, when first switched on, with the heaters warming up,
the circuit will sing, and the resulting grid current may keep the

Fig. 312. Nyquist curves may cross the

180° line several times. The curve al (a)

is stable, but those at (b) and (c) are
unstable.

amplifier in the unstable low-gain condition. These “conditional-
ly stable” circuits are therefore used only rarely and in applica-
tions where they arc kept switched on permancntly.
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Stability margin

The important idea which Duerdoth has introduced is this: It
is not just the pair of points L and M (Fig. 311), corresponding to
gain and phase margin respectively which matter, but how close
the curve gets to N. The same values of these quantities would be
given by a curve with the little dotted pimple shown on it; yet an

Fig. 313. The curve of Fig. 311 replotted
to show the stability margin circles.
increase of gain of 0.1 db and 1° of phase would then make the
dotted loop encircle N.
Looking back to the first chapter, we had an equation for the
gain with feedback A’ in terms of the gain without feedback A and
the feedback network attenuation g (equation 10) given as:

, A
A= 11 ag
or

A
=1+ Ap

In Fig. 311, the distance OP is AB and OP is actually a vector,
which includes the phase of A (and of B, if the feedback path is
not a pure resistance network). By taking the right account of the
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signs and doing a little vector mathematics, we can show that NP
=1 4 AR so that the length NP is the ratio of the gain without
feedback to the gain with feedback. In Fig. 313 the circles of con-
stant NP are drawn for the same Nyquist diagram. The 0-db
circle passes through O, the 6-db circle bisects the line NO and the

128 256 512

FREQ
A=WITH FEEDBACK B=WITHOUT FEEDBACK

Fig. 314. Feedback reduces gain in the

working band, but may actually cause an

increase at the outside of the band, as
these two response curves indicale.

12-db circle has a radius equal to 14 X NO. It will be seen that
the AB curve almost touches the 12-db circle, so that the stability
margin is 12 db.

By now the reader may be getting a bit impatient wondering
how all this indicates in any way a simplified procedure. Careful
observation will show the answer was hidden in the last paragraph.
To illustrate: we have calculated the effect of applying 18 db of
feedback to the characteristics of Figs. 309 and 310. Fig. 314 shows
the result. With feedback the response peaks up to 12 db above
the response without feedback. (With feedback it is only 9 db
below the maximum level without feedback, but without feed-
back it is 21 db below the maximum at this frequency). With less
feedback the peak would be flatter; with more feedback it would
get higher until it shot right up off the paper—instability. To find
the stability margin all we need to do, therefore, is to measure the
effect of connecting a variable amount of feedback in this range
of frequencies until we find the point where oscillation occurs.
The margin between operating gain chosen and the point where
oscillation starts is then the stability margin.
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It would be wise for the reader to review these points once again
to ensure a thorough understanding of the problems discussed.
Familiarization will afford a minimum of wasted effort.

Degree of stability

We must have a criterion for a satisfactory value of stability
margin. A figure of 6 db is quite a good working limit for test pur-
poses. For design work, however, it is desirable to adopt a figure
of about 4.5 db to allow for errors in component values and high
transconductance tubes. Very often a still lower figure is forced
on the designer by another consideration. Looking at Fig. 314 we
see that with feedback we get a 9-db peak at the top end. Usually

S
\\ Fig. 8315. An enlarged view of the center of
p .M the Nyquist diagram showing how to get a
4 : 6-db stability margin economically without
¥ & 4 Je08 009 an excessive phase margin. This represents

\/ :AT::&LTV an ideal condition, but has several disadvan-
tages (see texl), since the response is not
easily controlled in actual practice.

we should add a small capacitance across the feedback resistor to
round off this peak. Automatically we should improve the stability
margin, and without calculation we can estimate that in this cir-
cuit we could easily make it 2 db. Stability margin is thus closely
associated with response: a flat response with a smooth rolloff will
usually have a very good stability margin.

Looking only at the stability margin, a Nyquist diagram like
the one shown in Fig. 315 would be ideal. The amplitude response
here would be flat up to the edge of the band. where it would drop
sharply about 8 db and then follow a slope of 11 db per octave.
When the feedback factor was reached, there would be a small flat
step, giving the arc of a circle round N. and then down the re-
sponse would plunge. By the phase area theorem this response is
very efficient.® It is not easy to control the response as exactly as
this. There is another disadvantage, too. Suppose the forward gain
changes: it may rise or fall as the supply voltage changes or with
tube aging. The effect is equivalont to moving N to the left or to
the right. Decreasing the gain by 6 db will bring the corner C very
close to N; and although the amplifier isstill stable, this does mean
a high peak in the response. Increasing the gain by 6 db will make
the amplifier unstable.

1Radio Engineers’ Handbook, Terman, pp. 218-221.
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A more sophisticated diagram 1is that shown in Fig. 316. This
allows more room for maneuvering when the gain increases. Any
reader who has reached the point of using circuits giving com-
plicated diagrams of this sort can refer to Duerdoth’s paper and
the discussion on it.2

Component tolerances

It is appropriate to point out here what the effect of component
tolerances will be. If you usc commercial capacitors and resistors,

Fig. 316. Since the working conditions
of an amplifier tend lo change, the sta-
bility margin represented in this Nv-
quist diagram can be maneuvered as the
gain increases, without causing the am- STABILITY
plifier to become unstable. For the con- Y
dition of Fig. 315, a 6-db gain increase
causes instability.

008

you cannot, with economy, get values better than 109 . The effect
of a 109} change in either capacitance or resistance will cause a
difference 1n phase shift of 3° at the characteristic frequency,
where the phase shift is nominally 45°. In a three-stage amplifier,
it all resistors and capacitors are 10% wrong in the most harmtul
direction, the phase will be in error by 18°. On top of this there
may be a small error due to the decoupling circuits, so that at the
worst we may expect 20°. Of course, it is not likely that we shall
have all components at the limit values. If we do, we must either
use others or else select sets of upper-and lower-limit resistors,
using upper-limit resistors in one stage and lower-limit resistors
in another. Alternatively, R-C sets can be chosen to give the right
characteristic frequencies. This problem arises only if you are
making a number of amplifiers which have rather tight specifica-
tions.

An important practical case of component tolerances arises in
push-pull transformer design at low frequencies. Always allow for
an unbalanced d.c. component in the plate windings due to dif-
ferences between the tubes.

All the discussion of the stability margin has been devoted to
the high-frequency stability. At low frequencies, where the region
around 1 cycle is usually the important one, there seems to be no

2Proceedings of the IEE, Vol. 97. Part 111,
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really satistactory solution. Our method is to increase the feedback
until the amplifier becomes unstable. If the instability is at high
frequencies, the stability margin is used as the test criterion; if the
instability is at low frequencies, working feedback is used as the
criterion. There is now available a range of very-low-frequency
test equipment, mainly intended for servomechanisms (which are
feedback amplifiers built around machinery), but not many
are readily available. Most amplifiers do seem to rest against the
high-frequency limit.
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distortion

o far we have discussed the method of designing a conventional
S negative-feedback amplifier for audio-frequency use. The con-
trol of output impedance has not yet been discussed, but this will
be considered later. Now we shall discuss one of the refinements
of design which can give a considerable improvement in perform-
ance at very low material cost. Low material cost we consider a
factor because the use of positive feedback can involve quite a lot
of time and trouble.

Using positive feedback

By using negative feedback we can flatten the frequency re-
sponse, and we can reduce the harmonic and intermodulation dis-
tortion. Is there any reason why we should not apply common-
sense arguments and say that by using positive feedback we shall
make the frequency response less flat and shall increase the har-
monic and intermodulation distortion?

There are two separate reasons for using positive feedback. One
is to help control the impedance of an amplifier, and this we shall
leave until we come to discuss the effects of feedback, positive and
negative, on the impedance. The other reason is that we can im-
prove the performance by the use of positive feedback, if—. And
that if is our subject for the present.

Mathematical equations you either understand or you don't.
Words, as you know, can mean just what you want them to. First
let us look at Fig. 401-a, the basic circuit we used in Chapter 1. In
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this, as you will remember, A is the gain of the amplifier itself and
B is the attenuation of the feedback network. Instead of taking a
simple amplifier in the box A, we can split this amplifier into two
parts, Al and A2, with feedback g1 around Al and B2 around
both Al and A2 (Fig. 401-b). Thus g2 is the negative feedback
around A which we have in Fig. 401-a. Now the combination of
Al and Bl is a normal amplifier with feedback, having a gain of:

Al
I+ AIBI
This is in tandem with A2, giving a gain, without allowing for
B2, of A3 = A’ X A2. We can write this in full as:

AlA2

Al =

AS = AT &0
When we apply the extra feedback g2, the overall gain becomes:
Ar A3 _ AlA2 o« 1
T I-FA382 T 1 4 AlIgl | Al1A2B2
1 | Algl
ATA
_ AlA2 (85)

1 + AIBL | ATA2B2

If we have a fair amount of gain and feedback, ignoring phase
shift effects, we can simplify this approximately to:

AlA2 A2

AT = AIRl ++ ATA282 — "B  A282 (36)
or more simply it reduces approximately to
1
A= (37)

B2
This, of course, is the standard feedback formula. But let us look
at this basic two-path feedback equation more closely. We have:

AlA2

A= + A1Bl  AIA2B2

When B is negative feedback, AB is a positive quantity, so that
1 + AB > 1. Therefore, if the network g1 provides positive feed-
back, A1B81 will be a negative quantity. Let us take 1 + Algl =
0, which means that the loss in 81 equals the gain in Al, and the
feedback is connected as positive feedback. This, by the way, is
the amount of feedback which when connected as negative feed-
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back would reduce the gain by 6 db. With 1 + Algl = 0, we
then have:

AlA2 1
AIA282 = g2

Notice that now there is no approximation: we haven’t left out
any small quantities. We actually have an overall gain which is
settled only by the feedback network. Since the feedback network
is assumed to be made up only of resistors, it must be absolutely
linear and the distortion will be zero.

N AMPL A out
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1
| FeeoBACK p2 |
R S

b

Fig. 401. The basic feedback cir-
cuit is shown at (a), while (b)
shows a second feedback loop
within the overall feedback loop.

Limitations of this result

More careful examination shows that our mathematics has not
told us the whole story. Let us look again at our first equation: A’
= Al/(1 + Al1pl). We took 1 4+ AlBl = 0, to achieve our final
distortion-free amplifier. This means that A” = Al /0 —=e. That’s
fine, we have infinite gain, so that any input at all will overload
the first amplifier unit. Anyway, Al is not exactly constant. If it
were, we should have no distortion, so why worry about using any
teedback! Obviously we are pushing things too hard if we take
1 + A1l = 0. Let us try something a little milder. Assume that
Al = 100 (40 db) at maximum tube transconductance and 50
(34 db) with low-limit tubes. A twin triode would give about this
much gain. Take g1 = — 1/200, so that —AIB1l = 14 to 14. Then
A’= 2Al, in the maximum-transconductance case, which gives A’
= 200. Thus there is an increase in the forward gain of 6 db. If
the positive feedback has not introduced any extra distortion, the
overall distortion, with A2 and B2 in the circuit, will be reduced
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to one-half its value in the absence of the addition of positive feed-
back.

Even now, of course, the reader may be suspicious—if negative
feedback reduces distortion, positive feedback must increase it.
Let us assume that Al consists of two single-ended stages, while A2
is a push-pull stage. The second single-ended stage will produce
some second-harmonic distortion, say 3%, while the push-pull
stage produces mainly third-harmonic distortion, say 8%. The
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Fig. 402, Two simple circuils for applying positive feedback to an amplifier.

total distortion in the two circuits will be \/(3° + 8%) % =
8.54%. If B2 produces 20-db feedback the overall distortion will
be 0.854%. Now we add the positive feedback to the first two
stages: we get 6 db more gain, but we get 2 X 3% = 6% distor-
tion here. The total distortion is now \/ (6* +- 8%)% = 10%. As
we have the same 82 with 6-db extra gain in the forward direction,
the overall distortion is reduced to 0.5%.

Maybe that improvement doesn’t seem worth while. We can
look at some other numbers. The first stage, Al, might be kept to
1% distortion by careful design and, if you don’t mind trimming
it when the tubes are replaced, it would be possible to add as
much as 20-db of positive feedback. Without positive feedback,
but with 20-db negative feedback, the overall distortion would be
1.01%. With positive feedback this is brought down to 0.2%.
An improvement of five times is really something, because it would
cost 14-db gain to get this improvement using negative feedback
only.

Here, then, is the background of the positive feedback story.
The questions that remain are how to produce the feedback, what
it costs in components and what it costs in design effort. First of
all, how should we produce the positive feedback? We should al-
ways put positive feedback around the shortest possible loop. The
simplest possible circuit is that shown in Fig. 402-a, a circuit
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which is equivalent to Fig. 402-b. If we replace R; in Fig. 402-a
by a capacitor, we have a fairly familiar circuit, the cathode-
coupled multivibrator. This multivibrator is a circuit with much
more positive feedback than we need.

Fig. 403. A modified wversion of Fig. = ’
402-a that will provide positive feedback \
only in the middle of the audio range.
At high frequencies, Cl shorl-circuils
R; at low frequencies, the feedback path R ES
through R, becomes an open circuit , |
because of C2. =
Looking at Fig. 402, we see that we have gotten rid of two cath-
ode bypass capacitors and substituted one resistor. That doesn’t
seem too expensive, especially when you remember that perform-
ance is improved. In Fig. 402-a, the extra resistor will be a fairly
large one; we shall see the sort of value needed later. In the circuit
of Fig. 402-b, the common resistor is a small one, a few tens of
ohms. As the two cathodes in Fig. 402-a will usually be at about
the same potential, there will not be much d.c. in the feedback
resistor Ry, so that it will only be a minimum-wattage component.

Also, the value does not have much effect on the bias.
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c Rt e p
<

A
YWV

<
AAA-
vV
AAAA,

Fig. 404. Feedback circuit for a
broadcast receiver to get high gain
on weak signals, low gain with strong W VWA

signals.

=

B+

We can calculate the size of R; approximately by the following
method. Assume that the two tubes are the two halves of a 12AT7
double triode. With 1 mv applied to the input, the cathode-ground
voltage for the first tube, without positive feedback, will be about
15 mv, and the plate-ground voltage about 20 mv. This is the grid-
ground voltage for the second tube, and will produce a cathode-
ground voltage of about 10 mv. By producing a cathode-ground
voltage of 1 mv at the first tube we could keep this condition
steady even without an input, so that we need R; = 9R. For a
12AT7 R will be about 200 ohms, and we get a value of Ry =
1,800 ohms for infinite gain. For 6-db feedback the value will be
about 4,000 ohms. This calculation is only a very rough one, to
find out what size of resistor to try in the circuit, because the exact
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expression is rather long and its practical value too limited to war-
rant giving it space here. It is always much easier to connect in a
variable resistor and to adjust it.

There are two ways of approaching the design aspects of positive
feedback. We can calculate the phase and amplitude response of
Al and then calculate what happens with positive feedback.
When we describe the “Ag evaluator” in Chapter 5, you will see
an easy way of carrying out the calculation. The alternative is to
make A2 responsible for controlling the phase and amplitude out
in the critical regions where the negative feedback can cause in-
stability. We do this at low frequencies very often by keeping the

Fig. 405. Another practical applica-
tion of positive feedback can be
utilized in pentode-tube circuils.
Feedback from screem to screen will
eliminate the need for the decou-
pling capacitor. Extreme high-gain
input to the second stage should be
avoided.

output transformner inductance as the limiting factor. At high fre-
quencies a small capacitor, or a pair for push-pull, can be used to
have the same effect.

There is possible a modification of this second approach. It you
look back to Chapter 2, you will see the responses calculated for
the amplifier (Fig. 201). At o = 64 (about 10 c.ps. and o =
0.5 % 10¢ (about 90 kc), the phase shift is only 75 to 80°. So long
as the positive feedback is out of action outside the frequency
band 10 to 90,000 cycles, which isn’t a bad working band, the
overall stability should not be affected. Fig. 403 shows how the
basic circuit of Fig. 402-a can be modified to make this happen.
The shunt capacitor Cl short-circuits R at high frequencies, and
we must have ®CIR>>1 at the upper end, which we saw might
be as high as 90 kc. The other capacitor, C2, open-circuits the feed-
back path through R; at low frequencies, so that ©C2R< <1 at
the lower end, which might be at 10 cycles. Thus, typical values
could be R = 200 ohms, C1 = .01 uf, C2 = 1 uf. With these values
we would have positive feedback over the range from 100 cycles
to 10 kc, which is the most important region unless you are a
super-extra-ultra-high-fidelity fan. Most orchestral power comes
up in the middle of the band, and that is where we need low dis-
tortion most of the time.

There is a rather interesting modification of this circuit which
has been published. This is shown in Fig. 404. V1 has a high value
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of cathode resistor, about 5K, which will produce a lot of local
negative feedback. With the gain control potentiometer at maxi-
mum the positive feedback resistor is adjusted to compensate for
this negative feedback. When the gain control is turned down to
deal with a strong signal, the value of Al is reduced, so that Al1p1
gets less, the positive feedback has less effect and V1 is linearized
by the local negative feedback.

We have discussed only the cathode-cathode feedback circuit,
because we haven’t found any use for any other possible positive
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Fig. 406. Negative feedback from plate

to grid makes the 6AQ5’s character-

istic  (shown in solid lines) look

like those of a triode tube (broken.

lines).

feedback circuit. As soon as you get away from this relatively low-
impedance feedback path, stray capacitances start to be important,
and these bring phase problems in their train.

Another application of positive feedback which is useful if you
can make it work is in pentode circuits. The screen of a pentode
can be regarded as either a grid, controlling the plate current or
a plate, having a current controlled by the first grid. Usually the
input is zero, and its contribution to the plate load is also zero,
because of the decoupling capacitor. Suppose, however, that we
leave out the decoupling capacitor, as we do in the tritet circuit.
Then we have a signal at the screen. By feeding back this signal
to the screen of the preceding stage, where the screen now acts as
a control grid, we can introduce enough positive feedback. Fig.
405 shows the sort of circuit we finish up with, and again we have
saved the price of two capacitors by the use of only one resistor.
The important thing in using this circuit is to avoid too much
gain to the screen in the second stage; and, although we have
drawn only a dropping resistor, it is essential to feed the second

71



screen from a relatively low resistance voltage divider.

At the start of this book we said that this was not to be an ampli-
fier cookbook. To take positive feedback out of the jam-making
class, you must have the means for calculating the phase and am-
plitude characteristics. The “Ag evaluator” discussed in Chapter
5 is a sort of slide rule for this job, and designing amplifiers with
multiple feedback loops without it is like cooking without mea-
sures: ask the dairyman for five tablespoons of milk! But it is so
easy to vary the feedback that we have no apologies.

Impedance control

We have seen how the use of negative feedback makes the prop-
erties of an amplifier depend more on the behavior of a passive
network than on the behavior of the amplifier itself. Since the
“passive network” is usually just a couple of resistors, with no dis-
tortion and no frequency dependence, the overall circuit gives a
flat distortion-free response. Very often, though, that in itself is
not enough. For most readers, though not for most amplifiers, the
probable load is a loudspeaker: If you get the cone vibrating
nicely and then cut off the input, you have a coil moving in a mag-
netic field and thus acting as a generator, so that the impedance
seen by the coil looking back into the amplifier is important.

Output impedance control is usually considered part of the job
of a feedback amplifier. In quite a different connection, so is in-
put impedance control. The commonest example of this is in volt-
meter and scope amplifiers, when we wish to avoid loading down
the circuit to which the amplifier is connected. Nine times out of
ten a cathode follower, which is just a stage with a feedback g of
1, is used.

Before we consider the amplifier as a whole, it is rather instruc-
tive to see what happens to a single tube with feedback. For an
example which is reasonably typical, we have drawn in Fig. 406,
the characteristics of a 6AQ5 tube: a miniature which will give
you 3—4 watts. It is a pentode, and at the standard working point,
E, = E, = 250 volts, E; = — 12.5 volts, I, = 45 ma, the trans-
conductance is about 4,000 umhos and the impedance about 50,000
ohms. This last figure is the real problem. The optimum load
is 5,000 ohms, so that if you transform down to use a 15-ohm
loadspeaker, the speaker will be looking back at 150 ohms. It
might as well be an open circuit, as far as damping down speaker
resonances goes.
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Let us see what happens to the tube characteristics if we apply
negative feedback. To make the calculations easy, let us apply
feedback of one tenth of the plate voltage to the grid. Starting
at the point E; = 10, E, = 300, let us reduce E, to -5 volts. Then
if E,, drops by 50 volts we shall feed back 45 volts to the grid, and
we shall be on the same E; line as the starting point. Similarly, the
point E, = — 10, E, = 300 — 100 is on this E; = 0 line.

The resulting characteristic is drawn in Fig. 406. The feedback
tube curves are indicated as broken lines. If you will forget we
had a pentode, you will see that the new characteristics are those
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Fig. 407. Negative current feedback
will alter the curves of a triode so
they will take on the high-imped-
ance characleristic of a pentode
(broken line).
of a triode, with an impedance of 2,100 ohms at the original work-
ing point. If you connect this plate-grid feedback around a pen-
tode and put it in a black box, anyone measuring the character-
istics will think they have a triode. There is only one difference.
You can swing this ‘triode’ down to a plate voltage of 50 without
running into grid current; the corresponding limit when the

screen and plate are joined together is about 170 volts.

The results of Fig. 406 are well worth a closer study. In the
area below E, = 0 there is no grid current, because the feedback
circuit will be an a.c. coupling. A pentode with negative feedback
of this kind has the same characteristics as a triode, including the
triode positive grid region, but you can work over the whole set
of characteristics without grid current trouble. This is stressed be-
cause there are audio men who disbelieve that tetrodes can sound
as good as triodes. Cast your eye over those curves, and you can see
they are better than triode curves!

We can, to some extent, reverse this effect. A typical triode
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characteristic is shown in Fig. 407. This triode has a mu of about
50 and an impedance of about 20,000 ohms. By putting in a cath-
ode resistor of 2,000 ohms we can make a change of 1 ma in the
plate current feed back 2 volts to the grid. The effect of this is
shown in part by the broken lines on Fig. 407. These are part of
the characteristics of a “black box” tube having an impedance of
about 105,000 ohms, which is getting on toward the pentode class.
If you need a pentode and have only a triode handy, this is one
way of making the circuit think it sees a pentode.

These two examples of modified tube characteristics have been
considered because they provide a useful background to the gen-
eral discussion of amplifier impedances. Ultimately any amplifier
can be considered as a 4-terminal network in a box, and if you
don’t look inside you cannot be certain that it is not just one tube,
with a transconductance of 1 amp /volt, perhaps! Now we can turn
to the general amplifier circuit. Fig. 408 shows the general voltage
feedback amplifier, with input short-circuited and output con-
nected to a generator. This generator produces a voltage E, at the
output terminals, and the current flowing into the amplifier is I,.
The amplifier itself has an impedance of R, and an open-circuit
gain, E,/E; of A,. Notice that we are using now the open-circuit
gain, which can be quite a lot higher than the usual loaded gain.
For a triode the difference is less than 6 db, but for a pentode or
tetrode it may be much more. The feedback network g is assumed
to be of such high impedance that it does not affect the imped-
ances.

In the output mesh, we have this equation:

E, - E, = IR,

Now E; = A(E, and since the only input is that provided by the
feedback network E; = BE; or, indeed, —BE, since E; and E, are
the same here.

Arranging the equations in order, we have

E, = A,E,

E, = _IBEO

E, — -AyBE,

Thus, —E. = ABE,, and we can substitute in the previous
equation,

Ey 4+ AoBE, = IR, (38)

Eo(l + AgB) = IR, (39)
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Dividing through by Io(1 + A,B), we get:

Eo(l + Af) _ LRy 0
Io(I + AB) Io(1 4 AB)
which cancels to:
Y = 7 4
I, I+ Agp n

Of course E,/I, is the impedance seen by the generator con-
nected to the output, and if the feedback were absent, 8 = 0, the
impedance would be R,. With negative feedback the impedance
is reduced by the factor (1 + Aep) .

o
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Fig. 408. Vollage feedback network
used for calculating the output imped-
ance.

This feedback was voltage feedvack. We could use a circuit like
that of Tig. 409, in which the feedback voltage depends on the
current in the output circuit. To keep the formulas very simple,
the resistance across which the feedback is picked off will be as-
sumed to be small, just as before we assumed that the 8 network
was of infinite impedance. In calculating this circuit we work in
terms of current: the amplifier is assumed to have a transconduct-
ance of g, under short-circuit conditions, so that it produces an
output current of g,,E; for an input of E;. When we apply an
additional current of I, we have a current of I, - gmoE1 through
Ry, so that the voltage across the output terminals is:

Es = (Jo 4+ gmoE1)Ry (42)
The feedback network including the small resistor across

which Eg is produced) delivers a voltage g1, to the input terminals,
and since the input has no other supply E; = gl,. Thus:

E. = (Ip 4 gmoBlo) Ro (43)
The admittance seen at the output is Iy/E, and is:
I, 1 1

E. = Ry © 1+ fgu (44)
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If there were no feedback (8 = 0), this would be just 1/R,.
With current negative feedback, therefore, the output admitiance
is reduced by the factor (1 4 Bgmo). This means, of course, that
the impedance is increased by this factor.

It must be noted that the factor gy, is not the same as the A, we
have discussed, and it is not the same as the factor A in the term
(I + AB) we used in the distortion and gain effects earlier. This

fo
— : Fig. 409. Basic feedback network employ-
i £, Smoﬁ;:“; £, ing current feedb@k. In this arrange-
! A ment, the current in the oulput circuit
°© rg A ® determines the feedback voltage. Formu-

lae derived from this nelwork are dis-

n cussed in detail in the text.

means that we must make a separate calculation when determin-
ing the output impedance. When using voltage feedback we must
use the equation
uR
R + R,
for the gain of the last stage in determining the gain factor A
(here R is the load impedance and R, the plate resistance, both
measured in the same part of the circuit); but My, = u for the
impedance factor As. If, however, the feedback network uses
resistors of values low enough to cause appreciable loading of the
output stage, we may find it more accurate to write
uR’
"R+ R,
where R’ is the input impedance of the feedback network. We also
ought to bring the output transformer losses into R’. In a pentode
circuit, this means that Aq is from 3 to 10 times the corresponding
value of A.

When using positive feedback, the term (1 4 A¢8) becomes less
than unity. Thus, positive voltage feedback increases the output
impedance, and positive current feedback reduces the output im-
pedance. We can combine positive voltage feedback and negative
current feedback to give a very high impedance, for example,
without losing too much gain. As an example of what can be done,
a small amplifier, using a 12AT7, achieved an impedance, at the
high side of the output transformer, of something around 5 meg-
ohms. This is better than pentode performance. In the opposite
direction, another amplifier gives an impedance of 0.1 ohm when
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designed to work into a 25-ohm load: this uses positive current
and negative voltage feedbacks. There are good reasons for these
designs: the pentode is needed to get power at low supply voltage,
the 12AT7 to get gain from a single bottle and the extreme im-
pedances are “musts” in their particular applications.

¢
: || :

a4 § ¢
e— i+ ||
le— i
¢ >
rd e : f

Fig. 410. Skeleton circuits showing six ways to pick off feedback F.
The first three (a, b and c) are voltage feedback, the others (d, e
and f) are current feedback.

The circuits for giving voltage and current feedbacks are sum-
marized in Fig. 410. F is the feedback voltage in each case; a, b, ¢

TABLE FOR FEEDBACK CONNECTIONS
No. of stages Circuit of Fig. 410
a c d e

1 9— 9—

2 k— g— 9— k—

o+  k+  k+ o+

3 — k— k— g—

k+ 9+ g+ k+

4 k— —_ g— k—
g+ k+ k+ 9+

Circuits b and f depend on transformer sense.

are voltage feedback and d, e, f are current feedback. The table
is a summary showing whether the feedback should go to cathode
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(k) or grid (g) of an earlier stage to be negative or positive. The
plus signs show positive feedback, the minus signs negative feed-
back. Thus in a three-stage circuit you must feed back from cath-
ode to cathode (circuit d) or from anode to grid (circuit €) to get
negative current feedback.

For the sake of completeness we should mention the bridge
feedback circuit. This can be used to effect a compromise value
in output impedance.

Now let us consider the input impedance. A typical input cir-
cuit is shown in Fig. 411; and, although we have shown a resistor

Fig. 411. The input circuit of an amplifier
having series connected feedback at the cath-
ode. Use of this circuit with a crystal pickulp
is practical, since Lhis arrangement effectively
reduces the input capacitance.

between grid and cathode, this could be a more complicated im-
pedance. The biasing arrangements are also neglected. In this cir-
cuit, the input to the amplifier section of gain A is E;, and the
voltage developed by the feedback circuit is:

E, = ABE, (47)

By simple addition, Eo = E; + E; = (1 + AB)E,, and from this
we could deduce that the gain would fall by a factor of (1 4+ Ap)
when feedback was added, because we now need an input of E,; to
produce E; at the grid.

The current which flows through R is given by:

El EO

b= = Ra 1 Ag (48)

So far as any circuit connected to the input can tell, this current
is produced by E,, so that the input impedance is:

1o =R+ Eg) (49)

The impedance has thus been increased by a factor (1 4
AB). This may be 10 to 100, so a resistance of 1 megohm,
which is all we can normally use because of gas current in the
tube, looks like 10-100 megohms to the external circuit. The in-
put capacitance is reduced, too, which is important if you are
using a crystal pickup. Notice, however, that positive feedback in
this connection will reduce the input impedance, since then the
quantity (1 4+ Apg) is less than unity.
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An alternate way of connecting the feedback is shown in Fig.
412. The current which flows into this circuit is:

b= 2 (50)

Now, E. = — ABE; and E;, = E; — I(R;. We therefore have:

E, = —ABE, & ABI,R, 1)
and

IRy 4+ Ry) = Ey 4 ABE, — ABLGR, (52)

By rearranging terms we get:

IRy + Ry + ABRy) = E(l -AB) (53)
and

=Rt o

Fig. 412. An allernate arrangement for connect-

ing the feedback of Fig. 411. The circuit ulil-

izes a parallel hookup for the feedback at the

cathode. It is possible to employ negative feed-

back to the cathode and positive feedback to the

grid to produce an exiremely high input
impedance.

Eo

The R, term is the impedance of the external generator, so that
the input impedance R., without feedback, is reduced by the fac-
tor (I 4+ ApB) with negative feedback. As before, if the feedback
is positive, this gives an increase in input impedance. It would
seem to be quite possible to apply negative feedback to the cath-
ode and positive feedback to the grid to produce an extraordinar-
ily high input impedance. The negative feedback would stabilize
the gain so that the term (1 — Ag) in the positive feedback equa-
tion could be made quite small.

In many applications it is necessary to provide a controlled value
of input impedance, which involves the use of the circuit of Fig.
411 with an additional shunt resistor across the input. Often, too,
we need a good 600-ohm output impedance, and then a high im-
pedance shunted by 600 ohms is used.

This has been only a general survey of the problems of imped-
ance control. If an amplifier is needed with some special imped-
ance properties, a closer study may be required, but for almost all
jobs the discussion here will be sufficient. Always the effect of
feedback is to modify the apparent tube characteristics. It is prob-
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ably wise to point out one important thing: If you turn a tetrode
into a triode by means of feedback, the optimum load is un-
changed: you should not try to match this “triode.” You can check
this statement very carefully, both with modified characteristics
and by actual experiment. This is specially important if you are
using a high degree of feedback to get a low impedance for damp-
ing a loudspeaker or to get a high impedance for some other pur-
pose. And don’t forget, if you want a low impedance, to allow for
the resistance of the output transformer windings. This is also im-
portant.

Optimum load

We have previously introduced the term optimum load without
clarification on the assumption that all our readers are familiar
with its meaning. However, our assumption may have been incor-
rect, so that perhaps it is best to define it clearly.

The word “optimum’ means “best,” but it should be qualified.
If someone asked you what is the best tube type on the market,
you would need to know what he wanted it for; a low-noise-level
input stage, a high-gain preamplifier stage, a driver stage, or a
power-output stage—to name just a few. The same thing is true
about the plate load for any given tube. What do you want the
plate load to do?

Probably the most common use of the term optimum load is in
connection with output tubes, where we are interested in getting
the maximum power output from a tube without exceeding its
plate dissipation rating. In such a case, optimum means the load
for giving maximum output without overdriving the tube. But it
may not be as simple as that. What kind of output do you want:
square wave or something similar to the input wave? Or do you
want it to have the lowest possible distortion while still giving
close to its maximum output? Another application of output
tubes is when a specific output power is required with a minimum
of input grid swing. This can be called optimum load for maxi-
mum sensitivity. All these objectives cannot be obtained with
the same optimum load value for the same tube.

Leaving tubes behind for the moment, let’s assume we have a
battery from which we want to operate a heating element. The
element can be wound to any specified resistance, but we want all
the heat in the element that we can get from the battery. If we
make the resistance too high, the battery voltage remains high,
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there is a small current flow and little heat is created. If the
resistance is too low, the battery voltage drops and, although the
battery may get warm, the resistance element will not get enough
voltage to warm it appreciably. The optimum resistance for the
heater is the one that will draw the maximum wattage from the
battery—somewhere between these two extremes.

To simplify this problem, the battery is regarded as being made
up of two separate components: a perfect battery that gives con-
stant voltage regardless of what is connected to it and an internal
resistance which accounts for the drop in the terminal voltage

; ; ircui AAA
Fig. 4138. The equivalent circuit BATTERY INTERNAL RES
of a battery. Maximum power

dissipation  from  the batiery BATTERY OPEN CKT VOLTS

through its externally connected -

load will occur when the load re-

sistance R, is equal to the inter- T
nal resistance of the battery.

g

BATTERY LOAD

when current is drawn from the battery. Fig. 413 shows this idea.
Let’s put in some figures. Suppose the battery is a group of small
cells giving 24 volts and having an internal resistance of 12 ohms.
The total resistance which determines the current is the internal
plus the external heater resistance. The voltage across the heater
can be obtained by Ohm’s law and the wattage dissipated by the
heater is terminal voltage times current. We can tabulate this
for different values of heater resistance. (See wattage table.)

Fig. 414 shows heater dissipation plotted against heater resist-

WATTAGE TABLE
Heater Total Current Terminal Heater
resistance resistance  (amperes) volts watts
(ohms) (ohms)
3 15 1.6 4.8 7.68
4 16 1.5 6 9
6 18 1.33 8 10.67
h 8 20 1.2 9.6 1152
12 24 1.0 12 12
18 30 0.8 14.4 11.52
24 36 0.67 16 10.67
36 48 0.5 18 9
48 60 04 19.2 7.68
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ance. It appears that a 12-ohm heater gives the maximum wat-
tage—12. This is the same resistance as the internal resistance of
the battery. This numerical example illustrates an important
principle: The maximum waitage in the external circuit is ob-
tained by making the external circuit resistance equal to the
internal resistance.

Maximum sensitivity
Assume we have a tube connected to the necessary voltages
(Fig. 415), and the plate choke-coupled to the plate load. so we

WATTS DISSIPATED IN HEATER RES.
_—
J
J

=]

60

0 30 30
HEATER RES.- OHMS

Fig. 414. Graph showing the effect of vary-
ing the load resistance across the battery.

can change the plate load without altering the plate voltage. Now
apply an audio signal to the grid, well within the maximum swing
allowed for the bias used, so that the distortion is small no mat-
ter what load we use. If we leave the plate load unconnected
and assume that the choke does not itself constitute a load, the
audio voltage at the output will be the audio voltage at the grid
multiplied by the amplification factor of the tube. If we short
the output terminals, the voltage disappears, the same as it did
with the simple battery. Any amount of plate load we connect
will reduce the audio voltage at the terminals, according to the
load value. This can be explained by regarding the tube as an
audio-voltage generator combined with an internal resistance.
The so-called internal resistance is the plate resistance of the
tube. For the case we are now considering, the maximum wat-
tage in the load occurs when the plate load is equal to plate
resistance.

This result is expected, but it doesn’t seem to line up with
practice, you will be thinking. All the same, it is true for the
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particular case dealt with. The conditions should be emphasized:
Audio signal level at the grid is well inside the maximum swing
allowable for the grid bias used and is restricted to this level; the
output variation considered is the power in the plate load as plate
load value is varied, using the fixed grid input.

If we wanted an output tube to provide its maximum gain in
terms of power in the load, we should use an optimum load equal
to the plate resistance of the tube. But gain is usually easy to
obtain elsewhere. The more difficult thing with power tubes is
to get a large audio output with reasonable plate dissipation. So
we start at a different place. We assume that whatever grid swing
is needed will be found somehow, although it will generally be

B+

Fig. 415. A basic type of ouiput circuit. If we | AF CHOXE

consider the tube as an audio generator, and dis-

regard the presence of the audio choke, maximum e
energy transfer from the tube will occur across

an actual load when its value is equal to the oUT L0
internal resistance (plate resistance) of the tube. GRID IN

— TBias

advantageous to use a tube with a small grid swing. The problem
is to get the biggest possible swing in plate voltage and current
at the same time, so the output watts are as high as possible with
little distortion.

Matters are complicated because tube characteristics have
boundaries. We have assumed we were well enough within these
boundaries so we could ignore their existence, but in each kind
of tube there are at least three boundaries that have to be con-
sidered. Fig. 416 shows the case for triode types and Fig. 417 for
tetrode or pentode types. In each case dashed lines are used to
show how the curves would go in theory if there were no boun-
daries at all.

The first boundary for a power tube, and for any tube when
it is to be operated close to maximum conditions, is the wattage-
dissipation curve, a line of points showing maximum plate dissi-
pation (volts X current).

The secondary boundary can be called the positive grid-swing
boundary. For the triode tubes, this will usually be the zero
grid-voltage curve, unless power is available to supply the grid
current that flows when the grid runs positive. In such a case,
some specific value of positive grid-voltage curve will determine
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this boundary. For pentode and tetrodes the zero grid curve
applies as a boundary above the knee, but in the vertical part it is
advisable to set the boundary over, as the curves merge here, so
that use of the zero grid curve would cause severe distortion.

The third boundary is the line representing zero plate current.
Plate current does not normally go into reverse, and before it
reaches zero there is a converging of the characteristics that will
cause distortion, so the boundary should be set at some minimum
value of plate current. This can be called the minimum plate-
current boundary.

20 7 7 7 7
/ 1 :/ H 1 /
/ y l; ! / /
/ / ! / / !
/ / ] ! /
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PLATE YOLTS

Fig. 416. Tube characteristics of a typical triode, showing
boundaries controlling optimum load.

In addition to these three boundaries that apply every time,
there is another that sometimes chips in, while in other cases the
three regular boundaries take care of it automatically. This is:
maximum permissible plate voltage.

For any given tube the optimum plate load is found by vary-
ing the slope of the load line (varying the plate-load resistance)
until the product of plate-voltage and plate-current swings is a
maximum. The slope of this line gives a value of optimum
load.

Load values for triodes are not usually too critical. A value two
or three times greater than the rated optimum will not introduce

1Calculation procedures for determining the power output of tubes are given in the
RCA Receiving Tube Manual, Technical Series RC-16 and -17 pp. 17-21.
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distortion, but the power wiil be reduced somewhat. In triode
output tubes the optimum load is several times the plate resist-
ance—usually three, and often five or more times. Further increase
of plate load improves waveform slightly and increases output
voltage swing slightly, but reduces output power, because the
current swing is cut down more than the voltage swing is in-
creased. Use of a plate load less than about three times the plate
resistance results in distortion, unless the grid input swing is
restricted, which limits the output.

For pentode and tetrode tubes, the term optimum load can

20
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Fig. 417. Tube characteristics of a typical telrode or pen-
tode, showing boundaries controlling optimum load.

have a stricter meaning. Working at a level a little below maxi-
mum output, variation of the load changes the nature of the dis-
tortion. In triodes, all the curvature is in the region of the mini-
mum plate current boundary, which results in second harmonic
distortion. In tetrodes and pentodes, curvature is also introduced
at the positive grid-swing boundary when the top end of the load
line swings below the knee of the curves, representing load values
higher than optimum. The higher-order harmonics are intro-
duced, and the amount of second harmonic depends on how the
two sources of curvature balance one another. It is possible, by
selection of load value, to eliminate second harmonics altogether.
An analysis of distortion from typical tetrode or pentode tubes is
shown in Fig. 418. For some purposes the point where the sec-
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ond harmonic disappears, or the total harmonic is a2 minimum, is
considered the optimum load.

We have assumed that the object is to get the maximum output
with minimum distortion. But since in audio work the maxi-
mum output is somewhat of an unused figure, reached at only
fairly rare peaks, it can be said that distortion is more important
at lower output levels. The exact curvature of the characteristic
along any given load line follows a rather complicated law. The
result can lead to the following kind of experience: Assume the

HARMONIC

N
7

/

PERCENTAGE

o

LOAD IMPEDANCE

Fig. 418. Graph showing harmonic dis-
tortion analysis from typical tetrode or
pentode tubes.

plate load is made adjustable, so that it can be varied. With a
harmonic analyzer connected to give minimum distortion at or
near full output, turn the level down 10 or 20 db. Readjustment
of the plate load will probably reduce distortion at this reduced
level. Consequently it is probably better to choose a load value
that gives minimum distortion at low levels, even though the dis-
tortion at maximum level may be up slightly.



chapter

extending design factors

very book on feedback opens with a light barrage of mathe-
matics, in which the gain of an amplifier with feedback is
shown to be:

A

I + AB

where A is the gain without feedback and g is the attenuation of
the feedback path. Then there is a discussion of this, and out of
the hat comes A = 1/8. (Gain without feedback is described
in Chapter 1.) Blinded with science, the reader rubs his hands
and reaches for a soldering iron. However, the gain without feed-
back is not always large. If we are concerned with low-gain
amplifiers or with effects at the edge of the band, we must go
back to the basic equation. We can write this in the form:

A =

1 AB
Al = — _— 55
5 X 11 AB (85)
When we work in decibels, we have:
: 1 AB )
db gain — 20 log — 20 lo — 56
8 gy + 8 ( T+ Ag (56)

You will notice an interesting term enclosed in the parentheses.
This is what we have been looking for, because the first term on
the righthand side is just the traditional approximation; the sec-
ond term is the gain component of what has been called the “mu-
beta effect.” This unexpected name was provided by Dr. H. W.
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Bode.! In classical engineering papers you will find the funda-
mental equation written as:

— g

G — " 67

Notice here that as well as using G in place of A" and u in
place of A, the sign used in the denominator (by Dr. Bode) repre-
sents the magnitude value of 8. Our form is based on the alge-
braic value of B, which is itself negative in the case of negative-
feedback and positive in the case of positive feedback gain. (This
was discussed fully in Chapter 4.) Algebraically, both forms are
essentially the same in the following manner:

7 o A o A
T—pg 1 -(pA) 7 14 AB

Before going on to discuss the refinements in calculation which
are provided by the exact formula, let us look at the reasons for
using it. Some of them will probably never affect some readers,
but in special circuit designs this technique is invaluable. For
one thing, it takes the use of positive feedback out of the cut-
and-come-again class, and there’s a big future in positive feed-
back if only to help out in a component shortage.

The first use of the exact equation is to check what happens at
the edges of the band when the gain of the amplifier varies. If you
look up the government specifications for the tubes you are
using, you will see that when the maker says boldly g, = 5,000
micromhos, he really means something between 4,000 and 6,000
or, if you are not a military customer, even wider limits. Roughly
speaking, that means that the gain per stage can vary over a range
of about 4 db: in three stages, 12 db will be the range for a typical
audio amplifier.

Actual stability, under these conditions, may be a headache in
its own right, but the maintenance of a specified frequency
response often may cause a lot of trouble. A batch of tubes on the
high side may result in the measured frequency response falling
outside the customer’s limits. Try telling him his tubes are too
good!

The second major use for the exact equation is in one of these
multiple feedback loop amplifiers we discussed in Chapter 4. If
we want to design this right to the bitter end, we must determine

= A’ =

t“Network Analysis and Feedback Amplifier Design”; H. W. Bode, D. Van Nostrand
Co., Inc., New York, N. Y., 1945; p. 33.
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the gain and phase characteristics of the first subamplifier with its
positive feedback to draw the phase and amplitude responses for
the complete amplifier, to which the main negative feedback is
applied.

The “alpha-beta” evaluator

These more refined calculations became really practicable in
October, 1949, when Jean Felker of the Bell Laboratories pub-
lished a paper on the subject.2 To avoid confusion, since the
original calculator (called the “mu-beta effect” calculator) was
designed from Dr. Bode’s equation, we have modified it to con-
form to our application of the form A/(1 4 Ap) as representative
of negative feedback gain. The original design® presents p3 where
we have used AB, and all angular measurement scales are the
supplements of those in the Ag evaluator. (Where we use 70°,
Mr. Felker uses 110°, etc.) The evaluator is a sort of circular slide
rule for performing the necessary phase and amplitude calcula-
tions.

Let us go back to our mathematics again and see what confronts
us. The alpha-beta (mu-beta) effect is:

A

1 +ﬁA,3 (58)

In general, both A and 8 include a phase shift. Let us take the
total phase shift in the amplifier and feedback network at a par-
ticular frequency to be 4. This is the phase which we use when
we draw the Nyquist diagram. Since we now have to watch our
signs, we must notice that in the middle of the working range 4
= 0°, while at the danger point for stability, § — 180°. We can
write the alpha-beta effect as:

[AB| /6

v/$ = v (59)

where y (gamma) is the magnitude of the alpha-beta effect and ¢
(phi) is the phase. We know the phase shift in the feedback net-
work, because we can calculate it using the templates: call this
¢ (psi). The effective phase shift through the amplifier with feed-
back connected is then ¢ — y. When y¢ is zero, this is just

2 “Calculator and Chart for Feedback Problems,” Jean Felker; Proceedings of the
IRE, Vol. 37, p. 1204.

3 The original “mu-beta effect” calculator is available from Graphimatics, 201 N.
Tavlor Ave., Kirkwood 22, Mo.
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¢ instead of the value without feedback, as given by 4.

The gain of the amplifier is y db plus the ideal gain, 20 log
1/8 db. The Greek letters y, 6, ¢ and ¢ have been used because
they are the same as those in the Felker paper.

For some purposes it is rather useful to turn the mu-beta effect
upside down. Let us write » (upsilon) = 1/y. Then

1 4 |AB| /6 1
vﬂ) :AIAﬁI /_0— - =1 4 —|Aﬁ| Ld (60)
We did not do this bit of mathematics just to show how clever
we are: this particular form is rather a useful one. Consider the
impedance shown in Fig. 501-a. Z is any impedance, and R is a
resistance. Taken together the impedance is R -+ Z, and this

can be written R (1 + Z/R).
Remembering that Z is a general impedance, we can write this

as

R
R(1 -} {Z—{_/a')_ (61)
If we put § = -6’ and A = R/Z the impedance of the two-
P / P

terminal network is thus Rv/—¢.
In much the same way, the admittance of the circuit in Fig.

501-b is
1 R /6’
(1)

Now we put A3 = Z/R and also put § = §’, to make the ad-
mittance equal

1
' vﬂ) (63)

We can go even further and apply this expression to the net-
works of Fig. 502. If we take the ratio E,/E,, which is the most
useful when we want to convert to decibels, we have for this ratio:

E: =1+|—-1/8 (Fig. 502-a)
El — 14 |_; /9’ (Fig. 502-b)
E z .

=L ] g/ (Fig. 502:¢)

Even the impedance forms are useful in decibels. because when
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we connect an impedance as the plate load of a pentode, the gain
is guZ, or (20 log gu -+ 20 log Z) decibels. For that reason the
curve of v given as Fig. 503 shows v in decibels.

We could, of course, proceed to use those curves to determine
the alpha-beta effect, but the Felker calculator is much more
convenient. This chart (in modified form) is reproduced in Fig.
504. When the rotatable arm is fastened to a suitable backing of
thin card or plastic and attached to the center of the circular chart,
the longer end of the moving arm moves over the upper semicircle.
The readings obtained on this scale represent the alpha-beta effect
as measured in degrees.

Fig. 501. Some typical circuits employed in solving

lwo-terminal network problems. In (a) the imped-

ance (Z) is in series with the resistance. In (b), the
impedance is in parallel with the resistance.

AA
v
o
N

z

“ o

Figs. 505 and 506 have been constructed to enable us to work
out an example. Three circuits of 6 db per octave are assumed,
with characteristic frequencies at 1, 2 and 4+/2. The most feed-
back which could be applied without instability is 21 db and for
this example we shall assume that we are applying 15 db of feed-
back. We can now therefore construct the second scale, marked
AB, with its zero at the 15 db down level on the GAIN BELOW
MAXIMUM scale.

Using the evaluator

Now take the evaluator. At @ = 2, we have alpha-beta = 414
db and 4 = 130°. Find the point where alpha-beta = -4 and
alpha-beta phase — 130°. It is up near the top left-hand side of
the chart. Turn the rotating arm until it passes through this
point, and read off the alpha-beta effect magnitude on the arm
itself and the phase on the semicircular scale. We find +4-2.3 db,
140°. Repeating the calculation at other points, we get +6.2 db,
88° at © = 2/2, and so on. All these values have been plotted
in on Figs. 505 and 506. In Fig. 505, you will remember, this
alpha-beta effect is the deviation of gain from what we expect
in the simple theory. We use the alpha-beta scale for plotting the
response. As you can see, the “flat” gain is about 1.5 db below
the zero determined by the simplified theory. The phase shift is,
at most frequencies, much less with feedback. but at the edge of
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the working band it rushes sharply upward. You can see how
dangerous this can be in a multiple-loop amplifier, by considering
the values at © = 4: with feedback the gain is 1.5 db above the
“flat” region, but the phase shift has practically hit the 180° mark.

o+ _}1—o Fig. Some typical impedance
R 1€ € L B 521 problems in four-terminal network

El 2 1 <
E analysis are represented by the circuits

o of (a), (b) and (c).

a b c

As a subamplifier in a complicated multiloop system this partic-
ular system could give you enough headaches for a lifetime.

Suppose that, in place of the gain we planned, the amplifier
has in it rather old or low-limit tubes. The gain without feed-
back A may have dropped 6 db. The feedback term g remains the
same, however, so the product Ag (alpha-beta) is down 6 db. The
alpha-beta scale zero, on the left of Fig. 505, should now be set
at 9 db on the GAIN BELOW MAXIMUM scale. At © = 2 we have AR
= —2 db, § = 130°, so that the AR effect is 0.2 db instead of
+1.6 db. As © — 0, the response for AB = 9 db and § = 0° is
2.6 db. The response therefore has risen 2.8 db at o — 2 for this
low-gain case, instead of 3.1 db for the normal gain case. The
mid-band gain has dropped 1.1 db.

2 | Fig. 503. Graph showing the impedance

s N forms of Fig. 502 plotied in db. The

-l 2 T\ formulas used to derive these curves (see

] N text) are based on the relationship of

yuwos 2 Ny E,/E,. In the case of a pentode tube,

: N 500 when _the_ plate load is an impedance,

2 NN |§3A e the gain is g,,Z or (20 log g, + 20 I‘0g

" 390° Z) decibels. T)}us, these forms are quite
ﬂu?;\;‘ll;soa 0-3-6-9 useful in practical work.

We are not inclined to discuss this application of the alpha-
beta evaluator any further, since the time that would be spent
on additional discussion can be spent more profitably in working
out the solution to some of the many typical problems you are
likely to encounter in audio amplifier design work. However, here
is an important item: When the feedback network itself contains
reactances, which usually will be capacitors, the response calcu-
lated is that which appears at the output of the feedback network.
Therefore it is necessary to subtract the response of the feedback
network from the calculated response given by the alpha-beta
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evaluator to get the response for the overall system. This is shown

in the basic equation:

gain = 20 log % -+ alpha-beta effect.
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Fig. 504. The Alpha-Bela evaluator. This chart is a modified version of the Felker
“mu-beta effect” calculator discussed in the text. Familiarity with ils operation will
aid considerably in amplifier design work.

Here is another use for the alpha-beta evaluator. It can be
used for determining the stability margin directly. As you may
remember, we showed in Chapter 3 that a quantity called the

stability margin was a very useful measure for the safety of a
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design. This quantity is in our notation:

A 1
A ST ¥ AR (4
The alpha-beta effect, vou will remember, is
_ _AB_ 1
YT T3 AR T : 1
T ap

If we have a value of, say, 6 db for Ag, and we calculate the
AB effect corresponding to —6 db, the quantity we obtain is the
stability margin. Let us draw up a table from Figs. 505 and 506
as follows:

0 = 1 1.4 2 2.8 4
AB — +10db +75db 442db -1db 6.3 db
6 = 83° 105° 130° 154° 176°
AR effect = 08 db 403db +23db +62db -05 db
Stability
Margins — -108db -73db -18db +7.2db 458db

The last line was calculated directly, taking the —10 db, 83°,
~7.5 db, 105°, etc. points on the chart. This means that it is not
necessary to pass through the response, alpha-beta effect or overall
response system in order to check the stability margin. When the
feedback path has a nonuniform response this can be very helpful,
because all that need be done is to plot the two pairs of curves,
for alpha-beta and for beta, and then determine the stability
directly.

There is a very attractive phrase which you can find in British
patents: “Having now particularly described and ascertained the
nature of the invention . ..” Well, we’ve done that, but just in
case the explanation has not been sufficiently certain, Fig. 507
shows how the evaluator is actually set to fish out the results at
o = 2. The point marked A is at alpha-beta = +4.2 db, alpha-
beta phase — 130°. The rotating arm OA has been turned until
the edge passes through this point, and the alpha-beta effect is
read off at A on the scale printed on the arm. The phase of the
alpha-beta effect is read off on the circular scale. For the stability
margin we hunt out point B, -4.2 db, 130°, and twist the arm to
pass through this point. The stability margin is read off the arm.
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Wary readers may have noticed that almost everything we have
discussed in this book deals with the analysis of feedback circuits
and not the synthesis. We guess a circuit and test it, on paper,
to see if it will work. Nearly everything in the field of circuit
design boils down to this in the end. The main differences appear
in the methods of testing. At one extreme you wire up the circuit

LB

= 1H 3

2 s o .

2 ¢ N 9
Fig. 505. Graph showing three design E+_‘ N Eg
curves of an amplifier. Curve A is the o | _la * 3 15§
ideal response, curve B is the response = \F=p1°[ET h e
calculated with the Ag effect, and curve E | kY L3

C is the response calculated without i 0 o

feedback. < ) ::

1 2 44y38 W
FREQIN ARBITRARY UNITS

A-IDEAL 1/8 RESPONSE  B-RESPONSE CALCULATED BY A8
EFFECT  C-RESPONSE WITHOUT
FEEDBACK

and pray; at the other extreme you test on paper in such a general
way that you never come to a practical answer. This work aims
at a reasonable compromise. While providing all the information
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Fig. 506. This graph shows two curves

representing amplifier phase shift char-

acteristics, Curve A is the shift without

feedback; curve B is the shifl with feed-
back.

needed by the average professional designer, we hope also it is
not too forbiddingly mathematical for the man who wants to
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build just one amplifier, but wants to build it right. The impor-
tant thing to learn here is: alpha-beta simplifies design work.

Design comparisons

Having been associated with a group of network engineers, it
was unavoidable that we run across a concept of theirs which
stated simply: All problems are network problems, and all net-
work problems are low-pass problems. You may wonder what this
has to do with the problems of designing feedback amplifiers, but
you will find it a valuable approach to keep in mind.

MOVING ARM [N POSITION FOR AB EFFECT
STABILITY MARGIN

Fig. 507. The Alpha-Beta evalu-

ator set up for solving a problem.

Details of problem and its solu-
tion are discussed in the text.

This preamble is intended to introduce a design procedure for
narrow-pass bandpass amplifiers (which are more commonly
known as i.f. amplifiers) and to show that they may be designed
in complete accordance with the rules we have already discussed,
just as though they were audio amplifiers. This is not to say that
you can build a radar i.f. amplifier for 60 mc in the same way
you build an audio amplifier. But you can design a three-stage
amplifier with 20-db feedback for use at, say, 1 mc without any
design curves other than those which we have already used.
Although it will appear that this type of amplifier is limited to
special applications, it is in itself noteworthy as a source of design
comparisons, particularly when approached through the network
concept.

Procedures
The basic unit we shall consider is that which is sometimes
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known as the center-tuned, resistance-loaded amplifier. The plate
circuit of each tube contains a parallel network of resistance, in-
ductance and capacitance. Fach circuit is tuned to the center
frequency. This type of amplifier is casier to design as a feed-
back amplifier than the stagger-tuned type, in which the plate
circuits are tuned to different frequencies. The center-tuned

Fig. 508. The basic parallel reactance circuit is equivalent to
a capacitance under certain conditions. Since in theorelical cir-
cuilt design development, mathematical calculations are more I t

T—
[a)

easily obtained using admittance than with reaclance, in this
circuit the admitiance (Y) is equal o j,C + 1/j,L.

type is also easier to line up, because three or more reference fre-
quencies are needed in the stagger-tuned variety. In the latter
case the spacing of these frequencies governs the pass character-
istic and a good signal generator must be used.

Let us look at the basic element of the circuit. This is shown
in Fig. 508 and consists of inductance L in parallel with capaci-
tance C. The admittance of this circuit is joC + 1/joL.

Notice that it is easier to use admittance (than reactance) when
you deal with parallel circuits. In theoretical work admittances
make mathematical manipulations easier.

Fig. 509. L and C replace the inductlance in the series bandpass circuit
with lowpass equivalence. In this arrangement, the circuit impedance
(Z) is equal to jwL + 1/jwC. Characteristics of the circuit and related

mathemaltical derivations are covered in the text. CI

L

We will do some manipulations and see what we can make of
this admittance:

Y = joC 4 (65)

joL
Adding the two over the common denominator jol,, we have:
Yy — (ij)(]:mL) + 1

joL
Multiplying the numerator we get:
y — _J%*LC 41
joL
Since j = \/~1, then j> = -1. We then get:
_ —e’LC 4 1
V= gL
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Rearranging this equation gives us:

1-w2LC

Y =
joL

(66)
Now let ©2LLC = 1. This will be the case at the antiresonant
frequency w,:
1
VLG
At this frequency the admittance Y is zero and the circuit of
Fig. 508 is at resonance:
At this frequency 1/ wol. = ©0oC (the reactance of the coil is
equal to that of the capacitor) . We can write the coil reactance as

Wy = 27rf0 =

(67)

oL = 2 4L
(O]
and
2 2
0LC = @ gL = - &
Wo~ Wy
because wo?LC = 1 and 1/jo,L = ju,C.

The expression for admittance can be changed to:

. w?
, ](J)oc ( ‘002 -1 )
Y = (68)

o
Lo])

Suppose to save space and trouble, we let @ (capital omega)
represent

(’)2
(51 (1)02 -1

(O]

[O1)

in our further calculations. The admittance is then simply:

Y = joC (69)
For a single capacitor, the admittance at a frequency o is just
Y = joC.

The reader will be well advised to think about these two equa-
tions very carefully. He will see that anything which can be said
about a capacitance at a frequency o can be said about an anti-
resonant (parallel) circuit at a “normalized frequency” ©. For
example, 1,000 ppf has an admittance of 1/16,000 ohms at 10 ke.
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Put 100 ph in parallel, and the antiresonant {requency is 500 kc.
This means that o, = 27 X 500,000 and at this frequency o = v,

12 — 1
1

Q = o =0 (70)
The admittance is zero, just as the admittance of a capacitor
alone is zero at zero frequency. Raising the frequency slightly to

505 kc:
505\ 2
(W) -1
505
500

Q= 27 X 500,000%

0 = 2 X 500,000 X .02
Q = 2 X 10,000

and the admittance joC is .0000628 mhos, corresponding to an
impedance of 16,000 ohms. The admittance at 5 kc from the
center frequency is equal to that of the capacitor alone at twice
5 kc from zero. We shall get the same number if we examine the
admittance at 495 kc, but the sign will be negative because it
represents a negative or inductive susceptance instead of a posi-
tive or capacitive one.

The admittance of an anliresonant circuit f cycles away from
the tuning point is equal to that of the capacitor alone at 2 X f
cycles away from zero. To help the reader who wants to check
this, the approximation used is (1 4 A)* = 1 4 2x, where A
(lambda) is a small fraction of 1.

We can do the same thing for the series circuit of Fig. 509.
Here the impedance is:

Q = 2= X 500,000

jooL (—22 _ 1
. : i (1-ec _ 1% (.,)02 -
Wy

with © having the same meaning as before.

Let us look at a very simple application of this result. A low-
pass filter has been designed in the form shown in Fig. 510. It
may have been designed by a purely arithmetical process to give a
special response. Now we want a bandpass filter to give the cor-
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responding performance symmetrically centered on a ‘“‘carrier”
frequency.

First of all, remember that there is a factor “2” in the low-pass
to bandpass transformation. If we want the bandpass filter to
work up to f cycles on each side of the center frequency, we must
make the low-pass filter have a design cutoff of 2f cycles. We
have seen that we can replace a capacitance by an antiresonant cir-

I Fig. 510. Substituting Figs. 508 and 509, low-

pass filter circuit (a) becomes bandpass cir-
cuit (b). Added elements tune the circuit to
center frequency.

a b

cuit with the same capacitance (allowing for the factor “2") and
that we can replace an inductance by a resonant circuit with the
same inductance. The bandpass filter is thus obtained by using
the circuit shown in Fig. 510. The added elements are those
which tune the low-pass components to the center frequency.
The bandpass problem is just a variant on the low-pass problem.

Now we may look back to the circuit we need for our ampli-
fiers. This is shown in Fig. 511. We can write the admittance
of this as 1 /R + joC and remembering the equations we used in
setting up our templates (Chapter 1), we can say that the circuit
has a characteristic frequency @ given by QCR = 1. At this fre-
quency, which is most conveniently written @, = 1/CR, the
response is 3 db down. It is at a distance o, from the center fre-
quency, and o, = 1/2CR.

The low frequency and bandpass circuit responses are shown
together in Fig. 512. This is drawn in the usual “response” form

Q Fig. 511. Plate loads of a typical bandpass ampli-
— fier. At the left the load consists of merely a resist-
ék =c L ance and capacitance in parallel. At the right, an
inductance (L) has been added io this combina-

o tion as another shunt element.

without decibel and logarithmic scales, so that the relationship
between the two curves and the usual universal ‘‘resonance curve”
of the textbooks is made more obvious.

The way in which the factor ““2” appears can also be remem-
bered by considering these two curves. It will be seen that for
any C-R the total bandwidth is the same. In the low-pass case
this means that the band extends from 0 to f; in the bandpass
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case it extends from f, — £/2 to f, 4- £/2. There are a number of
ways of interpreting this mathematically, but they are all beyond
our scope. Perhaps the only thing we need to mention is that the
noise energy is the same wherever you put the band.

Notice also that the low-pass case is not simply a bandpass
extending from —f to f, centered on zero. This produces an error
of 2. The bandwidth 3 db down is the same for low-pass and
bandpass, but because there are two sidebands, the audio width
is halved in the bandpass case.

One more point to observe: For our purposes, the bandwidth
is taken at the 3 db down level. You will find very often in text-
books that the 6-db point is used, but this has no significance for
our design technique.

Fig. 512. Lowpass and bandpass circuit RESPONSE

responses. These curves are shown to- 008 |
gether so that their relationship as
compared to the universal resonance 308 J-—J——————————f—=
curve of lextbooks becomes more ob- !

| |
vious. The lowpass response is shown ! !
at the left; the bandpass response at ! !

I
the right. The range of the curves t l
extend from fo — f, to fo + f. (see @ CR=1 Uty Wy Wty
text). FREQ

Let us now turn to our specific task, the design of a bandpass
amplifier with feedback. We shall take the center frequency to
be 1.6 mc, so that vy = 27 X 1.6 X 106 == 107, and the bandwidth
to be 16 kc (8 kc on either side of the center frequency). From
what we have just said, this is really equivalent to designing an
audio amplifier to work up to 16 kc. We shall use two 6AK5’s
and a 6AQ5, since this is a paper design. Let us see what we can
do with a three-stage amplifier.

For the 6AK5 we can rely on having a transconductance of 4,000
umhos, and we shall be safe in taking an input capacitance of 7
uuf and an output capacitance of 5 puf. The capacitances of the
6AQ5 are higher, and we must assume about 10 and 15 upf. The
book values are lower than this, but the socket must be taken into
account. The optimum load for the 6AQ)5 is 5,000 ohms, so that
with decoupling the stage gain in the output stage is 20 times.
Since in this sort of amplifier we usually apply the feedback from
cathode to cathode, the first and third stage cathodes will not be
decoupled, and the output stage gain is only 10 times.

It is important to notice that the plate circuit of the 6AQ5
should not affect the behavior (from the stability point of view)
of the amplifier since the feedback comes from the cathode.
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Theoretically we have only two circuits in the feedback loop, and
therefore it must be stable, whatever we do. But let us look at
the first plate circuit. The total capacitance is made up of the
output capacitance of the first tube and the input capacitance of
the second tube: this gives us 12 puf. With wiring, coil capaci-
tance and an allowance for trimming let us increase this to 25
uut. The bandwidth is 16 ke, so that we can be 3 db down at the
band edges if we have,

27 X 16,000 X 25 X 1012 ) R =1
and

R = 400,000.

This implies that the Q of the coil must be 100, which is a
moderately good coil. Let us take this as one circuit. The stage
gain, without decoupling, will be about 800 times. Using the
templates of Chapter 1, we draw the sideband responses, putting
w, at 50,000 (2= X 8,000). Adding another circuit with ©, at
200,000, we get overall curves which show that the phase margin
for 20-db feedback is 45°, which is a fairly safe value.

At first sight this looks like a reasonable design. The second
circuit, for which o, = 200,000, has a capacitance of the same order
as the first, if we make slightly less generous allowance. It is easy
to see that for this circuit R = 100,000, and without decoupling
the stage gain will be 200 times. This means that the total gain
i1s 800 X 200 X 10 = 1,600,000, or over 120 db.

In theory, all we do now is calculate the inductances and con-
nect a feedback resistor, cathode-to-cathode. In practice we have
left out a very important factor, the plate-grid capacitance of the
tube. Consider the second tube. The impedance in the grid cir-
cuit is 400,000 ohms; the plate-grid capacitance is at least .02 puf
even without strays. This capacitance has an impedance—at 1.6
mc—of 5 megohms. As a rough approximation of the plate swing

0.4 meg 4 1

5 meg + 0.4 meg 5.4 135

will be fed back to the grid.

We have ignored the phases, because we want only a rough
figure for the moment. Thus, with almost one-tenth of the plate
swing reappearing at the grid, we cannot use a gain of 200 times.
Our design procedure breaks down because it leads us to values
which are not practical in this case.

We get around this problem by checking on the grid-plate
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capacitance first. We know it is 5 megohms, so we can construct
a table:

Plate-grid Gain for
Plate load feedback 9.—4,000
ratio and no

decoupling
100,000 50 200
50,000 100 100
25,000 200 50
20,000 250 40
10,000 500 20

This table is used in conjunction with the required gain, which
we haven’t mentioned so far. Let us take a figure of 50 db, with
20-db feedback. Without feedback we need 70 db, and the out-
put stage will give us 20 db. By using plate loads of 10,000 ohms
in each of the first two stages, giving 26-db gain in each (20 times),
we get a gain without feedback of 72 db, which is near enough.

BAKS (2) B6AQS5

AAA
2 AA4

3]

Fig. 513. The essential structure of a three stage amplifier with a
bandpass of 1.6 mc.

Having fixed R, we can go back and calculate the capacitances.
We have, for one stage,

27 X 16,000 x 10,000 C = 1

1

For the other stage, with four times the bandwidth, we find that
C = 4,000 ppf.
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The output stage, which has a resistive load of 5,000 ohms, will
give a response 3 db down at the band edges if we should now
make the total capacitance 2,000 puf.

We now calculate the inductances which must tune these capac-
itances to 1.6 mc. They are:

1. 1,000 puf 10.0 ph
2. 2,000 puf 5.0 ph
3. 4,000 ppf 2.5 ph

Calculation of these values were obtained by using the formula:

1 (72)
fo =
2+ \/LC

Rearranging the formula to solve for L:

— 1
L = ———
v 27t +/C
1
(2x£)2C
Substituting values in this equation we have, when C = 2,000
ppek:

L =

1 1
L= 40(1.6 X 1082 ¢ 2 % 100 2048 X 108 5 ph

With this information, the amplifier design is almost complete.
The 6AK5 does not like more than 180 volts on the plate, at 7.7
ma. We can put the 10,000-ohm resistors in the plate-supply
leads to drop the voltage and use the 250-volt line for the 6AQ5.
The coils are then connected in the grid circuit, as shown in Fig.
518. The gain from the first grid to the third cathode will be
about 200 times, which we propose to reduce by a factor of 10.
The feedback resistor therefore must be approximately 20 times
the cathode resistance, R,.

What more remains to be done? This depends on the design
specification.

We can compute the stability margin in the manner described
in Chapter 3. We can calculate the exact response, using the
alpha-beta evaluator described earlier in this chapter. We can,
if needed, put a network in the feedback path to make the response
drop more rapidly outside the working band. This network,
which corresponds to a capacitance in the ordinary audio ampli-
fier, has been shown dotted in Fig. 513.
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The example we have chosen is a very simple one, because the
use of feedback in high-frequency amplifiers seems to afflict a
lot of people with quite unnecessary feelings of nervousness. As
you can see, it is just the same sort of problem you encounter at
audio frequencies, except that the screen decoupling, plate de-
coupling and band-center (or low end at audio) effects can be
neglected. In fact, audio amplifiers are really more difficult to
design!

Why feedback so far?

At first glance, the general idea behind feedback seems sound
enough: Plenty of feedback improves amplifier performance, and

Fig. 514. The lwo standard feedback 3
systems as considered from the output AMPL OUT |—# T0 L0AD AMPLOUT - TOLDAD

end. At (a) is an example of voltage $
feedback; at (b) is an example of cur-
rent feedback. VOLTAGE FEEDBACK CURRENY‘FEEDBACK

a

to get a large amount of feedback we must feed back a voltage
from the output to a stage where the signal voltage is quite small.
Blind acceptance of this fact as the only requirement has encour-
aged the design of a number of amplifiers in which feedback is
applied from the output stage back almost, if not quite, to the
input stage.

The owner of such an amplifier will probably be all too familiar
with some of the problems attending overall feedback, but there
are others that are perhaps less obvious.

Many proud possessors of high-fidelity equipment have been
puzzled by experiences like this: The complete chain sounds
horrible—shrill resonances, intermodulation and other forms of
distortion. A check of the amplifier with dummy load shows
everything all right in that part of the system; the speaker sounds
fine on another amplifier; all impedances match correctly. The
chain works nicely on phono input but not on radio (or maybe
vice versa), but everything is all right when a different speaker is
used. Where does the trouble lie? To see how such snags arise
let’s consider first how feedback is obtained.

From the viewpoint of the output end there are two kinds of
feedback: voltage and current. See Fig. 514. In the first (Fig.
514-a) the signal fed back is proportional to the voltage developed
across the output load; in the second (Fig. 514-b) it is propor-
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tional to the amount of current drawn by the output load.

From the viewpoint of the input end there are two methods
of applying the feedback: series injection and shunt injection.
See Fig. 515. In the former the signal feed back is injected in
series with the original input signal (Fig. 515-a), while in the
latter (Fig. 515-b) it is injected in shunt with it.

employed for feedback injection as
they are viewed from the input end.
IFWUT_ M Series injection is shown in (a); shunt
SERIES INJECTION SHUNT INJECTION injection is shown in (b).
a

FROM SIG SOURCE AMPLIN:| FROM SI6 SOURCE AMPLIN] Flg 515. Examp[es Of two methods

A point that is often overlooked is that when the feedback loop
includes both the input and output circuits of an amplifier, the
impedance of the input-signal source and of the output load affect
the amount of feedback.

For example, with voltage feedback, if the load impedance is
reduced to zero there will be no feedback at all. Similarly, when
current feedback is used, there will be no feedback at all if the
load impedance is an open circuit.

At the input end of the amplifier the method used to inject the
feedback depends on the impedance of the signal source. With
series injection the source impedance connected to the input must
be low compared to the grid-circuit impedance of the first stage
or it will reduce the amount of feedback. If the input source
impedance becomes an open circuit there is no feedback.

In practice the input circuit is closed either by the secondary
of an input transformer or by a grid resistor so that there is
always a complete feedback path, although the impedance con-
nected to the input will still modify the feedback characteristic
somewhat.

Shunt feedback injection depends on the source impedance
connected to the input being high, since a short circuit across the
input will reduce the feedback to zero.

The reader is probably quite familiar now, with the properties
of inverse feedback in improving frequency response, reducing
distortion and modifying input and output impedances. For
example, the internal output impedance of the amplifier, which
serves as loudspeaker damping, can be reduced considerably by
the liberal use of inverse feedback. Similarly, the input imped-
ance can be modified—made either higher or lower—according to
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whether series or shunt injection, respectively, is used.

Where an input transformer introduces an undesirable reson-
ance peak, appropriate connection of the feedback circuit may
damp out this resonance and produce a satisfactory overall re-
sponse. But a change in the load impedance connected across the
output will alter the actual amount of feedback reaching the in-
put, and thus change the effective response of the input trans-
former again. Similarly, changing the input impedance can some-
times affect the damping at the output.
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Fig. 516. Circuit of a typical amplifier employing overall vollage feedback.

With overall feedback this interaction is always present, even
though it may pass unnoticed. An effect that does not pass
unnoticed, however, is that the stability of the amplifier depends
on the impedances connected to it. For example, an amplifier
with overall feedback like the one in Fig. 516 may be perfectly
stable with a 3-ohm loadspeaker of one particular make; but some
form of instability may show up when another speaker of slightly
different impedance is connected. In addition, many amplifiers
with overall feedback are not stable when the output load is dis-
connected or if a 15-ohm loudspeaker is used in place of a 3-ohm
type.

Various arguments in their favor have been used by designers
and manufacturers of such amplifiers, but with a really good
amplifier we should not need to be so fussy about the impedances
connected to it. Correct matching is obviously desirable, but one
cannot prevent the loudspeaker impedance from having a fre-
quency characteristic (Fig. 517) and affecting the feedback.

Internal noise
Another feature detracting from the advantages of overall
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feedback is its effect on output hiss and other noises generated in
all high-gain amplifiers. It has generally been preached that
inverse feedback, however used, reduces distortion and noise, but
this is not quite true. Harmonic and intermodulation distortion
are periodic signals added to the original signal. With inverse
feedback we can build up an out-of-phase component of the dis-
tortion signal and combine the two so as to reduce it. But noise,
especially output hiss, is not a periodic signal. Rather, it is a ran-

IMPEDANCE
(OHMS) P

20 10K

1K
FREQ-CPS K= 1000

Fig. 517. Graph showing effect of
voice-coil impedance variation.

dom movement of charges or currents occurring over an infinitely
wide range of time intervals so that it contains frequency com-
ponents effectively from zero to infinity. It is true that the fre-
quency response of the amplifier restricts the range of noise fre-
quencies that reach the output, but the foregoing statement is
true at the point where noise is generated. This means that to
neutralize noise completely an out-of-phase signal of the same
amplitude must be fed back absolutely instantaneously coincident
with each “happening.” The fact that every amplifier has a re-
stricted frequency response makes this impossible, so it is obvi-
ously impossible for feedback to produce the same cancellation
for noise that it does with distortion.

Taking the overall result when inverse feedback is used, extra
gain is required to offset that used up by the feedback. This
means that in a feedback amplifier, noise will receive far more
amplification in the output than in the same amplifier without
feedback. If feedback could cancel noise to the same extent that it
can cancel harmonic distortion, the noise would finish up at
about the same level as in the amplifier without feedback, pro-
vided the overall gain remained the same. But because the
inverse feedback is unable to cancel the noise as completely as it
does the periodic distortion waveforms, the resulting noise in the
output of the feedback amplifier is actually higher. This explains
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what some workers have noted: that a feedback amplifier seems
to have more hiss than a nonfeedback amplifier with the same
gain but without feedback.

The alternative
All these disadvantages of overall feedback can be overcome by
restricting the number of amplifier stages over which feedback is

applied.

Je=

B+

Fig. 518. Two types of short loop feedback. In (a) the voltage is often insuffi-
cient for employing large amounts of feedback. In (b), the resistor (R) absorbs
too much of the available power.

Fortunately, coupling impedances between stages are not sub-
ject to variation as source and load impedances are, so the possi-
bility of impedance changes at both ends of the loop no longer
arises. It is generally unnecessary to apply feedback to reduce
distortion in the early stages of an amplifier where signal level is
so small that curvature distortion cannot arise anyway; in fact, it
is better to operate the low-level stages at maximum gain to main-
tain a good signal-to-noise ratio. Sometimes single-stage feedback
may be used in a low-level stage for tone control, but this can
still be applied after sufficient amplification has been provided to
overcome output-hiss troubles.

Applying inverse feedback from the output over not more than
two stages—and preferably only as far back as the driver stage—
will prevent instability troubles with changes in the output load.
It can even improve amplifiers that are perfectly stable with over-
all feedback, but whose performance may be affected in other ways
by changes in the output load.

The next question is: Why hasn’t this short-loop feedback ar-
rangement been used more before this?

The difficulty
When it comes to applying feedback from the output of an

amplifier to the driver stage, the difficulty that arises is that the
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signal at the point to which feedback is applied is not very much
smaller than at the point from which it is obtained. If the feed-
back is taken from the low-impedance secondary of an output
transformer (Fig. 518-a), the voltage may not be high enough to
give as much feedback as you want. On the other hand, if feed-
back is taken from the primary of the output transformers (Fig.
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Fig. 519. Two better types of feedback circuit. The resulls obtained with the
use of these circuits is considerably better than with the circuils of Fig. 518.
In (b), L is a tertiary winding.

518-b), there is plenty of voltage available, but the voltage-divider
resistors required to produce sufficient feedback at the cathode
of the preceeding stage are so low that they absorb an appreci-
able proportion of the available output power, which is clearly
undesirable.

The solution

Basically, the solution is fairly simple, but (as usual) there is
a practical snag which explains why it has not yet been more
widely applied. As we have explained, the impedance on the
primary side of the output transformer is high, so that, although
more than adequate voltage for feedback purposes is available,
the feedback resistor chain will absorb more current than can be
spared. On the transformer secondary the resistance of the feed-
back arrangement absorbs negligible energy because plenty of
current is available, but the voltage is insufficient. What we need
is an impedance between these extremes.

The output transformer can still provide for direct connection
to the voice coil, if it has taps on the primary (Fig. 519-a) or an
additional winding (Fig. 519-b) so that a suitable intermediate
impedance point is available for feedback purposes. The sep-
arate-feedback-winding (tertiary) method is preferable because
it climinates the blocking capacitors needed when taps on the pri-
mary are used. Because the feedback circuit consumes negligible
power, the tertiary can be wound with fine-gauge wire and need
occupy only negligible space.

110



chapter

drivers and inverters

he majority of amplifiers in the 5-watt class and higher now

use push-pull output stages. The properly balanced push-pull
stage produces no even harmonics, though that is not so impor-
tant, now that we use so much negative feedback. The output
transformer has no d.c. polarization, which makes it a lot easier
to design (though we must allow for at least 10% unbalance in
any practical circuit) and the signal does not appear in the plate
supply lead, which makes decoupling much less of a headache.
There are other aspects, too, such as the possibility of pushing
down toward class B working. If the tube cuts off in a single-
sided stage, no amount of negative feedback will help the situa-
tion, because just at the instant of cutoff there is no gain, and thus
no AB. In a push-pull stage one tube is working away to keep the
gain up even when the other grid is far negative, and the feed-
back can do its work in keeping down the distortion.

There is not much point in using push-pull in the early stages
of an amplifier, unless you want to go down to zero frequency
and keep a balanced input. The electroencephalograph designers,
who want to watch your brain ticking before they try to find what
makes it tick, use these all-push-pull amplifiers so that they can
record the push-pull signals from electrodes on your head. This
in itself is a special problem. For most of us, single-sided stages
at low levels, then a phase splitter and a push-pull stage, are the
answer,

While writing this book, we skimmed through a collection of
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commercial circuit diagrams to see what other designers thought
about phase splitters. Right then we decided that phase-splitting
techniques were not as familiar as we had believed, because the
most commonly used circuit was a pretty poor one, with plenty of
disadvantages and practically no advantages. It does seem worth-
while to make a survey of the known phase splitters and to indi-
cate how good or bad they are.

Fig. 601. The effect on the signal output
I waveform from a class-B pushpull amplifier
{ stage if one half of the stage is driven
/“““ S ——“-v T twice as hard as the other half.

First of all, why should we concern ourselves with making
the phase splitter good? We can see the answer most clearly if
we consider a class B output stage. Fig. 601 shows in a very
exaggerated way the appearance of the output from a push-pull
class-B stage if one-half is driven twice as hard as the other. As
you can see, there is quite a lot of distortion.

More serious, perhaps, is the fact that if the upper half is at
maximum drive, the output power is down to (34)2 or little
more than one-half, of the true maximum. The negative feedback
could help the distortion, but it will not get back that extra
power.

Another point comes out of this figure. The hard-working tube
will take an additional plate current of I,, while the idler takes
only I,, so that the output transformer will be subjected to a sub-
stantial polarized magnetic flux which may (if it is not overgen-

A Fig. 602. An ideal phase splitter. This

consists of a transformer, capable of pro-
ducing equal wvoltages across the two
= halves of the secondary at all times dur-

ing which the rated voltage is applied
across the primary.

erously designed) cause stability trouble at low frequencies,
trouble which can be caused also by the unbalanced signal back
in the plate-supply unit.

There may be some more reasons for making sure that the
push and pull are equal, but certainly there are no reasons for
allowing them to be unequal. One of the main problems of
push-pull design is therefore to make sure that the two drive
halves are equal, retaining this ratio at all frequencies, and that
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they do not change with age. As we shall see, the difliculties arise
when we demand equality at all frequencies, and when we de-
mand that the drives shall stay equal as tubes age and supplies

vary.

Two good phase splitters

The best of all phase splitters is the transformer, shown in Fig.
602. A well-designed balanced transformer will produce equal
voltages across the two halves with an accuracy of 1 part in 1,000

Fig. 603. Another lype of phase splitter. SR A
This circuit has limited use, but is of con- ! l b4
siderable interest when the input source —
has no ground. The values of the two S
resistors (R) should be equal. T 8

and will certainly stay like that. The main objections to the
transformer are that its frequency response is not too good and
that it makes the use of negative feedback a lot more difficult.
Transformers are mainly used, indeed, when other circuit de-
mands must be met. One example is in operating a push-pull
rectifier, for which the low direct-current resistance of the trans-
former is important; another is in driving a push-pull variable
stage in a limiter or compressor, when the gain control bias must
have a low-impedance path with no time-constant to the grid.
Apart from these special circuits, the interstage transformer is rare
nowadays, although it was standard practice in the early days of
push-pull.

Another excellent phase splitter of limited use is made up of

Fig. 604. A typical application of the cir- ——

cuit of Fig. 603. The ground on the tuned i T 3R

circuit does not affect its balance. This N — = Y

circuit was first developed in the year = 2
1934.

two resistors (Fig. 603). This is of interest when the input source
has no ground; for example, if a phonograph pickup or mag-
netic reproducing head is to work straight into a push-pull cir-
cuit. Since the same current flows in series in the two resistors
they must be equal in order to give the same voltage at the two
push-pull terminals, and any stray capacitances must also be equal.
An application of this idea has been allied to the diode de-
tector, which gives the circuit shown in Fig. 604. The ground on
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the tuned circuit does not affect the balance of the circuit, be-
cause to audio frequencies the tuned circuit is a very low imped-
ance. Now that crystal diodes are so cheap, we consider that a
more economical solution would be obtained by putting a tap
on the center of the coil and rectifying the two halves with sep-
arate diodes. (The circuit of Fig. 604 dates back to 1934).
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Fig. 605. One of the more common types of
inverter circuit used today. VI is driven by
the unbalanced input, while V2 receives its
drive from the wvoltage divider. Although
practical, this circuit does not receive 10O
wide a usage by the critical design engineer.

Some circuits from life

These circuits are, of course, the textbook type, well suited to
the student and ignored by the engineer. Let us turn to 2 more
practical circuit, which, though very widely used, is not very satis-
factory to a critical designer. It is the circuit given in Fig. 605.
In this circuit V1 is driven by the unbalanced input, while V2
receives its drive from the voltage divider made up of R and
(n — 1)R. These values provide a drive voltage for V2 of E,/n.
We can assume that R is very large indeed and that we are using
pentodes. These assumptions have no influence on the final con-
clusions, but they make the mathematics very easy, with A =
gmR, instead of

nRR;
P\ R + R,
nRR,
nR + R, + R
V2 has a gain of g,R; (where g, is the transconductance), so
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that the voltage applied to its grid is Ey/n. Thus we have

- R,E
E, — Suit1 (74)
n ,
We want this voltage to be equal to E;, and therefore:
8uR,E,
n

n = g.R, (76)

What could be more pleasant: just look up g, in the tube
handbook, choose R; to suit the tube and you know n right away.

E, — (75)

Fig. 606. This diagram shows how the circuil
of Fig. 605 operates.

The total grid resistor nR = R + (n — 1R will be 100,000 ohms
perhaps, so that R is known too.

The only trouble is that although the tube manual may give
gnw = 7,650 pnmhos—and we have seen this exactness used—a look
in the MIL specifications will leave you slightly worried. Most
tubes have a tolerance of about 20% on transconductance. If you
set the circuit up with a high gn tube, it will be more than 30%
out of balance with a low-g, tube. Of course, there are the toler-
ances on the resistors too; although you can always adjust the cir-
cuit to take account of these, you cannot prevent the balance
drifting away as the tube gets old.

Another weakness

If we redraw the circuit as shown in Fig. 606, we see a new dis-
advantage, which we shall find is common in phase splitters. The
output voltage to the push-pull stage which appears at A has
passed through one tube (V1 of Fig. 605), while that which
appears at B has passed through tubes V1 and V2. Thinking
again of a class-B output we can see that, if we feed back to the
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arid (or cathode) of V1 we shall be feeding back around two
stages for one half-cycle and around three stages lor the other
half-cycle. The plate capacitance of V2 provides at high fre-
quencies an additional phase shift which may make the amplifier
unstable. It is not uncommon with circuits ot this kind to observe
a short buzz of h.f. oscillations on one peak ol a low-frequency
signal. This effect usually is to be detected only with an oscillo-
scope, and its cure involves the addition of as many components as
would be needed for a more sophisticated phase splitter.

) out

E

|

B+

Fig. 607. Another little used circuit. The main

disadvantage here is if the tap on the oulput

transformer is chosen al a point that will give

good low-level balance with a poor tube, when a

high g, tube is used as a replacement, it wil!

oscillate, since its normal level lies wititin 6 db
of this unstable condition.

Another circuit is shown in Fig. 607. The drive for the lower
tube is taken from a tapping point on the output transtormer.
Perhaps the worst feature of this circuit is the fact that if the tap is
selected to give a good low-level balance with a poor tube, a high-
gw sample driven vigorously will oscillate in the Hartley oscil-
lator circuit shown in Fig. 608. its normal opcration being within
6 db of this unstable condition.

It is not impossible to find other disadvantages to this circuit in
its practical applications. but it is so rarvely used it doesn’t seem
necessary to do more than indicate it as an undesirable forn.

A "simple” compromise

A third circuit belonging to this condemned class is sometimes
seen. One example of it was found in a fairly recent car-radio
design, though we must admit that it contained a mitigating fea-
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ture. This circuit is shown in Yig. 609. The drive is applied to
V1, and the grid of V2 is fed from the screen of V1. As you remem-
ber, the signal at the screen of a tube is in the opposite phase to
that at the control grid, so that, if the grid-screen transconductance
1S gmgs and we connect a load resistor of 1 /g in the screen lead,
we obtain a voltage equal to the grid voltage but with reversed
phase. This voltage is used to drive the grid of the other tube
of the push-pull pair.
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Fig. 608. Circuit of the Hartlev oscillator
hidden in Fig. 607.

The circuit shown in Fig. 609 includes a decoupling capacitor
in the common screen lead connected above the screen load men-
tioned in the last paragraph. When this capacitor is used. the
circuit suffers from the basic defect ot the three circuits discussed;
if the tube characteristics change, the balance is destroyed. As we
saw at the beginning, a good balance is necessary if the distortion
and power output are to be satislactory. The designer of the car
radio which incorporated this screen coupling avoided this difhi-
culty by an ingenious and economical trick. He left out the dotted
capacitor! When the circuit is balanced, the capacitor is not
needed, because when the grid of VI goes negative the screen cur-
rent drops, driving the grid of V2 positive and increasing the
screen current in V2 by exactly the same amount. Since the total
screen current is constant, the voltage drop in the common screen
resistor is constant, and the capacitor would have no alternating
voltage across it. Consequently it is doing no work and can be
omitted.

Suppose, however, that through wrong choice of the resistor Ry,
the grid of V2 is driven too hard. The voltage appraring at the
screen of V2 will be greater than that produced by VI at the top
of R,. When the grid of V2 goes plus. the top of R; will go nega-
tive. This negative voltage will be communicated back to the
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grid of V2 to help restore the balance. We have, in fact, negative
voltage feedback in the screen-grid circuit of V2, which helps to
preserve the balance.

Unfortunately, the grid-screen transconductance is too low to
be of very much help in such a simple circuit. A typical value of
gmgs would be 500 umhos, and the “stage gain” will only be a few
decibels, which is not much to use for feedback. So this elegant
balancing—although helped by a common cathode resistor—isn't

VI

ouT

=== B+

v2

Fig. 609. This inverter circuit contains the basic
defect found in the three circuits of Figs. 605, 607
and 608. When a decoupling capacitor is included
in the common screen lead connected above the
screen load, the circuit balance is destroyed if tube
operating characteristics change.

really so good. Of course, if R is made very large, the effect can
be increased, but usually you cannot make R. large or you will
not get any power out of the tubes. Some of you will have no
doubt seen that we could put in a choke instead of R, thus pro-
viding the balancing forcing action at no cost in d.c. volts. Here.
however, we run into a new difficulty. The screen of a normal
output tube is not a well-behaved electrode. If you drive the
grid hard, you get a distorted sort of wave at the screen as soon
as you have any substantial screen load. This you would expect,
because after all you have a pentode drive applied to a triode.
The resuit 1s that as you increase the balancing load R, you in-
crease the distortion fed back from the screen circuit into the
grids, and the result can be quite unpleasant. Qur experience is
that all these trick circuits which save two components or so usu-
ally degrade the system down to the “all right for the price”
class.

The tube circuits which we have considered can be seen to
have one feature in common: the drive for the pull section is
derived from the push section in a way which depends on a
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knowledge of the gain of a tube stage. As a tube transconduct-
ance can vary over a 2:1 range, there is not much hope that the
push and the pull will be equal, or if they start equal there is not
much hope that they will stay that way. Obviously the designer
who wants to get the best performance must think up some better
method. Two basic types of solution have been found. One is
to use the same current passing through two separate load resist-
ors; the other is to use very large amounts of negative feedback.

Fig. 610. This is an excellent type of
phase splitter. It consists of simply two "
resistors with their junction point R i R '
grounded. As long as the resistors main- P
tain their equal values, the voltages ap-
pearing across them must be equal and I,Q

opposite. This circuit also has some
practical applications. 8

“Heg R

It is only fair to add that in condemning these widely used cir-
cuits, we are not suggesting that the designer who uses them does
not know his job. It is merely that while their job is to produce
plenty of output which does not sound too bad, our main job
always seems to be to produce plenty of output which gives less
than 1% or 0.5%, or whatever the specification says, of distor-
tion. What is worse, there is no tube selection or trimming
allowed, though we can always afford an extra tube if we want
to apply more feedback. Pity the poor designer who is trying to
save two cents; but if you can afford it, make it good!

A method of preserving balance

The best way to produce two equal voltages with opposite
phases is to pass a current through two equal resistors in series.
If we use the simple equivalent for a tube, we have the arrange-
ment shown in Fig. 610. We can match the resistances as closely
as we like and obtain virtually perfect balance. Most of our prob-
lems will arise from the difficulty of achieving this ideal circuit
when we must add the supply voltages and input for the tube. So
long as we are concerned only with the ideal case we can see that
the tube load is 2R, which should be equal to the optimum load
given in the tube characteristics, and the gain of the stage to each
push-pull grid is:
uR

A = R, + 2R

(77)
or half the gain for a single-ended load of 2R.
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Now let us consider the practical applications of the circuit.
Terminal G must be grounded, because that is what the push-pull
stage demands. The practical circuit must therefore look some-
thing like Fig. 611-a. This, of course, is still a rather theoretical
circuit, because the grid of the tube is floating about in mid-air.
We proceed to fix the working point of the tube by adding the
components Rg, R, and C, (Fig. 611-b). These are the standard
components for the tube. Ry sets the tube to its correct bias, Cy

L e o
R -~ R -~
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— 5

~Ck

k
da )

Fig. 611. Two steps towards making a more practical circuit from the

one shown in Fig. 610. A tube is inseried belween the two resistors

to supply the necessary current through them and to modulate that
current as desired.

R|

eliminates the negative feedback caused by Ry at all frequencies
for which 2xfC;Rx >> 1 and R, is the usual grid resistor, which
normally must not exceed about 500,000 ohms for tubes operated
with cathode bias.

We can apply the input signal between X and Y, provided that
the source has no ground on it. For practical purposes this implies
the use of an input transformer, giving the circuit shown in Fig.
612, which now includes a decoupling resistor R, in the
supply lead. We can draw the exact equivalent circuit for this
arrangement in two different ways, depending on whether we are
interested in the low-frequency or the high-frequency end of the
response. For the low-frequency end we have Fig. 613.

What happens in the circuit

The general form of Ohm’s law (I = E/Z) can be applied to
this circuit fairly easily, though the expressions are rather long
because they contain nine variables. We can see by straightfor-
ward reasoning what will happen however. At low frequencies
Cx will no longer act to decouple the cathode resistor Ry, so that

120



the gain will fall by a small amount. As we usually take a cathode
resistor approximately equal to R, w the gain will fall by about
4-6 db if we use a triode, or mavbe a little more than 6 db if we
use a pentode. This drop applies to the current around the loop
and affects both the push-pull outputs equally: it does not affect
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= R ThCK B
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Fig. 612. 4 practical form of the circuit of Fig. 610.

Here, transformer input solves the problem of pro-

viding a grid relurn path and of isolating the input
from ground.

the balance of the outputs at all. Notice, however, that this is
because we took output B from the top of Ry., not directly from
the cathode of the tube. By taking output B from the cathode we
will add a new effect, because as the current drops, due to the
feedback, the impedance across which the voltage is taken rises,

A

Rp Rpt
—peg R ]‘Cs
4
Rk Ck :;RLZ
>
B

Fig. 613. This shows in equivalent form,
how the circuit in Fig. 612 appears to low
audio-frequency signals.

so that the output voltage at B will not drop as much as it does
at A.

In the other half of the push-pull drive, the current flows
through Ry, and the parallel combination of R, and C,. The im-
pedance at very low frequencies thus rises from Ry; to (Rys +
R.), giving, if the current were constant, a rise in response of 20
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log (1 4+ Ry/Ryi) db. This rise in response is not balanced by
anything which happens in the Ry circuit, so that at very low
frequencies we have an unbalance of about R./Ruy;.

It is attractive to suggest that we should take Ry = R, and Cy
= G, and derive output B from the cathode. Then the circuit
would stay balanced right down to the lowest frequencies. Can
we do this? The answer is no. A typical value of Ry will be
around 500 ohms and C, can be 100. This give us wCRy = 1 if

>0
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Fig. 614. This is the equivalent circuit of Fig.
612 for signals at the high end.

® = 20 (using o to denote 2xf). The characteristic frequency 1is
about 3 cycles per second. We could also use an electrolytic capac-
itor of 100 uf for C,, but it is bulky and expensive because of the
difference in working voltage: Cx has only a few volts across it,
while C; has almost full B4-. Remember why we insert this
decoupling circuit. We decouple tubes because the plate supply
unit has a measurable impedance, and the current drawn by one
tube affects the voltage supplied to another. This finite supply-
unit impedance is in series with R,, so because of the current
fluctuations, our elegant calculations on this single stage are
vitiated. We must just decouple cathode and plate efficiently.

At high frequencies the circuit takes the form shown in Fig.
614. C, and C, are the capacitances of the following push-pull
stage, and will be equal; C, is the capacitance from input-
transformer secondary to ground, together with the cathode-
heater capacitance of the tube. In addition to these there is the
important plate-grid capacitance, which provides a “Miller”
capacitance in parallel with that of the grid and cathode and
affects the overall frequency response. It does not have any effect
on the balance, however, so we need not discuss it here. We can
concentrate our attention on the unbalance effect produced by
the capacitor C..

We can get an 1dea of what this capacitance will do by putting
in some numbers. Typical values of Ry; and Ry, will be 50 kil-
ohms, so that for a top frequency of 16,000 cycles a capacitance of
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200 ppf will be tolerable, from the frequency-response point of
view. If feedback is being applied round this stage, the phase shift
will be an embarrassment, but in any event we shall be using a
modification which eliminates some of this capacitance.

The practical applications

We very rarely want to use an input transformer, and the reader
may ask why we have spent so long considering this circuit which
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Fig. 615. In this circuit, by grounding one side

of the input and using a blocking capacitor, we

can abandon the unpopular transformer input.

This reduces the gain because of degenerative
cathode feedback.

in spite of its very good balance presents difficulties in connecting
the input. The answer is that we can apply our analysis to other
arrangements which have a grounded input. Knowing that we
have a good arrangement so far as the push-pull character is con-
cerned, we can press on to an examination of other input circuits,
without having to worry about the output circuit.

Fig. 615 is a conventional arrangement in which a blocking
capacitor has been added in series with the grid circuit. So far
as B is concerned, this stage is just a cathode follower and since
Ry, is large there will be slightly less than unity gain from the
input to output B. As we have already shown, the phase splitter
is well balanced, so that in this form we need to apply to the input
just about the same voltage as each of our final push-pull tubes
will require. We can omit C, because we have already so much
feedback from R, that a little extra will not make any difference.

Two important problems

Before adding some notes on the design of this circuit, two
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matters have to be discussed. The cathode of the tube is sus
pended, like Mahomet’s coffin, between heaven and earth. Usu-
ally 1t will be at least 50 volts above ground, and we must take
care not to let it exceed the maximum voltage given by the tube
maker, which is often 90 volts. When a separate heater winding
can be provided for this tube, there is no problem at all. Some
may prefer to moor the heater center point to a +20-volt point
obtained by tapping with high resistors across the plate supply.
This not only helps to reduce the heater-cathode voltage in this
phase-splitter stage, but also reduces the hum in earlier stages of
the amplifier.

The second point becomes important only in advanced feed-
back circuits, or if the following tubes draw grid current. At B,
the apparent generator impedance is that of a cathode follower
and is low; at A, the impedance is that of a tube with a great
deal of current feedback and is very high.

The design conditions are fairly easily studied. \We take our
selected tube, say one half of a 12AT7, and choose the bias
resistor, 500 ohms, and the plate load, say 50,000 ohms. This
50,000 ohms we split in two, giving 25,000 ohms for each of the
resistors Rp; and Rya.

Applying this load line to the tube characteristics with a supply
of 250 volts we get a current of 3—4 ma, and a bias of 1.5-2 volts.
The cathode is then between 75 and 4100 volts, and the stage
gain will be

. Ry
A = Ry, + (u + DR (78)
40 % 25,000
15,000 I (41 % 25,000)

The input impedance (by virtue of the negative teedback
caused by the cathode resistor) is very high indeed. This fact
enables us to get adequate gain in a complete amplifier in spite
of the wastage in the phase splitter. Let us see why we have such
a high input impedance. Suppose that we apply 1 volt positive
to the input terminal: the cathode will rise to 0.98 volt, leaving
only 0.02 volt across the grid leak. If this is 100,000 ohms, the cur-
rent through it, due to grid-cathode signal voltage, will be 0.2 pa.
At the input it will appear as though 1 volt has produced 0.2-pa
current, so the apparent input impedance will be 5 megohms.
We can use this very high resistance as the load for a pentode
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amplifier stage and obtain a corresponding high increase in its
voltage gain. This will make up the loss of gain in the triode
phase splitter, because the two stages together would hardly have
shown such a high gain normally anyway.

A more refined circuit

Fig. 616 shows the way in which the circuit is arranged. The
supply to VI passes through R;, R, and R, in series, with R, as

Fig. 616. This more refined civcuit overcomes the re-

duced gain by taking advantage of the cathode-

follower circuit’s high input impedance. By using a

pentode in the first stage, the combined gain of the two
slages is excellent.

the useful part of the load. The load on V1 is the combination
of R, in parallel with R; multiplied by the feedback effect in
V2. The eftective impedance in parallel from X to ground is
of the order of megohms, so that V1 has a very high gain. R, is
needed to prevent point Y from being grounded by the decoupling
capacitor Cs, and R, is, for a.c,, in parallel with Ry, the cathode
load resistor of V2. Since R, settles the voltage at which the
cathode is set and the steady current conditions in V2, it cannot
be made too large. We must therefore reduce the value of the
plate load of V2 (R;) and V2 will not be operating under ideal
conditions. The values shown in Fig. 616 represent a reasonable
compromise, however. (The values are all even numbers—the
nearest preferred values will work in a practical circuit.)

Perhaps the most serious disadvantage of this circuit is the
fact that the gain depends on the amplification factor of a pen-
tode, a number which you never see in the books. This is because
the quantity is far from constant.
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We can, of course, stabilize the gain of the complete amplifier
by using overall negative feedback, but here we meet another
difficulty. The plate capacitance of VI, together with the capaci-
tance of the unit to ground, will be in parallel with the very high
pentode plate load. Perhaps with care these can be kept down
to 20 uuf or less. The average small pentode has a plate imped-
ance of about 1 megohm, which is in parallel with the load of
about 5 megohms eflective, resulting in a roll off, using 20 ppf,
at about 9 kc. Using the same combination of about 0.8 megohm
with a g, of about 1,250 pumhos, we obtain a gain of about 60 db
from our two tubes. Thus, if the final stages need 20 volts drive,
we can operate with 20-mv input to V1.

The circuits shown in Figs 615 and 616 are two of the most
important phase-splitter circuits. They provide a very well bal-
anced output, are almost independent of the characteristics of the
phase-splitter tube over the range of commercial tolerances and
involve no trick circuitry. The only disadvantages are that the
tube must have good heater-cathode insulation (both to prevent
breakdown under the voltage stress and to prevent the leakage of
60-cycle hum into the cathode resistor) and that one tube must
provide sufficient swing to drive both the push-pull grids.

Thus if each grid requires 20 volts, the tube must be capable
of giving 40 volts under normal ampiifier conditions. When
driving a class-B amplifier, which needs say 40 volts peak for each
grid, this demand for 80 volts peak is too much for a small tube.
Some designers have therefore followed a phase splitter of this
type with a push-pull intermediate driver. We are not enamored
of this solution, which puts in an additional double triode to do
work which could be done better by a single tube elsewhere in
the circuit.

Phase splitters

For output stages requiring a reasonable swing, tubes such as
the 6]7 or European EF37 make excellent drivers, because they
have higher impedances than newer miniature pentodes such as
the 6AKb5 and stage gains of over 1,000 are referred to in the
literature.

The disadvantage of this phase splitter is that the cathode is
away above ground, at a steady potential of perhaps 100 volts. If
you use it to drive a pair of 6L.6s, the cathode will swing up to
~+130 volts on positive half-cycles. This isn’t too favorable a con-
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dition, as most tube makers specify a limit on heater cathode
potential difference of about 90 volts maximum. A solution to
this problem is to return the heater center point to a +50-volt
tap on the plate-supply bleeder, so that the phase-splitter cathode
swings up to only 480 volts relative to the heater, while all
other cathodes are at about —50 volts relative to their heaters.
This is, in any case, a better approach, as you will find it reduces

B+
RLY

Fig. 617. Basic seesaw phase-inverter circuit.
This circuit is also known as an anode fol-
lower.

the hum caused by leakage current from heater to cathode flow-
ing back to ground through the cathode-bias resistor. By satur-
ating this leakage path with d.c., the 60-cycle leakage current
becomes a minor fraction of the total, and the hum from the
heater disappears.

A second very important push-pull driver is rapidly becoming
popular. It is not a new circuit; it seems to be more than 20 years
old, but it has come to the fore with the growing demand for
quality at high signal levels and the introduction of good small
double triodes. This circuit is known variously as anode follower
or seesaw. The basic circuit is shown in Fig. 617. Each triode has
its usual cathode-biasing resistor (not shown) and its basic plate-
load resistor (Ry; and Rys). Ry, is equal to Ry, of course. The
input is applied to the grid of V1. Two resistors, R; and R, are
connected in series between the plates, and the grid of V2 is
driven by the mid-point of these two resistors through the C-Rg
coupling circuit. R, is slightly smaller than R,, but both are large
compared with Ry, so that they do not cause appreciable addi-
tional loading effect. Similarly we can forget C-R; in our first
discussion.

The seesaw circuit
This circuit is traditionally explained by drawing the seesaw

Fig. 208 (page 43) shows an amplifier utilizing the seesaw circuit.
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of Fig. 618. Suppose the circuit is working as a perfect push-pull
system balanced symmetrically at O, and P, swings down to X as
P, swings up to Y, with P;X = P.Y. Divide the line P,P, at A
so that PyA/AP, = R;R.. Draw AG parallel to P;X (and P:Y)
to meet the line XY at G. Then AG, the voltage at A, is the grid
drive to V2. It does not take much recollection of school geom-
etry to see that P.Y/AG = P.O/OA (corresponding sides of sim-
ilar triangles). Now P,Y/AG is the gain of stage 2, which we can

Fig. 618. Operating diagram of the volt-
age velationships in the seesaw phase-
inverter circuit.

call A;. If we remember that O is the mid-point of P,P., we see
that OPl —_= OP3 = P1P2/2 = RI + Rg/’/g, and alSO, OA = OP1 —
AP, = R; -+ Ry/2 — R,. Therefore:

R + R.)
A, — 177 ™2
T R, - R, (79)
This result can be rearranged to give
R, Ap = 1
R, — A; + 1 (80)

That last paragraph is very easy to follow if you take a really
big sheet of graph paper and draw the figure yourself. Make P,P,
2qual 10 inches and put A 14 inch to the left of the center point
O. This corresponds to a stage gain of 40, which is a bit high.
With a scale drawing you will see how the line XY pivots about
O, which means it pivots almost about the grid of V2, just like
the plank of a seesaw or “teeter-board.”

Now suppose that for some reason V2 gives an unbalanced out-
put, say PY’. Joining XY’ and prolonging the line AG, we get
the new grid drive AG’. On your big diagram you will see that
for a small movement in Y you get a very large increase in grid
drive, so that a very large change of gain does not unbalance the
circuit much. This is merely clearing away the standard expla-
nation, but before we go on we might just look at our one useful
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formula, R, /R = (Ar - 1)/ (Ar 4+ 1). We know that Ar will be
about 40 for a 12AT7, so R, /R is about 0.95. If you are using
ordinary commercial-tolerance resistors for R, and R, all you
need do is pick the larger of a nominally equal pair for R. and
use the other for R;.

A more advanced explanation

This way of explaining the circuit is unsatisfactory, because it

z
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Fig. 619. Seesaw circuit redrawn (a) lo snow

phase inverting action of V2. The input- and

oulput-vollage relationships in the phase inver-
ting circuit (b) are discussed in the text.

does not lend itself to more detailed study. At this point we
shall consider the circuit in a more formal way, regarding the
second tube as a separate phase-reversing amplifier. To show this
nicely. the circuit is redrawn in Fig. 619-a, and the second tube
circuit is turned the usual way in Fig. 619-b. V2 has a feedback
connection from plate to grid through R,. We will forget about
C and R, and will make R, and R, very much larger than Ry, to
keep the mathematics simple. First, E,/E. = Ax, the gain of the
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tube itself, and Aq is given by the well-known formulas:

. R
triode) = Wlra 81
Ax(triode) R, R, (81)
Ar(pentode) = g,Ry, (82)

Also, as you know, if the grid goes negative, the plate voltage
rises. If we drive the grid down 1 volt, the plate voltage rises and
across R, we get (Ar + 1) volts. The current through R, pro-
duced by a I-volt signal at E, is therefore (1 4+ Ag)/R: and to a
man who has connected a voltmeter at point A and an ammeter
in series with R, it seems as though the resistance value must be
R,/(1 + An).

You may have met this expression before in another connec-
tion. Suppose that R, is replaced by a capacitor C, with a reac-
tance of 1 /6C, (® = 2#f). The man with a meter will see a reac-
tance of 1/wCy(l 4 Ar) and will think there is a capacitor of
(1 + Ar)C.. This is our old friend the Miller effect, a curse to all
high-frequency designers and the bread and butter of the design-
ers of time bases.

For a voltage E, at point A, the current flowing through R,
must be E;(1 4+ Ar)/R, remembering that the effect of R; is to
be neglected. This current is produced ultimately, of course, by
the applied signal E,, so it must also flow through R;. The voltage
across R; is (Eo — E,), and we must have the same current flow-
ing through R; and R,. From this we get:

Eo - E _ (I + ApE,
R R,

Rearranging this form, we now have

R, Ap + 1 )

Ry AT(E")—I
1

Since we want E, = E4, a unity ratio phase reverser, we must
have

R, A1
R, = A1 (84)

This is the result we had previously obtained by the simple geo-
metrical method. We can now study more closely what happens if
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the value of Ar changes, through tube aging or for any other rea-
son, including the tolerances of Ry,. We have

Bm [ ]

which is normally 1.
Let us start with Ar = 40, so that (A + 1)/ (Ar - 1) = 41/39
and Ry/R. = 39/41; E¢/E, = 1. By setting Ay to 30, we have:

E, 1 '—1 (1 4+ 30) X 39
Tl——ﬁI_Jr 7y

30.48
= 39— 1.016

This change in tube gain has thus produced an unbalance of
1.69,, while in the circuits given earlier a gain change of this
order would have caused an unbalance of 33%. There is, you see,
a considerable improvement.

A noncritical circuit

What we like most about this circuit is its simplicity, as it does
not seem to use any more components than the circuits we dislike
so much. The cathodes are grounded, except for the ordinary
self-bias drop, so there is no problem of heater-cathode voltage.
The plate loads need not be matched carefully, because the feed-
back takes care of normal differences, though you should make
them nominally equal since both tubes need to develop the same
output. The splitting resistors R; and R, are the only critical
components, and a quick check with an chmmeter is enough to
select a pair in which R, is about 5% higher than R, the actual
value not being critical. Since we have full feedback around V2,
there is no extra distortion here.

Before we look at some variations on this simple theme, we
must consider what stray capacitance does to unbalance the cir-
cuit at high frequencies, and what our neglected components C
and R; do, especially at low frequencies. This is where we reap
the benefit of our more formal approach, since the effect of the
strays cannot be fitted into the geometrical treatment.

First, we see that any strays across tube V1 have no effect on the
balance at all because they affect the response before we go into
the circuit of V2, and if the response drops there is less drive to
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V2. The strays across V2 are the main problem because the push
signal from V1 is not affected by them. Now any capacitance to
ground at the plate of V2 is in parallel with Ris and will pull
down the stage gain at high frequencies; but, as we have just seen,
the effect of changes in stage gain is very small indeed, so that
we are not too worried by these strays.

At low frequencies the blocking capacitor C begins to have
some effect. Between point A (Fig. 619-b) and the tube grid
there will be a 3-db drop at the frequency where 14nfC = R, +
R,R:/R; ++ R,. But all our calculations so far have been referred
back to point A, so that this 3-db drop is included among changes
in A, and we have just seen that a 259, drop in Ay produces an
unbalance of only 1.6%. If we intend to work down as low as
30 cycles we can take C = .0l pf and R, = 500,000 ohms, and
have only this 1.6% unbalance. In a very complex feedback
amplifier we might need a larger capacitor because at frequencies
of a few cycles we should get a small increase of phase shift owing
to the feedback. However, this effect is almost always considered
unimportant.

A numerical example

This circuit is balanced and stays balanced in spite ol strays,
blocking capacitors and tube variations. Let us now put in some
numbers. A 12AT7 operating at 6 ma with a bias of —1.5 volts has
a u of 50 and a plate resistance R, of 12,000 ohms. The voltage
at the plate will be about 160 and the maximum swing perhaps 60
peak or 42 r.m.s. Using 48,000 ohms for plate-load rvesistors Ry,
and Ry., the gain Ay is exactly 40 and a preferred resistance value
47,000 ohms fits conveniently. The total supply voltage must then
be 160 4+ (47,000 X .006) or 442 volts, which is quite a practical
value if vou are using output tubes which take 40 volts drive. The
cathode resistors are nominally 250 ohms (270 is a preferred
value). For smaller drives use the same 47.000 olnns in the plate
but drop the supply voltage and increase the cathode resistance.

We must now choose Ry and R, which are to be much bigger
than Ry; and Rp.. A suitable value might be 470,000 ohms, but
we rtun into trouble at once because we want R, to be much
bigger than this and the tube maker tells us not to make R, more
than 170,000 ohms. Things are not too bad. however. We saw
that the apparent impedance at point A in Fig. 619-b due to R.
is Ro (1 + Aqg) or 470,000 /41. Connecring R, in parallel with
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this produces only a 2149, error, and we make up for this by
making R, about 59 larger than R;.

When we lightly wrote down the cathode resistance as 270
ohms in the last paragraph, we did not stop to consider the local
feedback effects. As the two tubes are in phase opposition, there
will be no audio current in the cathode circuit if the two cathodes
are connected together, and we could use a 135-ohm common bias

1

Fig. 620. When a common cathode vesistor

is used in (he seesaw circuil. slrav capaci-

lance across R, converts the invervler inlo a
cathode-coupled multivibrator.

resistor. But suppose there is a small stray (‘apacitancc across Ry;
we shall have the circuit shown in Fig. 620. which you will recog-
nize as a multivibrator. This may oscillate at high frequencies,
though we have never encountered the effect in practice. A small
bypass capacitor—say .01-0.1 pf, across the cathode resistor will
cure this trouble, if you should meet it. It is worth while avoid-
ing the local feedback because it costs about 6 db in the gain of
tube V1, which must be paid for in reduced feedback around the
complete amplifier. It also reduces the initial balance of the
phase-reversing stage, although with local feedback Ar will not
change much and the effect of tube variations is the same with
and without local feedback.

It is sometimes stated that a small capacitance should be con-
nected across R;. The object is to balance the plate-grid capaci-
tance of V2. which is in paralle] with R, and which causes an
increase in the feedback around V2 at high frequencies. The
plate-grid capacitance of a 12AT7 is 1.45 puf, so with socket and
wiring it should not total more than 10 puf. The effect will be
important at about 30 kc where 14xfC = 470,000. Where is the
program with enough audio power to make the 30 k¢ balance im-
portant, and where do you get ears to hear it with? This extra
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capacitor is, as we have just seen, at a danger spot anyway and
it is best omitted.

Some similar circuits

Three variants of this circuit are worth noting. The first is
shown in Fig. 621 and it appears quite attractive until you look
at it more closely. It saves one capacitor and one resistor because
the grid drive is picked off after the usual plate-coupling capaci-
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Fig. 621. This circuit variation excludes a
coupling capacitor, but has definite draw-
backs.

tors to the next stage. The theoretical results are practically
identical, and the balance is only a fraction of 19, ditferent from
the values obtained in our earlier discussion. The objection to
this circuit is purely practical: we are using it to drive fairly
large tubes. We cannot, of course, use fixed bias on these because
the bias would also be applied to the grid of V2. On signal peaks
we shall get some grid current; indeed we shall probably always
have a little grid current in the output tubes. It does not matter
if the 25-40-volt bias on the output tubes is supplemented by
1-2 volts of bias due to grid current, especially as any bias pulses
will be in push-push. However, 2 volts of bias on V2 will shift
its working point until it can no longer deliver its full output.
Any attempt to avoid this involves using such low grid resistances
that gain is lost in the driver stage.

The second variant is shown in Fig. 622. There isn’t very much
value in this, although in theory it gives a slightly better balance
at low frequencies at the cost of two capacitors instead of one.
If a really good balance is needed at very low frequencies, a
bigger blocking capacitor can be used in the basic circuit.
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The third variant is shown in Fig. 623. This uses the fewest
components of all, but, as you can see, all the grid current for
V2 and for the power tubes passes through R,. If R; is made
small to avoid bias trouble, it has a loading effect which compli-
cates the choice of R; and R,. Theoretically it would be possible
to use a large inductance in place of R,, but who wants to use
hundreds of henries to save a .01—uf capacitor?

L A B+

|-

¢

B+

Fig. 622. Another modified seesaw inverter
circuit offering better balance between the
driver output voltages at low frequencies.

Choosing the best circuit

The anode-follower circuit is superior to the split-load circuit
previously described in output capacity. The first tube delivers no
power to the second, so that the drive available for each half of
the output stage is the full output from one tube. The split-load
circuit gives only half a tube output to each side of the final stage.
Using triodes there is no difference in gain, but the impedance
increasing trick with the split-load circuit allows you to get a
much larger gain if a pentode is used for V1. In both circuits the
tube in which phase reversal takes place has so much feedback that
distortion can be neglected. From the point of view of supply
noise the anode follower is probably slightly better, but at
those levels the question is not usually important. Both circuits
have the disadvantage that the impedances at the two push-pull
output points are not the same. This effect is a little worse with
the split-load type than with the anode follower.

When class-B output stages are to be driven into grid current,
it is worth while adding an extra feedback path, which in the
case of the anode follower should run from the plate of V1, while
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in the split load circuit it should run from the plate of the split-
ter tube. This feedback is taken to a point earlier in the ampli-
fier and is adjusted to give the correct impedance to match the
other side of the phase-splitting system. In the example we have
considered here, the feedback should reduce the gain 26 db. An
extra tube will be needed to make up the loss due to this internal
feedback loop, but the response up to the grids of the final stage

B+

B+

Fig. 623. An ultra-simplified form of the

seesaw phase inverter. In this circuil, how-

cver, oulput-tube grid current may over-

bias 1'2 unless R, has a low value, or is rc-

placed by an  expensive high-inductance
audio choke.

should be very flat and free from phase shift over a very wide
band. As a result, the feedback loop of the complete amplifier
will be affected mainly by the characteristics of the output trans-
former. and this may help in simplifying the design of this large
and awkward element. Unequal drive impedances will cause
behavior differences on “push” and “pull”. As we have seen,
this circuit uses negative feedback to force the two ontput voltages
into equality.

Comparisons

In discussing the phase-splitting stage which must provide the
link between a single-ended amplifier and a push-pull stage we
have examined several bad circuits and two classes of good
circuits. As we have seen, the single tube with a split load is
good if you do not need too much drive. and the anode-follower
Or seesaw circuit gives more output but less gain. For conventional
audio work the tubes and supply voltages you plan to use will
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determine whether you take the single-tube or two-tube phase-
splitting circuit.

There are some special jobs, though, for which these push-
pull driver types are not suitable. The most important of these
is when you want to go down to extremely Jow ftrequencies or
even all the way to zero frequency. The anode follower includes
one coupling capacitor, so that it will not stay balanced once the

Ri| OUTPUT —= RL2 By

L o1 =

Fig. 624, Circuit of the “long-tailed pair”
cathode-coupled phase inverter.

capacitor starts to take control; the split-load circuit has the dis-
advantage that the two output terminals are at different d.c.
potentials. A symmetrical direct-coupled deflection amplifier for a
cathode-ray oscilloscope calls for a phase splitter which provides
two outputs at the same average d.c. potential, because any un-
balanced difference will pull the undeflected spot away from the
center of the tube.

“Long-tailed pair”

One phase-splitting circuit is particularly good for cathode-ray
oscilloscope work. It has other uses. too. but we shall come back
to those after we have examined its characteristics. The circuit
itself is known as the “longtailed pair” or, more prosaically, as
the Schmitt cathode-coupled phase inverter. If you look at the
basic circuit in Fig. 624. you will see why the name “longtailed
pair” was adopted. This circuit is related to the anode follower
in a rather intervesting way. T'he anode-follower circuit, you mav
remember, could be described simply by saying that the second
tube is driven by the difference in the plate-voltage swings of the
two tubes. The second tube of the long-tailed pair has its grid
grounded, and the effective drive to this tube is applied at the
cathode. The driving voltage is equal to the cathoce resistance
Ry multiplied by the difference in plate currents of the two tubes.
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Suppose we raise the potential of grid 1 by 1 volt, causing an
extra current I; to flow through V1. The current in V2 will drop
by an amount I,, and the cathode potential will change by
(I — Is)Ry. This change is the input to V2 and, if Ry is very large,
we can have (I, — I,) very small and still get some drive into V2.
In fact, we can draw Fig. 625-a for comparison with Fig. 625-b,
which is the seesaw voltage diagram shown separately in Fig. 618.
If you look at Fig. 625-a, you will notice that in order to get any
drive at all for V2 it is necessary to have unequal values of I, and
Is, C; — Ry and C; — Ry. Drive for V2 is Og. The only way to get
equal swings at the two plates is to use slightly different plate-
load resistances Ryp; and Ryps.

We can do some very simple calculations to see the sort of
difference.

At plate 1 we have a swing of I;R;. Thus the input to V2 is
(I: - I)Ry, which gives a plate current of gm(I; — I))Ry and, there-
fore, a swing at the plate of V2 equal to gn(I; — I.)Ri Ry, which is,
of course, also equal to I;Ry». Therefore:

guliRyR; = (1 4+ guRyi)Rya (