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AUDIO FREQUENCY AMPLIFICATION PART 1

FOREWORD

It is often the case that the most glamorous activity
is not the most useful and important. Mention electronics
to the layman, and he is apt to think of radar, ultra-high
frequencies, television, and the like. Yet one of the ear-
liest applications of the electron tube is still one of the
most important, namely, audio-frequency amplification.

It was the telephone company that was one of the first
users of the vacuum tube. The existing microphone-receiver
type of amplifier had never really been satisfactory; the
vacuum tube amplifier was so overwhelmingly superior that
its adoption was a forgone conclusion, and today the vast
network of telephone trunk lines is equipped with thousands
of repeater amplifiers, that compensate for the attenuation
experienced in the transmission of speech (audio) signals
along these lines.

The audio amplifier is an indispensable component of
every standard broadcast, f.m. and television receiver; it
is to be found in every broadcast and television studio:
all motion picture studios and theaters employ it; hotels,

ball parks, auditoriums, and even restaurants use it as

' public address and sound reinforcing equipment, and the

phonographs and juke boxes are more than ever one of its
most important applications.

It can therefore be readily appreciated that this as-
signment is one of the most important and most practical in
the entire course. It begins with an exposition of the
meaning and use of decibels; a method of measuring power
ratios that applies not only to audio amplifiers, but to

communication systems in general.
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Application of this method is then made to typical
amplifier problems to show how it facilitates computation
and design procedure; of course the illustrative problems
are thoroughly practical and representative of good engi-
neering practice.

Following this, the significance of frequency response
curves will be taken up, and then the analysis of various
types of voltage amplifier stages, including screen bypass
and self-bias circuits. Finally, the various types of
audio transformers and their applications will be treated
in detail.

The concluding topic will be push-pull audio amplifiers.
These are analyzed in detail, together with the distortion
products that may arise if the amplifier is improperly de-
signed. Since high-level output stages employ this type of
amplifier, the material presented is of paramount importance.

The student, upon concluding this assignment, will find
that he has obtained comprehensive and detailed instruction
in this important subject, which will be invaluable to him
in his daily work. In view of this, he may find it pro-
fitable to review this assignment at a later date to help

fix its contents in his mind.

E. H. Rietzke,
President
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SCOPE OF ASSIGNMENT

This assignment will deal with
audio amplifiers, which are designed
to amplify electrical voltages and
currents corresponding to sound
(audio) waves. Such amplifiers are
measured as to their amplification
and power-handling capabilities in
terms of decibels (db), hence the
assignment will first take up this
unit of measurement, and how it is
applied to amplifier calculations.

The next topic to be discussed
will be that of frequency response,
what it means, and how it can be
used to determine the performance of
an audio amplifier with regard to
fidelity of reproduction. Following
this, specific analysis of trans-
former-coupled and resistance-cou-
pled stages will be made with regard
to frequency response, as well as
the effects of screen bypass and
cathode bypass capacitors on the
low- frequency response of an ampli-
fier.

The concluding topic will be
that of push-pull power amplifiers.
The analysis will be mainly graph-
ical in nature, and the various
modes of operation, such as Class A,
Class ABI, Class ABz. and Class B,
will be discussed. Practical exam-
ples will enable the student to make
his own determinations as to power
output, grid drive, etc., of tubes
he may subsequently have under con-
sideration for a power amplifier
stage, so that he can employ plate
voltages, bias, etc., different
from that specified by the manufac-
turer in the tube manual.

DB CAICUIATIONS

POWER RANGE IN COMMUNICATION
WORK. —Ordinarily one speaks of a
one horsepower electric motor, or a
hundred horsepower gasoline engine,
or compares a 100-watt lamp with a
60-watt lamp, and the like. Or he
may speak of a 30,000 KW alternator in
a power plant, and a 250-watt auto-
mobile generator.

Note that as the size gets
larger, a change in scale is employ-
ed;: kilowatts instead of watts.
Indeed, in some radar sets the peak
pulse output may be expressed in
megawatts, and the average power in
kilowatts.

But seldom is one confronted in
the same line of equipment with a
range from one to ten billion, or
101°, such as from a 1 watt motor to
a 10 billion watt motor. In commu-
nication work, however, such a range
is quite common. The quietest sound
that can just be heard may be one
ten-billionth that produced by an
airplane motor, and even louder
sounds are to be encountered in
nature.

In everyday practice, a range
in sound of 1,000,000 to 1 is com-
mon at an orchestra concert. The
signal picked up by a radio receiver
may vary by perhaps this amount if
the set is moved from a point close
to the transmitter to a location far
away. In an audio amplifier, for
example, the ratio of maximum output
to noise in the amplifier may be
specified as not to be less than
1,000,000 to 1.

All this points to the need for
a computer in attempting to handle
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the huge number that may be encoun-
tered in a communications problem.
The complications, however, are
purely arithmetic in nature, and it
would appear that some simpler and
cheaper solution than a computer
should be available. Such is the
case: the use of logarithms fur-
nishes a rather satisfactory means
for handling such astronomic ranges.

The reason that the logarithm
is so useful where large numbers are
involved is quite simple. The loga-
rithm is an exponent; it is the ex-
ponent to which ten must be raised
to obtain the number in question. A
number, such as ten, when raised
even to a moderately small exponent,
gives rise to a fairly large number.
Thus 107 is ten million.

This will be made even more
clear by the following example. The
numbers in the left-hand column of
the following Table are each ten
times the one above. They therefore
form a GEOMETRIC progression. The
numbers in the right-hand column are
their logarithms. Note that they
form an ARITHMETRIC progression,
whose terms grow more slowly.

Number Logarithm
| 0

10

100

1,000

10,000

100,000
1,000,000
10,000,000
100,000,000
1,000,000,000
10,000,000,000

O W o ~NOOTL& W N —

Hence, if instead of speaking
of a range of 10,000,000 to 1, one
speaks of the logarithms of such a
range, the numbers involved are

merely 7 to 0. As will be shown
very shortly, the logarithm of the
number is known as the BEL, and one-
tenth of this logarithm is the fa-
miliar decibel.

LOGARITHMIC RESPONSE OF THE
EAR. —There is another reason why
the logarithm is a useful measure of
audio power. The ear (and also the
eye) has to respond to an enormous
range of stimulus, namely in the
case of the ear to sounds that may
vary in power by ten billion to one,
Oor more.

Compare this with an ordinary
voltmeter, which can measure ON ANY
ONE SCALE a range of perhaps 100 to
1. For example, on the 100-volt
range, a voltmeter can indicate down
to perhaps 1 volt. If 0.1 volt is
to be read, one will have to switch
to the 10-volt scale, or even lower.
The ear, on the other hand, cannot
switch from one scale to the other,
it must indicate continuously from
the quietest to the loudest sound.
It must be sensitive to weak sounds,
and yet not overload when loud
sounds are present.

Nature has accomplished such a
range and yet provided sensitivity
at the low end of the power scale by
making the ear logarithmic in its
response. Thus at low levels the
ear can detect small changes in ac-
tual power, and at high levels it
can detect only large changes in
power, so as not to overload. Refer-
ring to the Table, the left-hand
column can represent the range in
EXTERNAL STIMULUS, or sound inten-
sity, and the right-hand column will
represent the logarithmic response
of the ear, or SENSATION in the
brain.

As an example, if the power or
stimulus is doubled, the increase in
sensation in the brain is as the
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logarithm of two, or log 2 = 0.3011,
or only 30.1% increase in sensation
for a 100 per cent increase in stim-
ulus. A thousandfold increase in
stimulus produces but a log 1000 = 3-
fold increase in sensation; a mil-
lion- fold increase in stimulus pro-
duces but a 6-fold increase in sen-
sation, and so on.

If then the ear reacts in a
logarithmic manner, it is natural to
rate the sound levels presented to
it in this manner and hence to em-
ploy the decibel scale. 1In short,
the decibel is a "natural® unit for
measuring acoustic power or the
electrical counterpart of such
power.

GAIN MEASUREMENTS.—A third
reason for the use of decibels is
that it facilitates the computation
of overall gain of an amplifier
system when the gain of each indi-
vidual unit is known. To make this
clearer, consider the following ex-
ample. In a broadcast studio, the
power output of the microphone is
amplified by a pre-amplifier by a
factor of say, 1000 times.

This output goes through a so-
called mixer system where it is com-
bined or mixed with the outputs of
other microphone preamplifiers, but
in so doing, the mixer unavoidably
cuts the power down to 1/10. Then a
studio amplifier amplifies it by a
factor of 2000, so-called attenuator
mads" cut the power down by a fac-
tor of 1/8, and a line amplifier
multiplies the output by a factor of
200.

What is the ratio of the final
output to the initial input? Clear-
ly, the above factors must be all
multiplied together, so that the
overall "gain"® is

o = 1000 X 1/10 X 2000 * 1/8 * 200
= 5,000, 000

Although the product here is rather
simple, in general it can be arith-
metically complicated. Multiplica-
tion and division are in general
more difficult to perform than addi-
tion or subtraction.

This indicates that & can in
general be more readily calculated
if the logarithms of the individual
factors are found and added algebra-
ically. Thus, log 1000 = 3, log
1/10 = -1, log 2000 = 3.3, log 1/8 =
.9, log 200 =2.3, so that log ¢ =3-1
+3,3-.9%23=6.7 and only log
6.7 = 5,000,000, 1Indeed, it is not
even necessary to find the antilog;
one merely takes log ¢ = 6.7, mul-
tiplies it by 10, and obtains a
value for the gain of 67 db.

Similar considerations apply to
transmission of the signal over say
telephone lines. Suppose a mile of
line attenuates the power to 1/3.
What attenuation will 2 miles of
line produce? Clearly, the second
mile of line will attenuate the out-
put of the first mile to 1/3, aind
the output of the first mile is 1/3
of its input. Therefore the output
of the two miles of line is 1/3X1/3
= 1/9 of the initial input.

It would be desirable to say
that the loss of one mile is so
much; the loss of two miles is twice
as much, and so on. In other words
it would be desirable to rate the
loss in such manner that the total
effect is the SUM rather than the
PRODUCT of the unit-length effects.

This can be done if the loga-
rithin of the loss ratio is used in-
stead of the loss ratio itself, for
now we can add logarithms instead of
multiplying ratios. 1In short, the
calculation of loss, as well as that
of gain, is facilitated by using db,
since this converts a multiplicative
process into an additive process.
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GAIN OR LOSS IN DECIBELS.—The
foregoing anticipates to some extent
the discussion of the decibel that
is now to be presented. It has just
been shown that the logarithm is a
useful way of measuring sound power
ratios: it avoids the use of large
numbers, it represents the manner in
which the ear hears, and it facili-
tates gain and loss calculations by
substituting addition and subtrac-
tion for multiplication anddivision.

It now remains to show specif-
jcally how the decibel is computed
and how it is used. The first ap-
plication is that of DB GAIN. Sup-
pose the input to an amplifier is P,
watts, and the output is P watts.
Then the power ratio or gain is

o= P /P, (1)

The gain in BELS (in honor of Alex-
ander Graham Bell) is:

log @ = log P_/P, (2)

Oddly enough, this logarithmic ratio
compresses the numbers involved to
too small a range, hence the loga-
rithm is further multiplied by ten
to furnish the decibel or db gain.
Thus, the gain in decibels is

10 log @ = 10 log P, /P (3)

As an example, suppose the in-
put power is 1 milliwatt, and the
output power is 20 watts, as indi-
cated in Fig. 1 (A). Then the db
gain is

10 log 20/.001 = 10 log 20000
10 (4.3011) = 43.011 db or 43 db.

On the other hand, suppose
audio power Px of 5 watts is applied

to an attenuation tee pad (resistive
network, as shown in (B), and the
output power Po is .002 watt or 2
milliwatts. What is the db ATTENUA-
TION of this pad?

.002
db (att.) = 10 log B = ?

Amphfier

(8)

Fig. 1. —Examples of circuits em-
ploying amplificationor attenuation.

In order to avoid finding the
logarithm of a fraction, simply in-
vert the fraction to make it a num-
ber greater than one, and put a mi-
nus sign in front of the logarithm,
This is because

2
10 log = 10 log [1/(5/.002)]
=10 log 1 - 10 log 5/.002
=10 X 0 - 10 log 5/.002
= -10 log 5/.002.
To complete the problem,
.002
db (att.) = 10 log ——
S 5
= -10 log — = -10 log 2500
.002
= ~-10 (3.4) = -34 db.
It is clear from the above results
that tdb represents gain, and -db

represents attenuation or loss.
DB LEVEL. —1f the power output
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of a device can be compared to the
power input on a db basis, why can-
not ANY value of power be compared
to a FIXED or STANDARD value of
power? For example, the standard or
unit of power may be 1 watt. Or it
may be 1 milliwatt, as is currently
the value employed, or it may be 6
milliwatts, which was the previous
unit of power, or 12.5 milliwatts,
as previously employed by the Na-
tional Broadcasting Company, etc.

%hen any value of power is com-
pared with the chosen unit of power,
the resulting value of db obtained
is known as the DB LEVEL, rather
than db gain or loss, and the stand-
ard is known as the REFERENCE LEVEL.
The reason for the use of the word
level will be apparent from the dis-
cussion to follow.

Consider first the unit power
to be chosen. It should be more or
less centered in the range of powers
that are normally encountered. What
is the range? On the high side,
powers of 50,000 watts may be en-
countered; on the low side, an out-
put power of but 107'° watt may be
obtained from a microphone. An av-
erage between these two extremes is
the geometric mean, which is

V10~ 1% X 50000 = 2.24 milliwatts.

The actual power unit now employed
is one milliwatt.

Wwhat is the level for the unit
1 milliwatt? It is simply

1 mw.
db level = 10 log = 10 log 1
1 mw.

=10 X0 =0 db.

In short, the unit of power has zero
db level; it corresponds somewhat to
the zero point on a thermometer scale,

What is the power level of

50000 watts? It is 10 log 50000/.001
= 10 log 5%107 = 10 (7.7) = +77 db.
The plus sign is written here merely
to emphasize to the student that
this is a level HIGHER than 0 db,
the unit level; i.e., 50000 watts is
higher than 1 milliwatt.

As another example, an ampli-
fier employing a pair of 2A3 tubes
in push-pull in the power output
stage, has an output of 15 watts.
What is the output level? It is 10
log (15/.001) = 10 log 15000 = 10
(4.1761) = 41.8 db.

On the other hand, consider a
ribbon microphone. Its output of
course varies with the sound power
impinging upon its diaphragm;, for
a moderate-sized orchestra the sound
power is that corresponding to 10
BARS, where one bar is a pressure of
one dyne per square cm. of the
acoustic wave. For the ribbon mi-
crophone, the output is approxima-
tely 2.4 X 10~° microwatts for 10
bars sound pressure. What is the
output level?

Since it is less than the ref-
erence level of 1 milliwatt, the
ratio will be fractional, the loga-
rithm will therefore be negative, so
that the db level of the microphone
will be negative. 1In computing the
level, it will be simpler to take
the reciprocal of the ratio in order
to obtain a positive logarithm which
is found directly in the log tables
(in the manner shown previously).
Then a minus sign can be placed in
front of it to show it is a negative
level.

Thus, the db level of the mi-
crophone is

2.4 X 107°
10 log _—
1 %X 10
-3
= 10 log -——-]-9———9
2.4 X 107
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= -10 log 4.17 X 10% = -10 (5.6201)
= -56.2 db.

(Note the inversion of the fraction
from the first to the second step,
with the addition of the minus sign).

DB LEVEL AND GAIN. —The reader
must suspect by this time that there
is some relationship between db
level and db gain. This is true,
and is very simple to see. In Fig.
2 has been plotted a db scale some-
what similar to the scale on a ther-
mometer. Suppose the ribbon micro-
phone mentioned above is used to

*41.8db __oulput level of amphfier

Odb | __Jevel- | mw

Gain=984b

-56.2:/6L_ input level of microphone

Fig. 2.—DB scale showing relation
between db level and db gain.

feed the 2A3 amplifier discussed
previously. How much gain must the
amplifier have to bring the micro-
phone level of -56.2 db up to that
of the maximum output of 41.8 db
corresponding to 15 watts?

Fig. 2 clearly shows that it
must be 41.8 -(-56.2) = 98.0 db.
The general rule is simply:

RULE: To find the db gain (or loss)
of a device, subtract theinput level
in db from the output level in db.

DB LEVEL TO WATTS.—Often the
db level is given, and it is desired
to find the actual power. This is a
simple process of finding the anti-
logarithm of the given number. For
example, suppose the output level of
a phonograph pickup is -24 db. What
is its power output in watts (or
microwatts)?

o

-24 = 10 log —2>—
1 X 10°3
s P 24
log 2 = — =-2.4

1 X% 1079 10

To avoid negative logarithms and
antilogarithms, take the reciprocal
1 X 10'3/P°. Then

1 x 1078
log ————— = 12,4
P
o
1% 1073
—_— = anlg +2.4
P
o
1% 10°% 1x10°8%
° anlg 2.4 251
= 3.99 X 107°

or approximately 4 Hwatts.

(Note that intaking the anlg of 2.4,
the quantity 2 shows where the deci-
mal point is to be placed, and 0.4
is looked up in the log table. This
then is multiplied by 10® = 100 to
get 251).

As another example, suppose
that the output level of an ampli-
fier is +31 db (where the plus shows
the output is greater than 1 mwatt,
the reference level). What is the
power output in watts?

P
10 log ———=— = 131
1% 10°8

P
log —~——2—— = 31/10 = 3.1
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P /1% 10”2 = anlg 3.1 = 1260
P = 1260 X 10°% = 1.26 watts.

As a further point, if the am-
plifier is to operate from the pho-
nograph pickup mentioned previously,
the gain will have to be

1. 26
Gain = ————— = 0.316 X 10°
3.99 X 10
or
3.16 x 10°

In db it will be 10 log 3. 16
X 10% = 10 (5.4997) = 55.0 db. As a
check, subtract the db level of the
pickup from that of the amplifier

31 - (-24) = 55 db gain CHECK.

VOLTAGE, POWER, AND DB.—1n ac-
tual practice it is difficult to
measure power, because no ordinary
wattmeter instrument is sufficiently
sensitive to read down to microwatts
or even milliwatts of power, and
moreover it will not read accurately
over the entire audio range, and
particularly in the r-f region, al-
though more and more specialized
electronic instruments are being de-
veloped for this purpose.

In the case of audio systems,
the frequency range covered is enor-
mous from the viewpoint of the num-
ber of octaves involved (about ten)
and networks having reactances with-
in them will not have a uniform
transmission characteristic over
such a range unless they approach a
resistance in their characteristics.

Hence it has been customary to
specify the performance of a micro-
phone, amplifier, loudspeaker, pho-
nograph pickup, etc., on the basis
of its behavior when fed from a
resistive source or terminated in a

resistive load, as the case may be.
For example, in Fig. 3 is shown a
microphone feeding an amplifier,
which in turn feeds a resistive load
simulating a loudspeaker.

/nput
Microphone Lelstonce é%ﬁ%£g7

4 N toad)

— "';’/%wﬂﬁ@l_j:_jy

Fig., 3.—Simple audio system showing

input and output resistance.

The attitude on the part of the
amplifier manufacturer is that his
amplifier will perform in accordance
with his specifications if the out-
put load is a pure resistance of the
specified value, and this value is
to be used in testing his amplifier.
It is up to the loudspeaker manu-
facturer to produce a unit which
will faithfully reproduce the orig-
inal sounds when fed from this ampli-
fier whose performance is specified
with respect to anoutput resistance.

Similarly, the microphone’s
performance is generally specified
with respect to a certain value of
load resistance. The amplifier con-
nected to it may actually present
this load resistance to the micro-
phone, or it may not; it is immate-
rial in a sense to the microphone
manufacturer how his microphone be-
haves in conjunction with a partic-
ular amplifier if he has specified
its performance in terms of a cer-
tain terminating load impedance.

Actually the situation is not
in such a state of anarchy as the
above discussion might imply. As
will be shown later, the input im-
pedance of an amplifier may either
be a pure resistance of the proper
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value, or it may be such a high re-
actance as to constitute essentially
an open-circuit load to the micro-
phone, as in the case of an unloaded
input -¢ransformer over most of the
audio range. Similarly the perform-
ance of the amplifier terminated in
a loudspeaker may be reasonably
close to its performance with a load
resistor over most of the audio
range.

Where resistive terminations
are employed, the power output Po
can be determined very simply by
measuring the output VOLTAGE Eo

across the resistor RL. Thus
E2
p == (4)
L]
RL

Voltage measurements are feasi-
ble because voltmeters can readily
be built which are reasonably ac-
curate over the entire audio fre-
quency range. It will now be of in-
terest to correleate the voltage
reading with db level. Let P__ be
the power corresponding to the ref-
erence standard (now usually chosen
as 1 milliwatt). Then

db level = 10 log P
PI"B
E2
= 10 log 2 (5)
P

rs L

Suppose the reference power Prs
is developed across a resistance

Rrs, and that the corresponding
voltage across Rrs is E_,. Then
- 2

Prs - Ers/Rrs (6)

and if this is substituted in Egq.
(5) the results

E2 R
db level = 10 log (—°- —;—‘)
R E

L rs

E2
= [s]
= 10 log Er; + 10 log R"/RL

rs

=20 log E/E__ + 10 log R /R
N

Eq. (7) states that the db
level can be measured if the ratio
of the given voltage Eo to the ret-
erence voltage E__ isknown, TOGETHER
WITH A CORRECTION FACTOR 10 log
R”/RL which modifies the result
depending upon the ratio of the
given impedance R; to the reference
impedance Rrs.

Specifically, if the reference
power Po is chosen as 1 milliwatt,
and if further, Rrs is specified as
600 ohms, then E _ is determined in
accordance with Eq. (6); its value
is 0.775 volt. These are the values
used today for the reference level:
0 db = 1 milliwatt = 0.775 volt
across 600 ohms.

THE DB OR OUTPUT METER.—I1n Eq.
(7), if R, =R __, the correction
factor becomes 10 log 1 = 0 or drops
out. PFurthermore, if E, = E,,, the
first term becomes zero, too, which
means that the level is O db, as is
to be expected. Suppose now that a
voltmeter is calibrated so that when

1o

Fig. 4.—A db meter using a volt-
meter movement.

. ¢
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10 AUDIO FREQUENCY AMPLIFICATION PART I

The meter readings in db are indica-
ted on the scale from -6 db (cor-
responding to .775/2 = . 388 volt) to
+ 10_db, (corresponding to .775
x V10 = 2.45 volt). The actual
quantity read is the voltage;, if the
impedance across which the voltage
is read is 600 ohms, then the read-
ing also corresponds to the db mark-
ings on the scale. Often both db
and voltage markings are provided,
so that the meter can function both
as a voltmeter and as a db-meter.

If thz resistance across which
the reading is taken is other than
600 ohms, the proper correction fac-
tor can be added algebraically to
the meter reading to give the true
db level across the actual load re-
sistance. Fig. 5 provides a curve
which can be used to quickly obtain
the correction factor.

One curve can serve for all
values of the impedance ratio be-
cause of the additive nature of the
logarithmic function. For conven-
ience four scales are shown; others
can be quickly made by dividing the
abscissa value, for example, by 10,
and then subtracting 10 db from the
corresbonding ordinate.

To see how 1t is used, suppose
the db meter reads 7 db and the load
impedance is 6000 ohms. Then Rrs/RL
= 600/6000 = 0.1, The next-to-the-
top abscissa scale contains this
value, the next-to-the-left-hand
ordinate scale corresponds to the
abscissa scale chosen. From the
curve, the corresponding value for
R”/RL is -10 db. Hence the true
reading is 7 t (-10) = -3 db.

Suppose the impedance had been
15 ohms. Then R__/R, = 600/15 = 40,
whereupon the lowest abscissa and
the right-hand ordinate scales apply.
For 40, the correction factor is
+16 db, so that the true reading is

7 + (+16) = 23 db.

Usually the meter scale covers
a limited number of db, in Fig. 4 it
ranges from -6 to +10 db. In order
to cover the much larger db range
encountered in practice, an addi-
tional scale~changing switch is em-
ployed. A circuit like that shown
in Fig. 6 is often employed. Here a
ladder-type network is used so as to
present as nearly constant (and yet
high) a resistance as possible to
the circuit under test.

(o2

Fig. 6.—~—Ladder-type resistive net-

work used to change scales on db
meter.

As the slider or arm moves to
the left in Fig. 6, more and more
resistive attenuation is cut out
between the source and the meter,
and hence the higher the latter
reads; or to put it another way, the
lower the level that the meter will
register up-scale. When, for exam-
ple it is set on the -10 db scale, if
the voltage across the load to be
measured corresponds to -10 db, then
the pointer will move up to the 0-db
mark on the scale. The reading will
therefore be -10 + (0) = -10 db. To
this, of course, must be added the
impedance correction factor, if it
is present.

Suppose that the readings are
-10 db on the scale switch, and the
pointer moves up to +3.5 db, and
assume further that the load imped-
ance is 7.5 ohms. The true db level
is =10 + (+3.5) + 19 = +12.5 db.
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The last factor, 19, is found from
Fig. 5. Thus RLS/RL = 600/7.5 = 80.
Al though this is off scale in Fig.
5, it is readily found, because 80
= 8 X 10, and the correction factors
for 8 and 10 are 9 db and 10 db, re-
spectively, so that the total cor-
rection factor is 9 + 10 = 19 db.
GAIN CALCULATIONS. —These ex-
anples should indicate how the db
meter and the correction curve of
Fig. 5 can be used to measure db
level, Fig. 5 can also be used in
the calculation of the db gain of an
amplifier. To show this, consider
the test setup shown in Fig. 7.

g

o -Godb

Audia T“Z;’,‘f‘ Abten iid b

oscillofor || 2o/ Box K,’;’ﬁ"' 5 Y
dbM.

Fig. 7.-—Test setup for measuring
frequency response of an audio am-
plifier.

As will be explained in the
next section, the gain of an ampli-
fier should not vary appreciably
with frequency in the audio range,
if faithful reproduction is to be
obtained. To test this, an audio
oscillator is employed, whose output
voltage can be varied in frequency
as desired.

Although this oscillator is de-
signed to furnish a nearly constant
output voltage over the frequency
range, and to have any desired in-
ternal impedance by the correct

choice of transformer tap, it is
usually preferable to place a volt-
meter, say of the db type, across
the oscillator’'s terminals, and
maintain the voltage constant at
this point regardless of the setting
of the frequency dial.

The oscillator then appears as
a ZERO-RESISTANCE source, by virtue
of a rule known as the Compensation
Theorem. Simply stated, the oscil-
lator exhibits noc regulation or
voltage variation, hence it behaves
like a source having no internal
resistance.

The two 250-ohm so-called simu-
lating resistors following the os-
cillator then make it look like a
500-ohm balanced-to-ground resist-
ance. This is done because in Fig.
7 it is assumed the amplifier under
test has an input of 500 ohms bal-
anced-to-ground, i.e., center-tap
grounded. If instead it is unbal-
anced to ground (one side grounded)
then the entire 500 ohms should be
placed in the ungrounded side of the
system, and a direct connection made
on the other side.

The next device shown is an at-
tenuation box. This consists of a
number of so-called attenuation
pads* whose function is to attenuate
or lower the level of the power fur-
nished by the oscillator. The reason
for this is very simple.

Usually the amplifier under
test has a fairly high gain, and is
designed to amplify a very weak in-
put signal to a relatively high out-
put level, such as that required to
actuate a loudspeaker. If a strong
signal is impressed on the input of
the amplifier, some tube farther on
will be driven so hard as to drive

*These will be described in a
later assignment.
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the grid positive and/or beyond cut-
off, whereupon the amplifier will be
overloaded and furnish a distorted
output.

On the other hand, if the sig-
nal is sufficiently low so as not to
overload the amplifier, it will be
far too weak to measure on the db
meter. Hence a strong signal is
furnished by the audio oscillator,
and is readily measured by the db
meter. It is then attenuated by a
KNOWN amount by the attenuation box,
and then fed to the amplifier.

The attenuation box also is
usually designed to be balanced to
ground, and to have an impedance of
500 ohms. Fig. 8 shows the resist-
ive configuration normally employed,
it is known as an H pad, because
each section looks like the letter H
lying on its side. Several can be
connected in cascade, as shown, to
provide more attenuation than one
pad alone.

A further characteristic is
that if the correct or matched im-
pedance is placed across one pair
of terminals, the SAME impedance
will be seen looking into the other
pair of terminals. The significance
of this is that the same power flows
OUT of the source whether connected
directly to the load or to the pad
terminated in the load, but in the
latter case a certain known fraction
of this power is wasted in the pad,
and the remainder (also known) gets
into the load. As an example, if
the attenuation of the pad is 6 db,
then only one-quarter of the power
flows into the load compared to what
would flow into it were it connected
directly to the generator.

The attenuation of the pad is
adjustable, usually in steps of 1
db. It takes the relatively high
level of the output from the simu-

lating resistors and reduces it to
an acceptably low level for the am-
plifier. Then the amplifier raises
the level of the signal once more to

//eyaaﬁhvuée
do__
//7/0(/7( lﬂ‘ OU}/{DU}‘
‘?—Oﬂeﬁ\sec//bn
Fig. 8.—~Cascade connection of H-
pads.

a value at the output sufficient to
be read by the db meter. Since the
input level, attenuation, and output
level are all known, the gain of the
amplifier can be readily calculated.

Before doing so it will be well
to mention one further point about
the attenuator. As stated pre-
viously, it furnishes the indicated
attenuation only when it is termi-
nated in the proper load. This re-
quires two things: if the load is
balanced to ground, the attenuator
should be balanced to ground too,
as is indicated in Fig. 8; and the
load (input of the amplifier) should
match the attenuator in impedance.

There are certain standard val-
ues of input impedance, such as
500 ohms, 250 ohms, 125 ohms, and
perhaps 50 ohms, with 500 ohms (pos-
sibly also 600 ohms) as the most
common value. Hence the pads in the
attenuator are usually designed "to
match .500 ohms to 500 ohms; " i.e., a
500-ohm source to a 500-ohm load,
and are designed to be either of the
balanced or H type or of the unbal-
anced or Tee type (half of an H
type).
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If the amplifier has a differ-
ent input impedance, then it is nec-
essary to interpose between it and
the attenuator either a suitable
matching transformer, or a matching
TAPER p ad. (Fig. 9). The trans-
former has the least attenuation—
perhaps only 1/2 db.; the L type
taper pad is next and represents the
minimum-loss type, and the Tee and

thegual in volve

A\ o-(\/\/‘v]-’ A V/zo
Higher Lower >
/mpecance Jmpedance 2

O O oy ﬁ —0

L -Type 7ee Type
Lower
>

VAVan]
Higher
Impeconce Impedlonce L
H-Type

Balenced L-Type

Fig. 9.—Two types of taper pads for
matching unequal impedances.

H-type have a greater loss. Normally
the L type is used in either the
bal anced or unbalanced form, depend-
ing upon the input of the amplifier.
The inherent attenuation of this
type of pad is greater, the greater
the disparity in the impedances it

lso/o/f/b/?
Tronsformer
Audio |77 Y " \j%l: B Amo/
oscillofor ﬁ;?ﬁ/zég: 2= /ﬂ}’mf
Attenvator )
(A]

is designed to match.

Another point is that if the
amplifier input is unbalanced to
ground, either a suitable so-called
n"isolation™ transformer will be re-
quired, as shown in Fig. 10 (A), or
else one-half of the attenuator can
be used, together with a taper pad,
if required, as shown in (B).

In any case, if the attenuation
of the attenuator and taper pad is
10 db or greater, then the impedance
looking into the generator end a-b
is practically a pure resistance,
say 250 ohms into one-half of a 500-
ohm H pad. In that case the voltage
at a-b will be half of that at c-b
over the entire frequency range, and
therefore there is no real need for
the simulating resistance. As a re-
sult, it is very often omitted in
the test setup, but will be included
here in the sample calculations.

Suppose in Fig. 7 (repeated for
convenience), the db meter reads +5
db at the terminals of the audio os-
cillator, and *+15 db at the output
terminals of the amplifier (15-ohm
load resistor). Suppose further
that the attenuation in the attenua-
tor box is -53 db. What is the gain
of the amplifier?

A correction factor at the os-
cillator terminals is required be-
cause the impedance there is 2 X 250

glsﬂlggffy E@
Audio [V Amp!
Qscillofor — pe:
b
o -
Attenvator
/B)

Fig. 10. ~Use of an isolation transformer or one-half of an H-pad attenuator.
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= 500 ohms for the simulating re-
sistors + 500 ohms in the attenua-
tor, or a total of 1000 ohms. Then
R /R, = 600/1000 = 0.6, so that

Sinubty
kg/‘;/org -godb
2500

udis Abfen Amplfer
oscrllator zsonft  Box Z’%

abm.

Fig. 7.-—Test setup for measuring
frequency response of an audio am-
plifier.

from Fig. 5 the correction factor is
-2.2 db. Hence the true reading at
the oscillator terminals is *+5
+ (-2.2) = 2.8 db.

Next there is a 3 db loss in
going from the oscillator to the at-
tenuator, owing to the fact that
hal f the power, or 3 db, is lost in
the simulating resistors. Hence the
level at the attenuator is 2.8 - 3
= -0.2 db. Then, in passing through
the attenuator, there is a further
loss of 53 db, so that the input to
the amplifier is -0.2 - 53 = -53.2
db.

The output level of the ampli-
fier must be corrected because the
load impedance is 15 ohms instead of
600 ohms. It was found previously
that for 15 ohms the correction fac-
tor is +16 db, hence the true output
level is 15 + 16 = 31 db. Since the
input level is -53.7 db, the gain
must clearl; be 31 - (-53.2) = 84.2
db. Fig. 11 clearly illustrates the
variation in db level from one point

to the next in the test setup.

PRELIMINARY AMPLIFIER DESIGN
CONSIDERATIONS. — 1t is now possible
to examine the method of preliminary
design of an amplifier. One has to
know the input level and the output
level, then one can determine the
output stage, and the number and
kind of voltage amplifier stages.
The method is best presented by
means of an example.

28db
Output of

audio asc. 3db drop in

sfmu/af/nj resistors
- OZ2db ot

input to
altenuvator

S3db drop
in g tenuator
box

Input fo
amplitier

Fig. 11.—DB chart showing how level
varies from one point to the next in
an amplifier test setup.

Suppose it is desired to design
an amplifier which is to be fed by a
microphone whose output level at 10
bars is -60 db,-i.e., 60 db below 1
milliwatt. An output power of 15
watts is desired into a loudspeaker
system. The output level for 15
watts was previously shown to be
41. 8 db.

As a preliminary procedure, one
can thumb through the tube manual,
where it will be found that a pair
of 2A3 tubes operating in push-pull
at a plate potential of 300 volts
and a grid bias of -60 volts, will
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deliver 15 watts into a 3000-ohm
plate-to-plate load. (The signifi-
cance of this will be discussed in a
following section of this assign-
ment).

The grid swing will be 60 volts
peak for each tube, or 120 volts for
the two tubes,-i.e., grid-to-grid.
Assume a push-pull input transformer
is employed, as shown in Fig. 12.

-
3000 ©hms Plate-fo-Plste

Loud Spegker Load

/S Walts

push-pull
input Pransformer

2A3

Fig. 12. —Push-pull 2A3 output stage.

As can be checked from the manufac-
turer’s catalogue, a reasonable
turns ratio for such a transformer
is 1:2.5 from the entire primary to
either hal f secondary, or 1:5 from
the entire primary to the entire
secondary.

Since 120 volts peak signal is
required across the entire second-
ary, 120/5 = 24 volts peak is re-
quired to be developed across the
primary winding. As will be shown
later, the gain of a transformer-
coupled stage in the region of flat
response (useful range) is closely
equal to the mu of the tube feeding
the transformer. Moreover, the
transformer requires a low-impedance
source, around 10,000 ohms or less,
so that a low-mu triode is indicated
whose Rp is in this range.

In looking through the tube

manual, it is found that a 6J5
triode has the characteristics de-
sired. It has a plate resistance of
7700 ohms at -8 volts bias, a mu of
20, and a transconductance of 2600
umhos. The peak grid swing is equal
to the bias voltage, or 8 volts.
The tube then amplifies it by a fac-
tor of 20, thus providing 8 X 20
= 160 volts across the primary of
the push-pull input transformer.

As a factor of safety, suppose
the transformer losses (mainly core
losses), reduce the amplification by
a factor of 0.9, so that the voltage
across the primary is 0.9 X 160
= 144 volts. Such a value is more
than adequate, forthe voltage across
the secondary is 144 X 5 = 720
volts, and only 120 volts are re-
quired.

This is fortunate, for the tube
need be driven but a fraction of the
maximum voltage possible (8 volts),
and as a result the distortion gen-
erated in this tube will be very
low. This is a desirable condition
for all voltage amplifier tubes,
i.e., for the tubes preceding the
power stage. The reason is that
then the greater fraction of the to-
tal disvortion permissible is left
for the power tubes, which are
driven hardest to get the most out
of the most expensive tubes in the
amplifier, and which therefore tend
to generate the most distortion.

The grid drive for the 6J5 tube,
for MAXIMUM output, is 120/(5 X .9
X 20) = 1,333 volts peak, instead of
the maximum possible of 8 volts.
The input voltage from the micro-
phone at 10 bars sound pressure cor-
responds to -60 db. This does not
represent the peak power, which may
be 15 to 20 db above this value,
Suppose the peak power is 15 db
above, then the microphone input
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level is ~60 + 15 = -45 db below 1
milliwatt.

In actual figures the input
power is

-45
P, = (10”2 watt) (anlg-;a )

1
+45
= (10" %/ (anlg —)
10

= 103/ anlg 4.5

The anlg of 4.5 is found by looking
up the anlg of .5 in the log table
the 4 will determine the position
of the decimal point, since it re-
presents the factor 10* = 10, 000.
The anlg of 0.5 is 3. 16, hence anlg
of 4.5 = 3.16 * 10* = 31600. There-
fore

P, = 107%/31600

= 3,17 X 10”% watts
or

0.0317 microwatts.

This is an amazingly small amount of
power, and illustrates the marvelous
sensitivity of the ordinary vacuum
tube amplifier in raising such a
small amount of power up to a few
watts, or even 50 KW for use to mod-
ulate a broadcast transmitter,

Fig. 13 shows the input circuit
involved. A step-up input trans-
former is used so .as to step up the
signal voltage coming from the mi-
crophone to a higher value as ap-
plied to the grid. Such a trans-
former can represent the equivalent
of an additional stage of amplifica-
tion, IF THE IMPEDANCE OF THE SOURCE
(MICROPHONE) IS LOW.

For example, if the source im-
pedance is 500 ohms, a step up to
150000 ohms or so is possible. This

corresbonds to a turns ratio of
n = v'150000/500 = 17.32 times. Thus,
a resistor R, = 150, 000 ohms can be
placed across the secondary, and it

1nput transformer

Microphone

Fig. 13.—The microphone feeds an

input transformer, which steps up

the voltage to the grid of the first
tube.

will match the 500-ohm source when
reflected to the primary winding.
At the same time, the voltage ap-
plied to the grid is 17.32 times
that across the primary.

However, in calculating the am-
plifier gain, the power P1 calcul a-
ted previously can be regarded as
being developed across R;, and the
resultant voltage E1 across R, can
therefore be found. Note that for a
given source impedance, the greater
the step up of the transformer, the
higher R will be to match the
source impedance, and also the
greater E1 will be.

There is, however, a limit to
the amount of step up feasible,
farther on in this assignment it
will be shown to depend mainly on
the band width desired. A good val-
ue for R is 150,000 ohms; if the
step up is from a 500-ohm source, a
turns ratio of 17.32 is involved.

Assming R. = 150, 000 ohms, and
P, =3.17 X 10"Lwatt. the secondary
voltage is readily found to be E;
=VP,R_=V3.17 X 107% x 15 X 10t
=6.9 X 107? volt = 69 millivolts.
This minute voltage now has to be
amplified to 1.333 volts at the grid
of the 6J5 tube.
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It will be shown later that
for better SIGNAL-TO-NOISE ratio,
it is preferable to eliminate R
gsince it, as well as the microphone,
is a source of thermal moise. The
microphone then feeds the unloaded
transformer, which appears prac-
tically as an open circuit to it
(similar to the push-pull input
transformer).

1f R, had been included and
matched to the microphone, half
of the voltage generated in the
microphone would have been lost
in its own internal resistance,
and half would appear across the
primary of the input tramnsformer.
With RL eliminated no appreciable
voltage is lost in the microphone,
80 that the voltage across the
primary, and hence also across the
secondary, doubles, and is therefore
2% 6.9 % 10°% = 13,8 x 107? volts.

If this value is used, the
voltage gain 1is found to be
1.333/(13.8 X 107%) = 9.67 times.
Resistance-coupled stages are
usually employed so far as possible
for voltage amplification. If one
stage is employed, and has a
gain of 10 or higher, it will be
satisfactory. As excess gain
is preferable, although too high
a gain 18 useless and introduces
mnecessary problems of instability.

Por example, the tube manual
shows that a 6J7 operating as a
pentode with a load and grid
resistance of 100, 000 ohms each,
has a gain of 41, which is more
than sufficient. 1If desired.
the load resistance can be reduced
proportionately to bring the gain
down closer to 10 as calculated.

The above example indicates
how the preliminary design of an
sudio amplifier would be calculated.

It will now be of value to invest-

gate the behavior of the various
voltage amplifier stages and
push-pull power output stage.
The single-ended power output
stage has been discussed in a
previous assignment.

FREQUENCY RESPONSE
CHARACTERISTICS

WAVE ANALYSIS.—The behavior of
circuits has been studied by ana-
lyzing their behavior to sinusoidal
voltages and currents. The reason
is that computations are quite simple
in such cases, particularly if J-
operators and/or vectors are em-
ployed. However, actual waves en-
countered in practice, such as the
audio signal from & microphone or
the video signal from & television
camera, are not so simple in wave
form nor is their behavior in a cir-
cuit as easy to compute.

Fortunately, such wave shapes
can first be analyzed and shown to
be made up of sinusoidal components
of different frequencies. Then the
behavior of the circuit to each com-
ponent can be computed, and then the
results summed to give the total ef-
fect. (This will be illustrated
very shortly.)

It was a French mathematician,
Fourier, who first discovered this
method while analyzing the behavior
of a vibrating string initially dis-
torted or plucked at various points
along its length. Fourier found
that the string vibrated as a whole
at some particular frequency, &lso
it could vibrate in halves, with
each half of the string vibrating at
twice the previously mentioned low-
est frequency; it could vibrate in
thirds at three times the lowest
frequency, and so on. These vibra-
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tions could take place ALL AT THE
SAME TIME; the motion of the string
might be likened to the frenzied
motions of a performer of a one-man
band.

trivial mathematical example. Math-
ematically one might say that all
its harmonics have zero amplitude,
but this is merely a play on words;
it can just as well be said to have

il

Sine wave Square wave

Sawlooth wave

J U N

V' tundamenta ana
Second farmonic

Fig. 14.—Some representative examples of periodic waves.

Fourier called the lowest fre-
quency of vibration the fundamental
frequency, the vibration in halves,
the second-harmonic frequency; the
vibration in thirds, the third-har-
monic frequency, and so on. From
this arose a method of analysis of
PERIODIC waves.

A periodic wave is one which
goes through itsinstantaneous values
over and over again; i.e., repeats
its wave form periodically. PFig.
14 illustrates some simple periodic
wave forms, including the simplest
of all—the sine wave. It is clear
from the figure that all have the
common characteristic of repeating
their wave form over and over again,
theoretically from time immemorial
until the present moment of ob-
servation.

These waves can be shown to be
composed of a number of sinusoids
whose amplitudes and phase have
special values that act to produce
the resultant wave when the instan-
taneous values are added together.
In the case of the sine wave it has
but one component, itself; this is a

no harmonics.

In the case of the square wave,
however, this is not the case. The
square wave can be analyzed mathema-
tically and shown to have an infi-
nite number of ODD harmonics. Thus,
it has a fundamental component or
first harmonic whose frequency or
crossings of the time axis are equal
to those of the square wave itself.

Then it has a third harmonic,
fifth harmonic, seventh harmonic,
and so on. The EVEN harmonics all
have ZERO amplitude; i.e., they are
absent in this wave. Returning to
the odd harmonics, we note that the
fundamental component has a peak am-
plitude 4/7 times the amplitude H of
square wave, or 4H/7. The third
harmonic has an amplitude one-third
of this, or 4H/37, the fifth harmonic
has an amplitude one-fifth of this,
or 4¢H/57, and so on. This is sum-
marized by saying that the amplitudes
of the harmonics of a square wave
vary inversely as their ORDER.

As to phase, they all pass
through zero in a positive direction
at the same moment that the square
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wave itself is passing through zero
in a positive direction. This is all
depicted in Fig. 15 (A), where it
will be observed that the square wave
and the first, third, and fifth har-
monics all pass through zero simul-
taneously in a positive direction.

/_\F)/ndamem‘a/
WATAY

M

the sawtooth wave shown can also be
resolved into a fundamental and in-
finite number of harmonics. This
time even as well as odd harmonics
are present and their amplitudes de-
crease more rapidly than for the
square wave, but they too must be of

YR VIAY

(A)

(C)

Fig. 15.—Composition of a square wave, showing the tirst three harmonics, and

the approximation to a square wave as the first two and the first three
odd-harmonics are combined.

Fig. 15 (B) shows the result of
adding the third harmonic to the
fundamental; the third harmonic
reverses the peak at the center of
each half cycle, causing the dip
shown and thereby producing a wave
that begins to approach a square
wave in shape. In (C) is shown the
further effect of adding the fi“th
harmonic; the sides of the wave be
come steeper, the top becomes flat-
ter with many smaller ripples
replacing the few ripples of (Bj.

As more and more harmonics are
added, the wave becomes steeper and
steeper on the sides, and flatter
and flatter on the top and bottom,
with more but finer ripples until in
the 1imit, when an infinite number
of harmonics have been included, the
wave becomes the square wave shown
in (A) and also in Fig. 14.

Referring to Fig. 14 once again,

certain relative amplitudes and
phase to produce the sawtooth wave.

The right-hand wave shown in
Fig. 14 involves simply two har-
monics: a fundamental and a second
harmonic. This is the type of wave
an overdriven audio amplifier may
produce, in that the negative half
cycle is more or less clipped. This
has been treated previously in the
discussion on distortion and its
calculation in vacuum-tube am-
“lifiers.

AMPLIFIER FREQUENCY REQUIRE-
ME..S.—The question now arises,
"What must be the frequency res-
ponse of an amplifier to pass various
types of periodic waves?" 1In other
words, how must the amplifier am-
plify the various harmonics to pre-
serve the wave shape? Obviously, for
best results itmust amplify them all
equally well to preserve their
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relative magnitudes.

How about phase? An analysis
indicates that if the phase shift
of each harmonic is in proportion to
its frequency, then the output wave
will resemble the input wave, and be
merely delayed a slight amount in
time for the normal phase shifts
involved.

design is simplified considerably
over video amplifier design, where
phase considerations are at least as
important as amplitude consider-
ations.

So far the discussion has
centered on periodic wave forms.
However, in speech, as well as in
television, the input signal may be

Fig. 16.—An audio wave form, non-periodic in character.

For example, if the fundamental
is shifted in phase from the grid or
input circuit to the plate or output
circuit of a tube by 10° the second
harmonic by 2 X 10 = 20° the third
harmonic by 3 X 10 = 30° and so on,
then no distortion of the wave will
result (provided also that the am-
plitude relations are maintained),
for the various components will line
up in the output just as they line
up in the input.

However, so far as AUDIO waves
are concerned, it is not necessary
to obtain this phase relation in an
amplifier, because the ear does not
seem to care whether the phase shift
is in proportion to frequency or
not. * As a result, audio amplifier

*There 1s some evidence that
this is not true in the case of
transient (non-periodic) waves, such
as the sounds in the tap-dancing,
but ordinarily the phase relations
are not of importance in audio work.

of a transient nature, and differ
from one moment to the next. Fig.
16 illustrates a possible audio wave
form. It is non-periodic in nature
because it inherently must vary as
the words and syllables change inthe
sentence.

The question arises as to
whether such a wave can be resolved
into sinusoidal components. The
answer is, "Yes, they can. "™ They
vary continuously from zero frequen-
cy or d.c. up to theoretically an
infinite frequency; there are no
gaps or "holes"™ in the spectrum as
in the case of a periodic wave.

Hence an amplifier that can
handle periodic waves should be
able to handle transient waves, too.
But it is apparent to the student
that in actual practise no amplifier
can amplify ALL frequencies equally
well. The best that can be done is
to amplify equally over a certain
band or range of frequencies.
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Fortunately, this is sufficient
for all practical purposes. Tests
indicate that if an audio amplifier
can amplify equally well from say 16
to 20,000 c.p.s., it can reproduce
all the sounds that the human ear
can hear. This is because the human
ear is similarly limited in its fre-
quency range. Similar considerations
hold for video amplifiers although
here the range is from about 30
c.p.s. to 5 mc., anenormously great-
er band width.

The problem of frequency res-
ponse in an audio amplifier is there-
fore the following: If a source of
sinusoidal voltage is used whose
frequency can be varied to any value
within the audio range, and this
voltage is applied atfixed amplitude
to the input of the amplifier, then
the output voltage of the amplifier
should be also of constant amplitude
over the given range.

The output voltage or the gain
o (ratio of output to input voltage)
can be plotted as shown in Fig. 17,
it is called the frequency response
of the amplifier. This is purposely
shown as having a certain amount of
curvature at the ends of the band-
width, denoting that the gain falls
off at these extremes. This is be-
cause actual amplifiers do not have
an absolutely flat response over the
desired frequency range, and then
fall off abruptly, but instead fall
off more gradually, as shown.

The reason why audio amplifiers
do not have a flat response over an
indefinite bandwidth is due primari-
ly to the external impedances such
as the load impedance, but also in-
cluding interelectrode capacitances
rather than to the electronic action
in the tube itself., The latter ac-
tion is practically instantaneous
until frequencies high in the mega-

cycles are encountered, whereupon
transit-time effects come into play.

f?eyuenqg

Fig. 17.—Typical frequency response
of an audio amplifier.

These will be treated at the
appropriate point in the course.
For audio amplifiers, however, it is
merely necessary to study the beha-
vior of the external impedances with
frequency, in order to understand
how the resulting frequency response
curve comes about.

THE RESISTANCE-COUPLED AMPLI-
FTER. —The first type of amplifier
stage to be studied is the resist-
ance-coupled amplifier. It was dis-
cussed previously from the graphical
viewpoint; this had to do more with
the maximum signal output and dis-
tortion than with the frequency res-
ponse.

Fig. 18 (A) shows the circuit,
including in dotted lines the inter-
electrode capacitances which affect
mainly the high-frequency response.
However, the grid-to-plate capaci-
tance Cg affects mainly the input
capacitance of the tube, and can
therefore be combined with the grid-
to-cathode capacitance Cgk plus the
stray wiring capacitance.

In the case of a pentode tube,
Cgp is very small owing to the shield-
ing action of the screen grid, but
then the capacity of the control
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grid to the adjacent screen grid
adds to that of the cathode to pro-
duce a noticeable increase in the
input capacity, and the capacity of
the plate to the adjacent screen
grid produces an appreciable output
capacity.

0

ué

| S | S

frequency response,. The low-fre-
quency response will be studied
first.

At the low audio fregquencies,
the reactance of the coupling capa-
citor Cg prevents the output voltage
across the grid resistor Rg from

I--CAL
.

@)

Fig. 18.— Typical resistance-coupled stage, showing the various circuit
elements involved.

Hence, let the output capacity
be denoted by C_, and the input
capacity by C,; these include all
the various capacitive components
including that of the wiring to
ground. At low frequencies their
reactance is so high as to consti-
tute a negligible shunt across R,
so that they may be omitted, and the
circuit represented as in (B).

At high frequencies, the series
reactance of Cg is negligibly small,
so that C, and Ci are essentially in
parallel, and constitute a single
capacitance C = C0 + C,- Represen-
tative values of C are from 20 to
100 upf; the reactance at 10,000
c.p.s. and higher may constitute an
appreciable shunt to RL, particular-
ly if the latter resistance is on
the order of 100,000 ohms or higher.

It is therefore convenient to
study the behavior of the resistance-
coupled amplifier in three steps:
its low-frequency response;, inter-
mediate- frequency respoinse; and high-

being as large as at the higher fre-
quencies. In other words, the low
frequencies are attenuated until at
zero frequency, the gain is zero.

This is shown in Fig. 19; the
gain drops from its maximum value in
the intermediate-frequency range
along the curve shown. The action
can best be understood by the appli-
cation of Thevenin's theorem to the
equivalent circuit.

In Fig. 20(A) the equivalent
circuit is shown: the input grid
voltage e, acts like an equivalent
voltage He, injected in the plate
circuit in series with Rp. The load
is RL paralleled by C in series
with Rg, and the output voltage is
e, across R .

Thevenin’ s theorem states that
any linear circuit can be broken
into two parts: one containing the
generator whose effects are of in-
terest; and the other part contain-
ing the terminals across which it is
desired to find the voltage or
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through which it is desired to find
the current flow, or both. The first
part is considered to be the gener-
ator; the second part, the load.
The apparent internal resistance of
this generator is the impedance that
would be measured looking into the
terminal at which the break was
made; the apparent generated voltage
of this generator is that appearing
at the same terminals when the sec-
ond part is disconnected.

This will be clearer when stud-
jed in the light of the problem at
hand. Referring to Fig. 20, let the
terminals, at which the assumed
break is to be made, be 1-1. Then
all to the left is the apparent
generator; all to the right, is the
load. The points at which the break
is to be made are arbitrary, one
chooses those points which will fa-
cilitate the solution of the problem.

The apparent generator there-

" attenvation of the
S fover audio frequencies

ra

Fig. 19.— The reactance of the cou-
pling capacitor attenuates the lower
audio frequencies.

fore contains Ue,, Rp, and R,; the
load involves C_and R_ in series.
The internal resistance of the ap-
parent generator or source is that
seen looking in to the left from
1-1. The actual generated voltage
is ignored in this calculation;
there are therefore simply two re-
sistive parallel paths between 1-1;
namely, that through R and that

through Rp. Hence the apparent
source impedance is R and Rp in
parallel, or RPRL/(Rp + R)).

The apparent generated voltage
is that appearing across RL when C'
and Rl are not connected. This
voltage is simply He, mul tiplied by
the ratio of RL to (RL + Rp), or
uei(RL/RL + Rp). This is shown in
(B);, this is the generator that can
be assumed feeding C_ and R! and
developing the output voltage e
across Rs.

Fig. 20.—Equivalent circuit and ap-
plication of Thevenin's theorem to
it.

Thevenin's theorem has there-
fore reduced the more complicated
circuit of (A) to the simpler series
circuit of (B), and has indicated
that a simple R-C time constant will
be involved. It is quite simple to
so.ve for e in terms of e, and
also their ratio e /e, equal to the
gain a. The result is:

G R/
1= _;.".Lﬁ_ (8)
Vi + R
and the phase shift is
6 = tan"1¢1/B) = cot™! B (leadin%.)

a

where a; represents the gain at low
frequencies, Ré represents R_, RL,
and R, of Fig. 20 in parallel, and /3

is a variable compounded of 27 forw
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and the time constant T, involving
C and all the resistances connected
around it. Thus

R R,
T,=C {R +—2-L (10)
s\ ®* R *+R

and
B = wT, (11)

At sufficiently high frequen-
cies B? is much greater than unity,
so that V1 + B® is essentially equal
to VB® = B, whereupon Eq. (8)reduces
to

@, = GRg (12)
where o, is the gain at intermediate
audio frequencies*. This is the
region of highest gain; it will be
shown subsequently that the shunt
capacities begin to pull down the
gain once more at the higher audio
frequencies.

Hence the gain at either the
low or the high end of the band can
be expressed in terms of the gain
o, at intermediate frequencies.
Specifically, the ratio of low-fre-
quency to intermediate-frequency
gain is

a /0, =1, = BV1+ B2 (13)

This expression can be readily
plotted; i.e., r; can be plotted
against B. As B is decreased (which
means that for a given value of T,
w is decreased), r,; decreases, and
the plot is simply the low-frequency
response of the resistance-coupled
stage in terms of the generalized or
normalized variable {8 rather than
or f.

*This refers to frequencies
from perhaps 500 to 3000 c.p.s. or
so, and not to the i-f amplifier of
a superheterodyne receiver.

The curve can be used for design
purposes, and for any permissible
drop in response r,; at any given low
frequency wl/2n; Tl can be computed.
However, it is generally preferred
to express the drop in response in
db rather than numerically as rj.
The db attenuation is simply

A(db) = 20 log r, (14)

Hence a curve will be plotted
between A (db) and 8. This is shown
in Fig. 21. As expected, it has the
same general shape as the specific
frequency-response curve for the
stage. This graph is very simple to
use, as the following example will
show.

Suppose a drop of 2 db is per-
mitted in a resistance-coupled ampli-
fier stage at 40 c.p.s. What time
constant is permitted for the stage,
and how is this then translated into
circuit constants? From Fig. 21, for
a 2 db attenuation, 3 is found to be
equal to 1. 3. Since w; = 27 40
= 251 radians/sec., from Eq. (11),
T; is found to be

T; = fw= 1.3/251 = .00518 sec.

Now suppose a 6SJ7 pentode tube
is employed, Fig. 22. Its Rp is over
one megohm, (assume, for simplicity,
it is one megohm), its Gm = 1650
pmhos, and a value of RL =0.5 megohm
is chosen. Suppose the tube follow-
ing this one is also a 6SJ7 type,
and a grid resistance Rg of 1 megohm
can be used. Then from Eq. (10),

R, R
C ::Tl/(f‘ + _JL_J;‘)
e &t R +R
p L

1.0 X 0.5
= ,00518/(10% + ———— x 10%)
1.0 + 0.5

= 0.00389 uf. or 0.004 uf.
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Such a value of C8 will permit
this stage to hold up its response
at 40 c.p.s. so that it does not
drop by more than 2 db. This, how-
ever, depends upon the values of RSG
and CSG in the screen circuit, and
Rk and C, in the cathode circuit.
Unless these R-C pairs have a suf-
ficiently high time constant, ad-
ditional low-frequency attenuation
will result from these circuits.
This will be taken up farther on.

One further point remains,
namely the calculation of the phase
shift at the specified frequency of
40 c.p.s. (Of course calculations of
attenuation and gain can be made at
any frequency in exactly the same
way as illustrated here.) From Eq.
(9), the phase shift is

0 = tan"! (1/1.3) = tan~! 0.77
= 37°35' leading.
In passing, it is to be noted
that the gain at intermediate audio

frequencies is, by Eq. (12)

@, = (1650 X 107°)

1
x
1 1 1
— t a—
10  10® 0.5 % 10°
= 413

The actual measured gain is 238; the
difference is due to the fact that
the tube has a lower Gnin the actual
region of operation on its charac-
teristic curves than the value of
1650 Wmhos given.

The actual gain can be either
measured experimentally, or deter-
mined graphically in a manner des-
cribed in a previous assignment.
Such determination will not be made

here because all that it is desired
to calculate here is the DROP IN
GAIN at 40 c.p.s., rather than the
actual gain. The drop in gain is
important asdetermining the fidelity
of amplification; the actual gain
is usually made more than necessary
to provide a factor of safety in
this respect.

HIGH-FREQUENCY RESPONSE. ~— The
high-frequency gain o, can also be
expressed as a certain fraction of
the gain at intermediate-frequencies.
Thus, referring to Fig. 23(A), the
equivalent circuit at high audio
f.equencies involves Rp, Ri. and Ry
and the shunt capacitance C discussed
previously. The series coupling
capacitor C5 is not shown because it

Fig. 22.—Pertinent constants of a
resistance-coupled stage used as an
example.

is essentially a short circuit in
this frequency range.

Once again the circuit can
be broken at terminals 1-1 (by
Thevenin’s theorem) to yield the
circuit shown in (B). It is at once
noticed that an R-C time constant is
involved just as in the low-frequen-
cy region. The equivalent source
impedance is clearly Rg, R, and Rp
in parallel; this was denoted

r
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previously as R_. r, = V1 + 2 (17
The apparent generated voltage
He! can be readily calculated from and
He  in the circuit of (A); however, 9. = tan~ Yy (18)

it is simpler to use the constant-
current equivalent circuit shown in
Fig. 24, in which the tube is repre-
sented as a constant-current gener-
ator feeding the constant current
Gmes into RP, RL, Rg, and C, all in
parallel.

In the intermediate audio-fre-
quency range, the reactance of C is
sufficiently high so that it can be
ignored, whereupon the gain becomes
that given previously, namely:

@, = G R, (12)

At the higher audio frequen-
cies, C modifies this in a manner
similar to that produced by Cg in

Y )

Fig. 23.—Equivalent circuit of the
resistance-coupled amplifier at the
higher audio frequencies.

the low- frequency range:
— - 2
a /o, = r = 1/V1 + «®T2 (15)

The phase shift is

0, = tan™ ' wT_ (lagging)  (16)
where T, = CR,

Once again set wT, = 7, where-
upon Egs. (15) and (16) become

Then, similarly to Eq. (13), r, can
be plotted against 7y to provide a
generalized curve for facilitating

the calculation of the high-frequen-

L

Fig. 24.—Constant current equivalent
circuit at high frequencies.

cy response. Instead of using |
20 log Iy is used just as in the
case of the low-frequency response,
and the resulting curve is shown in
Fig. 25. It has, of course, a shape
exactly similar to a frequency-res-
ponse curve, since db attenuation is
being plotted against a variable 7Y
that is proportional to the frequen-
cy @

To illustrate the use of this
curve, let us take the previous
example of the 6SJ7 tube. It will
be recalled that RP = 10 megohm,
RL was chosen as 0.5 megohm, and R
as 1 megohm. Assume further that
the total capacity C = 25 uppf.

Suppose an attenuation of 0,22
db is permitted at 20,000 c.p. s.
Then, from Fig. 25, ¥ = 0.23 =w T
= 277 20000 TH. From this

T, = 0.23/400007 = 1.832 X 107°

But T, = CR;, and R, is 1.0 megohm,
0.5 megohm, and 1.0 megohm in par-
allel, or 250000 ohms. Hence
C=1.832x 10°%/.25 x 10% = 7.33
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puf. This is considerably less than
the 25 ulf actually present, and in-
dicates that either a greater db at-
tenuation will have to be accepted
at 20,000 c.p.s., or the bandwidth
will have to be reduced, or Ry will
have to be reduced.

To see how much db. attenuation
25 puf. will give at 20,000 c.p.s.,
first find the corresponding value
of T, It is 25 x 107'% x 250000
= 6,25 x 107°% sec. Then «Ty =27
x 20000 x 6,25 x 107% = 0.785 = 7.
For this value of 7, Fig. 25 indi-
cates that the attenuation will be
2.12 db, which is considerable. If
three such stages are employed, for
example, the attenuation at 20,000
c.p.s. will be 3 X 2,12 = 6.36 db, a
sizeable amount.

To obtain but 0.22 db with 25
ulf capacity, the bandwidth will
have to be reduced. Thus, 7y must
equal 0.23. T, = 6.25 X 107° sec.
Then, since Yy = oT;, @ = v/ Ty
= 0.23/6.25 X 10~® = 36,800 rad/sec
or

f =w/27 = 36,800/27= 5,860 C.p.s.

Unless the amplifier has many
stages, an attenuation of 0.22 db at
5,860 c.p.s8. may he acceptable. This
depends upon the specifications for
the system. If 0,22 db is desired at
2,000 c.p.s. 1nstead Ol at b, 86U,
and C must remain 25 Huf, then the
third possibility can be investiga-
ted, that of reducing R; (which is
Rv, Ry, and R in parallel.)

Thus, it was found originally
from Pig. 25 that for 0,22 db attenua-
tion, ¥ = V.23 = «l,, and that 1or
w = 27 20,000, T, = 1.832 x 107°,
Then

R, = T,/C = 1.832 X 107%25 X 107'*

= 73,280 ohms
instead of 250,000. Since Rp can-

not be very well altered from its
value of 1.0 megohm, and Rg should
remain high (preferably at its one-
megohm value), RL will have to be
reduced.

Such reduction can readily be
accomplished; if R, is reduced to
slightly more than 73,280 ohms, (say
75,000), R; will be reduced to the
desired value of 73,280 ohms. This
in turn will affect the intermediate
audio- frequency gain and also the
low frequency response and increase
the attenuation in the latter region.
However, by increasing C_ by the
proper amount, adequate compensation
can be obtained.

The phase shift is given by Eq.
(18) as

6, = tan™' .23 = 12.97° (lagging)
= 23°30' (lagging)

This is the phase shift that
will occur at 20000 c.p.s. if either
C is reduced from 25 to 7.33 WUL.
or R, is reduced to 73,280 ohms. Or
this phase shift will occur at
5,860 c.p.s. if C = 25 puf and R is
maintained at 250,000 ohms.

SCREEN-GRID IMPEDANCE. —Not
only does the control grid cause an
a-c or signal component to flow in
the plate circuit, but also in the
screen grid-circuit. Normally, the
screen-grid circuit is bypassed as
shown in Fig. 26, but at low fre-
quencies ng assumes a high react-
ance, and R, is normally a high re-
sistance, so that the signal com-
ponent developes an appreciable sig-
nal voltage across these two com-
ponents in parallel.

This signal voltage is of course
180° out of phase with the input
signal voltage applied to the con-
trol grid, just as in the case of
the plate signal voltage. However,
the presence of a signal voltage on
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the screen grid of reversed polarity
tends to oppose the effect of the
control grid on the PLATE current,
and therefore reduces the output
gain. Since the screen signal volt-
age increases as the signal frequen-
cy is decreased, there is present a
frequency-selective attenuation;
i.e., inadequate bypassing of the
screen grid tends to attenuate the
lower audio frequencies.

The extent of this low-frequen-
cy attenuation has been worked out
by Terman and others.* The follow-
ing formula applies:

r = =t = (19)

where r_ is the ratio of the gairn at
low-frequencies to that at higher
frequencies, Rss is the internal
cathode-to-screen resistance, and Rs
is the external series resistance.
The variable & is equal to @T o
where ng is the time constant ob-
tained by multiplying the screen
bypass capacitor Css by Rss and Rs
in parallel.

As before, Eq. (19) can be
plotted to yield generalized informa-
tion. The quantity ng/(Rs + ng)
can be represented by a single
variable B, whereupon Eq. (19) be-
comes

B+
r 2 e——
* 1+ 3
In Fig. 27, r_ is plotted against 8,

for various values of B, which is
kept constant for any one of the

(20)

*Terman, Hewlett, Palmer, and
Pan, "Calculation and Design of Re-
sistance-Coupled Amplifiers Using
Pentode Tubes, * Trans. A.I.E.E Vol.
59, p. 879, 1940.

curves. P is therefore a parameter
in Fig. 27. The phase shift is given
by

958 = tan~! §/B - tan"! & (leading)
(21)

As a simple example of its use,
consider the type 6S8J7 tube previous-
ly studied in an amplifier stage.
It had an r_ = 1,0 megohm as a pent-
ode. The tube Manual gives its r,

Fig. 26. —R-C circuit elements in
the screen-grid circuit affect the
low-frequency gain of the stage.

as equal to 7600 ohms when triode
connected. As a rough but suffi-
ciently good approximation, assume

=5r =5 X 7600 = 38,000 ohms.
(Tﬁe ac€u31 value for R ,_ is un-
fortunately not given by %he tube
manufacturer as a general rule.)

The screen potential is given
as 100 volts, and the screen current
as 0.8 ma. Hence the screen dropping
resistor is

R, ,=_:_|_ﬂ-u-2oo.3
0.8 X 10
Then P = 33000/(250,000 + 38000)
= 0.132. Suppose 20 log r_, is to
equal 0.2 db at 40 c.p.s. (This at-
tenuation is in addition to that
caused by the grid-coupling time
constant.) Now refer to Fig. 27.
There is no curve for B = 0.132, but
for 20 log r_, = 0.2 db, all the

= 250,000 ohms.
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curves are practically coincident,
and yield a value of & of about
3.0, within the accuracy to which
the curves can be read. Then ar,

= 5, and since @ = 27 40 rad/sec.,

T.‘ = 3/(2m 40) = 0.01193 sec.

8ince the resistance factor in T_‘
is B.‘ and R, in parallel, or

R = 38,000 X 250,000 . 33 000 ohms,
250, 000 T 38, 000

then

Cog = Top/R = 0,01193/33,000

= 0,361 uf.

A 0.5 uf capacitor should be used.
The phase shift is given by Eq.
(21) and is equal to

0, = tan™' (3/.132) - tan™? 3

= tan~! 22.8 - tan~! 3
or

6,, = 87°30' - 71°30" = 16°
(leading)

SELF-BIAS INPEDANCE.—1In fig.
28 i8 shown a cathode self-bias
resistor, R,. The plate current 1P
flows through the load resistor R,
and R, in series. Across R, it
develops the output voltage e, and
across R,, it develops a voltage e,.
Assuming sa electron flow up through
R, to the cathode, it is clear that
the cathode will be POBITIVE to
gromd, and hence to the grid, which
is connected to ground through its
resistor R or similar circuit ele-
sent. 1In other words, the grid is

biased NEGATIVE to the cathode.

Now when an a-c or signal volt-
age e, 1s impressed between the grid
and GROUND, a similar a-c component
is developed in ip. As a result an
a-c or signal component is developed
ir e;, and ALSO IN e,. This signal
component of e, is OPPOSITE IN PHASE
to e,, and hence opposes it. This
represents negative feedback, which
will be discussed more fully in the
following assignment.

Fig. 28.—Circuit conditions when a
self-bias resistor i1s used in series
with the cathode.

As a result of this opposing
action, the ACTUAL or NET voltage
appearing between the grid and cath-
ode is not the applied signal volt-
age e_,, but the smaller value e,
wvhere e = e, - e, This in turn
means tiat the output voltage e
will be less for a given applied e,
than would be the case if R, were
omitted; in short, the gain of the
stage has been reduced,

In order to restore the gain to
its higher value when R, is absent,
8 bypass capacitor can be connected
across R , thereby making the a-c
impedance between cathode and ground
mach lower than the d-c resistance
R,. The result is that d-c grid
hias is still obtained, hut no a-c
or signal negative feedback and
consequent reduction in gain.

Unfortunately, the reactance of
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a capacitor is high at low frequen-
cies. This means that the bypassing
effect and reduction in negative
feedback will not be as much at the
lower audio rrequencies as at the
higher audio frequencies. The result
is an attenuation of the lower fre-
quencies or "drooping® of the fre-
quency response curve at the "low"
end.

This "droop " can be reduced to
any desired degree by employing a
sufficiently large cathode bypass
capacitor (call it C ). 1In the
snalysis previously cited, in which
Terman and his associates calculated
the effect of the screen bypass
capacitor, he has also calculated
thz effect of the cathode bypass
capacitor,

The results will be given here
in slightly modified form. Thus

actual output voltage

Output voltage with zero bias inpedance

=rb

V1 +oA1?

= (22)
)/(1 y g-er.)ﬂ i a}aT:

where g is the transconductance of
the tube, R, is the cathode bias
resistor, ’rk is the cathode time
constant equal to Cknk, w is the
angular frequency (= 27f), and r, is
the ratio ot the actual output volt-
age to the output voltage with zero
SCREEN impedance, as defined in Eq.
(20). Note that the required bias
bypass capacitor (imvolved in Tk)
will therefore depend upon how well
the screem circuit is bypassed (to
the cathode).

Let the quantity aT, be denoted
by 7. Further, let us use the db
attenuation instead of the voltage

ratio r; i.e., let us use 20 log
r,. Then Eq. (22) can be rewritten
as

A =20 log b
1+ (23)
(a+gRr )2+

m ks

= 10 log

and the phase shift produced by C,
as

(24)
6, = tan™' m - tan”! 7/(1 + gR,T,)

Eq. (23) involves the variables
A, 7, and (g_er.). In Fig. 29, A
has been plotted versus 7, with
g_er‘ acting as a parameter, and
taking on the values 0.5, 0.8, 1.0,
15,2 3, 4 5 6, 7, 8, aud 10, thus
giving rise to the family of curves
shown. The left-hand family is the
plot for values of n from 0.1 to 15;
the right-hand family is the plot on
a larger scale for values of 1 from
15 to 100, so as to improve the ac-
curacy in this region.

An example will make the use of
these curves clear. Thus, assume as
before the same 6SJ7 tube. It re-
quires a bias of -3 volts, and
draws a plate current of 3 ma, and a
screen current of 0,8 ma (according
to the Tube Manual). The required
value of R, is therefore

__ 3
R, = .0038

= 790 ohms,

on the basis that both the plate and
screen d-c components flow through
fe Assume that an attenuation A of
0.2 db is permitted at 40 c.p.s. 1In
the previous example for the screen
grid bypassing, the attenuation was
al so assumed to be 0.2 db;, this re-
presented -20 log r_,. Hence r_  can
be calculated as follows:
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1 1
r = = = 0.977

0.2
anlog — anlog .01
20

Now g R r can be calculated; its
value is

1650 * 107% X 790 X 0,977 = 1.272

or approximately 1. 25

From Fig. 29, for 0.2 db, one
can interpolate about hal fway be-
tween the right-hand curve labeled
1.0 and the curve labeled 1.5. The
value of N obtained is 9.6. Since

M= amk = 9.6, and w = 2740,
T, = 9.6/240 = 0.0382 sec.
Then
C, = T,/R,_ = 0.0382/790 = 48.3 uf.
or about 50 uf.

This is a large value, but since a
very low voltage is involved (3
volts), a low-voltage electrolytic
capacitor can be employed that is
neither too expensive nor too bulky.
Electrolytic capacitors of from 500
to 1,000 pf. are employed in video
(television) amplifiers for bypassing
the cathode bias resistor because
very small attenuation, and particu-
larly phase shift, are desired.

The phase shift is, by Eq. (24):

6, = tan™! 9.6
-tan™! 9.6/(1 + 1.272)

'

= 84°3' - 76°%2' = 7°1'

This is a small phase shift, in
harmony with the small attenuation

of 0.2 db specified.

TRANSFORMER COUPLING

INPUT AND INTERSTAGE TRANS-
FORKERS., —1In an earlier assignment
on mutual inductance, the iron-core
type of transformer was analyzed and
its frequency response discussed.
A brief review will be given here
before taking up the properties of
the input transformer.

All transformers involving
coupling between two windings can be
represented by an equivalent tee
configuration, asillustrated in Fig.
30. Here Rpw and R, represent the
primary and secondary winding re-
sistances, respectively; Cp and Cs,
the distributed capacitances of the
two windings, Cm represents a mutual
capacity between the primary and
secondary windings, * which can
usually be regarded as so much ad-
ditional capacity across the second-
ary. The core losses are represent-
ed by R, the load impedance by Z;
the turns ratio by a;, and the mutual
inductance, by Lm.

The latter represents the flux
of the primary which also links the
secondary. The primary flux which
does not link the secondary is the
primary leakage flux, and is denoted
by LPL; similarly, the secondary
leakage flux is denoted by LsL. The
ideal transformer of turns ratio
1: a is designated by I.T.

The equivalent tee representa-
tion is admittedly a more complicated
appearing configuration than the
actual representation of the two

#The presence of C; makes the
equivalent circuit actually a
bridged tee rather than an ordinary
tee configuration.
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winding transformer, but has the
advantage of bringing all the hidden
effects out into the open, as it
were. Furthermore, it can be con-
siderably simplified by studying its
trequency response in three separate
parts: the low-frequency, the inter-
madiate frequency, and the high-fre-
quency response. This is analogous

low frequencies, shunt capacitances
are negligibly high in reactance,
series inductances are negligibly
low in reactance, and hence both can
be omitted. There remains then only
the winding resistances and the
mutual inductance Lm. At interme-
diate frequencies even Lm has a
negligibly high reactance, and can

Cm
. Bow L ra Ls, Hsw

o {0 O O0— &lkm~_4§%~ L [ T AN — ———1

g g g <

2 : :

Ae %Lm A2 3
< R '>Z
;: gj g g Cs > L

o 7 ' 7 -

Fig. 30.—Two-winding transformer and its tee equivalent.

to the treatment of the resistance-
coupled amplifier. However, the
transformer exhibits certainparallel
and series resonant effects that are
not present in the resistance-coupled
amplifier, as will be apparent in
the discussion that is to follow.

In Fig. 31, (A), (B), and (O)
are shown the configurations to
which the tee representation reduces
at the low-, intermediate-, and high-
frequency ends of the spectrum. At

1:a

be omitted; this defines the inter-
mediate-frequency range. At the
high frequencies the shunt capaci-
tances and series leakage reactances
must be taken into account, but Lm
can still be omitted.
LOW-FREQUENCY RESPONSE. — Con-
sider the low-frequency end first.
For convenience, all secondary im-
pedances can be shifted to the
primary side by first dividing by
a® to obtain the reflected values.

Lm
J 17
{A)

Fig. 31. — The tee representation simplifies down to the above configurations at

o—/\\V—g l.a
Apr As Row Asw
A N y-3
c % B a
O 7 o . 7

I L7
B) ()

the low-, intermediate-, and high-frequency ends of the spectrum.
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This is shown in Fig. 32 (A). Now
Thevenin’s Theorem can be applied to
combine all the resistors into one
representing the internal resistance
Ré o1l an equivalent generator, whose
generated voltage is denoted by e
and is a function of the resistance
values and of the actual generated
voltage e. This is shown in Fig
32 (B).

This voltage, being obtained by
a voltage divider action of pure re-
sistors from e, is independent of
frequency if e is so assumed. But
the output voltage e  across Lm is
not, because at low audio frequencies
(say from 100 c.p.s. and below), L_
draws appreciable magnetizing current
from the source, producing an ap-
preciable voltage drop in the ap-

Riwfa*
* £, fa*

8)

Fig. 32.— A further equivalent circuit atlow audio frequencies, and the
apptication of Thevenin's Theorem to this circuit.

Thus, the equivalent source im-
pedance is (R _ + R.), R, and
(st/a2 + R /a%) in parallel, as is
clear from Fig. 32 (A), by inter-
changing the positions of Lm and
(R, /a® + R /a®), and then looking
back to the left into terminals 1-1.
Call this apparent impedance R;. The
apparent generated or open-circuit
voltage e, across 1-1 is then the
fraction of e, that appears across
R, and (R, /a® * R/a®) in parallel.
Thus

[

parent source impedance R and there-
by reducing e below the apparent
generated voltage eé. The output
voltage is then ae .

The resulting frequency response
is shown in Fig. 33. The ratio of
output voltage ae to equivalent
generated voltage eé has been plot-
ted against frequency. As can be
seen, the curve rises from zero to a
maximum value of a, the turns ratio.
The latter value is reached at a

R, (R /a® + R /a%

= 2 2
R, + st/a + RL/a

+ +
R’p w RG

R_(R,, /a® + R/ a?)

R

c

(R, /a® + R /a%)

2 2
R+ st/a + RL/a

(25)

e
® (R, +R,/a® *+ R/a® (R, *+R) *R (R, /a® * R /a%)
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frequency which terminates the low-
frequency region and starts the
intermediate~-frequency region.

Tve range of the low- frequency
regicn depends upon the quality of
the transformer; a transformer flat
to within 1 db down to 30 c.p.s. may
be regarded as having a low-frequen-
cy range from zero to perhaps 40
c.p.sS., whereas a transformer flat
to within 1 db down to 100 c.p. s.
might be regarded as having a low-
frequency range from zero to perhaps
150 c.p.s. or so.

requency | intermediate-

%
G response —-f‘—frequenqy response
|
|
o
f ——
Fig. 33.-—Low-freguency response

curve of an input transformer.

The low~frequency gain is given
by the following formul a:

, 27 fL _a
o RN T e T
(26)
aa)(Lm/RG') . awT,

V1t o (Lm/RG’)2 V1 + oPT2

where TT is a time constant equal to
(L_/R}), and also where e, in turn
is given in terms of e, by Eq. (25).
Eq. (26) indicates how the gain will
vary with frequency, at f = 0, the
numerator is zero and the denominator

becomes R;, so that the fraction
becomes zero, as was shown in Fig.
33, and if f is sufficiently high, so
that w2T§ is much greater than
unity, the gain approaches a wT /wT,
= a.

Eq. (26) therefore indicates
that if the gain is to be high
(close to a) at low values of w
(frequency), then T, must be high;
i.e., Lm must be large compared to
Ré. For a given apparent source
resistance Ré, this can be accom-
plished either by using a large
mutual inductance Lm, such as by
using a lot of iron of high per-
meability in the transformer and/or
a large number of turns. This of
course makes for an expensive trans-
former.

For a given transformer and
magnitude of Lm, a better low-fre-
quency response can be obtained by
decreasing R_. Reference to Fig.
32 (B) shows that if the actual
source impedance R, is fixed, Ré can
still be made low by making R and
hence R /a® low*.

In other words, by putting a
sufficiently low resistance RL
across the secondary, the low-fre-
guency response can be improved.
Alternatively, a resistor of magni-
tude R /a® can be connected across
the primary to give the same result.
Later on it will be shown that the
effects on the high-frequency re-
sponse are exactly opposite, but so
far as the low-frequency response is
concerned, both connections flatten
it. However, one disadvantage of
this procedure is that eé is reduced,
as will be evident from Eq. (25)

*The secondary winding resist-
ance R;,, as well as w2 are usual-
1y negligible compared to the other
resistances associated with them.
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where the numerator decreases more
rapidly than the denominator as
R /a®? is reduced. Thus, flatness of
frequency response is obtained at
the expense of gain, as is shown in
Fig. 34.

Came high R,
ae,

medium B,
€6

low R,

Fig. 34. —The low-frequency response

is improved at the expense of gain

as the secondary load resistance RL,
is reduced.

INTERMEDI ATE-FREQUENCY RESPONSE-
In the intermediate-frequency range
the equivalent circuit is quite
simple, and is shown in Fig. 35.
Here e_ is equal to eé, as given by
Eq. (25), and the output voltage is
therefore ae_ = aeé, a value inde-
pendent of frequency. If RL = @
(no load across the secondary), and
Rc is very high, such as 200,000
ohms or so, then e, it e, and
the output voltage of the transform-
er is the generated voltage of the
source multiplied by the turns ratio,
or aeg. In this range the actual
transformer approaches most closely
to the ideal transformer; the range
extends to 3,000 or even 10,000
c.p.s. or better, depending upon the
excellence of the transformer.
HIGH-FREQUENCY RESPONSE. — At
the higher frequencies, the leakage
inductances and distributed and
shunt capacitances cannot be ignored.

Of the latter, the primary capaci-
tance Cp can usually be neglected,
but the secondary capacitance Cs
(which can also be regarded as in-
cluding Cm) cannot be ignored.

The equivalent tee circuit

ia
¢ Asw -
a2 € ae,
€c Az é%g‘ l

Fig. 35.—Equivalent circuit in the
intermediate-frequency region.

therefore approximates that shown in
Fig. 36 (A). Usually the core-loss
equivalent resistance R_ can be ig-
nored, too, and after referring all
secondary impedances to the primary
side, Fig. 36 (B) is obtained. Here
it is apparent that a series-re-
sonant circuit is involved (ignoring
R,/a® for the moment). As such, a
peak will be obtained in the high-
frequency response, whose height
will be determined by how low the
gource resistance (R, + Rpw+ st/é5
is.

The resonant frequency, for
RL =« is simply

t = 1
"o/, tL /a%)elc
L s L s

If the Q of the circuit at resonance,
or Qr, is equal to unity, i.e.,—

(27

28)
= 27 fr(LpL y LsL/az) = (
2
(R t Rpw + Rs'/a )

then there 1s no resonant peak in
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the response, and the curve is flat,
If Qr is greater than unity, there
is a peak; if Q is less than unity,
the response drops off. This is
clear from Fig. 37, by proper design
a transformer can be made to have a
flat response over the range of
frequencies of interest.

RPW

ly loaded, the circuit assumes the
configuration shown in Fig. 38 in-
stead of Fig. 36. (In Fig. 38, R
should be numerically equal to Ri‘/aB
in Fig. 36, for the same low-and in-
termediate- frequency response.)

If Thevenin’'s Theorem be ap-
plied to the circuit of Fig. 38 (A),

ij/az

Fig. 36.—Configuration representing the transformer at the high-frequency
end of the audio spectrum.

When the secondary is loaded
with R;, the capacitor C_ is shunted
by R, and this serves to lower the
circuit Q in addition to the lowering
of the circuit Q by the SERIES re-
sistance of the circuit. Thus, the
unloaded transformer may show a
resonant peak, and the loaded trans-
former a droop in response. To
minimize such variations from the
unloaded to the loaded case, Cs
should be relatively large and the
total leakage inductance should be
relatively small for a given resonant
frequency. However, if the response
is to be flat up to a very high fre-
quency, say 20,000 c.p.s. or more,
then f must be around 20,000 c.p. s.,
so that from Eq (27) both the leak-
age inductance and C_ must be small.

It can now be seen what effect
loading the primary with a resist-
ance instead of the secondary will
produce. In the low-and interme-
diate- frequency ranges the effects
were the same. But at the high fre-
quency end, if the primary is actual-

and all the resistances combined to
give an equivalent source impedance
Ré, the circuit of Fig. 38 (B) will
be obtained. It is immediately
evident that the source impedance
has been reduced from R, to R, and

R, in PARALLEL, or R, is less than

R
Gan= | =t
ae, >
= ‘ Q1=
G S
Low- | lnlermed/afe—i High-
frequency ——frequency—>~f) r‘equz’ncy
"eSfJOnSZ I /'ESFOIUG i 1'85/00/752

Fig. 37. —The peaking at the high end
depends upon the Q of the series re-
sonant circuit.
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As a result the Q. of the cir-
cuit is RAISED, and a PEAK in the
high- frequency response will be ob-
tained instead of a droop. This is
the important difference between
loading the secondary or the primary
of a transformer; the high- frequency
response is oppositely affected.

A)

and is flat (no peak) at the high
end.

This is illustrated by the
s0lid line in Fig. 39. It is desired
to raise the response at the low
end as indicated by the dotted line.
If the primary side were loaded by
connecting a suitable resistance

Fig. 38.—Circuit configuration when the primary instead of the secondary side
is loaded with a resistance RL.

Note from Fig. 36 that if the
secondary is loaded, the reflected
resistance RL/a2 is separated from
R, by the intervening series leakage
inductance, and hence cannot be com-
bined with R;, as it can at the low-
frequency end of the spectrum where
the leakage reactance is negligible.
It is this fact that makes the high-
frequency behavior for the two kinds
of loading different, whereas the
low- frequency behavior is identical.

No numerical computations have
been given because the transformer
constants cannot be very readily
changed, and the values can be infer-
red from the frequency-response
curve.

However, one practical case can
be cited as an example: the ad-
justment of the frequency response
by judicious primary and/or second-
ary loading. Suppose the response
drops off too much at the low end,

across its terminals, the low-fre-
quency end of the curve would be
raised, but an unwanted peak would
appear at the high-freguency end
owing to the increase in the circuit
Q by primary loading.

On the other hand, were the

Gain

Fig. 39. —Extending the low-frequen—

cy response of a transformer by

proper loading of the primary and
secondary windings.
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secondary loaded, the low frequency
response would again be raised, but
a droop in the high-frequency re-
sponse would occur owing to the de-
crease in the circuit Q Therefore,
it is necessary to connect higher
resistances across BOTH the primary
and secondary, of such relative
values that they balance one another
and maintain the unity Q that the
unloaded transformer possesses, and
at the same time cooperate to raise
the low-frequency response. This is
preferably a matter of cut-and-try,
al though the proper values for the
resistors could be calculated once
the transformer constants were
measured.

PRACTICAL EXAMPLES. —The discus-
sion up to now concerned itself with
a source impedance R, and a gener-
ator voltage e_. ¥hat do RG and e,
refer to in practice? The answer
is, "To a variety of things." Fig.
40 shows a possible arrangement of
components in an audio system.

A ribbon microphone, having
an internal impedance of but a frac-
tion of an ohm, feeds a step-up
transformer Tl, on whose secondary
side the internal impedance of the
ribbon appears as 500 ohms.

The line connecting Tl and the
input transformer T2 is therefore
known as a 500-ohm line. Thus, RG
for T2 is 500 ohms, and e, is the

/;j/bbo/} microphone
A

1

/ E

—_———
~

-

WS —y

L,

S00R

7
/
/

500 0bm line 4

159000 n

voltage appearing across terminals
1-1 when T2 is disconnected. Trans-
former T2 then steps up the im-
pedance from 500 ohms to perhaps
150,000 ohms. This means that 500
ohms connected to the primary side
appears as 150,000 ohms on the sec-
ondary side; conversely, 150,000
ohms connected to the secondary ap-
pears as 500 ohms on the primary
side.

However, ordinarily the second-
ary is not loaded, so that looking
into the primary of Tz, one sees
merely the transformer internal im-

.pedance, which is very high in

the audio-frequency range. If the
500-ohm line were very long, such
as a telephone line, it would be
necessary to either connect 500 ohms
across the primary of T2, or 150,000
ohms across the secondary, in order
to terminate the line and prevent
reflections from its far end with
consequent peaks and dips in the
frequency response. * For short runs,
however, such as in a studio, no
terminating resistance is required.

Indeed, no termination of
150,000 ohms is desired for Ty

*Actually a microphone line can
only be run for 50 to 100 feet or
so, owing to the noise pickup, which
would "swamp out" the weak micro-
phone signal.

Y,

WY
NN

Fig. 40.~—Ribbon microphone and pre-amplifier, showing various types of

trans formers involved.
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This is because of signal-to-noise
considerations. As will be discus-
sed more fully farther on in this
course, all resistors generate noise
voltages owing to the thermal (heat)
agitation of their free electrons.
This noise voltage is proportional
to the SQUARE ROOT of the band width,
certain constants, the absolute
temperature, and the magnitude of
the resistance. Or, to put it an-
other way, the SQUARE of the R.M. S.
value of the noise voltage is pro-
portional to the resistance R, as
well as other factors.

Refer now to Fig. 41. Suppose
RL is matched to RG, which means
a®R, = R;. Then looking into termi-
nals 1-1 an apparent source resist-
ance of azRG = R, will be seen; i.e,
the apparent source resistance is
equal to the load resistance R,.

With RL disconnected, e, appears
as ae, across terminals 1-1. When
R is connected, the voltage across
1-1 drops to aec/z, since half of
ae. 1s consumed in the apparent
source resistance a®R,, and half is
available across R,. In short, con-
necting R, reduces the voltage ap-
plied to the grid of the next tube
to one-half.

Now consider the noise voltage.
When R; is not connected, the re-
sistance generating thermal noise,
as viewed from terminals 1-1, is a
a®R; (= R;). Let the thermal noise
have a magnitude e,- Now suppose RL
is connected. Now the resistance
seen looking into terminals 1-1 is
R, and a’R; in parallel, or a®R./ 2.

Since the resistance is halved,
the thermal noise voltage is reduced
by a factor, not of 1/2, but of V1/2
or 0.707. It therefore now has the
magnitude of 0.707 e . Consider now
the signal-to-noise voltage ratio
in each case. With R, disconnected,

it is:
Sl/N1 = aej/e,

With RL connected, it is:

ae »/Eaeﬁ
S,/N ={ —=2)/(.707e) = — ==
¥z 2 " 2 e

= 0.707 (aeG/en)

Thus, by connecting RL, the signal-
to-noise ratio has been reduced to
70.7 per cent of its value with RL
disconnected.

2R £

Fig., 41. —If the secondary loading
resistance RL is omitted, the signal-
to-noise ratio is improved.

It is therefore desirable to
design an input transformer to have
the required frequency response
without secondary (or primary) load-
ing, and thus to feed it from the
source. This applies to amplifiers
operating at a low input level, such
as the pre-amplifier shown in Fig.
40. The amplifier following the
pre-amplifier can have its input
transformer loaded if it is desired
for flatness of frequency response,
since the signal level is usually
sufficiently high at this point to
override any thermal noise.

Another point that may arise is
as to the value of an input trans-
former. Its value is that of con-
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tributing to the gain of the ampli-
fier, as indicated previously, and
with practically no contribution of
noise and little loss. If the mi-
crophone were connected direct to the
grid of V1 in Fig. 40, the voltage
would be small and considerable am-
plification would be required.

Unfortunately this results in
a reflected secondary capacitance
a®C, that is so large that the series
resonance frequency is decreased to
a relatively low value. In short,
the high-frequency response is cur-
tailed, so that the transformer can-
not cover the band width desired.

éﬁﬁ@aﬂmzvaaammg 5 y
/ / i 7
f 7
! € 500 | 150000 2
L , |
/ T
500 0k hine / =

Fig. 40.-—Ribbon microphone and pre-amplifier, showing various types of
transformers involved.

If a transformer is used, or
two transformers such as T1 and T2,
the voltage is stepped up. For
example, for an impedance step-up
of from 500 to 150,000, the turns
ratio is

150000
a = = 17.32:1
500

This means that the signal voltage
is stepped up by a factor of over 17
before being applied to the grid of
V1, this is practically the gain of
an ordinary voltage amplifier stage.
Even more step up is obtained if one
starts with a very low impedance
source, such as the ribbon micro-
phone shown in Fig. 40.

It would therefore appear to
be desirable to have as high a
step-up a as possible. In other
words, transformer T2, for example,
should be made to have an impedance
step-up of from 500 ohms to perhaps
500,000 ohms, or a turns ratio of
af = V500000/500 = 31.7:1, instead
of 17.32: 1.

For that reason, in practice an
audio transformer has a turns ratio
such that 500 ohms is stepped up to
150,000 ohms or thereabouts; ordinary
transformers do not materially ex-
ceed this secondary impedance* and
turns ratio.

Referring to Fig. 40 once more
note Ta' This couples one tube to
another, and is therefore known as
an interstage transformer. It dif-
fers from an input transformer main-
ly in that it operates from a higher
impedance source; i.e., the Rp of a
tube, which is in the neighborhood
of 10,000 to 20,000 ohms.

The generated voltgge e, is
therefore He_ , where e, is the sig-
nal voltage impressed on the grid
of the tube.

Because the source impedance is
relatively high, Lm of the trans-

*Note that this is not the im-
pedance of the secondary winding it-
self, but rather that of the load
connected to the secondary.
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former must be high, perhaps 50 to
100 henries. Such a high inductance
requires many turns, and since the
secondary number of turns is about
the same whether the transformer is
designed as an input or interstage
transformer, the step-up ratio is
of necessity small, say 3 or 4 to 1.

This limits the gain, particu-
larly since the transformer requires
a source impedance of relatively low
value, not to exceed perhaps 20,000
ohms, so that for a given Gm of a
tube, if R_ = 20,000 ohms, H = Rme
will be fairly low. For example, if
G_ = 2,000 umhos, = 2000 X 10°°
X 20000 = 40, and if the step-up is
3, the overall gain is approximately
3 X 40 = 120.

Fairly close values to this can
be obtained with a high 4 (and high
Rb) tube in resistance coupling, at
much less expense, weight, and
space. For that reason transformer
coupling is not used today as much
as in the past; it is mainly used
where a low grid resistance is re-
quired, or in push-pull operation,
although even here resistance-cou-
pled phase inverters are available.

Finally, referring to Fig. 40,
note T . This is known as a tube-
to-line transformer. It is essen-
tially an output transformer, al-
thouzh it is not usually called upon
to handle any large amount of power
but merely as a break in the am-
plifier chain. Thus, suppose the
pre- amplifier shown will be called
upon to feed a so-called studio am-
plifier in another part of the
broadcast station. Then a tube-to-
line transformer T, will be used to
lower the high source impedance
(the R,p of the tube) to a lower and
more reasonable value of say 500
ohms, before the signal is trans-

ported 100 feet or more to the
studio amplifier.

At the studio amplifier an in-
put transformer (not shown in Fig.
40) similar to T2 will be employed,
so as to step up the signal from 500
ohms to as high a value as possible.
The overall step up from V2 to the
grid of the first stage of the
studio amplifier includes first the
step down in T4 say from 10,000 ohms
(the Rp of Vz) to 500 ohms and then
the step up in the input transformer
from 500 ohms to say 150000 ohms.

The overall step-up is there-
fore from 10000 ohms to 150000 ohms
or V150000 /10000 = 3.88:1 which is
about that of an interstage trans-
former. This means that in spite of
the step down to 500 ohms in T, in
order to be able to run a long line
to the studio amplifier, the gain is
as if the studio amplifier were ad-
jacent to the pre-amplifier and cou-
pled to it by a single interstage
transformer.

The tube-to-line transformer T,
therefore acts as a special output
transformer, which operates from a
relatively small voltage-amplifier
tube V,. Nevertheless its design is
essentially that of an output trans-
former; at the high audio frequen-
cies the secondary capacity has
little effect, and the leakage re-
actance acts mainly to reduce the
response.

OUTPUT TRANSFORMER. — The output
transformer is usually of the step-
down type in order to match the rel-
atively high Rp of a tube to the low
resistance of the usual load, namely,
the 6-15 ohms of the voice coil of
a loudspeaker. Where a step-down
rather than a step-up is involved,
the secondary winding capacity is
shunted by such a low (load) resist-
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ance that the Q of the equivalent
series resonant circuit at the high-
frequency end is much less than uni-
ty.

As a result a droop in the high
frequency response practically
always occurs, and the capacities of
the windings can be ignored. The
low-and intermediate-~frequency
equivalent circuits of the output
transformer are practically identi-
cal with those of the interstage and
input transformers, but the high-
frequency equivalent circuit is sim-
pler and appears as shown in Fig. 42
(A) and (B). All circuit constants
are referred to the primary side.

rent, just as in the case of the in-
put and interstage transformer. To
maintain a flat response down to a

frequency

Fig. 43. —Frequency-response curve
for an output transformer.

" "
Row  @Bsy Lp. 'Ly

(B)

Fig. 42. —High-frequency equivalent circuits for an output transformer having

a primary-to~secondary step down turns ratio of a:l.

The current (refer to (B)), pro-
duced by e, has to flow not only
through R, R, and a®R_,, but also
through leakage reactance LpL and
a’L_,. The voltage drops in the
latter increase with frequency, so
that less current can flow through
them to get to a2RL (the reflected
load) as the frequency is increased.
The result is that the output power
decreases as the frequency goes up
yielding the frequency response shown.

Fig. 43 shows the complete fre-
quency response. At the low end,
attenuation occurs because the pri-
mary draws a large magnetizing cur-

very low frequency is more difficult
for an output transformer because
it has to have a high primary open-
circuit or mutual inductance even
though the output tube is large
and draws a large d-c as well as a-c
component of current through its
primary. A large d-c component
particularly tends to cause satura-
tion of the core, with its attendent
decrease in inductance as well
as production of distortion pro-
ducts.

This is a particularly dif-
ficult matter in the case of a sin-
gle tube output.

SN
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Where push-pull output tubes are em-
ployed, the two d-c components flow
in opposite directions in their
windings and tend to cancel each
other magnetically. This in turn
decreases the tendency of saturation
very markedly, and for the same low-
frequency response, the push-pull
output transformer can be built with
less core material and/or turns as
compared to the single-ended output
transformer.

In the intermediate- frequency
range the response is flat just as
in the case of the interstage and
input transformers, and no further
comments are necessary. At the high-
frequency end, a droop occurs for
the reason cited previously: the
voltage drop produced by leakage
reactance.

This can be minimized by break-
ing up the primary and secondary
windings into many sections, and in-
terleaving these sections on the core.

The result is an expensive
construction, but a superior output
transformer, with a flat high-fre-
quency response as far out as de-
sired. In the succeeding assign-
ment a variation in design employed
by McIntosh will be described that
results in an exceedingly low leak-
age reactance and exceptionally
wide high- frequency response.

The above discussion will in-
dicate to the student the applica-
tion and behavior of the various
types of audio transformers em-
ployed. A knowledge of their behav-
jor is of value not because the
student can expect to modify the
design, but because he will know for
example how to modify the associated
circuit elements so as to adapt the
inherent frequency response of the
transformer to the requirements of

the particular problem confronting
him.

PUSH~PULL AUDIO AMPLIFIERS

The principal advantages of
push-pull operation are an output
greater than that obtainable from
two tubes in parallel, cancellation
of all even order harmonics, and
elimination of danger of core satur-
ation in the output transformer.

PUSH-PULL ANALYSIS.— A push-
pull circuit is shown in Fig. 44.
When a signal e’ is impressed upon
the primary of the input transformer
equal and opposite voltages e, and
—e are impressed upon the grids of
the two power output tubes. The
plate current of one tube is caused
to increase, while that of the other
is decreased, and if the grid swing
is sufficiently great, one current
will increase to a maximum value,
while the other will drop to zero

cutoff). Design considerations
are practically always based on
peak grid swing and resultant max-
imum power, hence in the analysis
that follows it will be assumed that
either tube’s plate current is al-
ternately driven to cutoff.

Note that the load resistor is
represented by R,, extending from
plate-to-plate; and the output
transformer by L, a center-tapped
choke. In actual practice L would
be the primary of the output trans-
former, and the load resistance
would be connected to the step-down
secondary of this transformer. This
condition can be reduced to the
circuit shown in Fig. 44very simply.
Thus, suppose the step-down ratio of
the output transformer is 20 : 1,
and the connected load is 15 ohms.
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Then the equivalent plate~to-plate
resistance shown as R, in Pig. 44 is
15 X (20)2 = 6000 ohms.

In the method to be described,

Inpul
/fa%%fmef

+eg

/

as well. The result is that the
load seen by either tube is variable
or nonlinear over a cycle of signal
voltage, and this introduces a major

NI

—AN
c
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-
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SR A
£bb

N

Fig. 44.— A typical push-pull output stage.

RL, the plate-to-plate resistance,
will be determined, and then the
step-down ratio can be calculated
that will make the actual given load
resistance look like the desired
plate-to-plate resistance. Thus,
suppose it is found that a plate-to-
plate resistance of 3800 ohms is
optimum for the pair of tubes chosen,
and the actual load resistance is
500 ohms. The step-down ratio for
the output transformer is

3800
a= [~ =2"76:1
500

The output of each tube in a
push-pull stage depends upon the
load impedance it faces, just as in
any other power circuit. However,
the load seen by either tube is not
only the reflected value of R, as it
appears across its half of the pri-
mary, but the reflected value of the
plate resistance of the other tube,

complication.

A graphical analysis is pos-
sible that enables the load line to
be plotted as it appears to either
tube. The result will be as shown
in Fig. 45. Here the load line as it
appears to either tube is C A Q B D.

Before explaining this, first
note that the impressed plate volt-
age is E ,; the bias is Ec, and the
zero-signal (d-c) plate current is
Ib, as determined by plate dissipa-
tion requirements. Specifically, if
the permissible plate dissipation is
P  watts, then the permissible
value of Ib is simply

I, = Pp/Ebb (29)
For this value of I,, a certain bias
Ec is required. By proceeding ver-
tically upward from Ebb to the value
Ib, as indicated by point Q in Fig.
5, the corresponding bias Ec is de-
termined. Point Q is called the
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gqutescent point, in the absence of
grid signal the plate current re-
mains fixed at point Q@ The fol-
lowing example will make this
clearer.

EXAMPLE. —Two 2A3 tubes are to
be operated at 300 volts plate po-
tentigl. The maximum plate dissipa-
tion is 15 watts per tube. Then the
maximum d-c plate current per tube
s 15

Ib0= -37)7) = 50 ma.
Refer now to the tube characteris-
tics shown in Fig. 46. At 300 volts
proceed vertically upward to a value
of 50 ma. By interpolation, the
tube curve passing through this
point would have a bias designation
of about -58 volts, since the point
is closer to the -60-volt curve
than it is to the -50-volt curve.
Hence the required bias is -58 volts.

Smaller values of I can be
employed, with a reduction in plate
dissipation and an improvement in
the all-day operating economy.
Thus, if the bias is increased to
-60 volts, the zero-signal plate
current I, drops to 40 ma., so that
the plate dissipation is but

Pp = (.040)(300) = 12 watts

instead of 15 watts.

The penalty is slightly in-
creased distortion, since the tubes
will be operating closer to Class B
conditions (to be explained). This
is usually of no consequence, and
moreover helps to reduce the plate
dissipation when maximum signal is
applied to the grid. Often the
plate dissipation at maximum signal
may exceed the permissible value,
when that for a zero signal is with-
in safe limits. The reason for this
will be discussed later in this sec-
tion.

CURVED LOAD LINES. ~Refer
back to Fig. 45 once more. Suppose
an a-c grid signal is now impressed.
During the positive half cycle, this
signal will reduce the grid voltage
from the bias value E_ to a less
negative value, such as e, €,, €,
(= 0), or even up to e,oreg, if the
signal is strong enough to drive the
grid positive. Then it will retrace
these values back to E_ _ once more at
the end of the positive hal f cycle.

During the negative half cycle,
the grid will go more negative,
namely, from its bias value E_ to
ei, e;, e!, e;, and e;, and then
back through these values to E_ at
the end of the negative half cycle.

The plate current will rise
to a maximum value Ipm at the peak of
the positive half cycle. This peak
value is denoted by point C in Fig.
45, and CD==Ipm. During the negative
half cycle, the plate current will
decrease to zero. Observe that this
occurs at a bias e; (point B).

As the grid swings more nega-
tive, the plate current cannot de-
crease any further, since a negative
current would mean a reverse cur-
rent, and the tube cannot pass cur-
rent in the reverse direction.
Hence the plate current remains
zero, and the path of operation is
simply along the vnltage axis,
namely BD.

The path of operation over the
rest of the signal cycle when cur-
rent is flowing is CURVED;, it is
path B Q A C. The reason for this
was indicated previously: the pres-
ence of the other tube in the push-
pull circuit makes the tube under
consideration think it is seeing a
nonlinear or variable load resis-
tance, and for such a resistance the
load line is curved.

To see the reasonableness of
such a curved load line, consider
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the moment in the grid-signal cycle If the tubes are well balanced
when the signal voltage is passing they will share the load equally be-
through zero. At this moment the tween them at this moment. To better
instantaneous grid voltage is simply understand this, suppose one tube

Cs
 —

| & 0
‘ s o

, N
C 6/ ! » 6&0

! N , , ,
b A
0 0 Lpp B D

Fig. 45.-Load resistance as it appears to either tube in a push-pull circuit.

the bias voltage E_, both tubes are were suddenly removed at this moment.
at the quiescent point Q in their Then if R, is the PLATE-TO-PLATE re-
path of operation. sistance, it would appear to the

250 |-

eres.

70!

Plate Milliam,
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o RS LA 5 ;
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Plate Valts.

Fig, 46.-—Tube characteristics for the Type 2A3 triode.
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other tube as R /4, since that tube
is viewing it through HALF the pri-
mary, so that there is a step-down
in impedance of (1/2)2% = 1/4, and
hence R, appears as R, /4.

The tube would deliver a signal
current of i amperes to its half of
the primary. Now suppose the other
tube is not removed. It should
share the plate-to-plate load R,
EQUALLY with this tube. Hence either
tube can force only HALF the current
into its half of the primary that it
otherwise could if the other tube
were removed, or the current in
either half of the primary is now
i/2, instead of i into one-half of
the primary alone.

This in turn means that either
tube views the plate-to-plate load
resistance R, as R /2 instead of
RL/4 at and around the quiescent
point Q. Hence the SLOPE of the
curved load line at Q must be that
for a load R;/2; i.e., the TANGENT
to the curve at Q has the slope cor-
responding to R /2.

Consider next the conditions
for an instantaneous grid swing that
drives one tube to cutoff. Call
this tube TUBE B. The path of oper-
ation for it is from Q to B in Fig.
45, where eé is the cutoff value.
Simultaneously the other tube, call
it TUBE A, is being driven in a pos-
itive direction to a corresponding
deviation from the bias value; call
this e,.

The path of operation for this
tube is from Q to A. Thus Fig. 45
shows the conditions for BOTH tubes
at any moment in the signal cycle,
and from the symmetry of the cir-
cuit, it is clear that the tubes in-
terchange their paths of operation
in the two halves of the signal
cycle.

The grid swing has been as-

sumed greater than that producing
cutoff alternately in either tube.
Thus, as tube B’s path of operation
proceeds from B to D; that of Tube A
proceeds from A to C. But, since
during this part of the signal cycle,
tube B is at cutoff, it is effec-
tively out of the circuit. Hence
tube A "sees™ R, as R /4 from A to C
and back to A in short, the portion
AC of the load line has the slope
corresponding to a load resistance
of magnitude R /4.

Since the load line appears as
R /2 at Q and as R, /4 (steeper) at
A, the path of operation must be a
curve that sweeps upward from Q to
A, and then remains at a FIXED slope
from A to C. On the other hand, to
tube B R, appears to approach an in-
finite value (at cutoff) as its grid
is driven negative.

Actually, it is incapable of
providing its share of the power
during this negative part of its
cycle because its plate resistance
is increasing, but to the tube it
appears instead that R is in-
creasing, until from B to D R, ap-
pears as infinite to the tube.
These rather remarkable results oc-
cur because of the nonlinear in-
ternal resistances of the tubes.

Another odd fact is that if CA
be prolonged downward, it passes
through the point Ebb, as suggested
by the dotted line A E,,. This
Yorms the basis of a simplified
push-pull construction, as will be
explained shortly. Before discus-
sing this, it will be of value to
analyze the various modes of opera-
tion.

MODES OF OPERATION. —From the
data given in Fig. 45, the so-called
transfer or dynamic characteristic
can be plotted. This, it will be
recalled, is the ®elation between
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the grid voltage and the plate cur-
rent. The transfer characteristic
for Fig. 45 is shown in Fig. 47. The
grid voltage e 1is plotted as ab-
scissa, and the plate current ip as
ordinates.

Thus, for the bias voltage E_,
the current magnitude QEbb in Fig 45

Fig. 47.—Transfer characteristic for
a tube in a push-pull amplifier.

is laid off as Q E, in Fig. 47. The
other currents are laid off in sim-

ilar manner; points C, A, Q B, and
D refer to the same current values
in the two figures. Cutoff occurs
at point B in Fig. 47; for less nega-
tive instantaneous grid voltages the
current rises in the manner shown to
the peak value CF.

However, two tubes are involved,
and hence two transfer characteris-
tics should be shown. But it must
be remembered that as one grid
swings in a positive direction, the
other swings in a negative direc-
tion, so that one plate current in-
creases as the other decreases.

This is readily shown by com-
bining the two characteristics in
the manner illustrated in Fig. 48.
The top characteristic is that of
tube A, the bottom, that of tube B.
As one proceeds from the bias value
Ec to the right, the grid of tube A
is driven in a positive direction,
whereas that of tube B is driven in
a negative direction.

Cr

|
|
|
|
|
|
]
|
|
|
|
|
|
1

& 1s

Fig. 48. —Push-pull transfer characteristics.
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As a result the current of tube
A riges from Q to A, to Cl; the cur-
rent of tube B simultaneously drops
from Q. to B, (cutoff) and remains
at the zem value to Da,

On the other hulf cycle the
two tubes reverse their roles: the
grid of tube A goes negative, and
that of tube B goes positive. The
current of tube A drops from Q1 to
B‘ and proceeds to Dl, whereas that
of tube B rises from to Aa to Ca.
In short, the transfer characteris-
tic for tube B is simply that of
tube A inverted and aligned so that
the bias or quiescent point Q’ is
directly underneath Qf

The two plate currents flow from
the outer ends of the output trans-
former to the center tap; in short,
they flow in opposite directions
through the two half-primaries of
the output transformer. Since the
currents also vary in opposite di-
rections from their quiescent val-
ues, the net effect is that the two
currents are additive; i.e., the two
tubes actually aid each other in in-
ducing voltage in the primary and
thus cooperate in delivering power
into the load R .

The plate-to-plate current I
flowing in R 1is therefore at any
instant the difference between the
currents of the two tubes, A and B;
i.e.,

i, =1,-1,
This is il1lustrated in Fig, 49, where
the two transfer characteristics of
Pig. 48 are shown once more, together
with their difference, iL. The
jatter is portrayed as a dotted line
between A, and A, . As an example,
point E on it is obtained by sub-
tracting the instantaneous value of

1’ = GH from the corresponding in-

stantaneous value of i, = GF. Tae
difference is

EG = GF - HG

and this is one value of 1,.

h S
e

Fig. 49.—Push-pull transfer charac-
teristics and resultant load current

1.

At the instant where i, reaches
Al, iB reaches B2 (cutoff) and is
thereafter zero. Hence from B, to
Da 1B = 0, and 1L becomes identical
with 1,. Similar considerations
hold for A2 where i, reaches cutoff
at Bn; 1, becomes identical with i,
and the total characteristic for i,
is CaAaE A1 C1’

Observe that the operation is
such that for sufficiently large
grid swings, the two tubes act to-
gether over only part of the audio
cycle, and at the positive and nega-
tive peaks of the cycle alternately
cutoff, so that during these inter-
vals only one tube is in operation
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at a time.

Thus, if the peak-to-peak grid
swing were only from B2 to Bl, both
tubes would be operative throughout
the cycle: current would flow in
each tube for the full 360°. Where
current flows throughout the cycle,
the operation is designated as CLASS
A

——————— /

driven still more positive until
they draw grid current, whereupon
the operation becomes Class ABz.
DISTORTION CONSIDERATIONS. — An
important question is that of dis-
tortion. In the most general terms,
distortion occurs when the effect is
not in direct proportion to the
cause. Here the cause is the grid

* oupput load
“current

T I

ié’g | el e —

A=

jﬁ/

VR

, | \ Nput vollage

Fig. 50. —Distortion produced by nonlinear relation between input grid
voltage and output load current.

On the other hand, where the
peak-to-peak grid swing is from D2
to Dl, the tubes alternately cutoff
and current therefore flows in either
for less than a full 360°. Such op-
eration is known as CLASS AB;, one
way to obtain it is to drive the
grids sufficiently hard.

If Class AB operation can be
obtained without having to drive the
grids positive, it is known as CLASS
AB1 operation. Where the grids are
driven positive and hence draw grid
current, the operation is known as
CLASS ABz. This is the case illus-
trated in Figs. 45, 47, 48, and 49.
Note that by suitable adjustment of
the tube voltages and load (as will
be further discussed), Class AB1 op-
eration can be obtained, and then-—
if one desires—the grids can be

signal voltage, the effect is either
the output load current i, or the
load voltage e, across RL. (Note
that e, is simply iL multiplied by
R..) .
Referring to Fig. 49, the effect
is 1, = (i, - 13) plotted against
e, If iL is directly .proportional
to €y the graph C2 A2 E A1 C1 will
be a STRAIGHT line. Usually the
portion A2 E A1 is straight; it rep-
resents the part of the audio cycle
when both tubes are operating, or
one might call it the Class A por-
tion of the cycle.

The other two portions A1 C
and A2 Cz, where tube A and tube B,
respectively, are operating alone,
may be nearly straight, too. But it
may come about that these two por-
tions will not be IN LINE WITH the
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center Class A portion. In that
case a very definite distortion will
occur.

Its effect is illustrated in
Fig. 50 in somewhat exagerrated
form. First it will be observed
that for a grid swing B1 that 1is
not excessive, only the center
linear portion of the push-pull
characteristic (Class A part) will
be traversed, and the output load
current will be Bz, an essentially
undistorted copy of Bl.

However, if the grid swing is
Al, then the entire push~pull char-
acteristic is traversed, including
the two corners, and the output wave
is Az. Clearly A, is a distorted
copy of Al. Note that the distor-
tion is symmetrical on both half
cycles, and results from the symmetry
of the push-pull circuit. It can be
shown mathematically that the dis-
tortion can contain only odd har-
monics when such symmetry is obtained.
Hence a push-pull amplifier is said
to have only odd harmonic distor-
tion, providing the tubes and cir-
cuit are perfectly balanced.

In order to obtain a reasonably
straight-line characteristic over
the entire range of operation, it is
necessary to choose the proper tubes,
and employ the proper bias so that
the three branches of the charac-
teristic shown in Fig. 50 be in one
straight line.

Fortunately for most tubes this
is not to difficult to obtain. The
reason is that if the tube charac-
teristics are of a form known as a
parabola (which is the shape of an
automobile headlight reflector),
then the center portion of the push-
pull characteristic shown in Fig. 50
is tangent to the two outer portions
and hence flows smoothly into them.

The result is that the output

current i, does not have the sharp
breaks shown in Fig. 50 by Az, and
this in turn means that the distor-
tion is moderate and composed mainly
of the lower harmonics (third and
fifth), which are not so displeas-
ing to the ear. Actual tubes have a
characteristic that approximates the
parabolic shape, and hence the dis-
tortion is in general not excessive.
This is true even in the more ex-
treme case where the overlap of the
two tube transfer characteristics is
small, so that the center portion in
Fig. 50 is short.

CLASS A OPERATION. —Mention was
made previously that by suitable
choice of load resistance and tube
voltages, one mode of operation or
another can be obtained. This will
now be examined in greater detail.

First Class A operation will be
briefly reviewed. Note 1) the grids
are not driven positive, and 2)
they are not driven on the negative
half of the signal cycle beyond
plate-current cutoff. The path of
operation is illustrated in Fig.
51. The load current i, is in gen-
eral essentially a straight line,

Fig. 51.—~Class A operation.



56 AUDIO FREQUENCY AMPLIFICATION PART I

which means that the distortion is a
minimum. This is a major advantage
of Class A operation.

On the other hand, since the
zero-signal (d-c) plate currents I,
and IbB for tubes A and B, respec-
{ively, are fixed by plate dissipa-
tion considerations, and since the
grids must not go positive on the
one hand, or beyond cutoff on the
other hand, R, is fixed (as will be
shown) and cannot be selected so as
to afford a somewhat higher output.
Moreover, the grid swing is limited
and this prevents higher outputs
from being obtained.

One advantage, however, of
Class A operation is that the d-c
component of the plate current does
not materially change from the zero-
signal to the full-signal value,
whereas in Class AB and Class B op-
eration it increases. This means
that a simpler and cheaper "B" power
supply, of higher permissible regu-
lation, may be used for a Class A
amplifier.

CLASS AB OPERATION.— Suppose
however that the bias is increased.
This decreases the zero-signal d-c
plate currents I,, and I, ., and also
causes either tube to reach cutoff
before the peak of the negative grid
swing is attained. This-~—as ex-
plained previously—produces Class
AB operation, and is illustrated in
Fig. 52.

If it is desired to swing the
grid up to zero volts, as before,
then the grid swing to either tube
has to beincreased because it starts
from a greater negative bias.

Note also that cytoff is
reached sooner on the negative
swing, and hence that the overlap
between the two tubes (shown by the
dotted line) is shorter. This mode
of operation gives rises to somewhat

higher distortion, but it also has
certain advantages which will be de-
scribed farther on.

Fig. 52.—~—Class AB operation obtained
by increasing the grid bias.

It is to be observed at this
point, however, that the wave form
for either tube (depicted at the
right in Fig. 52) is considerably
peaked, because it can rise to a
high value on the positive grid
swing, but cannot decrease below
zero on the negative swing. This
means that the AVERAGE value of the
wave, denoted by I;, is higher than
the original d-c value, such as Iby
or the d-c component drawn by the
tube increases from zero to full
signal.

This increase is due to a phe-
nomenon known as self-rectification,
although Fig. 52 shows very simply
and clearly how it comes about. The
bias having been increased, and the
d-c zero-signal plate current I,
having been thereby decreased, the
d-c input power = I E o is insuf-
ficient to cover the a-c output
under full signal conditions as well
as the inevitable plate dissipation.
Hence, in order to satisfy the prin-
ciple of the Conservation of Energy,
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the d-c plate current increases to a
higher value I; under full signal
conditions, and thereby enables the
d-c input power to cover both the
a-c¢ output and the plate dissipa-
tion.

The increase in d-c component
from zero-to full-signal swing means
that the power supply must be de-
signed to maintain an essentially
constant voltage over a rather wide
range of current drawn; i.e., its
voltage regulation must be low.
Otherwise, as the current drawn in-
creased, the voltage would drop and
this would tend to prevent the cur-
rent from increasing as much. 1In
turn this would decrease the power
output.

Another disadvantage of varying
d-c current occurs when self-bias is
employed. As shown in Fig. 53, if a

}——’_q
g F—4&—
OB- \ B+ R
L
= /'7/(

Fig. 53.—Usual form of self-bias.

cathode bias resistor R, is employ-
ed, a bias E, is obtained owing to
the drop produced in Rk by the flow
of the plate current from both tubes.
Note that normally no by-pass capac-
itor is employed across R, because
since one plate current is increas-
ing when the other is decreasing,
their sum tends to be constant or
d.c. and produces a d-c bias voltage.

A more exact analysis shows
that all the even harmonics flow
through R, and do not materially
affect the fundamental output com-
ponent (which is the first or an odd
harmonic). However, if the d-c
component increases with signal, the
bias voltage rises when signal is
applied. This in turn tends to
prevent the current from rising to
such high values, and therefore
limits the output power. It must
not be construed that self-bias and
internal resistance in the "B" sup-
ply cannot be permitted; all that is
intended to be conveyed here is that
these factors tend to reduce the
power output from the maximum other-
wise available from the tubes.

A second means of converting
from Class A to Class AB operation
is to reduce the plate-to-plate load
resistance RL. Fig. 54 shows how
this converts the Class A operation
portrayed in Fig. 51 to Class AB
operation. The load line for either
tube in push-pull operation with the
other tube may be curved, but it
essentially has the same character-
istic as the straight load line for
single-ended (single-tube) opera-
tion; namely, the lower the load
resistance the steeper the load
line.

Thus, in Fig. 54 the bias Ec
and hence IbA and IbB are the same
as in Fig. 51, but RL is less, so
that the i, and iB curves are
steeper and reach higher maximum
values on the positive signal swings.
By the same token, however, they
reach cutoff sooner on negative sig-
nal swings, so that the overlap is
less, and Class AB rather than Class
A operation is obtained. The sig-
nificance of this is that in the
process of tube design, it may not
be possible to design a tube so that
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the quiescent point is high enough
on the tube characteristic because
of plate dissipation limitations.
On the other hand, the load re-
sistance for maximum output may be
relatively low, .and give rise to a
premature cutoff as shown in Fig. 45.

Fig. 54.—Class A operation can be
changed into Class AB opersat ion by
reducing the plate-to-plate resist-

ance.

If only Class A operation were
permitted, then a less steep load
line would be necessary, in order to
extend the cutoff point of each tube
to the negative peak of the grid
swing. This in turn would neces-
sitate a load resistance higher than
the optimum value, and as a result,
the power output would be less.

The decrease in output, how-
ever, is in general not very marked,
neverthel ess, the removal of the
restriction that operation be only
within cutoff that a push-pull am-
plifier permits, can allow the output
in general to be increased somewhat.

Another consideration arises
that is also of importance. If a
push-pull circuit permits operation
beyond cutoff without appreciable
distortion, why not permit the grids
to be driven. positive, as well, and
thus permit really appreciable in-
creases in output?

When only Class A operation was
known, the bias had to be hal f-way
between cutoff and the maximum posi-
tive or least negative value of the
grid voltage. Plate dissipation
considerations, however, limited the
bias to a certain negative value;
less than this value would give too
large a d-c zero-signal plate cur-
rent and hence excessive plate dis-
sipation. The grid swing then could
not exceed the difference between
this bias value and cutoff; on the
positive half cycle this brought the
grid just about up to zero volts by
a suitable choice of Rp that was
somewhere between 2Rp and perhaps
4Rp.

In Class AB operation, Ec, RL
and the grid swing or signal voltage
are in large measure independent of
one another. Thus Ec can be chosen
to keep the plate dissipation with-
in the permissible limits. R, can
be chosen, in a manner to be de-
scribed, to give maximum output,
although plate dissipation consid-
erations at full signal enter in
and affect its choice. Finally, the
grid swing can be chosen to give as
much power output as is desired,
consistent with such ultimate limit-
ing factors as grid power drawn from
the preceding so-called driver tube,
plate dissipation, grid dissipation,
and power-supply limitations. These
will be discussed presently.

CLASS B OPERATION. —1f a push-
pull circuit can be operated beyond
cutoff, why not proceed to the limit
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and have the tubes biased to cutoff,
whereupon one tube is operative dur-
ing say, the positive half cycle;
and the other tube is operative dur-
ing the negative half cycle? Such
operation, or rather a close approach
to such operation is called Class B.

Actually, owing to the curva-
ture of the tube characteristics,
operation at cutoff leads to exces-
sive distortion in practical cases.
This is illustrated in Fig. 55. The
curved dynamic characteristics for
i, and iy become identical with that
for the load current i, and at the
origin or bias Ec point, the curva-
tive is excessive and gives rise to
the distortion shown in the i, wave
shape. The English call this "join-
up" distortion, since it is a func-
tion of the manner in which the i,
and i, curves merge.

As a result, trueclass B opera~
tion is not employed. Instead,
extreme Class AB operation is used
and called Class B, since it is es-
sentially Class B operation, at
least from a practical viewpoint.
Fig. 56 shows this mode ofoperation,

it is clear that the overlap in the
two characteristics is made just
sufficient to iron out any marked
distortion in this region.

Although Class A operation is
most free of distortion, and Class
B is least free, nevertheless the
latter mode of operation has one
important advantage over Class A,
and to a lesser extent, over Class
AB operation.

This results from the fact that
the d-c current and hence d-c input
power drawn during zero-signal
periods is very small. In large
modwlator stages, the saving in
power consumption from this item can
be considerable, since in normal
broadcast practice the quiet periods
perhaps exceed the loud periods when
totalled over a day’s time. Of
course, on the other hand, the power
supply must have low regul ation, but
this is more readily obtained in
large heavy-duty rectifier systems.

At the other end of the scale,
a small battery-operated power out-
put stage will permit longer life
from the batteries if it is operated

Fig. 55.—Extreme Class B operation leads to the so-called "join-up"
distortion shown.



60 AUDIO FREQUENCY AMPLIFICATION PART I

Class B. Furthermore, batteries
inherently have low internal resist-
ance and hence low regulation under
variable current drain.

GRAPHICAL ANALYSIS.—From the
preceding discussion it is now
possible to formulate a graphical
procedure which will enable the pro-
per grid swing, load resistance,
power output, etc., to be determined.
It was shown in Fig. 45, which is
repeated here, that the load line
for either tube varies in slope from
a value of zero at cutoff, B, cor-
responding to an apparent load re-
sistance equal to infinity, to a
value corresponding to a load re-
sistance of R /2 at the quiescent
point, Q, and finally to a value
corresponding to a load resistance
of R, /4 at a point A at which the
other tube has reached cutoff.

From A to C, the load line for
the tube is straight and remains at
the slope corresponding to R, /4,
because the other tube is beyond
cutoff and hence "out of the pic-
turen, so that the tube under con-
sideration sees the plate-to-plate
resistance R through a 2 : 1 step
down and hence as RL/4. Furthermore,
CA, when prolonged downward, passes
through the point E .

For maximum output, RL should
be of such value that its apparent
value to the tube should equal the
tube’ s Rp at all points in the signal
cycle. In other words, the tube’s
Rp is variable’to some extent, if
possible, the load presented to it
should equal this Rp as nearly as
possible at all times.

A push-pull circuit tends to
gpproximate this desirable result.
For example, at and near cutoff the
Rp of a tube appears extremely high.
But at and near cutoff R, appears to
the tube to be extremely high, too,

and hence an impedaance match tends
to take place.

At the peak of the swing, point
C in Fig. 45, R, appears as R /4.

If the slope of the e tube
characteristic through C also has

'8

Fig. 56.—A slight overlap of the
two tube curves, representing actual-
ly extreme Class AB operation, is
usually called Class B operation.

this slope, matched conditions will
be obtained. In other words, RL can
be so chosen that R /4 = Rp at the
peak of the swing. If this is done,
maximum power output can be expected
because either tube supplies the
most power during the signal cycle
at the moment of peak current flow,
and hence the load resistance should
preferably be matched to the tube
at this moment of the cycle.
Whether R , appearing as R, /2
at the quiescent point Q, matches
the Rp of the tube at this point is
a question of the curvature of the
tube characteristics, however, the
mismatch cannot be too great, and
in any event it is not serious so
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far as affecting the power output is
concerned.

The rule for triode tubes is
therefore to measure the average
slope of the tube characteristics in
the upper left-hand positive grid
region. This represents the average
Rp of the tube in this region. Then
choose a value of plate-to-plate
load resistance RL such that

L

This gives an optimum value for RL

R = 4Rp (30)

first positive grid curve has been
extended to the ep-axis by a dotted
line and makes the angle o with the
axis. Then through Ebb, the given
plate-supply voltage, a line EbbC is
drawn so as to make the same angle
o with the ep-axis. Then tan «
= R /4, or the plate-to-plate re-
sistance R, will be 4tan 0 and hence
4Rp as denanded by Eq. (30).

Now if it were not desired to
drive the grid positive, the peak
current would be given by point D,
which ison the zero-grid-volt curve.

Fig. 45.—1Load resistance as it appears to either tube in a push-pull circuit.

so far as maximum power output is
concerned, plate dissipation con-
siderations at maximum signal may
require this value for RL to be mod-
ified.

The amount of grid swing depends
upon whether or not it is desired
to drive the grid positive, the
amount of power output, and again
plate dissipation considerations.
If it is desired to drive the grid
positive, the extent of the positive
swing is determined as shown in Fig.
517.

Here the average slope of the
tube curves is tan &, where the

This could represent Class AB, oper-
ation.

Remember, however, that this is
true only if for e, = 0, the other
tube has been driven sufficiently
negative to be at or beyond cutoff,
for only then does the tube under
consideration face R, alone and "see”
it as R, /4. In short, this cons-
truction applies only where the
tubes are driven sufficiently to
reach cutoff. Since, however, this
is the case for maximum grid swing
and hence maximum power output, it
furnishes the proper construction
even for Class A operation, where
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maximum grid swing alternately brings
either tube practically up to cut-
off.

Now consider the case where the
grid is to be driven positive. If
this is to be a small amount, then
the path of operation will go beyond
D say, to F. A still greater posi-
tive swing will be to G. If the
positive swing reaches C, it is
clear that a limit has been reached,
because the higher positive grid

lp

C
tnl- K

desired to use a preceding drive:
stage large enough to furnish the
requisite power with a minimum of
distortion of the signal waveform
by the grid current. A final con-
sideration is that the plate dissi-
pation for this amount of grid swing
may be excessive, and this is the
next point to be taken up.

POWER CONSIDERATIONS. — As men-
tioned previously, when the tubes
are operated Class AB or B, so that

Fig. 57.—Maximum
curves all slope into point C, as is
evident from Fig. 5T7.

In short, for the optimum value
of R, chosen, the maximum permis-
sible grid swing is up to point C.
If it is attempted to swing the grid
above this value, the plate current
will not rise above the value Ip_I
shown, and will instead develop a
flat top, which means considerable
distortion.

Of course the actual positive
grid swing permitted may be less
than up to point C if the grid is
overheated by the resultant grid
current drawn. Or, it may not be

grid swing is up to the knee of the characteristic.

they do not draw current over the
entire signal cycle, appreciable
sel f-rectification takes place, and
the d-c component rises. This in
turn means that the d-c input power
rises, and after the a-c output pow-
er is subtracted from it the differ-
ence, which is the plate dissipa-
tion, may be greater than at zero-
signal, and perhaps may even be
excessive.

It is therefore necessary to
calculate the power output and d-c
current and power input at full
signal. The power output of BOTH
tubes is given very simply by

e e e e e e mmm
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2
Ian'L
P, = (31)
8

where Ipm is the peak current (see
Fig. 57), and RL is the plate-to-
plate load resistance (normally the
reflected value of the actual load.
An approximate formula for the
increased d-c component I, at full
signal, per tube, as follows:

k I
+ pm
Ib =; (-—2— v Ib (32)

where Ib is the d-c¢ component at
zero-signal of each tube, and k is
a constant depending upon the ratio
of Ipm to I,. For (Ipm/Ib) equal to
10 or less, k is about 1.05, for
(Ipm/Ib) between about 10 and 50, k
is about 1.12 and for larger values
of (Ipm/Ib), k is about 1.20.

The d-c input power at full
signal per tube is then, analogous
to Eq. (1),

1
i b Ebb (33)
and the plate dissipation per tube
is therefore

P
P =P, - = (34)

P i 2

The output power P_ 1is divided by
two to get the output per tube, and
this is then subtracted from the in-
put power P1 per tube to give the
plate dissipation of each tube.

Suppose (as will be shown very
shortly in an example) that the
plate dissipation is excessive.
What modifications in the operation
may be made? One obvious thing is
to reduce the signal swing. This
will reduce Ipm, and thereby the d-c
component I/, as well as the power
output P ; the difference, or Pp,
will in general decrease.

Another modification is to

increase RL. This will cause the
load line to be less steep, and thus
reduce I . Once again I, and P,
will be reduced, and in general, the
difference P_ will be decreased.
Usually both modifications are em-
ployed in Class AB2 operation, al-
though it is preferred to increase
R, rather than decrease the grid
swing because the power input in the
former case is decreased at a greater
rate than the power output, and
hence P_ decreases faster.

This means that the power out-
put need not be decreased as much.
In the case of Class AB1 operation,
the grid is normally driven up to
zero volts, and it is undesirable
to reduce the swing below this value.
Instead, as in Class AB2 operation,
more output can be obtained from the
same dissipation by increasing Ru

ILLUSTRATIVE EXAMPLE. — The
above discussion will now be illus-
trated by an example. Two 2A3 tubes
will be employed in Class AB1 opera-
tion. A plate potential of 300
volts will be employed as in the
previous example, and for a permis-
sible plate dissipation of 15 watts,
the quiescent d-c plate current is
40 ma., for which a bias of -60
volts is required. This gives rise
to the quiescent point marked as Q
in Fig. 58.

In Fig. 58 a straight line has
been drawn tangent to the zero-volt
curve. As described in a previous
assignment, the resistance repre-
sented by this line can be found by
choosing any two points, and divi-
ding the difference in voltage
values by the difference in current
values. This is preferred in actual
computations to finding the cotangent
of the angle of slope and correcting
it for the different scales employed
for the voltage and current axes.
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Suppose the extreme ends of the
line are chosen. Then the difference
in voltage values is 175 - 48 = 127
volts; and the difference in current

250 -

is too high-— 250 ma. for point A,
which is actually beyond the highest
value shown by the manufacturer.
However, let us continue the problem

200 {5+

Plate Milliamperes

"LZbr“n
FPlale Volls.

Fig. 58.—Graphical constructions for two 2A3 tubes in push-pull.

values is 250 - 0 = 250 ma. = 0,25
ampere. The resistance of the tube
is then

= —— = 508 ohms.
. 25

Then, by Eq. (30), the plate-to-plate
resistance should be

R = 4Rp = 4 X 508 = 2032 ohms.

Through Ebb = 300 volts, a load line
of 508 ohms is drawn as shown. It
meets the zero-volt curve at A.
From past experience we know that
the load line is too steep, and Ibm

to a conclusion, and then correct
the results.
The power output is given by
Eq. (31) as
(.25)* (2032)
. = : 15.9 watts.
8

The d~c component under full signal
I, will next be calculated from
Eq. (32). First note that Ipm/Ib
= .250/.040 = 6.25, so that the con-
stant k in Eq. (30) will be 1.05.
Hence

, 1.054 250
I, = ——— —2+40 = 86. 6 ma.

® 2
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Then, by Eq. (33), the d-c power in-
put is

P, = (.0866)(300) = 26 watts.

The plate dissipation is therefore,
from Eq. (34).

15.9
P =26- — =26 - 7.95
P 2
= 18.05 watts.

Since this exceeds the permissible
value of 15 watts per tube, the op-
eration will have to be modified by
increasing RL. Suppose RL is in-
creased to 2500 ohms. Then RL/4
= 625 ohms, and when the load line
for this is drawn from E_,, it in-
tersects the zero-bias curve at B.
Now I, = 225 ma., SO that

(. 225)2(2500)
o 8-

Since Ibm/Ib = ,225/.040 = 5.63, k
still equals 1.05, and

. 1.05f 225
I'! = 2— (== +40) = 80.1 ma.

= 15.81 watts.

v 2 2

Hence
P1 = (.0801)(300) = 24.0 watts

and the plate dissipation is

15.81
Pp = 24.0 - '_?T— = 16.09 watts.

This, too, is excessive, hence a
still higher value of R = 3,000 ohms
will be used. When the load line
i,, for 3000/4 =750 ohms is drawn, it
intersects the zero-bias curve at C.

The corresponding values are
im = 200 ma.

(. 2)*(3000)
= = 15 watts

o

I_/I, =.2/.04 =5, k=105

. Lo5f 200
I = — | — + 40} =735 ma
2 \ 2

(.0735) (300) = 22.05 watts

1t

o
]

P
P

22.05 - 7.5 = 14.55 watts.

Since this is within the permissible
limit of 15 watts, R will be taken
as 3000 ohms plate-to-plate, and Po
will be 15 watts.

DISCUSSION OF RESULTS. —Note
first that the power output has de-
creased very little as R, is in-
creased; from 15.9 to 15 watts. On
the other hand, the plate dissipation
has decreased materially; from 18.05
to 14.55 watts.

In the second place, the reader
may question the rule first given to
the effect that R /4 should equal
the Rp of the tube in the region of
'bm When this was tried for the
2A3 tube, the plate dissipation was
found to be excessive, and so a high-
er value of R, than that suggested
by the rule had to be employed.

The answer is that the rule
suggests a tentative value that is
optimum for the tube and will give
maximum power output. If the tube,
however, is not physically designed
to dissipate the heat developed on
the plate, a higher value of R will
be required. Fortunately, this does
not reduce the power output by very
much, but does materially reduce the
plate dissipation, as was shown
above.

The third'point to note is that
this graphical analysis also fur-
nishes information asto themagnitude
of grid swing required. Thus, for
the 2A3 tubes, if the bias is -60
volts, and each grid is to be driven
up to zero volts, a total of 2 X 60
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= 120 volts is required from grid to
grid. B

If the push-pull input trans-
former has a step-up of 1: & from
the primary to the entire secondary,
then the voltage that has to be
Geveloped across the primary by the
preceding tube is 120/4 = 30 volts.
If the input voltage to the amplifier
is to be 0.706 volts peak, then the
voltage gain of. the VOLTAGE AMPLI-
FIER stages is simply 30/0.706
= 42.5.

In short, from the given input
level, the input voltage can be
calculated. For the desired output
power, the output tubes can be
chosen and their output, plate dis-
sipation, and grid-driving voltage
determined graphically. Then the
necessary voltage gain from the in-
put up to the grids of the power
output tubes can be calculated, and
thus the number and type of voltage-
amplifier stages determined.

PUSH-PULL, PENTODES. —The pre-
ceding discussion and example had
to do with a triode tube. When
pentode tubes are employed, the
graphical analysis has to be modified
in practically the same manner as in
the case of the single-ended tube.
The procedure is, if anything, sim-
pler than for the triode tube.

Fig. 59 shows the tube charac-
teristics for a 6L6 beam power tube,
which are of practically the same
form as those for anordinary pentode
tube. The plate voltage will be
taken as 360, and the screen voltage
as 250. The maximum permissible
plate dissipation is 19 watts, hence
the zero-signal plate current is,
from Eq. (29):

I, = 19/360 = 52.8 ma.

From Fig. 59 it is seen that .the

bias must be somewhere between -20
and -15 volts. Since the quiescent
point is not very important so far
as push-pull operation is concerned
a bias of -20 volts will be taken,

for which the d-c component I, is
45 ma. The zero-signal plate dissi-
pation will therefore be

Pp = (.045)(360) = 16.2 watts

which is decidedly on the safe side.

Suppose Class AB1 operation is
contemplated. Then a grid swing up
to zero volts will be required.
From the 360-volt point on the axis,
a line is drawn up to the zero-volt
curve just to the right of the knee
of the characteristic. This is line
A Ebb in Fig. 59, its slope corre-
sponds to a resistance equal to
R,/ 4.

The numerical value of R /4 is
obtained by noting that Ibm =160 ma.,
and €min: 47 volts, or the change
in voltage is 360 - 47 = 313 volts.
Hence

313
RL/4 = ——— 2 1955 ohms
. 160

so that RL = 4 X 1955 = 7820 ohms.
The actual value recommended is 6600
ohms; by locating point A a little
to the right, R, is reduced, and the
distortion is decreased.

Usinmg 7820 ohms, however, the
power output is, by Eq. (31)

_ (. 160) 2(7820)
° 8

= 25 watts.

The d-c component at full signal
$8. by Eq. (32)

I’ = i 45 )= 1'Ub(so +45) 1!
o2\ 2 ) 2 b

= 65.6 ma.
because k = 1.05, since Ibm/Ib
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= 160/45 = 3.55 which is less than
ten. Then, by Eq.
power input is

P, = (360) (. 656) = 23.6 watts

'from which, by Eq. (34), the plate
dissipation is
P, = 23.6 - 25/2
= 11.1 watts per tube

or well within the safe limit of
19 watts.

(33), the d-c

(.167)2(6600)
° 8
somewhat less than before.

This is to be expected, because
in the case of a pentode tube, RL/4
is inherently far less than the Rp
of either tube at peak positive grid
swing, and therefore the impedance
mismatch is very great. Under these
conditions, the greater RL is chosen,
the closer is RL/4 to Rp, and henc

= 23 watts, or

A’foh?

\-/0
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Fig. 59.—Graphical constructions for two 6L6 tubes 1n push-pull.

Suppose a value of 6600 ohms
were employed for R,. This corre-
sponds to line Ebb B in Fig. 59; it
is obtained by dividing 360 volts by
6600/4 to obtain 218 ma., which is
laid off on the current axis, and
joined to E = 360 vol ts.

Its intersection with the 0-volt
curve is point B, and corresponds to

ibm = 167 ma. Then

the closer does the operation ap-
proach maximum power output condi-
tions. Thus, R, = 7820 ohms yields
25 watts output, whereas RL = 6600
ohms yields only 23 watts output.

., 105/f 167
I, = —\ — + 45 = 67.5 ma.
2 2

P, = (.0675)(360) = 24.3 watts, and
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Pp = 24,3 - 23/2 = 12,8 watts,
which is slightly greater. This
indicates that the efficiéncy of
operation is somewhat lower for R,
= 6600 ohms than for R, = 7820 ohms,
but the distortion is somewhat less.

POSITIVE GRID OPERATION. —Now
suppose it were desired to drive the
grids positive. A safe value, as
indicated by the manufacturer, is
+15 volts; this does not cause ex-
cessive control-grid dissipation nor
excessive screen-grid dissipation.

However, as indicated in Fig.
60, compared to the original load
lines chosen, namely E , A for R,
= 7820 ohms and E , B for R = 6600
ohms, now a steeper load line E,  C
must be used in order to avoid the
knee of the E = +15-volt curve.
The corresponding value of RL/4 is
given by I, = 305 ma. and e, min.
= 75 volts. Then

356 _zl i
b =)

360 - 75
= ————~ = 935 ohms, or

R, /4
R, =4 % 935 = 3740 ohms. This com-
pares with the value of R, = 3740
ohms given in the tube manual for a
screen voltage of 270 instead of the
250 volts employed to give the char-
acteristic curves of Figs. 59 and
60.

(.305)%(3740)

= = 43.5 watts,
° 8
, 1.05 {305
Ib = —— |— t+ 45} = 103. 8 ma.
2 2
P = (.1038)(360) = 37.4 watts.

la-]
]

» 37.4 - 43.5/2 = 15.65 watts,
which is still below the limit of
19 watts.

It is to be observed that also
in the case of a triode whose grid
is driven positive, R, must be de-
creased as the grid swing is in-

e :““-i?’:‘."{“”"w‘”‘ | BT e |
£ St () R i vty + | a4
t

300 b

Lhp
Fig. 60.—Two 6L6 tubes in Class AB2 operation.
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creased. This is because triode

tubes also develop a knee in each

positive grid curve, and for the
same reason as in a tetrode or pen-
tode tube: at low plate voltages the
positive control grid or screen grid,
as the case may be, robs the plate
of electrons and causes the plate
current curve to shoot downward.

DRIVER-STAGE DESIGN. —When the
grids are driven positive, they draw
current, and thus a sudden load is
placed on the preceding driver stage
at the peak in each half cycle. This
load suddenly applied produces a
voltage drop in the driver stage at
the peak of the cycle and tends to
flatten the voltage appearing at the
grids of the class AB2 stage.

The effect is illustrated in
Fig. 61. The driver stage is re-
presented by the a-c source genera-
ting voltage e, in series with its
internal resistance R;,. These are
the values as they appear to the
grid of either tube, and usually
represent He and Rp, respectively,
AS VIEWED from the secondary ter-
minals of a driver transformer
normally intervening between the
driver tube or tubes and the push-
pull grids.

The grid resistance is repre-
sented by r ; it is very nonlinear,
since it is an infinite resistance
or open circuit until the grid
reaches a positive potential relative
to the cathode, whereupon r, drops
to a fairly low finite value. The
current i in the right-hand diagram
of Fig. 61 flows as shown only
during the peaks of the cycle. At
such times it produces a voltage
drop in RG, whereupon the terminal
voltage e, drops below e. The
result is the flattened wave as
shown; it occurs on both halves of
the signal cycle.

Such symmetrical distortion of
the grid driver voltage indicates
the production of odd harmonics,
Thus the signal input to the 6L6
stage is not sinusoidal in shape,

Fig. 61. —Equivalent circuit of a
driver stage, and flattening of the
terminal voltage.

as previously assumed, but is itself
distorted owing to the flow of grid
current. Such distortion is in
addition to that produced in the
output (plate) circuit of the 6L6
tubes. Since the output is also
symmetrical in connection, the dis-
tortion there is also of the odd-
harmonic type.

A fair approximation to the
distortion both in the grid and
plate circuits is to assume that it
is mainly third harmonic, (although
appreciable fifth, and even higher
odd harmonics may be present). It
may be that the third harmonic pro-
duced in the plate circuit is op-
posite in polarity to that produced
in the grid circuit, and equal in
effect, so that the two cancel. 1In
such an event the driver stage is
easier to design.

On the other hand, the two har-
monics may be additive for certain
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tubes, so that the problem becomes
more difficult. It is proposed to
furnish a method here whereby the
driver stage may be designed so that
the net third-harmonic distortion is
a certain permissible percentage of
the fundamental current required for
a fundamental power output.

The method, although approxi-
mate, gives a fairly good idea of
what driver tube or tubes are re-

quired, what driver input impedance-

is necessary, and what type of driver
transformer is required. It even
indicates whether or not it is pos-
sible to design the stage in the
event that an unreasonably low dis-
tortion is demanded for a required
power output.

First, the actual grid current
flow must be determined. The grid
current is a function of the instan-
taneous (positive) grid voltage and
the instantaneous plate voltage.

Its plot is most conveniently re-
presented by a grid family of curves
as shown in Fig. 62. [Each curve is
for a different fixed value of posi-
tive grid voltage, and shows how the
grid current varies with plate volt-
age.

In the dynamical operation of
the stage, i.e., when a plate-to-
plate load resistance is present,
the plate voltages as well as the
plate currents of the two 6L6 tubes
vary with the instantaneous grid
voltages. The instantaneous grid
current, for every instantaneous
value of positive grid voltage and
hence plate voltage, can be found as
follows.

The path of operation for the
plate current and plate voltage of
each tube is shown in Fig. 62 by the
dotted line which blends into the
lower part of the straight line
ABCD. Our interest is mainly in the

350

5 S

00 Plale 20 vollage %0

Fig. 62 —Determination of grid current drawn by each tube of a 6L6 push-puli
stage.
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straight line portion that involves
the larger grid swings. This line
has the siope R,/4 and when pro-
longed, intersects the plate-voltage
axis at point Ebb. (This was discus-
sed previously).

Consider a grid swing of *15
volts. This intersects the path of
operation at point A. The plate
current at that instant is 305 ma.,
and the plate potential is 75 volts.
The ordinate through A intersects
the +15-volt grid-current curve at
point 1. The grid current is then
given as 14 ma. This is the instan-
taneous grid current for that grid
swing and the corresponding plate
voltage.

Furthermore, the load current
flowing through the plate-to-plate
resistor R, 1is half of the plate
current, owing to the 2:1 step down
in current from the half winding to
the entire primary winding across
which R, is assumed to be connected.
The load current therefore has the
value of 305/2 = 152.5 ma.

Next take point B corresponding
to the +10-volt grid swing. The
plate current is 263 ma; the plate
potential is 112.5 volts; and the
grid current (point 2) is 7 ma. The
load current is 263/2 = 131.5 ma.
In similar manner the load and grid
currents forpoint C (and correspond-
ing point 3), can be found; they are
respectively 225/2 = 112.5 ma. and
3.0 ma.

Other values of load current
for smaller grid swings (that do not
draw grid current) are also deter-
mined. In the present example values
down to that for a +10-volt grid
swing will be sufficient. This will
embrace the straight-line portion
ABCD and yet avoid the bottom curved
portion, which is more difficult to
determine since it represents that

part of the cycle where both tubes
are operative., (Straight-line por-
tion ABCD represents the part of the
cycle where one tube is beyond cutoff
and hence inoperative.)

The values of load current and
grid current are now plotted against
grid swing, AS MEASURED FROM THE
BIAS POINT. The plot is shown in
Fig. 63. Since the bias is -20
volts, a positive grid swing of +15
volts, for example corresponds to a
total grid swing of 15 + 20 = 35
volts. The corresponding load cur-
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Fig. 63.— Graphical constructions
for driver-stage design.
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rent was found to be 305/2 = 152.5
ma., and the grid current, 14 ma.:
these are plotted as shown in
Fig. 63.

In a similar manner the other
points are plotted for instantaneous
grid swings of 30, 25, 20, 15, and
10 volts. For zero grid swing the
load current is obviously zero, so
that the load current plot OAin Fig.
63 passes through the origin. The
grid-current curve OB reaches zero
at a 20-volt swing, since this just
cancels the -20-volt bias and brings
the grid up to zero volts. For
lesser swings the grid is negative
relative to the cathode and there-
fore draws no current.

Now suppose that 40 watts fun-
damental power output is desired,
and that the permissible distortion
is 5%, a typical value. In the
prior calculation of 43.5 watts. no
grid voltage distortion was assumedq,
indeed, no distortion of any kind
was assumed. This means that curve
OA in Fig. 63 was assumed to be a
straight line; i.e., the output load
current was directly proportional to
the input signal voltage.

Actually, OA is not a straight
line, but curves in this case below
a straight line OC drawn tangent to
it at the origin. This means that
even without grid-voltage distortion,
a distorted output will be obtained.
I1f, however, the dropping character-
istic of OA relative to 0C, or "un-
dershoot®, is not excessive, addi-
tional undershoot produced by grid
current can be permitted, and yet
keep the total distortion within
the 5% specified.

In the case of some tubes, or
perhaps for lower values of RL. an
movershoot™ can be obtained; 1i.e.,
OA will lie above OC. In this case
the flattening effect of grid cur-

rent will be to lower OA down to OC,
and then, if sufficiently great, to
cause OA to lie below OC. In other
words, extreme grid flattening can
convert an overshoot into an under-
shoot.

In the case at hand, the analy-
sis starts with an undershoot and
hence under a handicap. First de-
termine the peak fundamental current
Ir required to produce 40 watts in
a 3600-ohm plate-to-plate load re-
sistance. This is

2P0
I, = [— (36)
R
or 2 X 40
If = = 149.5 ma
3600

If in the general case the per-
centage permissible third-harmonic
distortion be denoted by n, then
the following two quantities have
next to be calculated: (1 * 3m)I,
and (1 - n)I,. In the problem at
hand these are, for n = .05,

(1 + 3 %X .05)(149.5)

= (1.15)(149.5) = 172.0 ma.
and
(1 ~ .05)(149.5) = 142.0 ma.

Now refer to Fig. 63. On the
tangent straight line OC lay off
172.0 ma., (point D). Next locate
142 ma. on the load-current curve 0OA
(point E). Now project point D down
to the grid-signal-voltage axis,
point F; and project E down to the
grid-current curve OB, meeting it in
point G.

Join F to G. Then FG is the
load line for the maximum permis-
sible driver resistance as viewed
from the grid terminals, that will
permit 40 watts output with but 59
third-harmonic distortion.
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The value of this resistance is

simply (to scale)
HF 4
Rn = —= = —— = 400 ohms.
GH 1

The driver circuit must there-
fore be so designed as to appear as
a 400-ohm source to either grid.
However, the actual driver is a
vacuum tube (or tubes) whose inter-
nal (plate) resistance ison the or-
der of thousands of ohms. In order
for it to appear as only 400 ohms, a
step-down transformer is required
between it and the 6L6 grids.

This ster down transformer is
generally called a driver transform-
er, and it is necessary to determine
not only its step down ratio, but
its winding resistances as well.

First a driver tube or tubes
must be selected. No rule can be
given as to the choice, but after a
tube has been selected, it can be
checked by the following procedure
to see if it is suitable. In gener-
al, a triode is preferred because it
has a lower internal resistance
compared to a pentode and is there-
fore not as sensitive to load re-
sistance changes, such as the ex-
treme variations produced by a grid
circuit which draws current only at
the peaks of the signal cycle.

Suppose a single 6J5 tube is
used as the driver. From the Tube
Manual the following data is ob-
tained:

Eb = 250 volts W

E = -8 volts R
c P

20

n

7700 ohms.

If the tube fed the gyids directly,
they would be fed by a source having
an internal resistance of 7700 ohms.
This is much too high, and would
cause an excessive undershoot and
hence excessive amount of third-

(and higher) harmonic distortion.
The proper source impedance is 400
ohms. Hence a stepdown driver trans-
former must be interposed between
grid and the 6J5 tube.

The circuit is shown in Fig.
64. The driver transformer has a
primary winding resistance Rp_, and
a secondary winding resistance of
st for each HALF of the secondary.
Furthermore, there is a stepdown of
a: 1 from the entire primary to
each HALF of the secondary; in this
way the source resistance can be
made to appear as 400 ohms to either
grid. It remains to determine a,
and also incidentally R__ and R__,
which contribute to the source im-
pedance.

It was shown in a previous as-
signment that in transformer cou-
pling, the voltage across the pri-
mary is practically mu times the
input voltage e,. Then the voltage
appearing across the secondary is
e, /8 in the case of the driver
transformer. For the 6J5 tube,
where p = 20, this is 20e‘/a.

Phe maximum grid swing of the
6J5 tube is equal to the bias volt-
age, Ec,-here 8 volts. Hence the
maximum voltage that can be deliver-
ed to either 6L6 grid is 8 X 20/a
= 160/a. Since from Fig. 63, 36.5
volts are required to swing either
grid 15 volts positive, a must be at
least 160/36.5 = 4.38 : 1.

However, a must also make the
tube and transformer resistances
appear as 400 ohms to either grid;
this is the more exacting require-
ment and hence a will be determined
to bring this about. It can then
be checked to see that it does not
exceed 4,38 : 1, otherwise there
will be insufficient drive for
either 6L6 grid.

The Rp of the 6J5 tube is known:



74 AUDIO FREQUENCY AMPLIFICATION PART I

it is 7700 ohms; but the winding re-
sistances R__ and R__ are not known.
As a reasonable value, assume that
wa + azRS_ = 10% of 7,700 ohms,
or 770 ohms. Then the total resist-
ance on the primary -side of the
driver transformer is 7,700 *+ 770
= 8,470 ohms.

This must be stepped down to
400 ohms, the desired driver resist-

Driver irapsf
Fow  a*/

+250V

|||}

quired. Either a larger tube can be
used, or two 6J5 tubes can be used
in parallel or in push-pull. Sup-
pose two are employed in push-pull.
Then they act as two generators
in series. The peak grid swing is
twice that of one tube alone, or
2 X 8 = 16 volts, the mu remains
unchanged at 20; and the total in-
ternal resistance is 2Rp = 2 X 7700

Ouiput
Azé%/\

/
/

/

+ 360V

Fig. 64.—Use of single 6J5 tube to drive the grids of a 6L6 push-pull Class

AB
2

ance RB. Hence

(37)

or
a = vV8470/400 = 4.6

If it is further assumed that
the primary and secondary losses are
about equal, then R, = a®R__, so
that either equals half of 770 ohms
or 385 ohms. Thus Rpw = 385 ohms,
and a®R__ = 385 ohms, or

R, = 385/(4.6)2 = 18. 15 ohms.

However, a = 4.6 exceeds the
highest value permitted for full
grid swing of 36.5 volts; namely,
4.38. Hence the design is inade-
quate; a larger driver stage is re-

stage.

= 15400 ohms. Now the primary wind-
ing resistance R is that of the
entire primary fed by both 6J5 tubes,
and a refers, as before, to the
step-down ratio between the entire
primary and one-half secondary.
With these facts and figures

substitution in Eq. (8) yields

 [1.1 x 15400
| a = = 6.5
400

The step down is greater than be-
fore, specifically it is Vﬁ'asgreat
But the apparent generated voltage
he is double, hence it appears as
V2 times as great at the grid ter-
minals. It is

2 X 8 X 20/6.5 = 49.2 volts.
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This is clearly in excess of the
36.5 volts that is required to ap-
pear at either grid, hence this
push-pull combination is more than
adequate as a driver stage.

It is desired to point out once
again that the open-circuit voltage
appearing across either half of the
secondary will be 36,5 volts peak,
which the grid current will reduce to
35 volts, or 15 volts positive, and
give rise to the undershoot OEA
shown in Fig. 63. This will cor-
respond to a permissible value of
5 per cent third-harmonic distor-
tion.

This conciudes the section on
push-pull amplifiers. Normally
Cl ass AB1 is preferred to Class AB2
because of the difficulties involved
in preventing grid-current distor-
tion; nevertheless where the occasion
arises for increased power output,
Class A52 is a perfectly feasible
means for obtaining it.

RESUME '

This concludes the assignment
on Part I of Audio Amplifiers. After
a discussion of the meaning and use
of decibels, a general, preliminary
analysis was made of the amplifier
gain required for a given input and
output power. The number and kind

of stages were calculated, but no
details of the circuits worked out.

Then, after a discussion of the
significance of frequency response
characteristics, the various types
of voltage amplifiers were analyzed,
particularly resistance-coupled
stages, and the design considera-
tions pertaining to low-, interme-
diate-, and high-frequency response
wrked out. Following this, the
design formulas and curves for
screen grid and cathode sel f-bias
bypass capacitors werepresented, and
the effect on the low-frequency re-
sponse illustrated.

The assignment then continued
with a discussion of the various
types of audio transformers encoun-
tered, and the design factors that
determine their behavior. No at-
tempt was made to discuss the design
of such transformers, since this is
a very specialized subject, but
practical methods of modifying the
response characteristics were dis-
cussed in detail.

The concluding topic was push-
pull amplifiers. The operation of
triodes and pentodes in push-pull
were analyzed in detail for the
various modes of operation, and the
driver design taken up for the case
where the power tube grids are
driven positive.
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EXAMIN ATION

Note: In all these problems, 0 db = 1 milliwatt.

1. The input power to an amplifier is 5 X 1072 uwatt. The out-
put power desired is 20 watts.

a). Express the input level in db.

b). Express the output level in db.

¢). What is the -db gain?

d). VWhat is the power ratio?

2. a). A microphone has an output level of -73 db at a sound
pressure of 10 bars. What is the power in watts?
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EXAMINATION, Page 2

b).

c).

The voltage developed across a dummy load resistor of
8 ohms is 15 volts. What is the power consumed in the

resistor?

What is the db level?

In the frequency-response test setup of Fig. 7 in the text,
suppose the db meter reads *t8 db at the audio oscillator
terminals, and t15 db at the dummy load resistor, and sup-

pose
sume
that
that

a).

b).

c).

further that this resistor has a value of 5 ohms. As-
the attenuation box is set for -54 db attenuation, and
the iaput impedance ot the amplifier is the same as
of the attenuator box, namely, 500 ohms.

wWhat is the input level to the amplifier?

What is the output level of the amplifier?

What is the db gain of the amplifier?
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EXAMINATION, Page 3

(Reference Question 3.)

a). What is the power output of the audio oscillator in
watts?

b). What is the power input to the attenuation box in watts?

c). What is the power input to the amplifier in watts?

d). What is the power output of the amplifier in watts?

Take the example in the text of the 6SJ7 tube resistance
coupled. The constants are: Rp = 1 megohm, Gm = 1650 HKmhos,
RL = 250,000 ohms, Rg = 500,000 ohms. Suppose a 1 db drop

is permitted at 30 c.p. s.

a). Find the low-frequency time constant permitted.
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b). Find the coupling capacitor required.

Refer to the example in the text on the resistance-coupled
amplifier using a 68J7 tube. Assume this tube has a total
shunt capacitance of C =35 uuf. What will be the attenuation
in db at 15,000 c.p.s.? Use R. = 250, 000S1,

Reference, to Question 8. Suppose the low-frequency attenua-
tion is specified as 0.5 db at 30 c.p.s. Find the screen
time constant and screen bypass capacitor, using the various
circuit constants given in the text.

Refer to the example in the text on the self-bias bypass ca-
pacitor. Use the various circuit constants given, but as-
sume the attenuation permitted is 0.5 db at 30 c.p.s. Find
the magnitude of the bypass capacitor.
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EXAMINATION, Page 5

a).

b).

c).

In an interstage audio transformer, what is the effect
of connecting a resistor across the primary terminals
with regard to the low-, intermediate-, and high-fre-
quency response?

What is the effect of connecting an equivalent resis-
tance across the secondary terminals?

Suppose, instead, that a resistance equal to the plate
resistance of the tube is connected IN SERIES with the
plate and the primary of the transformer. How will
this affect the frequency response?
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AUDIO FREQUENCY AMPLIFICATION PART I
EXAMINATION, Page 6

Given the pentode tube characteristics for a 6V6 tube as
shown in the accompanying figure. The plate potential 1is
300 volts, the screen potential is 250 volts, and the max-
imum plate dissipation is 12 watts. Class AB1 operation is
contemplated.
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a). Find the zero-signal plate current and bias voltage
per tube. (Interpolate for bias voltage).

b). What is the plate-to-plate load resistance, R ?

c). What is the power output?
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EXAMINATION, Page T

d).

e).

).

What is the peak signal voltage?

What is the d-c plate current per tube at full signal?

What is the plate diss1pat10n at full signal? Note:

This must be equal to or less than 12 watts per tube.

It in excess, R must be increased, or the grid swing

reduced, or both.







