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Foreword

Continuing the practice of providing the reader
with a single velume that contains most of the material
from issues of the magazine of greatest interest to the
serious audio experimenter, the 3rd «udio anthology
is offered in the sincere hope that its pages will con-
tinue to provide a wealth of useful reference material
without the necessary additional pages that go to make
up a monthly magazine.

The original audio anthology was created to bring
the early articles that appeared in AUDIO ENGINEER-
ING into the hands of those who did not learn of the
magazine’s existence until some time after it was intro-
duced. The articles that were in the first thirty issues
of AUDIO ENGINEERING were among the most valu-
able that had been published in magazines up to that
time, and once the early copies of the magazine were
exhausted, there was not any way in which the reader
could secure them for his own use. Thus the andio
anthology was born.

As months went on, more and more readers—both
of the magazine and of the anthology—came to ex-
pect that there would be another compilation of the
more popular articles, and so the 2nd audio anthology
was introduced. With a precedent thus created, it was
natural to expect that a third would be along soon,
and here it is.

We are grateful to our readers for their continued
interest, and it is to them that this 3rd audio anthology
is appreciatively dedicated.

C. G. McPROUD, Editor

Aupio
Mineola, N. Y.

September, 1930



A Simple High-Quality Phono

Amplifier

R. D. MIDDLEBROOK*

An inexpensive audio amplifier with sufficient gain to drive a loudspeaker from a magnetic pickup
and which uses an unusually large amount of negative feedback over the output tube and transformer.

if the associated equipment can not

take advantage of it. Many high-qual-
ity amplifiers are available commercially,
all of them using push-pull output stages.
Their capabilities are impressive—and
so are their prices. Of the thousands of
non-technical people who have bought
these amplifiers, how many have spent
a proportionate amount of mioney on
their loudspeaker systems?

There is room for a cheaper and sim-
pler audio amplifier which can still be
considered high-quality. It is not gener-
ally believed that a single-ended output
stage is capable of producing results in
keeping with present-day standards; yet
it can be done. This article will describe
how excellent listening quality can be
obtained from a circuit which, at first
glance, doesn’t look as though it would
sound any better than a small table radio.

The secret of this transformation is
negative feedback. It is the writer’s be-
lief that most of the unpleasantness of
the reprodiction from an ordinary sin-
gle tetrode or pentode output is due to
the low speaker damping, and not to the
harmonic distortion. Without entering
into the fierce discussion on the merits
or otherwise of negative output impe-
dance of amplifiers, it can be stated with
some confidence that an output resistance
somewhat less than the speaker resist-
ance is desirable in order to obtain sat-
isfactory damping. By using enough neg-
ative feedback this can be achieved with
a tetrode output tube. with all the attend-
ant advantages of reduced distortion and

* 1928 Cooley Ave., East Palo Alto, Calif.

THE BEST AUDIO AMPLIFIER is wasted

extended frequency response. The am-
plifier to be described uses a single 6V6
beam tetrode tube, with an ordinary uni-
versal output transformer. The perform-
ance figures show that the results
obtained are definitely in the ‘“high-
quality” class:

3 watts
1 per cent at 3
watts (1000 cps)
3 db down at 20
cps and 25,000 cps
Output resistance: 0.1 ohm

Maximum output:
Total distortion:

Frequency range:

The maximum power output of 3
watts is obtained at middle frequencies;
the maximum power obtainable at ex-
treme low and high frequencies depends
orn: the quality of the output transformer.
No amount of negative feedback can ef-
fect any improvement in this respect.
Using the Thordarson Type T22S58
universal output transformer, the maxi-
mum available power output falls to 3
db below 3 watts at 80 cps and at 8000
cps.

Since most present-day amplifiers pro-
fesing to be “high fidelity” are capable
of at least 10 watts output, a word in de-
fense of 3 watts may not be out of place.
10 or 20 watts certainly give a consid-
erable margin of safety, so that even the
peaks of the signal give rise to distor-
tion less than the figures quoted for max-
imum output. What the loudspeaker
does to the transient is, of course, an-
other story. In this amplifier, owing to
the large amount of negative feedback,
the signal contains very small percent-
ages of distortion right up to the maxi-
mum output of 3 watts, and if the signal
is increased further, the peaks are
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Fig. 1. Block diagram of the amplifier, showing the two negdtive feedback loops.

clipped. This effect is clearly visible on
an oscilloscope, not only for a sine wave
but also for the complex waves of music
or speech. As mentioned previously, the
guiding principle in the design of the
amplifier is economy in construction
while maintaining adequate performance
for ordinary home listening: the acid
test for success is therefore a listening
test. If an oscilloscope is connected
across the loudspeaker, while reproduc-
ing heavily-recorded music, it will be
seen that the gain can be increased until
the volume is sufficient to drown all con-
versation before the peaks start to clip.
In other words, all activity must cease
while the music is at full volume—a con-
dition which must surely warm the heart
of any hi-fi enthusiast. Need more be
said about the adequacy of 3 watts?
The complete amplifier has sufficient
gain to produce full output from a mag-
netic pickup, such as the General Elec-
tric variable reluctance type. Figure 1
is a block diagram of the various stages,
and it is seen that the circuit can be
divided into two distinct parts, each em-
bodying heavy overall negative feedback.

Circuit Description

Figure 2 shows the complete circuit
in detail. The grid resistor K: is chosen
to be a suitable load for the pickup. The
first two triode sections form a straight
cascaded amplifier with a gain of 1400
times, which is reduced to an over-all
gain of 100 times by the negative feed-
back from the plate of V: to the cathode
of V1. This link contains the tone control
circuits. Various tone control arrange-
ments are possible, and can be chosen
to suit the individual: however, two net-
works which have been found adequate
are described here.

Figure 3 is the bass control, which
gives a maximum of 12 db bass boost,
the magnitude of the rise being con-
trolled by the potentiometer. The point
at which the rise begins is selected by
the switch. These turnover frequencies
are 80, 140, 200, 300, 400, and 500 cps.
The bass boost is sufficient to compensate
for the recording characteristic of LP
records, and in practise it will be found
that usually the maximum amount of
boost is unnecessary.

Figure 4 shows the treble control,
which has one position giving 3 db rise,



one flat position, and four positions giv-
ing treble cut. The potentiometer deter-
mines the degree of cut, and the switch
selects the turnover frequency. These
turnover frequencies are 1500, 2000,
4000, and 7000 cps. The 0.1 megohm
resistor is merely to prevent a thump at
the speaker when switching from the
flat to the lift position.

Raised in level by 40 db by V' and
Vs, the signal is fed to the volume con-
trol and then to the grid of Vs This tube
has the unusually high plate load, R,
of 2.2 megohms, and is direct-coupled
to the grid of V.. Using a 2.2 megohm
load enables a gain of 340 times to be
realized; if a.c. coupling were used, the
grid resistor of V/; would have to be at
least 10 megohms to avoid shunting the
load of Vs and this exceeds the tube
manufacturer’s maximum permissible
value of 1.0 megohm. Using direct-coup-
ling also has the advantage that no
low-frequency phase shift is introduced.

For an 8-ohm loudspeaker load, an
output transformer turns ratio of 32 to
1 should be used. The voltage “gain”
from the grid of V; to the transformer
secondary is approximately 0.76, thereby
giving a gain from the grid of V- to the
transformer secondary of 340 x 0.76 =
260 times. Since the feedback voltage
returned to the cathode of Vs is one
fourth of the output voltage, by virtue
of the 470- and 1500-ohm resistors form-

plate current of Vs decreases, then its
plate voltage increases, carrying the grid
of V. with it. The plate current of 1,
then rises, and its cathode voltage in-
creases. This also raises the screen volt-
age of Vs, tending to increase the plate
current of V: and restore the operating
point. Thus we have in effect an internal
negative feedhack loop which stabilizes
the working points of Vs and V. This
feedback loop is made inoperative for
signal voltages by decoupling the screen
of Vs,

The resistor Ru and capacitor C» be-
tween the plate of V, and the cathode of
Vs are to suppress high-frequency oscil-
lations. The capacitor should be a high-
quality mica type rated at 1000 volts.
If different taps are used on the output
transformer, or if a different transformer
is used, the values of these two compo-
nents may need to be adjusted. The
series grid resistor of Vs and the screen
resistor of V. are included to guard
against parasitic oscillations.

The total current drain of the com-
plete amplifier is only about 40 milli-
amperes, and hence the power pack re-
quirenients are modest. Using a 350-0-
350 volt high voltage winding on the
power transformer, sufficient voltage is
available to dispense with a choke in
favor of the much less expensive resistor
for smoothing purposes. The less efficient
smoothing thus obtained is nevertheless

POLE
6 POSITION
HORTING

SWITCH

TO TREBLE TONE CONTROL

Fig. 3. A suggested bass-boost circuit. This
section corresponds to box “A” in Fig. 2.
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Fig. 4. A suggested treble tone-control circuit.
This corresponds to box “B’ in Fig. 2.

tire amplifier can be built on a chassis
8 by 6 inches, and the quality of its re-
production bears comparison with that
of amplifiers many times more expensive.

PaArTs LIST—AMPLIFIER

C: 0.1 uf, 600 v, paper
Cs 50 uf, 6 v, electrolytic
C, 01 uf, 600 v, paper

.001 uf, 500 v, mica
Cs 0.5 uf, 200 v, paper

ing a voltage divider, the over-all gain  quite adequate, because the large amount ~ Cs 500 pf, 50 v, electrolytic
is reduced from 260 times to 4 times: of negative feedback reduces the 120- g’ }8016‘“-( lggg Vs mlxcat ti
that is we have 20log(260/4), or 36 db cycle hum from the B+ line to complete C“"C? 2 uf ITS(')O v gl'ccetfgl "gc) i
of negative feedback. inaudibility. It is desirable to use one or  p” " ;)icltu]‘) load resistor )(sec text)
Vs obtains its bias voitage from the more of the standard methods for re- R, R, 0.12 meg, 1 watt
very small grid current flowing through ducing 60-cycle hum from the heater of R, Rs 2200 ohms, 14 watt
the 4.7 megohm grid resistor; this is 7y, such as tapping a ground connection Ry, Ry 0.47 meg, 15 watt )
commonly described as “contact poten- across the heater winding, (as shown) K 0.5 meg audio taper potentiometer
tial.” Bias amounts to about minus 0.75 or raising the heater winding to some K 4.7 meg, V% w’att
volt. The voltage developed across the positive potential with respect to ground. ]’g R 272000 Oh{“sv t/tz watt
470-ohm cathode resistor is only some Only one other point need be men- 5" 3’70'2‘}3%15 \;a LI
0.07 volt, and is thereforc negligible. tioned in connection with practical con- R:: 56.000 oh{nszyz =
The reason for using this method of struction. The cathode resistor, both g 330 ohms, 4 watt
biasing is that it avoids the low-fre- grid resistors, and grid capacitor of V: R, 1250 ohms, 5 watts
quency phase shift which would be in-  should be mounted as close as possible Ry 1500 ohms, 1 watt
troduced by the conventional cathode to the tube socket. This is because the Rn 47,000 ohms, 1 watt
resistor and bypass capacitor. input impedance to Vs is extremely high  Ru 10.000 ohms, 1 watt
One of the troubles inherent in direct- and the grid leads are very sensitive to g" (1)02070 0}‘"‘5»'? watts
coupled stages is the drift of operating hum pickup. 12 .2/ megs, 72 watt oy "
: piiadan 4 . Chys - o Output transformer, “Universal
point. This is avoided here by deriving All figures quoted above are measured t 32-1 ratio §
ype, 32: 1 ratio for 8-ohm loud-
thie screen voltage of Vs from the cathode  values, not calculated. Aural results are speaker
of V.. through the 0.47-meg resistor. excellent: the cleanness of the bass re- T, Power transformer. 350.0-350 v at
The operation is as follows: suppose the sponse is particularly pleasing. The en- 50 ma; 6.3 v at 2.0 amps
280v ) RIT zov R18 324 340v
= W
39 o35 cBgls ] o3¢ cel, 10000 obe T C9 .
L=+ (2] 10 |- 3 0] 3 20fsoov & o2%
o & 38 r E 8n 2335 837
= the = c7 x2TO R23 P
it L_| opuut co %o
1t A_] 1t “J
ﬁzﬂj \0.1 1000V V: 2001560V 01‘11
F—'-. § gfié eaxs f(— o1
K ) 3L =+l . R22
b" I::] ~ R14 ) ) 25
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L3N O%sov T3 = poww
+ e Y
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Fig. 2. The complete schematic of the amplifier.



A Quality Amplifier For

The Home

ALBERT PREISMAN*

Mothers and wives can operate this unit, which has a built-in preamplifier and an absolute minimum of
confusing knobs and dials. Even the selector switch is cleverly eliminated; manufacturers take note!

HE HI-FI ENTHUSIAST has been the

butt of innumerable jokes for many

years. The most fanatic have been
accused of listening, not to music, but
only to white noise, and the somewhat
more reasonable members of this irasci-
ble fraternity make a fetish of “systems”
with a bewildering multiplicity of knobs
and switches, so as to be able to control
every conceivable characteristic of the
reproduced sound (except, apparently,
its loudness).

The writer was accused by his good
frau of never having a radio or phono-
graph that was simple in operation, pre-
sentable in appearance, and satisfying in
performance, and the thing that rankled
most in his mind was, of course, the truth
of the accusation. So he sat down to
figure out a circuit that could accommo-
date a phonograph pickup, an FM tuner,
and a magnetic tape recorder, to be
housed in a presentable cabinet, and ar-
ranged to be operated with a minimum
of switches and controls.

The pickup chosen was an ordinary
GE variable-reluctance dual type having
a l-mil diamond stylus and a 3-mil sap-
phire stylus. The necessary preamplifier
was built into the main amplifier rather
than on a separate chassis. The power
supply, however, was built on a separate
chassis to minimize hum pickup.

The FM tuner happened to be a
Meissner ; of course any other make can
be used. The important thing is that the
output level is much higher than that of
the phonograph pickup, hence the tuner
can be connected into the system at a
point immediately following the pre-
amplifier.

The tape recorder happened to be a
Magnacordette. This has its own pre-
amplifier, which functions both for re-
cording and reproducing, and in the
latter case has an output level compar-
able to that of the FM tuner. Hence it
would be only natural to connect the re-
corder into the system at about the same
point as the tuner.

This, then, suggested the layout that
is actually employed. Following the pre-
amplifier is an amplifier stage consisting
of two sections of a 12AX7 whose plates
are connected in parallel to a common
plate load resistor. The grid of one sec-
tion connects to the preamplifier, but the

" *Capitol Radio Engincering Institute,
16th & Park Road, N. W., Washington
10, D. C.

grid of the other section is fed, through
a pair of separate series 75,000-ohm re-
sistors, from the FM and tape-recorder
outputs. The two series resistors merely
serve to isolate the tuner and recorder
from one another to a satisfactory degree.

In other words, the stage following
the phono preamplifier is an electronic
mixer stage, and the grid of one section
is in itself arranged to mix two inputs.
Hence a total of three inputs can be ac-
commodated, and any one, two, or all
three sources can be used to feed the
loudspeaker. It requires no particular
technical savvy to operate: if you want
to play the phonograph, you turn on the
amplifier, start the turnable, place the
pickup on the record, and there you are.
If you want to play the FM tuner, turn
on the tuner as well as the main ampli-
fier; if your wish is the tape recorder,
turn it on as well as the main amplifier.
Should you—perish forbid—wish to play
two at once, or all three, merely turn on
those you want. This is all admittedly
very obvious, hence it is a desirable char-
acteristic for the family instrument,

Now, as to tone controls: Women are
not interested in engineering; that’s why
engineers have to work overtime design-
ing engineering gadgets that do the
technical work for them. Witness auto-
matic transmissions, power steering,
automatic washing machines, pre-cooked
oatmeal, etc. Hence no equalizer was
employed in this system; it has a fixed
amount of bass boost, and a flat high-
frequency response. The only control is
a tone control of the “chopper-offer”
type; it provides a rather sharp cutoff
at 10 kc, 8 ke, or 5 ke, as desired, and is
used (only by me, of course) to cut down
the excessive surface noise on some old
78-r.p.m records that I have.

Perhaps the rest of the family will be
enticed in time to use it, but since they
play only LP’s and 45’s, they appear to
have little need for it. It is desirable to
have this control act on all three inputs,
hence it is arranged to follow the mixer
stage, and so requires a separate tube
section for this purpose.

The present horsepower race among
manufacturers of the horseless carriage
had its origin in the power output race
that began in the 20’s, when the UX
112-A supplanted WD-11 or UV 201-A
tubes in push pull. There is a group of
diehard moderates who claim one or two
watts output is sufficient. However, audio
power is relatively cheap, and so this

amplifier employs two 1622 tubes in
push-pull, with a power output of 16
watts. Such power output may not be
necessary for the home, but then one is
under no compulsion to turn the gain up
to a maximum. And if it should be de-
sired to employ this amplifier for a larger
room, the power is there to use.

However, the amplifier described here
is readily modified to suit the specific
needs of the builder. The tone control
can be eliminated if not desired; the bass
boost can be made variable, and smaller
power tubes can be employed. Other pos-
sible variations may occur to the reader
as he persues the description that fol-
lows.

The Phono Preamplifier

The complete amplifier diagram is
shown in Fig. 1. The preamplifier con-
sists of a 12AX7, with its two sections
connected in cascade and employing
feedback. But first we note the R-C in-
put networks to the first grid; the use
of these tends to cut down turntable
rumble, although the best way to mini-
mize this is to use a turntable as free of
this characteristic as possible, and then
to install it in a rock vault 10 feet
underground.

Incidentally, the ordinary three-speed
changer that I am using had excessive
rumble until I slipped some rubber snub-
bers between the metal chassis and the
wooden frame on which it is supported
by three conical springs. It seems that
the springs are too free and permit the
whole assembly to quiver like a dowag-
er’s third chin at a gabfest; the rubber
snubbers hold it in check like a whale-
bone corset.

The input resistor of 10,000 ohms
scems to give the most satisfactory high-
frequency response. An initial value of
20,000 ohms permitted the GE pickup to
develop a double-humiped peak at 6,000
and 10,000 cps, with a minimum at 8,000;
the present value produces a reasonably
smooth response.

Low-frequency boost is obtained by
feeding back from the plate of the second
tube to the cathode of the first via a .04-uf
capacitor in series with a 47,000-ohm re-
sistor. By varying the values of these
two components, the low-frequency peak
may be varied to a certain extent, both
in magnitude and frequency. However,
an additional boost is obtained by the
O11-uf capacitor and 270,000-ohm re-
sistor shunting the 50,000-ohm volume



control, together with the 75,000-ohm
resistor above this combination.

This latter network produces a reduc-
tion in gain, but the gain is more than
sufficient anyway, and the additional bass
boost of 4.2 db raises the total to 19 db.
Of course more can be had, but the re-
sponse from a test record using the RCA
New Orthophonic curve seems quite
satisfactory for the values given.

One advantage of employing two sepa-
rate circuits for bass boost is that their
peaks may be staggered and thus used to
shape the curve to a certain degree. The
curve as obtained for the values shown
1s exhibited in Fig. 2; the curve marked
“Phono Input” shows a peak centered at
about 45 cps. This is to be compared with
the response marked “I'M Input,” which
is that of the amplifier stages following
the preamplifier. The slight dip below 50
cps in the latter curve is mainly due to
the output transformer.

The 75,000-ohm resistor in the bass-
boost network can be made variable in
order to vary the amount of bass boost.
The 540-ohm cathode resistor of the first
stage may be changed to'a potentiometer,
with the 47,000 ohm resistor connected
to the arm. In this way the amount of
bass boost can be varied in this network
without varying the position of the peak
in the frequency spectrum.

A switch in series with the feedback
network can bhe used to disconnect it
when a flat response is desired, such as
when 1t is desired to connect a micro-
phone. The concomitant increase in
gain is usually desirable in such a case
because of the normally lower output of
the microphone. However, 1 prefer to

use the preamplifier in the Magnecor-
dette for this purpose, hence [ have
omitted the switch.

One further point to note is the .015-uf
cathode bypass capacitor employed in the
second stage. It does not take effect until
about 4,000 cps, at which point it begins
to decrease the mverse feedback in this
stage and thus raise the high-frequency
response. This appears necessary in the
case of triodes because of the appreciable
input capacitance of a triode stage owing
to the Miller effect. The resulting attenu-
ation of the higher frequencies by several
such stages is counteracted to an appre-
ciable degree by this small bypass capaci-
tor. By varying its value, the point at
which conipensation begins to take effect
can he varied: a smaller value causes the
compensation to set in at a higher fre-
quency.

When the amplifier was completed, it
was found that the hum was appreciable.
owing in part to the bass-boost. The so-
lution was to feed the heater of the first
12AX7 (whose two sections constitute
the preamplifier) with the plate current
of the two 1622 tubes operating in push-
pull. Since these operate essentially class
A, the even-harmwonic components that
are present in the combined cathode cur-
rent are relatively small, and produce no
noticeable effects in the preamplifier. The
reduction in hum is very marked; most
of the residual hum now present is very
small, and is mainly due to stray mag-
netic fields acting on the phono pickup.
I'M tuner, or Magnecordette. The latter
is particularly sensitive to stray 60-cps
magnetic fields.

The 12AX7 heater is placed in series

with a 22-ohm resistor and 25-ohm po-
tentiometer. This increases the voltage
drop to a value adequate to serve as self
bias for the push-pull output stage. The
25-ohm potentiometer serves further to
vary the bias of one 1622 tube relative
to the other: in this way two 1622 tubes
can he equalized as to d.c. plate current
flow in the output stage. The 10,000-0hm
resistor is required to draw additional
bleeder current because the 12AX7
heater requires more d.c. than do the
plates of the 61.6 tubes at an operating
potential of 250 volts. The 10,000-ohm
resistor also serves as a bleeder for the
power supply.

Mixer and Equalizer Stages

The 50.000-ohm volume control fol-
lowing the preamplifier stages is for the
phono pickup only, since it is assumed
that the tuner and tape recorder have
their own volume controls. In this way
each volume control can be preset to its
average position, so that there is no sud-
den blare of sound as the svstem is
switched from one source to another.

The third stage emnploys the two sec-
tions of a 12AX7 tube in the form of an
electronic mixer, as mentioned previ-
ously. The common plate resistor of
39,000 ohms was found to e the desir-
able value to use in conjunction with
the bridged-T network following it. The
latter employs a 2-henry Hycor toroidal
inductor, which can be switched by two
sections of a 3-gang switch to bridge
various combinations of series capacitors.

The bridged-T configuration gives a
sharp attenuation dip at the frequency
at which the two capacitors and the in-

18
20
e 20, 2 HYCOR TOROID !
e 1 5T
20 :;(?,- 2H
Tk A d~ T
ne nlg o— 0= uTc
= 1287 10KC _-390ppt: 05 LS-5%
v M T Y y It
20" [ 120! 43 o
8 'yt put,
01 05 << eYps g
o H K bl o = = 15 | LS
sc il 7 4
- 1000|1000 ‘[,u, J =l |o ] L o
2 - puf | upt — 2 S ~ [
Lo} vy v 390 |1800|o| T3 o
Z oS WS w 4 < -
=03 T2 =3 wpt ot (S =g | & hat
ooT ~T & 4 .3 =] |1
z - [ ~ oY S = 0.5H o= 5 i e o © o
- [ "o > g ¥z $2
& - o 2 <
° '{_’T o S 6L6 b
° J 0 o OR
_ 1€22
v2b 350
1/2-124X7 WA
e j§\ g 5_4 1OH
A Y
e | -
\-—*,’ = = o
° ° - P~ 8 8 30
(<] o w
(<] O, -3
o 4 o A 28
o e o E3Y J
o Ay
TO HEATERS
FMm TAPE = =

Fig. 1. Complete schematic of the amplifier. The input switch is eliminated by mixing all three sources so that it is only necessory to turn on tuner,

phono, or tape machine os desired.



ductance are in series resonance. The
value of R must be adjusted to the proper
value to produce this sharp selective at-
tenuation effect. but its value is not par-
ticularly critical. The magnitude indi-
cated is 120,000 ohms, but this value
would differ with different inductors.

Approximate values of the capacitors
used are indicated, but exact values are
best determined experimentally by run-
ning a frequency response curve on the
amplifier and adjusting the capacitor
values until the proper response is
obtained. Actually, odd values may be
required to hit the desired frequency,
and in this case a practical dodge is to
use slightly unequal values of capacitors.
A little patience and a number of
capacitors will result in the response
dropping off fairly sharply at the de-
sired cutoff frequency.

However, the bridged-T network
attenuates only in the vicinity of one
frequency; above that irequency its
transmission approaches the normal
value once more. To hold down the ve-
sponse heyond the attenuation frequency,
the series-resonant network following
the bridged-T is employed. This in-
volves a 0.5-henry choke and suitable
series capacitors, mounted on the third
section of the 3-gang switch, to operate
in conjunction with the bridged-T.

Approximate values are shown for
these capacitors also, but here again the
capacitors should be chosen experimen-
tally to resonate at a suitable higher
frequency than the corresponding fre-
quency of maximum attenuation of the
bridged-T, and thus hold down the re-
sponse to a suitably low value at the
higher frequencies.

However, for the 8000- and 5000-cps
attenuation frequencies, the simple series
resonant circuits permit the response to
rise again beyond its resonant frequency,
because the amplifier still has adequate
gain in this region. Hence, two addi-
tional shunting capacitors are employed
from the corresponding two switch con-
tacts to ground, and these hold the re-
sponse down to an acceptably low value.

The response curves of the filters are
shown in Fig. 3. The peaks shown are
due to a tendency for the bridged-T
choke to resonate with the following
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Fig. 3. This graph shows the characteristic
with each of the three filters switched in.
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series-resonant circuit; the rise in gain
after the frequency of maximum attenua-
tion is due to the inability of the series-
resonant circuit to keep the response
down. The results are quite satisfactory
despite these peaks, and in spite of the
grave admonitions to avoid peaks, the
“ringing” of the system is not noticeable
to the listener.

The main reason for employing such
a rather involved network is to obtain
as wide a frequency response as possible
consistent with the surface noise of the
record or other source. For LP’s and
even good 78’s I use the amplifier wide
open; I can take a certain amount of
hiss. Incidentally, I seemed to get a
sharper attenuation curve using the
bridged-T insead of a parallel twin-T,
which otherwise would have been more
attractive because it requires only re-
sistors and capacitors.

Power Output Section

The next two stages are sections of a
12AX7 tube, as indicated. The reason
two sections are employed is to obtain
feedback from the secondary of the out-
put transformer to the cathode of the
first section, and then to use the second
section as the phase-splitter stage.

The amount of feedback that can be
employed is himited; for the UTC 1.S-55
output transformer the values of 13,000
ohms for the feedback resistor, and 2200
ohms for the cathode resistor seem to
permit the greatest allowable amount of
feedback. Tests made by measuring the

regulation of the output voltage as the
load resistance is varied indicate that
the internal output impedance, looking
into the 15-ohm secondary terminals, is
reduced to 4 ohms.

The split cathode resistor employed in
the phase-splitter stage affords the cor-
rect grid bias for the stage and at the
same time the correct drive voltage for
the connected 1622 grid.

The output stage in itself is conven-
tional. The 1622 tubes are operated at
values recommended by RCA, 250 volts
on the plates and screen grids, and - 18
volts self bias. The output, as measured
at the secondary of the output trans-
former, is 16 watts, and was determined
by observing the output wave shape on
a scope, and noting where it just began
to flatten. The exact percentage is not
important, as this is more power output
than is required in the home.

The maximum gain was found to be
about 102 db at 1000 cps. This is not only
very high, considering that no input
step-up transformer is employed, but it
is also in excess of that required by any
phonograph pickup; indeed, it reaches
down into the thermal and microphonic
noise levels of the first stage. This is
particularly the case since the gain at
low frequencies is an additional 18 db.
A 12AU7 can be successfully substituted
for the first 12AX7, with about 7 db
reduction in gain, Hence, one might just
as well use the 12AX7 and run the vol-
ume control a little lower.

The power supply is of conventional

(Concluded on boltom of next page)
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A Transformerless 25-Watt Amplifier
for Conventional Loudspeakers

D. P. DICKIE, JR.* AND A. MACOVSKI**

A Low-Cost, High-Quality Amplifier Using No Iron-Cored Components

URING THE PAST SEVERAL YEARS
D audio amplifier design has pro-

gressed at a rate second only to that
of the transducers associated with it in
typical sound reproduction systems. A
decade ago one could justifiably point
to phonograph pickups and loudspeakers
as the quality-determining links in the
average home audio system. This dis-
parity has been steadilv narrowed and
at the present time 1o one can generalize
as to weak links. Suffice it to say that
innovations in amplifiers have been less
startling, since they had an initial jump
on the rest of the elements involved in
the sound reproduction process. Such
advances as have been made center pri
marily about the output transformer.
With minor exceptions, no basic circuit
changes have found their way into com-
mercially available amplifiers.

This attack on the problem was a logi-
cal one since only the transformers and
the vacuum tubes in an amplifier can
operate in a nonlinear fashion and
thereby produce harmonic and inter-
modulation distortion. Furthermore, the
fundamental limitations on bandwidth
or frequency response have generally
been due to the output transformer. One
of the most practical ways to minimize
harmonic distortion is to employ inverse
feedback around those circuit “elerments
that are responsible for the generation
of distortion products. Again, the stum-
bling block has been the output trans-
former, for its high-frequency attenua-.
tion and phase shift characteristics have
thus far limited the amount of inverse
feedback which could be stably employed.
This vicious circle has stimulated many
inherent improvements in transformer
design, but the fundamental problems
still exist, although mitigated in niagni-
tude. It is unfortunate but true that the
* Pacific Mercury Television Mfg. Corp.,
5955 Van Nuys Bivd.,, Van Nuys, Calif.

** RCA Laboratories, 711 Fifth Ave,
New York 22, N. Y.

region of most serious distortion in a
transformer is in the low- and very-
low-frequency range. At these frequen-
cies the magnetizing current may becoime
sufficiently high to produce saturation
flux densities in the core. Although in-
verse feedback can substantially reduce
the distortion in the near-saturation re-
gion, its application is dependent upon
the high- as well as the low-frequency
characteristics of the transformer. There
is no simple solution to the problem and
careful attention must be paid to the
sometimes conflicting demands of good
high- and low-frequency performance.
It should be pointed out here that the
problem is not merely confined to fre-
quency response of the transformer.
Most good output transformers exhibit
a frequency response far wider than
that needed for sound reproduction. The
problem of being able to transfer large
amounts of power without distortion,
particularly at the low-frequency end of
the range, is another issue altogether.

Still another limitation imposed by
most output transformers in high-quality
systems is inability to operate well in
class-B and AB power-amplifier stages.
Unless there is a very high co-efficient
of coupling between the two halves of
the primary, transient signals are gen-
erated by the nonsinusoidal currents
which flow in the half-primaries. Class-B
and AB operation can contribute greatly
to the power handling capabilities of an
amplifier stage, but unfortunately these
classes of operation have become as-
sociated with higher distortion. While
this is fundamentally true, the amount
of distortion is not serious and if suffi-
cient inverse feedback is employed the
output signal will be a good replica of
the input. Full realization of these more
eflicient operating conditions must await
the practical application of large
amounts of inverse feedback.

The Transformerless Amplitier

With these problems of output trans-
formers i mind many have envisaged
transformerless amplifiers, While many
of the problems associated with trans-
formerless design seem overwhelming,
at least one manufacturer has licked the
biggest problem by winding a 500-ohm
voice coil for his loudspeakers. Per-
formance is almost unbelievable in those
regions where transformer-type ampli-
fiers fall down. 1t was felt by the writers
that if outstanding performance could
be obtained in a transformerless ampli-
fier which could drive loudspeakers of
conventional impedances, a very prac-
tical unit might be the result.

At the outset of study of the problem
it was determined that any design should
be a practical one. The use of trans-
mitting-type tubes or inordinate quanti-
ties of receiving-type tubes was not
justifiable. Plate efficiencies comparable
to existing high-quality amplifiers should
be achieved. Size, cost and weight should
not exceed those of comparable ampli-
fiers. Furthermore, it was felt that for
a real contribution to be made, very
exceptional operation should be the rule
not only in the usual respects but par-
ticularly in those respects where
transformer-type operation has its weak-
nesses. Since most high-quality loud-
speakers are available in 16-ohm im-
pedances, this amplifier was designed for
that impedance. Following standard
practice, the entire unit was designed
for use with preamplifiers suitably
equalized for the particular program
source and capable of delivering 1 volt
of signal.

Preliminary study yielded some start-
ling results. It seemed that the uncon-
ventionality of the goal—that of driving
a low-impedance speaker directly—ac-

*Chai Yeh, “Analysis of a single-ended
pussh-pull audio amplifier,” Proc. IRE, June
1953.
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(Continued from previous page)

design and needs little comment, The
reason for the dropping resistor as a
second filter is that a spare television
power transformer was used, which de-
veloped an unexpectedly high voltage.
This was reduced to meet the rated plate
and screen voltages of the 1622 tubes ;
perhaps the transformer you may have
available will not require the same treat-
ment.

Oil-filled filter capacitors of relatively
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low values were employed rather than
electrolytics; however, the writer is not
particularly prejudiced against then.
There s, however, a satisfaction in
knowing that these components will
stand up indefinitely, although, admit-
tedly, large electrolytic capacitors were
used for decoupling purposes in the vari-
ous stages, and hence in time trouble may
occur at these points. Although smaller
decoupling capacitors could be used, the
values indicated do stabilize the ampli-
fier to a large extent against line surges
and similar “bumps.”

This amplifier is operated into an

I.CIA speaker installed in an infinite
haffle of about 15 cubic feet volume. The
results are generally approved by people
who have listened to the systen), and it
appears to be very suitable for the home.

As a matter of final interest, Fig. 4
shows the response of the system from
the G-E pickup to a 15-ohm load re-
sistor, employing a Dubbings D-101A
record for the RCA New Orthophonic
curve. The results, it will be noted, are
fairly flat, particularly at the low-fre-
quency end of the spectrum, and confirm
the satisfactory conclusions drawn from
listening tests.



tually set off a chain reaction of further
innovations. While most of the features
ultimately used are tried and true pro-
cedures in the electronic industry, this
particular combination of them is new
to audio. The infusion of new blood
seems to produce a healthy new approach
to an old problem.

Theory Of Operation

The output stage of the amplifier is
the single-ended, push-pull type as
shown in Fig. 1.' The quiescent current
is equal in both sets of triodes, with no
d.c. flowing through the load. The tubes
are driven out of phase with the differ-
ence in current between the tubes flow-
ing through the speaker load.

The most efficient method of utilizing
this system is to bias the output tubes
close to cutoff with the operation ap-
proaching that of class B. The usual
ubjections to this mode of operation,
such as switching transients and distor-
tion, do not apply if no output trans-
former is used. Class-B operation pro-
vides maximum power output with
minimum plate dissipation so that the
peak current capabilites of tubes can
effectively be used. A low-impedance
power supply is necessary with this ar-
rangement so that the supply voltage
will not drop excessively when the
maximum current is drawn and thereby
reduce the maximum power output.

The power supplies used are half-
wave selenium rectifier circuits develop-
ing +140 v. and - 140 v. with respect

to ground. These use large capacitors,
with no additional filtering which would
raise the power-supply impedance. To
get higher voltages for low-level stages,
additional selenium rectifiers are used
in voltage adding arrangements to ob-
tain 250 volts as shown in Fig. 1.

The absence of an output transformer
allows 40 db of feedback to be applied by
connecting the voice coil directly to the
cathode of the phase splitter driver. Be-
sides its distortion reduction character-
istic, the application of feedback serves
to reduce drastically the hum voltage
which would otherwise he present. Since
the gain within the feedback loop is es-
sentially unity, an additional voltage
amplifier is used, with separate feedback,
to build up the input voltage to the
voice-coil level.

Circuit Details

Figure 1 shows the final circuit of the
amplifier. Three 6082 double triodes are
used. They are 26.5-volt versions of the
popular 6AS7G. These tubes are capable
of 700 ma of peak current per triode
section at the plate voltages used. The
6082’s allow the use of a series heater
string, eliminating a filament trans-
former. The tubes cut off at about 70
volts, and a 60-volt fixed bias is used
on each. The bias on one side is made
adjustable so as to equalize the d.c. in
the two sets of triodes and insure that
no d.c. flows in the voice coil. To protect
the tubes, a low d.c. impedance of 56,-
000 ohms is used in the grid circuit.

It should be noted that the 6082 is not
intended for use with fixed bias unless a
limiting resistor is added in either the
plate or the cathode circuit of the tube.
Although this circuit does not use such
resistors, their omission is feasible be-
cause the tubes are used under quiescent
conditions well below maximum ratings.

The voltage-amplifier stages are all
operated class A with conventional cir-
cuitry. A separate driver is needed for
each side of the output tubes, since in-
sufficient output is obtained from the
phase solitter to drive the output tubes
directly. One side of the phase splitter
has a larger load than the other, since
the input to the lower group of output
tubes has the speaker impedance in the
cathode. This causes degeneration and
necessitates higher input than the upper
group. In the first voltage amplifier,
bias is obtained using unbypassed
cathode resistors since the loss in gain
can easily be tolerated. The phase-
splitter driver, however, has fixed bias
applied to its grid by dividing down from
the — 140-volt bus, since maximum gain
is desired within the main feedback loop.

The high-current power supplies use
300-uf capacitors and 5-ohm protective
resistors (each made up of paralleled
16-ohm units). A voltage adder circuit
is used for the —250-volt supply, which
supplies only bias. Another wvoltage
adder circuit is used to supply + 250 volts
for the driver stages. Additional R-C
decoupling is used to minimize hum in
the low-level stages.
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Operational Details

As with all power-transformerless
equipment, care must be used when con-
necting to other pieces of equipment to
see that the cold side of the line is con-
nected to the chassis. Although this is
readily achieved, the use of a small
power line isolation transformer would
eliminate the need for caution.

As would be expected, 40 db of feed-
back can be applied only within a loop
having a minmmum of phase shifts to
avoid instability. It is therefore neces-
sary to modify the arrangement when
using speakers which present other than
a resistive load to the amplifier. This
situation is not generally encountered in
transformer-type amplifiers since the
output transformer itself becomes the
main impedance at high frequencies.
That is, the speaker high-frequency im
pedance is not reflected through the
transformer. Figure 1 shows three alter-
native ways to deal with instability due
to an inductive speaker load, which not
only causes additional phase shift, but
causes higher amounts of feedback due
to the increased load impedance. The
180-ohm resistor merely limits the maxi-
mum impedance of the speaker and thus
prevents excessive feedback. The 0.5-pf
capacitor is a low impedance at high
frequencies, shorting the inductive load.
The series 16-ohm resistor and .01-pf
capacitor places a 16-ohm resistor across
the speaker at high frequencies and an
open circuit at low frequencies. This
serves to provide constant impedance
and feedback over the frequency range.
If any instability is noted with a given
speaker, try one or the other for best
operation.

The balance adjustment for zero d.c.
in the voice coil can be made with a
milliammeter in series with the voice
coil (a closed-circuit jack might be
added for the purpose). It should be
repeated when tubes are changed or
after many months of operation.

Performance

The operational results of the proto-
type model of this amplifier are shown
by the curves and photographs.

The {requency response, which is
shown in Fig. 2, is flat over a very wide
range.  Since  resistive-capacitance-
coupled circuits are used throughout,
there is no serious liniitation on response.
To keep circuit complexity down, and
to achieve the best feedback stability, a
reasonable amount of gain per stage is
desired. This, of course, will determine
the high-frequency limitations, while the
interstage coupling networks determine
the low-frequencies limitations. While
the bandwidth without feedback would
be wide in this design, the use of 40 db
of inverse feedback extends the ends of
the range manyfold. Most good ampli-
fiers exhibit a flat response well beyond
the limits of audibilty, and this unit
probably ranks as one of the widest-
band designs intended for audio use.

As shown in Fig. 3, the harmonic
distortion even at full rated output is
exceptionally low and virtually inde-
pendent of frequency. The ability to
deliver 25 watts at 20 cycles and below
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with negligible distortion is practically
impossible in a transformer-type ampli-
fier of similar mid-frequency power
rating. The low-frequency performance
is directly attributable to the use of cir-
cuit components whose nonlinear prop-
crties are in no way dependent upon
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Fig. 2. Frequency response of this amplifier is
flat at the low end and less than 3 db down at
200,000 cps, making it one of the widest-band
designs in use today for audio.
frequency. Thus the 40 db of feedback
rematns at that value over the entire
usable frequency range and satisfactorily
reduces the distortion without regard
to the frequencies involved. Even if the
distortion in the amplifier without feed-
back were as high as 10 per cent, the
40-db figure, corresponding to a voltage
ratio of 100 to one, would reduce this
to 0.1 per cent.

While dealing with the tested results
it is worthwhile to mention the subject
of intermodulation distortion. IM is a
very good and rapid means of evaluating
distortion in an amplifier. It is, however,
at its greatest value in testing systems
where there is apt to be a marked dis-
similarity in the nonlinear performance
of the amplifier at the particular pair
of frequencies used in the test. In an
amplifier such as this where there is no
frequency-sensitive distortion character-
istic, IM testing would yield little to
the total fund of information.

The efficiency with which a 16-ohm
loudspeaker may be driven directly to
produce these large power outputs is due
not only to the extremely high perveance
of the output tubes but also to operation
aproaching class B. Sufficient quiescent
current flows in each tube to ensure
good small-signal linearity. That is, the

operating bias is sufficiently low to
ensure that the no-signal operating point
is outside the curved region of the tube
characteristic near plate-current cutoff.
The resulting efficiency is about the
same as a transformer-type class-A
amplifier.

The square-wave performance of an
amplifier is an indication of its ability
to reproduce signals of a transient na-
ture. The low-frequency square-wave
response is a measure of the ability to
reproduce extremely low frequencies.
The amount of “droop” in the square-
wave response is the important feature
in this respect. A negligible droop at a
particular square-wave frequency means
that the amplifier will reproduce well
down to frequencies which are only a
fraction of the fundamental. The loud-
speaker damping, however, will prob-
ably be the ultimate factor in low-fre-
quency transient performance. While it
is impossible to secure unlimited amounts
of damping through reduction of the out-
put impedance of the amplifier, it is im-
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Fig. 3. Harmonic distortion is less than 0.4 per
cent at the related output of 20 watts into a3
16-0ohm speaker. Intermodulation measurements
would mean little since there are no frequency-
sensitive nonlinear elements in the design.
portant that this internal impedance be
at least several times lower than the
speaker’s nominal impedance. Reductions
of amplifier internal impedance beyond
this point are not necessary but can do
no harm. The internal impedance of
this amplifier, due to the large amount
of feedback, is only a fraction of an
ohm. This provides excellent electrical
damping.

The high-frequency square-wave per-
formance is a good indication, not only
of transient response, but also of the
stability of the feedback system. A

Fig. 4. These photos
of oscilloscope traces
show square-wave re-
sponse at four fre-
quencies—top  row,
left to right, 20 and
1000 cps; bottom
row, 10,000 and 50,-
000 cps. Note the
unusually short rise
time even at 10,000
cps and the complete
absence of evidences
of instability despite
a full 40 db of feed-
back. Effective out-
put impedance is a
fraction of an ohm,
eliminating any tend-
ency toward over-
shoot on transients.



tendency towards instability (not neces-
sarily oscillation) will manifest itself
as a decaying train of oscillations fol-
lowing the rapid rise and fall of the
square wave. Of course. if these oscil-
lating overshoots do not decay or die
out, the system will oscillate continu-
ously. It is important to have ample
stability in the feedback system to pre-
vent any form of “ringing” or overshoot
on a rapidly rising square wave. The
actual rise time of the square wave itself
in the output is largely a measure of the
high-frequency response.

Several square-wave frequencies are
shown in Fig. 4. Although the highest
frequency shown (50 kc) is only of
academic interest, it was included to
indicate that the performance was not
greatly deteriorated at a high frequency
ordinarily used to test video amiplifiers.

The extremely light weight and small
size as well as the low cost of this ampli-
fier stem principally from the ahsence of
heavy and costly components. The only
tems of major expense are the tubes,
the four selenium rectifiers, and the two
large electrolytic capacitors. The re-
maining components are small resistors
and capacitors of the sort encountered
it most amplifiers. The three output
tubes are considerably more expensive
than the normal receiving type, but are
still reasonably priced. The other tubes
are of widely used variety and inex-
pensive. Only two of the selenium recti-
fiers are the 500-ma type, while the
other two are the small 75-ma variety.
The total cost, computed from the cata-
log of a large parts supplier, is approxi-
mately the same as that of a single high-
quality output transformer of the type

originally designed for a currently popu-
lar amplifier.

The hum level in this amplifier is
about .02 volt across the load. This is
60 db below the rated power output.
This value was found to be exceeded by
the extraneous hum of the supplied
source material from the preamplifier,
which in itself was acceptably low.

The qualitative results of an ampli-
fier are generally the results of listening
tests. While it is impossible to attribute
specific attributes of good reproduction
to particular links in the system merely
by listening, some indication of per-
formance may be had by comparative
methods. As one would suspect from
the features, the way in which this de-
sign excels is when handling large
amounts of power at low frequencies.
Even at moderate listening levels, an
exceptional clearness of reproduction
was noted on organ music. An RCA
LC-1A in its standard studio console
pliase-inverter cabinet was used for
listening tests. It was neither feasible
nor desirable to employ anything near
the full output of this amplifier with
this loudspeaker, but at reasonably high
room levels, the low-frequency reproduc-
tion seemed exceptionally smooth and
realistic. The use of a horn-type low-
frequency loudspeaker, which would
more efficiently load the cone, would
permit the use of higher and more real-
istic levels of, say, a pipe organ. While
this has not been tried, it is thought
that here is where the amplifier would
excel. Since it is capable of delivering
large amounts of low-frequency power,
low-frequency signals such as those de-
veloped when tuning through an FM

signal may cause excessive corie ex-
cursions in speakers which are inade-
quately coupled to the air. If such is the
case, the coupling capacitor between the
first and second 12AT7's may be re-
duced to attenuate these effects.

Parts List
Capacitors
1 .05 uf, 600 v. paper
4 0.1 nf, 600 v. paper )
2 10 uf, 150 v. electrolytic
2 15 uf, 150 v. electrolytic
3 40 uf, 150 v. electrolytic
2 300 uf, 150 v. electrolytic
3 40 uf, 350 v. electrolytic
2 5 uf, 450 v. electrolytic
Resistors
1-watt
6 100 ohms 1 39,000 ohms
1 680 ohms 1 47,000 ohms
1 1000 ohms 4 56,000 ohms
1 1500 ohms 1 0.1 meg
1 1800 ohms 1 0.15 meg
2 10,000 ohms 1 0.27 meg
1 15,000 ohms 310 meg
2 18,000 ohms 1 1.2 meg
1 33,000 ohms 2 1.5 meg
2-watt
4 10 ohms 1 12,000 onms
1 560 ohms 1 27,000 ohms
2 8200 ohms
10-watt 20-watt

1 2500 olhms 1 40 ohms

1 10,000-ohm wirewound potentiometer
2 75-ma, 130-volt selenium rectifiers
2 500-ma, 130-volt selenium rectifiers

1 6SN7

2 12AT7's

3 6082's

The White POWRTRON Amplifier

STANLEY WHITE"

A discussion of one possible cause of power distortion and a description of a circuit developed
to eliminate it. The author also describes his method of dividing the frequency spectrum ahead
of the power amplifier. This unit has been popular with listeners at recent demonstrations.

tested using pure resistive load
impedances across the secondary
of the output transformer. Determination
of intermodulation distortion, harmonic
distortion, and power performance are
based upon results obtained using these
resistive loads although it is well recog-
nized that speakers do not present a
constant load impedance over the entire
frequency spectrum. However, for want
of a better method, resistive loads have
been retained as a standard procedure
in determining the performance and op-
erating characteristics of amplifiers.
This paper proposes a basic change in
amplifier circuitry that is inevitable if

M OST AMPLIFIERS are developed and

amplifiers are to perform their basic
function—that of presenting an electrical
power waveform to a speaker in such a
manner that the acoustical wave radiated
from the surface of the speaker is a
transformed replica of the voltage wave-
form at the input to the audio ampliher.
It will be shown that present audio am-
plifiers create a power distortion of a
magnitude of 6 to 8 db, and this type of
distortion is not discernible by present
day testing procedures.

Definition 1. Power distortion: A
power waveform generated by an audio
amplifier that deviates in any manner
whatsoever from the form of the input
voltage waveform is distorted with re-

spect to power to the extent of the
deviation.

From this definition, it can be seen
that any distortion measurement of an
audio power amplifier is, in fact, a
measurement of power distortion. That
is, power distortion is a generalized
form covering intermodulation distor-
tion, harmonic distortion, and so on.
Any amplifier that changes its power
output with changing load impedance
suffers from power distortion to the
extent that the power output is altered.
It is recognized that the relationship

" e Stan White Inc., 727 S. La Salle St.,
Chicago 5. 1.
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between power, voltage, and impedance
can be expressed by the fornmula
E:Z

where P= power output,
E=voltage, and
Z=load impedance.

In test procedures using resistive loads,
it can be scen that if £ remains constant,
the power output will remain constant.
However, with variable load impedances
the power output will bear an inverse
relationship to the impedance.

From transducer theory, there are
certain relationships between the elec-
trical and acoustical characteristics of

Fig. 2 (right). Underside view of the
20-watt amplifier, Large mica capaci-
tor at lower left is C,.

—_—

any speaker, and such factors as the
resistance of the suspension system, the
resistance of the air load, the reactance
of the voice coil and cone, the reactance
of the air load, and the reactance of
the suspension system must he consid-
ered as affecting the total impedance
of the speaker, in addition to the pure
electrical impedance of the voice coil
itself.

Effect of Feedback

The majority of hi-fi amplifiers em-
ploy some form of voltage feedback, but
a study of equation (I) will show that
if voltage remains constant there will be
considerable power distortion, and it is

—_—

Fig. 1 (left). Top view of 10-
and 20-watt White amplifiers
with filter network plugged
into the 10-watt unit. Fig. 3
provides for network to be
plugged into the 20-watt low-
frequency amplifier.

agreed that voltage feedback tends to
hold the voltage constant regardless of
the load across the amplifier terminals.
Thus any change in load impedance re-
sults simultaneously in an inverse power
change. If electrical impedance charac-
teristics and acoustical output charac-
teristics of a given speaker were related
in such a manner that electrical imped-
ance peaks occurred simultaneously with
acoustical peaks, the decrease in power
response at the point of maximum acous-
tical output would be beneficial. How-
ever, in rcal speakers this condition
seldom occurs.

The Powrtron circuit, Fig. 3, differs
from conventional amplifiers in that it
adds a small amount of negative current
feedback to a usual amount of negative
voltage feedback, with the result that
over a reasonable range of load varia-
tions the power distortion is held to
I db, whereas without the Powrtron fea-
ture the same amplifier shows a distor-
tion of as much as 8 db.

Careful consideration of this will show
that it is useless to attempt to control the
behavior of a loudspeaker by means of
a device that will sense impedance
changes in the speaker, and this is ex-
actly what is done with voltage feedback.
Many other effects of voltage feedback
are definitely beneficial, as is well known,
but the effect on power distortion is to
increase instead of decrease it.

Negative power feedback results in
much less power change over a range of
output loads than the other methods of
operation. Positive current feedback re-
duces the internal impedance of power
amplifiers to zero, but by so doing it
increases power distortion.
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Fig. 3. Complete schematic of the 20-watt White amplifier arranged for plugging in the electronic filter network. 10-watt model is identical
except for output tubes, which are 6V6’'s, and the output transformer.
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The Complete Circuit

While the Powrtron circuit refers
only to the addition of a single resistor
in the output circuit and the connection
back to a suitable point for the introduc-
tion of feedback, there are some advan-
tages to the complete White amplifier
and the method of introducing two sepa-
rate kinds of feedback is simplified
greatly. In Fig. 3 it will be noted that
R,, and C, constitute a usual form of
negative voltage feedback. The negative
current feedback is obtained from R,, in
the return leg of the secondary of the
output transformer. The cross-coupled
phase inverter, together with the direct-
coupled driver stage make it possible to
introduce the two different types of feed-
back with considerable ease. Further-
more, if a direct A-B test is desired, it
is only necessary to short out R,,.

Since the circuit is somewhat unique,
it may bear explanation. The input is
fed into a level-adjusting potentiometer
and thence to the grid of V,, through
C, and the grid resistor R,. (The use
of the octal socket will be described
later.) C: and R may appear unneces-
sary, but the slightest amount of d.c.
on the grid of V', is sufficient to unbal-
ance the operation of the entire system
so C, is a mica capacitor—.033 uf or
larger—which has been found to be com-
pletely free from leakage. The cathode
of V,, is directly coupled to the grid of
Vey and a tap on the cathode resistor
string of V,,. R; provides for a balance
of d.c. voltages throughout the first
three tubes—the method of adjustment
being to set R, at a point where the
voltage between the plates of V', and
V,, is zero. The negative current feed-
back i3 connected to the grid of V,,—
directly out of phase with the input
section—and the output of V,, is fed
into the phase splitter in a manner sim-
ilar to that from V. The direct coup-
ling between the phase splitter section
and the driver is made possible by the
use of a very large cathode resistor
for V,. It will be noted that these ca-
thodes are about 96 volts above ground,
resulting in a potential of approximately
90 volts on the plates of J,—this same
voltage being applied to the grids of
V4 which results in a bias of around 6
volts.

The output stage is the Ultra-Linear,
which has been described heretofore.!
In the 20-watt White amplifier, 5881’s
are used; in a very similar design for
10 watts output, 6V6’s are used—this
iatter amplifier being used with the 20-
watt model to make the two-way am-
plifier system to be described.

The current feedback is developed
across R,,, shown as 0.47 ohms. In con-
struction, it is suggested that this value
be obtained by the use of a 1-ohm 10-
watt adjustable resistor. Slight varia-
tions in the power response character-
istics may be had by changing the value
of this resistor, with corresponding

1t David Hafler and Herbert I. Keroes,
“The Ultra-Linear amplifier.” Aupio En-
GINEERING, Nov. 1951.

changes in the tonal quality of the
output.

Figure 2 shows the underside of the
White amplifier. Note that most of the
components ahead of the output stage
are located on the terminal board, which
is laid out as in Fig. 4. The parts list
indicates the wattages of the various
resistors, as well as the types recom-
mended.

of o P
oo Fo ofme }

Fig. 4. Arrangement of parts on terminal
board shown in Fig. 2.

In construction, it is suggested that the
amplifier be assembled with semi-per-
manent connections between the driver
stage and the output-tube grids, and
with the negative-voltage feedback cir-
cuit—R,,-C,—disconnected. Then pass a
signal through the amplifier and note
whether the signal increases or decreases
when R,, is shorted. If the signal de-
creases, the leads to the two output grids
should be reversed, since the feedback
voltage developed across R,, should re-
duce the gain, and shorting the resistor
eliminates the feedback. After the cor-
rect polarity is determined, the voltage-
feedback circuit R,,-C, may be con-
nected.

The Octal Socket

The octal socket previously mentioned
provides for the insertion of an elec-
tronic dividing network ahead of the
power amplifiers. With the shorting
plug in place, the amplifier functions
normally, and may be used to feed a
single speaker, or to feed a two- or
three-way system with a conventional
dividing network. However, one of the

advantages of the White system is that
the dividing network is used ahead of
the ampliners, providing the advantage
of low source impedance for the speak-
ers. The principal disadvantage is the
need for two power amplifiers, it being
quite usual to use the 20-watt model
for low f{requencies and the 10-watt
model for high frequencies.

The shorting plug simply connects
the incoming signal to the input of the
amplifier. However, when it is desired
to use two amplifiers, the shorting plug
is removed and an electronic filter unit
is inserted in the socket. Figure 5 is
the schematic of the filter network.
which consists of a dual triode connected
as two cathode iollowers. Each follower
feeds a filter circuit—one of low-pass
configuration, and one of high-pass con-
figuration. The low-pass output is fed
to the associated amplifier, and the other
output is fed to the treble amplifier. In
the commercially available model, the
treble output is fed through a pigtail
cable, which is plugged into the second
amplifier. As shown in Fig. 3 the treble
output is channeled to another phono
jack, which is connected by a jumper to
the second amplifier. The terminals
shown are not those used in the com-
mercial version, but are indicated for
study of the circuit.

Filter-Network Advantages

The most recent trend in amplifier
design has been toward increased neg-
ative feedback, using output transform-
ers of wider and wider range and placing
more and more stages inside the feed-
back loop. I‘or optimum operation, all
of the push-pull stages should be bal-
anced, and maximum phase shift must
be kept to less than 180 deg. inside the
feedback loop if oscillation is to be
avoided.

The two regions in which phase shift
will occur and oscillation becomes a
problem are at the extreme ends of the
audio spectrum. The ideal way to de-
sign an amplifier is to keep the phase
shift through the electronic section of
the amplifier limited to less than 5 deg.
and allow the electrical characteristics
of the output transformer determine
the operating frequency of the amplifier.

Unfortunately this 1deal is seldom
achieved.
It is well known that the reactive
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Fig. 5. Electronic filter network using a single 12AU7 as two cathode-follower sections to drive
the R-C filters which comprise the dividing network ahead of the power amplifiers.
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The Maestro—aPOWER Amplifier

DAVID SARSER* and MELVIN C. SPRINKLE**

A new version of the_now famous Musician’s Amplifier which should satisty anyone’s desires for
more power—and which uses a newly developed tube type with modest plate supply requirements.

defines maestro as “a master in

any art, especially music.” This
name is particularly appropriate to this
amplifier, shown in Fig. 1, for it com-
bines the best properties of the now
famous Musician’s Amplifier with a
prodigious increase in power output. It
is truly the master of the art of recreat-
ing music by electronic means.

The success of the Musician’s Ampli-
fier! is too well known to require re-
peating, but certain specialized appli-
cations have been encountered in which
it did not fill the bill. We have in mind
its power output, for its response, low
distortion. and low noise level leave little
to be desired ‘or home music listening.

One application for which it is not
entirely adequate is as a driver for =
disc recording head. The low distortion
makes the Musician’s Amplifier attrac-
tive, but it falls short on power, espe-
cially when making LP discs where pre-
emphasis is required. The considerations
on power for disc recording arc well
known and have been mentioned by these
writers previously.?

N oaH WEBSTER, in his book of words,

ey

.a.wsﬁ
¥ @

Fig. 1. The Maestro amplifier—a new contender for high-quality sound reproduction in the

home, or for disc-recording cutter driving,

or for any application where up to 90 watts is

required.

The development of FM broadcasting,
modern LP records, and tape equipment
has set new standards for dynamic range
in reproduced music. It is now necessary
to re-appraise the power required for
critical listening. In the past, the pro-
gram material was compressed to a 35-
or 40-db range and maximum power
could be handled easily by the conven-
tional “15-watt” amplifier. Today’s trend
1s toward elimination of compression.

Therefore it is necessary to increase the
power delivery of the amplifying system.

_*548 Riverside Drive, New York 27,
N. Y.

** Sales Engineer, Ampex Corporation,
Silver Spring, Md.

! Sarser and Sprinkle, “Musican’s am-
plifier,” Aupio ENGiINEERING, Nov. 1949,

2 Sarser and Sprinkle, “Musician’s am-
nlifier senior.”” Aupio EnGINEERING, Jan.

The POWRTRON

(Continued from previous puge)

filter networks cause substantial distor-
tion in the process of sound reproduc-
tion. However, the manner in which it
is caused is not nearly as well known.
The design of filter sections of constant-
valued elements of resistance, capaci-
tance, and inductance is standard en-
gineering practice. However, the design
of filter sections capable of dealing with
the variable impedance presented by a
speaker is a problem of serious magni-
tude. The use of a dual-channel ampli-
fier using electronic filter sections at the
input of the system is deemed the best
solution,

The crossover filter is constructed in
a standard Vector CO-10-N turret can,
making it readily interchangeable. Thus
the experimenter can construct several
different filter networks to determine the
best operating crossover frequency for
the speakers used, or hy removing the
network can restore the amplifier to
normal operation with a minimum of
effort. lI'or the constants shown, the
crossover frequency is approximately
560 cps.
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In the hi-fi field the final judgement
is always that of the listening test. In
the case of amplitiers it is difficult to
achicve a distinct improvement, but it
is felt that a listening test with the
crossover amplifier will give the lis-
tener just such a distinct improvement.

Parrs List (Fig. 3)
C, 033 pf, 1200 v. ica

Ce, Cs 0.5 uf, 600 v. paper

C 330 puf, 500 v. mica

Cs, Ce, C: 40 puf, 500 v. elect.

L, 8 H, 2.0 ma, swinging choke

Ls 30 H, 60 ma, smoothing choke

R, 025 meg potentiomceter, audio
taper

R, 1.0 meg, Vi-watt, Jeposited car-
bon

Ry, Ry, R,

R, 470 ohms, Il-watt, wirewound

R 200 ohms, 4-watt potentiometer,
linear

Re, Ry 50,000 ohms, 10-watt, wire-
wound, matched pair

Ry 1500 ohins, S-watt, wirewound

R 20,000 ohms, 10-watt, wirewound

R, Ry SU, U0 ohms, 10-watt, wire-
wound, matched pair

R, 500 ohms, 2-watt, wirewound

Ru, Ris O.IbS meg, 1-watt, deposited car-
on

Ry 350 ohms, 10-watt, wirewound

R, R 1000 ohms, Y3-watt, deposited

1951.
carbon

Rz 10 ohms, 10-watt, adjustable,
wirewound

Ry 3000 ohms, l-watt, wirewound

R 20,000 ohms, 10-watt, wire-
wound

T, Power transformer, White
Sound or Chicago PCR-200.
520-0-520 v at 200 ma; 50 v
at 20 a; 6.3 v at 45 a; potted.

T, Ultra-Linear output trans-

former, Acro TO-300, or
White Sound
V,V., Vs 12AU7

VoV 581 or KT66
Ve 5V4
Parts List (Fig. 5)

Ci, Cs .05 pf, 600 v. paper
Ci,C:, Cs .

C, 750 uuf, 500 v. mica
Cs.Cs,Che )

Cn 005 uf, 500 v. mica
R, Ris 1.0 meg, Vz-watt, deposited car-

bon

R, R 1500 ohms, 10-watt, wirewound

Ry, Rs, Re 47,000 ohms, Y;-watt, deposited
R, carbon
R, Ry, R1s 0.47 meg, V2-watt, deposited car-
t

n

on
V, 12AU7



A typical example is in a recent re-
cording oi Ponchielli’s “Dance of the
Hours.” In this selection, the pianissimo
'cello solo passage is repeatedly inter-
rupted by a crashing chord played by
the entire orchestra. With the usual 10-
to 15-watt ampliticr, the chord is heard,
but without sufhicient definition to suit
the fastidious listener. In order to dis-
tinguish between the various choirs of
the orchestra playing this chord, which
the trained ear can do in a concert hall,
it is necessary that considerable power
be available. A measurement of the peak
produced by the chord shows around 22
db of change in instantaneous power.
This is not, however, a true measure of
the peak but is an integrated reading.
This means that an amplifier of around
100 watts is required. Since this chord
contains fundamental frequencies be-
tween 30 and 4000 cps, it may he seen
that full power is required at these fre-
quencies. In addition to power over this
range, “clean” power is required up to
at least 15.000 cps for disc recording as
considered previously. Hence, we have
looked toward the development of an
amplifier which would combine the low
distortion, low noise. and wide range of
the Musician’s Amplifier, with substan-
tially increased power output.

While the Musician’s Amplifier
Senior® was a step in the right direction,
it had several shortcomings: it is large
in size; it requires a power supply much
like a transmitter, and which can be
lethal; it requires a power amplifier as
a driver; and it is like all Class A am-
plifiers—inefficient. And in high-power
amplifiers, efficiency becomes important.

New Tube Gives Clue

The recent announcentent of the type
6146 by RCA pointed toward a solution
of the need for more power with com-
paratively simple circuit design. This
tube 1s a beam-power amplifier tube pri-
marily intended for transmitter use. As
shown in f1g. 2 in comparison with the
5881 and the KT-06, it is small in size,
sturdily constructed; and it has a high
power sensitivity. It can be used in a
number of transmitter applications, but
RCA'’s data sheet indicates that it will
also serve as an audio power amplifier
or modulator, Class AB. This data sheet
recommends—under ideal conditions
such as perfectly regulated power sup-
plies—that a pair of 6146’s be operated
with a plate voltage of 750 and a screen
voltage of 200. This requires a fixed bias
of 50 volts and a plate-to-plate load of
8000 ohms. Under these conditions, the
power output is approximately 120 watts
into a plate-to-plate resistor. As a prac-
tical matter, we have departed slightly
from these conditions and obtained a
sine-wave power output of 90 watts from
25 to 30,000 cps. All this and Class AB,
too, with no driver and no grid-current
problems. The 6146 can be operated
readily with resistance coupling from a
voltage amplifier—and thus may be said

to be a “jolly good bhottle.”

Having found a satisfactory tube type,
the next problem was to find a suitable
output transformer. Search of trans-
former catalogs f{ailed to reveal one
which would meet all requirements, so
a conference was held with E. B. Harri-
son, of Peerless. On hearing the prob-
lem he said, “I think I can do it.” Sub-
sequently he has admitted it was a tough
one. However, Harrison designed and
built an output transformer for the 61406,
and although originally built especially
for this first amplifier, it is now in the
I'eerless line as type S-268-Q. When
tested in a matched network, the re-
sponse is within 1 db from 10 cps to
100,000 cps. Primary impedance is 8000
ohms, and it will handle 50 watts at 20
cps, and at least 80 watts mid-range.
When used in a feedback amplihier
where the source tmpedance is 10 per
cent or less of the reflected primary 1m-
pedance, the transformer will deliver
close to 80 watts with no visible dis-
tortion at 20 cps. Primary inductance at
5 volts, 60 cps, is greater than 200 hen-
ries, while at 80 watts the inductance is
aproximpately 800 henries, yet the leak-
age inductance referred to the primary
is around 7 mh. The d.c. resistance of
the primary is 115 ohms, and the inser-
tion loss around 7 per cent. Small in size
for its power rating this transformer
has proved to he excellent in perform-

Fig. 2. Comparative
size of the new RCA
6146 alongside the
5881 and the KT-66.

ance, and will pass a 30,000 cps square
wave with a vertical rise and a Hat top.

The Voltage Amplifier

Large triodes like the 845 have a high
bias, and transformer coupling is almost
a necessity. A power amplifier of some
size 1s also required to produce the
necessary voltage. The 6146, in common
with other beam tubes, operates at a
reasonable bias of 50 volts. It requires
around 35 volts r.m.s. per tube, or 70
volts for a push-pull pair for grid ex-
citation, and this is quite in line with
the 807 or 5881 drive requirements in
the Musician’s Amplitier. Thus, the
voltage amplifier of the earlier ampli-
tier was adopted, without change, as is
observed from the schematic, Fig. 3.

Design of the power supply proved to
be a bigger job. In the Musician’s Am-
plifier Senior, the power supply re-
sembled that of a small transmitter, and
the problem was current capacity and
high voltage. In the Maestro amplifier,
the problem is regulation, since opera-
tion is Class AB. According to the data
sheet, the plate current for a pair of
tubes goes from a quiescent 57 ma to a
peak of 227 ma, while the screen cur-
rent changes from 1 ma quiescent to 27
ma at 120 watts. Another problem was
to obtain the 750 volts with the choke
input that good regulation dictates. One
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Fig. 3. Complete schematic of the Maestro. Note similarity to the Musician’s amplifier.
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solution was found by using two re-
ceiver-type transformers with the high-
voltage windings in series. The pri-
maries are paralleled across 117 volts
a.c. and the secondaries are phased so
as to obtain 1600 volts r.m.s. from recti-
fier plate to plate. The two-transformer
scheme also provides the several 6.3-volt
heater windings which are required.

The rectifiers employed are the high-
vacuum, high-voltage SR4GY, ideal for
heavy-duty use. Two are used in parallel.
In preliminary work, a swinging choke
was used as input to the filter but it was
found that a conventional smoothing
choke works just as well. The require-
ments of sufficient minimum inductance
ahd low d.c. resistance are met by the
unit selected. The single high-voltage
filter capacitor is oil filled.

One of the important requirements in
obtaining high quality from beam tubes
1s regulation of screen voltage. This is
not always mentioned in connection with
ampliher construction articles and so
does not receive the recognition it de-
serves. In our preliminary work we used
VR tubes to regulate the screen voltage
but had poor luck. By the time the
screen voltage was stable, the VR tubes
were well past their rated currents.
Therefore the VR tubes were abandoned
and an electronically regulated supply
installed. A triode-connected 5881 is
used as a pass tube, and a 6S]J7 is used
as the control tube, with a VR-75 sup-
plying the reference voltage. Bleeder
current is passed through the VR-735 so
that changes in 6SJ7 current have no
etfect.

Power Supply Circuits

Referring to the schematics for the
power supplies—Figs. 4 and 53—it will
be noted that the screen supply circuits
are similar. During the development
program, two types of power supplies
were constructed. The first type used
two receiver-type power transformers,
with the mgh-voltage windings series-
connected. The second employed a stand-
ard type of plate transformer which de-
livers 900 volts each side of center tap.
This latter umt has a streamlined ap-
pearance, and results in an attractive
power supply, but a number of extra
filament transformers must be emploved.
Figure 4 shows the schiematic of the
two-transformer supply, with a number
of filament windings being available on
the existing transformers. Figure 35
shows the unit employing the single
plate transformer with a.multiplicity of

filament transformers. There are ad-
vantages to both arrangements, but
aside from the differences in trans-

former conections, the remainder of the
power-supply circuit is essentially iden-
tical in both types of construction.
Referring to the regulator cirguit, it
is seen that the potentiometer P, is
used to set the output voltage to exactly
200 volts—although it may be set any-
where in the range irom 150 to 250
volts. Changes in input voltage have no
effect. It will also be noted that the
6146's are operated with fixed bias. To
provide this, a separate circuit is em-
ployed, using the 1-to-1 isolation traus-
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Fig. 4. Schematic of the No. 1 power supply, which employs two conventional receiver power
transformers and the bias-supply transformer.

former and a 75-ma selenium rectifier.
Another VR-75 tube is used to stabilize
this voltage, and enough current is
drawn to make it steady. Two potenti-
ometers, P, and P,, are used in the am-
plifier to balance plate currents as well
as to set the bias. Note that the positive
side of the bias supply is grounded,
therefore, the anode of the VR-75 should
be grounded, and the cathode connected
to the negative side of the bias supply.

A 100-watt, 10,000-ohm bleeder re-
sistor is used to supply the 400-volt re-
quirements of the regulated screen sup-
ply and the 375-volt requirements for the
voltage amplifier. Details of the circuit
are seen in the schematic, with the parts
listed at the end of the article. 10-contact
Jones plugs are used to interconnect the
amplifier and the power supply. No

trouble has been encountered in cabling
the 750-volt plate supply with the other
wiring, but care should be taken to place
all live connections on female connectors.

Performance

The performance of the Maestro am-
plifier fully justifies the name. The gen-
eral requirements for f{requency re-
sponse, power output, distortion, and
noise have been stated, and the results
will be considered in that order.

The frequency response was measured
with a 1000-ohm source resistance as
this is typical of the source impedance
of cathode fullowers used in the better
“front ends.” Under these conditions,
the response is tlat with no perceptible
variation from 10 to 70,000 cps. There
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is a 1.5-db rise at 5 cps, and there is a
droop of 0.6 db at 100,000 cps. These
frequencies represent the limits of our
present measuring equipment. From the
snioothness and steepness of the square-
wave transmission, it appears that the
response is better than the measured
value. The completed ampliher passes
square waves even better than the Musi-
cian’s Amplitier, up to a 10,000-cps
fundamental. At 30,000 cps the rise time
is still vertical while preserving a flat
top.

The single-frequency power output at
1000 cps is 90.2 watts, as shown in Fig.
6. This is just before the sine wave be-
gins to be clipped, and when clipping
does occur the clip i1s clean and svm-
metrical. There is no “fuzz” when the
amplifier overloads. Full 90 watts is
obtained at all frequencies from 25 to
20.000 cps with a smooth decline begin-
ning at 30.000 cps, the 3-db-down point
being at 40,000 cps. At low frequencies,
the 3-db-down point is at 10 cps. The
low-frequency periormance of the am-
plifter when feeding a speaker load is
superb.

The low distortion of the Maestro
makes it a worthy part of a high-quality
music installation. Using the power out-
put as read on the M set meter shows
an IM distortion of 4 per cent only 1 db
below 90 watrs; at 2 db below 90 watts,
the 1M distortion is only 2 per cent, as
shown graphically by the solid curve of
Iig. 7. An important consideration in
analvzing IM curves is the location of
the “break” from a low-distortion flat
portion of the curve to the upward bend.
The ideal curve as a function of power
would be horizontal up to the break
point, then would rise sharply upward.
This is the type of curve obtained from
the Maestro. The break occurs at around
60 watts as read on the TM meter. IFrom
examination of the composite I\l signal
as viewed on an oscilloscope, it is evi-
dent that it is a complex wive and that
meters calibrated on sine waves will not
give a true measure of the 1M signal
output and hence the actual power out-
put of the amphitier.

Thus it is desirable to ind an equiva-
lent sine wave which has the same peak
value as the sum of the peak values of
the low- and high-frequency components
in the IM signal. Aston® points out
that adding a second tone to another
tone causes less than 0.5 db increase in
a VU meter indication, but actually the
peak amplitude of the combined signal
is 1.25 times that of the low {requency.
\ston also points out that IM meter
measurements  can  be converted to
equivalent sine-wave power hy multi-
plving the INM meter power by 1.47.
Strictly speaking. the term ‘“equivalent
sine wave” has no point in 1M measure-
ments since the term M presupposes
two frequencies. However, the concept
is useful and does check with practice.
Examination of the IM curve shows
the break at around 60 watts. On equiva-
lent sine wave, this is 88.3 watts, as
3R. H. Aston, Technicana, Aunio Ex-
GINEERING, Sept. 1948.
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shown by the dotted curve in Fig. 7.
This is close to the 90 watts—the power
output at which a sine wave begins to
be distorted. The amplifier can be con-
sidered to be almost distortionless helow
75 watts on a sine-wave basis. since this
corresponds to around 50 watts on the
IM curve which is well below the knee
or break-point.

The gain of the Maestro amplifier
from a 1000-ohm source impedance—
which is representative of cathode fol-
lowers—is 50 db. This is measured in
accordance with methods described by
Haefner* and represents the power in-
crease that is obtained from a 1000-ohm
source whose open-circuit voltage is 1.9
volts. If this generator is terminated in
a 1000-ohm load, the power in this load
is .00091 watts. If the load be removed

damping factor of 10.6. which is entireiy
satisfactory on any speaker. No traces
of hangover have been detected on any
of the speakers used.

Preliminary Output Transformer Tests

During early development and before
the arrival of the output transformer
designed for this amplitier, tests were
made using various other output trans-
formers. Table 1 shows the results ob-
tained with three transformers which
were available: (A) DPeerless $-265-Q),
with a primary impedance of 10,000
ohms. 40 watts; (B) Western Electric
KS-9496 Beachmaster transformer, pri-
mary impedance 9000 ohms, 250 watts;
and (C) Partridge deluxe tvpe CFB,
primary impedance of 10,000 ohms, 60

o TTTI

12 t t

watts.
m

Fig. 7. Intermodula-
tion distortion curves
for the Maestro. The
solid curve represents
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POWER OUTPUT IN WATTS

and the amplifier connected, the power
output will be 90 watts, or a 50-db in-
crease. For those not familiar with this
gain concept, let us state that the Musi-
cian’s amplitier has a gain of 44 db by
this method. For those not iamiliav with
the gain requirements of their pream-
plifiers, it may be said that if the pream-
plifier will deliver 1.9 volts into a 0.5-
meg load, the Maestro will put out the
full 90 watts.

The noise level with the input shorted
is around 3 mv across 16 ohums, which
comes out to —28 dbm. This is 77.5 db
below 90 watts, which is reasonably
good for an amplifier of this power. In
practice, it has been found that the noise
1s inaudible at 1 foot from efficient mod-
ern speakers.

The internal output mmpedance. or the
source impedance which feeds the
speaker, is 1.5 ohms on a 16-ohm strap-
ping of the secondary. This gives a

+ Sylvester J. Haefner, “Amplifier gain
measurement.” Proc. I. R. E., July 1946,

p. 500

Table 1
POWER OUTPUT IN WATTS

Frequency Transformer

cps (A) (B) C)

20 50.7 11.0 42

30 64 23.8 56

40 64 36.0 56

100 64 75.0 56

1000 64 75.0 56

5000 60 75.0 56

10000 344 66.6 56
20000 30.2

58.9 39

In fairness to all concerned. it should
be stated that only the Beachmaster was
intended for service such as imposed
by the 6140, but it had very poor low-
trequency power delivery, being intended
tor voice only. However, the other
transformers are well known and were
on hand so they could he tried readily.

Intermodulation measurements. using
60 and 3000 cps mixed at a 4-to-1 ratio,
produced the results shown in Table 2.
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Table 2
INTERMODULATION DISTORTION
Power Outpu; T_ranslormer

on IM set
Watts {A) (1:1] (C)
56.2 23 10 21
42 1.5 1.4 35
36 1.3 1.7 155
25 192 1.3 1.0
6.2 0.7 0.5 0.5

Note that in the power output ddata
the greatest midrange power comes
from the Beachmaster which has the
lowest d.c. resistanice. bur power at low
frequencies is poor. Note also that 1M
measurements niade at 60 cps for the low
frequency do not show up the Beach-
master. Had 40 cps been used, the dif-
ference would have been apparent.

All tests were made under identical
conditions using the secries-connected
power supply and VR tubes for screen
regulation. 20 db of feedback was used.
Under the same conditions, the Peerless
S5-268-0) developed 80 watts from 25 to
30,000 cps instead of 75 watts for the
Beachmaster.

Listening Quality

We have said many times that listen-
g quality in music is everything. In
building a new amplifier, we naturally
try to get the widest range, least dis-
tortion, and most power, but if the
tinished product does not sound hetter,
time is wasted. Through the courtesy of
Walter Toscanini, we had at our dis-
posal some really fine tapes and a wide
variety of loudspeakers to check the
listening quality of this new amplifier.
It turned out to be truly the finest re-
produced music that we have ever heard.
It has heen fed into large two-way
speakers where the superiority is im-
mediately evident, and it has even heen

tried on speakers rated at 10 watts
where it adds immeasurably to the per-
formance. However, let us warn that
this amplifier must be used with caution.
In pavticular, great care must he taken
to eliminate switching clicks in earlv
stages as well as pops from phonograph
motor switches. With the gain well ad-
vanced, any such click is almost cer-
tain to damage the loudspeaker—par-
ticularly the tweeter, if one is used—he-
cause of the high power capability of
the amplifier. Remember that vou can’t
crank up the gain on this amplifier
without considering the program ma-
terial any more than you can jam down
the gas pedal on a super-powered car
without considering the traffic condi-
tions. A word to the wise is sufficient.

We have said that the Musician's
amplifier is good, and that statement still
stands for 99 44/100 per cent of music
lovers, but for the 56/100 per cent who
want the last word in realism as of the
present state of the art, here is the am-
plifier. Just try it and see—but remeni-
ber the precautions.

Parts List

Amplitier and Power Supplies
C: 10 uf, 1000 v, oil-filled

C. 20-20 uf, 150 v, electrolytic
Cs .05 uf, 400 v, paper

C. 20-20 uf, 450 v, electrolytic
Cs 30 uf, 500 v, clectrolytic

Ce 20 uf, 450 v, electrolytic

C:,Cs .05 uf, 600 v, paper
Cs, Cio 025 uf, 600 v, paper
Cu .05 uf, 600 v, paper, metal-cased

“y S-amp 3AG Littelfuse
L, 10 H, 250 ma, filter choke ; Peerless
C-455-A or equivalent

P; 25,000-ohm potentiometer, linear
P, 50-ohm potentiometer, wire-wound
P, Py 0.1-meg potentiometers, linear

R, 10,000 ohms, 100 watt, wire-wound
adjustable, with two sliders

R: 10,000 ohms, 10 watt, wirewound

R, 100 ohmis, 1 watt

R 2.2 megs. 1 watt

R 68.000 oluns, 2 watts

R 27.000 ohms, 2 watts

R, 4700 ohms, 1 watt

R 1.0 meg. 5 watt

K. 47.000 ohms, 1 watt

R 0.47 meg, 1 watt

Ry, R 22,000 oluns, 1 watt, matched

R 27,000 ohms, 1 watt

R 22,000 ohms, 1 ‘watt

R, R 0.47 meg, ¥4 watt

R 390 ohms, 1 watt

Ria, Ris 47.000 ohims, 2 watts, matched

R, R 0.1 meg, 1 watt

R 10.000 ohms, 1 watt, for 20-db feed-
back

Ry 0.1 meg. 2 watts

T, Output transfornier, Peerless S
268-Q) . 8000-ohm primary to 16, 12,
8, and 4 ohm secondary. 90 watts
power capacity

*T.  900-0-900 v at 250 ma; Chicago
P-67

7, 125 v, 15 ma, half-wave; 63 v at
0.6 a; Stancor PS-8415

** T, Filament transformer, 5 v at 4 a;
Chicago FO-56, Pcerless 1°-138-E,
or equivalent

**Ts  Filament transformer, 6.3 v at 3.0
a; Chicago FO-63, Peerless 17-072-
X. or equivalent

** T, Filament transformer, 6.3 v at 1.5

a; Chicago FO-615, Pcerless F-
036-X, or equivalent

* Ty T 400-0-400 v at 300 ma; 0.3 v at 4.0
a; 6.3 vat 50a; 5vat 40 a;
Peerless R-800-\ or equivalent

Vi, Vs 6SN7

', V, 6146

Vi.Vs SRAGY

Vay Vi VR-7S

I’s 5881

Vs 65])7

*Use only in power supply #1
** Use only in power supply #2

A Medium-Power Tetrode Amplifier
With Stabilized Screen Supply

CULLEN H. MACPHERSON*

Regulation of the final-stage screen supply permits high negative feedback and excellent per-
formance in an easy-to-build amplifier complete with preamplifier and tone-control stages.

ANY OF THE MEMBERS of the audio
M fraternity view with alarm the
increasing complexity of audio
equipment. Although in most instances
the addendum is accompanied by “higher
fidelity,” the price is sometimes higher
vet. The need has been expressed for a
fairly simple, self-contained audio am-
plifier of conservative design and ac-
ceptable performnance which might be
constructed for use in an apartment or
* Asst. Mgr. Reproducing  components
Div., Electro-Voice, Inc., Buchanan, Mich.
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small home. The subject of this article
is such an amplifier.

Before beginnipg the design several
features were fixed on as being desir-
able. (1) The amplifier should have in-
puts for both a tuner and a phonograph,
with appropriate equalization for a re-
luctance-type pickup. (2) It should have
a tone-control system furnishing both
boost and attenuation of bass and treble.
(3) Adequate power at low distortion
should be available from the power out-
put stage without requiring tubes of

high dissipation capabilities or large
power supplies. (4) The unit should be
self contained and of small physical size.

A chassis 1175 x6x2 inches with a
200-ma power transformer, output trans-
former, and 7 sockets mounted was avail-
able and design of the main amplifier
was begun with this unit in mind. Figure
1 shows the result. The output stage was
designed and constructed first, so that
the tone compensation and preamplifier
stages might be matched to it. Push-pull
6V6's were selected as power output



tubes because of their relatively high
efficiency and miodest driver require-
ments, The 6V6’s were fed from a catho-
dyne phase splitter which was coupled
to a 6S)7 voltage-amplifier stage. By
using direct coupling between voltage
amplifier and phase splitter the number
of capacitors in the feed-back loop was
reduced to one and the phase shift in-
troduced by it was partially compensated
for by the insertion of an R-C network
between the grid of the phase splitter
and ground.

It will be noted in Fig. 1 that the
second triode of the 6SN7 is employed
as a voltage regulator for the screens of
the 6V6's. Deriving the screen potential
from a source of low impedance such as
this results in lower distortion, greater
stability at peak power operation, and
allows the use of more feedback around
the output stage. The residual ripple
present at the cathode of the voltage
regulator is effectively filtered by the
use of a 1-uf paper capacitor.

Since unbalance current flowing
through the output transformer would
cause loss of power handling capability
at low frequency, steps were taken to
balance the last stage. Pairs of 6V6's
were selected with transconductance
matched within 5 per cent. Their grids
were then tied together and a 60-cps
signal introduced to the grid circuit
from the heater bus. Adjustment of the
150-ohm balancing potentiometer to the
point producing minimum 60-cps output
balances the stage dynamically.

Figures 3 and 4 show how the com-
ponents were mounted on the existing
chassis. This makes a compact and con-
venient arrangement, but other construc-
tors will, of course, do as well with other
arrangements.

The Preamplitier

The method of bass and treble con-
trol employed in the preamplifier, Fig.
2, was selected because it required only
two shielded leads from the amplifier
proper to the treble, bass, and volume
controls. Such a configuration allows
simplicity of both electrical and physical
arrangement. Placement of a variable
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Fig. 1. The main amplifier. Half of a 6SN7-CT is used as a screen-voltage regulator,
6S)7 voltage amplifier and the phase splitter are direct-coupled.
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fig. 2. The preamplifier provides for both magnetic phonograph pickup and tuner. The 657
is a phonogra.ph prgamphfncahon stage with a simple feedback loop for bass equalization. The
tone control is a single-shaft affair a center “flat” position and treble and bass boosts at the

two ends of rotation.

Fig. 3 (left). The. entire .omplificr, including preamplifier, is on o single chossis with the power supply.
Fig. 4 (right). The underside view shows that the spoce is well utilized.
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Lero-Impedance Output Stage

RAYMOND G. ANTHES*

Excellent transient and low-frequency response and good loudspeaker damp-
ing make this amplifier suitable for high-quality, low-power applications.

HE ZERO-IMPEDANCE STAGE to be de-
Tscribed was designed for home use,

along with its driver, to give good
quality performance at moderate cost.
A series R-C circuit (R, C: in Fig. 1)
shunts the primary of the output trans-
former so that the output tube works
into almost unity power factor load. This
minimizes harmonic distortion and phase
shift. The feedback circuits are direct
coupled and the negative voltage feed-
hack is taken from the primary of the
output transformer rather than the sec-
ondary in order to reduce undesired
phase shift to a minimum in this feed-
back loop.

The low-frequency response is ex-

* Professor of Electrical Engineering,
University of Manitoba, Winnipeg, Man.

ceptionally good because the stage is
effectively acting as a zero-impedance
source feeding the primary of the output
transformer. The output transformer
used was of good quality and had 1-inch
stack. A frequency response taken with
the loudspeaker connected, and measur-
ing output voltage across the secondary
of the output transformer indicated the
3-db-down point was below 20 cps at the
low end, and at 5000 cps at the high end,
and only 9 db down at 15,000 cycles per
second. At 214 watts output into a re-
sistance load at 400 cps, the total r.m.s.
distortion was under 5 per cent. This is
relatively high by most standards. but
quite low for a 6V6.

A disadvantage of taking the negative
voltage feedback from the primary of the
ourput transformer is that this feedback

cannot correct for the fall-off in high-
irequency response in the transformer.
The writer prefers to sacrifice some
high-frequency response for minimum
phase shift in the negative feedback cir-
cuit. This assures that the feedback
works most effectively, reducing inter-
modulation distortion to a minimum,
giving maximum reduction of harmonic
distortion and maintaining a low-im-
pedance source feeding the output trans-
former, over and beyond the complete
audio frequency spectrum. It is possible
to compensate for this loss in highs by a
fixed equalizer in the preamplifier, but
this was not done because the high-fre-
quency loss was not serious. Most pre-
amplifiers incorporate some form of tone
control circuit with treble boost which

TETRODE

(from preceding page)

resistance in the input circuit of a feed-
back amplifier is not the best design
practice, but the only way to circumvent
such a situation is either to add another
stage or to place the control at an earlier
point. No instability has been observed
in the present arrangement, however, in
a year of satisfactory operation.

The 6SN7 is arranged with triodes in
cascade as a feedback pair. Use of feed-
back in this manner reduces tube noise,
lowers the output impedance to the tone-
control circuit and also effectively re-
duces stray signals from the tuner cir-
cuit when the latter is not in use. In-
jection of the tuner signal at pin 1 of
the second triode furnishes isolation
from both the tone control and the pre-
amplifier.

The preamplifier is quite a simple
affair by present standards and the only
defense offered, if one is needed, is that
it performs quite satisfactorily. The cir-
cuit is similar to that of Williamson in
which bass equalization is accomplished
by a grid-plate feedback loop, the turn-
over frequency being determined by the
R-C product and the amount of feed-
back by the ratio between R and the
grid stopper resistor. The turnover point
is arbitrarily fixed at 300 cps which has
been demonstrated in listening as a suit-
able compromise. The 6SJ7 has been
found to be more quiet and less micro-
phonic than triode pairs more conven-
tionally used in preamplifiers. Undoubt-
edly the metal shell is responsible for
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Fig. 5 (right). Distortion curve shows that in-
termodulation (60 and 7,000 cps, 4:1) just be-
gins to rise above 1 per cent at 10 watts.
Fig. 6 (above). Frequency response curve made
with an 8-ohm resistive load at 1- and 5-watt
power levels.

some measure of hum reduction, and
biasing the heater supply above cathode
potential to prevent heater-cathode emis-
sion also contributes to reducing the out-
put hum to the point of 83 db below 10
watts,

Figure 5 shows that the distortion
level of the amplifier is acceptable by
modern standards, and may even be said
to compare favorably with the hallowed
Williamson. Such performance is attrib-
uted to the action of the screen voltage
regulator in holding the screen potential
at a fixed percentage value Lelow that
of the plate. Undoubtedly, the large re-
serve of the power transformer, giving
excellent voltage regulation to the power
supply, is also an assisting factor. Fig-
ure 6 shows frequency response at 1 and
5 watts output.

In conjunction with a modified Gately
Superhorn transducer the amplifier has

~
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quite smooth overload characteristics,
and when deliberately overdriven to a
level of 22 watts of sine wave output
into a speaker load at 2000 cps, round-
ing, rather than clipping of the wave-
form was observed.

It is the writer's earnest desire to
steer away from the sea of superlatives.
At the present time the amplifier suits
him; undoubtedly this will not always
be the case. It is not to be heralded as
the latest answer to the audio man’s con-
quest of the 80-meter band. Nor is it
necessarily “better than any triode am-
plifier.” It does, however, have the ap-
pealing attributes of straightiorward-
ness, adequate performance with respect
to both power and frequency, and small
physical size. It is felt that the circuit
may well be appealing where budgets
are modest and space limited.



can be used for this equalization.

The use of the series R-C network
across the primary of the output trans-
former to provide virtually unity power
factor load to the tube is not new. The
theory of this is well known. If a series
R-C circuit and a series R-L circuit are
connected in parallel as shown in Fig.
2, where the R’s are equal, it can be
proved that the impedance of the paral-
lel combination will be a pure resistance
equal to R at all frequencies, if R=

VL/C. At frequencies above the re-
sonant frequency of the loudspeaker, the
impedance measured across the primary
of the output transformer with the loud-
speaker load on the secondary may be
roughly approximated by a series R-L
circuit. Consequently, within this fre-
quency range, which extends from ap-
proximately 125 cps to the highest audio
frequencies, the composite load imped-
ance presented to the tube is very nearly
pure resistance with small variation in
magnitude with frequency.

If values of R: and C: are chosen to
give the optimum composite load imped-
ance, there will be appreciable reduction
in available output power at the higher
frequencies where the reactance of C:
becomes small in comparison with the
magnitude of R.. This is a serious disad-
vantage. A compromise between these
two factors was made in this design.

Adjustment of R and C

The effect of changing R: and C: can
be observed readily on an oscilloscope
by the simple circuit of Fig. 3, and the
values of R: and C: were finally selected
in this way. The value of Rp used was
47,000 ohms, which approximates the
plate resistance of the 6V6. The phase
angle of the combination is determined
from the ellipse appearing on the screen.

For the tube operating voltages used,
the load impedance Z presented to the
tube should be from 7000 to 10,000 ohms.
The output transformer should match
the loudspeaker to this load. A good
compromise for Ri is 2 to 4 times the
magnitude of Z and the time constant
R.C: should be approximately 150 micro-
seconds.

The value for Z used by the author
was low, being around 5,000 ohms; R:

was 15,000 ohms and C: was 0.01 uf.
These values are not critical.

For R.C: time constant of 150 micro-
seconds, the reactance of C: is equal to
R: at approximately 1000 cps. Conse-
quently the power loss in the resistor is
low below this frequency. In music, very
few fundamental tones occur above this
frequency which corresponds to two
octaves above middle “C” on the piano.
Even though some available power is
lost at higher frequencies, it is not a
serious matter.

In the usual 6V6 class “A” power
amplifier, the average screen current
and the average plate current both in-
crease when a signal of sinusoidal or
symmetrical waveform is applied. If the
signal is keyed on and off and a d.c.
milhammeter placed in the plate circuit.
the meter fluctuates wildly. If mstead
of maintaining a constant screen voltage,
a particular value of screen dropping
resistor R: is chosen, it is possible to
minimize this fluctuation in d.c. plate
current provided the screen hypass ca-
pacitor is removed. The action s sim-
ple. In the presence of signal, screen
current increases. The resulting in-
creased voltage drop in R: causes a re-
duction in screen voltage just sufticient
to provide the required compensation
In order to obtain instant action, the

The use of direct-coupled voltage
feedback eliminates the need for a large
blocking capacitor and ensures proper
operation of the feedback circuit at the
lowest audio frequencies. The current

T

Fig. 2. Series R-C circuit and series R-L circuit
in parallel.

through the feedback resistor Ry must
come through the output transformer,
which is a disadvantage. Resistors Ry,
and Ry: should preferably be wire wound.

Positive current feedback is obtained
from a portion of the cathode bias re-
sistor Ri» of the 6V6, as shown in Fig. 1.
R ts a wire wound potentiometer, aud
serves as a control to adjust the output
impedance. This potentiometer may be
replaced by a 200-ohm resistor and the
current feedback taken across the full
200 ohms.

The positive feedback control is ad-
justed in the following manner so that
the tube presents zero impedance to its
plate load. With the loudspeaker con-
nected, an a.c. voltmeter is connected

Rp

AAAAAA.
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screen-bypass capacitor must be re-

[ J
Fig. 3. Circuit used to
determine  optimum
volues of R, and G,

of Flg. 1. AUDIO
OSCILLATOR
[ J

moved. The removal of this capacitor
results in about 10 per cent reduction in
voltage gain, and a loss in screen filter-

ing.
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positive current feedback to obtain an

1. Schematic of simple two-stage amplifier employing negative voltage fecdback an

output impedance approximating zero.

across the primary of the output trans-
former with moderate signal applied to
the amplifier. A resistor of 5000 to
10,000 ohms (not critical as to value)
is then shunted across the transformer
primary. The feedback control is ad-
justed to a point where there is no
change in output voltage as this resistor
is connected or removed. With full 200
ohms in the feedback control, the output
voltage actually increases when the re-
sistor i1s connected across the trans-
former, indicating a negative-impedance
source. It was found by measurement
that the source impedance in the author’s
amplifier remains zero from 20 to 20,000
cps. It was not checked above this fre-
quency. The drop off below 20 cps is due
to the coupling capacitor Cs.

It should be noted that a blocking ca-
pacitor cannot he used in series with the
negative feedback resistance Ry.. [f one
were used, the negative feedback would
become ineffective at some low fre-
quency, vet the positive feedback would
still be etlective, and low-frequency
oscillation or motorboating is likely to
occur.
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A Dual-Channel Control Amplifier
For Stereophonic Music Systems

WAYNE B. DENNY*

This control center affords facilities for either genuine two-channel (binaural or stereophonic) use
or for what the author terms pseudo-stereophony—meaning distribution of a single-channel source to
several speakers through two channels,

EADER S OF AUDIO ENGINEERING are
R probably well acquainted with the

principles and advantages of the
stereophonic  veproduction of music.
Those who had the opportunity to hear
demonstrations of stereophonic repro-
duction at the Audio Fair will testify to
the enhanced realism of stereophony
over the usual single-channel reproduc-
tion. Recently a few stereophonic discs
have appeared on the market and it ap-
pears likely that more will follow. A few
radio broadcasters have employed their
AM and FDM outlets to provide 2-chan-
nel pick-ups of studio programs, and
those listeners who have separate AM
and FM receivers have been able to en-
joy two-channel stereophonic reproduc-
tion. Response to these experimental
programs has been excellent.

Pseudo-Stereophony

Long before the advent of practical
stereophonic reproduction there existed
a group of listeners who preferred to
hear their music reproduced via a multi-
plicity of loud-speakers. This “multiple
source’’ school is to be contrasted with
the “point source” school. The writer
belonged to the former group and, to
the extent that he must be content with
single channel audio, he still does. When
high-quality program sources are avail-
able he uses as many as six loudspeakers
situated at various points in the listen-
ing room. Sometimes a single power
amplifier was used for all speakers. At
other times two and even three power
amplifiers have been used to drive the
various speakers When two or three
amplifiers were used it was possible to
tailor the signals to the individual
speakers by changing the volume and
frequency response to provide what may
be termed “psendo-stereophonic” repro-
duction. Such reproduction takes on
some of the characteristics of genuine
stereophonic reproduction but the two
must not be confused. Pseudo-stereo-
phonic systems are essentially single-
channel systems despite their use of
separate amplifiers and speakers. Gen-
uine stereophony employs a multiplicity
of channels which are completely sepa-
rate from microphone to speaker. How-
ever, many who have employed a
pseudo-stereophonic system will testify
that it seems to be far superior to the
usual single-channel, single-speaker sys-

* Grinnell College, Grinnell, Iowa.
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tem, For them, the concept of the “hole
in the wall” point source does not pro-
vide the necessary realism. The pages of
this publication are probably not the
place to indulge in the metaphysics
of space perception. Yet, in a matter of
this kind the reader is entitled to know
the particular (and, perhaps peculiar)
prejudices of the writer, so that due
allowance can be made for them. Like
true stereophonic sound, pseudo-stereo-
phonic sound has to be Leard to be ap-
preciated. It is %ot the equal of stereo-
phonic reproduction and it is manifestly
inferior to true binaural reproduction.
But in the opinion of many who have
heard it, pseudo-sterophony is definitely
supérior to single-channel point source
reproduction.

Early experiments with two or more
speakers operating from a single channel
showed rather conclusively that it is
not sufficient to connect the voice coils
in series or in parallel and hook them
to a single amplifier. The results ob-
tained from such an arrangement are
better than from a single speaker but
are not all they might be. What is needed
1s separate control of volume and fre-
quency response for each speaker. Re-
sistance networks could, perhaps, ac-
complish the former but not the latter.
What is required can best be provided
by two complete amplifying channels,
each with its own volume control and
equalizer circuits. This is unfortunate
because such a system is, admittedly, a
complex one. In fact, it is essentially
the same as a true stereophonic system

as far as speakers and amplifying equip-
ment are concerned.

Thus, one of the major difhiculties
with either true or pseudo-stereophonic
reproduction is the multiplicity of equip-
ment required. Two sources—phono-
graph pickups, radio receivers, or tape
reproducers—are required for the for-
mer. In addition two complete ampli-
fying systems and two complete loud.
speaker systems are required. More than
two channels can be used, provided only
that the required signals are available.
Such a system is expensive and it is
complicated to adjust. The multiplicity
of controls serves to scare off all but
the most hardened audiophile. Such .a
system, though technically excellent, is
hardly suitable for use by Aunt Minnie!

These are some of the difficulties
which confronted the writer. Was it
practical to install a system which would
be suitable for either single- or double-
channel operation? Would it be too ex-
pensive? Could it be engineered to the
point where it was suitable for use by
the nontechnical listener?

There seem to be at least three solu-
tions. The simplest, though not the bhest
nor the least expensive, is the purchase
of two complete music systems. Each
system would require the usual com-
ponents—a phonograph preamplifier, a
control amplifier with selector switches,
volume, and equalizer controls, a power
amplifier, and suitable speaker with en-
closure. To this outlay must be added
a stereophonic arm with suitable car-
tridges, a good turntable, AM and FM
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tuners. The worst feature of this first
alternative is the complexity of connec-
tions and controls. It is likely to lack
flexibility unless the user will tolerate
the use of temporary connecting cables.
Aunt Minnie would hardly appreciate
this kind of installation. It looks too
much like the pilot compartment of a
jet bomber. Its wires and knobs, com-
pletely unintelligible to the uninitiated,
do not favor relaxed listening.
Another alternative would employ a
switching panel wherein each signal
source could be routed to one or more
output channels. Each signal source
might terminate in a key switch by
means of which connection to channel
A or channel B is made. Satisfactory
adjustment of such a system requires
separate control of the volume of each
input source. But those readers familiar
with the type of audio equipment used
in broadcasting will notice the similarity
of this possible system to the standard
audio nuxers which grace the control
rooms of radio stations. Clearly such a
mixer, while perhaps adequate for the
purpose at hand, is hardly a practical
solution to the problem as stated.

The Practical System

A much better and thoroughly prac-
tical solution is shown in Fig. 1. A
glance at this functional diagram shows
that this system will handle a total of
six input sources. Two are low-level in-

puts provided with equalized preampli-
fiers suitable for use with variable-re-
luctance phonograph cartridges. The
four high-level mputs are suitable for
AM and FM tuners, television audio,
crystal cartridges, and tape recorders.

Two output channels, A and B, are
provided. Each output channel has its
own selector switch to connect it to any
one of the six possible inputs. Each
channel has its own volume control
(VCa and VCa in the figure), its own
equalizer, and its own voltage amplifier
for raising the level to a value suitable
for driving a power amplifier. Channel A
contains a low-pass filter for suppression
of needie scratch and intercarrier radio
noise and it also contains a resistance
network providing about 5 db loss in-
serted between the filter and equalizer.
channel B contains neither filter nor
fixed attenuator for reasons to be dis-
cussed later. In each channel the volume
control is succeeded by a cathode fol-
lower. The cathode follower in channel
A isolates the volume control from the
filter and it also provides a low-imped-
ance source for the filter. In channel B
the cathode follower isolates the volume
control from the equalizer and provides
a low-impedance source for the equal-
1zer.

In addition to the main features of
the system there are two gimmicks which
require explanation. The first of these
is the inclusion of two utility jacks, one

for each channcl. Each utility jack 1s
connected directly to the arm of its se-
lector switch and ahead of the volume
control. Any signal fed to either channel
is thus available for operation of a re-
corder. Further, if the switch is turned
to an unused position, the utility jack
can be used for temporary connection
to an additional input source.

Although only six input sources are
normally provided for, the selector
switches are actually 12-position units.
Only taps 1, 3, 5,7, 9, and 11 are used
but in these positions are consecutively
numbered from 1 to 6. The increased
spacing between live contacts materially
reduces crosstalk. Crosstalk may be
further reduced by grounding the unused
terminals,

Another item of interest is the inclu-
sion of switch 3. When this switch is
thrown to the B position eachi channel
functions independently. However, when
it i1s in the A position channel B is
bridged across channel A. This is a
convenience when the system is used
for pseudo-stereophonic reproduction.
Under this condition the volume control
VCa regulates the gamn of both chan-
nels. Further, switch 1 selects the single
signal source. During this type of op-
eration switch 2 serves to connect its
utility jack with any one of the six in-
puts. This permits recording from one
source while listening to another, a use-
ful feature.

J7 J8
ALL RESISTORS 4WATT

ALL CONDENSERS 600V
UNLESS OTHERWISE SPECIFIED

—
T/ e ve
(! R48 g
\ w2 22000 L,c30 3
3 - o C12
AAA- T20/450 " .
.
30 — 2.0
125L7 o8 125R 7]
v v
¢4 N T I —)"
S E 24 c(?_ , 0——0 o
TEEE s
) M 037s 028 m g
N o " 3 T2
M 0% C+ ag 2 +Jce3
& o o o005 C = 3 =
‘ ‘ ] LoWPASS] * < Tsovzs
= FILTER 3
(o]
R49
— VWV
22,000
+]C16 M EE)
Teoraso VoL
ces
SW1 -
v—o- —o03 o A .,
J3] 3 2 c24 §~§ cazoooz _l
;\v— . it 3 002 5
—° 04 ? R40 o
“L- INPUT §o_ C23 |0AMEG. I
SELECTOR ‘_.62 ces| E &
SWITCHES %g
v 00
s =T g% €9 {r
o 8 2 ’
57 o W POWER SOCKET !
J6f] o i 6 ° w3 TO TUNER.ETC. NN AT
| ol =¥ [_/\/\_/\4
% 7/’ Y
i \° O ]
> * \~’°"3 l
(&3
o
>
Q
']
~N
+

GND B-

Fig. 2. This is the complete schematic diagram. The separate elements of the systems are conventional, with the switching the unique feature.

25



Now comes the other gimmick. Ex-
amination of Fig. 1 shows that the lower
volume control VCa is included in chan-
nel B at all times, even when switch 3
is thrown to the A position. It will be
seen that under this condition the gain
of the upper channel is about five db
lower than the gain of the lower ampli-
fier channel as measured from switch 1,
provided VCu is turned full on. Conge-
quently, VCer acts as a balance control;
it serves to adjust the relative signal
levels of the two outputs and has a
margin of gain adjustment from zero to
+5 db. As stated earlier, some means of
balance adjustment is a requirement for
proper operation of a pseudo-stereo-
phonic system. Note that the tlter, if
used, operates on both channels in this
type of operation.

Pseudo-stereophonic reproduction is
also possible with switch 3 thrown to
the B position. Here, both selector
switches are connected to the same sig-
nal source. Again, the maximum gain
of channel B will be about 5 db higher
than the gain of channel A. However,
operation of the equipment is simplified
when adjusted according to the pre-
ceding paragraph because selection of
the input signal can then be accom-
plished entirely through adjustment of
switch 1. In either case, channels A and
B are separately equalized. In this re-
spect the system is different from a
commercially available control amplifier
designed for single- or 2-channel use.
But experience has shown that separate
equalization, together with balance con-
trol, is desirable for best results.

It should be emphasized that when
switch 3 is thrown to the A position,
the operation of the system is rather
similar to that of any other high-quality
home music system. Even if Aunt Min-
nie doesn’t balance the two outputs cor-
rectly the results can be no worse than
those of an ordinary single-channel sys-
tem. When it is intelligently used, the
results can be very much superior.

This is a good place to take a tip
from one prominent manufacturer of
communication receivers. This manu-
facturer was well aware that many of
his communication receivers—complete
with selectivity controls, crystal filters,
beat-frequency oscillators, bandspread
dials, etc.—were often used by Mrs.
Amateur for regular broadcast listening.
To simplify the operation of the receiver
in the hands of the lady of the house,
this manufacturer indicated the proper
settings of all controls by little colored
dots. When each control was set so that
it pointed to the appropriate dot the re-
ceiver was correctly adjusted for broad-
cast reception. There is no good reason
why this same technique cannot be used
for relatively complicated home music
systems. Set each knob to point to the
colored dot and the system is correctly
adjusted for ordinary single-channel op-
eration. In this way, Mrs. Audiophile
can enjoy good music during the hours
when her husband is away at work. The
system may not be in optimum adjust-
ment but it won’t be too far off. Then,
when Mr. Audiophile returns from work
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Fig. 3. The control amplifier is mounted on o
chassis 11 X 17 x 3 inches. Probably a smaller
one could be used.

he can twiddle the knobs to his heart’s
content while trying to squeeze the last
decibel of “fidelity” out of the speakers.

The Circuit

The system whose functional diagram
appears in Fig. 1 has been engineered
into practical form. The schematic dia-
gram appears in Fig. 2. The individual
elements of the system are entirely con-
ventional. Only the inclusion of two
channels, the switching arrangements,
and the gimmicks mentioned earlier
make this system different from other
more conventional systems, in principle
at least.

Two power supplics (not shown) are
required. One furnishes about 72 volts
at 150 ma for six heaters connected in
series. This power supply is not
grounded. The heater string is grounded
between V: and V. which are the two
tubes operating at the lowest signal level.
The other power supply furnishes about
250 volts d.c. for the plate supply. It is
entirely conventional but should include
plenty of filtering. The writer found a
2-section choke-input filter to be en-
tirely satisfactory.

More than ordinary attention to lead
dress is necessary to guard against cross-
talk between channels. Inspection of
Fig. 3 will indicate that no attempt
was made to crowd apparatus. The
chassis is large; it measures 11x17x 3
inches and these dimensions are some-
what greater than those of the usual
control amplifier.

It was found that the plate-supply
filtering shown is adequate to reduce
crosstalk between channels provided the
input signal levels are all comparable.
The writer’s AM tuner produced signals
higher in level than any other signal
source (when measured at the selector
switch) and there was some riding
through of AM signals under certain
corditions. This was corrected by inclu-
sion of an attenuator in the tuner itself.
Another alternative is to provide level
controls (screwdriver adjusted) in all
six input circuits as is done in some
commercial units.

Two voltage-regulator tubes in series
are used instead of electrolytic capacitors
in one part of the plate-supply filter. The
available plate-supply voltage under load

should be about 250 volts. ¥, and V,
should be OB2’s (108 volts) or OC3’s
(105 volts). This arrangement permits
about 210 volts for the preamplifiers.
Resistor R,, should be rated at 10 watts
and its resistance should be such that the
current through it is at least 10 ma.
A value of 4,000 ohms works out well
for two OC3's and a 250-volt supply.
Other combinations can be worked out
for different supply voltages. However,
make certain that the power-supply volt-
age is at least 30 volts higher than the
sum of the nominal voltage ratings of
the regulator tubes. Filters using volt-
age-regulator tubes are superior to filters
using capacitors, particularly at low
frequencies. (Caution: Do not shunt
regulator tubes with a filter capacitor,
This causes oscillation.)

The plate supply for the cathode fol-
lowers is obtained from the junction of
the two regulator tubes. This is per-
missible because the cathode followers
normally operate at very low signal volt-
ages in this unit. Further, the inverse
feedback inherent in the cathode follower
reduces distortion to extremely low
values. Incidentally, it will be seen that
every amplifying triode is included
within a feedback loop. This feature
contributes to the very low distortion
of the amplifier which’is a necessity if
the full benefits of available high-quality
power amplifiers are to be realized. Com-
parison of this unit with its predecessors,
which did not employ as much feedback,
gave immediate evidence of the lowered
distortion. Intermodulation measure-
ments using 60 and 7,000 cps, 4:1.
indicate that the distortion is never more
than a small fraction of 1 per cent with
normal signal levels.

Design Details

The equalizers are conventional in
every respect; the values of the compo-
nents are similar to those used in com-
mercial equipment of comparable quality.
It will be noticed that only a single
transition frequency is used in the pre-
amplifiers. Previous preamplifiers built
by the writer provided for a choice of
three or four transition frequencies but
experience shows that only the one cor-
responding to the AES curve was ever
used to any extent. Anyhow, in a unit
like the one described here the number
of controls should be reduced to a mini-
mum. Of course, the purist may, if he
so desires, introduce more flexibility if
he is willing to tolerate the added com-
plexity of operation.

Ordinary volume controls are used in
preferenee to loudness controls. The
latter could be used but the bass boost
available from the equalizers is suffi-
cient to provide a close approach to the
Fletcher-Munson curves at the volume
levels normally used.

Examination of the photographs
shows that there are six variable re-
sistors and two selector switches, all
operated by pointer knobs. Each channel
requires a selector switch, a volume
control, a bass control, and a treble
control. Two toggle switches and two
jacks also appear on the panel. One
s.p.d.t. switch provides for single-chan-



Improved Phonograph
Compensation Circuits

R. H. BROWN"

An up-to-date revision of a circuit presented over a year ago provides for the presently used record-
ing characteristics, including the RIAA curve without which no modern amplifier is complete.

INCE THE PREPARATION of the article
entitled “Hi-Fidelity Phonograph
Preamplifier Design’ the new

RTAA characteristic has been announced
and there has been much clarification re-
garding the recording characteristics ac-
tually used by different disc manufac-
turers. Because of these developments it
has become desirable to revise the com-
pensation circuits in the triode preampli-
fier design given in that article.

The over-all revised circuit is shown
in Fig. 1. The 480-nuuf capacitor shown
in the diagram represents the total value
of circuit capacitance at that point. Since
the stray capacitance present will depend
upon the construction of the preampli-
tier, one should begin with a lumped
capacitance of around 400—420 puf and
add additional lumped capacitance as
may be required to obtain the correct
rolloffs. For convenience in making this
adjustment, the legend gives in paren-
theses the proper relative output level of
the amplifier in decibels at 10,000 cps for
the various treble settings.

3 .}02 S.E. Sccond, College Place, 1Vash-
ington.
1 See page 36.

With the exception of the 12-db-per-
octave rolloff on position 1, this com-
pensator may be used in the grid circuit
between two amplifier tubes which are
not connected by a feedback loop. When
so used the 43,000-ohm resistor between
positions 6 and 7 of S:« should be re-
duced by an amount equal to the internal
resistance of the source of the signal
supplied to the compensation network,
IFor a simple plate-loaded voltage-ampli-
fier stage without feedback this source
resistance is simply the parallel combi-
nation of the plate resistance of the am-
plifier tube, the plate load resistance, and
the following grid return resistance. The
grid return resistance should be con-
nected between ground and position 7
of St so that it will not interfere with
the performance of the compensation
circuit.

Figure 1 also gives the revised bass
compensation circuit. The bass rolloff
resistors on positions 3 and 4 of S:» may
be selected by neglecting the unity in
the denominator of Eq. (3)* in the ar-
ticle referred to above and selecting R»
to provide a maximum low-frequency
gain which gives the boost required by

the characteristic as zero frequency is
approached. For the LP and RIAA
characteristics this zero-frequency boost
15 154 and 20.7 db, respectively. An-
other method for selecting these resist-
ors is to make the time constant of the
Ct and Rs combination in Fig. 2 (Fig. 1
of the previous article), equal to the bass
pre-emphasis time constant of the re-
cording characteristic. For the LP and
Orthophonic characteristics this is 1590
and 3180 microseconds, respectively. The
method for selecting these resistors sug-
gested in the previous article makes the
compensation correct for the extreme
low frequencies at which the gain of the
basic amplifier begins to become a limit-
ing factor, but it does not make the com-
pessation correct in the range covered
by the majority of the bass-frequency
components.

The method of connecting the switch-
ing-transient-eliminating resistors  as
shown in Fig. 1 is preferable to that

: & (5)
Aw=l T RA
*Ri+Ri+ Rs

DUAL-CHANNEL
AMPLIFIER

(Continued from previous page)

nel or stereophonic operation. The other
switch is a d.p.d.t. unit for placing the
low-pass filter in or out of the circuit.
The two jacks are the utility jacks men-
tioned earlier. They are placed on the
panel to permit ready access to connec-
tions to one or two tape recording chan-
nels.

A word about the low-pass filter is in
order. You can calculate the constants
for the filter from the equations for a
single m-derived section if you want to.
However, for the purpose at hand this
is neither the easiest nor the best method
for designing the flter. Instead, the
writer installed a 150-uuf variable ca-
pacitor for C,, across the inductor, L.
1f L has an inductance on the order of
1 henry this capacitance can be adjusted

to give “infinite’” attenuation for inter-
channel whistles of 10 k.c. An audio
oscillator and a v.t.v.m. (or oscilloscope)
are helpful here but the adjustment can
be made by ear, if necessary, while the
signal source is an AM tuner. The value
of C,; can be determined so as to pro-
vide attenuation starting around 7,000
or 8,000 cps. The actual capacitance re-
quired will depend on the Q of the coil
and the load into which the filter works.
The values of capacitance and load re-
sistance given in the diagram worked
out well for the particular coil used by
the writer. Some changes may be ex-
pected when using other coils. Unfor-
tunately, the inductor shown in the
photographs is not commercially avail-
able.

The circuits used in the amplifiers
were chosen on the basis of low dis-
tortion. Some preamplifier circuits—in-
cluding some designed earlier by the
writer—amplify the signal up to 10
volts or so and then the equalizer at-
tenuates the signal. Most triodes show

high intermodulation distortion at such
high levels. For this reason the volume
controls used in this unit are placed
immediately following the selector
switches. The equalizers precede the
two-stage feedback pairs; the signal is
reduced before amplification, not after it
has reached the level of high distortion.
Sufficient feedback is incorporated to
reduce the generator impedance to a
value of 2,000 or 3,000 ohms. More feed-
back could be used if desired because
the gain is higher than required for any
normal input signal. This same feedback
also reduces distortion, as mentioned
earlier. Distortion is already low because
the signal never exceeds 1 volt anywhere
in the entire unit.

Another feature of interest in connec-
tion with lowered output impedance is
the use of large (2-uf) oil capacitors
tor C,, and C,,. There is little point in
reducing the generator impedance of
the amplifier to a low value if this ad-
vantage is lost by high series reactance
in the output coupling circuit.
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Fig. 1. Revised preamplifier

gitven in the orginal article in that it
places only one of these resistors in the
feedback circuit at a time.

Ideally, the 0.12-meg resistor between
S and the first 12AX7 cathode should
be shunted with a capacitance equal to
3.9/120 times the total capacitance to
ground shunting the 3900-ohm cathode
resistor. This point is simply a technical
purism for a preamplifier using a tube
like the 12ZAX7, but there might be some
value in giving attention to it in a circuit
which used a larger feedback ratio; e.g.,
a feedback bass-boost circuit in which
the basic amplifier used low-mu tubes.

The author has received a number of
inquiries regarding the possibility of
adapting the triode preamplifier in the

circuit now includes the new and almost universally accepted RIAA curve.

earlier article to include tone controls.
With a bypass on the first 12AU7 cath-
ode a tone control circuit with about 10-
db insertion loss could be substituted for
the loudness control. With the compen-
sation adjustments provided by the re-
vised circuits presented herewith, plus
or minus 10 db of tone control should be
more than adequate for all hut the very
unusual situation. The output section of
the preamplifier should be redesigned if
a greater range of tone control is re-
quired.

The variety of recording character-
istics in use is now sufficiently great that
one may dare to hope no new character-
istic will appear which would make fur-
ther revision necessary.

Fig. 2. Basic degenerative-bass-boost amplifier

circuit. V; and V: and associated components,

excluding feedback elements R. R;, and C.,

comprise the basic amplifier. Triodes are shown
for simplicity.

A Note on Volume

CHARLES P. BOEGLI*

Controls

The author shows that it is not always satisfactory to place
a high-resistance potentiometer just anywhere in an ampli-
if specified performance is to be obtained.

fier circuit

up of several stages arranged in

cascade so that the input signal is
fed through one after the other, being
amplified on the way, finally appearing
as an output voltage at the loudspeaker
terminals. Somewhere in this unit, it is
usually necessary to provide a control
over the gain of the entire amplifier, so
that input signals of the given voltages

AN audio amplifier is generally made
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can he made to yield output voltages of
the desired magnitudes. This is most
often accomplished in high-impedance
locations, by means of a simple potenti-
ometer ; the output from the plate of one
stage is connected to the top of the po-
tentiometer, the other end of which is
grounded, and the grid of the following
stage is fed from the slider. The purpose
of this note is to mention some consid-

erations that appear to be generally
overlooked in providing a “volume”
control of this type.

Since hum and noise are most apt to
assume noticeable proportions in the in-
put stages of the amplifier where signal
voltages are quite low, the volume con-
trol should generally be located after

* Cincinnati Research Company, 6431
Montgomery Road, Cincinnati 13, Ohio.



the first few stages. In this manner, the
signal is maintained at the maximum
vialue compared to the noise through
these critical stages and becomes at-
tenuated only when it has reached a
value quite large in comparison to noise
voltages. On the other hand, should the
volume control be located too near the
output tubes, the possibility is increased
that the signal will attain sufficient mag-
nituge before reaching the control to
cause unnecessary distortion in previous
stages. Placement of the control at a
point where the maximum signal leve!
is from 2 to 4 volts will usually lead to
a fairly satisfactory design, suffering
neither from distortion nor excessive
noise. It goes without saying that the
control must not be placed inside the
feedback loop, if any are employed in
the circuit.

The only disadvantage to locating the
control otherwise than at the input to

1T
|1

R EQUVALENT OUTPUT
RESISTANCE OF STAGE 1

C » TOTAL INPUT CAPACITANCE
OF STAGE 2

Fig. 1. Low-pass filter existing between two
stages of an audio amplifier.

the amplifier is that the voltages of the
signal sources used with the amplifier
must—to a degree, at least—bhe con-
trolled. Thus, with the volume control
at the input we need concern oursclves
only with the minimum input required
for full output, but if the control is situ-
ated later, the mavimiom input also be-
comes important. An input stage han.
dling a minimum of 0.5 volt may well
be designed to carry a maximum of the
order of 1.5 volts; obviously, if a tuier
supplying 6 volts is connected to such
an input, overloading will resuit. The
best arrangement would therefore scem
to be one in which the volume control
is placed near enough to the output
stages to maximize the signal-to-noise
ratio and close enough to the input
stages to prevent serious distortion, and
in which individual pads are used on
the various signal sources to bring their
outputs to approximately a uniform
level, preferably slightly over the mini-
mum required to drive the amplifier
fully.

Effect on High-Frequency Response

The high-frequency response of an
amplifier (utilizing a good output trans-
former) is largely determined by the
cutoff frequencies of the series of low-
pass filters incorporated into it and made
up of the output resistance of one stage

and the input capacitance of the next,
as indicated in Frg. 1. When one stage
feeds directly into the next the problem
of attaining good high-frequency re-
sponse s fairly well defined, and the
solution consists simply in keeping the
output resistance of each stage as low
as possible. Low-mu triodes with plate
resistances of the order of 10,000 ohms
are excellent in this respect and may be
used with plate-load resistances of al-
most any size without adversely affect-
ing high-frequency response. With high-
mu triodes and pentodes the plate-load
resistors, as well as the grid resistors of
the following stages, must be kept small
in order to realize good high-{requency
response. But what occurs upon the in-
troduction of a volume control?

Obviously, when the slider is at the
top of the control, the situation is the
same as if no control were present.
When the slidér is near the bottom, also,
the following stage is fed from a very
low impedance so that the high-fre-
quency response is even better than
when the slider is at the top. In less ex-
treme positions, however, if the volume
control resistance is quite high, there
may be a substantial loss of high fre-
quencies—and it is precisely these posi-
tions that are most important.

Reference to Iig. 2 will make this
clear. R. is the output resistance of the
preceding stage and R; is the volume-
control resistance. The symbol a repre-
sents the position of the slider and
measures the fraction of the voltage ap-
pearing at the top of the control that
is applied to the following grid. Now
R, the resistance into which the follow-
ing grid looks is aR: in parallel with
Re+ (1 =a)Ri, which is found to be

2 L
Ro- (lRlRlI-: (aﬁa_)R. (1)
e+ R

We are interested in the manner in
which Ro varies with a. Hence, differ-
entiation of the above expression with
respect to a yields

dRo_ R:R_:+R::—2(IR:’ (2)
(ia - Rs+ Rs
The resistance Ko is a maximum at the
value of ¢ found by setting the right
side of Eq. (2) equal to zero and solving
for a:
R:R:+R:'—2aR. -30

Rt Ri
6= = ()

When a assumes this value, the maxi-
mum output resistance

Ri/+ R
4 (4)

For example, if we had a low-mu tri-

Rom

ode stage with an output resistance of
10,000 ohms connected to the top of a
I-meg. volume control, there would be
some point at which the next stage
would look back into as mwuch as

10,000 + 1,000,000
4

and if the input capacitance of the fol-
lowing stagk were sufficient to cause a

= 252,500 ohms

Fig. 2. Equivalent circuit of a stage followed by
a volume control.

3-db drop at 1000 ke without the volume

control, there would actually be a drop

of 3 db at about 4000 cps at this position

of the volume control.

We find, consequently, that the re-
sistance of the volume control is rather
stringently limited by the capacitance
into which it must work. As an example,
suppose we had a 12AY7 stage with an
output resistance of 20,000 ohms work-
ing into a 6SL7GT with an input ca-
pacitance of 100 unf. At best, there will
be a drop of 3 db at 80 ke. Suppose fur-
ther that we cannot tolerate a drop of
more than 3 db at 50 ke in this particu-
lar stage. Then the maximum output re-
sistance at any position of the control
must be 32,000 ohms. To find the maxi-
mum permissible volume control re-
sistance we use Eq. (4) with 20,000
ohms for R, 32,000 for Rom, and solving
for R: we obtain R:= 108,000 ohms, and
a 100,000-ohm control would be used.

Suppose we are more exacting and
state that the high-frequency response
with the volume control must never be
any poorer than without it. This is the
same as saying that Kom in Eq. (4) must
be the same as R

Ri+ R
4 = It

R:=3R: (%)
T'o realize this performance in the case
just described we should have to utilize
a 60,000-ohm control. That these values
are much lower than those commonly in
use will readily be recognized.

The installation of a volume control
thus appears to be somewhat more in-
volved than simply inserting a l-meg.
potentiometer at the amplifier input. In
particular, the use of relatively low
values is indicated in cases where the
control is working into appreciable ca-
pacitance.
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The Selection of
Tone-Control Parameters

EDGAR M. VILLCHUR*®

Proper design of tone controls requires a study of the conditions which must be cor-
rected. The author delineates these conditions, and explains the requirements for each,

ARIOUS TONE-CONTROL circuits with
given transition frequencies' and
rates of boost or cut have been ex-

tensively discussed in technical litera-
ture. Littie has been written, however,
about considerations involved in the
selection of the response-curve param-
eters, which sometimes seem to be
chosen more or less arbitrarily. While
“flat” power amplifier stages are care-
fully designed for an audio-frequency
response which is kept to a maximum
random deviation of a fraction of a
decibel, improper tone compensation
(cither manual or automatic) in the
same amplifier may introduce, or leave
uncorrected, very large inaccuracies of
frequency distribution relative to the
perceived original. These inaccuracies
liive on occaston completely over-
shadowed the benefits of the above-men-
tioned careful design, and have become a
primary factor in determining over-all
quality.

Fixed tone equalization is used when
the frequency characteristics for which
conipensation is being made are con-
stant. Modern home reproducing sys-
tems contain several fixed or auto-
matically variable audio equalization
circuits associated with FM pre-em-
phasis, recording characteristics, pick-
up frequency distortion, or changes of

" * Woodstock, New York.

' The transition frequency is the inter-
section of the theoretical linear slope of the
response curve (a slope which the actual
curve only approaches) with the frequency
axis—see Fig. 3.
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Fig. 3. Resultant fre-

quency response of
an audio system us-
ing a commercial
speaker in the $50
class and the treble
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boost of (A), Fig. 1.
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The inclusion of such
not make variable tone
control superfluous, since there are
many unpredictable conditions for
which it may be desirable to adjust