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Foreword 
Continuing the practice of prO\icling the reade r 

with a single Yolume that contains most of the material 
from issues of the magazine of greatest interest lo the 
tserious auclio expe rimenter, the 3rd mulio a11t/rology 
is offered in the since re hope that its. pages will con­
tinue to provicle a wealth of u seful reference material 
without th necessary aclditional pages that go to make 
up a monthl~· magazine . 

T he original amlio m,tlwlogy was created lo bring 
the early artic·les that appeared in A UUIO E NGINEER­
ING into the hancls of those who did not learn of the 
magazine's existence until some time afte r ii was inlro­
cluc·ecl. The arlic·les that were in the first thirty is ue s 
of Al 1UIO E NGINEERING were among the most ,alu­
able that hacl been 1mblishecl in magazines up lo that 
time. ancl OJU'e the early copies of the magazine were 
exlmustt~cl, there was not any way in which the rcacler 
t•oulcl secure the m for his own use. T ims the autlio 
,mtlwlo,iy was born. 

As months we nt on, more ancl more reaclers--hoth 
of tht• magazine ancl of the anthology--('mne lo cx­
pect that the re would he another compilation of the 
111ore popular artic·les, ancl so the 211.tl t111tlio tmtl,olof(y 
was introclm•ecl. With a preeeclent thus ..reatecl, it was 
natural lo e xpct·I tlml a thircl wcmlcl he along soon, 
ancl here ii is. 

\Ve are grateful to our reaclcr ~ for th ir t·ontinuecl 
inlf'rt•st, ancl ii is lo them that this 3rtl mulio m,tl,olog:r 
is appret·ialhely ,leclic·atecl. 

Mineola, N. Y. 
s ....... 1111,er, 1950 

C. G. JUePROUD, Editor 
AUDIO 



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. 

THE BEST AUDIO AMPLIFIER is wasted 
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. 
T}leir capabilities are impressive--an<l 
so are their prices. Of the thom,ands of 
non-technical people who have bought 
these amplifiers, how many have spent 
a proportionate amount of money 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 <lone. 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 tal1le radio. 

The secret of this transformation is 
negative feedback. It is the writer's be­
lief that most of the unpleasantness of 
the reproduction from an ordinary sin­
gle tetrode or pentode output is due to 
the low speaker <lamping, 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 c;tated 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 achie.ved with 
a tetrode output tube. with all the attend­
ant advantages of reduced distortion and 
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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: 

Maximum output: 
Total distortion : 

Frequency range: 

Output resistance : 

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

The maximum power output of 3 
watts is obtained at middle frequencies; 
the maximum power ohtainahle at ex­
treme low and high frequencies depends 
or. the quality of the output transformer. 
No amount of negative feedback can ef­
fect any improvement in this respect. 
Using the Thordar~on 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. 
IO 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. I. Block diagram of the amplifier, showiog the two negdtlYe feedback loops. 

clipped. T his effect is clear ly 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 onlinary 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 hefore 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-ti 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. Figu re 1 
i~ 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 
ir. detail. The grid resistor R, 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 
t:mes, which is reduced to an over-all 
gain of 100 times by the neg:itive feed­
bac:k from the plate of V, to the cathode 
of V,. This link contains the tone control 
circuits. Various tone control arrange­
ments are possible, and can be chosen 
t<, 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, anrl 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. 
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one flat position, and four positions giv­
ing treble cut. The potentiometer deter­
mines the degree of rut, and the switch 
selects the turnover frequency. These 
turnover frequencies are 1500, 2000, 
-WOO, 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. 

Raiser! in level by 40 dh by V, and 
V,, the signal is fed to the volume con­
trol anrl then to the grid of V ,. 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 he 
realized; if a.c. coupling were used, the 
grid resistor of V, would have to be at 
least IO megohms to avoid shunting the 
!Clad of V ,, and this exceccls the tube 
manufacturer's maximum permissible 
value of 1.0 megohm. Using direct-coup­
ling also has the arlvantage that no 
low-frequency phase shift is introduced. 

For an 8-ohm loudspeaker load, an 
output transformer turns ratio of 32 to 
I should he used. The voltage "gain" 
from the gricl 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 feeclhack voltage 
returner! to the cathode of V, is one 
fourth of the output voltage, by virtue 
of the 470- and I 500-ohm resistors form­
ing a voltage divider, the over-all gain 
is reduced from 260 times to 4 times: 
that is we have 201og(260/ 4), or 36 db 
of negative feedback. 

V, obtains its bias voltage from the 
very small grid current flowing through 
the 4.7 megohm grid resistor; this is 
commonly described as "contact poten­
tial." Bias amounts to about minus 0.75 
volt. The voltage developed across the 
470-ohm cathode resistor is r,nlv some 
0.07 \'Olt, and is therefore nrgligihle. 
The reason for using this method of 
biasing is that it avoids the low-fre­
quency phase shift which would he in­
trorlucc-d hy the conventional cathode 
resistor and bypass capacitor. 

One of the troubles inherent in direct­
coupled stages is the drift of operating 
point. This is avoided here by deri\'ing 
the screen \'Oltage of V, from the cathode 
of V ,. th rough the 0.47-meg resi stor . 
The operation is as follows: suppose the 
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plate current of V , decreases, then its 
plate voltage increases, carrying the grid 
0£ V, with it. The plate curn:nt of V , 
then rises, and its cathode voltage in­
creases. This also raises the screen volt­
age of V,, tending to increase the plate 
current of V , and restore the operating 
point. Thus we have in effect an internal 
negative feedback loop which stabilizes 
the working points of V, and V ,. This 
feedback loop is made inoperative for 
signal voltages by decoupling the screen 
of V ,. 

The resistor R,. and capacitor C, be­
tween the plate of V, and the cathode of 
V, are to suppress high-frequency oscil ­
lations. The capacitor should he a high ­
quality mica type rated at 1000 volts. 
If different taps are usecl 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 V, arnl the screen 
resistor of V, are included to guard 
against parasitic oscillations. 

The total current rlrain of the com­
plete amplifier is only about 40 milli­
amperes, and hence the power pack re­
qui ren 1ents arc 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 
quite adequate, because the large amount 
of negative feedback reduces the 120-
cycle hum from the B+ line to complete 
inaudibility. It is desirable to use one or 
more of the standard methods for re­
clucing 60-cycle hun1 from the heater of 
V,, such as tapping a ground connection 
across the heater winding, ( as shown ) 
or raising the heater win<ling to some 
positive potential with respect to ground . 

Only one other point need he men­
tioned in connection with practical con­
struction . The cathode resistor, both 
grid resistors, and g rid capacitor of V, 
should he mounted as close as possihle 
to the tube socket. This is because the 
input i111pedance to V, is extremely high 
and the grid leads are very sensi tive to 
hum pickup. 

All figures quoted above are measure,! 
values, not calculated. Aural results are 
excellent: the cleanness of the hass re­
sponse is particularly pleasing. The en-

R16 
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Fig . 2. The complete schematic of the amplifier. 

Fig. 3. A suggested bass-boost circuit . This 
section corresponds to box " A" in Fig. 2. 

FROM BASS TON£ 
I 1 POLE 6POSIT,O- - - - -

TO SHORTING SWITCH 

CAT><ll[ 

Of V1 [ O § ~....._., 
1 

: 8 : 
I ~ I 

I I __ -=- _____________ I 

Fig. 4. A suggested treble tone-control circuit. 
This corresponds to box " B" in Fig. 2. 

tire amplitier can he built on a chassis 
8 by 6 inches, and the quality of its re­
production bears comparison with that 
oi amplifiers many ti111es more expensive. 

PARTS L1sT-AMrL1nF.R 

C, 0.1 11f, 600 v, paper 
C, 50 1tf, 6 v, electrolytic 
C, .01 1Lf, 600 v, paper 
C, .001 1d, 500 v, mica 
C, 0.5 µf , 200 v, paper 
C, 500 µ.f, 50 v, electrolytic 
C, JOO 111Lf, 1000 v, mica 
C oa, b l0-10 11£, 450 v, electrolytic 
C,, C,. 20 11£, 500 v, electrolytic 
R, pickup load resistor (sre text) 
R,, R, 0.12 meg, I watt 
R,, R, 2200 ohms, ½ watt 
R,, R,. 0.47 meg, ½ watt 
R, 0.5 meg audio taper potentiom<'ter 
R, 4.7 meg, ½ watt 
R,, R,, 27,000 ohms, ½ watt 
R,. 2.2 meg, 1 watt 
R., 470 ohms, ½ watt 
R,. 56,000 ohms, ½ watt 
R,, 330 ohms, ½ watt 
R,. 1250 ohms, 5 watts 
R,. 1500 ohms, 1 watt 
Rn 47,000 ohms, I watt 
R,. 10.000 ohms, 1 watt 
R,. 1000 ohms, 5 watts 
R,. 0.27 megs, ½ watt 
T, Output transformer, "Univrrsal" 

T, 

type, 32 : I ratio for 8-ohm loud­
speaker 

Power transformer. 350 -0-350 v at 
~O ma; 6.3 v at 2.0 amps 

J40V 
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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! 

THE III - Fl ENTHUSIAST has heen the 
butt of innumerable jokes for many 
years. The most fanatic have been 

accused of li stening, not to music, but 
only to white noise, ancl 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 
e\·ery conceivable characteristic of the 
reproduced sound ( except, apparently, 
its loudness) . 

The writer was accused hy his goo<l 
irau 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 clown 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 cahinet, and ar­
ranged to he operated witl1 a minimum 
of switches and controls. 

The pickup chosen was an ordinary 
GE variable-reluctance dual type having 
a I-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 sy!.tem at a 
point immediately following the pre­
amplifier. 

The tape recorder happened to he a 
Magnacorclette. This has its own pre­
amplifier, which functions both for re­
cording and reproducing, an,! in the 
latter case has an output level compar­
able to that of the FM tuner. Hence it 
woulcl he 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 E11gineeri11g fostit11te, 
16th & Park Noad, N . W ., Washi11gto>1 
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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, an<l 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 t he 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: \Vomen arc 
not interesterl in engineering; that's why 
engineers have to work overtime design­
ing engineering gadgets that do the 
technical work for them. \Vitness 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, ancl a flat high­
frequehcy response. The only control is 
a tone control of the "chopper-offer" 
type; it provides a rather sharp cutoff 
at 10 kc, 8 kc, or 5 kc, as desirecl, 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 he 
enticed in time to use it, but since they 
play only LP's and 4S'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 
hart 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 111 

push-pull, with a power output of 16 
watts . Such power output may not be 
necessary for the home, hut then one is 
uncler 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 
neecls of the builder. The tone controJ 
can be eliminated if not desired; the bass 
hoost can be made variable, and smaller 
power tubes can he employed. Other pos­
sible var iations may occur to the reacler 
as he persues the description that fol­
lows. 

The Phono Prea mplifier 

The complete amplifier diagram is 
shown in Fig. 1. The preamplifier con­
sists of a 12AX7, with its two sections 
connected in cascade ancl 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 fret 
underground. 

Inci ,lentally, the ordinary three-speecl 
changer that I am using had excessive 
rumble until I slipped some rubber snub­
bers between the metal chassis and the 
woo,\en frame on which it is supported 
by three conical springs. It seems that 
the springs are too free ancl permit the 
whole assemhly to quiver like a dowag­
er's third chin at a gabfest; the rubber 
snubbers holcl it in check like a whale­
bone corset. 

The input resi stor of 10,000 ohms 
seems to give the most sati sfactory high­
frequency response. An initial value of 
20,000 ohms permitted the GE pickup to 
develop a double-humped peak at 6,000 
and 10,000 cps, with a minimum at 8,000; 
the present Yalue produces a reasonably 
smooth response. 

Low-frequency boost is obtained by 
feeding back from the plate of the seconrl 
tube to the cathode of the first via a .04-11f 
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 IJOost is obtained by the 
.011 -µf capacitor and 2i0,000-ohm re­
sistor shunting the 50,000-ohm volume 
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control, together with the 75,000-ohm 
resis tor above this combination. 

This latter network produces a reduc­
tion in gain, hut the gain is more than 
sufficient anvwav, and the additional \Jass 
boost oi -1 .i db ·raises the total to 19 clb. 
Of course more can he had, hut the re­
sponse frorn a test record using the RCA 
New Orthophonic curve seems quite 
satisfactory fo r 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 val ues shown 
is exhibi ted in Fig. 2; the cur ve marked 
"Phono Input" shows a peak centered a t 
about -1 5 cps. This is to he compared with 
t he response rnarked "FM In put," which 
is that of the amplifier stages following 
the prearnplitier. 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 he made variable in 
order to vary the arnount of bass boost. 
The 540-ohm cathode resistor of the ti rst 
stage rnay he changed to' a potentiometer, 
wi th the 47,000 ohm resistor connected 
to the arrn. In this wav the amount of 
hass boost can be va rieci in this network 
without varying the position of the peak 
in the frequency spectrum. 

A switch in series with the feedback 
network can he used to di sconnect it 
when a flat response is desired, such as 
when it is tlesi red to connect a micro­
phone. The concomitan t increase in 
gain is usually desirable in such a case 
because oi the normally lo\ er output of 
the microphone. However, 1 prefer to 
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use the preampli tier in the Magnecor ­
dett e for this purpose, hence I have 
omitted the switch . 

One further point to note is the .015-Jtf 
cathode bypass capacitor employed in the 
second stage. It docs not take effect until 
about 4,000 cps, at which point it begins 
to decrease the inverse feedback in thi s 
stage and thus rai se 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 hy several 
such stages is counteracted to an appre ­
ciable degree hy thi s small bypass capaci­
tor. By varying its value, the point at 
which compensation hegins to take effect 
can he vari ed: 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 fir st 
12AXi (whose two sections constitute 
the preamplifier ) with the plate current 
of the two 1622 tubes operating in push­
pull. Si11ce these operate essen tially class 
A, the even-harmonic components that 
are present in the comhined cathode cur­
rent arc relat ively small, and pro<luce no 
noticeable effects in the preamplifier. The 
reduction in hum is verv marke<I: most 
of the resi dual hurn now· present is very 
small, and is mainly due to st ray mag­
netic fields act ing on the phono pickup. 
F!\1 tuner. or Magneconlette. The latter 
is particularly sensi t ive to stray 60-cps 
magnet ic fields. 

The 12AXi heater is placed III series 
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wi th a 22-ohm resistor and 25-ohm po­
ten tiometer. 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 
va rv the bias of one 1622 tube relative 
to the other: in thi s way two 1622 tubes 
can he equalized as to <I.e . plate current 
flow in the output stage. The 10,000-ohm 
resistor is required to draw additional 
bleeder current because the 12AX7 
heater requires more d.c. than do the 
plates of the ()L6 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 S0.Oi.l0-011111 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 control s. In thi s \\av 
each volume control can he preset to it·s 
average posi t ion , so that there is 110 sud­
den blare of sound as the svstem is 
swi tched from one source to another. 

The third stage employs the two sec­
tions of a 12AXi tube in the form of an 
electronic mixer, as mentioned previ ­
ously. The common plate resistor of 
39,000 ohms was found to he the des ir­
able value to use in conjunct ion with 
the hr idge<I-T network following it. The 
latter employs a 2-hen ry Hycor toroidal 
inductor. which can be switched hy two 
sections of a 3-gang switch to hridge 
various combinations of series capaci tors. 

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

350 
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8 8 30 

Fig . 1. Complete schematic of the amplifier. The input switch is eliminated by mixing all three sources so that it is only necessary to turn on tuner, 
phone, or tape machine as desired . 
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<luctance arc in series resonance. The 
value of R must he adjusted to the proper 
value to produce this sharp selective at ­
tenuation effect. hut its value is not par­
ticularly critical. The magnitude indi ­
cated is 120,000 ohms, hut this value 
would differ with different inductors. 

Approximate \'alues of the capacitors 
used are i111licated , hut exact values are 
hest determined experimentally by run ­
ning a frequency response curve on the 
amplifier and adjusting the capacitor 
,·alues until the proper response is 
obtained. Actually, odd values may be 
requi rer! to hit the desired frequency, 
and in this case a practical dodge is to 
use slightly unequal \'alues of capacitors. 
A little patience aad a number of 
capacitors will result in the response 
dropping off fairly sharply at the de­
sired cutoff frequency. 

Howe\'er, the hri1lge<l-T network 
attenuates onh· in the Yicinitv of one 
frequency; al;o\'e that ireqt;ency its 
transmission approaches the normal 
value once more. To hold down the re­
sponse beyond the attenuation frequency, 
the series-resonant network following 
the bridged-T is employed. This in­
\'Ol \'es a 0.5-henrv choke am! suitable 
series capacitors, ;1101111ted on the thir<l 
section of the 3-gang switch, to operate 
in con j unction with the bridged-T. 

Approximate values are shown for 
these capacitors also, hut here again the 
capacitors shoultl be chosen experimen­
tally to resonate at a suitable higher 
frequency than the corresponding fre­
quency of ma..ximum 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 cur\'es of the filters are 
shown in Fig. 3. The peaks shown are 
due to a tendency for the hridged-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 avoirl peaks, the 
"ringing" of the system is not noticeable 
to the I is ten er. 

The main reason for employing such 
a rather im·ol\'ed 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 amplJfier wide 
open; I can take a certain amount of 
hiss. Incidentally, I seemed to get a 
sharper attenuation curve using the 
hridged-T insead of a parallel twin-T, 
which otherwise would have been more 
attracti\'e 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 limited; for the UTC LS-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 ma rle hy measuring the 

Fig . 4. Over-all re­
sponse from the 
grooves of a test 
disc to a dummy 
load resistor follow­
ing the output trans­
former is satisfac-

torily flat . 
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regulation of the output Yoltage as the 
load resistance is varied indicate that 
the internal output impedance, looking 
into the 15-ohm secondarv 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 driYe voltage for 
the connected 1622 grid. 

The output stage in itseli is conven­
tional. The 1622 tubes are operated at 
values recommended by RCA, 250 vol ts 
on the plates and screen grirls, and - 18 
,·olts self bias. The output, as measured 
at the secondary oi the output trans­
former , is 16 watts, and was determined 
hy obsen-ing 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 IOUO 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 bottom 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 

D UklNG THE PAST SE\' El!AL YEARS 

audio amplifier design has pro­
gressed at a rate second only to that 

of the transducers associated with it i11 
typical sound reproduction systems. A 
decade ago one could justitiahly point 
to phonograph pickups and loudspeakers 
as the quality-determining links in the 
average home audio system. This dis­
parity has hee11 steadilv narrowed and 
at the present time no or"1e can generalize 
as to weak links. Suffice it to say that 
innovations in amplifiers have heen less 
startling, since they had an initial jump 
nn the rest of the elements involve<! in 
the sound reproduction process. Such 
advances as have been made center pri ­
marily about the output transformer. 
\Vith minor exceptions, no basic circuit 
changes have found their way into com­
mercially available amplifiers. 

This attack 011 the prohlem was a logi ­
cal one since only the transformers and 
the vacuum tubes i11 an amplifier can 
operate in a nonlinear fashion an,! 
thereby produce harmonic and inter­
modulation di stortion . 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 elements 
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 
fe~ba~k _whicl) could be stably employed. 
'.flus v1c1(!US circle has stimulated many 
inherent improvements in transformer 
design, hut the fundamental problems 
still exist, although mitigated in magni­
tude. It is unfortunate but true that the 

• Pacific Mercury Television Mfg . Corp ., 
5955 Van Nuys Blvd., Van Nuys, Calif. 

•• RCA Laboratories, 711 Fifth Ai•e., 
New York 22, N. V. 

QUALITY AMPLIFIER 
(C!o11limJl'd from wevious page) 

rles ign anrl needs little comment. Th~ 
reason for the dropping resistor as a 
serond filter is that a spare tele,·ision 
power transformer was use,! , which de­
veloped an unexpectedly high voltage. 
This was reduced to meet the rated plate 
an <l screen voltages of the 1622 tnhes; 
perhaps the transformer you may have 
available will 11ot require the same treat­
mt.>nt . 

Oil-fillet! filter capac itors of relatively 
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region of most serious distortion in a 
t ransformer is in the low- and very­
low-frequency range. At these frequen­
cies the magnetizing current may become 
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 conAict ing demands of good 
high- and low-frequency performance. 
It should he pointed out here that the 
problem is not merely confined to fre­
quency response of the transformer. 
~lost good output transformers exhibit 
a frequency response far wider than 
that needed for sound reproduction. The 
problem of hei11g able to transfer large 
amounts of power without L!istortion, 
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 Aow in the half-primaries. Class-B 
and AB operation can contribute greatly 
to the power handling capabilities of an 
amplifier stage, hut unfortunately these 
classes of operation have hecome 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 . 

low values were employed rather than 
electrolyt ics ; however, the wr iter is not 
particularly prej udiced against the111. 
There is, however , a sati sfaction in 
knowing that these components will 
stand up indefinitely, although, admit­
te,lly, large electrolytic capacitors were 
used for decoupling purposes in the vari­
ous stages, ancl hence in time trouble may 
occur at these points. Although smaller 
decoupling capacitors could be usecl, the 
val ues indicated clo stabilize the ampli­
fier to a large extent against line surges 
anrl simila r "humps." 

This amplifier is operated into an 

The Transformcrless Amplifier 

With these problems of output trans­
fo rmers ;n mind many have envisaged 
transfor111erless amplifiers. While many 
of the problems associated with trans­
iormerless design seem overwhelming, 
at least one manufacturer has licked the 
biggest problem by winding a 500-ohm 
voice coil for his loudspeakers. Per­
iormance is almost unbelievable in those 
regions where transformer -type ampli­
fiers fall down. It was felt by the writers 
that if outstanding perfor111ance could 
be obtained in a transformerless ampli ­
fi er 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 tuhes was not 
justi f,able . Plate efficiencies comparable 
to existing high-quality amplifiers should 
he 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 he 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
,·entionality of the goal- that of driving 
a low-impedance speaker directly-ac-

'Chai Yeh, "Analysis of a single-enJed 
push-pull audio amplifier," Proc. I RE, June 
1953. 

T.CIA speaker installed in an infinite 
haffie of about 15 cubic feet volume. The 
results are generally approved hy people 
who have listened to the system, and it 
appea rs to he very suitahle 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, e111ploying a Dubbings D-101A 
record for the RCA New Orthophonic 
curve. The results, it will be note,!, are 
fairly flat, particularly at the low-fre­
quency end of the spectrum, and confirm 
the satisfactory conclusions clrawn from 
li stening 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 hlood 
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. I.' The quiescent current 
is equal in both sets of triodes, with no 
d.c. flowing through the loa,I. The tubes 
are driven out of phase with the differ­
ence in current between the tubes flow­
ing through the speaker load. 

The most efficie11t method of utilizing 
this system is to bias the output tubes 
close to cutoff with the operation ap­
prn:i.ching that of class B. The usual 
ouJections to th is mode of operation, 
such as switching transients a11d distor­
tion, do not apply if no output trans­
former is used. Class-B operat ion pro­
vides maximum power output with 
min imum plate dissipation so that the 
pea~ current capabilites of tubes can 
effecti\·ely 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 anti thereby 
reduce the ma..ximum power output. 

The power supplies used are half­
wave selen ium rect ifier circuits develop­
ing + 140 v. and - 140 v. with respect 
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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. I. 

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 red\lce. dra!.tically 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 -0f the 
popular 6AS7G. These tubes are capable 
oi 700 ma of peak c11rre11t per tr iode 
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 ahout 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 an,! insure that 
no cl.c . flows in the voice coil. To protect 
the tuhes, a low d.c. impedance of 56,-
000 ohms is used in the grid circuit. 
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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 uncler 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 tuhes, since in­
sufficient output is obtained from the 
phase solitter to drive the output tubes 
dnectly. 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 ttian 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-µf capacitors and 5-ohm protective 
resistors ( each made up of paralleled 
10-ohm units ) . A voltage adder circuit 
is used for the - 250-volt supply, which 
supplies only bias. Another voltage 
adder circuit is used to supply+ 250 volts 
for the driver stages. Additional R-C 
dtcoupling is used to minimize hum in 
the low-level stages. 

- 1 ov 

+ 140V 
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X 

LOAD CORRECTION 
!SEE TEXT) 

Fig. 1. This is the complete schematic diagram of the transformerless amplifier. Its total cost is comparable to that of a single high - quality out­
put transformer. For safety, use of a 1- to - 1 isolation transformer is recommended between the a.c. line and the power input terminals . 
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Operational Deta ils 

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 dh of feed­
bac½ can he _applied only within a loop 
having a mmmmm of phase shifts to 
avoid instability. It is therefore neces­
sary to modify the arrangement when 
using speakers which present other than 

~ith n~gl1g:ihle distortion is practically 
1mposs1hle III a transformer-type ampli­
fie~ of similar mid-frequency power 
rating. The low-frequency performance 
is directly attributable to the use of cir­
cui~ components whose nonlinear prop­
erties are 111 no way dependent upon 
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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 

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 

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.S-1,f 
capacitor is a low impedance at high 
frequencies, shorting the inductive load. 
The series 16-ohm resistor ancl .0t-,,f 
capacitor places a 16-ohm resistor acros3 
the speaker at high frequencies and an 
open circuit at low frequencies. This 
serves to provide constant impe,lance 
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 
hy the curres and photographs. 

The frequency response, which is 
shown in Fig. 2, is flat over a very wide 
range. Since resistive-capacitance­
coupled circuits are used throughout, 
tliere is no serious limitation on response. 
To keep circuit complexity clown, and 
to achieve the hest feedback stability, a 
reasonable amount of gain per stage is 
desired. This, of course, will determine 
the high-irN1ue11cy 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 ma11yfold. :\lost good ampli­
fiers exh ihit a tlat response \\ ell beyond 
the limits of audihilty, and this unit 
probably ranks as one of the widest­
bancl 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 oi frequency. The ability to 
deliver 25 watts at 20 cycles and helow 
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designs in use today for audio. 

frequency. Thus the 40 dh of feedback 
remains 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 
,·ery good and rapid means of evaluating 
distortion in an amplifier. It is, however, 
at its greatest va lue 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 thi s where there is no 
frequency-sensi tive distortion character­
ist ic, 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 effit:iency 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 abilitv 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 onlv 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 
i~ 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 t han 0.4 per 
cent at the related output of 20 watts in to a 
16-ohm 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. l,eductions 
of amplifier internal impedance beyond 
this point are not necessary but can do 
no harm. The internal impeclance of 
this amplifier, due to the large amount 
of fredhack, 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 trace~ 
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 tra in of oscillations fol­
lowing the rapid r ise and fall of the 
squa re wave. Of cou rse. 1 f these oscil­
' Iating overshoots do not <lecay or die 
out, the system will osc illate continu­
ously. It is in1portant to have ample 
stability in the feedback system to pre­
\"ent any form of "ringing" or overshoot 
on a rapi<lly 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 deteriorate<l at a high frequency 
ordinarily used to test video amplifiers. 

The extremely light weight and small 
si ze as well as the low cost of th is ampli ­
lier stem principally from the ahsence of 
heavy and costly components. T he only 
i1e111s of major expense a rc the tubes, 
the fou r selenium rectifiers, an<l the two 
la rge electrolyt ic capac itors. The re-
11?ai 11i11g components are small resistors 
:,nd capaci tors oi the sort encountered 
111 most ampl ifiers. The three output 
tubes are considerably more expensive 
than the normal receiving t)·pe, !mt are 
~till reasonably priced. The other tubes 
are of wi<lely 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 i~ 
60 db helow the rated power output. 
This value was found to he exceeded hy 
the extraneous hum of the supplied 
source material from the preamplifier, 
which in itself was acceptably low. 

The qualitative results of an ampl i­
fier are generally the results of listening 
tests. While it is impossible to attribute 
specific attributes of good reproduct ion 
to particular links in the system merely 
by listening, some indication of per­
formance may he had by comparat ive 
methods. As one woul<l suspect from 
the featmes, 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 notetl on organ music. An RCA 
LC- IA in its standard studio console 
phase-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, hut at reasonably high 
room levels, the low-frequency repro1luc­
tion seeme1! exceptionally smooth and 
realistic . The use of a horn-type low­
frequency loudspeaker, which would 
more efficiently load the cone, woul<l 
permit the use of higher and more real­
istic levels of. say, a pipe organ. Whilc 
this has not heen 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 Fl\I 

signal may cause excessive cone ex­
cursions in speakers which are inade­
quately couple<l to the air. If such is the 
case, the coupling capacitor between the 
first anti second 12AT7's may he re­
duce<l to attenuate these effects. 

PARTS LI ST 

Capacitors 
I .05 µf, 600 v. paper 
4 0.1 ii£, 600 v. paper 
2 10 ilf, ISO v. electrolyt ic 
2 15 µf, 150 v. electrolytic 
3 40 11£, 150 v. electrolytic 
2 300 µ£, 150 v. electrolytic 
3 40 11£, 350 v. electrolytic 
2 5 1d, 450 v. electrolytic 
Resistors 

6 100 ohms 
I 680 ohms 
I 1000 ohms 
I 1500 ohms 
I 1800 ohms 
2 10,000 ohms 
I 15,000 ohms 
2 18,000 ohms 
I 33,000 ohms 

4 10 ohms 
I 560 ohms 
2 8200 ohms 

I 0-watt 
2500 ohms 

I -watt 
I 39,000 ohms 
I 47,000 ohms 
4 56,000 ohms 
I 0.1 meg 
l 0.15 meg 
I 0.27 meg 
3 1.0 mcg 
I 1.2 mcg 
2 1.5 mcg 

2 - watt 
I 12.000 ohms 
I 27,000 ohms 

20-watt 
40 ohms 

I I 0,000-ohm wirewound potentiometer 
2 iS-ma, 130-\·olt selenium rectifiers 
2 500-ma, 130-\·olt sele11 iu111 rectifiers 
I 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. 

MOST AMPLIFIERS are developed and 
tested using pure resistive load 
impedances across the secondary 

of the output transformer. Determination 
of intermodulation distortion, harmonic 
distortion, and power performance are 
basecl upon results obtained using these 
resistive loads although it is well recog­
nized that speakers do not present a 
constant load impe<lance over the entire 
frequency spectrum. However, for want 
of a bet ter method, resistive loacls have 
been retained as a standard procedure 
in cletermining the performance and op­
erating characteristics of amplifiers. 

This paper proposes a basic change in 
amplifier circu itry that is inevitable if 

amplifiers are to perform thei r basic 
function- that of presenting an electr ical 
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 amplilier. 
It will be shown that present audio am­
t>lifiers create a power distortion of a 
magnitude of 6 to 8 <lb, and this type of 
di stortion is not discernible by present 
day testing procedures. 

Defi11itio11 1. Power distortion : A 
po\Ver waveform generated by an audio 
amplifier that de\'iates 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 

• Stan \ hitc Inc., iZ7 S. La Salle St., 
Chicago 5, Ill. 

13 



between power, voltage, and impedance 
can be expressed by the formula 

E' 
p = z (1) 

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

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

From transducer theory, there are 
certain relationships between the elec­
t rical and acoustical characteristics of 

• 
Fig. 2 (righ t) . Unders ide view of the 
20-watt amplif ier . La rge mica capaci­

tor at lower left is C,. 

SHORTING PLuG FOR 
SINGLE CHANNEL USE 

• • tr.l ATCHED PAtAS 

•T..hl 

any speaker , and such factors as the 
resistance of the suspension system, the 
resistance of the air loall, the reactance 
of the voice coil and cone, the reactance 
of the air load, and the reactance of 
the suspension system must be consid­
erecl as affecting the total impedance 
of the speaker, in addition to the pure 
electrical impedance of the voice coi l 
itself. 

Effect of Feedback 

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

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

• 

l • 

20,000 • 10 • 3,0Hr 60..,o 80H, 2201t10 
S• INGING 

+ C7 + C6 + C~ 

- 40/500 - 40/500 - 40/$00 
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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 lie beneficial. How­
ever, in real 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, wi th the result that 
over a reasonable range of loacl varia­
tions the power distortion is held to 
1 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 
beha\·ior 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. 
l\Iany 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 O\ er a range of 
output loads than the other metholls of 
operation. Positive current feedhack re­
duces the internal impedance of power 
amplifiers to zero, but by so doing it 
increases power distortion . 

Fig. 3. Complete schematic of the 20-watt White ampl ifier arranged for plugging in the electronic f ilter 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 
\Vhile 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 \Vhite 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,0 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 R10• 

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 la through 
C1 and the grid resistor R,. (The use 
of the octal socket will be describe,! 
later.) C, and R, may appear unneces­
sary, hut the slightest amount of d.c. 
on the grid of V la is suffic ient to unbal ­
ance the operation of the entire system 
so C, is a mica capacitor-.033 µf or 
larger-which has been found to he com­
pletely free from leakage. The cathode 
of Vu, is directly coupled to the grid of 
V,b and a tap on the cathode resistor 
string of V,a· Rs provides for a balance 
of d.c. voltages throughout the first 
three tc!>es- the method of adjustment 
being to set Rs at a point where the 
voltage between the plates of V ;a and 
V ,b is zero. The negative current feed­
back i.; connected to the grid of V 1b­

directly out of pha!;e with the input 
section- and the output of V 1b is fed 
into the phase splitter in a manner sim­
ilar to that from Vw The direct coup­
ling between the phase splitter section 
and the driver is mac!e 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 volt,, on the plates of V,- this same 
voltage being applied to the grids of 
V , which results in a bias of around 6 
volts. 

The output stage is the Ultra-Linear, 
which has been described heretofore. 1 

In the 20-watt White amplifier, 588l's 
arc used; in a very similar design for 
10 watts output, 6 V6'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,0 , shown as 0.47 ohms. In con­
struction, it is suggested that this value 
he obtainer! bv the use of a 1-ohm 10-
watt adjustal;le resistor. Slight varia­
tions in the power response character­
istics may he had by changing the value 
of this resi stor. with corresponding 

1 David Hafler and Herbert I. Keroes, 
"The Ultra-Linear amplifier." A UDIO E N­
C.INEERING, Nov. 195 1. 

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 hoard, which 
is laicl out as in Fig. 4. The parts list 
indicates the wattages of the various 
res istors, as well as the types recom­
mended. 

'1 C 2 r' '1 C3 fo 
~ '1 .,. fo 
o1 ... }oG oi A13 fo 

V 3 

~ '1 ••2 fo 
~ ~ 
~ 

~ 

~ 

o------C::!0---

rQD, '1 
0 0 °1 

., fo 
., fo 

'1 c, f<> ~ 

Fig. 4. Arrangement of pa rts 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 feeclback i:ir­
cuit- R11-C,- disconnected. Then pass a 
s ignal through the amp! ifier ancl note 
whether the signal increases or decreases 
when R,0 is shortecl . If the signal de­
creases, the leads to the two output grids 
should be reversed, since the feedback 
voltage cleveloperl across R, 0 should re­
duce the gain, and shorting the resistor 
eliminates the feedback. After the cor­
rect polarity is determined, the voltage­
feedback circuit R11 -C, may be con­
nected . 
The Octal Socket 

The octal socket previously mentionecl 
provicles for the insertion of an elec­
tronic clividing network ahead of the 
power amplifiers. With the shorting 
plug in place, the amplifier functions 
normally, anrl may he user! to feed a 
single speaker, or to feed a two- or 
threc-wav system with a conventional 
clividing ·net~rnrk . H owever, one of the 

advantages oi the White svstem is that 
the divicling net work is u;ed ahead oi 
the amplifiers, providing the aclvantage 
of low source impedance for the speak­
en,. The principal disadvantage is the 
need ior two power amp Ii tiers, it being 
quite usual to use the 20-watt model 
for low frequenc ies and the JO-watt 
moclel for high frequencies. 

The shorting plug simply connects 
the incoming signal to the input of t Ile 
amplifier. However, when it is desired 
to use two amplitiers, the shorting plug 
is removed and an electronic tilter 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 followers. Each iollowe~ 
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 amplifi er. In 
the commercially available moclel, the 
treble output is fed through a pigtail 
cable, which is pluggecl into the second 
amplifier. As shown in Fig. 3 the tr-ehle 
c:mtput i~ cl!;umcled to another phono 
Jack, which 1s connedecl hy a jumper to 
the second amplifier. The terminals 
shown are not those used in the com­
mercial version, hut are inclicated for 
stucly of the circuit. 

Filter-Network Advantages 

The most recent trencl in amplifier 
design has been to\ arc! inc1:easecl neg­
ative feedback , using output transform­
ers of wicler arnl wida range and placing 
more and more stages inside the fec<l­
back loop. For optimum operation, all 
of the push-pull stages shoulcl be hal ­
ancecl, and max imum phase shift must 
be kept to less than 180 deg. inside the 
feedback loop if oscillation is to he 
avoided . 

The two regions in which phase shift 
will occur and oscillation becomes a 
problem are at the extreme ends of the 
au dio 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 ideal is seldom 
achieved. 

It is well known that the reactive 

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-a POWERAmplifier 
DAVID SARSER ':, and MELVIN C . SPRINKLE ':":' 

A new version of the now famous Musician's Amplifier which should satisfy anyone's desires for 
more power-and which uses a newly developed tube type with modest plate supply requirements. 

NOAH \\'EBSTER, in his hook of words, 
defines maestro as "a mast.er in 
any art, especially music." This 

name is part icularly appropriate to this 
amplifier', shown in Fig . 1, for it com ­
bines the hest properties of the now 
famous Musician's Amplifier with a 
prodigious increase in power 011t1n1t . It 
is truly the master of the art of recreat­
ing music hy electronic means. 

The success of the 1\1 usician's Ampli­
fier 1 is too well known to require re­
peating, hut certain specialized appli ­
cations have heen 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 he desired 'or home music listening. 

One application for which it is not 
entirely adequate is as a driver for ,. 
di sc recording head . The low distortion 
makes the Musician's Amplifier attrac­
tive, hut it falls short on po er, espe­
cially when making LP di scs where pre­
cmpha:,is is required. The considerations 
011 power for disc recording arc well 
known ;111cl have been mentioned hy these 
writers previously.• 

The POWRTRON 
(1,mli11ued Jro,11 pret'ious paye) 

filter networks cause s11bsta11tial di stor ­
tion in the process of so1111d reproduc ­
t ion . However, the manner in which it 
is ca11se<l is not nearlv as well known. 
The design of tilter sc~tions of constant­
valued elements of resistance, capaci ­
tance, a11<I inductance is standarcl en­
gineeri11g practice. However, the design 
of filter sections capable of dealing with 
the variahle in1pedance 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 
i11put of the system is deemed the best 
solution. 

The crossover filter is construc.tecl in 
a standar<l Vector C0-10-N turret can, 
111ak ing it readily i11 terchangcable. Thus 
the experimenter can construct several 
tliffen:nt filter networks to tktermine the 
best operating crossover trequency for 
the speakers 11sed, or hy removing the 
net work can restore the amplifier to 
normal operation with a mi11i1111 1111 of 
effort. For the constants shown, the 
crossover frequency is approximately 
500 cps . 
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Fii;. 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 hroadcasting, Therefore it is necessary to increase the 

modern LP records, and tape equipment power delivery of the amplifying system. 
has set new standards for dynamic ran_t::'e 
in reproduced music. It is now necessary 
to re-appraise the power required for 
critical lis tening. In the past, the pro­
gram material was compressed to a 35-
or 40-dh range and maximum power 
could he handled easily hy the conven ­
tional "IS-watt" amplifier. Today's t rend 
is toward elimination of compression. 

I 11 the hi-fi field the final judgement 
is always that of the listening test. In 
the case of ampli tiers it is cliflicult to 
achic\'e a di stinct improvement, but it 
is ielt that a listen111g test with the 
crossover amplifier wi ll give the lis­
tener just such a di stinct improvement. 
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u,, 
!<,,, Ru 
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R,., R ,. 

R,, 
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PARTS LIST (Fig . 3) 

.033 1tf, 1200 v. 111ica 
0.5 µi, 600 v. paper 
JJU µitf, SOU v. mica 
40 µf, SOU v. elect. 
8 H, 2.{.0 ma, swinging choke 
30 H, 60 ma, smoothing choke 
0.25 rneg potcntiom.,kr, audio 

taper 
1.0 rneg, ¼ -watt, deposited car­

bon 

470 ohms, I-watt , wirewound 
200 ohms, ➔ - watt potentiometer, 

linear 
50,000 ohms, 10-watt, wire-

wound, matched pair 
1500 ohms, 5-watt, wircwound 
20,000 ohms, 10-watt, wirewound 
5Y,UUU ohms, IU-w<itt , wire-

wouncl, matched pair 
500 ohrns, 2-watt , wirewound 
0.15 meg, I-watt, deposited car­

bon 
350 ohms, 10-watt, wirewound 
IUU0 oh111s, ¼-watt, deposited 

*S48 Riverside Drive, New Yo rk 21. 
N . Y . 

• • Sales Engineer, .\mpcx Corporation. 
Silver Spring, !lie!. 

1 Sarser and Sprinkle, "!llusican's am­
plifier," AUDIO E:sGI!IIEERtNG, Nov. 1949. 

2 Sarser ancl Sprinkle, "1l usician's am­
plifier senior." AUDIO ENGINEERING, Jan. 
1951. 
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R,, 
v, 

carlxm 
1.0 ohms, 10-, alt, adjustable, 

wirewound 
3000 ohms. I-watt, wirewound 
20,0:JO ohms, 10-wat t, wirc­

"·ound 
Power transformer, \V hit e 

Sound or Chicago PCI{-200. 
520-0-520 v at 200 ma ; 5.0 v 
at 2.0 a; 6.3 v at ➔ .5 a; potted. 

Ultra-Linear out p tt t trans­
former, Aero TO-JOU, or 
White Sound 

12AU7 
5881 or KT66 
5V➔ 

PARTS LIST (Fig. 5) 

.05 µf, 600 v. paper 

750 µrtf, 500 v. mica 

.005 itf, 500 v. mica 
1.0 meg, ¼ -watt, deposited car­

bon 
1500 ohms, IO-watt, wirewound 
47,000 ohms, ¼-watt, deposited 

carhon 
0.47 mcg, ¼-watt, deposited car­

hon 
12AU7 



A typical exa111ple is in a recent re­
cording oi Ponchielli's "Dance of the 
l lo11rs." In this selection, the pianissimo 
'cello solo passage is repeatedly inter­
rupted hy a crashing chord playe(l hy 
the ent ire orchestra. \\' ith the 11sual !O­
to I 5-wat t amp Ii tier. the chord is heard, 
hut witho11t s11tlicient definition to suit 
the fast idio11,; li stener. In order to dis­
tinguish between the various choirs of 
the orchestra playing this chord, which 
the trained car can (lo in a concert hall , 
it is necessary that considerable power 
he available. A measurement of the peak 
produced hy the chord shows around 22 
db of change in instantaneous power. 
This is not, however, a true 111easure of 
the peak hut is an integrated reading. 
This means that an amplifier of around 
100 watts is required. Since this chord 
conta ins fundamental frequencies be­
tween 30 and 4000 cps, it may he seen 
that full power is required at these fre­
quencies. In add ition to power over this 
range, "clean" power is required up to 
at least 15.00U cps fo r disc recording as 
considere(I previously. Hence, we have 
looke(I towanl the development of an 
amplifier which would combine the lo w 
distortion, low noise. and wide range of 
the M11sician's Amplifier, wi th 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 trans111itter, and which can be 
lethal; it requires a power amplifier as 
a driver; and it is like all Class A am­
plifiers- inefficient. An(! in high -power 
amplifiers, efficiency hecomcs important . 

New Tube Gives Clue 

The recent anno11ncement of the type 
6146 by RCA pointetl toward a solution 
of the nee(! for more power with com­
paratively simple circuit design. Thi3 
t11bc is a beam-power amplifier tube pri­
marily intende(! for t ransmitter use. As 
shown in Fig. 2 in comparison with the 
5881 and the KT-66, it is small in size, 
sturdily constructe(I; and it has a high 
power sensitivity. It can he used in a 
number of transmitter applications, but 
RCA's data sheet indicates that it will 
also serve as an a11dio power amplifier 
or modulator, Class AB. This data sheet 
recon1111cnds-undcr ideal conditions 
such as perfectly regulatetl power sup­
plies- that a pair of 6146's be operated 
with a plate voltage of 750 and a screen 
volt.age of 200. This requires a fixed hias 
of 50 volts and a plate-to-plate load of 
8000 ohms. Under these contlitions, 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 obta ined 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-c11rrent 
problems. The 6146 ca n he operated 
readily with resistance co11pling from a 
voltage amplifier- and thns may be said 

to he a "jolly good bottle." 
Having found a sat isfactory t11be type, 

the next problem was to fill(! a s11itahle 
output transformer. Search of trans­
former catalogs fai le,! to reveal one 
which wo11ld meet all requirements, so 
a conference was heh! with E. B. I larri ­
son, of Peerless. On hearing the prob­
le111 he said, "I think I can do it." Sub­
scq11ently he has ad111i tted it was a tough 
one. HO\ e\'er, I larrison designed and 
built an output transformer. for the 6146, 
and alt hough originally built especially 
fo r this first a111plifier, it is now in the 
I 'eerless line as type S-268-Q. When 
tested in a matched network , the re­
,;ponse is within I dh 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. 
\Vhen used in a feedback amp Ii her 
where the s011rce impedance is 10 per 
cent or less of the rcflecte(I primary i111 -
pedance, the transformer will deliver 
close to 80 watts with no visible dis­
tortion at 20 cps. Primary inductance at 
5 \'Olts, 60 cps, is greater than 200 hen ­
ries, while at 80 watts the inductance is 
aproximpately 800 henries, yet the_ leak­
age inductance referre,1 to the prnnary 
is around 7 mh. The d.c. resistance of 
the primary is 115 ohms, and the inser­
t ion loss around 7 per cent. Small in size 
for its power rat ing th is transformer 
has proved to he excellent in perform-

R22 10000 

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

• 

ancc, and w1tt pass a 30,000 cps squa re 
wa\'e with a vertical ri se and a !lat top. 

The Voltage Ampl ifier 

Large tr.iodes like the 845 ha\'e a high 
bias, and transformer coupling is almost 
a necessi ty. A power amplifier of some 
size is also required to produce the 
necessary voltage. The 6146, in common 
with other lieam tuhes, operates at a 
reasonahle bias of SO volts. It requires 
around 35 \'Olts r.m.s. per tuue, or 70 
\'Olts for a push-pull pair for grid ex­
citation, an(! this is quite in line with 
the 807 or 5881 drive require111ents in 
the Musician's Amplitier. Thus, the 
voltage amplifier of the earlier ampli ­
tier was adopteci. without change, as is 
ohservcd from the schematic, Fig. 3. 

Design of the power supply proved to 
be a higger 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 AH. 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 diet.ates. One 
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Fig. 3. Complete schematic of the Maestro . Note s imilarity to the Musician's amplifier. 
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solution was found Ly using two re­
ceiver-type transformers with the high ­
\'Oltage windings in series. The pri­
maries are paralleled across 117 yoJts 
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 seyeral 6.3-Yolt 
heater windings which are required. 

The recti tiers employed are the high­
vacuum, high-Yoltag-e SH.4G Y, ideal for 
hea\·y-duty use. Two are used in parallel. 
In preliminary work, a swinging choke 
was used as input to the filter hut it was 
fournl that a conventional smoothing 
chok,: works just as well. The require­
ment3 oi sufficient min imum inductance 
al"ld low cl .c. resi stance are met hy the 
unit selected. The single high-Yoltage 
fi lter capacitor is oil filled. 

One of the important requirements in 
obtaining high quality from heam tubes 
is regulation of screen voltage. This is 
not alwavs mentioned in connection with 
amplilier construction articles all(! so 
does not receive the recognition it de­
serYes. In our preliminary work we used 
YR tubes to regulate the screen voltage 
hut had poor luck. By the time the 
screen Yoltage was stable, the VR tubes 
were well past their rated currents. 
Therefore the VR tubes were abandoned 
and an elec tronically regulated supply 
installed. A triode-connected 5881 is 
used as a pass tube, and a 6S]7 is used 
as the control tuhe, with a VR-75 sup­
plying the reference Yoitagc. Illec<ler 
current is passed through the VR-75 so 
that changes in 6SJ7 current have no 
effect. 

Power Supply Circuits 

Referri ng to the schematics for the 
power supplies-Figs. 4 and 5-it will 
be noted that the screen supply circuits 
arc similar. During the development 
program, two types of power suppli es 
were constructed. The first type used 
two receiver-type power trans formers, 
wi th the high -Yoltage will(l ings ser ies­
connccted. The second employed a ~tand­
ard type of plate transformer which de­
I ivers 900 volts each side of center tap. 
This latter un it has a strcandined ap­
pearance, and results in an attractive 
power supply, hut a numher of extra 
filament transformers must be employed. 
Figure 4 shl)ws the schematic of the 
two-transformer supply, with a number 
of filament windings being available on 
the existing transformers. Fig ure 5 
shows the unit employing the sing le 
plate transformer with a .mult iplicity of 
filament transformers. There arc ad­
vantages to both arrangements, hut 
aside from the differences in trans­
former conections, the remainder of the 
power-supply circu it is essent ially iden­
tical in hoth types oi construction. 

Rcier ring to the regulator cinrnit, it 
is seen that the potemiomcter P, is 
used to set the output voltage to exactly 
200 Yolts-although it may be set any­
where in the range irom 150 to 250 
YOlts. Changes in input voltage have no 
effect. It will also he noted that the 
6146's arc operated with fixecl bias. To 
provide this, a separate circu it is em­
ployed, using the l -to-1 isolation trans-
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Fig. 4. Schematic of the No. I power supply, which employs two conventional receiver l)Ower 
transformers and the bias-supply transformer. 

former ancl a 75-ma selenium rectifier. 
Another VR-75 tube is used to stabil ize 
this voltage, an<! enough current is 
drawn to make it steady. Two potent i­
ometers, P, and P., are used in the am­
plifier to balance plate currents as well 
as to set the bias. Note that the posit ive 
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
s istor is used to supply the 400-volt re­
quirements of the regulated screen sup­
ply anti the 375-volt requirements for the 
voltage amplifier. Deta ils of the circuit 
are seen in the schematic, with the parts 
liste,1 at the end of the a rticle. IO-contact 
Jones plugs are used to interconnect the 
amplitier arnl the power supply. No 

6 .l V"C FOR \t'8 HEATE R 

t rouble has heen encountered in cabling 
the 750-Yolt plate supply with the other 
wiring, hut care should he taken to place 
all live connections on female connectors. 

Performance 

The performance of the l\faestro am­
plifier fully justifies the name. The gen­
eral requirements for frequency re ­
sponse, power output, distortion , and 
noise haYe heen stated, and the result s 
will he considered in that order. 

The frequency response was measured 
with a 1000-ohm source resi stance as 
this is typical of the source impedance 
of cathode followe rs used in the better 
"front ends." Under these condi t ions, 
the response is tlat with no perceptible 
variation from 10 to 70,000 cps. There 
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Fig. 5. Schemat ic of th e No. 2 power supply , using a plate t ransformer and seve ral f il ament 
transfo rmers , in add ition to the bias -supply un it . 



is a 1.5-dh rise at 5 cps, an,! there is a 
droop oi 0.6 dh at 100,000 cps. These 
frequencies represent the limits of our 
present measuring equipment. From the 
smoothness and steepness oi the squar<'­
wa ve transmission, it appea rs that the 
response is better than the measured 
,·alue. The completed amp Ii tier passes 
s'luare , a,·es even lietter than the l\lusi­
cian's Amplitier, up to a 10,000-cps 
iundamental. At 30,U00 cps the rise t ime 
is st ill ver tical while preser ving a !lat 
top. 

T he si11gle-irequency power output at 
IOUll cps is 90.2 watts, as shown in Fig. 
6. This is just before the sine wave be­
gins to he clipped, and when clipping 
lloes occur the clip is dean and syn1-
metrical. There is no •·fuzz" when the 
amplifier o,·erloads. Full 90 watts is 
obtained at all frequencies irom 25 to 
20.000 cps with a smooth decline begi11-
ni11g at 30.000 cps, the 3-dh-clown point 
bei ng at 40,000 cps. At low frequen cies, 
the 3-clh-down point is at 10 cps. The 
low-frequency performa11ce of the am­
p Ii tier when feeding a speaker load is 
superb. 

The low di stortion of the Maestro 
makes it a worthy part of a high-quality 
music i11stallatio11. Using the power out­
put as reacl on the I.\[ set meter shows 
an IM distor t ion of 4 per cent only 1 dh 
below 90 wans; at 2 clh below 90 watts, 
the ll\1 distortion is only 2 per cent, as 
shown graphically hy the solid curve of 
Fig. 7. An important consideration in 
analyzing I Yi curves is the location of 
the "break" from a low-clistortion fla t 
portion of the cur,·e to the up warcl bend. 
The ideal curve as a function of power 
would he horizontal up to the break 
point, then would rise sharply upwa rd . 
This is the type oi curve obtained from 
the l\laestro. The break occurs at around 
60 watts as read on the 11\1 meter. From 
examination of the composite I .\I signal 
as viewed on an oscilloscope, it is evi ­
!lent that it is a complex wave and that 
meters calibra ted 011 sine w;l\es will not 
givt> a true measure oi the 1.\1 signal 
output and hence the actual power out ­
put of the au1pl i tier. 

Thu~ it is de~i r,,hlt• to tind an equiva­
lent sine W,l\·e which has the sa11 1e peak 
value as the sum oi 1he peak values oi 
the l011·- ancl high -frequency co111 ponents 
in the I l\[ signal. Aston" points out 
that add ing a second tone to another 
tone causes less than Uj dh increase in 
;L \. ' U meter indica tion , hut actually the 
peak ampli tude oi the comhiued sign.ii 
is 1.25 ti111es that oi the low irequt>ucy. 
\ ston also points out that L\,1 meter 

111eas11rements can be converted to 
equivalent !>ine-wave power hy 111ulti ­
plyi11g the I ~r meter power hy 1.47. 
Strictly speaking. till' te rm •·el111ivale111 
sine wa,e" has no poi111 in 1.\1111easure-
111e11ts since the term 11\1 presupposes 
two frequencies. I lowever, the concept 
is 11seiul and does check wi th pract ice . 
S xamination of the [~I curve shows 
the break at around 60 watts. On equiva­
lent sine wave, this is 88.3 "alts, as 

3 R. H. Aston, Trchnica11a, Au mo E:-i ­
GI NEERING. Sept. I 9-IH. 
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Fi-g. 6. Power output 
vs. frequency curve 
for the Maestro am-

plifier . 
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shown by the rlotted curve in Fi_q. 7. 
This is close to the 90 watts-the power 
output at which a sine wave begins to 
he distorted. The amplitier can be con­
si<lered to he almost di~tortionless below 
7:i watts on a sine-wave basis. since thi s 
corresponds to around 50 watts 011 the 
IM curve whicl1 is well below the knee 
or hreak-point. 

The ga in of the ~laestro amplifier 
from a 1000-ohm source i111pedance­
which is representa t i,·t· oi rathode fol ­
lowers-is 50 clh. This is measured in 
accordance with methods descri hed bv 
I laefner• and represents the power i11°­
c rease tha t is obtained fro111 a 1000-ohm 
source whose open-circuit voltage is 1.9 
,·olts. Ii this generator is terminated in 
a 1000-ohm load, the power in this load 
is .00091 watts. Ii the load he removed 
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damping factor of 10.6. which is en t ireiy 
satisfactory on any speaker. Xo traces 
oi ha ni!over ha,·e been detected on an ) 
of the speakers use,!. 

Preliminary Output Transformer Tests 

During earty !le,·elopment and before 
the arriYal of the ou tput t ra nsformer 
designed for this amplilier, tests were 
made using various other output trans­
forme rs. Table 1 shows the results ob­
tained wi th three transforn1ers which 
,,·ere available: (A) Peerless S-265-U, 
with a primary impedance oi 10,000 
ohms. 40 watts; ( B) \ \"estern Elect ric 
KS-9➔96 Beach111aster transformer , pri ­
ma ry impedance 9000 ohms, ?SU watts ; 
am! (C ) Partri dge deluxe type CF B, 
primary impeclance of 10,000 ohms, 60 
watts. 

111 1 
T 1 TT I 111 1 I Fig. 7. Intermodula ­

tion distortion curves 
for the Maestro. The 
solid curve represents 
distortion for power 
output as read on the 
IM set meter. The 
dotted curve repre ­
sents the same distor ­
t ion plotted against 
equivalent sine- wave 
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power. 
0 

1.0 • 
and the amplifier connected , the power 
output will he 90 watts, or a 50-dh in­
crease. For those not familiar with thi s 
gain concept, let us state that the ~lusi ­
cian's amplitier has a gain oi ➔➔ db hy 
this method . For those not iamilia r with 
the gain requirements of their pream­
plifiers, it may he saicl rha t ii the pream­
plifier will deliver 1.9 volrs into a 0.5-
meg load, the '.\faestro will put out the 
fnll 90 watts. 

The noise level with the input shorted 
i., around 5 111,· across I 6 ohms, which 
comes out to -28 clhm. This is 77.5 dh 
below 90 watts, which is reasonablv 
good ior an amplifier of thi s power. 1i·1 
practice, it has been found that the noise 
is inarnlible at I foot from efficient mod­
ern speakers. 

The internal output impedance. or the 
source impedance which feecls the 
speaker, is 1.5 ohms on a 16-ohm strap­
ping of the secondary . This gi ,·es a 

• Sylvester J. Haefner, "Amplifier gain 
measurement." P roc. I . R. E., J uly 19-16, 
p. 500. 
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Table l 

~ 

100.0 

POWER OUTPUT IN WATTS 

Frequenc y Transformer 

cps I A I I B l CC I 
---

20 50.7 l 1.0 42 
30 64 23.8 56 
40 64 36.0 56 

100 64 750 56 
1000 64 75.0 56 
5000 60 75.0 56 

10000 34.4 66.6 56 
20000 30.2 58.9 39 

In fairness to all concerned. it should 
he stated that only the Beach111aster was 
inte11,!e,I ior service such as i111posed 
by the 6146, but it had verv poor lo w­
frequency power deliverv. being inten,[ed 
ior voice only. Howe,·er, the other 
transformers arc wel l known and were 
on hand so they could lie tried readilv . 

fnte rmodulation measurements. 11si1;g 
60 and 3000 cps mixed at a 4-to- I ratio, 
produced the results shown in Table 2. 
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Table 2 

INTERMODULATION DISTORTION 
Power Output Tran)forme r 

on IM set 
Watts f A I f B l ICI 

56.2 23 10 21 
42 1.5 1.4 3.5 
36 1.3 1.7 1.5 
25 1.2 1.3 1.0 
6.2 0.7 0.5 0.5 

Note that in the power output data 
the greatest midrange power comes 
from the Beachmaster which has the 
lowest d.c. resi stance. but power at low 
frequencies is poor. i\ote also that I :'vi 
measurements made at oO cps ior the low 
frequency <lo not i.how up the Heach-
111aster. I lad -tO cps hecn used. the <lif­
icrence would ha11e been apparent. 

All te!- ts were made 11nder identical 
conditions using the series-connected 
power supply and V R tubes for screen 
regulation. 20 dh of feedhack was used. 
Under the same con,litions, the Peerl t'!.S 
S -268-<.J developed 80 watts from 25 to 
30,000 cps instead oi 75 waits for the 
Ueachmastcr . 

Listening Quality 

We have said manv times that listen­
ing quality in 111usic· is everything. In 
hmldmg a new amplitier, we naturall v 
try to get the widest range, least dis­
tortion, and most power, h11t if the 
lini shed product docs not sound heller . 
time is waster!. Thro11gh the courtesy of 
\\ 'alter Toscanini, ,, e had at our dis­
posal some really tine tapes and a wide 
variety of loudspeakers to check the 
listening quality of this new amplifier. 
It turned out to he trul\' the tinest re­
produced mus ic that we lia,·e ever heard . 
It has heen ied into large two-way 
speakers where the superiority is im­
mediately evident, and it has even hecn 

tried on speakers ratccl at 10 watts 
\vhere it adds immeasurahly to the per ­
tonnancc. However, let us warn that 
this amplifier must be used with caution . 
In particular. great care must he taken 
to eliminate switching clicks in earlv 
stages as , ell as pops from phonograph 
motor switches. With the gain well ad ­
vanced, any such click is almost cer­
tain to damage the loud~peaker- pa r­
t1cularly th!' 1,1·eeter, ii one i$ 11sed- he­
cause of the high power capabilitv of 
the amplitier. Remember that you ~an't 
crank up the gain 011 this amplifier 
without considering the program ma­
terial any more than you can jam down 
the gas pedal on a super-powered car 
wi thout considering the tra t1ic condi ­
tions. A word to the wise is snfticient. 

\\'e have said that the '.\lusician's 
amp!ifier is good, and that statement still 
stands for 99 4-t/ 100 per cent oi music 
lovers, hut for the 56/ IOO per cent ,, ho 
want the last word in realism as of the 
present sta te of the art, here is the am­
p! i lier. J ust try it a11cl see-but remem­
ber the preca111 ions. 
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Parts List 

Amplifier and Power Supplies 

10 µf, 1000 , •. oil -filled 
20 20 iif. 150 v, elect rolytic 
.OS 1•f, -Wu ,·, paµer 
20--20 1,f, 450 \', electroh·tic 
30 µf, 500 \', electrolytic: 
20 1•f. 450 v, electrolytic 
.OS 1,f. 600 v. paper 
0.25 i,f, 600 v, paper 
.OS 11f, 600 v. paper, rnetal-cased 
5-amp JAG l.i1telfuse 
IO J-l , 250 ma. filter choke; Peerless 
C-455-A or equi,·alent 
25,000-oh111 potentiometer, linear 
50-oh111 potentiometer, wire-woun<l 
0.1-meg potentiometers. linear 

R, 10,000 ohms, 100 watt, wirc-wot11Hl, 
adjustable, with two sliders 

R , I0,000 ohms, 10 watt , wirewound 
R, 100 ohms, I watt 
N, 2.2 megs. I ,, att 
R, 68.000 ohms, 2 \\alts 
N, 27.000 ohms. 2 wa tts 
[<, 4700 ohms, I watt 
N, 1.0 meg-. ¼ watt 
R, 47.000ohms, I \\alt 
R ,, 0.-17 meg, I watt 
!, ,., R,. 22.000 ohms, 1 watt. 111atche<l 
H,, 27.000 ohms, I watt 
R,, 22.000 ohms, I ·watt 
R ,., R" 0.47 meg, ½ watt 
/?,, J90 ohms, I watt 
!< ,., I< ,, 47 .000 ohms. 2 watts, 111atched 
R,., R ,, 0.1 111eg·, 1 watt 
R,, 10.000 ohms, 1 watt , for 20-clh feed­

back 
R,. 0. I meg. 2 watts 
T, Outpu t transforntcr, Peerless S-

268-Q : 8000-ohm primary to 16. 12, 
8, and 4 ohm secondary. 90 watts 
power capacity 

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

T, 125 \', 15 ma, half-wa\'e ; 6.l v at 
0.6 a ; Stancor PS-8415 

** T, Filament transformer, 5 v at 4 a; 
Chicago F0 -56, Pt"erless F- 138-£. 
or equivalent 

** T, Filament transformer. 6 . .l ,. at J.0 
a ; Chicago F0-63, Pecrlt-ss F-07 2-
X. or equivalent 

• • T , Filament transformer, 6 . .l v at 1.5 
a ; Chicago F0-6 15, Pcnless F-
036-X, or equiva lent 

* T ,. T, 400-0--400 v at 300 ma ; u.3 ,. at 4.0 

v,, v, 
V,, V, 
V,. V , 
V,, V,. 
I ' , 
v, 

a; 6.3 v at 5.0 a ; 5 v at 4.0 a; 
Peerless R-800- .\ or cqui,·alent 
6SN7 
6146 
SH.JGY 
V R-75 
5881 
6SJ7 

* Use 011ly i11 power SIIJlply # I 
•• 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. 

MANY OF Til t'. MEMBERS oi the audio 
fraternity view wit.h alarm tl~e 
increas111g complexity of audio 

equipment. Although itt most instances 
the addendum is accompanied by "higher 
fidelity," the price is sometimes higher 
\'et. The need has been expressed for a 
fairly simple, self-contained audio am­
plifier of conservative design and ac­
ceptable performance wh ich migh t be 
constructed for use in an aoartment or 

• .i\ sst. ~!gr. Heprod1Ki11g co111p011l'nts 
Div., Ekctro-\"oiCl·, Inc., llucha11a11, ~lich. 

20 

small home. The subject of thi s article 
is such an amplifier. 

Before beginnii1g the design several 
features were fixed 011 as being desir­
able. ( 1) The amplifier should have in­
puts for both a tuner an,! a phonogra ph, 
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 11 ½ x 6 x 2 inches with a 
200-ma power transformer, output trans­
former , and 7 sockets mounted was avail­
able and clesign of the main amplifier 
was begun with this unit in mind. Fig11re 
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 



tube_s because of their relatively high 
efficiency and modest driver require­
ments. The 6V6's were fed from a catho­
dyne phase splitter which was coupled 
to a 6SJ7 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 he noted in Fig . 1 that the 
second triode of the 6SN7 is employed 
as a voltage regulator for the screens of 
the 6V6's. l>erivi11g 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-µf 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 tier! together and a 60-cps 
signal introduced to the grid circuit 
from the heater bus. Adjustment of the 
I SO-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 ex isting 
chassis. This makes a compact and con­
venient arrangement, but other construc­
tors wi ll , of course, do as well with other 
arrangements. 

The Preamplifier 

The method of bass and treble con­
trol employed in the preamplifier, Fig . 
2, was selected because it required ~nly 
two sh ielded 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. I. The main amplifier. Half of a 6SN7 -GT is used as a screen -voltage regulator. The 
6S17 voltage amplifier and the phase splitter are direct-coupled. 
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Fig. 2. The preamplifier provides for both magnetic pho"nograph pickup and tun er. The 6S17 
is a phonograph preamplification 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 amplifier, including preamplifier, is on o single chassis with the power supply. 
Fig. 4 (right). The underside view shows that the space is well utilized . 
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Zero-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. 

TIIE ZERO-IMPEDASCE STAGE to be de­
scribed 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 uni ty 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 E11gi11eering, 
University of Ma11itoba, Wi1111ipeg , Mau . 
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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
ampli tier. 

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 hass equalization is accomplished 
hy a grid-plate feedback loop, the turn­
over frequency being determined hy the 
R-C product and the amount of feed ­
hack hy 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
t ionally used in preamplifiers. Undoubt­
edly the metal shell is responsible fo r 
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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-dh-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 
s~cond. At 2¼ watts output into a re­
sistance load at 400 cps, the total r.m.s. 
distortion was under 5 per cent. T his is 
relatively high by most standards. but 
quite low for a 6V6. 

A disadvantage of taking the negative 
\'Oltage feedback from the primary of the 
output transformer is that this feedback 
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Fig. S (right). Distortion curve shows that in­
termodulat ion (60 and 7,000 cps, 4 :1) just be­

gins to ri se above 1 per cent at 10 watts. 

Fig. 6 (above ). Frequency response curve mode 
with on 8-ohm resist ive load at 1- and 5-wott 

power levels. 

some measure of hum reduction, an1l 
biasing the heater supply above cathode 
potent ial to prevent heater-cathode emis­
sion also contr ibutes to reducing the out­
put hum to the point of 83 dh below 10 
watts. 

Figure 5 shows that the distortion 
level of the amplifier is acceptable by 
modern standards, and may even he 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 below that 
oi the plate. Undoubtedly, the large re­
serve of the power transformer, gi\'ing 
excellent voltage regulation to the power 
supply, is also an 11ssisting factor . Fig ­
ure 6 shows fr e<111ency response at I and 
5 watts output . 

In conjunction with a modified Gately 
Superhorn transducer the amplifier has 

cannot correct for the fall -off in high­
irequency response in the transformer. 
The wr iter prefers to sacr ifice some 
high-frequency response for minimum 
phase shift in the negative feedback ci r­
cuit. This assures that the feedback 
works most effecti \'ely, reducing inter­
modulation di stortion to a minimum 
giving maximum reduction of harmoni~ 
distortion and maintaining a low-im­
pedance source feeding the output trans­
former, O\'er and beyond the complete 
audio frequency spectrum. It is possible 
to compensate for this loss in highs by a 
fi~ed equalizer in the preamplifier, but 
this was not done because the high-fre­
quency loss was not serious. Most pre­
amp! i tiers incorporate some form of tone 
control circuit with treble boost which 
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qu ite smooth overload characteristics, 
and when deliberately overdri\'en 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 irom the sea of superlati\'cs. 
At the present t ime the amplifier suits 
him ; undoubtedly this will not always 
be the case. It is not to be heralded as 
the latest ,mswer 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, ha\'e the ap­
pealing attributes of straight forwarci ­
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 he 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 
theorv of this is well known. If a series 
R-C ~ircuit 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 = 
\I L/ C. At frequencies ahove 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 exten~s from ap­
proximately 125 cps to t~e h1ghes~ aucho 
frequencies, the composite loacl 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 compos\te load imp~d­
ance there will be appreciable relluct1on 
in a~ailable output power at the higher 
frequencies where the reactance of C, 
becomes small in comparison with the 
magnitucle 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 
he observed readily on an oscilloscope 
hy the simple circuit of Fig. 3, and the 
values of R, and C, were finally selected 
in thi s wav. The value of R P used was 
47,000 ohins, which approximates the 
plate resistance of the 6V6. The phase 
angle of the combination is determined 
irom 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 loucbpeaker to this load. A good 
compromise for R, is 2 to 4 time,- the 
magnit ude of Z and ~he time constant 
R,C, should be approximately 150 micro­
seconds. 
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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 11£. 
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 resi stor is 
low below this frequency. In music, very 
iew fundamental tones occur above th is 
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 
serions 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 tl.c. 
milliammeter placed in the plate circuit. 
the meter fluctuates wildly. If instead 
of maintaining a constant screen volt age, 
a particular value of screen dropping 
resistor R, is chosen, it is possible to 
minimize this fluctua t ion in d.c. plate 
current provided the screen hypass ca­
pacitor is removed. The action is 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 suflicien t 
to provide the required compensation 
In order to obtain instant action , the 
screen-hypass capacitor must he re-

• 
Fig. 3. Ci rcuit used to 
determine optimum 
values of R, and C, 

of Fig . 1. 
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moved. The removal of this capacitor 
results in about 10 per cent reduction in 
voltage gain, and a loss in screen tilter­
ing. 

At ,C t , ....... , 
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Fig. I . Schematic of simple two-stage amplifier employing negative voltage feedback an 
positive current feedback to obta in an output impedance approx imating zero. 

The use of direct-coupled voltage 
feedback eliminates the need for a large 
blocking capacitor and ensures proper 
ope ra t ion of the feedback circuit at the 
lowest audio fre<Juencies. The current 

C L 

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

through the feedback resistor Rt, must 
come through the output transformer, 
wh ich is a disadvantage. Resistors Rt, 
and Rt, should preferably be wire wound. 

Posit ive current feedback is obtained 
from a portion of the cathode bias re­
sistor R,·, of the 6V6, as shown in Fig. 1. 
R,·, is a wire wound potentiometer, am! 
serves as a control to adjust the output 
impedance. This potentiometer may be 
replaced hy a 200-ohm resistor and the 
current feeclhack taken across the full 
200 ohms. 

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

Rp 

47/JOO 

RI 0 
Cl 

0 

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 J 
is then shunted across the transformer 
primary. The feedback control is ad­
justed to a po int where there is no 
change in output voltage as this resistor 
is connected or removed. \Vith full 200 
ohms in the feedback control, the output 
voltage actually increases when the re­
sistor is connectell across the t rans­
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 C,. 

It should he noted that a blocking ca­
pacitor cannot he user! in series with the 
negative feedhack resistance Rr,. If one 
were used. the negative feedback would 
hecome ineffect ive at some low fre­
quency, yet the positive feedback would 
still he effecti\·e, 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. 

R EADER s OF AUDIO ENGINEERING are 
probably well acquai nted with the 
principles and advan tages of the 

-stereophonic reproduction of music. 
Those who had the opportunity to hear 
demonstrations of stereophonic repro­
duction at the Audio Fair will testify to 
the enhanced real ism 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 Fl\l outlets to provide 2-chan­
nel pick-ups of studio programs, anrl 
those listeners who have separate AM 
and Fl\! receivers have been able to en­
joy two-channel stereophonic reproduc­
tion. Response to these experimental 
programs has been excellent. 

Pseudo-Stereo phony 

Long beiore the advent of practical 
stereophonic reproduction there existed 
a group oi listeners who preferred to 
hea1· their music reproduced via a multi ­
plicity oi 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 dr ive the 
various speakers \Vhen two or three 
amplifiers were used it was possihle to 
tailor the signals to the individual 
speakers by changing the volume and 
frequency response to provide what may 
be termed "pseudo-stereophonic" repro­
duction. Such reprodnction takes on 
some of the characteristics of genuine 
stt:reophonic 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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tern. 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 oi 
thi s kind the reader is entitled to know 
the particular (and, perhaps peculiar) 
prejudices of the writer, so that due 
allowance can he made for them. Like 
true stereophonic sound, pseudo-stereo­
phonic sound has to be heard to be ap­
preciated. It is not the equal of stereo­
phonic reproduction and it is manifestly 
inierior to true binaural reproduction. 
But in the opinion of many who have 
heard it, pseudo-sterophony is definitely 
superior 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. \Vhat is needed 
is separate control of volume and fre­
quency response for each speaker. Re­
sistance networks could, perhaps, ac­
complish the former hut not the latter . 
What is required can best be provided 
by two complete ampliiying 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 essentiallv 
the same as a true stereophonic system 
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as far as speakers and amplifying e11uip ­
ment are concernell. 

Thus, one of the major dilncultie,­
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 fo r 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, pro\'ided 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. \,Vas it 
practical to install a system which would 
be suitable for either single- or double­
channel operation? Would it be too ex­
pensive? Conlrl it be engineered to the 
point where it was suitable for use by 
the nontechnical listener? 

There seem to he at least three solu­
tions. The simplest, though not the best 
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 .,elector switches. 
volume, and equalizer controls, a power 
amplifier, and suitable speaker with en­
closure. To this outlay must be addell 
a stereophonic arm with suitable car­
tridges, a good turntable, AM and F11 
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Fig. I. Block diagram shows what the dual-channel control amplifier contains. The switches 
are shown in the positions required for dual -channel stereophony from phonograph records. 



tuners. The worst ieature oi this first 
alternati\'e is the complexity of connec­
ti ons and controls. It is likely to lack 
tlt•xil>ility unless the user will tolerate 
the use of temporary connecting cables. 
Aunt l\linnie would hardly appreciate 
th is kind of installation. It looks too 
much like the pilot compartment of a 
jet !Jomber. Its wires and knobs, com­
pletely unintelligible to the uninitiated, 
do not fa\'or 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 swi tch by 
means oi 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. Bnt those readers famili ar 
with the type of audio equipment used 
in broadcasting will notice the similarity 
oi this possible system to the standard 
audio mixers which grace the control 
rooms of radio stations . Clearly such a 
mixer, while perhaps aclequate 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 
giance at th is functional diagram shows 
that this system will handle a total of 
six input sources. Two are low-level in-
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puts provided with equalized preampli­
tiers suitable for use with variable-re­
luctance phonograph cartridges. The 
iour high-level inputs are suitable for 
Al\! and F.\1 tuners, television audio, 
crystal cartridges, am! tape recorders. 

Two output channels, A am! 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 
(VC .. and VCa in the figure) , its own 
equalizer, and its own voltage amplifier 
for raising the le,·el to a value suitable 
for driving a power amplifier. Channel A 
contains a low-pass filter for suppression 
oi needle scratch and intercarrier radio 
noise and it also contains a resistance 
network providing ahout 5 db loss in­
sertetl between the filter and equalizer. 
channel B contains neither filter nor 
tixed 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 irom the equalizer anll provicles 
a low-impedance source for the equal­
izer. 

In addition to the main featu res of 
the system there are two gimmicks wh ich 
require explanation. The first of these 
is the inclusion of two utility jacks, one 
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for each channel. Each utility jack is 
connected directly to the arm of its se­
lector switch and ahead oi the volume 
control. Any signal fetl to either channel 
is thus available ior operation oi 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 
iurther reduced by grounding the unused 
termina ls. 

Another item of interest is the inclu­
sion of switch 3. When this switch is 
thrown to the B position each channel 
functions independently. However, when 
it is in the A position channel B is 
bridged across channel A . This is a 
con\'enience when the system is used 
for pseudo-stereophonic reproduction. 
Under this condition the volume control 
VCA regulates the gain of both chan­
nels. Further, switch 1 selects the sing!<! 
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 reconling itom one 
source while listening to another. a use ­
iul feature. 

J 10 I 

Fig. Z. This is the complete schematic diagram. The separate elements of the systems ore conventional, with the switching the unique feoturt . 

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 <lb 
lower than the gain of the lower ampli­
fier channel as measured irom switch 1, 
provided VCu is turned full 011. Con;;e­
quently, VCn 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 oi a pseudo-stereo­
phonic system. Note that the tilter, if 
used, operates 011 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 cha1111el 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 e11tirely through adjustment of 
switch 1. ln either case, channels A and 
B are separately e1111alize<l. 111 this re­
spect the system is ,Jifferent 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 hest results. 

It should he 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 he 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---<:omplete 
with selectivity controls, crystal filters, 
beat-frequency oscillators, bandspread 
dials, etc.-were often used hv 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 ampl ifie r is mounted on a 
chassis 11 X 17 x 3 inches. Proba bly a smaller 

one could be used . 

he can twiddle the knobs to his heart's 
content while trying to squeeze the last 
decibel of "li<lelity" out of the speakers. 

The Circuit 
The system whose functional diagram 

appears in Fig. l has been engineered 
into practical form. The schematic dia­
gram appears in Fig. 2. The individual 
elements of the system are entirely con­
\'entional. Only the inclusion of two 
channels, the switching arrangements, 
and the gimmicks mentioned earlier 
111ake this system different from other 
more conventional systems, in principle 
at least. 

Two power supplies (not shown) are 
required. One furnishes about 72 volts 
at 150 ma for six heaters connected in 
series. This power supply 1s 1101 

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 hut should include 
plenty of filtering. The writer found a 
2-section choke-input filter to be en­
tirely satisfactory. 

More than ordinary attention to lea,! 
dress is necessary to guard against cross­
talk between channels . Inspection of 
Fig. 3 will indicate that 110 attempt 
was made to crowd apparatus. The 
chassis is large; it measures 11 x 17 x 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 
cor.ditions. 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. V 7 and V, 
should be OB2's ( 108 volts) or OC3's 
( 105 volts). This arrangement permits 
about 210 volts for the preamplifiers. 
Resistor R11 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 tilters 
using capacitors, particularly at low 
frequencies. ( Ca11tio11 : Do not shunt 
regulator tubes with a filter capaci tor. 
This causes oscillation.) 

The plate supply for the cathode fol­
lowers is obtained from the junction of 
the two regulator tubes. This is per­
mis5ible 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 thi s unit with its predecessors, 
which <lid not employ as inuch feedback, 
gave immediate evidence of the lowered 
distortion . Intermodulation measure­
ments using 60 anti 7,000 cps, 4 : 1. 
indicate that the distortion is never more 
than a small fraction of l per cent with 
normal signal levels. 

Design Detai ls 

The equalizers are conventional in 
every respect; the values of the compo­
nents are similaT 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 show-. 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
mun1. 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 
preferente to loudness controls. The 
latter could he 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 an<l 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 rev1s1on 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. 

S INCF. THE PREPARATION of the article 
enti tled "Hi-Fidelity Phonograph 
Preamplifie r Design"' the new 

RIAA characteristic has been announced 
and there has been much claritication re­
ganling the recording characteristics ac­
tually usecl hy different d isc manufac­
turtrs. Because of these clevelopments it 
has become clesi rable to rev ise the com­
pensation circu its in the triode preampli ­
fier design given in that art icle. 

The over-all revised circuit is shown 
in Fig. I. The 480-1t1•i capacitor shown 
i11 the diagram represents the total va lue 
of circuit capacitance at that point. Since 
the stray capacitance present will depend 
upon the constructi on of the preampli­
lier, one should begin with a lumped 
capaci tance of around -W0-420 1t11f and 
add additional lumped capacitance as 
may be required to obta in 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. 

• 302 S.E. Second, College Place, 1Vash­
i11t1to11. 

•1 See page 36. 

DUAL-CHANNEL 
AMPWIER 

(Continued from previous pa_qe) 

nel or stereophonic operation. The other 
switch is a d.p.cl.t. unit for placing the 
low-pass filter in or out of the circuit. 
The two jacks a1·e the utility jacks men-
1ioned 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 
ior the filter from the equations for a 
s ingle m-derived section if you want to. 
However, for the purpose at hand this 
is neither the easiest nor the best method 
ior designing the filter. Instead, the 
writer installed a 150-µ.µf variable ca­
pacitor for C" across the iRductor, L. 
If L has an inductance on the order of 
I henry this capacitance can be adjusted 

With the exception of the 12-db-per­
octave rolloff on position 1, this com­
pensator may be used in the grid ci rcuit 
between two amplifier tubes which are 
not connected by a feedback loop. \Vhen 
so used the 43,000-ohm resi stor between 
positions 6 and 7 of Su should be re­
duced by an amount equal to the internal 
resistance of the source oi the signal 
supplied to the compensation network. 
For a s imple plate-loadecl voltage-ampli­
fier stage without feedback thii; source 
resistance is simply the parallel combi­
nation of the plate resistance of the am­
plifier tube, the plate load resistance, and 
the following grirl return resistance. The 
grid return resi stance shoulcl be con­
nected bet ween ground and posit ion 7 
of Su so that it will not interfere with 
the perfo rmance oi the compensation 
circuit . 

Figure I also gi ves the rev ised bass 
compensat ion circuit. The bass roll off 
resistors on positions 3 and 4 of S,. may 
he selected by neglecting the unity in 
the denominator of Eq. ( 5 )2 in the ar­
ticle referred to above and selecting R, 
to provide a maximum low-frequency 
gai n which g ives the boost require,! by 

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 car, if necessary, while the 
signal source is an AM tuner. The value 
of C 15 can be determined so as to pro­
vide attenuation starting around 7,000 
or 8,000 cps. The actual capacitance re­
qui red 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 
wri ter- amplify the signal up to 10 
volts or so and the.n the equalizer at­
tenuates the signal. Most triodes show 

the characteristic as zero frequency ii; 
approached. For the LP and RIAA 
characteristi cs thi s zero-frequency boost 
i.; 15.4 ancl 20.7 clb, respectively. An­
other method for selecting these resist­
ors is to make the time constant of the 
Ct and R, combination in Fig. 2 (Fig. 1 
of the previous art icle ), equal to the bass 
pre-emphasis time constant of the re­
cording character ist ic. 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-el iminat ing resistors as 
shown in Fig. 1 is preferable to that 

' r A ' ·1 Au = R,A' , 
I+ R,+R,+R, 

(5) 

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
hack 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-µf) oil capacitors 
for Cu and C0 . There is li ttle 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. I. Rev ised preampl ifier circuit now includes the new and almost universally 

given in the orgi11al article in that it earlier article to include tone controls. 
places only one of these resistors in the With a bypass on the first 12AU7 cath-
feeclback circuit at a time. ode a tone control circuit with about 10-

Ideally, the 0.12-meg resistor between db insertion loss could be substituted for 
Su and the first 12AX7 c~thode should the loudness control. \\Tith the compen-
be- shunted with a capacitance equal to sation adjustments provided by the re-
3.9 /120 times the total capacitance to vised circuits presented herewith, plus 
ground shunting the 3900-ohm cathode or minus 10 db of tone control should be 
resistor. This point is simply a technical more than adequate for all hut the very 
purism for a preamplifier using a tube unusual situation. The output section of 
like the 12AX7, but there might be some the preamplifier should be redesigned if 
value in giving attention to it in a circuit a greater range of tone control is re-
which used a larger feedbacl( ratio; e.g., quired. 
a feedback bass-boost circuit in which The va riety of recording character-
the basic amplifier used low-mu tubes. istics in use is now sufficiently great that 

The author has received a number of one may dare to hope no new character-
inqumes regarding the possibility of ist ic will appear which would make fur-
adapting the triode preampl ifier in the ther revision necessary. 

A Note on Volume 
CHARLES P. BOEGLI ,., 

accepted RIAA curve. 

.. 
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. 

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

AN audio amplifier is generally made 
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 in put signals of the g iven voltages 
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can he made to yield output voltages of 
the desired magnitudes. This is most 
often accompli shecl 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 gri cl of the following 
stage is fed from the slider. The purpose 
of this note is to mention some consid-

erat ions 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 he located after 

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



the first few stages. 111 this manner, the 
signal is maintained at the maxinmm 
value compared to the noise through 
these critical stages and becomes at­
tenuate<! only when it has reached a 
\·alue quite large in comparison to noise 
voltages. On the other hantl, should the 
Yolume control be located too near the 
output tubes, the possihility is increased 
that the signal will attain sufficient mag­
nitulk heiore reaching the control to 
cause unnecessary distortion in previous 
stages. Placement of the control at a 
point where the maximum signal )eve! 
is irom 2. to 4 volts will usuallv lead to 
a fairly satisfactory design, suffering 
neither from distortion nor excessive 
noise. It goes without saying that the 
control must not he placed insi,Ie the 
feedback loop, if any arc employed in 
the circuit. 

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

A. cou~•LCNT outPuT 

A(SISTAJrfCC or STAGE: 1 

C • TOfAL INPUT CAPAC.ITANC[ 
Of STAG[ 2 

Fig. 1. Low- pass filter existing between two 
stages of an audio a111pl ifier. 

the amplifier is that the voltages of the 
s ignal sources used with the amplifier 
must- to a dcgree, at least- be con­
trolled. Thus, with the \·ol11rne control 
at the input we need concern ourselves 
only with the minimum input required 
for full output, but if the control is situ­
ated later, the 111a.rim11111 i11put also be­
comes important. An input stage han­
dling a minimum of 0.5 volt may well 
he designe<l to carry a maximum of the 
order of 1.5 volts ; obviously, if a tuiler 
supplying 6 volts is connected to such 
an input, overloading will result. The 
best arrangement would therefore seem 
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 br ing their 
outp11ts to approximately a uniform 
levl'l, preferably slightly over the mini­
mum require<! to drive the amplifier 
fully . 

Effect on H igh-Frequency Response 

The high-frequency response of an 
amplilier ( 11tilizi11g a good output trans­
former ) is largely determ ined hy the 
cutoff frequencies of the series of low­
pass filter ~ incorpor,i.tc<l into it and made 
up of the output resistance of one stage 

and the input capacitance of the next, 
as intlicated in Fig. I. \\'hen one stage 
feeds directly into the next the problem 
of attaining- good high-frequency r.e­
sponse is fairly well deline<l, antl 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,UOO ohms 
arc excellent in this respect and may he 
used with plate-load resistances of al­
most any size without ad\·ersely affect­
ing- high-frequency response. With high ­
mu triodes and pentodes the plate-load 
resistors, as well as the gri<l resistors of 
the following stages, must he kept small 
in order to realize goo<! high-frequency 
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. 
\ Vhen the slider 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. I II less ex­
treme positions, however, if the volume 
control resistance is quite high, there 
may he a substantial loss of high fre­
quencies- and it is precisely these posi-
t ions that arc most important. 

Reference to Fig. 2 will make this 
clear. R, is the output resistance of the 
preceding stage all(! R, is the volume­
control resistance. The symbol a repre­
sen ts 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 gritl. Now 
Ro the resistance into which the follow­
ing grid looks is aR, in parallel with 
R,+ (1-.a)R,, which is found to he 

aR,R, + (a- a')R,' 
Ro=---1-<,+ R , (1) 

We arc interested in the manner in 
which Ro varies with a. Hence, <liffer­
entiation of the ahove expression with 
respect to a yields 

dRo R,R,+IU-2aR.,' 
da = R ,+R, (2) 

The resistance No is a maximum at the 
value of a found by setting the right 
side of Eq. (2) equal to zero ancl solving 
for a : 

R,R,+ R.'-2aR.' = 0 

R , + R , 
a = ~ (3) 

\\"hen a assumes this value, the 111~x1-
mum output resistance 

R.-+R, 
R om= - _,-

For example, if we ha<l a low-mu tri -

ode stage with an output resistance of 
10,000 ohms connected to the top o[ a 
1-meg. volume control, there would he 
some point at which the next stage 
would look Lack into as much as 

10,000 ~ 1,000,000 = 252 500 ohms 
4 ' 

and if the input capacitance of the fol­
lowing stagt! were sut1icient to cause a 

OUTPuT 

,, ., 

l ' 

j_ 
-½ 

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

3-db tlrop at ll)()() kc without the volume 
control, there wouhl actually be a drop 
of 3 dh at about 4UUO cps at this position 
of the volume control. 

\Ve find, consequently, that the re­
sistance of the volume control is rather 
stringently limited hy the capacitance 
into \Yhich it must work. As an example, 
suppose we had a 12A Y7 stage with an 
output resistance of 20,000 ohms work­
ing into a 6SL7GT with an input p­
pacitance of 100 llllf. At hest, there will 
be a drop of 3 db at 80 kc. Suppose fu r­
ther that we cannot tolerate a drop oi 
more than 3 dh at SO kc in this particu­
lar stage. Then the 111axi1111m1 output re­
sistance at any position of the control 
must be 32,00U ohms. To fin tl 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 he usctl. 

Suppose we arc more exacting and 
state that the high-frequency response 
with the volume control must 11ever be 
any poorer than without it. This is the 
same as saying that R om in Eq. (4) must 
be the same as R, : 

R,;R• = R, 

R,= 3R, (5) 
To 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 reaclily he recognized. 

The installation of a volume control 
thus appears to be somewhat more in ­
volved than s imply inserting a 1-meg. 
potentiometer at the ampl ifier input. In 
particula r, the use of relatively low 
values is intlicated 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. 

VA RIOUS TONE-CONTROL circuits with 
given transi t ion frequenc ies' and 
rates of boost or cut have heen ex­

tensively di scussed in technical litera­
ture. Li ttle has been wr itten, however , 
about considerations involved in the 
selection of the response-cu rve param­
eters, which sometimes seem to be 
chosen more or less arhitrarilv. While 
"tlat" power amplifier stages are care­
fully des igned for an awlio-frequencv 
response which is kept to a lllaximum 
ramlom deviation of a fraction of a 
decibel, improper tone compensation 
( ei ther manual or automatic) in the 
same alllplifier may introduce, or leave 
uncorrected, very large inaccuracies of 
frequency distribution rel a ti \'e to the 
perceived original. These inaccuracies 
ha\'e on occasion completely over­
shadowed the benefits of the above-men­
tioned careful design, and have become a 
primary factor in determining over-all 
<p1ality. 

Fixed tone equalization is used when 
the frequency characteristics for which 
compensat ion is being made are con ­
stant. l\loclern home reproducing sys­
tems contain se\'eral lixcd or auto­
matically variable audio equalization 
circuits associated with FM pre-em­
phasis, recording characteristics, pick­
up frequency distortion, or changes of 

* \\' oucl~tock. :\'cw York. 
1 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. 5. 
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Fig . 3. Resultant fre­
quency response of 
on audio system us ­
ing a commercial 
speaker in the SSO 
class and the treble 
boost of (A), Fig. 1. 
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volume level. The inclusion of such 
circuits does not make variahle tone 
control superfluous, since there are 
many unpredictable conditions for 
which it may be desirahle to adjust the 
frequency response of the reproducing 
equipment. 

The designer of fixed equal izers does 
not onlina rily have to worry ahout 
,, hat parameters to use; with certain 
exceptions his transi t ion freq uencies, 
and the required rate of boost or cut, 
ha,·c been exactly determined by his 
problem. In contrast a tone-control de­
signer must furnish the means for 
correction, by the same circu it. of all 
sorts of signal aberrations. He can 
either provide a complex control system 

which allows for equalization of almost 
any frequency conditions, or he can 
reduce the flexibility of control, choos­
ing compromise response curve param­
eters which arc capahle of producing 
approximate compensation for those 
conditions most likely to be encountered. 
The degree oi tone-control complexity 
accepted in non-professional equipment 
has increased quite a bi t since the day 
oi the single t reble-cut switch, and the 
most common arrangement in current 
audio amplifiers is a two-control, con­
tinuously variable system. This allows 
progressive cut or boost of either bass 
or treble, but no independent control 
oi the reierence frequencies at which 
the response curves begin their slopes. 
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f"'ig. 1. (A), Voltage response curves of a typical coll'merciol tone control circuit of the R-C type, ma11imum positions. (B), Voltage response 
curve of o commercial tone control circuit of the L-R-C type, mo11imu111 positions. 
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A circuit which introduces a progres­
sive response slope rather than uniform 
elevation or depression of a whole hand 
of frequencies, besides being of far 
simpler design, provides the desired 
fom1 of compensation in most applica­
tions. It is common although not uni ­
versal practice for dual tone controls 
to use approximately the same tran ­
sition frequency region, usually at or 
below l ,()(X) cps, for both hass an<! 
treble variation. Fig11re 1 shows the 
response curves of two such tone con­
trol circuits employed commercially. 

The justification for selecting thi s 

Il l I 

operator's adjustment of tone controls 
is in the nature of a search for maxi­
mum fidelity to the perceived original, 
the psychological micl-point ceases to 
have much significance. T one control 
becomes tone compensation, and the 
problem of response-curve parameters 
revol\'es about the question of what the 
controller must be equipped to compen­
sate for . In the following discussion it 
will be assumed that the ampli tier is 
being rlesigned as an independent unit, 
and that the brands of components with 
which it is to be user! are not known . 
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Fig . 4. The 50- and 
80- phon equal loud­
ness contour; (from 
Fletcher and Mun­
son ) superimposed . 
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reference frequency region is that it is 
considered psychologically "neutral" in 
pitch. It has been pointed 0ut that 800 
cps is the geometric mean between 40 
and 16,000 cps, frequencies which may 
be taken as nominal limits of hearing 
under average conditions. Since the 
perception of frequency, like that of 
ampl ittl(Jc, closely follows the \Vebcr­
Fechner law ( in that the deg,-ee of 
sensation varies logarithmically with 
the stimulus) the geometric and not 
the arithmetic mean of the audible fre­
quency spectrum is its psychological 
mid-point. Thus there are about four 
and one-half octaves of useful audio 
frequencies on each side of 800 cps . 

If we assume, however, that the 
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Treble Boost 

The most common purposes for which 
treble boost will be needed are : 

1. Compensation for t reble cleficiencies 
in as!IOCiatecl reproducing equipment. 

2. Compensation for treble deficiencies 
in program material. 

3. Compensation for discriminatory 
acoustic absorption with a frequency 
characteris tic different from that of the 
hall or sturiio in which the sound origi ­
nated. 

An additional purpose for which 
treble boost has on occasion been con­
sidered necessarv, but is not, is com­
pensation for tI{e var iation in hearing 
frequen cy characteristics associated 
with changes of sound intensity level. 
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This factor, referred to as the Fletcher­
:\1 unson effect, will be discussecl in the 
paragraphs devoted to hass boost. 

Equipment trehle deticiencies are 
usually most severe in electro-acoust ic 
devices such as loudspeakers. pickups, 
and recording heads, hut also occur in 
coupling circuits in audio or inter­
mediate-i requency ampli tiers. 

The worst offender in a given system 
is ordinarily the loudspeaker . In Fig. 2 
manufacturers' published on-axis re­
sponse curves for six speakers in dif­
ierent price ranges a re plotted. Al­
though the performance repn:scnterl by 
these curves will vary greatly under 
different acoustical conditious the 
graphs may he taken as indicators of 
a general trend. There is one feature 
which all may he seen to have in com­
mon, and which is characteristic of the 
great majority of cone loudspeakers 
with high-frequency droop; the fre­
quency re-g-ion of the first two octaves 
above 1,000 CJ>'l, far from being attenu­
ated, is accentuated (because of the 
new resonances introduced hv C()ne 
break-up), anrl treble droop does not 
begin before 4.000 cps or higher. This 
fact has a significance beyond the oh­
,·ious implication concerning compen­
sation for speaker cletic iencies. Any 
losses in the first two trehle octaves 
which are likely to he met with from 
other causes will probably he compen­
sated or even over -compensated by 
speaker characteristics . 

Crystal phonograph pickups have a 
typical velocity response above a few 
hundred cps which decreases with fre­
quency quite regularly up to a rather 
sharp cut -off somewhere between 4,000 
and 10,000 cps. \\'hen th is regula r droop 
does not conform to the desired record­
ing character istic further compensation 
is properly pro,·ided by a fixed R-C net­
work rather than bv the tone control. 
The comparatively • smooth and accu­
rately predictable slope lends itself to 
tixed equalizat ion, and the recommended 
circuits or necessarv data for their de­
sign are usually re;Hlily available from 
the manufacturer. But whether or not 
such a tixed network is provided, the 
treble hoost control cannot be designed 
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Fig . 2, (A) and (B). Pressure response curves of three commercial speakers in a price range of $20 to $15:l. 
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for correct crystal pickup equalization 
except for the second droop, because the 
required transition frequency wpuld be 
wel\ into the bass region. 

The contribution of high-frequency 
losses by other components cannot, of 
course, be predicted, except as to one 
factor; it may be expected that losses 
will be confined to frequencies above the 
second trehle octave. A survey of cir­
cuit components, recording heads, etc., 
will indicate that it is rare for treble 
droop to set in before 4,000 cps or so. 
Even A~I broa~1cast hand i.f. trans­
formers provide, at worst, relatively 
e,·en coupling to 3,000 cps. 

Treble deficiencies in program ma­
terial may result from low-grade stuclio 
equipment, from transmission circuits, 
and from old records. Such losses are 
almost always associated exclusively 
with the third and / or fourth treble oc­
ta ves. 

The writer has not found a quantita­
tive study which compares the frequency 
transmission of typical living rooms with 
that of halls or studios, al though meth­
ods for room transmission measurements 
have been outlined.2 Therefore 110 com­
ment will be made on the subject other 
than to mention the fact that room 
acoustics-notably th e reverberation 
time versus frequency relationship- may 
he a factor requiring tone compensation. 
Reference is made to thi s factor under 
the heading of treble boost merely on 
the basis of subjective experience, hut 
undoul.Jtedly other compensations are 
also involved. 

\Vhen treble boost is needed, then, a 
high transition frequency is usually de­
si rahlc. The U!-e of a low er t ransitio11 
frequency for the sake of i11creasi11g the 
amount of hoost avail;Ll,le at the upper 
em! might prove sati sfactory if it were 
not ior the marked tenclency of loml­
spcakers to emphasize the frequency re­
gion of the tirst few thousand cps. A 
transition frequency of 1,000 cps or 
lower may cause treble boost to accentu­
ate a shrillness towanls which the 
speaker performance is already incli11ed, 
ancl needed boost at freque11cics al.Jove 
4,000 cps may carry such a penalty that 

"E. C. \Vcnte, "The characteristics of 
sound transmission in rooms," / . Aco11s. 
Soc. A,11 ., 7, p. 134, Oct., 1935. 

+20 

+ 15 

..,__ '-- J1 '--- u i-~✓~ 
,_ ""~ ... ~ 

:,,~~ 
,_ 

~ ~ -
la. 

+10 

' !':~,.. ,,-
1,,1-t' N ~ ~ . [.-, 

,, 
.4 -

- 2 

tr ,~ t.,~~ 
0 ~~I 

-

-

the compensation will not be used. This 
unhappy effect is illustrated by Fig . 3, 
in which the tone-control ancl speaker.­
response curves of two high-grade com­
mercial units arc combined. 

Determination of an optimum transi­
tion frequency that will hest suit the 
various requirements of treble boost can­
not he made with precision, hut it would 
seem that present con1111ercial practice 
makes use of a frequency which is at 
least two octaves too low. The operator 
of the set may be impressed with the 
dramatic power of his treble boost but 
may still be loath to use it. ( Some 
British manufacturers lean towards 
higher transition frequencies for treble 
emphasis--one manufacturer uses 3,500 
cps.) 

A single R-C network can approach 
6 dh per octave in rate of boost. The 
simplicity of the single network is one 
good reason for accepting this slope as 
the maximum, and it will prove ample 
ior most purposes, particularly in view 
of the fact that treble emphasis brings 
to the fore harmonic distortion in the 
higher ranges. If the transition fre­
quency is chosen as 3,200 cps-two oc­
taves above 800 cps- an insertion loss of 
20 db will produce something less than 
12 db of 111aximum boost at 13,000 cps, 
inclu1ling about 3 db of boost at the 
reference frequency itself. These char­
acteri stics seem to represent a rcason­
ahle compro111ise between the require­
ments of all factors. The use oi an even 
higher transit ion frequency might be de­
si rahle, hut would place a greater limita­
tion 011 the maximum boost of useful 
frequencies that could he achieYe(! with 
a s ing-le l{-C network. 

Treble Attenuation 

Treble attenuation is required for : 
l. Compensation for \'arying treble 

pre-emphasis in recording. 
2. Reduction of record suface noise 

an<I high -frequency dis tortion. 
3. Compensation for rising treble re­

sponse of associated reproducing or stu­
dio equipment. 

4. Tonal balance against a thin bass. 

Treble pre-emphasis in recording 
varies considerably, and there is 110 

standard, either of t ransition frequency 
or rate of boost, to which recording-
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Fig. 6. Circuit values to appro,i:imate the 
curves of Fig . 5. As many of the values of the 
original .IE circuit as possible have been 

retained. 

companies subscribe. Table I lists some 
of the different ways in which the treble 
spectrum is or has been treated hy rec­
onl manufacturers. 

Although treble reconling character­
istics arc ideally equalized at the pickup, 
variable pickup equalizers are still the 
exception rather than the rule, and the 
tone-control de~igner must assume that 
at lea.st some oi the burden will fall on 
the treble-cut control. If the setting for 
minimum treble furnishes close to 6 db 
of attenuation per octave from a transi ­
tion frequency of 2,000 cps, approximate 
compensation for any of the recording 
pre-emphasis curves can be achieved. 

TABLE 

Typical Transition Frequencies 
Transition Rate of 

Records Frequency Boost 

AES Standard Curve 
Columbia 78 & 33 1 / 3' 
RCA 78° 
London ffrr 7 8' 
London 33 1 / 3' 
EMI 78' 
Older records 

( cps ) (db/ octave ) 

2500 
1590 
1000 
3000 
3000 

6 
6 
2.5 
3 
6 

none 
none 

Settings of the t rel>ie control which yield 
less than maximum attenuation will also, 
in most circuits, automatically shift the 
transition frl'quency higher, correcting 
equalization for some of the records 
with more graclual pre-emphasis slopes. 
The desirability oi equalization for 
treble reconling characteristics prior to 
the tone control is emphasized by the 
differences between the tr ,111sition fre­
quencies of some of these recording 
cur\'es and the frequencies at which the 
equipment deficiencies previously dis­
cussed introcluce treble losses. For ex­
ample, an improperly equalized disc 
which has been recorded with a given 
treble characteristic can present an un­
satisfying choice between shrill and 
muffled reproduction , because the tone 

3 Paul \\' . St. George and Benjamin B . 
Drisko, "Versatile phonograph preampli­
fier ," AUDIO ExGINEERIN'G, 33, p. 14, 
~larch, 19-19. 

• D. T. N. \Villiamson. "High-quality 
amplifier modifications," IVirelrss II' orld, 
58, p. 173, ~fay, 1952. 



control may not he able to compensate 
for the characteristics oi both the record 
and the reproducing equipment. 

It has been established by se\·eral in­
vestigators that record -surface noi se is 
fairly evenly distributed over the fre­
quency spectrum 011 the basis of energy 
content per cycle. Since each arithmetic 
frequency inter\'al has a similar amount 
of noise energy, the noise content will 
i ncreasc with each successively higher 
octave.~ It is therefore correct to think 
of perce ived surface noi se as increasing 
with frequency , and compensation for 
treble pre-emphasis in recording is very 
effective in reducing scratch, as the 
system intends it to be. 

There is however, an advantage in 
being able to introduce sharp cut -o ffs at 
given points of the frequency band, si nce 
records which have little or no fre­
quency content above the cut-off point 
can then ha ve their surface noise re­
duced wi thout the signal being severely 
penalized. Some types of distoration are 
also most pronounced in the range above 
5,000 cps, and sharp cut-off helps reduce 
such effects with least change of the sig­
nal. Sharp cut-off at high frequencies, 
however, is incompatible with the other 
duties of the treble tone control , and 
should be accomplished by separate net­
works. The general tone control must be 
limited in its scratch reducing role to a 
more gradual attenuation of the treble 
hand. 

Certain microphones, if incorrectly 
equal ized at the studio, ha vc a ris ing 
treble response above one or two thou­
sand cps. Attention is occasionally called 
to this characteristic when broadcast 
stmlio use of an incorrectly compensated 
microphone produces over-crisp anll 
"hissy" speech. The compensation re­
quired for this type of emphasis is com­
patible with that already planned for 
records. 

Tonal balance of bass and treble for 
the most satisfactory over-all result is 
an inherently subjective problem. Like 
compensation for the Flctcher-M unson 
effect, it involves a decrease of objective 
firlelity for the sake of an increase in 
apparent reali sm. The fact that the prob­
lem is one of perception rather than of 
reality indicates that in\'estigation re­
quires a statistical technique.6 

Discussions of aural balance7 have 
indicated that approximately equal fre­
quency di stortion, geometrically relative 
to the frequency mid-point, is more de-

5 B. B. llauer, "Crystal pickup compen­
sation circuits," Elcctrnnics. 17, p. 128, 
Nov., 19➔5 . 

6 It is suggested that a useful approach 
would he to compile judgment data in 
which the jury compares various conditions 
of tonal balance, both symmetrical and 
asymmetrical to 800 cps, with the full 
range of sound, indicating which condition 
seems more like the undistorted one. ( Ask­
ing the jury to indicate preference between 
balanced and unbalanced conditions, with­
out an e\'er-present standard, invol\'es the 
danger of measuring factors other than ap­
parent frequency distortion.) 

sirable than unequal frequency distor­
tion, but that there is considerable lati­
tude in design for balanced response. 
The parameters of treble attenuation for 
achieving careiul halance wuul<l be de­
termined hy a stwly of bass deficiencies 
likely to he met with. The treble attenu­
ation di scussed in previous paragraphs 
is fairly symmetrical to most of these 
low-frequency deficiencies. 

It will be seen that the transition fre­
quency suggested for treble attenuation 
is different from that for treble boost, 
and conditions arc likely to exist in 
which both are required simultaneously. 
Such simultaneous compensation, how­
ever is inherently barred when a single 
control is use() for both bo06t and cut . 

Bass Boost 

The condi t ions requiring bass boost 
are : 

I. Decreased hearing sensitivity to 
bass frequencies at low sound intensities 
(Fletcher-Munson effect ) . 

2. Recording characteristics whose 
hass t nrnover frequency is higher than 
the one for which the repoducing equip­
ment is designed. 

3. Bass deficiencies in records. 
4. Bass deficiencies 111 reproducing or 

studio equipment. 

The well known family of equal loucl­
ness contours published by Fletcher aml 
Munson makes it evident that the appar­
ent frequency distribution of energy in 
given program material will vary greatly 
at different intensity levels. If the ampli ­
fier has a correctly designed compensat ­
ing network associated with its volume 
control this effect will be counteracted. 
but the volume control setting required 
for a des ired intcnsitv level is not neces­
sarily an accurate index of the intensity 
level of the original program, and fur ­
ther adjustment may he necessary. The 
electrical level of an input signal docs 
not have a constant relationship, in dif­
ferent program material, to the sound 
level which it represents. 

The purpose of volume compensation 
is not, of course, to straighten out the 
curve of frequency percept ion, ( that's 
the way the music sounds in the con ­
cert hall ) hut to shape this curve at the 
reproduce(! intensity level so that the 
perceived frequency distribution is simi ­
lar to the perceive<! distribution at the 
original intensity. \ \' c may take 80 db8 

as the a veragc level of a 75-piece or­
chestra hear<! from a good seat, and SO 
dh9 as the lowest level at which this 
music is likely to he reproduced, with 
any concern for quality, in the living 
room. Superimposing the two appro­
priate curves on the same horizontal 
axis (Fig. 4), it will be seen that in 
order to achieve the original perceived 
frequency distribution in reproduction 

7 Hugh S. Knowles, "Loudspeakers and 
room acoustics," The Radio Engi11eeri11g 
1/andbook, Keith Henney, editor, p. 881, 
3rd edition, 1941. 

s Ibid. 

at the SO-db level, bas~ boost at slightly 
more than 6 <lb per octave, with a 
transition frequency of 400 cps, is re­
quired. This is, of course, for the ex­
treme case of a 30-db difference between 
the original an<I the reprolluced level. 
At this 30-<lb difference the bass boost 
required <luring orchestral peaks, when 
both levels may be increased by 20 <lb, 
is much less; during very soft passages 
the boost required will he more. We 
must work on the basis of the average 
levels. 

The SO- and 80-phon curves, and the 
60- and 70-phon curves in between, are 
practically identical in shape and slope 
iro111 500 cps up, meaning that a re­
duction of intensity level from 80 <lb 
to SO db will produce no significant 
change in the apparent frequency dis­
tribution in the treble region. Even if it 
were desired to compensate for the 2-
dh max imum loss in treble, the or<linarv 
R-C network could not produce tl1e 
necessary shape of response curve, 
which may he read from Fig. 5 as a 
uniformly elevate<! plateau o\·er most of 
the treble spectrum. Correct volume 
compensation should therefore involve 
no adjustment of treble frequencies. 

If the record reproducing equipment 
has only a single turnover frequency a 
compromise value of 500 to 600 cps is 
usually chosen. Some records have been 
made with higher turnover frequencies 
as high as 800 cps. Thus a moderate 
amount of boost to a,ld to that of the 
fixed equalization will on occasion he 
called for. Such equalization, however, is 
required by a relatively small number 
of reeords. 

Acoustically recorded discs, and some 
electrically recordecl ones, have a thin 
bass because of weaknesses in recording 
e<]uipment and techniques. These ordi ­
narily require hoost below two or three 
hunrlrecl cps, although the drop in bass 
response is in general too sharp for 
arlequate compensation. 

Bass deficiencies in reproducing equip­
ment, like trchlc deficiencies. tend 
to occur towards the extreme of the 
frequency scale. Most moderate quality 
loudspeakers ( see Fig. 2), pickups, etc., 
do not show a significant drop in bass 
response until frequencies below 100 cps, 
and then with sharply dropping curves. 
I Iere too compensation cannot be acle­
<]Uate. 

Adjustment for the Fletcher-~Iunson 
e ffect is prohably the most frequent func ­
t ion of bass boost . The transition fre­
quency requi red for this C<J11alization lies 
between that for a high turnover fre­
quency and for record and equipment 
deficiencies, and the compromise para­
meters that appear most reasonable to 
the writer include a transition frequency 
one octave down from the spectrum mid­
point, or 400 cps, and the standard maxi­
mum boost rate of 6 db per octave. 

9 "Freq11c11cy Range and Power Consill­
trations in J\lusic Reprod11ction ," Jensen 
Technical Monograph No. 3, Jensen Manu­
facturing Company. Note that a level of 
50 db is less than 10 db above the average 
random noise level in a city apartmrnt. 
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Flexible Tone Control Circuit 
BASIL T. BARBER '' 

The advantages of variable inflection points in tone controls are well recognized, but 
the circuit complications and additional expense does not always justify their use . 
The author Americanizes a previously published circuit which is relatively simple. 
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Fig. I. Simplified block diagra m of t he tone 
control which employs negative feedback to 
provide variable inflection points. Idealized 

lead and lag networks are shown. 

R ECENT INVESTIGATIONS on the sub­
ject of tone controls irnlicate the 
desirability of having the transi ­

tion frequencies variable, with the 
amount .and direction of variation deter­
mined by the degree of boost or attenua­
tion required. 

The analysis and determination of the 
varying parameters and their range are 
ably covered in 11 r. Villchur's article.1 

:\lost tone-control circuits available at 
present have a single transition fre­
quency between 800 and 1000 cps, which 
remains essentially constant at any posi ­
tion of the controls and their flexibility 
and effectiveness is therefore limited. 

A method of tone compensation is 
presented in this article offering a con-

• Researcl, Engineer, Muss. 111st. of Tec/1 -
110/ogy, Ca»1bridge 39, J\lass. 

1 "The selection of tone-control param­
eters," Aumo ENGINEERING, March, 1953. 

SELECTION 
(from preceding page) 

Bass Attenuation 

Bass attenuation may be required for 
the following conditions : 

1. Recording characteristics with a 
bass turnover frequency lower than that 
of the reproducing equipment. 

2. Accentuation and distortion of bass 
frequencies by reproducing equipment. 

3. A weak treble which creates tonal 
imbalance. 

The requirei.l compensation ior equip­
ment designed wi th a 500-cps turnover, 
and playing a record with a turno•,er 
frequency of 250, 300 or 400 cps ( all of 
which ,·alues have been used) may be 
approximately achievecl by a gentle at­
tenuation of about 2 db per octave from 
750 cps down, or by a sharper downward 
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tinuously variahle transition frequency 
and a number of other advantages. The 
original article was written hy P . J. 
Baxandall2 and for a detailed explana­
tion of the circuit the reader is referred 
to his article. 

One way of looking at this circuit is 
to analyze it in terms of Laplace Trans­
forms. Oversimplifying the original 
schematic, the circuit can be broken 
down into two lead and two lag net­
works, as shown in Fig. l. T he lead net­
work ( C), being inside a negative feed­
back loop, becomes a lag network and 
similarly the lag network ( B) becomes 
a lead network .3 The net curve will 
therefore he either a boost or an attenua­
tion, as shown in Fig. 2, depending on 
the relative position of the time con­
stants Ta, Tb, Tc and Tu. \Vhen Ta= Tb 
and Tc= Td, the curves cancel each other 
producing a flat frequency response. 

Figure 3 presents the tone-control cir­
cuit in detail. It is similar to the original 
circuit,• but with parameters slightly 
modified to make the circuit adaptable 
to American tubes and components. 

Figure 4 shows the actual frequency 
response of the schematic of Fig. 3. The 
low-frequency turnover is made variable 
from 800 to about 100 cps, depending on 
the degree of bass boost or attenuation 
required. The high-frequency turnover 
varies similarly from 1000 to 8000 cps. 
depending on the degree of treble boost 
or attenuation required. These curves 

2 Wireless World, Octoher, 1952. 
3 See Appendix. 
• Ref. 2. p. -10-1, Fig. 6. 

slope from a lower transition frequency 
of 500 cps. The second method is more 
consistent with the other requirements 
of bass cut. 

Bass accentuation in reproducing 
equipment is most often associated with 
acoustical resonance of an open speaker 
enclosure at some frequency below 200 
cps and with mechanical-acoustical reso­
nance of the speaker system below 100 
cps. The effects of tone-arm resonance 
and turntable rumble usually occur be­
low 50 cps. As in the case of low-fre­
quency boost, we cannot furnish accu­
rate compensation for equipment frail­
ties at the extreme low end, but we can 
alleviate the condition in some measure. 

Aural balance of a weak treble ap­
pears to demand a low transition fre­
quency. Probable treble droop occurs, 
as we have seen, at least two octaves 
abov~ 800 cps, and geometrically sym­
metrical bass losses would begin at 
about 200 cps. 

IOI 

Fig. 2. Frequency re sponse of the actual lead 
and lag networks of Fig. I . B' and C' are 

curves B and C after feedback . 

should therefore prove to be effective in 
compensating certain deficiencies of an 
audio system explained in Villcl111r's 
article. Specifically, "partial" speaker 
compensation can be accomplished with­
out any boo111iness ( especially on male 
voices), and without high-frequency 
distortion . 

The circuit presented has, in addition , 
a number of other advantages which are 
equally important. In most tone-control 
circuits at present, the apparent boost is 
attained at the expense of an equal at­
tenuation at the center frequency. An 
additional gain equal to the boost attain­
able must therefore be provided. In a 
"flat" position, there is unity gain pl11s 
all the distortion generated by the stage 
of amplification. In the proposed circuit, 
the loss is in the form of negative feed ­
hack with its associated advantages of 
reduction of distortion, impedance, and 
noise, and the increase of the linearity 
and frequency response of the circuit. 
For instance, if we assume that a boost 

A reference frequency and slope to 
compromise between the various re­
quirements for which bass attenuation 
will he needed are: transition frequencv 
500 cps, maximum slope, 6 db per octave. 
Conclusion 

Fig11re 5 is a graph of tone-control 
irequency characteristics chosen on the 
basis of the above discussion . The 
parameters vary from many of those in 
common commercial use in that the ref­
erence frequencies are shifted awa) 
irom the spectrum mid-point, about one 
octave down for the bass, and two oc­
taves up for treble boost. As a conse­
quence the total amount of control is 
somewhat less than is often provi1led . 

Figure 6 is a tone control circuit w:th 
values assigned to approximate these 
curves. Some allowance has been made 
for the fact that the transition frequen ­
cies are affected hy the degree of boost 
or cut used by the operator. 
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Fig . 3 (left) . Over-all schematic of the circuit as 

of 10 db is required at both extremes of 
the audio spcctrulll, then 7 dh of nega­
tive feeclhack will still relllain at both 
extremes. and 17 clh at the mid-fre­
quencies. At "flat" position, the circuit 
has a loss oi I db 5 which is negligible. 
The circuit can therefore be inserted 
anywhere with no complications. 

The only disadvantage is that the in ­
put to the tone control must come from 
a low-impedance source but not neces­
"arilv irom a cathode follower as shown 
in F;·g. 3. A source impedance of 10,000 
to 15,000 ohms wi II have no adverse 
effect, and this impedance can be readily 
attained from a low-mu tube such as a 
6S:--17 or 12AU7. 

Because to the large amount oi nega­
ti,·e ieedhack employed, the output source 
impedance is low, giving the circuit all 
the advantages of a cathode-follower 
output stage. 
Use and Abuse of the Tone Controls 

\\'hile the writer is not naive to the 
point of believing in "ideal cun es," flat 
speakers, and acoustical heavens in gen­
eral. it is ht.'lieved that in a reasonahlv 
high-quality preamplitier-equalizer the 
tone controls shoul<l not be called upon 
to perform functions which they were 
not originally designed to perform. 

Following are the areas where ahuse 
is most likely to occur : 
Prea 111 pl ifier 

There are scores of well designed cir­
cuits which offer adequate flexibility and 
adaptability to meet any record charac­
teristics and their deviations without re­
sorting to tone-control compensation. 
S ince the low-frequency turnovers and 
the high -frequency pre-emphasis fall 
\\'ell helow and aho\'e the "center" fre­
quency of the tone controls, 110 adequate 
compensation can be attained. 

As for reducing any tecord noise, hiss, 
or rumble, the tone controls are not 
especially effective since, at hest, most 
oi them have an attenuation rate of 6 

s Since the total gain in a negative-fee<l­
hack circuit is e<1ual to the forward gain 
di\'ided by one plus the loop gain. In our 
case, this ratio is less than one. In addition, 
there . is a slight reduction in gain due to 
the cathode-follower input, but the circuit 
parameters have been selected to keep the 
total loss less than I db. 
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modified for American tube types . Fig. 4 (right) . Response curves obtainable with the feedback 
type tone control. 

dh / octa \'e, hardly adequate for any 
effecti,·e suppress ion without sacrificing 
the musical content of the program. 
Lo11d11ess C 011/rol 

Compensation for the Fletcher-Mun­
son curves with the tone controls would 
seem to make them perform a function 
actually helongirtg to a loudness control. 
In addition, once the tone controls are 
set on the reciprocal of the Fletcher­
~[unson cur\'es, their usefulness for anv 
other function will be restricted, if not 
nullified. 
Speal,:er 

I. Transformation of a Lag into a Lead 
Network ( Bass). 

Referring to the upper section of Fig. I 
we have, 

I K,e, I . 
. t'i - T ,S + 1 1-,. ' = e, 

1000 
~..J\,f\A,--- TO G•10 

BA SS TREBLE 

Fig . 5. Suggested wiring arrangement for the 
tone control. The two potentiometers R, and 
R, could easily be combined as a . concentric 

The most serious misunderstanding 
seems to be on the riuestion of speaker 
compensation. It is well known by now 
that phase as well as amplitude response 
of a speaker plays an important role on 
the qt1ality. of music reproduction . A 
speaker, hetng essetHiall_v a non -linea r 
electromechanical transducer, has a 
phase response which includes several 
reversals, rendering any effects for ef­
fective compet!sation rather futile, espe­
cially with s1111ple networks. Circuit s from which 
have been designed which effectively 
c~mpensate fo_r s0111e speaker deficien­
cies, us111g variable slope as well as vari ­
able turnove_r frequency, but their cost 
1s usually several times the price of the 
~v«;rage sp,~,ker,_ making_ any impending 

control . 

!'•re S_ale on h1gh-qual1ty lot1dspeakers 
l11ghly 11nprohable. 

\\'hy use tone controls at all ihen? 

K, 
- -- (T,+J) 

e, K ,(TS + 1) _1 _+_I<._· ,_I<._·, ___ _ 
e;:: T.S+l + K,K, = ( 1 ) TS .. 

1 +K,K, ' 1 

The original lag ( B), has been therefore 
transformed into a lead network ( B') hav­
ing two break frequencies, 1 + K,K, apart. 
2. Tra11sfor111(1tio11 of a Lead i11fo a Lag 

Network ( Treble) 
Referring to the lower s~ction of Fig. I 

\ve have, 

They fill a definite need and most of 
their functions are covered in Mr. Vill ­
cht1r'.s _article and can be summarizt!cl as 
provtdmg : • lei'- IK,(T.S+l}]r, ]K, = e, 

I. Over-all tonal balance of the com- from which 
plete system. 

2. Compensation for any acoustical e, K, 
such as resonance, for example. fi = K,K, T.S + 1 + I{.K, 

3. Compensation for any deficiencies 
of studio equipment, means of transmis-
sion, or for faulty records. 

4. Bass reduction to eliminate boomi -
ness of male voices, especially on low 
settings of the loudness control. 

.APPENDIX 

Negati\'e feedback can be employed to 
tran~form a network into its reciprocal, ns 
shown below. Although the following der 
ivations are for ideal lead and lag net ­
works, they apply equally on actual net­
works having two break frequencies, both 
being important in determining the over-all 
frequency response of the circuit. 

K , 
= ___ l ~+_K_,c...l<._·, __ 

( 
J,;,K, ) T.S +l 

l+K,K , 

The original l~ad network (C) has been 
transformed into a lag network (C') . 

The method of combining the two original 
networks ( A) and (D) and the two modi­
fied networks ( B' ) and (C') to obtain a, : 
overall response (boost in this case) is 
shown in Fig. 2. 

\\'hen Tb > T a and Td > T c, then an 
attenuation of both ext7emes is attained, 
while at Ta = Tb and T c= Td , we have a 
completely tlat frequency response. 
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Hi-Fidelity Phonograph 

Preamplifier 
R. H. BROWN ':, 

Design 

A c~mprehensive discussion of the principles of determining component values to 
provide the compensation required, combined with practical pointers on construction. 

Sl:: \I ERAI. EXCf.LL E.l\T phonog-raph pre ­
amplifier circuits have appeared in 
the literature J)llt it is cliflicult for 

the individual who is not a full-fledgecl 
audio engineer to find the information 
he may need for designing- a high-qual­
ity preamplifier to mcl't his indiYiclual 
preiercnces, or to make ck·sirahle 
changes intelligently in eq11ip111rnt al ­
rl'a1h- on hand. This article aims to set 
fortli in a summan· fashion hasic ma­
terial which a techiiicallv mindt·d audio 
hohhyist or an amateur ·eng-inel'r wonltl 
neecl in the design or re,·ision of quality 
preamplifying and compensat ing- equip­
ment. Rather than attempt a compre­
hen~i ve survey of the problems and 
theory of preamplifier ancl compensation 
circuit design, attention will he con­
fined to straightfon ;1rd hasic circuit~. 

Buie Amplifier With Degenerative 
Bus Boost 

Figure 1 shows the hasic circuit 
around which most high-quality phono­
graph preamplificrs ;ire dt·signed . Re­
sistor R, prOYitles dl'generati,·e fn·d­
l>ack to set the amplitier gain to the 
de, irl'1I value fo r high irNJnencit·s, re­
duce amplifier distortion in the hig-h ­
frequency rangt·. aml extend the high­
ireqnency range beyond that which 
could he obtaine,1 irom the l,as ic ampli­
fier without feedback. R, providl'S cle­
g-ennative ieedback to set the maximum 
,·a lue of bass hoo~t, reduce amplifier 
distortion at the extreme low fre­
ciuencies, and extend the lo\\·- frequency 
range below th~,t which could he ob­
tained from the basic amplifier , ithout 
fccdhack . R, may he omitted ( made 
infinite) when compensation is desired 
clO\\'ll to a frequency requiring the foll 
gain of the basic amplifier . Cr provides 
6-clh -per-octavc ha,-s boost as figured 
from the turnover frequency io r which 
Cr is selected. 

The first step in the desig-n of a prc­
;1111plifier is to design a hasic amplifier 
\\·hich has sufficient ga in to prOYidc 
down to the loweM ireciucncy of interest 
comp<'nsation for the highest turnover 
frequency to he U~<'rl . Information on 
electrically correct t11rnO\'Cr frequencies 
rnay he found in thl' literature, ancl it 
will he observed that there arc combina­
atio_ns of listening conditions, listener 
pretcrence, and recording- character ­
istics which may require turnover fre-

• 1l'al/a H ' al/<1 Collcgr, Cnllrgr Place , 
IJ"ash . 
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.. 
Fig. 1. Basic degenerative -bass-boost amplifier 
circuit. V, and V, and associated components, 
excluding feedback elements IL. R,, and C, 
comprise the basic amplifier. Triodes are shown 

for simplicity. 

qut·ncie~ ;1s high as 900 cps. :\s a <100 -
cps turnova requin·s approximakly 21) 

dh boost at 30 cps, the preamplifier gain 
at 30 cps must be the antilog of 29/2.0 
or 28.2 timt·s as great as in the high ­
ircquency r;111g-c ii hass compt•nsation is 
to he pro\'itlc<l down to 30 cps ior a 
'1110-cps t11rnovt'r . Sinn· dut· to th<' ac ­
tion oi Cr the gain only approaches thl' 
iull hasic ampl ifin gain as thl' ireqt1c11c_v 
1. rt'ducecl, in order to obtain good com­
pensation down to a given irt·quencY it 
is nl'Ct'S, a ry to clesig-n for a irl'qUenC)' 
one octa"e lower. Thus for goo,! com­
pensation clown to 30 cps ior a 1IOO-cps 
turnOY<'r one 11111st have a hasic ampli­
fier with a g-ai11 at least 56 times g-rcat"! r 
than that required in the high-frt·quency 
range. 

A prcamplifi<'r dt'si g-nctl for use with 
a "\Villiamson '' type power amplifier 
anti a G.E. magnetic ca rtridge should 
provide hl'tween one ancl two volts out ­
put ior a 10-milli\'olt i11p11t at 1000 cps. 
If this prl'amplificr is to p:·o,·i 1ll' good 
com pen sat ion down to 30 cps ior turn ­
overs up to 1100 cps it must ha ,·c a bas ic 
ampli tier gain of hctwcl'll 5600 an<l 
11.200, with R, selected to ohtain a gain 
<_>f bet ween 100 and 200 in the high­
~requc11cy range. If no turnO\·ers aho\'c 
:-_00 cps arc to he t1Sl'1! , good compl'nsa­
t1on to 30 cps may be St'CUrt·cl with a 
basic amplifier gain oi hetween 3100 
and 6300. I Iigh-leYel cartridges, such 
as Clarkstan a11d Pickering. require 
1111n1mum preamplifil'r gains approxi­
mately only one-sixth as great. 

The selection of I',, V,, and associated 
components is best macle from reference 
to th~ resistancc-coupll'd amplifier data 
supplied hy t11hl' manufacturers . Because 
of the unhypassed cathode resistor the 

ga111 provided by V, will he 

l 
Ar' l A,= (R, ) , , 

I + R,., .4 , 

wlwre A ,' is the gain proviclecl hy r , 
with a Ctllnpletl'ly hypass<'d cathode. 
C, ,, C,-~, Ci-1 , ancl screen hypass capaci ­
tors if pentocks arc used , must he se­
ll'cted to pro ide l'SSl'lltiallv uniform 
gai11 elm n to the lowest fr~quency f,. 
ior which full compensation is desired . 
To accomplish this it is desirable to 
choose the value of Cc ( in fara1ls ) so 
that the product f ,.C.-R 9 is hetwt•t·n one 
and two, and to choose C 1.;2 so that the 
product f cCk, is between one and two 
times the mutual conductance of V,. 
1 n many cases acll'quate gain may he 
obtainccl without use of Ci·t· Data re­
quire1l fo r the sekct ion oi a pentolll· 
screen bypass capacitor is orclinarilv 
not aya ilahlc, hut one can usually make 
a sati s iactory choice by requ iring that 
the product of the bypass capacitance 
( in fa rads ) , the lowt·st frequency of 
interest, an(! the plate resistance of the 
tube when triode connected have a value 
between one and two. If it is not con­
,·en icnt to _use capacitances as large as 
those required by the ioregoing condi­
tions, the situation ma\' he relie,·ed b,· 
prOYicling around 10 ·111, of fccclhack 
through R2 • 

Once the basic amplifier has hl'en de­
signed to pro,·i ,le aclcquate gain for the 
maxin111111 bass hoost dcsirccl, the next 
st~p is_ to sl'lcct_ N, so that the amplifier 
,nil ~1,·e the nght amount oi ga in for 
tl_1e 111 .~h frequencies . At hig-h frequen­
cies ( :,0O!J to 10,U00 cps) the gain i, 
giYen hy 

Aur =l l +~ I• 
. R , +R, 

(2 ) 

wht"re_ .·l'ur is the g-ain of the basic 
a mph fie 1: when a . resistance equal to 
N, + I<, _is placed 111 paralld with Ri, . 
1:he gam pro,·1dc1l by V, un cler these 
c1 rcun1stances is equal to the mutual 
conductance oi V, multiplied bv a 
resi_sta11ce equal to the parallel co~1hi­
nat1on of the plate resistance oi f', 
R, + R,, R, .• , and R1n. To obtain accurat~ 
6-dh-per-octave bass boost it is neces­
sary for A '.ur to he . large enoug-h to 
make neg-hg1ble the umt\' in the denomi­
nator of Eq. (2) - i.e. ,· for A'm· to be 
greater than JOR,j(R,+R,) . When this 



condition 1s satisfied E(). (2) becomes 

R,+ R, 
AHi• = -­R, (3) 

Since R, will usually he chosen from 
resistance-couple!! amplifier rlata for 
proper biasing oi 1',, one may write the 
following e()uation for R,, 

R,= R, ( A 11, - 1) , (4) 

where A11r is now the required high­
frequency gain-i.e., the gain without 
hass hoost. Ii the loading effect of R, + R, 
keeps A'ur from heing large enough to 
render ins ignificant the unity in the 
denominator of E() . (2), the situation 
may he remedied hy connecting R, allll 
CI to an unhypassed cathode of a stag-e 
following V, (possibly a cathode fol ­
lower output for the preamplifier ). 

The maximum gain available from 
the amplifier may he <lesignated ALF 
and is given hy 

A' 
A ,.,· = I + R,A' , (5) 

R,+R, + R, 

where A' reiers to the normal gain oi 
the basic amplifier wi thout feedhack. In 
practice the coupling and bypass ca­
pacitors often prevent realization of the 
full value of A ,., .. 

From the fact that a simple resistance­
capacitance arrangement wh ich wi II 
provide 6-db-per-octave hoost computed 
from a turnover frequency / 1 must give 
a 3 db boost at f,,1 one obtains the fol ­
lowing relation fo r the selection of C,. 

I 
Cr - :!.cf r( R,+ R, )' (6) 

----
1 The boost will he very close to I db at 

2 fr, 3 db at fr, 7 db at ¼ fr, and 12 db at 
¼ /t. 
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Fig. 2. Bass performance of pentode amplifier example discussed in text. Dotted lines indicate 
idealized 6-db-per-octave slope. 

It will now he instruct ive to see how 
these principles are applier! in selecting 
the components for a practical high­
fidelity preamplifier for use wi th a GE 
cartridge and a '"\Villiamson" type 
power amplifier. On consult ing the 
resistance-coupled amplitil'r chart:- 111 a 
recl'iving tuhe manual one finds that 
a basic amplifier gain A' of approxi­
mately 18,000 may he obtained hy using 
ior V , a 6S_17 with 180-v. Ebb, 0.5-meg. 
R,,, 2.4-meg. screen resistor, 2.0-meg. 
Ny,, and 2410-ohm R, to obtain a gain 
ot 95; and for V, a 6S 17 with 180-v. 
Ebb, 0.5-meg. R ,., 2.2-nieg. screen re­
sistor, 1.0-meg. R u,, and 2 180-ohm R,·, 
to obtain a gain of 192. 

For 10-db minimum feedhack A i r = 
1800/(antilog 10/ 20) which is 5700. 
From Eq. (5) one finds that this re­
r1uires 20 megs. for R ,, R, + R , being 
negligible in comparison wi th R,. For 
. /,,,. = 100, Eq. ( 4 ) re()uires a value of 

0.241 meg. for R,. Thi~ provides at high 
frequencies a 45 db ieedhack in addition 
to the 6.8 dh of currl'nt feedback on 1", 
due to its unhypassed cathode ·resistor. 
For 900 and 500 cps turnovers Eq. (6) 
requires values ior C, oi 740 and 1310 
iiiif respectively . 

The actual performance of this pre­
amplifier is sho\\'11 in Fig. 2. The Yalue 
chosl'n for A ,. ,. was 35.1 . dh ahove that 
chosl'n for A 11,·, an amount just equal to 
the hoo,;t rl'quircd at 15 cps hy a 900 
cps turno ver, The necessi ty for rlesign­
ing to a irequcncy one octave below the 
lowest frequency to which full compen­
sation is desirl'd is ill ustrated by the 
900 cps turnover curve in Fig. 2. 

In a preamplifier designed for use 
with a high-level magnetic cartrirlge, a 
value of hut 15 for AH, would be ade­
quate. One could use the basic 6SJ7 
amplifier discusser! ahove with 33,700 

TO tATHOOCS ~ OUTPUT 
TVlf.S 

l FLAT t 100'\, 
Z. 3 db / OCT.IV[ FROM 1,000 "w Z. 4 00"-' 
) Z 1/2 d~OCU,V[ FA OM 1,000"" ]. ~00 .,,, ,.,., MAX i.ooST 
4.6 U / OCUV(,'IOMl,~00'\I 4 '!l()Q'\, 

flt• 27,000 FOR ~ Cll[IIIING CAJITIIIOG{ 
O.llll[G FOlll 6lN HCC . CAIITlll10G( 

CAPACITOJt VALV[S IN 1,1f ._..LES 
Sf'CCIF l[D OTH[III WIS[ 

'- I 0/0C U.Y[ FJtQ4,I 1,590 "\, ~ f> ~C '\I 

6 IZ tllll / OCTAYE FROM Z.~Q'\, 6.. 1~0 f\J 

AL.l SWITCH(S MUSTH SHOIIITING TYP[ , 
a• 0 !§ '1, T OLf. 111.t.NCl. . 
M SI STOAS Alt( ! 10-.. .112 WATT Ufifl.[SS 
5".C1F l[D O TH[lltWIS[ . 

Fig. 3. Complete schematic of author's prumplifier with six bass turnover conditions and six roll -off positions. 
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ohms for R, an<l 4 megs. for R, to obtain 
good compensation down to 20 cps for a 
900-cps turnover. Actually the 6S]i is 
a poor choice for V,, for unless d.c. is 
used on the heaters one is likelv to ex­
perience hum difficulties. The 6j7 woul<l 
he more suitable in this respect, even 
though it will not provide quite as much 
gain. The high-level cartridge makes 
possible goo<! hass compensation with 
a simple prea111plitier using a twin triode 
such as the 12AX7, 6SL7, or 7F7. 
Triodes may be use<! in a prea111plifier 
designe(l for use wi th a low level car ­
tridge by following the basic amplifier 
with an additional stage oi amplification 
as shown in Fig. 3. With a high-level 
cartridge the amplifier noise and hum 
level will be about 16 clh lower with 
respect to the signal level than woul<l he 
the case wi th the same amp! i tier an<! a 
low-le,·el cartridge. 

If the prea111plitier is to pro,·ide for 
switching between ,·arious turnovers, 

., 

Fig. 4. Basic variable - load - impedance bass- boost 
amplifier circuit. Triode shown for simplicity. 

the selector switch 111ust he of the short­
ing type to avoid serious S\\'itching 
tra11sie11ts high ~cptality capacitors should 
be used for C 1, an<l a 10- to 20-meg. 
resistor 11111st he placed in parallel with 
the selector switch for each switch 
position . These precautions are required 
hecause of the d.c. potential difference 
across C, . The value of the switch­
shunting resistors is not critical , hut 
the co111hine<I resistance oi all of them in 
parallel should he no less than about 40 
t imes R.,. 

The Columhia long-playing recording 
characteristic requires a 500-cps tmn­
over wi th a 111aximu111 ha,.;s boost oi 
ahout 14 dh. For this compensation the 
capacitor used for C, should have shunt­
ing it a resisto r oi such ,·alue as to pro­
,·ide in parallel with the resistor used 
for R, an effecti ,·e re,.;istance for the R, 
term in Eq. (5) that will give a value 
ior .-l u which is live time~ the value of 
.-J,,,, for the a111plifier. To a,oicl seriou,.; 
switching transien ts a blocking capaci ­
tor ,.;hould he placed in series with this 
resistor. This blocking capacitor shoul1l 
he cl1osen so that the product oi it s 
capacitance (in iarads) ;i nd the lowest 
frequency of interest is at least e11ual 
to the reciprocal of three times the 
resistance oi the shunting resistor 111 

series with it. 

Variable-Load-Impedance Bass Boost 

A simple, commonl~ -used type of bass 
lioost circuit is shown in Fig. 4. Ri-, R,, 
and R.11 mav be selected from resistance­
couplerl a1;1plitier ,lata to pro,·ide the 
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maximum gain desired at the lowest 
ir.equettcy of interest. The requirements 
on Cc and Ci· are the same as discussell 
ior the hasic amplifier in the degenera­
tive-bass-boost circuit. The high-fre­
quency gain is given hy the product oi 
the mutual conrlucta11ce of the tube and 
a resistance equal to the parallel combi ­
nation of the plate resistance of the 
tuhe, R i, R . , and R u. The required value 
ior Cr may he compute<! from Eq. (6) 
hy substituting R, ior R, + N,. The max­
imum gain should be at least 6 db above, 
or two times greater than, that required 
ior the greatest hass boost desired, if 
a 6 1lh per octa\'e slope is to he followed 
to the lowest frequency of interest. A 
6Sj7 operated to obtain a max imum 
gain of 200--l6 dh- will provide for a 
high-frequency gain of about three and 

l •. 

INPUT .. t 
l OUTPUT . . ! 

= 

Fig. 5. Treble roll -off circuit. R., se lected for 
cartridge damping and/ or to obta in roll -off 
rates between 6 and 12 db per octave. R,, 
selected to obtain roll -off rates less than 6 

db per octave. 

full hass co111pensat ion down to 30 cps 
ior a 900-cps turnover whett used in 
this simple circuit. There will be, of 
course, 110 degenerati ve feedback to pro­
,·ide for low di ~tortion obtainable with 
the previouslv discussed svstem. For a 
500-cps turr10\:er compensation may be 
carrie,1 ahout one octave lower. or about 
6 db more gain may he provided for the 
high freq uencies. 

By following a clegenerat ive-bass­
hoost amplitier with a stage of arnpliti ­
cation containing variable load imped­
ance hass boo:,t wi th a ,·en· low turn­
o,·er frequency-SO cps, fo; example­
extra boost ior the low bass may be 
ohtained if desired. 

Treble Compensation 

For a 6 db per octa,·e roll-ofr, the 
si mplest trehle compensation is obtained 
hy selection oi the re~istance shu11t ing 
the magnetic reproducer cartridge." 
'.'J't>glecti11g the effects of cartridge in ­
ternal capac ita nce (usually .negligible in 
the audio range) , 6-dh-per-octave at· 
tenuation 1will he obtained as tigure<I 
iro111 a ireqttt>ncy e1p1al to 6.28 tin1es. 
the cart ridge inductance in henries di­
,·i<lerl into the sm11 oi the internal re­
sistance of the cartridge a11d the ei­
it·cti,·e external re,.;istance shunting it. 
One can select the roll -off frequency by 
acl_1ust111ent of the preamplitier input 
resi stance with either a tixed position 
,.; witching arrangement or a continu­
ously adjustahle potentiometer co11trol. 

A more tlexihle t rehle roll-off circuit 
~ Norman Pickering, "Effect oi !gad im­

pedance on magnetic pickup response." 
.-\uu10 ENGl X EERl :-:G, l\!ar . 1953. 

Fig. 6. Circuits for commonly used roll -off less 
than 6 db per octave. (A) is accurate within 
:t ¼ db to 15,000 cps . ( 8 ) is accurate within 
:t !"i db to 10,000 cps and gives 1 db less than 

ideal attenuation at 15,000 cps. 

is shown i11 Fig. 5. R,1 is usually selected 
for cartridge damping in accordance 
with the recommendations of the car ­
t ridge manu iacturer. Ii R,, is zero. an 
attenuation at 6 clh per octave wi II be 
obtained as tigured from a frequency 
equal to the reciprocal oi the quantity 
6.28 times the product of Ra in ohms 
and C in farads . R,, should lie large 
enough so that its parallel comhination 
with Rd acting in connection with the 
cartr idge inductance will not cause ap­
preciahlc additional high -frequency at­
tenuation, unless a roll-off rate greater 
than 6 ell> per octa\'e is rlesire1l. To ac­
complish this the res istance oi Ra and 
N,1 in parallel shottlcl he at least 12;; .uuo 
ti11tes the cartridge inductance in hen ­
ries. Figure 6 gives data for selection oi 
components for treble roll -off at less 
than 6 <lh per octa,·e as requ ;recl by 
some RCA \'ictor and some British 78 
rpm recordings. 

Noise and Hum Reduction 

Ii the preampl ifier is laid out am! 
,·.- ire1l careiully, hum an,1 noise may he 
reduce<! .to a neg:ligihle level bv ;;imple 
means. Resistor noise will ordinarily be 
unnot iceahle; the ultra -perfectioni st may 
practically eliminate it by using wire 
wound resistors in the plate ci rcuit and 
any tmhypasse,1 port ion of the cathode 
circu it of the first stage. ~lost of the 
hiss noise from an amplifier usuall y 
comes irom the ti rst tuhe. Tube noise 
varies greatly bet ween tuhe types, and 
hetween individual specimens oi a given 
type. Unlt;ss a selected I0\1·-noise tuhe 
is used, tuhe noise will usually be less 
in a preamplifier e111ployi ng a triode 
in the first stage than in one using a 
pentode. If the first stage is to use a 
pentode it is well worth while to use 
the 1620 or the 5879 for their lo'.}· 
microphonism, hi ss , and hum. \\"here a 
low-noise triode is ,tesired one can use 
the 12A Yi or a triode-connected 5879. 

The most obvious an<l straightforward 
way of eliminating hum arising in the 
cathode circuits is to use direct current 
heater power. D.c. for heate rs may he 
ohtained irom a iull-wave drv disc 
bridge rectifier with a simple capaci ­
tance tilter of between 1000 and 5000 
microiarads. The rectifier will require 
an r.m.s. input \'Oltage ahout 50 per 



A Three- Element Bass Control 
GLEN SOUTHWORTH ,:, 

One solution to the problem of providing realism in music reproduction is to 
introduce a controlled amount of "hangover" by means of the circuit described 
which permits boosting bass at three separate frequencies independently. 

IN THE DESIGN of conventional tone 
controls a cut and dried procedure i:. 
very often followed. A sine-wave test 

signal is used and the circuitry adjustct! 
to provide the desired number of de-

• Box 28-1, Moscow, Idaho. 

PREAMPLIFIER DESIGN 
(from preccdi11g page) 

cent greater than the re<Jui red filament 
\"Olt age. One should provirle a variable 
series resistance between the rectifier 
an1l the capaci tor so that the filament 
voltage may he adjusted to the proper 
,·a lue. \\"ith this arrangement a standard 
l?.5-,·olt transformer may he conven ­
il'n th· used for a 6.3-volt d.c. heater 
supp.ly. 

Ii one is not so u11fort1mate as to get 
a poor tuhe in the input stage, hum clue 

l 
To ....... 

LINE S 

l 

0.1 W(G 

f ig. 7. Hum reduction circuit. Neith e r of th e 
heater lines may be grounded , and a center tap 
on the transformer should not be used . Po -

tentiometer is adjusted for minimum hum. 

• 

The three -element 
b a s s tone -control 
unit designed to ob­
tain power supply 
from main ampl ifier. 

• 

cibels boost or cut in reference to 1000 
cps, typical steady state response curYes 
heing shown in Fig . I. \Vhile very use­
ful in many cases, this type of tone con­
trol is not Yery likely to provide adc­
<JUate compensation for some program 
sources as well as the listener's speaker 

to a.c . heater operation may usually be 
eliminated hy the simple arrangement 
of Fig . i . The value of the bypass ca­
pac itance is not critical ( values less than 
1.0 ,Lf have heen used succes:.iully ) . 
Satisfactor\' hum reduction may often 
he accompiishe1I by eliminating the bal­
ancing potentiometer and connecting the 
positive hias to the center tap of the fila­
ment t ransiorrner. \\'hen the halanciug 
poten tiometer is used it is well to locate 
it all(! the as~ociate<l bypass capacitor 
near the tirst stage oi the preamplifier 
as it takes the place of the usual ground­
ing of one side of the heater line. 

Illustrative Preamplifier Circuit 

As an illustration oi the principles 
discussed in this ar t icle, Fig. 3 gives the 
schet11at ic oi an easily const ructed pre­
amplitier designed ior use with the au ­
thor's Ultra-Linear \\'illiamson power 
amplifier. This preamplifier has ample 
gain for use with a low-level GE reluc­
ta11ce cartridge and carries co111pe11sa­
tion fully 1lown to 30 cps for the highest 
turno, er freq uency. At maxi111u111 gain 
settings approximately one-third ,·olt in ­
put on the high-level inputs 3 and 4 will 
drive the power amplifier to full output. 
The a1Jthor's unit is co111pletely con­
tained withi11 a 10 x 4 x 2¼ inch alumi -

s,·stem, room acoustics, and individual 
timsical tastes . 

T he bass-boost circuitrv described in 
this article is an attempt to provide a 
musical iorm of bass emphasis similar 
to the kind generated naturally hy good 
acoustics. To clo this, particular atten­
tion has been paid to the transient char­
acter of most bass sounds as well as 
some of the significant factors of human 
hearing. The results obtainable shoulrl 
he highly valued by the listener who 
desires good, full, audible and "feelable" 
bass togethct with a minimum of inter­
action or apparent distortion of high 
frequencies . 

Figure l shows three of the most 
commonly used methods of bass boost. 
These are the R-C network. the R-C-L 
or resonant circuit, and the in\'erse­
feedback method of obtaining bass em­
phasis. A fourth type of frequency 
emphasis is obtained by altering the 
feedback path of a triode or pentode in 
such a manner that the circuit simulates 
a resonant inductance-capacitance com-

1111111 box. In constrnctinK the preampli ­
fie r it is i111portant to keep to a minimut11 
the stray capacitances in the treble co111-
pensation circuits ancl in the i11put con­
nection to the 12AX7. If the preampli ­
fier is to he used onlv with a Pickering 
cartridge, or any other make of sit11ilarly 
low inductance, it would be well to 
double the compensation capacitor con­
nected to the first I?:\X7 grid to 1000 
,LfLf and re<lucc to one-hali the values 
given ior all the l"Ot1tpensat ion resistors 
connected to the treble switch points 2, 
3, 4, and 5, thus reduci11g stray and input 
capacitance prohll'mS. 

In the author·s opinion. any acljust­
t11c11t of the syste111 frequency response 
beyond t he simplest that will co111pen­
sate for the recording cha racteri st ics of 
the disc heing playe1I will deteriorate the 
transient respo11se. As a concession to 
si tuatio11s in which simulated li,·e pro­
grat11 loudness is undesirable or unper ­
t11issahle, the circuit oi Fiy. 3 has been 
clesig11ed to i11.:orporate a11 I RC lo1Jdness 
control. For this control to function 
properly the level control must be set 
to gi,·e si111ulated live progra111 lo1Hlness 
with the loudness control at its maxi ­
mum sett ing. :\[ uch of the criticism of 
loudness control~ has come fro111 failure 
to do this. 
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bi11at io11. Though more complicated 
than the LC circuit of (B) in Fig . 2, 
This circuit has a number of dist inct 
advantages. It ref]uires no expensive 
high-Q inductances, and is therefore not 

Fig . 1. Comparative steady-rate response 
curves of conventional bass -boost circuit (A) 

and resonant bass boost (8 ). 

susceptible to hum pickup from stray 
magnetic fields Likewise, it is a high­
impedance device with essentially zero 
insertion loss am! as such is easily 
adapted to, or combined with, other 
audio circuitry. In addition, control of 
the circuit is very flexible and apparent 
Q's from zero to near infinity may be 
obtained by varying the setting of a 
single potentiometer . 

The steady-state response curves of a 
simulated resonant circuit are shown in 
Fig. 1 in comparison with those of a 
conventional tone control. Two factors 
are worth noting: First, that the curve 
obtained is such that aclded accentua­
tion is obtained in the low-bass region 
where it is frequently neetletl to com­
pensate for poor speaker an ,I batnc ci ­
ficiency, inferior acoustics, and possible 
rle_fects in original program material. 
Secondly, the response can be made to 
drop off quite sharply below a chosen 
frequency in order to reduce the pos­
sibility of amplifier or speaker overload 
by very-low-frequency components, or 
in some cases to attenuate serious hum 
in the program material. 

Steady-state measurements tell only 
part <;>f the story, and in many cases the 
transient response characteristics will 
he more important in determining what 
the reproduced bass sounds like. FigHre 

. ' 

3 shows a series of scope photos illus­
trating the effects of various types of 
bass circuits on transient pulses. In the 
case of the synthetic resonant circuit, 
nearly pure bass fundamentals are gen­
erated from the transient pulses not only 
at the main resonance frequency, but 
for an appreciable range on either side. 

The synthetic construction of funda­
mental tones from transient pulses may 
be considered to gi,·e the following 
benefits. It tends to duplicate effects 
produced naturally by good acoustics, 
it tends to provide a signal more easily 
reproduced by present day speakers, 
and-rather paradoxicallv- it can result 
in better apparent highs. ·This last char­
acteristic is a psycho-acoust ic effect re­
sulting irom the fact that the masking 
characteristics of the low-frequency re­
production are radically changed. As a 
result, more bass boost can be used 
without drowning out the highs with 
strongly masking pulses or noise com­
ponents. At the same time it may he 
found that certain transients become 
semi-audible that were not reproduced 
at all previously and these give a soft-

•• I A l (8) 

•• l<.I IOI 

Fig . 3. Oscillosco pe photos showing pulse series 
with re petition ra te of 100 cps. (A) shows ini­
tial pulse shape; ( 8) shows output of R-C bass• 
boost network such as that of (A) in Fig . 2 ; 
(C) illustrates output from feedback type of 
boost circuit; and (D) is 'scope trace of output 

of the three-clement bass -boost circuit. 

ening and more musical effect to what 
might otherwise be strident highs. 

In addition to its pulse-forming char-

Fig . 2. Bass-_boost circuits-(_A) is the. resistance -capacitance circuit; (8 ) is the resonant circuit, 
usually low impedance; (Cl 1s the feedback type of bass equalization; and (D) is the simulated 

resonant circuit, with frequency determining elements shown in dotted box. 
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actenst1cs, the resonant circuit has an­
other aspect that has suffered consid­
erable misunderstanding. This is the 
fact that a high-Q circuit will generate 
"hangover" when shock excited. Un­
fortunately, hangover has come to he 
associated with a host of undesirable 
distortions in bass reproduction, and as 
a result, resonant circuits have been 
little used in recent years. Actually, a 
thumpy or boomy reproducing system is 
apt to be suffering from too little hang­
over rather than too much. The reason 
for this is that rapidly damped wave 
trains produce strong "side-bands," or 
adjacent frequencies, and the ear tends 
to hear and be irritated by the spur ious 
high-frequency components of a too­
rapidly damped bass note. Similarly, 
adjacent resonances in the speaker . 
baffie, or acoustics tend to be strongly 
stimulated and consequently may pro­
duce disagreeable beats. 

The introduction of art ificial hang­
over before the loutlspeaker means se\'­
eral things. Short duration wave trai ns 
are lengthened and non-symmetrical com­
ponents are largely eliminated, with the 
result that an objectionably pitched 
speaker or cabinet resonance is much 
less apt to he stimulated. Similarly. 
fewer spurious sidebands are produced. 
with the result that the listener hears 
deeper and clearer bass. This last may 
be considered of definite importance 
when listening at low le\'els due to non­
linearity of the ear which gives the 
effect oi heavily dampecl wave trains. 
However, certain precautions should he 
taken to secure optimum results with 
resonant bass boost circuits. In tile av­
erage phonograph, there are apt to be 
three major sources of mechanical res­
onance in the bass region . These arc the 
loudspeaker, the speaker cabinet . and 
the phonograph pickup arm, and some­
times the proper combination of these 
elements can result in a system with 
warm, vibrant, bass without electrical 
boost. llowever, if the electronic reson­
ance is peaked at or near the frequency 
oi one of the mechanical resonances 
very disproportionate response may 
occur . 
Practical Circuit 

Fig11re 5 shows the schematic of a 
bass-boost circuit which employs three 
different resonant elements. Hy using 
two or more resonant elements in the 
bass region the over-all response may 
be more closely compensated for and 
tendencies toward "one-note" reproduc­
tion are greatly reduced . In the circuit 
shewn, each control serves a dual pur­
pose, acting as a means of controlling 
the "Q" oi the resonant element as well 
as an attenuator of that particular chan­
nel. Thus, when the three bass controls 
are turned all of the way down, no bass 
boost occurs . \Vhen the controls are 
turned part way up, a low " Q " reso­
nance is simulated a11tl pulse forming 
occurs. \Vhen the controls are turned 
all the way up, a high '·Q" resonance is 
simulatecl anti artificial hango\'er oc­
curs. The fourth control shown is the 
input level to what is called a "side 
amplifier," a channel which introduces 
no frequency discrimination, and which 



is usecl to set the level of the high -fre­
quency response in comparison to the 
bass. In some respects, this part of the 
circuit is worthy of special attention i:1 
itself, inasmuch as the slope of the 
high-freq11ency response curve is not 
changed, h11t merely the relati\'e am­
plitude of all of the highs. This means 
that it is possible to achie,·e emphasis of 
clarity giving micldle highs without 
adding excessive high-frequency noise 
to the reproduction . 

While the unit shown in Fig . 5 ob­
tains power from the main amplifier , 
the system shown in Fig. 4 is com­
pletely self containccl, and is designed 
for easy insertion between a crystal 
pickup or a preamplifier and the main 
power amplifier. The self-contained 
power supply, shown in Fig . 6, f11rnishes 
a B+ voltage of about 150, which is 
adequate for most purposes . This sup­
ply can be incorporated into a single 
chassis, as in Fig . 4. ancl will mount 
readily in a 3¼ x6x2 in . chassis. In a 

Fig. 6. Power supply incorporated in unit shown 

compact, self contained, uni t, care 
should he taken that the two dual triodes 
are located in the minimum field from 
the power transformer. This position 
can 11sually be located hy means of a 
small pickup coil- s11ch as a magnetic 
phono cartridge- and a high -gain am­
plifier, the hest procedure being to de­
termine the point of minimum field in ­
tensity from the power transformer 
heforc any of the components are 
mounted. This may he done hy con­
necting the primary leads of the trans-

• 
Fig. 4. Three -clement 
boss -boost c i r c u i t 
w i t h self-contained 

power supply . 

• 

former and mov ing the exploring coil 
about it until the region of minimum 
field is established. 

Performance 

The frequency of each resonant cir­
cuitis determined by the \'al11es of the 
three resistors and capacitors in the 
feed hack loop. J nc reasing the value of 
any of these components will lower the 
resonant frequency, while ,lecreasing 
the values will raise the point of reso­
nance. Suggested values for specific fre ­
quenc_ies arc shown on the diagram, hu t 
superior performance with a given audio 
installation may likely he obtained with 
a different group of freq11encies selected 
to match the resonances of the system. 

Bass tone is likewise strong.ly intlu ­
e~1ced _hy the amount of low-frequency 
d1stort1011 present in the si~nal source 
or reprod11ci11g eq11ip111e11t. In the con­
struction of the three-wav hass circuit, 
the use of different components tend to 
alter the character of the resonant decay 
curve d11e to changed linearity charac-

Fig. 5. Schematic of to ne control system using three d ifferent simulated resonant e le ments, 
a side omplier, and a cathode -follo wer output. Note that no over -all volume control is included. 

Resonant frequencies ore 45, 80, and 120 cps. 

teristics. For example, the substitution oi 
pentodes for the triodes shown in the 
~chematic may prod11ce signiticant. 
though not necessarily undesirable. 
changes in tone color. Likewise, when 
11 ~111;::- larger \'alues ot capacitance in 
the feedhack loops, such as .01 i•f or 
greater, the effect of dielectric hysteresis 
may alter the resultant soun rl, but in 
some cases thi s may be beneficial. 

Asiclc irom the benefits of deeper and 
more musical bass, the use of the three­
element bass control seems almost to 
ad<l a new dimension to radio broadcasts 
a nd the various elements of a stat ion 's 
technical persoJ1ality seem to stand out 
more clearly d11e to the superior repro­
duction oi low-frequency transients. For 
example a control room microphone 
that is poorly shock mounted may ex­
hibit an interesting serious of thumps 
and bumps while the operator is reading 
news or changing records in the middle 
of an announcement. Similarly, matters 
like hum in different audio channels, 
microphonics. turntable or record rnm­
hle, a ir conditioner noises, and so on , 
tend to show up more clearly. Of course, 
if these sounds become too dist racting 
they can easily he eliminated by proper 
setting of the bass controls, a procedure 
somewhat easier than getting out the 
hammer and saw to mocliiy the acoustic 
1·esonances of the room or cabinet. 

In conclusion, the use of mult iple 
resonance hass ci rc11 its sho11 Id appeal to 
many listeners who desire fullness in the 
lower registers. To elate, the onl v detr i­
mental effects that have bee1; noted 
\\'hen using circuits of this nature are 
iound when the electronic resonance is 
set too closely to one of the mechanical 
resonances oi the system, or when ex­
cessive distortion elsewhere has tended 
to counteract the benefits deri,·ed . Par­
ticular attention might be paid to the 
elimination of cabinet or room rattles 
which may be generated hy the funda­
mental hass tones. S im ilar!~, ampli ti ers 
such as the "Ultra-L inear" are recom­
mended. 
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Fig. 2. Cumpletc sdcmatic diagram except for d.c . heater supply. 

Versatile Control Unit 
For The Williamson 

CHARLES R. MILLER '' 

A combination preamplifier, tone controls, and bandpass filter 
giving minimum noise and distortion and maximum convenience. 

IN TIIF. FI ELO OF IIO~IE IIIUSIC reproduc­
t ion, the \Villiamson amplifier and its 
111.:>d itications have come to en.ioy pre­

eminence due to outstanding perform­
ance, but there has been no similar stand­
ardization in tone-control and preampli­
fier units intended to complement the 
Williamson . The unit described in this 
article is an attempt to meet that need. 

Functionally, the unit is divided into 
fi\·e sections as shown in Fig. 1. First, it 
was decided that to preserve a high sig­
nal-to-noise ratio, all tubes were to be 
operated with direct current on the heat­
ers, and secondly that all the sections 
111ust be capable of low-distortion per­
formance matching the \Villiamson. The 
first specification can be met most easily 

• The Graduate Ho11se, J.fass . [11st. of 
Tech110/ogy, Cambridge 39, Mass. 
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hy using all the heaters in series as the 
cathode-bias resistor of the power tube~, 
using a method to he described later. It 
was felt, further, that the second could 
he met only by using negative feedback 
on each stage. \\'hile it may be argued 
that the signal in low-level stages is so 
small that negative feedback is not 
needed, it has been shown that this is 
not the case.' 

' \V . B. Bernard, "Distor tion in \·oltage 
amplifiers," Auo10 ENGINEERING, Feb. 1953. 

The complete circuit appears in Fig. 2. 
The design of the preamplifier V,-V, is 
fairly conventional, with the equalizer 
values R,, R,, C,, and C, being obtained 
by appropriate transformation of the 
networks given by Boegli'· • for record 

' C. P. Boegli, "A preamplifier for mag­
netic and crystal pickups," Radio and Tclc­
'l:isio11 News, July 1950. 

• C. P. Roegli, "An improved equalizer­
preamp," Nadio a,1d Televisio11 Ne,t•s, April 
1951. 

Fig. 1. Block diagram 
of the control unit . 
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compensation. The gain-frequency cha r­
acteristics of the preamplifier for var ious 
equalizer values is as shown in Fig. 3. If 
simpl icity is desired, the network shown 
as the compromise network can be used 
and any additional correction needed 
obtained through the tone controls. It 
should be noted that in no event are half­
watt resistors used, these generating a 
much higher noise level than woultl he 
predicted on the basis of thermal noise. 
Furthermore, cathode bias is used in the 
second stage to reduce distort ion' 

There may he some question as to the 
use of the 12AX7 as the preamplifier 
tube for low-noise serv ice instead of the 
12A Y7. Fairly extensive tests were made 
011 the noise and hum level to be expected 
from various tubes. In particular, about 
two dozen 12AX7's and 12A Y7's were 
checked for noise equivalent input at the 
grid. The equivalent hum and noise input 
were compared, both for a.c. and d.c. 
heater operation, with the only point of 
superiority of the 12A Y7 being in the 
matter of hum with a.c. heater operation. 
With d.c. heater operation and the usual 
gain vs. frequency characteristics for 
phonograph equalization, the most im­
portant source of noise is flicker noise, 
presumably caused hy cathode poison­
ing.• 

Flicker noise varies invuselv as the 
square of the frequency and hence the 
output due to flicker noise varies in­
versely as the cube of the frequency. For 
the tests mentioned, there "as more va­
riation within a given tube type than 
from one type to another. In any event, 
the average 12A X7 was !Jetter than the 
average 12A Y7 for flicker noise. Repre­
sentative 12AX7's in the preamplifier 
gave an unweighted signal-to-noise ratio 
of 68 db for a nominal 1 volt output ( 10 
mv input at 1 kc ) . As predicted, the out­
put noise spectrum had the sharply ris­
ing low-frequency characteristic typical 
of flicker noise. Hum level was so far 
helow this noise as to be unmeasurable. 
In the complete schematic (Fig. 2 ) c,., 
R,., and R,, are for the purpose of elim-

• Valley and \Vallman, "Vac1111m Tu be 
A111p!ifirrs.'' Radiation Lab Series, Vol. 18, 
l\lcGraw-Hill, Xew York, 19-18. 
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inating switching transients due to 
changes in d.c. level. 

The input cathode follower V, and the 
output cathode follower V, are perfectly 
conventional, serving the purpose of iso­
lation and impedance transformation. A 
dual-potentiometer gain control gives 
best compromise between minimization 
of distortion and noise. If only an input 
gain control were used, noise generated 
in the following stages would reduce sig­
nal-to-noise ratio and if only an output 
gain control were ~sed, distortion might 
be caused in the preceding stages due to 
overloading. It may be asked why elec­
trolytic capacitors were not used in the 
cathode followers. First, it is the writer's 
experience that such capacitors are a 
source of noise and distortion and should 
be avoided whenever possible.5 Secondly, 
a definite low-frequency cutoff was 
wanted to insure stability. Wow in a 
turntable can easily overload a poorly 
designed system in which the amplifier 
is very nearly at the motorboating point. 
It is idle to talk about flat response down 
to suhaudihle frequency unless the lis­
tener is prepared to "listen" with air­
tight seals between his ear tlrums and the 
loudspeaker cone. 

Filter ;ind Equalizer 

The tone control stage V, perhaps 
needs explanation. This is simply an 
anode follower• with feedback voltage 
determined by the impedances between 
input, control gri"d, and plate. If the in­
ternal gain of the stage is infini te and 
the input impedance at the grid infinite, 
the over-all gain can be shown to be in 
the ratio Z,/ Z,, where Z, is the imped­
ance from plate to grid and Z, the im­
pedance from input to grid. More simply, 
the actual input signal is determined by 
the setting of the two controls, Ru and 
Ru. Bass signals go through the upper 

• J. E. Lilicnfel<l and C. R. l\liller, "Dis­
tribution of conductivity within dielectric 
films on aluminum," lour. E/ectrochem. 
S oc., l\!ay 1953. 

0 P. ]. Baxandall, "Negative feedback 
tone control," W ire/ess iv orld, October 
1952. 
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section and treble through the lower. 
With either control arm nearer the in­
put, the corresponding output signal is 
boosted, and with the arm nearer the 
output, the output is attenuated. The re­
sulting frequency response is as shown 
in Fig. 4. One advantage of this system 
is that at boost positions, there is still 
enough negative feedback to insure very 
low distortion. One disadvantage if the 
circuit were to be used with a.c. heater 
operation is that the actual grid signal is 
very low and consequently hum trouble 
might be expected. Note one important 
precaution-the potentiometers used are 
linear-taper units and are not the usual 
logarithmic controls used in conventional 
tone circuits. 

The bandpass filter is of conventional 
design with a 12-db-per-octave slope at 
the high-frequency end. To preserve bal­
anced response c,, was selected to give 
low-frequency cutoff matching that ;;.t 
the high-frequency end, as it was fe: t 
that an additional 12-db-per-octave high­
pass filter at the low end was not justi­
fied. The Chicago Transformer NSl- 1 
unit was ~pecified since tests showed thi·s 
choke to have the highest self-resonant 
frequency of any of the commerciall-y 
available units. Note that if the self­
capacitance of the choke is too high, the 
filter is converted from constant-k to m­
derived operation, with consequently less 
satisfactory transient response. The 
values of resistance and capacitance 
were chosen for critical damping and not 
for maximally flat response. The result­
ing behavior is shown in Fig. 5. 

The power supply for the control unit 
is somewhat unconventional. The heater 
current is taken from the main amplifier 
by using the cathode currents of the out­
put tubes, about 15 ma drain from B+ as 
shown in Fig. 6. Previous tests on the 
\Villiamson have shown an almost con­
stant current taken by the output tubes 
for any power level up to the. overload 
point. To prevent a burnout of one of the 
heaters from pulling the cathode voltage 
up to B+, a neon lamp is inserted as 
shown. In normal operation the lamp is 
below 50 volts and thus will not fire or 
affect operation. Burnout of a heater is 
signified by the neon lamp glowing, at 

TREBLE CONTROL 

ONE·HALF COUNTER CLOCKW ISE 

-,o,~ ~~r·-r 1 rn 11 1 
FULL COUN TER CLOCK WISE 

I I II l 
70000 

FR EOUE ,...C Y IN C YC LES P ER SE CO ND FREQUENCY IN CY CL ES PER SE COND 

Fig. 3. (left). These curves show the equalization afforded by the various comb inations of C,-C.-R,- R,. Fig. 4 (right). The range of tone control 
available from the circuit. 
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which time the svstem should of course 
he turned off and, the trouble fixed . This 
scheme has the further advantage of pre­
venting B+ from rising to a value de­
structive to the electrolytics if one of the 
heaters should burn out . The second fea­
ture oi the power supply is that B+ for 
the control unit is taken from voltage­
regulator tubes. This simple precaution 
will save a good deal of grief in trying 
to design for decoupl ing adequate to pre­
vent motor boating. It is also usually 
more economical than the electrolyt ic ca­
pac itor s needed to g ive the same low-f re­
quency stability. 

Final Results 

To test the total distortion generated 
by the unit, an intermodulation analyzer 
would be best. Without access to such a 
unit , the iollowing test procedure was 
adopted. Equipment layout was as shown 
in Fig. 7. With the tone controls set at 
tlat position and the gain control at max­
imum, the signal from the GR Micro­
volter was raised until the output was at 
the desired level. At the design output 
level of l \'Olt, the distortion was unmea­
surable for any setting of the tone con-

FINAL POWER 
AMPLIFER STAGE 

+ 4 4 0 V 

3 1uma 

Fig . 6. D.c. for the heaters is token in th is 
manner from the cathode circuit of the final 

stage of the Williamson . 
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Fig. 7. (a bove). Test setup for distortion measurements. 

t rots or the filt er. Fo r 10 volt s output 
and maximum bandpass. the distort ion 
was about 0.1 per cent. With 10 volts 
output an d minimum handpass , the dis­
tortion increased to 0.3 per cent. How­
ever, since 10 volts represents a value 20 
dt> above overload for the main amplitier. 
it is felt that for normal operation, both 
harmonic and intermodulation di stortion 
will he negligible. Since most of the dis­
tortion is caused by the ti lter loading the 
tone control output, thi s could he made 
negligible by insert ion oi a th ird ca thode 
follower to drive the filte r. For the 1-
volt operating level, th is was not deemed 
necessa ry. 

The mechanical layout is qu ite normal. 
The entire control unit is built within an 
8 x 12 x 3-inch chassis (see Fig. 8 ) , with 
the tuhes heing arranged on a terminal 
board, which it self is shock mounted by 
means of g rommets. To keep electro­
static coupling from getting hum into 
the signal circuits, the power swi tch and 

fig . 8. Photo of the 
unders ide shows 
term inal -board con -

struction . 

pilot light are external to the main chas­
sis as shown in the photograph. There is 
thus no 60-cps source within the chassis . 
Magnetic coupling is prevented by the 
usual wiring practice of a ground bus 
connected to the chass is only at the in­
put. The shorting switches used for the 
signal circuits are the new Centralab 
PA2000 series, which both are smaller 
and gi\'e better periormance than the 
usual wafer type. The additional tube 
socket is for a proposed microphone pre­
amplifier. When and if this is used, the 
12AU6 tone-control tube will be replaced 
by a 6Bll6, with a second 613ll6 for the 
microphone preamplifier. In any event, 
the total heater voltage will be 36 volt s 
for the series string. The electrolytic ca­
pacitor used for filtering B+ within the 
control unit is mounted on a Mallory 
PS-6 socket for easy repk.cement. Ven­
tilation holes are drilled in the bottom 
plate:. 

(Co11cl uded at bot/om of nex t page) 



Preamp with "Presence '' 
C. G. McPROUD 

Introducing a circuit which departs from "flat" to pro­

vide the elusive quality called presence, and which incor­
porates most of the features desired by the critical listener. 

WHILE THE GE:-;t:HAL TREND in alll­
plilier and equipment construction 
has usuallv heen in the direction 

of completely "tiat'' response cur\'es, it 
is well estahlishecl that certain types of 
correctio11 arc useful to compensate for 
microphone placement, ior cleticiencies i11 
equipment, and for personal preference. 
HO\ e,·er, the use of a separate cont rol 
for i11creasing "'presence" has not hee11 
int ro<lucecl in home equipment to date. 
alt hough it has heen used in profess ional 
equip111cnt for many years-although not 
necessarily hy that name. . 

In the early 30's, certain types oi 1011,l­
speaker syste111s in theat res were in need 
of some form of correct ion in the mitl­
rang-e to increase the illusion of realism . 
It is prohahle tha t the cleticiency was due 
to the speakers the111seh·es, out in any 
case a cor rection in the form of a small 
hoost s0111ewhere between 2000 and 3000 
cps was in troduce,! to impro,·e presence. 
The boost was of the order of 4 ,lo, and 
was usually located at 2700 cps. 

FollO\ ing some experimen tation aloug 
tlwse lines, it was found that the addi ­
t ion oi a hoost ra11ging from 4 to 6 dh at 
2700 cps ga,·e the illusion of moving a 
solo violinist out in front of the loud ­
speaker, or of causing the singer with a 
popular hand to step out in front . Acl-
111i ttedly the effc-ct is slight, but it is suf­
ficic.'ntlv noticeable to warrant its inclu­
sion in. the amplifier to he described. 

VERSA TILE CONTROL UNIT 
(from prcccdiug page) 

Modifications 
The schematic of the amplifier- Fig. 1 

--shows fixed values for the frequency­
<ktennining clements, C, C,, and R,, and for 
the values shown, the turnover would be at 
at>)>roximately 375 cps. aml the high-fre­
quency response woul<l be clown approxi­
mately 6 db at 10,000 cps, which closely tits 
the ff rr curve. These values can be changed 
to suit the ind ividual preference. or the 
circuit can be arranged so tha t various 
values conlcl be switched in at will. C, con­
trols the turnover frequency an<l R, cont rol , 
the amount oi flattening or deemphasis at 
1he low end. 1 he amount oi rolloff is co11 -
trollcd by the capal·i tor C,. 

For equalization to fit the Rl:\A cun·e 
-which is becoming more and more the 
standard in the industry- it is advisahll· to 
dccn·ase the value of C, to .0035 Jtf, chan~<' 
I< , to 1.0 megs. ancl increase C, to 4i0 ,,,, i. 
This should give suit able results with almost 
any LP record. provided some adjusting of 
the tone control s could be resorted to. For 
other equalization curves. the values shown 
in Table I could be substituted for those 
in Fig. 1. 

The Complete Circuit 

Every so often, a confirmed experi ­
menter ieels the urge to make a change­
usually ha\'ing in llli11d the desire to arid 
one or more operating features which 
appear to he clesirahle. l{eviewing the 
real or iancie,I faults in existing cir­
cuitry, the , riter planned a prean1plitier 
and tone-control amplifier which would 
incorporate all oi the clesi reel featu l es . 
Taking the steps one l>y one, they add 
up about as follows: 

:--ome preamp! i tiers do not operate as 
quietly as would he desire,1- ha ving a 
hiss or hum level too high for complete 
satisfaction. Furtherlllore. it was ielt that 
the 10\ - iref]uency boost required fo r 

Fig . 1. (left), Centrolab Couplatc for the 
tone -control circu it . (Right), the Couplatc as­

sembled on a dual -concentric control. 

TABLE I 

Component Value5 
Equalization 

for Different 
Curves 

Cur'wc 

RIAA 
ff rr 
Col 78 
RCA 78 
Old AES 
Co l LI' 
Co1111>romisc 

C, 

470 '"' i 
.?20 

1000 
470 
,,zo 

1000 
470 

C. 
. OO.l5 1tf 
.00 -1 
.110-l 
.0!!3 
.004 
.005 
.005 

l.01m·g 
4.3 
4.3 
1.8 
1.6 
0.56 
1.2 

The value for R, is that specified by 
the picku1, manufacturer as optimum. . \ 
2-watt unit is rt>con11nendcd to l'nsurc low­
noise operation . 

l 'AHTS 1.rsT 

C,. C, See Table I 
C, 2400 ,,µf. mica, 5% 
C, ]2UO Jqtf, mica . :i o/o 
C, 560 ,,,, f. mica, 5% 
C. 270 1tJ1f, mica. 5% 
C,, C,, C,.,, C,,, 0.25 ,.r. 600 v. paper 
C •. (. ,. 50 µf. 25 v, electrolytic 
C ... C11, C,. 0.1 ,,f. 600 v, paper 
C,, 1.0 1tf. (,00 v. paper 
C,,, C,1 4i00 !l!•f. 400 v, 1>aper 
C,, 100 JtJd. mica 
C,, 0.15 µf. 600 v, paper 
C,. Z rtf . 200 v. paper 

magnetic pickups hegan to flatten off too 
soon, resulting in insufficient hass in the 
lowest range-that is, helow SO cps . 
Some amplifiers have insufficient colll ­
pensation characteristics for the lllOSt 
critical listener . ancl while the trend for 
the newcolllers to hi - ti seems to be to 
reduce the nulllher of available curves­
largely hl·ca11se those who are entering 
the hi-ti field ·'fresh" will generally build 
their libraries excl11sivelv irom the LI' 
and 45 catalogs-there is some a<l\'an ­
tage to having colllplete flexibility. 

The tone-con trol circui t first described 
hv Baxendall ' a 11d more reccn th· for use 
,~ith American ttthes hy Harher 2 offe-s 
some interest ing poss ibilities. Principal 
among these is the varia t ion in the in­
tlection point as the amount of boost or 
cut is ch.>.nged. The ad,·antag-es of this 
show up when using a wide-range loud­
speaker systelll wi th usual source mate­
rial-both records ancl ra,!io programs. 

In addition to the presence control, it 
also seemed desirable to incorporate a 
low-pass tilter system into the amplifier, 
and the L-C network descrihed hv .Mar­
kow' was investigated for the p~irpose. 

, /Vir.-less ll ·ortd. October 1952. 
2 Basil T. Barber. ·•Flcxihle tone control 

l·ircui1." Sec page J-1. 

" Elliott \V. Marko,,·. "Recore! i111pr0\·e-
111e111 wi1h Id. cutoff tilters." Sec page 63. 

N" 
N,o 
/,, ,, 
R,, 
!<,,. A>,, 
R,,, R,. 
R", R,, 
Rn, A,u 
R,IJII , IJ 

R ,,, R,.. R,, 
!<,,, !( ., 

R,, 
R,,, R,i 
R,., 
N ,, 
R,. 
l<.u. R"' 
R,, 
V,. V, 
V,. l ', 
v. 

0.8 Hy 
0. 11 meg-. 2 watts 
Sc-e Tahle I 
15.000 oh ms. 
22.(H)O ohms. 
36.000 ohms . 
62.000 ohms. 
Sec text 

wa tt. 
watt . 
wat t. 
watt. 

1500 ohms, depositecl car ­
bon. I o/o 
0.22 111eg. 2 watts 
1.0 meg. I watt 
0.15 meg, I wait 
2-100 ohms. 1 watt 
10.0 megs, 1 watt 
1.0 meg. 1 watt 
1600 ohms, I watt 
15,000 ohms. 2 watts 
I hlill 25.000-ohm pot.,nti­
ometcr, linear taper 
0. 1 meg, 1 watt 
1.0-meg potentiometer. lin ­
ear taper 
0.47 meg, I watt 
-17.000 ohms, 1 watt 
(,8.000 ohms, 2 watts 
560 ohms. 1 wall 
0.22 meg. 2 watts 
33,000 ohms. 2 watts 
18,000 ohms, 2 \\atts 
Two halves of 12AXi 
Two halves of 12:\T7 
12AU6 
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Fig. 2. Resistor mounting card assembled in small chassis with four sockets attached . Ter­
minal lugs may be staked into any desired holes in the board, and thus fit any circuit. Grid 
and input circuit components are on the top side; plate and decoupling components are 

located on the bottom. 

And as this writer has long heen a pro- crafted units hecanse of the difficul tv of 
ponent of the loudness control, this too obtaining these strips with terminals Io­
had to he included- hut with some form cated ideally for the particular ci rcuit 
of decompensation which coulcl easilv he being built. I lowever, with the Alden 
an uncompensatecl volume control. • terminal cards. any desi red number of 

Adding these up, one arrives at the tern1inal s mav he installed exactlv where 
astonishing figure of eight as the re- the user wishes. Figure 2 shows tl1e main 
qui red numher of controls, nearlv as had terminal board with the four sockets at­
as the early TV sets hefore the trend tached to it and with most of the ter­
toward simplificat ion resulted in sets minals in place. Detaill'd information 
with only two knobs. Follownig the same about the terminal boards and the method 
procedure, the amplifier was plannecl to of using them is includecl with the con­
use only four "apparent" knobs-each structional data. 
being a dual concentric control. Thus 
the phonograph preamplifier becomes a 
dual switch each with five positions; the 
tone control becomes a dual-concentric 
assembly of two potentiometers; the 
presence control and the low-pass tilter 

• switch are combined into a third unit; 
and the fourth consists of another dual­
concentric control--one section heing 
the loudness control and the other being 
a volume cont rot. 

Ohvioush , iew of these units are 
readily ava.ilable from jobber stocks, so 
they were described to Centralab, and 
the four complete units were soon forth­
coming. Centralah engineers had already 
designecl the Senior Compentrol, which 
combines the loudness control with a vol­
ume control, and which employs a 
printed circuit ''Conplate" with all the 
compensating elements. A stucly oi the 
Baxendall circuit inclicate,I that another 
Couplate coulcl he built with three ca­
pacitors ancl four resistors in a single 
unit, as shown at the left in Fig. 1, and 
assemhled onto the dual potentiometer at 
the right. Thus the construction of the 
entire tone-control circuit is consider­
ably simplifiecl. A standarcl line of Cen­
tralah units- available primarily to 
manufacturers-incluclecl dual concentric 
switches and clnal units with a switch 
and a potentiometer. These were kept in 
mincl during the layout of the amplifier 
circuit, and when the requirements were 
settled, the problem of making the con­
t rots was left to Ce11tralab. All four units 
are available fo r anvone who wishes to 
dt1plicate the amplifier. 

One of the features of the construction 
is the use of "custom-built" mount ing 
hoards for many of the components. 
While resistor-board construction is not 
uncommon in factory-buil t equipment, 
it is less often encounterecl in hand-
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Preamplifier Details 

The amount of low-frequency boost 
available from the conventional equalized 
feedback circuit depends upon the gain 
available from the two tubes. Consider, 
for example, the use of two sections of 
a 12AX7 with gain of aronn<l 40 for each 
section, or a total gain oi 1600. This 
corresponds to approxin1ately 64 dh. For 
an out put of I volt and an input of IU mv 
at IUOU cps, a gain of 100 is required, 
which is 40 clh. This gain must he avail ­
ahle at IUOU cps. I lowever, to provide 
the low-frequency boost required for 
proper equalization of magnetic pickups, 
it is necessary that an additional gain of 
20 db he avai!ahle at 50 cps (ior a 500-
cps turnover). Since the maximum gain 
available from the tube is around 64 db 
ancl .W is required at 1000 cps, the re­
maining 24 is all that is available for 
boost of the low frequencies. Now the 
frequency-response curve does not con­
sist of two straight lines, but is composed 
of the flat port ion ahove turnover, plus 
a port ion which increases with lowering 
frequency at the rate of 6 clh per octave, 
plus a portion which is again flat. hut 
which represents the total g-ain oi the 
two sections of the tnhe without feed ­
back. These thrt·e straight lines arc 
joinecl with curving sect ions, as show11 
in Fig. 3. 

From this, it is seen that there is 
hardly suflicient low-frequency boost 
available from a 12AX7 to provide full 
equalization for the AES curve nor for 
the 800-cps turnover. if the compensa­
t ion is to extend fullv to the lowest frt' ­
qnencies to be passed. This discussion 
does not apply to the New Orthophonic 
cun·e, since 11 rolls off with a maxi­
mum required boost of 18.6 ell> at 30 cps. 
The LP and N.-\RTR curves are similar 

111 the low-frequency range. 
\\"hen tuhes with less gain than the 

12AX7 are employed, the difference is 
even more noticeable, which may account 
for a deficiency in low-frequency boost 
when a 12.\ Y7 is used in a cirrnit de­
signed for the 12AX7. 

To correct fully for the necessary low­
frequency boost, it is apparent that more 
gain is required from each of the tubes 
( or tube sections). The logical answer 
is to use two pentodes. Some pentodes 
are too noisy for this service, co11sider­
i1~g that the input signal is in the range 
ot 30 Ill\'. The circuit was first built up 
with 5879's, hut these tubes-while of 
excellent low-noise characteristics-have 
hardly sufficient gain to g-ive the clesired 
lo\\'-treqnency l>0ost. The Genalex 27!.9 
recently int roducecl in this countrv is 
claimed to have even lower noise" 'and 
hum than the 5879, hut it has an avail ­
able gain ahout equal to that of a 6AU6. 
The latter tuhe is likely to he somewhat 
noisy in low-level applications, particu­
larly ii a.c. is used on the heater. With 
the Z729, however, sui table performance 
with respect hoth to gain and noise has 
heen achievccl . 

The circuit is relat ivelv conventional. 
A feeclback circuit from ihe plate of the 
secontl tube returns to the cathocle of the 
tirst, and frequency corrective circuits 
are introducecl in the feedback loop. 
Series capacitors control the turnover 
frequency, with the New Orthophonic 
rolloff being obtained hy connecting a 
shunting resistor across one of the ca­
pacitors. The turnover frequencies avail ­
able are 800. 500LI' (for New Ortho­
phonic), 500. 400 (AES), and 300. 

The high-frequency rolloff is providecl 
by connecting suitable capacitors and re­
sistors across the feedback resistor to 
give rolloff of 4. 8. I.?. ancl 16 dh in aclcli -
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Fig. 3. Construct ion of the curve obta ined from 
,feedback network around two tubes . Curve is 

asymptotic to two straight lines. 

tion to a flat position . All of the switch ­
ing is accomplished by a Centralah 
Series 30 switch- the panel section con­
sisting of a s ingle deck with two 5_-posi ­
tion switches and the rear section con­
sisting o i another single deck with one 
5-position switch. All of the resistors 
and capacitors are mounted on the re­
sistor hoard, with flexible leacls connect­
ing to the swi tch. The schematic of the 
preamplifier is shown in the left portion 
of the over-all schematic, Fig. 4. The 
response curves oi the preamplifier sec­
tion are shown in Fig. 5. It will be noted 
from the schematic that no provision has 
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Fig. 4. Overall schematic of the preamplifier and control 

bec:n made for switching inputs. The pre- is used as a cath0tlc: follower. Further­
amplifier has inp11t and output jacks- more, there is rather more high -fre­
the input coming directly from the quency equalization in the tone-control 
pickup and the output being fed to a circuit than is considerecl <lesirahle. 
selector swi tch on the tuner. The output Since addi t ional gain was necessary, the 
of the tuner switch if fed hack to the first section is usecl as an amplifier with 
input of the tone-control section, and its improved performance throughout. In 
output is fed in turn 10 the power ampli- the final form the control section requires 
tier . There is no reason why the switch - an input of .08 volts for an output of 1.0 
ing should not be incorporated in this vol ts which gives some leeway for opera­
chassis if it is <lesire<I, b11t for the writ - tion of the volume a1HI louclness con trols. 
er's application the tuner switch was With the Couplate arnl the dual pot, it 
most convenient. Furthermore. this is only necessary to connect four wires 
nwthod provi rles complete flexibili ty and between the tube chassi~ and the control 
permits easy interconnection of other to have a compkte low- and high -fre­
preamplifiers or tone-control amplifiers q11ency tone-con trol circ11it. The re­
for comparative tests- a condition which sponse curves oh1ained are plotted in 
is often required in this particular in- Fig. 6 for the cc:nter or flat position and 
stallation. for two deg rees of both boost and cut. 

Tone-Control Section 
The secon<I section of V, feeds the vol­
ume control an,I the first section of V, is 
located between the volume control and 
the loudness control, giving complete 
isolat ion between the two controls aml 
eliminating- any interaction . The final 
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sections. 

tube section, V,b, is a cathode follower 
which feeds the low-pass filter circuit. 

The filter circuit is an arlaptation of 
the network describetl hy l\larkow.3 and 
is connected at the output of the cathode 
follower. This circuit requires the use of 
another inductance, hut the performance 
meets the specitication laid down hdore 
the construction was begun . The con trol 
is a Centralah 30a unit , and consists of 
four 5-position switches mounted on two 
decks and operated hy the outer shaft, 
together with the presence control- a 
50,000-ohm linear pot operated by the 
inner shaft. Three of the switch sections 
are used in the filter circuit, while the 
terminals of the fourth serve as tie 
points for the matching resistors, R u, 
R .. , R11, and R ... The eight capacitors 
and the four terminating resistors are 
mounted on another Alden terminal cart!, 
as shown in Fig. 7. The frequency -re­
sponse curves for the filter section are 
shown in Fig . 8. 

It may be arguer! that the presence of 

. '-

The remainder of the circuit comes 
mult-r this heading, although there are 
several other functions incorporate<! in 
this section of the amplifier. The first 
step consists of the "presence" circuit, 
which include,- f<,, , R11, R u, C, ,, C u, am! 
L. This is a simple loss network with a 
tune<! circuit in the shunt leJ.:' . The ltme<I 
circuit is shunted by a 50,00'.>-ohm linear 
pot which varies the amo1111t of boost 
from 0 to 6 <ih. The hoost is approxi ­
mately linear with respect to the .).mount 
of rotation of the pot. The 1.-C circuit 
is tuned to 2700 cps, and listening tests 
have shown that the L-C ratio prc:scrihed 
gives about the best effect. A smaller in­
ductance and larger capacitor could he 
tuned to the same frequency, hut the 
"hump" in the rcspon~e curve is narrow, 
and the subjective effect is not as de­
sirable. 

• 500L ~!ll!'li 

"'"' ~ 
,___ ._._ 

The Baxendall circuit provides no 
gain from the first tube section since it 

Fig. 5. Measured 
curves obtained from 
the preomplifier sec-

t ion. 
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the filter network after the output of the 
cathode follower detracts from the ad ­
vantage of the follo\\'er as an output 
source- usuall y considered desirable in 
case the power amplifier is to he located 
at some distance from the control sec­
tion . Howevl'r, for this particular appli­
cation the two units are to be located 
close enough that a three-foot cable will 
he use<! for 111aki11g the connection and 
the impc<la11ce of the output unde~ the 
worst condition-that is, at "flat"-is of 
the order of 11.000 ohms, and a shunt 
capacitance oi 300 1111f could he tolerated 
with a droop of only 3 db at 50,000 cps . 
Under these conditious, therefore, it was 
considered preferable to locate the filter 
at the output of the control-unit rather 
than at some earlier section of the cir­
cuit. 

Volume and Loudness Controls 

In order to provide loudness-control 
action in the amplitier, and yet to be able 
to use as much or as little compensation 
as might be desired, both types of con­
trols are provided. A 0.25-meg volumP. 
control is located between V,b and V,11 , 
and the compensated control is located 
between V,,, and V,b . The Senior Com­
pentrol employed here consists of two 
controls with concentric shaits-the vol­
ume control being operated by the outer 
shaft and the loudness control being 
opcrate1l hy the inner shaft. ,\ ny <legrl'e 
oi compensation can be obtained quite 
readily. The response curves of the loud­
ness-control section, Fig . 9, are shown 
for the maximum-,·olume condition, anrl 
for conditions where the 1000-cps level 
is 10, 20. and 30 dh below maxi mum, 
respecti,·elv. 

Circuit ~·;tlues have been a<ljuste,1 for 
minimum IM distortion at normal out­
put, rcsulti11g in a figure of 0.7 per cent 
at 2 volts. There is adequate gain from 
any tuner with which the amplifier has 
been used, an<l the output from typical 
LP records is within 6 dh of that from 
the A::\f arnl F::\I tuners being used. 

Considered from the standpoint of the 
nu!11ber of controls i11 the amplifier, this 
unit seems to have on:rstepped the 
boundaries of the curre11t trcml toward 
simplitication . I lowcver , viewe<I from the 
front panel, there are only four knohs­
apparently-and these are arrange,! in a 
convenient fashion. There is sufficient 
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flexibility for the most critical listener, 
yet for the other member~ of the user's 
family-those who would normally be 
confused by eight controls-the pream­
plifier switch may simply be left in the 
SOOLI' and - 12_ position, and the tone, 
presence, an<l filter controls can be left 
in the "flat" position. Either of the level­
controlling knobs may he used to set vol­
ume. The choice of knobs and switch 
position arrangement on the preamplifier 
control is such that the SOOL P and the 
- 12 position are coincident, and could 
easily be arranged to be "straight up" in 
the normal playing position for LP rec­
ords. Similarly, the two indicating points 
on the tone-control are arranged to be 
"straight-up" when in the flat position, 
and the control tapers are designed to 
have a "flat" range of at least 15 deg. 
The non-indoctrinatecl user can he told 
to leave the tilter and presence control 
alone-if that would solve the problem. 

Coastruction 
The construction of this unit follows 

fairly simple lines, with the possible ex­
Cl'ption of the resistor board which was 
used in the prototype. While there is no 
particular need for this type of con­
struction, it docs simplify the work to 
some extent. 

Figun! 2 shows the resistor mounting 
card use<! in the original model. Tli'e 
rl'sistor carcl, together with the tuhe 
sockets which arc mounted on the caret. 
was attachecl to a channel designetl for 
mountini; onto the chassis with rnhher 
gron1111et, . \Vith the Gc:11alex Z7!.9 tubes, 
however, the extra care in reducing 
microphonics has turned out to he rn; ­
nccessary, and the sockets may just as 
,,·ell he mounted 011 the chassis . Ade­
quate room is available on a 3 x 5 x 13 
chassis, although the original was made 
on a 3 x 6 x 14 base-a size which is 
rather ditlicult to obtain . La\'out oi the 
termin~,I card is not difficult, but since 
even· constructor has his own ideas oi 
just-how he wishes to do the job, spe­
cific la\'out is not in,licate,l. \Vith the 
Alden ierminals, howe,·er, it is possible 
to arrange the terminals so that al\ of 
the grid-circuit components-as well as 
the cathode resistors and their h\'-pass 
capacitors, and the compensating· resis­
tors and capacitors- may he placed on 
one side of the hoanl, and the plate and 

screen resistors, together with the de­
coupling resistors and certain other 
components can he placecl on the other. 
This requires that the bottom of the 
chassis he cut out to pro\'ide access to 
the "bottom" of the resistor hoard, since 
changes 111ay be required during the 
construction or-possibly-afterwards 
whl'n service becomes necessarv. 

The mica capacitors used in the equal­
izer circuits may best be Silver Micas 
since they may he obtained with th~ 
closest tolerance. The small amount of 
shift in values can readilv he tolerated 
without apparent effect, but most con­
structors will wish to take advantage of 
the 10 per cent tolerance of this type of 
component. The two inductances listed 
may he any type of toroid available. If 
the entire installation is to be used at 
some distance from any hum-producing 
fichls-such as a phonograph motor-

Fig . 7. Moun ting of the components for the low ­
pass f il ter c ircuit. The input impedance-ad ­
just ing resistors R., to R,.. ore mounted on the 

switch . 

less expensive units 111ay be used. But 
for complete freedom from the effect of 
any external fields, the toroid is the 
answer. 

The original unit built by the author 
takes the place of one which has been 
in service for sevenil years, and is 
powcrecl by the same supply that has 
been in service since it was originally 
described in the series on "Residence 
Ra<lio Systems," published in 1948. This 
supply was designed to furnish 12 volts 
,I.e . at a maximum clrain of 1.0 amps, 
and with a relatively low ripple. The 
unit has been tested with a 6.3-volt a.c. 
supply and has hcen found entirely sat­
isfactory, provided the latter is suitably 
center-tapped to ground the circuit as 
near to the zero-potential point as pos­
sible. 

\Vhile the circuit shown makes no 
provision for switching hl'lwccn phono. 
radio, TV, tape recorder, or any other 
possible source, there is no reason wll\· 
the builder could not place another 
switch in the circuit a11<l arrange to ac­
co111moclatc any desired number of sig­
nal sources. However, 111ost modern 
tuners provide switching facilities, and 
this unit is designed to furnish only the 
basic requirements of a sound system­
the prea111p, the tone-control facilities. 
and some means for controlling the 
volume. 

Reference to Fig . 7 will show the 
arrangement of the components--except 



the inductancc--used in the low-pass 
filter circuit. The four capacitors at the 
left are shown with their shunting re­
sistors, and are- fro111 left to right­
Cu to C .. respectively. The next four 
capacitors arc c,, to C,. respecti,·ely. 
One end of each of the capacitors and 
resistors is g-rournlecl, and leads connect 
from the other terminals to the two arms 
of Sw,. Construction is not critical, 
since the impedances are low at this 
point in the circuit. 

Special Components 
Special tn1its arc listed for several of 

the components, hut all are available. 
The preamplifier switch- consisting of 
two 5-position decks, one with one arm 
and one with two, and both being ac­
tuated by a dual-concentric assembly­
is listc<I as part number SPP-3002, a 
Central.ah Type 30c S\\'itch. The Bax­
endall tone control unit is available com­
pletely assembled as Centralah part 
number C3-300, and consists of the two 
pots assembled as a dual -concentric unit 
together with the Couplatc . T he com­
bination presence control and filter 
sw itch is available as Centralah part 
number SPB-3001. The Senior Com­
pentrol is already available as Centralab 
part number C2-100. All units have 
stanclard bushings (¾-32) ¾ in. long, 
with the inner shaft 1 9/16 in. long, 
measure<! from mounting surface, and 
the outer shaft 1 1/ 16 in. long, measured 
from the mounting surface. This pro­
vides sufficient room for any panel up 
to ¾ in. thick. 

Several types of knobs are obtaina­
ble for these controls, since the dual­
concentric control has become quite 
common on TV sets. The writer's TV 
set is a "home-made" Techmaster 630 
mounted in a bleached oak corner 
~peaker cabinet, and the knobs used are 
those normally used on the !{CA 8TS30 
receivers. To have matching knobs, the 
same type were used. Tan knobs are 
obtainable as stock numbers 73227 and 
73231; the dark hrown knobs are stock 
numbers 73226 and 73230. Four of each 
are required. Other types of knobs may 
be ohtainecl from various sources, hut 
may entail some searching. All of the 
Centralah units mav he obtained on 
order from any Ce1it'ralab distributor . 

Perform3nce 
The performance curves of the several 

functions of this amplifier have been 
shown in Figs. S, 6, 8, and 9. The pres­
ence control may appear to be another 
example of painting the lily, and in this 
era of attempting to obtain a response 
curve which is completely flat from zero 
to infinity may appear to be unneces­
sary, but it is only suggested that a 
quick trial he made of the idea before 
passing judgment. Like many circuit 
arrangements, it is not always possible 
to pass upon their effectiveness until 
one has an opportunity to listen to the 
results, and it is this writer's opinion 
that "somthing new has been added" 
when the presence control is turned 
from off to on. The effect is neither 
ear shattering nor eye opening, hut as 
one approaches the optimum in per-

formance it requires only a small change 
to outwit the law of diminished returns. 
If we can "cheat" the response curve 
just enough to make the change reason­
ably perceptible. we have accomplished 
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Fig. 8. Curves of low-pass fi lter action. 

something- worthwhile, arnl the time 
and money have not been spent m vain. 

C, 
c, 
C,. C, 
C,, C,., C11 

c,., c,, 
C,, C,, C,, 
C, 
C, 
c,, 
c,, 
c,, 
c .. 
c,. 
C,,, Cu 
c,, 
c ... c .. 
c ... c,, 
c .. , c .. 
C,,, C,, 
c,., c,, 
I., 
L , 
R , 
/\, 
R, 
R, 
R, 
R, 
R,, R,..R,, . 

R ,,. , R,. 
R, 
R, 
Rro,R11 
R,. 
R11,R1, 

• 

PARTS LIST 

.05 1tf uOU v., .-\crolite 

.002 11f, moldecl paper 
0.5 µf, (,00 v., paper 
0.1 1if, 600 v., Aerolite 

2U00 11µf, mica 
1200 µ1tf, mica 
3300 1t11f, mica 
200 1qtf, mica 
620 µµf , mica 
1000 111tf, mica 
3500 111tf, mica 
150 111tf, mica 
50 11£. 6 v., electrolytic 
0.25 11f, 600 v., Aerolite 
I 100 1111£. mica 
1600 1111f, mica 
.lO00 11µf, mica 
5600 µ11f, mica 
20-20 1tf, 350 v .. electrolvt ic 

(Mallory FP-227) 
1.0 H, toroicl i11clucta11ce 
0.45 H, toroid inductance 
47,000 ohms, ½ watt 
3900 ohms, ½ watt 
0.5 meg, I watt, low noise 
1.5 meg, I watt, low noise 
1.2 meg, I watt 
1200 ohms, ½ watt 

. 0.1 meg, 1 watt, low noise 

0.-t7 meg, 1 watt 
0.1 meg, ½ watt 
33.000 ohms, ½ watt 
1.0 meg, ½ watt 
27,000 ohms, 1 watt 

- --
0 

-- 10 

--

-

----

Ru 

R11 

R ,. 
R ~lfl, b 
R., 
R,. 
Ru 
R,.. R,. 
R,, 
R., 
R .., 
R.,, 
R ,., 
R, .. 
R" 
R., 
R,. 
S1c·,, Sw, 

J,, J,, J, 
l , 
Tone Con­

trol 

v,. v. 
V, 
v, 

50,000 ohms, linear pot, ( com-
bined with Sw, ) 

1800 ohms, ½ watt 
18,000 ohms, ½ watt 
Centralab Senior Compentrol 
1000 ohms, I watt 
6800 ohms, I watt 
13,000 ohms, ½ watt 
11,000 ohms, ½ watt 
8200 ohms, ½ watt 
12,000 ohms, ½ watt 
10,000 ohms, ½ watt 
7500 ohms, ½ watt 
5600 ohms, ½ watt 
10.000 ohms. I watt 
5600 ohms, 2 watt 
3900 ohms, 2 watt 
1.8 meg, I watt 
Preamplifier switch, Centralab 

30c type, special (see text) 
Centralah 30a type, combined 

with R u, special. 
Amphenol 80-PC2F receptacle 
Amphenol 80-C receptacle 
Centralab Couplate No. 12614, 

with 1.0-meg front section 
and 0.5 meg tapped rear sec­
tion dual-concentric controls 

( ;enalcx Z7 29 
12AX7 
12AU7 

Notes on the 
Preamp with Presence 

Numerous readers have indicated that 
the 0.45 H choke li's~d in the original data 
was unobtaina.ble. Since toroids· with in­
ductances of 0.4, 0.5, . and 0.6 H are regu­
larly available, the following table indicates 
values for the low-pass filter section for 
use with inductances of these values : 

Component 

c,,, c,. 
Ci., , C21 c,., c,. 
C2:. 1 Ca 
Ril 

R,. 
R,, 
R,. 
R20 
R,. 
R,. 
R,, 
Rn 

0.4 
.0012 
.0018 
.0033 
.006 

11,000 
10,000 

7,500 
5.600 

10,000 
10.000 
9, 100 
6,800 
5,100 

INDUCTANCE 
0.5 

.001 

.00 15 

.0027 

.005 
15.000 
12,000 
9,100 
6,800 

13,000 
12,000 
11,000 
8,200 
6 ,200 

0 .6 H 

,00082 
.0012 
.0022 
.004 

18 ,000 
15,000 
11 ,000 
8,200 

16,000 
15,000 
13,000 
10,000 
7,500 

The design voltage for the preamplifier 
was 275 volts, but satisfactory performance 
should he obtained with any voltage be ­
tween 250 arnl 300. 
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Miniaturized "Preamp with 
P 

,, 
resence 

C. G. McPROUD 

Simplifying the construction of this popular circuit by eliminating the 
low-pass filter section, reducing the phono positions from five to three, 
and employing a printed circuit panel for the major part of the wiring. 

THE "PRESENCE" CONTROL, first intro­
duced to the home music system in 
these pages over a year ago, has 

proved to be quite popular with those 
who appreciate an adequacy of control 
facilities-perhaps just that little shade 
of boost in the midfrequencies to move 
the principal instruments or singers a 
little further toward the spotlight. 

Popular as the circuit was---and still 
is, for that matter-there is no denying 
that it was fairly complicated, that the 
two toroids used in the original model 
are expensive and not readily available 
on jobbers' shelves, and it is rather 
larger than usual for most control u11its 
of the prese11t day. Coupled to that is 
an increasing interest in printed circuits, 
which are admirably adapted to prolluc­
tion quantities but just short of impossi ­
ble for the average experimenter. Any­
one can design the circuit panel, but 
getting it built at a reasonable cost is 
something else again . 

However, two of the problems have 
been eliminated in this design. In the 
first place, the printed circuit panels are 
already built, and are available.' Thus 
the construction is reduced to one of 
assemhly and soldering, with reasona­
ble assurance that the unit will work 
as descrihed when it is completed. 

1 See last paragraph of article. 

Circuit Requirements 

Before designing an amplifier circuit, 
it is first necessary to consider what facil­
ities are to be required. A phono preamp 
is a necessity in a "front end," of course, 
so that is included. In the light of modern 
LP records, however, it is not felt neces­
sary to provide as much flexibility today 
as it was two years ago, for most records 
will play quite well on the RIAA or New 
AES curve. For the older 78's, a higher 
turno\'er frequency is considered desira­
ble, together with less rolloff. In this 
instance a compromise was made--a 650-
cps turnover a11d a rolloff of 8 dh at 10,-
000 cps- which is apparently a satisfac­
tory choice judging from listening tests. 
A much lower turnover frequency is re­
quired for the early foreign records, so 
this curve was adjusted for a turnover 
frequency of 300 cps, and the high end 
was left flat- any touching up in that 
region can be done by the tone control. 

The presence control was considered 
a 11ecessity. It does not have a large 
effect on the reproduction, hut it does 
pro\'ide the midrange boost that aids in 
making the instruments stand out 
slightly. This control gives a bump on 
the response curye of only 5 db maxi­
mum, with some effect extending about 
one octave each side of the resonant 
frequency. 

Volume and tone controls are always 
required, and the writer believes firmly 
in the loudness control as a necessary 

adjunct to a modern m11sic system. Since 
a combined volume and loudness control 
is available at jobbers. this unit was 
selected as being simple and effective. 
The tone control svstem is the same as 
that used in the original "Preamp ,vith 
Presence''- a circuit first described by 
Baxendall, and adapted to a dual con­
centric control and a single printed cir­
cuit unit with most of the components 
combined into a package 11ot much larger 
than a postage stamp. 

The output section should he a cathode 
iollower to provide for those installations 
where the front e11d would be located at 
some distance from the power amplifier. 
In addition, it was desired that the se­
lector switch should silence all inputs ex­
cept the one in use to avoid crosstalk 
under all conditions; and an additional 
output was desired to permit ieeding a 
tape recorder without any effect from 
volume, loudness, or tone co11trols. 

Figure 1 shows the top and panel 
\'iew of a completed unit arranged to 
pl11g into a Nat ional Horizon 20 ampli­
fier, drawing all operating power from 
that source, and feeding signal to the 
power section through an Amphenol 
plug on the rear panel. Fig1tre la shows 
the suggested construction, a design that 
permits placing the amplifier in a con­
ventio1,al cabinet, supported only by the 
control bushings. In this form the entire 
unit is 2 in . high by 7¼ in . long by 4¼ 
in. deep. While it is probable that the 
unit could have been made somewhat 

fig . la (left). The completed preamp arranged for use with National Horizon 20 power amplifier . Fig. lb ( right) . Finished preamp in recom­
mended arrangement fot' use with any power amplifier, and suitable for mounting by means of control bushings. 
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DECIMAL CAPACITOR VALUES IN MF 
OT~ERS IN MMF UNLESS MARKED 

RESISTOR VALUES IN OHMS, M • MEG 

□ •CONNECTION PO•NT ON 
PR INTED CIRCU1T PANEL 

*• * * NOT DESIGNATED 

Fig. 3. Schemat ic of miniaturized preamp with presence. 

smaller, it must he remembered that the 
tubes ancl a decoupling capaci to r must 
be accommodated, and that the controls 
take up some space. In iact, it is recom­
mended that the components be placed 
on the printed circuit panel before the 
tuLes and the capacitor are put in place, 
and before the controls ;.ire mounted. 

Figu re 2 shows the unit of Fig . la 
in the construction stage. 

Circuit Description 

The circuit arrangement is fairly con­
ventional. The phono pickup is fed into 
the grid of the first tube which serves 
only as a preamplifier. Equalization is 
introduced hy mean~ of feedback around 
the first tuhe, much in the same manner 
as used l,y Leak in the TL/ 10 amplifier 
control unit, which is simple, effective, 
and easy of adjustment. In Fig. 3, feed­
back is shown from the right side of C, 
to the grid of V ,, with R, and C, serving 
a~ the stabilizing load into which the 
feedback voltage is fed. This practically 
eliminates the impedance of the pickup 
as part of the feedback network, and by 
varying the size of C, the response may 
be kept flat up to 20,000 cps, if desired. 
Three. feedback net\, orks are shown­
e,, R,, C,, and R, provide the RIAA or 
New AES curve; C,, R,, C,, an<! R, pro­
, ·i<le the 78 curve : and C, and R, provide 
the FOREIGN curve. 

Referring only to the AES curve, C, 
and R, control the turnover frequency , 
while R, adjusts the low-frequency roll ­
off. and Co adjusts the high-frequency 
rolloff. \Vhile there is some interaction 
bet ween these components, it is not diffi­
cult to arrange practically any type of 
curve desired. W ith the components 
shown, the New AES curve is accom­
modated within 0.2 db. No rolloff-either 
high- or low-end-is provided for the 
FOREIG:-1 curve, which accounts for the 
use of only one pair of components. 

The preamplifier tuhe is the low-noise. 
high-gain Z-729 used in the original 

Preamp with Presence. At normal op­
erating settings of the volume and loud­
ness controls the hum-and-noise level is 
better than 60 db Lelow the I-volt nomi­
nal output with the heaters operated on 
a.c. \Vith d.c. operation, the improve­
ment is less than 3 dh, which speaks well 
for the hum-free operation of the Z-729. 
Certain other types have been tested in 
the ci rrnit, and while the 5879 has a 
low hum-and-noise level, its gain is 
lower, so the usable range is some 6 dh 
less. \Vith d.c. 011 the heaters, selectecl 
6AU6's perform satisfactorily, but the 
trouble of selection eliminates them from 
consideration for reliable use in the 
home. 

The phono preamp is followed by the 
selector switch-a four-gang, five-posi­
tion rotary switch . Two of the sections 
arc used for shorting out the unused 
inputs, the third section for changing 
the equalization network around the 
first tuhc, and the fourth section as the 
actual input selector. The arm of this 
section connects to the top encl of the 

loudness control section of the dual 
volume-loudness control unit, P,a. Tape 
recorder feed is connected at this point 
through the 0.1-meg resistor I<.10 to pro­
vide isolation. The arm of the loudness 
control feeds the grid of the tone-control 
input stage, one half of a 12AX7. The 
cathode resistor is bypassed by C:o suffi­
ciently to give flat response over the last 
four stages. The plate is coupled to the 
tone-control network, ancl this in turn is 
coupled to the tone-control output stage, 
the secoml half of the 12AX7, which 
feeds the volume control, P,b, and its 
arm is connected to the grid of the out­
put driver, one half of a 12AU7. The 
presence-control action derives from the 
partial bypass of this tube through the 
L-C network composed of C11 and L 
and the 50,000-ohm potentiometer P,. 
\\'hen the resistance is maximum, the 
cathode resistor is effectively tmhy­
passed. As the control is turned, the re­
sistor is bypassed more and more, but 
only at the resonant frequency of the 
tuned circuit, which is approximately 

Fig. 2. Unit of Fig . lo in construction . 
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Fig. 4. Location of parts on printed wiring panel. Unmarked square between and 2 connects 
to grounded arms of SW,. 

3000 cps. The cathode follower is di­
rectly coupled to Vi and feeds the out­
put line. R,. and R,., together with 
C11a and C,.o serve as decoupling net­
works. 

It will be noted that all of the controls 
are the same as those used in the original 
Preamp with Presence, and supplied by 
Centralab. The selector switch is com­
bined with the presence control, and was 
used originally as the low-pass filter 
switch. Both volume-loudness and bass­
treble controls are the same as those 
used in the original model. 

The presence control is located rela­
tively far back in the amplifier, and is 
consequently at a higher-level point than 
previously, which reduces the suscepti­
bility to hum pickup and thus eliminates 
the need for a costly toroid coil. The 
coil specified for this circuit is part 
number CS-1051, manufactured by 
Aladdin Radio Industries, Inc ., Nash­
ville, Tenn. The coil is wound on a 
powdered iron core, and the entire unit 
is encased in a powdered iron shell, with 
resulting low hum pickup and a Q of 
the order of 15 at 1000 cps. However, 

.. ., . "' .. .. 

0 

since this unit will not he ava ilable from 
normal outlets, it is to he furnished 
along with the printed circuit and the 
sheet metal components. Any de­
sired arrangement may be employed, of 
course, and the circuit may be built up 
in a conventional form. However, it is 
much easier to build on the printed cir­
cuit panel and is likely to be more com­
pact. Furthermore, the arrangement of 
parts has been tested, and the unit is 
almost certain to work immediately on 
completion. 

Construction 

The construction of electronic appara­
tus using printed circuits is very simple. 
In most instances the tube sockets be­
come a part of the circuit panel itself, 
but for this unit it was desired that the 
tubes lay parallel to the panel so as to 
reduce the height. The process of build­
ing is simply that of inserting the com­
ponent leads through holes in the panel, 
clipping them off 1/16 in. from the sur­
face, and soldering them in place. This 
method is a complete reversal from the 

usual construction where it is alwavs 
recommended that a strong mechanical 
joint be made before solder is applied. 
The components are inserted from the 
side opposite the one on which the wir­
ing is, although leads can bt: connecte<l 
from the wiring side with equal facility. 
In this unit, all components are loc.ited 
on the clear side, and are thus protected. 
Soldering presents only a slight problem 
-the principal caution being that a low­
wattage iron he used. A person thor­
oughly experienced in soldering should 
have no trouble even with a 100-watt 
iron, hut if too much heat is appliec the 
copper is likely to lift from the phenolic 
panel or even to burn entirely off. With 
a 25-watt iron and a good multicore 
solder, the operation is comparatively 
slow, hut it proceeds without any possi ­
bility of lifting the pattern. The copper 
coating on the panel furnished is tinned. 
and the usual procedure is to apply the 
tip of the iron to the lead and the wiring 
pattern simultaneously. The solder is 
then applied and the iron rotated around 
the lead slightly until the solder flows 
all around the lead, making a neat con­
nection . 

On the panel furnished, components 
are located as shown, the leads solderetl 
into the small circles shown in F1 .Q. 4. 
Connections from wires-such as those 
from power, input, and output connec­
tions- are indicated by small squart:s, 
and these are numbered. The schematic 
shows these squares. Connections to 
tubes, the decoupling capacitor, and 
other components are all indicated by 
the small squares. 

Figure 5 shows the appearance of the 
underside of the panel after all the parts 
are soldered in place, while Fig. 6 shows 
the top of the panel with the components 
in place. The tube brackets are sho~vn 
in Fig . 7, although they are supplied 
along wi th the circuit panel and L, and 
the front aml hack panels. The order 
of construction rt:commended is to mount 

Fig. 5 (left) . Underside view of completed amplifier to show soldered component leads. Fig . 6 (right) . Top view of amplifier before attaching 
front and rear panels. 
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c,. 

c,, 
J, 

],, J,, J,, J, 

L , 
f',a , b 

[',a. b 

P, 

Ri 

0.22 11f, ➔oo \'' moltletl 
paper 

10-10/450, electrolytic, 
Sprague TVL2750 

Single phono jack, Cine!: 
81A 

Douhle phono jacks, Cinch 
SIB (2 req .) 

1.0 Hy, Aladdin CS-1051 
Volume-loudness control , 

Centralab CZ- 100 
Tone Control unit, Centra­

lab C3-300 
50.000-ohm potentiometer . 

linear (combined with 
Sw,) Centralah SPB-
3001 

f"~[QU [N C Y I N CYC \.ES PER SECOND R,, R,. 
47,000 ohms, ¼ ,,att 
0.1 meg, ¼ watt 

the tube sockets and the capacitor wafer 
on the two tube brackets, and then as­
semble them to the wiring panel. Then 
insert all the components and solder in 
place, followed hy the wire connections 
to the sockets. Leads should be connected 
to the controls and the latter mounted 
onto the front plate before attaching the 
plate to the brackets. The wires are then 
simply inserted in the proper holes and 
soldered in place. Small holes along the 
ends of the tube brackets arc for leads 
running from one "compartment" to the 
other. 

The hack plate is next assembled 
with the two dual phono jacks and the 
s ingle phono jack and the leads arc 
connected in place before attaching to 
the tube brackets ; the connections arc 
then made and soldered. Because of the 
small space, the 2729 must he inserted 
in its socket and the shield applied he­
fore inserting the 12AX7 opposite it. 

The voltages at the \'arious points in 
the circuit are shown in italics in Fig. 
3 for a supply voltage of 250. The circuit 
works satisfactorily with any supply 
voltage irom 225 to 275, and if a higher 
,·oltagc were to he used a series resistor 
shouhl be connected between the source 
and the amplifier unit to reduce the 
,·oltagc to a nominal value of 250. Total 
current drain is approximately 6.5 ma 
at a 250-\'olt supply. Filament require­
ments are 0.8 amps at 6.3 volts . 

Performance 

A I-volt output is outaincd with both 
volume and loudness controls at maxi­
mum-bass and treble controls !lat-at 
an input of 0.09 volts from the high-level 
inputs, and from an input of 1.6 mv on 
phono at the AES position. The other 
two phone positions give a I-volt output 
from an input of only I mv. This is 
somewhat more sensi t ivity than usual, 
but wi th t wo ,·olnmc controls in series 
-one the volume control and the other 
the loudness cou trol-some additional 
gain is required to pro\'ide sull1cicnt 
range of control. I i\l di stortion at the 
I-volt output is approximately 0.4 per 
cent, rising to 1.5 per cent at an output 
of 5 volts. , hich is more than is like]\' 
to he ust·d with modern power amplifiers. 

Response curves are shown in Figs . 
7 and 8, the former being a composite of 
the phono curves and the presence con-

trol. The maximum range of the loudness 
control on the Ccntralab unit is 35 db, 
which prevents the user from turning 
the level down to an absolute minimum 
with this section. In listening tests it is 
found that with the volume control set 
at its midposition, the output level 
through a usual amplifier is about normal 
for average use, am! the loudness con ­
trol operates to give suitable control over 
the listening range. 

Figure 8 shows the range of the tone 
controls, together with the effect ob­
tained with the Baxcndall circuit when 
using the Centralah components indi ­
cated. The loudness compensation 1s 
shown in dotted lines. 

C, 

C, 

PARTS LIST 

100 1111f, silver mica, El 
:\Ienco type CM-15 

SO 11f, 6 v, electrolytic, 
Sprague TV A-1100 

C.,, C,, c,,, C,, 

C, 

C 
C, 
C, 
C, 

c,. 
c .. 
c,. 

0.1 11f, 600 v, metallizeJ 
paper 

750 1111f, sih·cr mica, El 
Menco C~l-19 

200 11µf, silver mica, C\! -15 
2701111£, silver mica, CM -19 
56 111tf, silver mica, C:\1 -15 
1000 1q1f, silver mica, CM-

19 
.015 11f, 400 Y , molded paper 
300 1111£, sil\'cr 111ica, C~l -15 
.00➔7 pf, 400 v, mol(\ed 

paper 

♦ 20 --
- ..__ ...... ~J 

R,, R,,, Ru 
R , 
R, 
R, 
R, 
R, 
R, 
R, 
Ru, R 11 , R ,, 
R,. 
R ... R,. 
R,. 
Swm. b. c. d 
V, 

V,-, 
V ,-, 

1500 ohms, ¼ watt 
1.0 meg, I watt 
0.22 mcg, 1 watt 
0.47 meg, ¼ watt 
2.7 meg, ¼ watt 
0.33 meg, ¼ watt 
6.8 mcg, ¼ watt 
0.68 meg, ¼ watt 
0.1 meg, I watt 
6800 ohms, ¼ watt 
56.000 ohms, 1 watt 
22,000 ohms, 1 watt 
See I ', 
2729 high-gain, low-noise 

pcntot!e Genalcx 
12\X7 
12AU7 
1- 9-pin socket, molcletl, 

wi th shield 
2- 9-pi 11 wafer sockets 

" Kit" Availability 

This circuit can he constructed in 
conventional form, if desired, hut it is 
somewhat simpler and 111orc compact 
when assemuled on the printed circuit 
rancl with the chassis parts shown. The 
four chassis parts are of 18-ga. cadmium 
plated steel and are drilled and punched 
to fit the tuhe sockets and capacitor 
mounting plate, as well as for all wiring 
and mounting holes. The printed circuit 
panel is 1 / 16-in . phenolic. Also furn ­
ished is the 1.0-l ly. choke, which fits in 
place on the printed circuit panel, as 
indicated. These live items, together 
with specific instructions, arc now avail ­
able and the author will he pleased to 
advise interes1ed rea!lers the sources . 
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New Approach To 
Miniature Preamplifier Design 

ARTHUR J. ROSE i, 

Simplification of design requirements is said to yield a small and inexpensive 
unit with performance just as satisfactory to the ear as more standard products. 

ASTUIJY OF manufacturers' speciti­
cations and of the technical litera­
ture will reYeal that the major 

differences hetween phonograph pre­
amplifier designs is mainly a matter of 
styling. The general preamp! ifier design 
recipe 4s usually followed calls for the 
following: 

1. Equalizers for Recording Charac-
teristics. 

2. Means for switching inputs. 
3. Gain control. 
4. Frequency correction for room 

acoustics, speaker system vari­
ations, an<l human hearing dis­
crepancies. 

5. Mea11s for overcoming system 
flaws, e.g. turntable rumble an<l 
record noise. 

A restmly of the lllanner in which 
these goals are reached has shown that 
much can he clone toward simplification 
of circuits, based on eliminating what 
is really superfluous even though 
"necessary" from the standpoint of con­
vention . Once the absolute minimum 
requirements have been established, it 
is only a matter of fulfilling them with 
as little extravagance as possible . The 
problem of educating those who will 
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benefit from the simplification is another, 
more difficult, matter. 

In accord with this thinking-and in 
tlagrant violation of convention-a 
pint-sized preamplifier was developed 
hy the writ er. It fulrills admirably the 
purpose generally served by larger, more 
complex units. The reduction in the 
number of parts brings the cost to an 
uncommonly low figure . 

Frequency Correction 

Bass and treble controls are usuallv 
thought necessary because of roo,;1 
acoustic and speaker-system Yariations. 
These are unchanging once the system 
has been installed in a particular lo­
cation. Why, then, is it not possible 
merely to tix the positions of these con ­
trols after installation an<l then relv 
solely upon the record equalizer to 
match each record type to the corrected 
system? Overlooking the loudness ver­
sus hearing difficulties for the moment, 
the answer is rather obvious: equalizers 
do not a<le1:1uately correct from record 
to record. 

\Vhat record manufacturers do to 
their products is purely a matter of 
speculation. All the user has is a re­
comme11ded playback curve. Refore the 
average record sounds right the listener 
must clo more than jnst switch in this 

+ 250V. 5MA 40 
111 

particular curve. That in itself sug ­
gests that eGualizer5 need more flexi ­
bility. 

Fortunately, the type of correction 
afforded by certain bass and treble tone 
controls closely parallels that oi the 
record equalizer. It appears that equal­
izers that <lo not have the flexibility of 
continuous variation around a particular 
characteristic might just as well be re­
placed by a fixed reference curve and 
then adjusted to suit the circumstances 
with a properly designed separate set 
of bass and treble controls . 

This seemingly unscientific fact has 
met some stiff resistance from those 
who claim they must have some place in 
the preamplifier where the signal is 
exactly the same as that entering the 
recording microphone. Their point is 
admittedly only an academic one, since 
they also admit that this condition has 
little bearing on the correctness of re­
production-particularly if tone con­
trols are not constantly adjusted. The 
solution to the lllatter really lies with 
the problem of "a properly designed 
set of bass and treble controls." 

Another point-more practical but 
also more subjective-lies in the fact 
that lllOst records worth playing through 
a high-quality system in the first place 
are of recent vintage. The majority of 
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the current recordings are very simi­
lar and there is pro111ise that the RIAA 
"standard" may really become a 
standard! 

l\lost recordings are made with a 
500-cps bass turno,·er. In some cases 
there is hass pre-emphasis that requires 
a flattening of the playback curve below 
50 or 100 cps. Treble pre-emphasis is 
usually at a fixed rate approaching 6 
db per octave, wi th time constants 
ranging from 50 to 100 microseconds. 
For reasons made evident later, the 
writer's miniature preamplifier uses a 
straight 500-cps turnover without de­
e111phasis as a fixed reierence curve. 

To reduce the circuit to a minimum, 
oniy those functions that can be justified 
as essential are included. There is onlv 
a rare need for bass rolloff, especially 
at low and medium volume levels. A 
fortuitous circuit arrangement permits 
some bass droop at higher volu111e set­
tings. but requires only the components 
for boost. 

Need for large a:nounts of bass boost 
at low volume levels to produce proper 
scaling of sounds that were originally 
loud has given rise to loudness controls. 
Although their use has been justified 
more by the whims of bass-crazed audio 
hobbyists, it is desirable to have sufficient 
boost available to cover extreme concli­
tions. The actual loudness correction 
to be used is subject to variation depend­
ing upon the relationship between the 
playback and the original levels, with 
due consideration to individual hearing. 
[t is evident that there are a great num­
ber oi possible circumstances and any 
compensation fixed solely as a function 
of playback level would prove to be 
incorrect in most oi them. 

Using terminology which divides 
hearing and acoustic corrections into 
two functions is paradoxical. It would 
be interesting to learn how someone in 
average circumstances can make a 
purely acoustic correction without bene­
fit of hearing. Even sound-level meters 
are fitted with frequency-weighting net­
works to simulate the response of the 
human ear. Both acoustic and hearing 
correction can be and are made simul­
taneously, provided the maximum bass 
response is adequate. 

The similarity of characteristics used 
as a basis for lumping corrective meas­
ures is more than just fortunate. It sug­
gests to the writer that some types oi 
correction may be imaginary and other 
types need stronger emphasis. Or view­
ing from another angle, there can be 
only one ideal resultant correction curve 
ior a given situation , and a much smaller 
range of variation is needed to cover 
most situations than would be supposed. 

Obtaining a large amount of ba,s 
boost can prove to he difficult if one 
wishes to reduoe circuitry to a very 
simple form. Making allowance for nor ­
mal hoost requirements plus that needed 
for low levels has Leen solved by the 
writer with a simple circuit that applies 
a sort of automatic correction so that 
theoretical limits oi boost are actually 
attained. T his circuit has been used with 
success in supplying an 8-in. speaker 

Fig . 3. As constructed by the author, the preamplifier is built in an aluminum box with this 
aluminum panel on the front . The outer shaft of the concentric bass- treble control is operated 

by a Plexiglas disc. 

with sufficient low bass to rival much 
more formidable systems. In itself, this 
fact shows that the need is only for 
improvement in circuit efficiency in most 
cases where bass is lacking, rather than 
for additional circuits. 

In accord with this trend of thought, 
all functions related to the bass region 
are combined in the miniature preampli­
fier in one circuit, with a single control 
governing whatever adjustment is neees­
sary. Figu re 2 shows its range. 

Treble Correction 

Treble compensation can be simplitierl 
in like fashion. It has been general prac­
tice to apply 50 to 100 microseconds rle­
emphasis in the equalizer, and then by 
use of the t reble control apply up to 75 
microseconds further de-emphasis or em­
phasis. It is easy to see that some saving 
can be n1ade by not including de-empha­
sis in the equalizer. This entails applying 
a variable de-emphasis to a response 
with fixed treble boost. 

For example, a recording with 50 
microseconds pre-emphasis initially has 
treble boost to the extent oi 10 db at 

10 kc. Why de-emphasize it to a flat 
response and then boost or droop it 
± 15 db? The same effect can be ha,i 
without initial de-emphasis if the sig­
nal is fed into a system with a + 5-db 
boost. Then, application of only rolloff 
to a maximum of 30 db will produce 
the desi reel result. 

That sounds simple enough but there 
are some apparent drawhacks. De-em­
phasizing to the extent of 30 db in a 
si111ple circuit involves reducing ampli­
tudes below the miclfrequency region . 
Th is occurs because a single R-C net­
work has a maxin111n1 slope of 6 db per 
octave. Another see111ing drawback is 
that recordings vary in the amount oi 
pre-emphasis. and radio inputs and some 
recordings have no pre-emphasis at all. 

To justify intuition 011 the part of 
the writer, li stening tests were con­
ducted using a wide variety of record ­
ings and program material with a con­
siderable variety of associated equip­
ment. In no case was there need to 
vary the treble response more than 15 
dh I It appears that all that is· required 
for most purposes is a certain maximum 
response depending upon the associated 

Fig. 4. Interior of the preamplifier . Size can be judged by the tubes. Even though the panel is 
just a bou t large enough to accommodate the controls, there is plenty of space inside for com ­

ponents and wir ing. 
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equipment. Therefore, it becomes en­
tirclv feasible to use onlv a treble rolloff 
cont~ol with a maxin11;m droop of 15 
to 20 db in a system with an adjustable 
boost. Once set for a given equipment 
lineup, the boost adjustment need not 
be altered. The range of net adjustment 
can be seen in Fig. 2. 

The Miniature Preamplifier 

The simplifications made thus far can 
be carried out in a spectacular manner. 
To illustrate, a very satisfactory pream­
plifier was constructed with a single 
tube! However, two tubes are used in 
the unit shown in Fiys. 3 and 4 to bring 
the midband gain up to a more accept­
able level for general use. Output with 
the two-tube arrangement is 2 to 3 volts 
with a 10-mv input, as comparell to 0.5 
volt output with a single tube (triode­
pentode) . 

At first glance, the schematic of 
Fig. 1 may be somewhat cvnfusing. 
Aside from the obvious functions that 
a closer study will reveal, there are 
several hidden effects derived from care­
ful component arrangement. Perhaps the 
best manner of description would be an 
over-all picture and then a clarification 
of the details. 

Three input jacks are provilled. One 
is for a magnetic cartridge or micro­
phone anrl the other two accommodate 
normal high-level, high-impedance de­
vices. The 6-position selector switch 
performs the following : 

Pos. Name Function 

Phono l Normal phonograph 
position 

2 Phono 2 Phonograph position 
for moderately noisy 
records 

J Phono 3 Phonograph position 
for very noisy records 

4 Microphone Position for using a 
low-level microphone 
in phonograph jack 

5 Radio Radio tuner 

6 Auxiliary Television sound or 
tape recorder 

Positions I, 2, and 3 retain the ampli­
fication of the first stage, keep a refer­
ence equalizer in the circuit and control 
the upper limit of frequency response. 
Position I yields a flat response, while 
2 and 3 furnish cutoffs at 12 db per 
octave starting at about 6 kc and 4 kc 
respectively, by resonating the capacitor 
switched across the input grid with the 
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inductance of the pickup. 
Although one is inclined to shuclder 

at the prospect of a 4-kc limit to re­
sponse, the effect is not the same unde­
sirable one that woulll be obtained with 
a tilter of much higher slope--say 30 
dh per octave. Using 4 and 6 kc with 
the simple, well known filter arrange­
ment shown in the schematic affords 
most effective removal of record noise 
and distortion with a minimum apparent 
loss of highs. 

Position 4 retains onlv the 200-times. 
flat-frequency-response ;m1plification of 
the first stage. The remaining two posi ­
tions. 5 and 6, switch the radio and 
auxiliary i11puts directly to the second 
stage. The rcierence equalizer is not 
effective i11 these last three positions. 

Bass Circuit 

Most of the burden is carried hv the 
second stage. Variable bass boo.st is 
achievetl hv selective feedliack from plate 
to grid. Tlie plate circuit is loa1led with 
the series arrang-ement of R,., R,,, a11tl 
Cu. Output is taken through the treble­
control pote11tiometer. This configura­
tion forms the backbone of the circuit. 

I11 the phonograph posi t ions, C,, is 
effective. In other positions, it is shorted 
to grou11ll. \ \' hile in the circuit, it pro­
vides the reference equalization curve. 
Not so readily apparent is the fact that 
this capacitor in conjunction with R,, 
and Ru forms a freq11e11cy-se11sitive 
load on the second stage. This causes 
the amplification to rise somewhat with 
lowered frequencies. Therefore, the feed ­
back bass control is exceptionally effi­
cie11t and gi ves about 6 db more boost 
than would normally he expected. As 
an adde1l result, the equalization curve 
approaches the theoretical ideal. Thi s 
gives a1hlitional boost with a straight ­
lined 6-db-per-octave slope instead of 
the usual rounded anll depressed curve. 

There is further a1lvantage to this 
circuit arrangement. Treble rolloff is 
easily accomplished, but more significant, 
cable capacitance can he fully offset! 
This eliminates the nee1l for a low-impe­
dance output such as a cathode follower . 
Theoretically, the upper response can 
bt> in the megacycles if desirell. 

\\'ith an achlitional step, complete 
treble control is obtained. By overcom­
pensating the cahle capacitance, the 
upper frequency response can be boosted 
to any acquirell amount. An adjustable 
trimmer C,. performs this operation. 
The rolloff circuit is designed to give 
a maximum attenuation of about 20 dh 
at 10 kc. The range of control thus af­
forded is complete for most imaginable 
circumstances. 

There are several other design fea ­
tures worth noting. Coupling constants 
are chosen to give a fairly steep attenua-

tion below 20 cps, providing a good 
measure of rumble and flutter elimina­
tion. At higher volume-control settings, 
the balance between the two hranches 
oi the ieedhack bass-control nel\\'Ork i~ 
upset and has, droop is effected at the 
extreme lower settings oi the bass con­
trol. Should additional droop he needed 
for a phonograph input, the selector 
S \ itch can he set to the microphone 
position . To place Fl\l reception on a 
par with recorded material, the i5 -
microsecond de-emphas is network at 
the output of most receivers can be 
bypassed. 

Since the input stage is 11011 -frequency ­
sen~iti\·e, ma x imum signal -to-hum is 
realized. \\' ith the bypassed catho'de 
arrangement, hum is extremely low. 
\\ 1th caretul w1r11114 and appropriate 
rt'g,ml to grourHls placement (mainly 
a matter oi returning the heaters to a 
separate an1l lower -than -signal ground) 
hum can ht· reduced to 60 or iO 1lh 
hl'low signal level. 

l'entode operation in the fir st stage 
ia vors signal -to-noi se rat io as comparl'd 
to an equi\'alent triode hecause of the 
low input signal. Distortion is some\\ hat 
higher. E\'en so, it is a matter oi arguing 
tr ifles. Distortion is not discernible at 
anv le\'el. !\leasureml'nts indicate the 
or~ler of 0.25 per cent at the O\·erload 
point and .05 JWr cent with normal 
settings. 

:'II uch remams towards simpl itication 
oi the 11ll'ans of controlling sournl repro­
duction- particularly for home use. It 
is hope1I that iuture tren ds in audio 
l'quipment design will be to accomplish 
the m·cessar\' results in a more conci se 
111anner tha1{ has heen observed to date. 
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.OOJ 11f. 400 \', paper 

.01 11i, 400 v. paper 
25 11 f. 6 \' , electrolyti t' 
0.1 11f. 400 v . papl'r 
.002 1d. 400 \', paper 
200 111lf,. 400 v. cera mi< 
.02 1lf, 400 v, papl'r 
I00- 500 111d. adjustahle 
400 111d, 400 v, ceramit' 
phono pin j at'ks 
27,000 ohms, ½ watt 
<,XOO ohms, ½ \\alt 

-t700 ohms, ½ watt 
0.1 meg, I watt 

560 ohms, ½ watt 
0.33 meg, ½ watt 
0.1 meg, ½ watt 
1.0 meg, ½ watt 
0.5-meg putentiomett'r . linear 
1.0-meg potentiometn. linl'ar 
0.1-meg pote11tio111eter. li11rar 

( R ,, a11d R ,, assembled from IRC 
Concentrikit components l 

V,. V , 

2 pole 6 pos. switch. '.\l:ill11r y 
3126) 
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A Preamplifier Switching, and Equalizing 
Unit for Critical Listening 

M. V. KIEBERT, Jr_ ,:, 

Given a " cleaned-up" output amplifier, the next step 
is to follow the same steps in optimizing the preampli­
fier and control unit section of the complete system. 

FOR THE ENGINEER and/ or golclen ear 
who enjoys good nfusic arnl must 
li \'e with the distaff si,le of a family 

not inclined towarrls the intricacies 
of equalizers, equalizer settings, anc! 
similar gaclgetry, it is necessary to de­
sign a high-fidelity system to take into 
account this point of view and enable 
tolerable program enjoyment without 
personal super\'ision or the teaching of a 
course in the fundamental s of aural pcr­
CC'ption ancl audio circuits. 

From this wri ter's point of view, a 
typical system is conveniently hroken 
clown into four sets of hasic elements for 
the purpose of design consideration. 
These are, namely, the clisc preamplifier 
and recording characteri stic equalizing 
assembly; the system switching ancl en­
vironmental equalizing facilities; the 
power amplifier; and the loud speaker 
ancl associated acoustical system. These 
arc shown in the hlock diagram of Fig. 1. 

Of these four elements listed ahove, 
only the preamplifier and recording 
characteristic equalizing assembly ancl 
the switching and environmen tal equal ­
izing facilities pose a major audio de­
sign engineering joh which is ordinarily 
un,ler the control of the designer. This 
design problem is exacting due to the 
low levels invoh·ed, and to the fact that 
the switching controls and equalizing 
functions are most easily accomplished 
at rdatively high impedance levels with 

* .-1/'J'lird Rrsrarch foe. , Chicago, Ill. 
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Fig. 1. Block sche­
matic of the entire 
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their consc11uent sensitivity to noi se 
and hum pick-up. Both of these latter 
functions are logically located in this 
control unit, "nerve ceuter" position. 

The loudspeaker and its enclosure­
which constitute a complete acoustical 
system-together with the power am­
pl ifier. which in this particula r applica­
tion was a modified \Vil!iamson. are of 
essentially st,·aightiorward design or may 
be purchased uni ts of basically linear 
characteristics ancl accordingly are as­
sumed to require 110 additional equaliza­
t ion. nor to require other than an essen­
ti a lly fl at frequency characteristic of 
good transient and intermodulation per­
ionnance in order to provide satis­
factory reproduction of the complex 
audio signal feel into these two elements 
oi the system. 

This art icle outlines the clesign, con­
struction and performance character-
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SYSTEM S'WtTCHING .... 
ENVIROHMEH'TAL 
EQUA L I 2 ATION 

AAOIO 
RECEIVER 

TAP£ 
RECORDER 

1st1cs of a combined preamplifier and 
rccorcling characteristic equalizing as­
sembly which is combined with switching 
and enviroment equalizer facilities . The 
final unit was engineered for installation 
in a coffee table. along with the radio 
receiver and both 33-1/ 3 anc! 45 r.p.m. 
turntables. The power amplifier, micro­
phone preamplifier, and magnetic record­
ing equipment. as well as the loud­
speaker assembly, are separately located 
ior convenience. 

A separate power supply for this 
"nerve center" and the use of an output 
transformer provide for circuit isolation, 
thus avoiding stray circulating ground 
currents in the audio system. Residual 
hum and noise are thC'reforc consider­
ahlv below the threshold noise level of a 
quiet room, even when listening with in 
one foot of the speaker. 

The final unit more than meets the 
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Fig. 2. Record ing character istics for ,..-hich the preamplifier was designed. (A), left , those used by leading manufacturers of 78 -r.p.m. records, and 
( B), right, those used for transcriptions and LP records, including the AES curve. 
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m 
original design requirement of a system 
amenable to technically correct operation 
by unskilled personnel, while still pro­
viding adequate tlexihility such that 
additional and adequate high- am! low­
frequency envi ronmcntal equalization 
was readily available to satisfy indi­
vidual listener preference and/ or to 
compensate generally for various room 
acoustic anomalies. 

Design Criteri3 

In considering thi s system, it was 
believed to he desirable that onlv one 
switch setting shoulcl automatically pro­
vide the proper and optimum low- and 
high-frequency com pen sat ion recp1i red 
for most discs, and that the midpoint 
setting of the environmental equalizer 
controls should provirle a system which 
would have a "flat" over-all frequency 
characteristic at maximum volume 
setting with automatic compensation for 
the Fletcher-]\[ unson curves at lower 
volume levels. It was clesired that the 
enviro!1mental equalization be capable 
of either boost or attenuation of at least 
20 clh at hoth the high and low ends of 
the auclio spectrum in order to provide 
for personal preference and/ or area 
balance. Due to the fact that most 
natural phenomena do not change 
abruptly, and based upon many listening 
tests of various types and slopes of net­
works, the environmental equalization 
was based upon 6 db per octave (single 
degree of freedom) network swinging 
around a micl-frequency of approxi­
mately 1000 cps and more than critically 
damped in order to avoid difficulties. 

In order to provicle the optimum 
recording characteristic equalization, it 
was necessary to survey the recording 
industry both here ancl abroacl, and 
secure the recording characteristics of 
each of the most widely used types of 
records. Accorrlingly, an investigation 
was macle and reasonably accurate 
recording curves were made available 
from the major recorcling studios as 
follows: 

EMI 78 (British T'arlophone, Colum-
bia. Brunswick, H l\fV, etc.) 

Columbia 78 (U.S.) 
RCA 78 
London, Decca 78 
Columbia LP, N.A.B. , and the rec­

ommencled A.E.S. curve 
The recording characteristics for each 
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• 
Fig. 3. Th e complete 
chassis of the pre ­
amplifier and equal -

izer control unit. 

• 

of these types of discs are shown at ( A) 
and (TI) in Fig. 2. It is to he noted that 
while specificat ions and much of the 
literature indicate that the transition 
from a constant ampli tude to a constant 
velocity curve is a disconti11uot1s func­
tion, actual recording characteristics 
generally inrlicate coupled systems with 
only one deg-rec of freedom with the at­
tendant ct1rves as shown at (A). Ohvi -

Fig. 4. Power supply used for the preamplifier 
unit. 

011sly and fortuitously, such curves are 
much easier to compensate than those 
which are discontinuous. 

In order to secure optimt1m signal-to­
noisc ratios with low-level pickups it 
was decided to utilize approximately 
20 dh of gain prior to any recording 
characteristic equalization. This was 
done in the first stage which, however, 
does have an output selector (Sw,) in 
order that higher level pickups, such as 
the Pickering ancl Clarkstan units, may 
be used through the same equalizing­
stages. Use of a pre-preamplifier with 
a bypassed cathode resistor also helps 
the hum and noise problems which arise 
due to heater-cathode coupling. An 
equalizing preamplifier frequently rec­
ommended for this application gives rise 
to spurious hum and noise due to the 
unhypassecl resistor in the input stage. 
When using the RPX040, RPX041 or 
RPX046 pickups, G.E. recommends the 
use of a 6SC7 with grounded cathodes 
and work-function bias, with equaliza­
tion accomplished by means of a RC 
losser network between the preamplifier 
stages. This recommendation was prob­
ably based on their findings relative to 
unbypassecl cathode resistors. However, 
test of the G.E. configuration as com­
pared to the present unit or other units 
of more conventional design, does show 

poorer BI performance, which is prob­
ably a result of the greater non-linearity 
of their hias system. 

Construction 

Figure 3 shows the completer! unit. 
The con trols from left to right are as 
follows: Input selector Sw3 ( magnetic 
recorcler, radio receiver, 45-r.p .n1. rec­
orcl player. and 33-1 / 3-i8 transcript ion 
tahle ) ; record-equalization ( record ­
type ) control; Sw,, louclness control; 
low-frequency cnvi ronmcnt equaliza­
tion; and high-frequency environmental 
equalization . 

The power supply for this unit, a~ 
shown in Fig . 4, has heen built 011 a 
separate chassis in orrler to permit its 
location separate from the other unit. 

In assembling components for use in 
the preamplifier assembly, shown in 
schematic form in Fig . 5, it was found 
necessary to utilize a hridge in order to 
select the correct \'alues of capacitance 
for the pa rticular value of equalizing 
feeclhack resistance utilized. Ordinary, 
stock type capacitors nm approximately 
± 20 per cent tolerance, while ± IO per 
cent units appear to invariably run right 
to the limits of the tolerance and ac­
corclingly, the importance of utilizing 
the correct values of capacitance ana 
resistance in the equalizing circuits can­
not be too greatly emphasized ii reason­
ahly good compensation is to he oh­
tained. l\lica units of ± 5 per cent tol­
erance have, however, been generally 
found to be vcrv close to the rorrect 
value. • 

The other components of the system 
are not critical except that special atten­
tion should he given to the plate resist­
ors in the lirst stages to insure that 
these units are of the "low-noise" type 
and that the resistors used in the feed­
back equalizing circuits have a negli­
gible voltage-resistance coeflicient. 

Relative to low-noise-level and / or 
low-voltage-coefficient resistors, there 
are several points all too frequently 
overlooked by the casual audio experi ­
menter-points which might well he 
outlined at this time. 

For mm1mum noise, wire-wound 
units are always quieter than composi­
tion units, but before using wire-wound 
units in feedback circuits, make certain 
that they are non-inductively wouncl and 
in fact have a negligible rcactance at 
frequencies up to 100 or 200 kc-other­
wise excessive high-frequency phase 
shift will cause trouble. 

In the present assembly a wire-wound. 
I-watt unit used in the plate circuit of 
the pre-preamplifier improved the sig­
nal-to-noise ratio hy 18 dh when this 
unit was substituted for a .½-watt com­
position resistor-yet the composition 
resistor was being operated at only 20 
per cent of its rated dissipation. 

Composition resistors usecl in cur ­
rent-carrying loads such as plate cir­
cuits or unbypassecl cathodes should be 
carefully suspect of being noise sources 
in low-level circuits. \Vhere space and 
miniaturization appear to dictate the 
use of composition units, use 1- or '! ­
watt units, even though the dissipation 
requirement is only 0.1 watt or even 
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Fig. 5. Over-all schematic of the preamplifier and control unit together with the power supply shown in Fig. 4. 

less . \Vit h these uni ts used in place of 
the usual 1/ 3- or 1/ 2-watt units, it is 
fre11ue11t ly possible to pick up an extra 
10 to 12 db of signal-to-noi se ratio. 
\Vhere appreciable d.c. currents are not 
normally present as iu the case of the 
grid resistor and where the a.c. s ignals 
are not large, then the smaller ¼-watt 
composition units are satisfactory. 

In fceclback circuits such as that 
found in the preamplifier recording 
characterist ic equalizing stage, care 
should be taken to see that the feedback 
resistor and the associated cathode re­
si stor are of the same type of composi­
tion material if space or component 
availahility limits their items to compo­
sition elements. Under such a conrlition 
the two elements will act as a voltage 
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1lividing poten tiometer and while the 
assembly may not have too good a volt­
age-coetlicient characteristic, no apprc­
ciahlc difficulty wi ll he experienced be­
cause they ha\'e a relatively high value 
of minimum bridging impedance-about 
105,000 ohms as compared to the ap­
proximately 10,000 ohm output imped­
ance (not considering equivalent output 
impedance 1luc to feedhack) of the 
12A Y7 output stage, across which thi s 
divider is placed. Were the 4700-ohm 
cathode res istor a wirc-wounr l unit an<I 
the feedback resistor a composition unit, 
t ra11sient signals would be badly di s­
torted- a point easily established when 
intermodulation tests arc marle on such 
a system . 

The Jo.,.,, -level coupling capacitors 
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Fig. 6. Curves show­
ing limits of equaliza­
tion of the boss and 
treble tone controls . I ,___ 
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must likewise he carefully selected. Mica 
units or other high-quality types should 
be used. The miniature, metalized paper 
types are frequently found to he quite 
noisy when used in low level ci rcuits. 

It will be noted that the output of the 
recording characteristic equalizing am­
plifier contains an auxiliary low-fre­
qency equalizing network to give a last 
fine touch to the low end of the record­
ing characteristic compensation curve, 
a point which is all too often overlooke1l. 

The output cathode follower circuit 
employs a hri<lging ancl isolating trans­
former in order to avoid the circulating 
ground currents normally encountered 
in single-ended outputs which usually 
give trouble in providing hum-free in­
put to the power amplifier ,vhen this 
unit is located an appreciable distance 
away from the preamplifier. A bridging 
type of transformer is used in order 
that it may be terminated in a 600-ohm 
load without adversely affecting the dis­
tortion characteristics of the cathode 
follower. It is interesting to note that 
the 300-ohm output impedance of the 
cathode follower can deliver 4 volts 
r.m.s. into a hridging loa<l with the IM 
kept to below measurahle level. When 
this same stage is loaded by 300 ohms, 
then the output at 1 volt r .m.s. was 
found to have over S per cent IM dis­
tortion. 

The pre-preamplifier and recording 
characteristic equalizer amplifier, along 
with all associated coupling capacitors 
and resistors have heen mounted in a 
sub-assembly and ihis assembly shock-
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mounted irom the chassis with fl exible 
leads fo r vibration isolation. This unit 
will be noted in the upper left corner of 
Fig. 3. 

All the recording characteristic equal­
izing resistors and condensers have been 
mounted on Sw, with flexible leads at 
B and C extended to the shock-mounted 
pre-preamplifier and equalizing ampli­
fier . 

The "touch-up" low-frequency equal­
izing network between points D and E 
has been placed on the bottom of the 
chassis under the pre-amplifier sub-as­
sembly. 

Care was taken in wiring the unit to 
insure a single-point ground which 
woul,1 he located at the lowest signal 
level point. All input circuits were care­
fully isolated from grounil with insu­
lating washers used on the unbalanced 
input circuits. The actual ground point 
employed the chassis negative electro­
lytic bypass capacitor point which was 
located immediately and conveniently 
below the pre-preamp! ifier an<l record­
ing characteristic equalizer-amplifier 
sub-assembly. 

Care was also taken to insure mi11i-
111um capacitance to ground of the inter­
stage coupling capacitors between sec­
tions oi V, and V 6 by mounting these 
two units on insulating stand-off pillars 
just hack of the low- and high-fre­
quency environmental equalization con­
trols. 

Performance 

Figures 6, 7, 8, and 9 show the actual 
reproduction characteristics, and con­
firm the fact that the recording charac­
teristic equalizing circuits provide 
complementary equalization for the 
curves of Fig. 2. 

Each element of this svste111 was care­
fully investigated as to· signal-to-noise 
ratios and overload characteristics. 

The pre-preamplifier and associated 
<lisc-equalizing amplifier, for example, 
with a 15 millivolt (r.m.s.) input at 
1000 cps provides 1.215 volts r .m.s. out­
put to the loudness control with the 
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noise level more than 80 db below this 
level. The overload point with the pre­
preamplifier switch in the maximum 
gain position was at 80 millivolts r.m.s., 
which indicates that there is more than 
an ample overload margin when a G.E. 
pick-up is use,! under this condition of 
operation. The overload point in the 
minimum gain position, is of course, 
approximately 0.K volt r.m.s. under the 
sa111e conditions of operation. 

The environmental equalizer section 
of the circuit was si111ilarly tested, both 
at maximum boost and attenuation. 
Again by careful parts layout it was 
found that the noise level was more than 
80 dh hclow the normal signal level. The 
specitic value was not measurable due 
to the fact that the vacuum tuhe volt-
111eter available for these tests could not 
rea<l a lower level. 

The environmental equalizer section 
was checked for overload characteris­
tics and output voltage. hoth under the 
conditions of a terminating load and a 
bridging load. In the lirst case. 15.2 
volts r .m .s. input appeare1l to he the 
overload point, which gave 5.0 volts 
r.m.s. into a terminating loacl, or 6.7 
volts r.m.s. into a bridging load. With 
maximum boost and utilizing a 100 cps 
signal as a reference, the overload point 
was 10 volts r.m.s. input. which gave 
2.55 volts r.m.s. into a terminating load, 
and 4.5 volts r.m.s. into a hridging load. 

From the ahQ\·e, it i~ apparent that 
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there is also ample margin between op­
erating point and the overload point of 
the environmental equalizer section of 
this unit when it is noted that the max­
imum level feed into this section will 
normally be only 1.215 volts r .m.s. 

Under normal conditions of operation, 
a IS-millivolt input signal as typical oi 
a G.E. pickup, will provide a signal of 
approximately 0.55 volts r .m.s. across 
the 600-ohm output oi the preamplifier, 
under which condition of operation a 
signal-to-noise ratio of better than 80 db 
is readily obtained. This le,·el appears 
to be more than adequate as an input 
for a magnetic recorder and most con­
ventional power amplifiers. 

From past experience, it was believed 
to he essential that the excellent system 
performance should be obtained regard­
less of tube selection. Twenty 12A Y7's 
in various combinations and of various 
previous operating histories were eval ­
uated. Thanks to the type of circuitry, 
neither the gain, levels, nor frequency 
response change,\ more than 0 .3 dh re­
gardless of their combination. 

The writer wishes to acknowled~e 
and credit George Beggs, Jack Shoup, 
Sherman Fairchild and Paul Landaman 
for manv of the ideas anrl suggestions 
embodied in this unit and for suggesting 
the rather wordy descriptions of several 
design points oiten presented in the lit­
erature of this new field . 

-

-♦ 12 

+8 

+4 

~~ 
,_ ~ ~ 

~ r-~ iii - - - --
~ ""' I ENI 

-
•.; ' . 

"""' - k.0NDCJ 
0 

- 4 t---·- f t-
f""',,, to... 

0 

- 4 ~ ~ ,.~ 
'• ~ -8 

•12 

-16 

-20 

-24 
,0 

i"'~ 

. . 
f"REOUENCY IN CYCLES PER SECOND 

- 8 

~ - 12 

- 16 

- 20 

.. .. 

.. ..... .. 
1 

-.. .. Rel 

I ICOl 
I 

I 
•-

. . . 
FREQUENCY IN CYCLES PER SEC0,..0 
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External and internal views of the author's self- powered control unit. 

A Low-Distortion Tone-Control 
Amplifier 
W. B. BERNARD, Cdr., USN ':, 

A well-designed "front end" which should provide sufficient flexibility for anyone, 
since the curves can be tailored to fit by judicious selection of capacitors and resistors. 

O\'ER THE !'AST FEW YEARS the author 
has been working to deYelop an in­
put amplifier and tone control cir­

cuit with fewer than the average number 
of faults. This article is a story of the 
evolution of such a circuit and Fig . 1 is 
the family tree of the circuit. 

The circuit shown at (A) in Fig. 1 
is a widely used circuit which provides 
for boost and cut for both bass 3nd treble. 
There is no interaction between the two 
tone controls but the circuit requires that 
three grids be operated at low signal 
levels with the attendant danger of hum 
and at high levels the three triodes with­
out fceclback are likely to produce more 
distortion than the output amplifier that 
follows them. 

The circuit of (B) is a simplification 
using one high-mu triode. Its only ad­
vantage is simplification since the dis­
tortion produced was quite high as 
shown in the author's article on distor­
tion in ,·oltage ampliliers1 and the low­
and high-frequency controls sufferecl 
from interaction. 

To alleYiate these difficulties the cir­
cuit of (C) in Fig. 1 was developed. 
The inverse feedback reduced the dis­
tortion to a reasonable level and the re­
sistor between the sliders of the bass and 
treble controls minimized the interaction 
of these controls. 

In general the circuit of (C) was a 
great impro,·ement over anything previ­
ously tried but it was considered desir­
able to separate completely the bass and 
treble controls so the treble control was 
moYed to the feedback network and the 

"-/.1!0 Narragansett A1•e., San Diego 7. 
Calif. 

1 AUDIO Er-G1:s;EERIXG, Feb., 1953. 

amplifier of (D) resultecl. As the slider 
on the treble control is moved to the left 
the amount of high-frequency feedback is 
reduced and therefore the gain of tht' 
amplifier is increased at these frequen­
cies. If the slider is moYed to the right 
the amount of high-frequency feedback 
is increased thus reducing the treble gain 
of the amplifier. 

All the foregoing circuits suffer from 
one fault. At the midfrequencies there 
are one or more points in the circuit 

TREBLE 
(D) (E) 

where a tube is required to operate at 
20 <lb above the <les i red output level in 
er<ler to allow for a 20 clb boost at high 
or low frequenci es . This excess level 
adds considerable unnecessary distortion 
so the next step was to eliminate the nec­
essity for operation at such a high leYel. 
The circuit shown at (E) in Fig . 1 was 
designed to produce all compensation J,ut 
bass cut by variation of the feedback cir­
cuit. Because of the practical difficulties 
of obtaining bass cut by Yariation of 

(F) 

fig . 1. Six steps in the development of the control unit described by the author. Each of the 
circuits from (A) to (E) had some faults; all are presum<'d to be eliminated in (F). 
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Fig. 2. Using a Yariable resistor and fixed 
capacitors in a tone control gives curves like 
(A) . By changing capacitors, leaving the re­
sistor fixed, variable- turnover curves may be 

achieved, as in (BJ. 

feedhack it is accomplished by an HC 
c;rcuit connected to the output of the 
amplifier . For the sake of illustration 
separate bass boost and cut controls are 
shown hut it is of course desirahle to 
combine these on one shaft. 

The circuit of (E) was a step forward 
hut it still did not seem to be the opti ­
mum design. The requirements for a 
voltage gain of 10, tone compensation of 
20 clb, arnl ahout 20 db of negative feed­
back, were not compatible with tl1e oper­
ation of the high-mu triodes with reason­
ahle loads. These difficulties were over­
come in the circuit of (F). Here a pen­
tode voltage amplifier is used for the first 
tuhe and a low-mu triode is used for the 
second tube. 

This circuit fulfills the requirements 
listed in the paragraph above and has 
additional advantages. The pentode grid 
which is fed from the volume control has 
a very low input capacitance when com­
pared to a triode where the Miller etTect 
has to he considered and the application 
of the inverse feedback further reduces 
tl:is input capacitance. As a result, the 
major portion of the capacitance load on 
the volume control comes from the wir­
ing and consequently there is no problem 
of loss of high-frequency response at mid­
settings of the volume control. The out-
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Fig. 4. Over-all schematic of the tone -control amplifier, combined with ordinary preamplif ier. 

put impedance of the low-mu triode is 
quite low and it is further reduced by the 
inverse feedhack so any length of output 
cable within reason will have no appre­
ciahle effect 011 the high-frequency re­
sponse. A calculation shows that under 
the worst condition (maximum treble 
boost of 20 dh) the output impedance of 
the amplifier is about 600 ohms. This 
goes down to less than 100 ohms if flat 
response or treble cut is used. These im­
pedances are as good as or hetter than 
would he realized by a cathode follower 
using the same tuhe. 

The fact that a single potentiometer 
can not be used for both hass boost and 
cut may he cousi,lered to he a disadvan­
tage hut the use of a step-type control also 
has some advantages in that each step can 
l,c designed to give any desired curve up 
tc the maximum of 6 dh per octave cor­
rection . A variable resistor with one 
fixed capacitor gives curves which all 
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Fig. 3. limit curves 
from the author's 
unit, with one inter­
mediate curve shown 
to indicate trend of 

control operation. 

have the same turnover frec111ency anti 
initial slope as shown at (A) in Fig. 2. 
By changing the capacitor and leaving 
the resistor fixed we get curves which 
have the same slope but different turn­
over frequencies as shown at ( 13). Only 
hy varying hoth R. and C can we obtain 
the curves with different slopes which is 
the result usually desired. This makes it 
desirable to use a step-type control for 
treble boost and cut although in this case 
a single potentiometer would serve. By 
;, special arrangement of switch wafers 
the resulting assemblies are quite com­
pact. The maximum compensation and 
one intermediate curve are sl:own in 
Fig. 3. 

Figure 4 shows the diagram of the 
complete unit which was constructed. 
The phonograph preamplifier section is 
conventional and will not he described in 
detail. ln addition to the three choices of 
low-frequency turnover compensation, a 
sharp-cutoff filter as descrihe,1 by Pick­
ering' is incorporated at the input of the 
preamplifier. The values show~1 arc for 
a GE cartridge. A 10-cps high-pass filter 
is incorporated at the output of the am­
plifier to reduce turntable rumble and to 
prevent low-frequency transients from 
1111d11ly disturbing the power amplifier or 
causing speaker cone excursions of un­
desirable amplitu,le. Such transients are 
prone to occur if a radio tuner which is 
operated into the svstem is tune,! from 
station to station wiih the volume control 
turned up to a reasonable level. It may he 
stated as a general rule that there is no 
reason to feed into the main amplifier any 

( C 011cl11dcd al bo/10111 of 11exl page) 

FR£0UIENCY IN CYCLIES PIER SIECO""O 

2 N. C. Pickering, "EfTect of load imped­
ance on magnetic pickup response," Auo10 
ENGINEERING, March, 1953. 
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Record Improvement with 
H-F Cut-off Filters 

ELLIOTT W . MARKOW ':, 

Simplifying the design of practical low-pass filters for use with sound reproduc­
ing systems to eliminate unwanted high -frequency distortion and record scratch 
- with a few hints as to the construction of a simple and useful unit. 

CONSrnER \IILE E'.\ll'HASIS has been 
placed on the design of suitable 
circuits and equalizers to compen­

sate for the original amplitude levels of 
recordecl music. One very important 
factor which has received comparatively 
little emphasis is the advantage of being 
able to cut off at a certain frequency . 
In fact, inability to do this actually 
nullifies to a great extent the benefits 
which derive from equalization. Com­
mercial equalizers and preamplifiers are 
available which provide quite aclequate 
hass and treble equalization, hut few 
which provide the a(hlitional refinement 
of sharp cut-off. 

It is commonly known that one of the 
most important factors in the pleasing 
reprocluct ion of all reproduced sound 
is the lack oi distort ion in the extre111e 
upper and lower ends of the audio 
spectrum. This distortion is particularly 
noticeable and most common in the up­
per end of the !>pectrum, and it is 
usually here that the present day repro­
duced music contains most distortion 
and noise. This is particularly true of 
recordings ( and broadcasts oi record ­
ings) because of the high noise factors 
and harmonic distortions which are 
o, ere111phasizecl when any attempt at 
treble boost is made. These factors, 
unfortunately, combine to make adequate 

* P. 0. Uo.1· J.15, Silt1cr Spring, Md. 

LOW-DISTORTION 
AMPLIFIER 

(from· prcadi11g page) 

low-frequency signal that the speaker 
cannot handle. 

In many cases the low-frequency coup­
ling afforrled by supplying the preampli­
fier plate power from the output amplifier 
is sufficient to make the whole system 
just marginally stable. or even unstable, 
so the power supply for this unit is self 
contained. This independent power sup­
plv also makes the whole unit much more 
versatile. The power transformer is a 40-
or SO-ma shielded unit <les igned for use 
in TV boosters. This transformer is op­
erated into a voltage-doubler rectifier 
and an RC tilter. 

treble boost difficult for the ear to take 
even though the brilliance and "pres­
ence" of the recorded reproduction has 
been improved and the recording ob­
viously has highs which could profitably 
he used ii distortion a111l noise factors 
were removed. 

The solution to this apparent dilemma 
is obvious and is well known : use a 
sharp cut-off 1il ter to eliminat-e all fre ­
quencies above a desired cut-off fre­
quency-usually determined by the ac­
tual content of the record or program. 
This is rarely provided in commercial 
equalizer -preampliliers designed for 
home use hut is very necessary to get 
the utmost from recorclings. An elabo­
rate well equalized system that lacks 
th is necessary feature is still incomplete. 

It is quite important to emphasize the 
words "sharp cut-off." If sharp cut-off 
is not provided the circu it provides es­
sentially only roll-off, which (loes not 
approach the effectiveness oi sharp cut­
off. '.\lost so called •·scratch filters" pro­
vide onlv -a 6 db per octave roll off and 
are not ;-ecommendecl for a high-quality 
system. 

It is the purpose of this article to em­
phasize the desirability of adding a 
sharp cut-off filter to an otherwise well 
equalized system and discuss the design 
factors involved so that those interested 
can acid a suitable filter to their present 
equipment or build it into new equip-

The photos show the appearance of the 
finished unit, which is built in a 7 x 12 
x 3 chassis. A sub-chassis of J / 32 al­
uminum is fastened inside the chass is to 
hold the tube sockets and power supply 
components. 
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Fig . 5. IM distortion curve for outputs in excess 
of 8 volts rms. Distortion below this value is 

almost unmeasurable. 
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Fig. 1. Cut-off charac teristic of a single -sec­
tion filter desi-gned for cut-off at 5000 cps. 
I A) represents the response of the filter 
using values of R and L given by Fig. 3 ; 18 ) 
resp-,nse for values of R reduced to 2/3 of 
the Fig. 3 values or L increased by a factor of 

1.5. 
ment . None of the mathematics or theory 
involved will he discussed; just presen ­
tation of design curves and information. 
Filters of this type do not come as 
cheaply or as easily as simple resistance­
capac itance networks. The necessary 
parts will cost somewhere arouncl $15, 
but this seems small, in the writer's 
opinion, compared to the results ob­
tained. 

Proper cut -off makes many recordings 
of normally poor quality sound surpris­
ingly good and quite enjoyable. It will 
not remove rli stortion occurring in the 
transmi ssion hand hut it will remove a 

The IM distortion vs. volts output is 
shown in Fiq. 5. This curve was taken 
with 5 feet of shielded cable connected to 
the output. Although a very long cahle 
may be used without affecting the high­
frequency response the plate current re­
quired from the output tube to produce 

' a given high-frequency voltage is in­
creased and with the increase in current 
comes an increase in distortion. Since 
the power of high frequencies in the 
usual program material is quite low the 
greatest difficulty in the use of a very 
long output cable will likely be hum volt­
ages. 

This article is intended to be a general 
discussion of the principles behind the 
design of a class of circuits and not a 
step by step constructional_ article so ,~o 
dimensional drawings are mcluded. It rs 
thought that the amplifier pictured will 
fill the usual requirements·found ltl l11gh ­
fidefity home music systems anrl that the 
general principles outlined will he useful 
in a wider field. 
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lot of noise without re111oving a notice­
able amount of music. Hi -ti extremists 
will argue that thi s is not high fidelity, 
hut it is far better that the sounds please 
the esthetic sense tha11 that ;1 few extra 
cvcles, with attenda11t noise anrl distor­
ti"on, he reproduced to satisfy a theo ret i­
cal curve. The pros an rl cons of this 
subject have been well covered in nu­
n1l' i o11s other articles a n,! need not he 
elahorated upon here. Let us simply say 
that personal prcien·ncc dictates your 
course of action . In every case your 
11011 -technicallv min,kd li stener-those 
listening just tor the sake of the mttsic­
will inva riably prder a reasonable cut­
off 011 imperfect so11rccs. 

Herc is an i111portant point: AN 
EOll .\1.JZF.ll SYSTF.~1 \\'HICH CUTS OFF AT 
.'iOOO CPS A:-ll W II IC II I>OE S :- OT OTHER­

WIS E 1:-TROllUCF. DI STORTION WILi. SOUND 
OF SU RPRIS! '.','.GI.Y Ii t G ll QUJ. 1.ITY AND 

Wit .I. B~: ESTHt:TICAI.I. Y VERY S ATI SFYING. 

A 7000-cps S\"Stem will sound somewhat 
better; a full 10,000-cps system will 
sournl uncannilv realistic and will ap­
proximate the ,;presence" of a live pcr­
for111anCl'. Anything ahovc thi s c_omes 
dearlv an<! with normally ava1lahle 
music sourc'es, very infrequently. 

Filter Design 

The amount of cnt-off provided by a 
singlc-sectio11 filter describe,! here is 
shown in Fig . I. The same general 
shape and amount of cttt-off per octave 
prc\·ails regardless of design cut-off fre­
quency. Experience seems to indicate 
that cut -off frequencies of 5000, 7000, 
and 9000 cps are adequate ior a11y home 
svstcm, and ior practically all available 
r~cordings. It is unfortunately much 
easier to design a tilter on paper than 
to execute it in terms of actual equip­
ment . A filter is not a complicated de­
vicl', hut in order for it to work properly 
it is quite fussy as to operating condi ­
t ions- in particular the input and out­
put impedances seen hy the tilter section 
and the relationship between the in­
ductance in the tilter and these i111ped­
ances. T he input and output res istances 
"seen" 1,y the tilter section should be 
equal; further111orc there is a rather 
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0 ol M'\ductonce L mu1f u.ceed ZO at 5,000 cp1 

Fig. 2 . Single- section. low - pass fi lt er wh ich 
pr-1vid es a slope of 22.6 db pe r octave atten ua-

tion beyond cut -off. 

s trict relationship between these values 
and the Yalue oi inductance required. 
The input and output resi stances arc 
commonl v known as the characteris­
tic impeciancc of the tilter. It is around 
these values ancl the desired Yalues of 
cut-off frequency that the tilter com­
ponents arc determined. 17ortunatcly the 
components Jll'cd not he of close toler­
ance. 

Without going into a lot of mathe­
matics, one very practical circuit from 
the standpoint of transient response, 
sharpness of cut-off, and reasonableness 
of component values is that shown in 
Fig. 2. \\' ith correct selection of com­
ponents this will provide about 22 db 
of attentuation per octave with only 3 
db of atten uation at the design cut-off 
frequency . The precise sharpness of cut­
off is, to a slight degree, a function of 
the "Q" of the indttctancc L hut for 
values of Q above 20 there is wry little 
increase in cut-off sharpness. l\tore com­
plicated circuits will give sharper cut-off 
but require adlli tional components and 
usuallv have Ull(lcsirahle transient char­
acteristics. The design formulas for this 
filter are also given in Fig . 2. Fig11rcs 3 
and 4 show the relat ionships between 
characteristic impedance R., inductance 
L, an<! capacitance C. 

T his fi lter can he put in either the 
plate circuit or the cathode circuit of any 

IOO 

... 
" ~ " " I",._ 

I'\ ' 
~ 

medium- or low-gain triode amplifier or 
cathode follower and still ha vc reason ­
able Yalucs of irnluctancc and capacit­
ance if certain iactors arc consi,lcred. 
Because of the loading effects of the 
filter it is almost impractical to insert 
the filter in the plate circuit unless 1he 
load resistance of the tubes is very low, 
so if at all possible it is much more pre­
frrahle to operate the tilter from a cath­
ode-follower stage where loading effects 
can he practically eli111inatcd. \Vhere 
this filter can logically he inserted in 
an existing system is a matter of avail ­
able gain, tube line-up, and physical 
layout . It is hcst designed into a new 
preamplifier and fed from a cathode 
follower, hut it can he added to most 
existing amplifiers particularly ii the 
preamplifier arnl power amplifier arc 
connected through a cable. There are a,1-
vantages in opera ting at as low an im­
per lance leYcl as practical and this usu­
alh· means operating irom a cathode 
foi°lower output . Hum pick-up and prac­
tical values of capacitance are the major 
reason~ for 11sing a low impedance. \Vith 
a toroid coil the problem of hum pickup 
is avoided. It is quite i111portant that 
the tilter characteristic impellance pre­
sent a negligible load on the driving 
source and as a rule oi tl111mh the char­
acteristic impedance should he a mini ­
mum of about 10,000 ohms. 

There are several approaches to the 
selection of component vah1cs. Exami­
nation of Fiy. 3 will show the relation­
ship between inductance L an,! charac­
teristic impedance R. In the usual case 
the filter is ,Icsigncd around a commer­
ciallY available value of L. chosen to 
opcr-atc from some arbitrarily chosen 
characteristic impedance. Values of in ­
put anll output resistance arnl capacit­
ance arc switched as necessary to change 
the cut-off frequency and the character­
istic impedance. If we restrict ourselves 
to reasonable values of characteristic 
impedance and tuning capacitance, as 
can he determined irom Fi9s. 3 and 4, 
it will he seen that the useful range of 
inductance values at 5000-cps cut-off 
varies between about 200 millihcnries 
and 3 hcnrics, all commercially availahlc 
values. Characteristic impe,Jance varies 
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between about 10,000 an<l 100,000 ohms. 
Suitahlc inductors are availahle from 

several manufacturers in a large range 
oi values . One ,·aluc of inductance L 
chosen to operate at the desired i:11ped­
a11ce levl·l can serve for all three fre­
quencies hy merely switching resistors 
and capacitors as ill11strated in Fig . 5. 
The ind11ctor should have a Q of at 
least 20 at 5000 cps. It will cost somc­
" ·hcrc hetwcen $4 to $10 clcpen11ing upon 

aluc. type oi winding, ancl sh ielding. 
Toroids a rc reco111mcndcd, especially 
for high-impedance circuits. 

Practical Filter Example 

A typical circuit is ill11strated in Fig. 
5. Val11es of capacitor C mav he taken 
directly fro111 Fi_q. 4. Values of input 
n ·s ista ncl' a re not critical hut selection 
shoulcl be made 011 the low side of the 
design value rather than exceed the <le­
sign v,1 Inc. s an example of how this 
tilter was calc11lated, s11ppose a tilter is 
requ ired to opc ratr in the cathode_ cir­
c11 it oi a triode , as in Fi_q . 5. The 1n1iut 
impedance of the cathode c ircuit is usu­
ally g-ivl'll approximately hy the simple 
ccmation X = 1 / Gm; however, it should 
he remcmhcrcd that this condition is 
true ior an unh\"passcd cathode resistor 
an,! any capaettancc in paralll'l with 
and approxi111ati11g the value of the 
cathode n•si stor , ill change this rela­
tion . The characteristic impedance of the 
tilter should therefore he hi gher than 
the cathode resi stor to avoid by-passing. 
A good , orking value is to choose the 
charactcri ~tic impedance oi abo11t 20,000 
ohms, as has been done in the example. 
Ii rhis value oi character istic impedance 
is chosen the input impc1lancc oi the 
cathode follower remains approximately 
1/ G,,. (about 500 ohms for most tri­
odes) an,! no consideration ncc<l be 
gi ven to either the actual cathoclc re­
sistor or input impedance. High values 
of ca thode resist:u1ce arc usuallv used to 
keep the gain close to unity . • 

1 laving arbitrarily selected an ap­
proximate value of 20,000 ohms for the 
charactnistic impe1lance, refer to Fig. 
3 and select the nearest commercially 
a,·ailahlc value oi inductance " ·hich cor­
responds to a characteristic impc~lance 
of approximately 20,000 ohms, which m 
this case is 750 millihenries for the 
5000-cps cut -off irequcncy. Selection of 
the inductance should he done on the 
basis of the lowest desired frequency of 
cut-off so that all succcl·1ling impedances 
will he larger than that at 5000 cps. 
Val11es of charac!l'ristic impedance for 
frequencies oi 7000 and 11000 cps arc 
read 1lirectlv irom Fig. 3 am! arc seen 
to be 24,00() ohms and 33,000 ohms re­
spectively. Similarly values of capacit ­
a nce required ior this value of induct­
ance am! for the chosen cut -off irc­
qucncies are rca1! di:-cctly from Fiy . 4, 
and are found to he .0027 µi , .tl014 1,i, 
arnl ~50 1<1•f. 

Let us examine iurther the selection 
oi coupling capac itor C, . This capacitor 

is used m a moderately low impedance 
circuit, therefore its cap;icitancc- must 
be large ii the bass response is to he 
adequate. For a 3-clh loss at 50 cps 
20,()(Hl-ohm circuit , Cr, must be 0.17 1,f. 
B\' the selection oi the correct value for 
C~, hass response correction to corre­
spond to high -fn·que11cy cut -off can be 
accomplished . It is well kno wn th:n a 
svstem sounds best , hen the uppl'r and 
lower frequency limits arc both re­
stricted so that the proclucts oi" the limits 
equals approximately 400.000. As an 
cxampll', ii the treble rl'spo11se l'Xtcnds 
to 10.000 cps the bass n·spouse should 
extern! do wn to 40 cps ior the syst~m 
to sound right. Ii bass is restricll' ,1 the 
svstt·lll sounds "t innv." Ii t reble cuts 
o·fi at 5.000 cps and bass continues flat 
to 40 cps till' system sounds ''hoomy." 
The rule is that the product of bass and 
t rehll' r.ut-off frequencies should equal 
400.000 approximately. Therefore. for a 
svstem which cuts off at 5000 cps the 
ln1ss should also cut off at 80 cycks. 

The wav to accomplish this partially 
is to select Cc so as to he jus~ large 
enough to pass 40 cps ( with only a ~-1)h 
loss) with the values oi characteristic 
impl·da11ce chosen for 9000-cps cut -off. 
L·s i11g thl' example of Fiy. 5, ii C,. is 
chosl'II so that its reactance at -W cps 
equals 33.00ll 0l1111s the attenuation will 
he 3 dh. Th is same ,·a lue oi Cc will how­
en·r provide an attennat ion of 3 dh a t 
100 cps ( reactance equals I ls .000 0l11m, 
at 100 cps ) ii the characteristic im­
pedance is l~.000 ohms as fo r the 5000-
rps tilte,·. gi ving a product of upper and 
lowl'r limits oi ~00.000 ""hich will sound 
cp1ite properly halancccl . Similarly, hal ­
anCl' i~ mainta ined for till' case of the 
7000-cps tilkr. 

Ii plate coupling is selcctccl, the selec­
tion oi component s is made in the same 
wa,·. In thi s case the characteristic 
imjiedance of the tilter should he high 
compare1I to the load resistor of the tube. 
A cha racteri stic impedance as high as 
75.000 ohms at 5000 cps still gi,·es prac­
tical , ·;dues ior inductance and capaci -

CALCUlATION '0R 
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tance; however at these high impedance 
le\'els the capacitance of the circuit and 
inductance itself becomes an appreciable 
percentage of the tuning capacitor and 
must be consiclered, particularlv for the 
9000-cps tilter. 

Because oi the filter , there is an in ­
sertion loss , hich lwcomes noticeable 
as a di fferencc in volume k-vel as the 
filter is switche1l out of the circuit. To 
compensate ior this difference in level 
the use oi resi stors Rn and R ,. are sug­
gested . The insertion loss will he ahont 
6 clh so that ratio of R0 and N. , shoul d 
he about I to I. Ii N. J is chosen to be 
about 33,000 ohm~, Rn will als':> he 33,000 
oh111i;. Since thi s is the value to r N.,, the 
switch is wi red so as to connect to R, 
ior posit ions a and h. This amount of 
loss mav need some adjustment depend­
ing upon your personal preference re­
g;trcling relative loudnesses with and 
without tilters. 

One other point of importance : , ith 
the input and output impedances ~in·n 
hv /< i11. 3. a trehlc boost of about 2 dh 
is intr.oduct·cl to give slightly flatter 0\"Cr ­
,tll response up to the cut -off fre '.1uency. 
Jt i;; fairly important that some lorm of 
roll-off equal izer pn·cede the tilter to 
rl'dttCl' thi s slig-ht peak . If no ec1ualizer 
is used the valt1l'S oi inductance as speci­
fied hv Fir, . 3 can be increased hy a 
factor· o i 1.5 ( or the characteristic im­
pedance:- rl'cluced) to give a somewhat 
smoother roll-off at frl'que11cies hcforc 
::ut-off. In either case thl' cut-off is of 
the orcll·r oi 2!. dh per octa e ior a sr t 
oi ,·;lines correcth- sl'1l'Cte1! as ckscrihl'1I, 
as is illustrated i~1 Fiy. I. 

Xo other single iactor will improve a 
high-qn,dity, \\'ell-equalized system as 
much a" a well -clrsignecl filter. It is 
difticult to appreciate just how good 
some oi ,·our older records can sound 
(and son ie radio broadcasts i111provc1!) 
when all the noise and distortion ahove 
a reasonable cut -off frequency are elimi ­
nated. Install one in yonr equipment an,! 
listen for yoursl' li . 

~~ 

o • OPEN , ~ 'ILTER 
r, • 9,000cp, CUT· OFF 
c • 7,000cp, Ct.tT• Off 
d • '!l,OOO cp1· CUT •OJf 

Fig. 5. Schematic of sug,;:ested filter to br connected between a cathode follower and the sue • 
ceed,ng tube to provide cut -offs at 5000, 7000, and 9000 cps , together with a flat position. 
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Cathode-Follower Audio 
Control System 

The connection of existing equipment to a typical high-quality amplifier and speaker 
system often poses difficulties in switch!~g. Th~, a~thor outlines_ a !'"ethod_ w~ich 
makes it possible for anyone to operate the system without excessive 1ndoctrinat1on. 

I JS THE CONSTRUCTION of many home 
audio systems, basic design funda ­
mentals are often overlooked. Not 

only are some of these inst~ll~tions very 
expensive, hut frequently chthcult to op­
erate and inflex ihle in use. Several de­
signs have been illustratecl re_cently 
which feature a confus111g profusion of 
controls, locate<! either where they arc 
not easily seen, or where their manipula­
tion is awkwanl. 

l11 the past, when audio systems were 
designed for hohhyists and technicians, 
there was little object ion to lahoratory­
tv pe installations. ' \Vhen non -techni­
cally trained persons such as profes­
sional musicians came in contact wi th 
audio they usually found it necessary to 
learn enough electronic and acoustic 
iunclamentals to control the medium ef­
fectivelv . 

Toda·y the audio field has_ expanded, 
largely because of the a\·a1lab1hty of 
high-quali ty, low-cost components, and 
an increasing awareness among con­
sumers that "hi-fi" systems can he much 
more satisfying than ready-111ade units. 
Apparently, however, the deman~ ~or 
such readv -made units has not d1111111-
ished to ti1e point where manufacturers 
are unduly concerned. On the contrary, 
the present market for c'!nsoles and 
comhinat ions suggests possible advan­
tages over those of custom-built systems. 

Of course there are many factors 
influencing sales of ready-made un its 
and audio components. Perhaps the 
ieatures dwelt upon in this discussion 
are not those immediately apparent to 
the prospective customer. Nevertheless, 
as factors of good system design, they 
cannot he disregarded . 

The designer of audio systems must 
realize that simplicity is not only a 
virtue of sound design, hut a public 
clemancl. This fact has been demon­
strated repeatedly in the sales of com­
petitive merchandise. For example, a 
TV receiver was put on the market a 
while back which featured "one knob 
control." Regardless of its engineering 
merits or deficiencies it enjoyed a good 
sales record, primarily on account of its 

• 21 Bar/011 Place , Port Cheslrr , N . Y . 
1 M. P. Johnson. "Multipurpose audio 

amplifier," AUDIO ENGINEERING, August 
1947. 
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cont rol si111plicity. \Vhatever the psycho­
logical i111plications may be, the fact re­
mai ns that simplicity of operation is a 
most important considerat ion in audio 
system clesign. This may he qualified by 
stating that s implicity must he achieved 
provided it is not at the expense of 
quality . The qualification immediately 
reveals the weak point of most ready­
made units, particularly in the case of 
tone-compensation control (a design 
drawback, not necessa rily an engineer­
ing one ) . 

One other point regarding the rela­
tive merits of readv-made and custom 
built s\·stems shoulci he brought out at 
this point in the di scussion. Too many 
custom designers have the notion that 
the only obstacle in the way of increaser! 
sales a1fcl installations is a mere prob­
lem of packaging improvement. Per­
haps this idea is prC\'alent for the rea­
son that the expansion of the home audio 
business has coincided \,·ith an increas­
ing proficiency in the techniques oi 
installation both in furniture and in 
structures . Indeed, the ability of some 
designers in rendering electronic gear 
elegantly inconspicuous is legerdemain. 
Unfortunately, many installations are 
perpetrated by persons not primarily 
concerned with audio. If the decorator 
and cabinetmaker have no understand­
ing of the operating requirements of 
souncl systems, or if the professional 
designer considers them less important 
than novel cabinet design, it can be ex­
pected that the results will be anything 
hut satisfactory. Controls will be located 
close to the floor,2 labels will be non­
existent, record changers will he inac­
cessable, etc. There is alwa) s room for 
improvement in packaging design when 
it meets the requirements of human en­
gineering. The term in its truest sense 
implies an approach in which basic de­
sign funclamentals are appliecl in such 
a manner as to cause response and con ­
trol by the instrumental and human 
mechanisms to be smoothlv coordinated. 
The designer should un'clerstancl thc> t 
achievement of this goal is possible only 
when all the factors are carefully con­
siderecl. The best designs will feature 

2 Jeff Markell , "Cabinet design for Hi-fi 
systems," Fig . -1, AuD10 ENGtNEEIUNG, May 
1952. 

careful cho ice oi control t) pes, clear 
control identification, proper ar range­
ment, and most important, com·enient 
operating location. 

Design Considerations 

When the actual construction and 
installation of an audio system is con­
templated the usual thoughts are di ­
rected to a design which presupposes 
starting from scratch. This may be the 
wrong approach. It effectively tags the 
owner's present equipment for disuse or 
even the junk-yard. It is also somewhat 
misleading in that it attempts to con­
\·ince the owner that there is nothing 
worth retaining in his present equipment 
which may include a TV receiver, F M­
A'.\[ radio, phonograph etc., of fair ly 
good quality. These unit s may also 
represent a considerable investment. 
Furthennore, the custom-built system, 
when the costs of cabinetry are con­
sidered, is often prohibitively expensi ve, 
and usually cumbersome or simply im­
movable. 3 As such it may become a 
source of irustration to some home­
makers, fore ver ohsessed with the u rge 
ior periodic rearrangement of furnish­
ings . 

The approach to this prohlem pre­
sented here in its broadest scope is one 
which offers the huilcler the double all­
vantage of retaining not only the op­
erating features of his present equip­
ment, hut the actual equipment as well. 
At the same time, an increase in audio 
quality is made possible. These three 
ieatures represented the initial goal 
when development of the catholle-fol­
lower control svstem was first under­
taken. Other advantages, made apparent 
with the final perfection of the tech ­
nique, will be discussed and evaluated 
later. 

\Vith the decision made to construct 
a high-fidelity audio system utilizing 
existing receivers, the task became to 
investigate the quality of the receiver 
units. Measurements of a typical AM 
table model radio indicated an audio 
frequency response of 20 to 7000 cps 
excluding the output transformer. Sim­
ilar measurements with TV receivers 

3 William C. Shrader, "Audio in the 
home," .'\uD10 ENGINEERING, May 1952. 



and FM tuners led to the assumption 
that except for their audio output sec­
tions, most of these receivers could he 
classed as "hi-fi." The next step, then, 
was to devise a method of bypassing the 
audio output sections, apparently the 
principal sources of poor frequency re­
sponse ancl distortion. This woulcl he 
accomplished with an absolute minimum 
of circuit changes in the receivers. It 
was also oh\'ious that some means 
should he available for using one high­
quality audio power amplifier ancl 
speaker system for all of the units. The 
final step involved design of an adapter 
clevice for linking the receiver front­
ends with the amplifier. \\"ith the com­
plet ion of these design steps, several 
unique advantages became immediately 
apparent. There would he 110 modifica­
tion of existing unit controls nor any 
change in operating precedures. No re­
huilding of recei\·ers nor extensive cir­
cuit changes would be necessary.• The 
various units could be located wher­
ever desired. Total cost would he no 
more than necessary to purchase or 
construct the po\\'er amplifier, speaker 
and several adapters. 

Four steps are i1wolved in the reali ­
zation of such a hi-Ii svstem. The en­
gineering and craftsmanship required 
arc a minimum. The first step involves 
the addition of a few components to the 
power amplifier, as shown schematicallv 
at (A) in Fig. I and pictorially in Fig. 
2. The second step is the "adaption" of 
the units. The third step is the construc­
tion of the simple adapter devices. The 
iourth step is the installation of the com­
plete system. 

Circuit 

Before describing these four steps in 
detail, it is desirable to consider the 
circuitry involl'ed, including purelv 
electronic functions. The essence of the 
system is the connecting link between 
the receiver unit and the hi-fi amplifier. 
Basically. it is a cathode-follower device 
which effectively shorts out the regular 
output transformer and 1>rovides special 
low-impedance output from the cath­
ode.8 • 

6 The pin connections shown are 
for output tubes similar to those shown 
at (B) in Fig. 1. Other tube types may 
he used with appropriate connections. 
In the power amplifier the cl .c. com­
ponent of the signal is used to energize 
a 5000-ohm <I.e. relay which controls 
primary power for the amplifier. The 
audi,o signal passes through a blocking 
capacitor and a potentiometer adjusted 
for the proper operating level. The usual 
power switch remains in parallel with 
the relay contacts, providing manual 
power control in the e\'ent high- imped­
auce sources are connected to the ampli ­
fier . The input terminal jack is wired 
to accommodate either high or low-im-

·• Ulric J. Childs, "Why not use your 
present tuner?" Auo10 ENGIXEERING, April 
1952. 

5 G. B. Houck, "Gain chart for cathode 
followers," Tele-Tecli, Aug-ust 1947. 

6 Audio Design Notes- "The cathode fol ­
lower," Aumo ENGINEERING, June 1947. 

OUTPUT STAG[ 
(6Y6 , 6K6, SOL6,etc .) r- - - - -

HIGH FIDfLITY AMP. 

TO I 
OTHf:R PROGIIAM I 

SOURCU ~ I 

t,i 

PLUG INTO SOCKET 

Fig. 1. Circui t sche ma tic tor t he cathode-fol ­
lower con trol system. 

Fig. 3. Adapter chassis used with electronic 
organ, showing simple "add-on" unit which 
may be employed with tuner or any other 

sound source. 

pedance sources. Figure 2 shows a Wil­
liamson type amplifier with relay in­
stalled. 

As outlined a few paragraphs above, 
no modification of the receiver units is 
necessary in most installations. There 
are, however, a iew cases where a simple 
addition to a receiver may be needed . 
If the tuner has 110 audio output section 
or terminates, for example, in a detector 
or discriminator output, a unit similar 
to the one shown in Fig . 3 may be con ­
structed easilv. The 6S~7 assemblv 
illustrated is one particular type which 

• 

Fig. 2. W illi ;imson ­
ty pe amplifie r with 
ca thode- foll ower con ­
trol sys tem installed. 

• 

was added to an electronic organ for an 
echo amplifier and speaker arrangement. 
Miniature tube types such as the 12AU7, 
12A T7, etc., result in a space sa\'ing. 
Figure 4 shows the schematic of such 
a unit. The assembly is simply mounted 
by fastening it to the chassis or securing 
it to the cabinet. The onlv caution to be 
ohserved is the need for. an adequately 
filterecl plate supply, as any hum present 
will be fed into the auclio output. It is 
also recommended that an isolating 
transformer be installed in a.c. trans­
former-less sets to eliminate possible 
shock hazard . 

Constrnction of the adapter plugs is 
not dillicult. The socket should he simi­
lar to the type illustrated, in Fig. 5. The 
plugs, if una\'ailahle from parts dist r ih­
uters, can be fahricated from old tube 
hases ( containing a sufficient numher 
of pins). The resistor and pigtails are 
soldered to the socket as shown in the 
photo and drawn through the plug pins 
along with the output leads which are 
passe,I through a small hole drilled in 
the side of the plug. 

Installation of the complete system 
is simplicity itself. Since the line im­
pedances are low, the interconnection 
may be made using ordinary zip-cord or 
hell wire. For under-the-carpet wiring, 
TV antenna lead-in ribbon is recom­
mended, since it is flat and causes no 
lumps or hulges. 

Phonographs 

So far, nothing has heen said about 
the use of a phonograph with this sys­
tem. There are few hi-fi record play ing 
devices these days which do not re(]uire 
pre~mplifiers and some means of equal­
ization. In the case where the phono­
graph player has its own preamp and 
audio output, any of the previously 
mentioned adaption techniques can be 
similarly employed. If the builder has 
nothing more to start with than the 
basic player mechanism and pickup, he 
is advised to construct a preamp-e<J11al­
izer, as shown in Figs. 6 and 7. The 
three requirements for such a de\'ice 
are proper load for the pickup, suffi­
cient gain, and cathode-follower output 
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impedance. T he design illustrated pro­
vides a minimu111 oi control. If the 
builder desires a more elaborate equal ­
izer, se\'cral excellent designs have 
been presented in previous issues. 7 

Location of Units 

There are practically no restrictions 
on the location oi the units of the com­
plete audio syste111. Because of the low­
impedances and the need for only two 
conductors, the units may he placed as 
far apart as desired, without undesirable 
effects such as high-frequency attenua­
tion or hum-pickup. I 11 general, the TV 
rccei\'er should he locatccl where it can 
be ,·iewed casil\' . In the case of the 
speaker, a conier location is usually 
preferred because loading is impro,·e<l. 
There :s certainly 110 reason why a TV 
receiver cannot be locatc,l directly above 
or c,·en near the center of the souncl 
source.8 One serious objection to the 

TO RELAY a 
AMP. INPUT 

Fig. 4. Schematic of adapter chassis shown in 
Fig. 3. 

Fig. 5. Assembly suggested for adapter plug 
used with typical output tubes in AM . FM , or 

TV receivers. 

location of any units close to the speaker 
cabinet is that it results in poor con­
trol. If the operator is forced to stand 
less than a foot or so from the speaker 
when a,ljusting the \'Olume control, it 
is quite likely that the level will be un ­
satisfactory at other distances. As a 
matter of fact , it is most desirable to 
ha\'e the controls as near the listening 
position as possible. This, of course, is 
one of the principal features of the 
cathode-follower control system. It 
should not be difficult to place the FM 
or A:--1 radio next to a comfortable 
chair, or the phonograph near the rec­
onl storage space. With the power 
amplifier and its power supply located 
in a closet, in the cellar or attic, heat 

7 St. George and Drisko, "Versatile 
phonograph preamplifier," Aumo ENGI­
NEERING, March 19-19. 

8 C. G. Mc Proud, "A new corner speaker 
design," Auom ENGINEERING, Jan. 19-19. 
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Fig . 6. Compact 
self - powered pre ­
amplifier - e qua Ii z er 
desi·gned to feed a 
phonograph signal to 
the power ampl ifier 
in the same manner 
as described for 
other sound sources. 

• 

dissipation problems are solved, and 
there is little chance of hum produced 
by power transformer interference. 

Performance 

In discussing the performance of the 
system it is i111portant to emphasize the 
functional aspects as well as electronic. 
Since the design calls for bypassing 
those portions of the receivers which 
represent the chief source of poor qual­
ity, it is obvious that better performance 
is achievable. It should he reasonable 
to expect the audio quality to be limited 
only hy the capabilities of the power 
amplifier, prov ic letl there are no losses 
in the connecting link. lf an amplilicr 
comparable in quality to the \\' illia111son 
is employed, it seems safe to assert that 
high-lidelity will be obtained. As for 
the connecting link, its impedance is 
generally less than 500 ohms. If the 
a\'erage le\'el is approximately 1 \'Olt 
and the hum and noise level as much 
as 100 micro\'olts, or 80 db down, it is 

SW1 POSITIONS 

POS CROSSOVER 
1 80001 
2 400CPI 
l l~CPI 

obvious that no loss of quality is ob­
served. Although the output lines oi 
every unit arc wired in parallel, no 
harm is done if more than one unit is 
turned on at a time. ln this case, the 
hias on the cathocle-followcr may Le 
upset and the resulting souncl is some­
what disagreeable, if not confusing. 

The distinct aclvantages of this sys­
tem are revealed when functional per­
formance is cvalttatecl. The control fea ­
tures of the separate recei vcrs are 
retained, control oi hi -ti audio selection 
is completely automatic, and there is 
,·cry little chance of control confusion. 
Since most persons are fa1niliar with 
the control arrangement of com·cntional 
recei\'ers, the builder need not consider 
prqiaring- an instruction manual for the 
system. \\'hercas there are some audio 
systems which can he operated only hy 
their designers, the cathode-follower 
alHlio control system installed in the 
author's home and in several others is 
usecl with equal facility hy \'isitors and 
family, including his live-year-old son. 

SW 2 POSITIONS 

AOLL .. OFF 
FLAT 

3,0CX)Cpl 
t,~OOcps 

Fig. 7. Circuit of preamplifier pictured in Fig. 6. 
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Simplified Equalizer Design 
GEORGE A. DOUGLAS ~' 

Charts and tables to reduce complication-and construction hints to ease building. 

I
N applications requiring exact modi­

fications of the audio spectrum, con­
stant-resistance equalizers are capa­

ble of doing the job with maximum 
efficiency and convenience. The cor­
rection of cutter peaks and tape droop 
a t the high entl, the incorporation of 
pre-emphasis, ancl numerous other alter­
ations of response can readily he accom­
plished with the design tlata that follows, 
and which involves only simple arithme­
tic to calculate values oi components ; 
or, with the use of a reactance chart, a 
few steps of multiplication. 

F ig11re 1 shows the four configura­
tions with their transmission charac­
teristics used to cope with the equalizer 
problems commonly met in amlio work . 
The circuits of (a) arnl (h) are shelf 
suppressors, or conversely, low and 
high boost; (c) and (d) are peaking 
equalizers. As it is inadvisable to use 

* 51 E . ./2nd St ., J\'ew Vork 11, N. }'. 

[ ol 

Lt 

Rt 

c2 

Lt 
K - t 
-L .. 

c2 • ~ c ... 
' Fuq . 112 Pod Lou ,,. Fnq. ol Re son one• .. Att•nuotlon Factor 

20 109 K • Pod LOH db .. .!!. 

' R0 • Lin, lmp•donc. 

more than 20 db of attenuation in a 
single equalizer, it will he seen that the 
shelf suppressors serve where a gradual 
curve is required not exceeding 6 dh 
per octave. Networks may he cascaded 
to obtain a steeper characteristic, hut 

this requirement is usually met by ap­
plying (c) or (d). in which case it is 
possible to control the slope. 

The first step in the design of an 
equalizer is to draw on logarithmic pa­
per the actual and desired response of 

- · - f- f- -

- f- - -

8' 
,o 

Fig. 2. Method of 
adding pre-emphas is 
to recording charac­
teristic to eliminate 
a cutter pe·ak, for 
example. Curve A 
re presents norma l re­
sponse, while curve B 
represents desired re ­
sponse. The required 
equalization is repre ­
sented by the differ­
ence betwee n the two 

-- - - - -
.... ',;ii 

;,, I 
....... ' 

~ H 
OCII> 

A - NORMAL RESPONSE 

>-- - - 8 • EQUALIZED RESPONSE 

I I 1111111 

curves. II I 
II I 

JO I ' I • 
100 1000 

FREQUENCY IN CYCLES PER SECOND 

I b I [CI 

Ct u 

« K-t b:z_ t K-1 I 
L2• -L L3•- -L L5• - -L 

K- t 'K •• "n( b2·t .. .,. 
__!_ L L6 • YK ~ L ct , -c L4• -

K - t K - t b2-t K -t b 2 

Cl• -ff< *,c CS• YK ~ c 
K-t K · t • t'9 Ro 

L • - ,- •Mh 
C4 , !.:_t b2-t 

C6•';i-' --.L e 
159,000 ... 7 c b2- t 

C•-- • Mfd 

'"• 

Fig. I. Chart showing the configurations of four different types of equalizers , together with formulas for determining the ructive elements. 
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the equipment requiri11g modification or 
correction. This will furnish informa­
tion to construct the transmission char­
acteristic of the equalizer. On this 
curve note the design frequency on the 
transmission characteristic at the line 
of half the total attenuation. With the 
design frequency / ancl the imp_edan~e 
of the line in which the equalizer 1s 
to work. calculate L and C, or take their 
values directly from a reactance chart . 
L, to L, ancl C, to C, may now be as­
certained by substituting in the equa­
tions figures taken from the accompa­
nying tables. 

For the shelf suppressors only Tahle 

K-1 vK 
J is usecl. The values for V K and K _ 

1 
• 

ancl for R, arnl R, for an impeclance of 
I ohm, are locatecl opposite the clegree 
of attenuation desirecl. For other val­
ues of H., ancl R,, multiply by selected 
J< 0 . The clata in Ta hie 2 rletermines the 
slope of equalizers (c) ancl (d). The 
ratio in column I corresponds to /,.// 
(the resonant frequency clividecl hy the 
frequency oi one half the attenu'.1t io11) . 
O pposite thi s are found the solutions of 
b' - I 1 
-i;,- and b'-l 

Example : 

Curve (A) of Fiy . 2 depicts a typi ­
cal cutter response above 1000 cps. It 
is desi red to design a 600-ohm equal ­
izer for a recording characteristic with 
10 db of pre-emphasis at 10.000 cps. 
Ordinarily the low-frequency shelf 
suppressor could he used, hut in tl_1is 
case the cutter peak would he uncles1r­
ahly increased. It is apparent that the 
rising slope of the peak can he con­
tinued to the 10,000-cps, 10-clh point; 
therefore the obvious solution is to de­
sign the equalizer with the configura­
tion of ( r!) with a resonant frequency 
of 10,000 cps, and an attenuation I of 
10 db. From the curve, the point of 
half the attenuation, or 5 dh. is founcl 
at iOO0 cps, the c!esign frequency . /, and 
C can now be asct>rtained : 

L 
OSCILLATOR 

C 

Fig . 3. Circuit arrangement for determining 
resonant frequency of LC combination . 

1 \Vhile the term "attenuation" usually 
refers to a loss, it has a slightly different 
meaning when usecl with an equalizer of 
any of these types. In the case of equal­
izers (c) and (cl), attenuation refers to 
the difference in the transmission at the 
resonant frequency to that at frequencies 
remote from the resonant frequency . For 
those equalizers of types (a) and (1,). at ­
tenuation refers to the difference in trans­
mission at the two extremes of the fre­
quency spectrum. In both cases, this "at­
tenuation" is determined hy the loss in the 
resi5tive network. which is normally re­
ferred to as an attenuator or pad. 
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L = 159 X 600 = 13.62 l\ lh 
7000 

C = IS9,000 = 038 11f 
i0OO x 600 • 

Now, smce 

K - 1 1 
I., = [, --= 

vK b' - 1 

vK b1 -1 
Ls= !. K-1 b' 

vK b'-1 C ,= C -- --
K -1 b' 
K - I 1 

C, = C ~ 
vK b' -1 

Fig. 4. Two equalizers constructed by the 
author- left , a plug-in unit employing a fixed 
amount of equalization, and rj-ght , a unit pro -

vid ing step -switch control of attenuation. 

From the tables : 

l 
- ;:: 1.213 

vK 
/\. - I = .82-1 
y /\' 

f,. 10 
f = ·1 

b' -1 

for to some extent hy including it in 
the pad. Thus, when an inductance ap­
pears in the shunt arm, its <I.e. resist­
ance should he cleducted from R.,, and 
a resistor selected which has an actual 

(Co11c/11dcd al bot/0111 of 11c.rl page) 

R, = .520 
R,= .iOI 

b' = .512 

1 
-;;, _ 1 = .952 

Substituting, we now have : 

1. 5 = 13.62 x 1.213 x .952 = 15.7 :\[h 
L ~ = 13.62 x .824 x .512 = 5.8 '.\lh 
C, = .038 X .824 X .5 12 = 0.1611f 
C = .038 X 1.213 X .952 = .043 11f 
R, = .520 x 600 = 312 ohms 
R , = .i04 x 600 = 423 ohms 

For many applications in the upper 
frequency range, r.f. chokes can he 
utilized, providing the d.c. resistance is 
not excessive. The photographs, Figs. 
4 ancl 5, show a completed equalizer 
with 5-rnh . coils of about IS ohms. To 
provide proper inductance, select ca­
pacitor (s) of correct value for C in 
Fig. 3. Set the oscillator to the desired 
resonant frequency, with more incluct­
ance in the circuit than is needed, and 
remove turns un t il maximum attenu;i ­
tion occurs. 

Coil resistance can he compensatecl 

TABLE 

!!.. 
f 

10 
9 
10 
8 
10 
7 
10 
6 
10 
5 
10 
4 

10 
3 
10 
2 

EQUALIZERS 

K-1 -V K 
db V K K- 1 

1 . 113 8.833 
2 .232 4 .307 
3 .345 2.902 
4 .468 2. 135 
5 .586 1.705 
6 .709 1.410 
7 .826 1.193 
8 .949 1.053 
9 1.082 .923 

10 1.213 .824 
11 1.356 .737 
12 1.500 .667 
13 1.644 .608 
14 1.790 .558 
15 1.949 .513 
16 2.116 .453 
17 2.285 .437 
18 2.461 .406 
19 2 .654 .376 
20 2.848 .351 

TABLE 2 

EQUALIZERS 

b' 1 
·b•-1 b'·l 

. 187 4 .348 

.359 1.785 

.512 .952 

.637 .568 

.750 .333 

.840 .190 

.910 .099 

.960 .042 

R, R, 

.057 8.68 

. 114 4 .32 

. 171 2 .84 

.226 2.20 

.280 1.646 

.332 1.34 

.382 1. 118 

.430 .946 

.476 .812 

.520 .704 

.560 .602 

.598 .536 

.634 .472 

.668 .416 

.700 .368 

.728 .310 

.752 .268 

.776 .246 

.798 .224 

.818 .202 



Pickup Loading and its Effect 
on Frequency Response 

W. A. FITZMAURICE ':, and W. JOSEPH ':", 

If you notice a difference in quality when you move your phono equipment ten feet or so from the ampli­
fier, do not be surprised- there's a good reason for it. The authors explain why and tell how to avoid it. 

IN HOME AUDIO installations employing 
magnetic pickups, the cartridge is 
usually located somewhat remote from 

the preamplifier by distances ranging up­
ward from one foot. Because of the ca­
pacitance associaterl with the intercon­
necting cables, the question is raised as 
to the effect of thi s shunt capacitive load­
ing on the response of the cartridge. In 
addition, there seems to be considerable 
doubt as to the exact effect of resistive 
loadings as recommended by various 
sources. 

To answer these questions the authors 
carried out an investigation to determine 
the response of variable reluctance car­
tridges under varying conditions of load­
ing. 

fig . 1. Equipment set-up for measuring cartridge 
response. 

fhc measuring arrangement used is 
shown in Fig. 1. The output of an audio 
oscillator was connected in series with 
an in•ductance of 520 millihenrys and a 
resistance of 340 ohms. This simulates 
the General Electric variable reluctance 
cartridge, type RPX-040, RPX-041, or 
RPX-050. Various combinations of C 
shunt and R shunt were used. The shunt 
capacitance consisted of mica capacitors, 

* 316 Milford Ave., New Milford, N.J. 
** 52- 18 19th Ave., Brooklyn 4, N .Y. 

EQUALIZER 
(fro11r precedi11g page) 

value equal to R, minus the coil resist­
ance. 

As a general observation, r.f. chokes 
can be used in applications requiring 
inductances of less than 15 mh. 'While a 
high Q is desirable, it can nevertheless 
be discounted to the extent' that it is 
possible to attain the necessary ohjec­
ti\'e. For extremely "sharp" curves, 
best results can he ohtained bv the use 
of toroids, hut for most applications it 
will be found that r.f. chokes can be 
used. and at considerably l<.>ss expense. 
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the input capacitance of the Ballantine 
Model 300 a.c. voltmeter, and stray wir­
ing capacitance. The audio oscillator out­
put was maintained constant at all fre­
quencies at 0.01 volts. 

The results obtained were plotted and 
are shown in the curves of Fig. 2. It will 
be noted that the effect of shunt capaci­
tance is quite marked when the shunt re­
sistance is in the neighborhood of 50,000 
ohms or greater With no load resistor 
( infinite R,), pronounced resonant peaks 
are obtained for all values of C, meas­
ured. With C, of only 140 µµf, a 15-db 
peak is encountered at about 16,000 cps. 
Such peaks tend to accentuate noise and 
produce "dirty" highs. 

The damping effect of R, ( decreased 
Q ) , may be !'een by the reduction of a 

fig . S. Internal construction of the 
equalizer shown at the right in fig . 4. 

19-db peak at 7500 cps with C, of 540 µµf 
and R, of infinity, to a 3-db peak with 
the same C, and R, of 50,000 ohms. With 
C, of 40 µµf and 140 µµf and R, of 50,000 
ohms, the resonant effect holds the re­
sponse level to approximately 10,000 cps. 
The "water fall" drop thereafter is a 
characteristic of the effect of resonance. 

As R, is decreased, the effect of C, be­
comes progressively less, and drooping 
response is obtain<.>d. With R, of 15,000 
ohms, the response is down 3 dh at 5000 
cps and 8 db at 10,000 cps. With R, of 
5000 ohms, the response is down 3 db at 
1500 cps and down 8 db at 4000 cps, in­
dependent of all values of C, used. 

Below resonance, the performance 
characteristics may be analyzed by refer­
ring to to Fig. 1 and noting that the out­
put of the audio oscillator (equivalent to 
the internally generated voltage of the. 
cartridge) is impresserl across a voltage 
divider consisting of L, R, and the par ­
allel combination of R, and C, , all in 
series. The output is taken across the 
parallel combination of R, and C ,. Since 
the impedance of L increases and the im­
pedance of C • decreases with an increase 
in frequency, a voltage divider exists 
whose output is a function of, and de­
creases with, an increase in frequency. 

The data given applies specifically only 
to the cartridge simulated. However, 
from Table 1 listing the impedance of the 
lllore popular types of variable reluctance 
cartridges, it can be seen that the same 
problem exists to some extent in all cases. 

A survey of the types of cable com­
( C 011c/11ded at bot/0111 of ire.rt page) 

71 



• 
1n 

Motor Rumble Reduction 
Wide Range Phonographs 

JOHN R. CATER '~ 

A negative-feedback-type R-C filter, the author finds, is the only 
way to banish table rumble permanently and completely, short of 

acquiring a broadcast-studio unit. 

M us1c LOVERS, who iia\"e striven to 
approach perfection in their re­
producing systems and have lav­

ished much money and mental anguish 
in the effort may wonder to what end 
they have achieved excellent bass re­
sponse when it brings up motor rumble 
to an intolerable level. Of course, there 
are turntables available with extremely 
low nimble, but they arc bulky and they 
cost several hundreds of dollars. Even 
some turntables selling for more than 

* 108 Warren St., Nutley 10, N. J. 

PICKUP LOADING 
(fro111 trcccdi11g /'<1f!C) 

monly employed shows the minimum ca­
pacitance per foot of high-grade rubber 
microphone cable to be about 40 µµf . and 
for the smaller phono cables, about. 60 
µµf. Coaxial cables are available with 
capacitance per foot as low as 13 µ1lf. 
Of course, there is always the foot or so 
of high-capacitance phono cable incor­
porated in the record player arm to be 
contende<l with . 

Cathode Follower Helps 

When cable capacitance is added to 
the input capacitance of the preamplifier, 
it is unusual to find C, lower than 100 
µµf. From the foregoing it may be seen 
that with such capacitance it is possible 
to ohtain very satisfactory response from 
the cartridge up to 10,000 cps, and de­
emphasis may also be provided to com­
pensate for today's recording practices. 
This, however, means very careful jug­
gling oi C., anll R, and requires measur­
ing equipment not available to most ex­
perimenters. In addition, it is often de­
sirable to incorporate variable de-empha­
sis networks into the system with the 
preamplifier remotely located from the 
record player with a consequent intro­
duction of a C, of 500 11.µf or more . 

With these factors in mind, the authors 
believe that higher quality installations 
should in~orporate a cathode follower 
immediately adjacent to the cartridge. 

The simple cathode follower shown in 
Fig. 3 was set up and testc<l. The effec­
tiveness of this arrangement is brought 
out by the response curves of Fig. 4. 
Even with a Ca of 2500 11.µf , a negligible 
effect on high-frequency response is 
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$100 have very annoying rumble. 
The nature of rumble suggests a solu­

tion. Many phonograph motors have 
four poles. These motors rotate at 1800 
rpm if they are synchronous, and around 
1725 rpm if they arc induction motors. 
Rumble results from mechanical and 
electrical imbalances in the motor which 
cause a variation in speed once per rev­
olution, or 30 and 28.7 times per second. 
It is a rare record indeed ( not counting 
test records) which has such low musi ­
cal notes. A narrow-hand frequency­
rejection filter centered on the rumble 

CATHOO£ FOLLCHIER 
300VDC 

Fig. 3. Equipment set-up for measuring cartridge 
response when feeding a cathode follower. 

noted . The effect of various values of 
coupling capacitors, Cc, on the low fre­
quency response was explored. A Cc of 
0.05 flf with an R, of 5000 or 10,000 ohms 
prOlluces a droop of only 1 dh at 20 cps. 

A 0.2-meg R, was employed to elimi ­
nate any resonant effect arising from 
phono arm cable capacitance as n·pre­
scnted hv C • of 40 u1lf. 

\Vhcn operating with 300 volts on the 
plate and a 5000-ohm, ¼-watt cathode 
resistor, a 6C4 draws 3.5 ma. Virtually 

>-- C, • 2500 µµ I 

ircquencics will wipe out the rumble 
without affecting the useful output of 
the vast majority of records. 

Figure 1 shows such a tilter. It em­
plays a cascade amplifier V, with a paral­
lel-T network in a feedback loop. It is 
absolutely essential that the components 
of this twin-T be both accurate and 
stable. It is well to measure them rather 
than trust the marked or coded values. 
Since the ganged potentiometers R, have 
only 10 per cent of the values of the 
tixc(! resistors with which they are in 
series, they may be considerably less ac-

the same results may be obtained with 
(¼) 12AU7, (¼) 6SN7, 6]5 or numer­
ous other triodes. Different values of 
plate voltage have little effect on the re­
sults. As careful attention must be pai<l 
to the filtering of the catho<le follower 
B+ supply voltage as for a preamplifier. 

\\'hen a follower is employecl, it is rec­
ommendell that cle-emphasis he accom­
pl ishc<I after the output of the follower . 
An excellent example of such a system 
may he seen in an article Ly P. \V. St . 
George ancl B. B. Drisko entitled "A 
Versatile Preamplifier" in the first Audio 
Anthology. 

TABLE I 

Manufacturer 
Cartridge Approx. L Approx . R 

Model mh ohms 

General Electric All home 520 340 
types 

Audak L-6 750 600 
Pickering 120 } 165 600 140 

260 130 750 

I I 1 11 '. . '' 
C. • 1000µµ1 

Rk ' 5000 or 10,000 

I I : 'I \ 
Fig. 4. Curve show­
ing change in car­
tridge response with 
change in a load iso­
lated by a cathode 

.,__ R11; : !:,()QC) Or 10,000 
I Cc • 1.0µ1 11 \ 

follower. 

0 

- 1 

I I 11 I II I ! I \. 

~ l< I I I ti I I I ~ 
Cc• 1 OµI 

~ " I I I I II C, • 2500µµ1 
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,___ .._ /:) Cc• 0 .05µ1 
c, , 2500µµ1 -I I 11 11 Rk ' 10,000 

I 11 ! I I, 
100 1000 , .... ,0000 

FREQUENCY IN CYCLES PER SECOND 



+250V 

ALL CAPACITANCES IN "f . 
ALL RESISTCflS 1/2WATT UNLESS INDICATED. 
R4o-d GANGED 50,0000HM LNEAR POTENTIOMETERS 
MATCHED FOR 5 PER CENT TRACKING BASED UPON 
FULL RESISTANCE VALUE . 

Fig. 1. Thi_s is the rumble filter, turnable to between 28.9 and 32 cps. Note carefully that the 
ganged potentiometers must be matched for tracking. R,-R, and C,-C, should also be checked, 

preferably with a bridge. 

curate and stable without causing- trouble. 
From a group including one m.C Qll-
123 potentiometer, and six l\111-123 
"multisections," the writer was able to 
select a set with a maximum tracking 
error of 5 per cent (based on full resist­
ance value). Two 50,000- and one 25,-
000-ohm potentiometers arc required . 
Less tracking trouble will be experi­
ence<! if two 50,000-ohm units are con­
nected in parallel to obtain the 25,000-
ohm value. R,, R, and R, are I per cent 
tolerance deposited-carbon-film resistors. 
l\lost composition resistors are likely to 
age too much to be satisfactory. C,, C,, 
C, and C, arc sih·er mica capacitors cho­
sen for 2 per cent tolerance. 

The values chosen permit the center 
frequency to be adjusted sufficiently in 
most cases by simply setting R,. Refer­
ring to Fig. 2, the 111111 frequency for this 
ndwork is 1/ 2nR, and for the \·,dm•s 
selected, ranges from 32 to 28.9 cps. If 
it desired to lower this range of frequen­
cies, it may be most conveniently done 
by adding parallel capacitors across C, 
and C, in Fig. 1. Since the parallel ca­
pacitors will be small in comparison to 
C, they need not be silver micas. If the 
components give too low a frequency 
when properly matched, the null fre­
quency may conveniently he raised by 
shunting R,, R , arnl R, (Fig. I) hy ap­
propriate resistors. 

In the cascode amplifier V,, the gain 
for signals into the grid of V,u is equal 

!lRL . 
to RL+ [ (µ+Z)R;;j · For signals into the 

grid of V,,,, the gain is approximately 
equal to GmRL and is much larger in 
value than for V,a. Since the signal ap­
plied to V,b is degenerati\'e, there is a 
very appreciable loss in signal level at 
the out put of the filter, but the cffecti \'e 
Q of the twin T is greatly increased. 
Because of the loss (approximately 30 
dh), the signal from a low-level pickup 
must be passed through a preamplifier 
fir st, though the output from high-lc\'el 
units such as the Weathers F:\l pickup 
oscillator may be passed through the 
tilter without further amplification. 

It is usually desirable to hring the 
level up again immediately. One triode 
section is sufficient ( V,u) am! if double 
triode is used, there is one section a\·ail­
ahle ( V,,, ) for a cathode-follower so that 
output cable capacitance may be neg­
lected . 

Cascotks am! cathode-followers place 
an urnlue burden upon heater insulation 
unless appropriate steps are taken. The 
heater-cathode rating of most tubes is 
<JO volts. If the heater supply is biased 
90 volts above ground, grounded cath­
odes are still within rating, and cathodes 
operate<! at high voltages may reach 
+ 180 \'Olts without exceeding the tube's 
rating. Such biased heater supplies 
should he heavily bypassed to ground. 

With the equipment available the 
writer was not able to measure attenua­
tion at the rejection frequency because of 
distortion in the audio oscillator used. 
It was estimated to be in excess of 25 
db below the region of flat response. 

Using again the response in the tlat part 
of the range as zero level, the output was 
down approximately I db at 36 cps and 
6 db at 32 cps when the rejection fre­
quency was adjusted to 30 cps. 

Higher-Q tilters employ cathode­
followers in the feedback loop were 
tried, but were too sharp in cutoff unles5 
two or more were stagger-tuned. \Vith 
just one such filter, the rumble frequency 
would vary enough to rear its ugly head 
periodically on each side oi the rejection 
frequency. 

A twin-T used as a brute force filter 
is unsatisfactory because it has an effec­
tive Q of only .½ and affects the re­
sponse up to several hundreds cps. 

The circuit presented here, inciden­
tally, permits one to use test records for 
adjusting equalization without having 
rumble render the results unintelligible. 

It is fortunate that the major compon­
ent of rumble, for the motors considered, 
is so low, because any att empt to "poke 
a hole" in a pass band does give transi­
ent troubles. As has heen pointed out, 
very few records ( or for that matter, 
very little music ) have frequencies down 
to 32 cps. So if we eliminate a few cycles 
starting at this point, we are not tamper­
ing with the really usable hand. 

C C 
0 

Fig. 2. The parallel-T network. 

Though some purists may insist that 
because they can hear down to 15 cps 
and their speaker has useful output this 
low, they want to equalize correctly to 
such a point, the simple fact is that they 
will probably have to use signal genera­
tors for such dubious aesthetic flights. 
For those whose turntables have two 
pole motors (thus placing the rumble in 
the neighborhood of 57 cps) we can only 
offer sympathy. 

REFERENCE 

Valley and \Vallrnan, "Vacuum Tube 
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Two-Channel Conversion 
for AM-FM Receivers 

C. G. McPROUD 

Details of simple changes which give the advantage of two separate receivers 
to tuner chassis which employ independent AM and FM channels but with 
coupled tuning capacitors. Ideal for binaural or stereophonic broadcast programs. 

SOME TIME AGO, the writer made .1 

few changes to a standard AM-FM 
tuner chassis in order to be able to 

listen to one program on FM while re­
cording another on AM, or vice versa, 
all without realizing how advantageous 
this modification would be when radio 
stations started to use their two trans­
mitters to radiate the two-channel sig­
nals for binaural or stereophonic pro­
grams.1 

The whole idea is so simple and 
straightforward that anyone faced with 
the problem of providing both AM and 
FM programs simultaneously from a 
single tuner should come up with the 
same solution. However, since such a 
solution has not yet appeared in print, 
this one is offered as one way to accom­
plish the desired end. 

At the time the modification was 
planned, there were no stations regularly 
broadcasting two-channel programs, liut 
it must be admitted that there are times 
when two programs of interest are on 
the air at the same time, and the human 
hearing and interpreting mechanism is 
unable to cope with both at once. For 
this problem, the simplest solution is to 
record one of the programs. As one 
element of the writer's home system, a 
wire recorder was employed for just 
this purpose. The quality left something 
to he desired, hut it was at ,least good 
enough to convey the information con­
tained in the program- probably as well 
as any of several million table-model sets 
that serve as tbe sole entertainment 
medium in many households. At one 
time, this system employed two separate 
tuners-originally a wide-range t.r.f. 
tuner of the Miller type, with modifica­
tions of course, and the other an in­
expensive F'.\1 tuner with a ratio detec­
tor. 

The next step in the program of im­
provement included the design and con­
struction of separate AM and FM tuner 
chassis, both tuned by means of push 
buttons. The FM tuner used relays to 
switch adjustable capacitors in the oscil­
lator circuit, while the other used relavs 
to switch the plate supply to any oi1e 
of four single-channel fixed-tune chassi s. 

1 \Vith no intention of getting into this 
controversy as to the correct name- at least 
not in a constructional article--the writer 
respectfully refers the reader to discussions 
on this subject l>v Tinkham on page 7 7 
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This entire system was described in an 
earlier series of articles.2 

The next step in the program was to 
secure a combination AM-FM tuner oi 
good quality, with the idea of separating 
the sections so as to have the advantages 
of two-channel reception if desired. Be­
cause of its physical construction, the 
Browning RJ-12B was selected. In this 
receiver-as in several other types-the 
tuning is accomplished by two entirely 
independent variable capacitors, coupled 
together only by means of a dial cable. 
The modifications are now reasonably 
obvious. With the advent of two-channel 
broadcasting for binaural or stereo­
phonic programs, the receiver becomes 
doubly useful. 

Before discussing the actual mod ifica­
tions to the RJ-12B, let it be said that 
the general idea of these changes can 
be arlapted to any AM-FM tuner which 
uses separate devices to tune the two 
sections. The Browning RJ-20 is similar 
to the RJ-12, and the Meissner 9- I 091 
may be converted in a similar manner . 
The details may differ, but the principle 
remains the same. For simplicity, only 
the changes to the RJ-12 will he de­
scribed, and they are divided into two 
parts--electrical and mechanical. 

Electrical Changes 

The electrical changes required are 
simple, and are made primarily to per­
mit the simultaneous operation of both 

z C. G. '.\fcProud, "Elements of residence 
radio systems," Aunto ENGINEERING, Sept.­
Dec. 1948. Reprinted in Aumo ANT11 r tcx;Y. 

• 
Fig. 1. External ap­
pearance of the con­
¥erter B r o w n i n g 
RJ -128 tuner, show­
ing the two dial 

pointers. 

9 

channels. In the system for which this 
moditication was made, the switching 
het,veen A'.\[, FM, and Phono is accom­
plished in the control amplifier. There­
fore, s ince the phono and the TV inputs 
to the tuner were never used, it was 
preierred to eliminate this switching 
facility from the tuner chassis. However, 
to reduce current drain and consequent 
heating, a selector switch was used to 
permit operation of either channel sepa­
rately or both together . This switch has 
three positions-the center providing 
for both AM and FM operation, the left 
position energizing only the AM tuner, 
and the right position energizing only 
the FM tuner. 

In addition, neither the volume con­
trol nor the power switch were needed 
on the tuner chassis, both being pro­
vided elsewhere in the system. There­
fore both of these were removed. As a 
matter of fact, when the RJ-12 is to be 
used in a typical modern system which 
incorporates a control amp! ifier, both 
of these components may be removed, 
leaving only the two central knobs on 
the tuner chassis-one for tuning and 
the other as the selector. However, for 
the modification, two tuninJ?" shafts were 
needed in addition to the selector switch, 
so in order to preserve symmetry, the 
a .f.c. switch was wired to the front 
panel, which is somewhat more con­
venient than its normal back-apron lo­
cation. Thus we have four control posi ­
t ions on the front of the chassis- a .Le. 
switch, tun ing, selector, and blank. The 
original controls were, in the same or­
der, the power switch, tuning control, 
selector, and volume. Figure 1 shows the 
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Fig. 2. Schematic of the switch connections to 
be made in mak ing the con.ersion. 

front of the modifiecl chassis, which is 
but slightly different from a normal 
chassis. It will be noted that there are 
two dial pointers-the one at the top ex­
tends only to the AM dial scale, while 
the new one at the bottom extends up­
wards to the FM dial scale. 

Taking the changes one by one, the 
following procerlure should he followed. 
l<emove the power switch and its asso­
ciated wiring. Remove the volume con­
trol, leaving the wires disconnected but 
at the same location temporarily. One of 
the r.f. coils will have to he pushed 
slightly backward to permit the control 
to be remove<!. If done carefully, no 
damage shoulrl result. Now, remove the 
selector switch, leaving all its wiring 
intact. This will save a lot oi tracing 
when connecting the new 9witch. All 
the shielded wires from the switch to 
the jacks on the rear apron may he re­
moved, making it easier to get the 
switch out of the way. Next, remove the 
tip jacks marked AUDIO OUTPUT and 
RECORDER INPUT-the first an,! thin! 
from the left end of the rear apron when 
viewe<I from the back of the chassis. In 
the two holes, mount two 1.0-meg audio­
taper potentiometers, wiring the arms 
to the arljacent tip jacks, and the ground 
end to a chassis ground lead. Connect a 
.05-,lf capacitor from the junction of f? ,, 
and Ru (in the Browning diagram ) 
- from which a shielded lead to the 
switch was romoved-to the high end 
of the potentiometer nearest the A '.\I 
end of the chassis. Connect another 
.05-,li capacitor from the junction off?., 
and C11 to the high end of the other po­
tentiometer. These two potentiometers 
permit a<ljustmcnt of the outputs to 
e<Jttal levels. 

Install a two-pole three-position 
switch (Centralab 1462) in the hole 
from which the selector switch was re­
moved, and connect the new switch as 
shown in Fig . 2. The remainder of the 
leads should he connected so that the in­
dicator tube works on both sections of 
the receiver at the same time. To accom­
plish this, connect the lead from pin 5 
of the 6AL7 socket to the AM a-v-c bus; 
connect pin 4 to the ground end of the 
<li scriminator network; and connect pin 
6 to the "high" side of the discriminator 
output, through a 1-meg. resistor. Thus 
the plate supply is connected to the AM 
oscillator in the left and center positions 
of the switch, and to the FM oscillator 
in the center and right positions. 

New A.F.C. Switch 

The normal a.f.c. switch in this 
chassis is a single-pole double-throw 
slide switch mounted on the rear apron. 
By prying up the tabs on the sides of 
this switch, the slider element may be 
removed and upon replacing the rear 
hakelite plate of the switch, the wiring 
is not disturbed and the termnials serve 
merely as tie points. Install a single-pole 
double-throw rotary switch on the front 
apron where the power switch was, and 
connect three wires from the old switch 
to the new one, making sure to maintain 
the same operating arrangement. 

After cutting the shafts to the same 
length as the original tuning shaft, the 
electrical changes are completed. One 
hole remains unoccupied on the front 
apron-that from which the vohime con­
trol was remove1I. 

Mechanical Changes 

The first step is to remove the dial 
and all the dial stringing. Then remove 
the large pulley from the A~I tuning 
capacitor shaft, and remove the smaller 
pulleys from both capacitor shafts. 
~fount a ¼-to-¾ shaft extension on the 
FM capacitor shaft, and firmly attach a 
new 4-in. pulley to this extension, mak­
ing. sure that the dial cable opening in 
the pulley is at the bottom when the 
capacitor is half meshed. Remount the 
4-in . pulley on the Al\[ capacitor shaft, 
with the groove of the F'.\[ pulley about 
1/ 16-in. further from the panel than 
the A l\f pulley. Mount a tuning shaft of 

the same type as the present one in the 
hole from which the volume control was 
removed, and mount two ¾-in . idler 
pulleys as shown in Fig. 3. These pul­
leys must be free to turn easily, and 
eyelets for mounting them are usually 
suppliecl with the pulleys. Note that the 
bottom of the left idler is on a line with 
the top of the right one, and that this 
line is slightly above the bottom edge 
of the glass dial plate. A third idler pul­
ley should be reamed out to run freely 
on the ¼-in. selector switch shaft. 

Following the diagram of Fig. 4, care­
fully restring the Al\l dial cord. This 
cord is shown in solid lines and should 
be drawn up so as to be <JUite tight, with 
the spring extended to about 1½ times 
its normal length. Where the dial cord 
wraps around the knoh shaft, it is sug­
gested that three turns be taken . Test the 
stringing beiore proceeding, making 
sure that the knob shaft turns freely and 
that the dial cord behaves properly in 
the shaft depression. 

Following a similar procedure, string 
the F~[ cord, using the dotted lines of 
Fig. 4 as a guirle. and again test the 
operation thoroughly before proceeding 
further. 

It is s11ggeste1l that two similar 1lial 
pointers he obtained- the writer prefers 
the type which are made of a fluorescent 
plastic as they are easily seen. Since one 
is to slide along the top of the dial plate 
and the other along the hottom, try them 
out first, and cut off short enough that 
they clear, yet long enough to reach the 
dial calibrations. Then remount the dial 
p_late an1I attach the top pointer, using a 
few drops of ra1lio cement in addition to 
crimping the hack of the slider. The ver­
tical line at the left encl of the dial scale 
indicates the position of full meshing of 
the capacitor plates for both sections. 
Therefore, the pointer should be secured 
to the dial cord at this end of the dial 
and with the capacitors fully meshed. 

The FM pointer is similarly mounted 
to slide along the bottom of the dial 
plate. This may take some careful ad­
just ment to make sure that the pointer 
passes the other cords without catching, 
hut it can be done with a little care. It 
is suggester! that the slirlers he given a 
light coating of Lubricat e or some simi­
lar lubricant. 

Fig. 3 (left ). The tuner chassis with the dial plate remo,ed to show the dial stringing. Fig. 4 (right) . diagram of the dial string ing . The solid line 
indicates the path of the AM cord and the dotted line shows the path of the FM cord. 
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fig. 5. Schematic of simple control for stereo­
phonic programs. 

Output Circuits 

For use as a tuner capa.ble of receiv­
ing two separate monaural channels, 
nothing further is required, since the 
two output jacks on the rear apron pro­
vide the AM and F~f signals independ­
ent of each other. However, for binaural 
use, some means of control\ing the vol­
ume of both channels simultaneously is 
an advantage. Therefore it is recom­
mended that a separate control unit be 
provided. This unit can he as simple as 
possible, containing only a dual potenti ­
ometer, relying upon the two output 
controls on the tuner chassis for bal­
ancing levels between the two sections 
of the receiver. If a more elaborate unit 
is desired, so that either channel can be 
connectecl to either power amplifier or 
to both at will, it is equally possible to 
make such an arrangement. In any case, 
if the unit is to be use<l primarily for 
stereo programs, the balancing control 
is desirable. Figure 5 shows a simple 
control, without any provision for 
switching, yet e<Juippecl with the bal­
ancing feature . This entire unit can be 
mountec\ on a small bracket or on an 
unused space on the front panel of the 
installation. To reduce the number of 
a.pparent controls, it is suggested that 
the complete unit be assembled using an 
!RC Concentrikit, with the balancing 
control operated hy the outside knob, and 
the dual potentiometers operated by the 
small inside knoh. The parts list shows 
the components for either type of con­
struction. 

A more Aexihle control system is 
shown in Fig. 6. The selector switch has 
live positions- ( 1) both Al\'[ and FM 
channels feeding separate output cir­
cuits, with A:\I on output 1 and Fl\·1 on 
output 2; (2) same as ( 1) except that 
AM is on output 2 and Fl\I on output 1; 
(3) A~! feeding both output circuits ; 
( 4) FM feeding both output circuits; 
and ( 5) stereophonic, with the dual vol­
ume control and the balancing control 
in the circuit . The only eventuality not 
provided for is the reversal of the stereo­
phonic sources, whicT1 could become 
necessary in certain instances. This was 
not included because of the impracti ­
cality of locating a four -pole six-position 
switch of reasonable dimensions. How­
ever, it is prohahle that some standard­
ization in channel usage will occur, so 
that the Fl\! channel is always on the left 
and AM on the right. or vice versa. 
Since the normal orchestra arrangement 
places the high-frequency instruments 
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predominantly on the left, it is probable 
that FM would he the left channel. 

The balancing control provides a loss 
of about 3 dh in each channel in the cen­
ter position, with a variation of 3 db in 
the level of either channel as the control 
is rotate,\ from one end to the other. If 
the control unit is to be used with ampli ­
fiers at any appreciable distance, it 
would he desirable to add two cathode 
followers, as shown in Fig . 7. There is 
some additional gain in this circuit so 
the balancing control has a mid-position 
loss of 6 db in each channel, with a range 
of 6 db from one end of the control to 
the other. The output from this arrange­
ment is approximately the same for all 
positions of the switch, and one add i­
tional position has been added to permit 
reversal of the sides in the stereo posi -

SWITCHES GANGED 
POSIT 1 - INPUT 1 ON 80TH OUTPUTS 
POSIT 2 - INPUT 2 ON BOTH OUTPUTS 
POSITJ • BOTH INP\JTS THROUGH TO 80TH OUTPUTS , 

NO CONTROLS 
POSIT4 • STEREOPHONK:, THROUGH CONTROLS 

fig. 6. The addition of o switch provides greater 
flexibility in the operation of the converted 
tuner. With the switch at A. input I is con­
nected to both outputs; at 8, input 2 is con­
nected to both outputs; at C, each input is 
connected to o separate output, without the 
volume and balancing controls in the circuit; 
at D; the inputs ore connected through the 

controls for binaural programs. 

INPUT 1 t 

I 0 .27ME:a. 
.: ~·~---t--'VVv----, 

l,.»\JT 2 

I 

I 
I ------- -I 
I 
I 
I 
I 
I 
I 
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: 0 1 

• 

THREE SWITCHES GANGED 

o4 

0 .27 MEG. 

POSIT 1 • INPUT 1 ON BOTH OUTPUTS 
POSIT ! • tHPVT 2 ON BOTH OUTPUTS 

tion. The output impedance is sufficiently 
low that amplifiers may be located up to 
20 feet from the control unit without 
appreciahle fre<Juency discrimination. 

PARTS LIST 
Receiver Modifications 

1 2-pule, 3-position switch, Centralab 1462 
I SPDT rotary switch 
2 1.0-meg audio-taper potentiometers, small 

size 
2 .05-µf capacitors, 400 v:, paper 
1 Dial drive shaft with panel hearing 
3 ¼-in. idler pulleys 
1 4-in. dial pulley, with tension spring 
1 Shaft extension, ¼-in. hole, ¾-in. shaft 
2 Slide-rule dial pointers 

Nylon dial cord 

For Fi1ure 5 

1 1.0-1.0 meg. dual potentiometer, audio 
taper 
2.5-meg. potentiometer, linear or, if con­
centric control is used 
1 IRC K-2 Concentrikit 
1 IRC KS-2 Universal Shaft Kit 
1 IRC 811-239 base clement 
1 IRC 813-137 base element 
1 IRC Ml3-137 base element 

4 Input jacks, RCA Phono type 
2 0.22-meg. resistors, ¼-watt 
2 0.47-meg. resistors, ¼-watt 

For Fl1ure 6 
Same parts as for Fig. 5, with the addi­

tion of 
1 Ccntralah 141~ switch 

For Fi1ure 7 

Same parts as for Hg. 6, except for the 
substitution of the following for the re­
sistors listed : 
2 0.27-meg resistors, ¼-watt 
2 0.39-meg resistors, ¼-watt 
4 0.47-meg resistors, ½-watt 
2 0.1-meg resistors, 1-watt 
2 10,000-ohm resistors, 2-watt 
2 3900-ohm resistors, 1-watt 
2 Nova! sockets 
2 12AU7 tubes 
2 0.1-µf capacitors, 600 v., paper. 

~- - - - - ---·· 

0 .1 OUTPUT 1 

~ 

0 .1 OUTPUT 2 

r-t 

L-------'-----•· 

POSIT J " INPUTS 1 a 2 SEPARATE ON OUTPUTS 11!1 2 RESP[CTIYELY ; HO CONTROLS 
POSIT 4 • STEREOPHONtC , WITH CONTROLS 
POSIT, • STER(OPHONIG , WITH C()f,jTROlS , AEVERSE.D 

Fig. 7_ Similar switching plus the addition of two cathode followers may be preferred because 
of the lower output impedance offered with this arrangement. 



Binaural or Stereophonic? 
R. J. TINKHAM * 

The author clarifies the meanings of the two words which have been use~ to 
describe this latest of interesting innovations in the field of sound reproduction. 

SOME CONFUSION apparently still ex­
ists in the minds of many regarding 
the definition and connotation of the 

words binaural and stereophonic. Bi­
naural means, literally, "two-eared." It 
refers to the fact that the sense of hear­
ing in both ears, plus the brain, makes_ it 
possible for us to analyze sound, to chs­
criminate against unwanted sounds and, 
to a large extent, to localize the source 
of a sound. Stereophonic, on the other 
hand, means "three-dimensional sound," 
or a sound source "in the round," much 
as we perceive it in actual experience. 
It can be stated, then, that one uses his 
binaural sense to perceive stereophonic 
impressions. This is much like saying 
that one uses his binocular sense of 
vision to achieve stereoscopic or three­
dimensional impressions. If we stop up 
one ear with a finger when listening to 
someone in a noisy place, we will ob­
serve hc.,w the ability to discriminate 
against the background noise disappears 
::nd the ability to localize the source of 
sound vanishes. Or, if we shut one eye, 
our judgment of depth is gone and, 
although we know better, all objects are 
as on a flat surface. Compare a mon­
ocular snapshot with the modern stereo­
photo or, for that matter, with grand­
ma's "Trip to Egypt" via the old-fash­
ioned stereoscope. The difference is re­
markable. 

Modern tape recording has achieved, 
(a) an easy recording method, ( b) the 
ability to record more than one channel 
at a time on the same tape, and ( c) rea­
sonable expense. It is inevitable that 
someone would think of trying to cap­
ture sound stereophonically. Our atten­
tion has again been directed to the Bell 
Labs experiments 1 of 1933 with the 
Philadelphia Orchestra performing at 
home and being reproduced in Washing­
ton with startling realism, facts lost 
sight of for nearly a generation. In 
1948, Camras2 gave a demonstration of 
three-channel recording for Armour 
magnetic recorder licensees. And in 
1950 the author, then with another com­
pany, was asked rather bluntly at a So­
ciety of Automotive Engineers round­
table discussion, why the recorders that 
he had sold some of the members did not 
reproduce properly, with the question, 
.. Why does the recording of an auto go­
ing over a cobblestone pavement sound 

* A111f'c.r Co,-po,-alio11, 93-1 Charla St ., 
Redwood City, Calif. 

1 Elecr,-ical Enginee,-ing, Jan. 1934, Vol. 
53, No. l , six articles. 

2 Marvin Camras, in Proc. l.R.E., April 
1949, Vol. 37, No. 4. 

~ SOURCE 

fig. 1. The elements of a true binaural system. 

like a male singer with a cracked voice 
humming in the bathroom instead of an 
auto on cobblestones?" l\loney had been 
invested in supposedly good equipment, 
but the reproduced sounds were not con­
sidered natural or normal. Some form 
of distortion seemed to be present. 

If one reflects on the difficulties en­
countered in achieving "realistic" sound 
effects for ordinary broadcasting (mon­
aural), where crumpled Cellophane 
sounds like a raging fire in the north 
woods and a cantaloupe dropped on the 
floor portrays the victim's head being 
hashed in, he realizes that all single­
channel reproduction gives only an ap­
proximation of the original sound-our 
imagination fills in the deficiencies. For 
instance, a symphony over the network 
sounds like a symphony, with which we 
are reasonably familiar . But recordings 
of autos on cobblestones do not sound 
normal, for this sound is a bit unusual 
and our imagination docs not help out 
much. 

Let us consider the "auto-on-cobble­
stone" problem briefly. Since the one re­
cording microphone, placed in the driv­
er's position, had no analytical or dis­
criminatory power of its own, it recorded 
faithfully what it heard and, for the first 
time (perhaps) the auto researchers 
heard, in truth, what they didn't hear­
a hard fact to realize. Obviously, the 
solution was to restore the natural sense 
of binaural hearing by using two com­
plete and separate sound transmission 
channels, from microphones to head­
phones, one channel to each ear. This 
was suggested, and one organization 
tried it with successful results. 3 Oddly 
enough, loudspeaker reproduction, at 
that time, was not successful for reasons 
which will become clear as we continue. 

3 J. Aco11s. Soc. Am., Nov. 1%2, Vol. 24, 
No. 6. 

Microphone Placement 

Apparatus intended for one field often 
ends up in another. Gene Carrington, 
educational director and lecturer for a 
large midwestern organization, learned 
of the foregoing and made orchestral 
recordings at I nterlochen (Michigan) 
Summer 1\1 usic Camp under the direc­
tion of Dr. Joseph :-.Iaddy. l\lr. Carring­
ton conducted experiments with respect 
to the placement of the two mikes with 
separations varying from many feet to 
about the distance of a human's two 
ears. Headphone listening showed that 
the sound was most realistic when the 
mikes were about 8 or 9 inches apart. 
And the demonstration was astonishing 
in its realism; one seemed to he stand­
ing right in the midst of the orchestra. 
During the past year, several demon­
strations of "binaural" sound have been 
presented, using two loudspeakers--ont· 
for each channel-in a large room. The 
results \\·ere puzzling to many people 
who attended these demonstrations-1111-
til they heard similar demonstrations 
with headphones. Then they understood 
what was being attempted. Suddenly 
"three-dimensional sound," whether re­
produced binaurally over headphones or 
stereophonically over loudspeakers, has 
become most popular. But this popularity 
has raised another question . \Vhy don't 
these demonstrations work so well with 
loudspeakers? After all, it is mighty 
inconvenient to listen for any length of 
time to headphones, and loudspeakers 
reach larger audiences less expensively. 

The answer is that loudspeakers do 
work very well when properly handled. 
And here entered the confusion between 
"binaural" and ''stereophonic." 

If we refer to Fig. l, where we have 
two closely spaced microphones in a 
sound field, and a two-channel system 
connecting them to separate earphones, 
it becomes obvious that we are merely 
extending the diaphragms of our two 
ears electrically. Actually, of course, we 
are extending the diaphragms of the in­
dividual headphone receivers, electri ­
cally, to the physical placement of the 
diaphragms of the microphones. The 
time factor may be suitably delayed by 
the insertion of a simultaneous, two­
track recorder in the hilateral transmis­
sion svste111. In other words, our ears 
seem to be where the microphones are 
physicallv placed. We have re-oriented 
our ears geographically and individually. 
The theorem oi proportionality exists: 
mike-to-mike spacing is equal to the ear­
phone-to-earphone .spacing, and our 
brain functions 11ormally to fuse the two 
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separate signals arnvrng irom each of 
our two ears. The resultant sensory per­
ception is astonishingly like listening in 
the spot where the mikes were placed. 
Of course, we are assuming that we 
have paid attention to the proper phasing 
of the mikes, amplifiers, and headphones, 
and haven't interchanged sides. Disturb­
ing but interesting effects result from 
such maladjustments . And the quality of 
the reproduced signal, as always, de­
pends on several factors present in the 
system : frequency response, distortion, 
noise, flutter, wow, etc. 

But we soon discover that listening to 
headphones makes the sound appear to 
he Leh ind, rather than in iront of us. 
This is a fact brought out by Bell Tele­
phone's ' 'Oscar" exhibit at the 1933 
Chicago Worlds Fair ancl now per­
manently displayed at the Chicago Mu­
seum of Science and lmlustry. And it is 
also just as tiring today to be squeezed 
hy a headset as when the crystal radio 
was in vogue. The apparent answer to 
the problems is oh\'ious. Reproduce 
the signals over loudspeakers, of course. 
This will put the sound in front of us, 
and will he more convenient for listen­
ing. But while the sound as we hear it 
from the two loudspeakers sounds dif­
ferent from single channel li sten ing, it 
still doesn't sound quite right. Remem ­
ber, we still ha\'e the mikes placed only 
8 or 9 inches apart. \\'e have swldenly 
invente1I a new system of listening : "hi ­
stereonauralphonic" or a cross between 
two clifferent concepts- which is mean­
ingless. Sec Fig . 2. The placement of 
the speakers is unimportant here, as no 
arrangement will give the desired effect. 
It doesn't matter whether we set the 
speakers at an angle so that their axes 
intersect, as at (A) in Fig. 2, or so that 
they are square with each other. Speaker 
manufacturers pride themselves to(lay 
on the non-directionality and wide-angle 
dispersion of their products . \\'hat hap­
pens under these conditions of close 
mike spacing all() wide speaker spacing? 
If we stand somewhere in front of the 

speakers, we no longer receive sound 
meant for the left ear only in the leit 
ear, and right-ear sound only in the 
right ear, hut rather we receive sound 
in both ears meant for individual ean 
only. Our original mike placement simu­
lated our relative ear positions, not the 
loudspeaker positions. This results in a 
brand new sensory experience which 
puzzles that superb analytical instru­
ment called a brain, for the sound is 
twice mixed : once in the air, because 
each ear hears sound from each speaker, 
not just from one as it should; and once 
in our brain. Since we hear left am] 
right somlll in both ears simultaneously, 
with head diffraction lags, etc ., our 
hrains are led to the mental conclusion 
that we hear two speakers. This leads 
to the inescapable conclusion that we are 
befud,lled, am! this type of reproduction 
becomes a new and novel experience to 
he sure. This is certainly not the type 
of reproduction for which we search, 
namely that of reproducing the original 
sound stereophonically ( i.e. "in the 
rournl"). But with this system there is, 
however, one point or group of points 
lying on the perpendicular bisecting 
vertical plane between the two speakers 
where, due to phase relationship and 
standing wave patterns in the reproduc­
ing room, we can hear soun<I from the 
left speaker predominantly in the left ear 
ancl vice versa. Here the results are 
somewhat more sati sfactory . A slight 
shift of the hea l! will make this interest ­
ing phenomenon disappear, and again 
hoth souml sources will be heard in both 
ears s imultaneously. This narrow cen­
tral ''binaural" plane limits the number 
of happy listeners to those who can stand 
close together in tandem. 

Corrective Measures 

The answer to this predicament is 
immediately obvious to anyone familiar 
with acoustics. In the case of the 
binaural setup of Fig. 1, we are not con­
cerned with listening room acoustics, 
ohviously, am! this occasionally has its 
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Fig. 2. "Bistereonourolphonic," or mixed ond meaningless system. 
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LISTENING ROOM 

Fig. 3. The true stereophonic system. When 
three cha nnels ore used, distance becomes 
greater thon when only two channels ore 

employed. 

advantages . Also, we are not too much 
concerned with the recording studio 
acoustics, s ince our built-in anal\'zer 
( brain) compensates for almost ail of 
the acoustic shortcotnings of that room, 
such as excessive reverberation , un­
wanted echo, etc. This we have learned 
to clo unconsiouslv since earliest child­
ho0<I. \\'e use he~e our binaurai sense 
in the proper ancl usual manner. 

But now, since we wish to reproduce 
this souurl O\'er speakers, we must take 
the I istening-room acoustics into con­
sideration. In fact, the li stening room 
becomes an extension of the recording 
room. Of course. this has alwavs been 
true iu the case of a one-channel.system, 
hut not nearlv as obviouslv so as it now 
is in the case of the two- or three -clian­
nel stereophonic system. After all, we 
are now trying to re-create that special 
effect iu the listening room which ex­
isted in the concert hall . 

Let us suppose for a moment that we 
wishe,I to reproduce a concert, by means 
of loudspeakers, in the same hall as that 
in which it had been previously re­
corded. In reality we should have an in ­
finite number of speakers arranged 
across the stage and several layers high 
iu order to reproduce a similar full wave 
front. But for the sake of economy we 
use only two ( or three) anti spread them, 
one to the left, one to the right (and 
preferahlv another in the center). If we 
space two of them at, say, the one-thir,I 
po ints across the stage as in Fig . 3 
where a = b = c) , then, hy proportion­
ality, the microphones used to pick up 
the original sounll should have occupied 
the same positions now occupied by the 
speakers. Sound is then radiated from 
the points where it was originally 
picked up. This is a most important 
factor, a factor relating to the theorem 
of proportionality. The recording sys­
tem has merely rlclayed the element of 
time. The speakers then deliver approxi ­
mately the same acoustic pattern into 
the room that was picked up at those 
points hy the microphones. Sound from 
all over the stage reaches the various 
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Fig. 4. A complete portab le stereophonic recorder, with amplif iers and power supply. 

microphones at varying sound levels 
and times. These factors are necessary 
to the proper re-creation of the speaker­
reproduced pattern . 

If the microphones had been spaced 
"ea r distance" ( i.e. ahout 9 inches 
apart ) , as was done in a recent demon­
stration, and the loudspeakers a similar 
distance apa rt to maintain proportion ­
ality, rather a neat trick which was not 
<lone. we would have had in effect a 
one-channel system. This would accom­
plish little toward our ends. But with the 
speakers spaced widely, we lose the 
necessary proportionality and achieve 
onlv our unrealistic "bistereonaural­
phonic" system. Conclusion: the mikes 
should he spaced as far apart for this 
type oi recording (stereophonic) as the 
speakers are to be spaced. We must 
know beforehand what sort of reproduc­
ing system is to he used. 

Next we add the problem oi placing 
the ~pcakers not in the original room 
where the sound was recorded, but 
rather in some other and usually much 
smaller room, perhaps a li ving- room. 
whose major dimension is le~~- perhaps 
than the di stance between the recording­
microphones. Should we, therefore, re­
duce the spacin({ of the mikes? Experi ­
ment says no. Experiment also shows 
that if we space the speakers in approxi ­
mately the same general lateral arrange­
ment in the smaller room as in Fig. 3, 
where a' = b' = c', maintaining approxi­
mate proportionality, the results are 
satisfactory. In fact, the sensitive cen­
tral plane of "binaural" position, re­
fer red to previously, disappears an<l the 
auditor is free to move anywhere within 
the listening room. He will experience a 
similar sensation as though he were to 
move to various parts of the original 
auditorium. Placing the speakers in the 
corners of the room facing diagonally 
inward or placing them close to side 
walls appears not to work as well as 
spacing them a little way in from the 
walls and square with the room, as in 
Fig. 3. In so doing apparently a more 
normal sidewall reflection and multiple 
image pattern is set up in the room, thus 
simulating more closely the recording 
set-up. This helps blend the sound pat-

tern in the room. Corner speakers do 
not set up such an image pattern. 

In general, it is necessary to know 
where and in what manner the sound is 
to he reproduced before the proper mic­
rophone placement can be stated. For 
headphone listening, mikes should best 
be spaced a person's head-width apart. 
A bag of sawdust between the mikes, 
simulating- one's hear!. is of unknown 
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ERASE RECORD PLAYBACK 
RECORD PL AYBACK 

Fig . 6. Diagra m of the a rra nge ment of the 
Ampex stereophonic head assembly. 

value. For loudspeaker li stening the 
acoustics of both the recording and 
listening rooms must be taken into 
consideration without fail. A wide spac­
ing of the mikes is indicated so that the 
theorem of proportionality will be main­
tained. \Vhcn two channels are used, the 
mike spacing and position should be 
chosen with respect to the group size 
and arrangement so that all sections of 
the group will appear balanced in the 
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Fig. 5. Stereophonic 
head assembly, em ­
ploying a full- track 
erase head at the 
left, a two-track rec ­
ord head , and a two • 
track playback head 

at the right, 

• 

reproduction . An overly wide spacing of 
the mikes will leave a "dead" spot in 
the pickup between the mikes ( and 
speakers) at the center of the group. 
This is where the third channel, in the 
center, becomes helpful by really round­
ing out the stereophonic system. The 
Bell Labs experiments showed that 
three channels were an optimum mini ­
mum number, but that two would work 
satisfactorily, if properly handled . 

T he insertion of a dual AM and FM 
simultaneous broadcast radio link does 
not change any of the conditions set 
forth, obviously, hut docs limit the sys­
tem to two channels. Separate-sideband 
AM transmission plus FM has been sug­
geste(I for a three-channel system, but 
appears to be still in the future. 

It should be repeated that the quality 
of the total system will limit the natu ral ­
ness oi the reproduction. This was clearly 
demonstrated at the November , 1952, 
concert of the University of Illinois 
Symphony Orchestra, conducted by Leo­
pold Stokowski, at Urbana, Illinois, 
where the author was invited to trans­
mit the concert stereophonically to an 
overflow crowd in a relatively large but 
acoustically different auditorium on an ­
other part of the campus. Stereophonic 
recordings were made simultaneously. 
During the rehearsal two cardioid mikes 
were tried, followed by two modern 
condenser mikes. The former, designed 
many years ago, have an increasingly 
attenuated response above 9,000 cps. The 
condenser mikes have good high end 
response. Several of the musical faculty 
present commented on the noticeable 
difference, and the more nearly true 
string and ohoe tone resultiug irom the 
switch. No other elements of the system 
were changed. 

One controversial point might be 
raised here. \Vhat mike pickup pattern 
should be used? The autho r prefers a 
cardioicl pattern, but with a wide fre­
quency response. This pattern seems to 
help stereophonic reproduction because 
the pickup thus is one-sided, while the 
speaker reproduction is other -sided. This 
would seem to help in making the listen­
ing room an extension in fact of the 
recording studio. 

(Co11cludcd at bottom of nex t page) 
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Stereophonic Reproduction 
JAMES MOIR ':, 

A basic discussion of the reasons behind our ability to locate sounds simply by hear­
ing them, together with practical requirements of stereophonic sound systems. 

THERE IS LITTLE DOURT that the best 
examples of current sound repro­
ducer equipment meet most of the 

known criteria for a high quality 
111011aural system and in consequence 
there does not appear to be a great deal 
of opportunity for further improvemem 
in subjective quality if present tech­
niq ues are merely subject to greater re­
tinemCV'lt. F or example an amplifie:· 
having a frequency characteristic flat to 
.01 dh and a tlistortion content below 
. 01 per cent is not subjectively better 
than an alternative design flat to 0.1 db 
( or even 1 dh) and a distortion content 
of 0.1 per cent. In spite of this state oi 
(pseudo) perfection no competent critic 
would consider that the best possible 
monaural reproduction of anything but 
a soloist could be mistaken for the real 
thing, and until we can deceive most oi 
the people for most of the time there is 
room for improvement in techniques. 

The pleasure deri,·e(\ from listening 
to a live orchestra is compoundetl of 
many factors, most which are adequately 
dealt with by a laboratory type of 
monaural reproducer system, but if we 
are to have a perfect ref>rod11ctio11 of the 
original there are many marginal factors 
that require further attention. An or­
chestra generally occupies a plat form 
60 to IOU ft. wide and 20 to 30 ft. deep 
and this spatial distribution contributes 
to the pleasure derived from listening. 

* Si, Catesby Road, Rugby, England. 

BINAURAL OR STEREOPHONIC? 
(from prcccdi11g page) 

Something should be said about suit­
able tape recording- equipment. Figure 
4 shows a typical two-channel portable 
recor,ler. One ca, e contains the tape 
transport mechani ~m a nother contains 
two separate record and simultaneous 
plavback amplifier<. one set for each of 
the· two tracks. The third contains the 
power supplies for the amplifiers. The 
era~e/ bias oscillator, mounted in one 
amplifier, supplie~ bias directly to one 
channel and through a buffer amplitier 
to the other, so that the same bias fre­
quency is used in each recording head, 
thus eliminating the beat frequency 
which would result from using two sepa­
rate oscillators of approximately the 
same frequency. Figures 5 and 6 show 
the head assembly with a full track erase 
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There is merit in mere size. An or­
chestra that makes use of all the instrt1 -
ments all the time is flat and uninterest­
ing and is rarely employed. l nstead the 
listeners interest is excited and main­
tained by constant change in the prom­
inence given to the various instrumental 
combinations. Thus the centre of the 
listeners' interest mo,·es about the stage, 
the remaining instruments forming a 
pleasant but unobtrusive background to 
the focal zone on which the listeners 
immediate interest is concentrated . 

Reduction of Source Width 

A monaural reproduction is com­
pletely unsatisfying in this respect, the 
whole of the 100 by 30 ft. source being 
co1upressed and st rang led to emerge 
from an 8- or 10-in. diameter hole, wi th 
the result that there is no poss ibility of 
identifying or appreciating the ind i­
vidual instruments or sections of the 
orchestra on the basis of their spatial 
distribution. The pleasure to be derive(\ 
iro111 the movement oi the sound source 
is irrevocably lost. 

A similar result is obtained from a 
111onaural reproduction of the norma l 
111m·ement of actors about a set or stage. 
.\'lo,·ement in depth is moderately well 
reproduced if the reverberation con<li ­
ti ons are satisfactory but all movement 
across the stage is reproduced as move­
ment in depth. Thus all the action ap­
pears to take place in a tunnel with a 

head, two side-by-side record heads 
which record two <imultaneous tracb. 
running parallel along the length of the 
tape. anrl two appropr iate pickup heads. 
Tape motion is from leit to right acro~s 
the heads. Thus the tape is first erased. 
then recorded upon, and then monitored 
a fraction of a second later over the 
playback system. The record heads are 
well shielded between the two and have 
50 db attenuation on cross-talk between 
channels. The gaps of both the record 
anrl playback structures are critically 
aligned in parallel so that the time er ror 
between the two separate tracks is less 
than .00003 sec. at 15 in./sec. tape speed, 
or .00006 sec. at 7½ in. / sec. This has 
an interesting sidelight. Tapes recorded 
stereophonically ( or binaurally ) on thi s 
type of inline gapped head may be played 
hack on a standard iull -track reproducer 
in an entirely satisfactory one-channel 
manner. This makes it possible to pro­
duce pre-recorded stereophonic tapes 
which may be played on either a stereo­
phonic or a standard playback machine. 

microphone at it~ mouth. 
Current microphone techniques aim 

to hide this defect hy such procedures· as 
employing a microphone boom to sup­
port the microphone just out of the pic­
ture anti over the head of the speaker­
the standard film and TV practice. 

A monaural svstem is at a iurther 
disadvantage in tliat a single microphone 
is unable to discriminate against room 
noise or reverberant sound, with the re­
sult that all recording and broadcast 
studios must be acoustically treated to 
obtain a reverberation time much below 
that known to be optimum if a tolerable 
result is to he obtaine!l with a monaural 
reproducer system. Similarly, noise from 
the audience coughing am! shuffling ap­
pear to be enormously enhancer! when 
heard over a monaural system . A simple 
hut remarkably satisiying demonstration 
of the magnitude oi this effect can he 
obtained hy anyone with normal hearing 
and access to a hearing aicl of the nor ­
mal monau ral type. Conversation that 
is easily understood arnl appears to he 
without any noticeable background \\·heu 
using two ears, appears against a 
marked hackgrmmd of reverberat ion and 
other room noises requiring consirler­
able concentration if it is to be under ­
stood when the monaural hearing aid is 
used. Kock has shown that the human 
hearing mechanism automatically dis­
criminates against noise when it ap­
proaches the head from a direction 

It will he notell that binaural head­
phone listening to orchestral music, for 
example, appears to give a much greater 
sensation of a completely "new" way of 
listening-, and that loudspeaker s~ereo­
phonic I is ten ing ( correctly done) 1s not 
as astonishing. H eadphone binaural list­
ening- is best for many special investi­
gative problems. But speaker reproduc­
tion shm1ld sound more natural than the 
headphone method because we are used 
to being in a room-acoustic em·iron­
ment. l II fact, it is for this very natural­
ness that we search. 

The author is indebted to his early 
teachers in acoustics, his many custom­
ers, his associates, and several midwest 
uni,·ersity musical organizations for 
background and experimental set-ups 
which have led to the conclusions set 
forth above. Some of the conclusions 
reached might he somewhat controver­
sial. l\Iuch three-dimensional acoustics 
still is. As one acoustican has said: "In 
no branch of science is the theory so 
simple and the measurement so difficult." 



which differs irom that taken by the 
desired so1111d . This binaural discrimina­
tion in fayor oi the wanted sound 
amu1111ts to as n111ch as 10 to 15 db, and 
is entirely lost when a monaural svstelll 
is usecl. • 

A furt her and somewhat unsuspected 
result of this binaural discrimination is 
a marked increase in rhe claritv oi 
speech and an apparent decrease ii1 in­
termodulation distortion when repro­
<lucing music from a large source such 
as an archest ra. In iact it gives to the 
reproduction of a large orchestra the 
degree of clarity characteristic of a small 
orchestral combination. 

It is suggested that Chinn's preferred 
frequency range rests n~ini:; reproduced 
program materia I cannot he compared 
with Olson's tests using live material as 
in the latter tests the audience were 
listening "binaurally." The difference in 
conclusions largely rl'presents the dif­
ferenc,· between monaural and binaural 
reproduction. 

It is apparent that at the present time 
frw of the adYantages of a stereophonic 
system can he expresserl numerically 
and recourse must he made to express­
ing opinions until such time as we haYe 
some system of indicating the overall 
suhjecti,·e appeal of a repr.oducer sys­
tem. A number of organizations have 
worked on the problems of stereophony 
both in Europe and in Alllerica and have 
recorded rheir opinions 011 the a,h-an ­
tages oi stereop !tonic systems. 

Thus, tests by Bell Labs indicated 
that a stereophonic system having an 
audio banth idth (per channel) of 3750 
cps was consitlered hy an audience to 
have the same aesthetic appeal as a 
lllOnaural system 15,000 cps wide. J. P . 
!\laxfield oi Bell Labs has stated "I 
would rather hear a two channel repro­
duction Hat to 6,000 cps than a single 
channel system flat to 15,000 cps; it is 
more pleasing, more realistic, more 
dramatic." This is a concise indication 
oi the writer's opinion after more than 
a year's work on the subject, with the 
opportunity of hearing the systems de­
,·eloped by three of the leading European 
concerns. 
Explanation of Stereophony 

\Vithout further discussion of the vir­
tues of a stereophonic system, the 
mechani , m oi the stereophonic effect 
will be discussetl as this is probably the 
best approach to an understanding oi the 
technical requiremenrs of a stereophonic 
svstelll. 
• l\ lother Xature has provided us with 

two ears an,! these enahlc us to sample 
the sound tield at two points spaced apart 
hv the width oi the head. From the rlif­
ierences that exist at the two ears and 
with the heneti t of long experience. the 
ear - nervous svstem - brain combination 
c,111 estimate ihe position of a , 01111 (1 
i;ource with remarkal:le accuracy. g-iv­
ing the same threc-diml'nsional sig11iti ­
cance to the acoustic environment as the 
possession of two eyes gives to the 
vis11al en,;•i ronmcnt. 

For anv so11rnl source not in the 
median pl~ne the sound at the left ea r 
will differ from the sound at the right 

ea r m three major respects. 

1. Referring to Fi_q. 1 it will be seen 
that a sound from a source on the right 
side will strike the right ear before the 
left ear, the time difference being a 
maximum when the source is on one 
sicle and in line with the two ears. In 
thi s position the time difference is 
.00063 sec corresponding to a11 e;,r 
separation of 21 cm. 

SOUNO SOURCE 

Fig. I. Difference in path length and t ime of 
ar rival when soun d source is not in median 

plane. 

2. There will be an intensity difft·r ­
ence at the two ears, this difference be­
ing a function of the freq11ency of the 
sound. The i11 tensitv difference is fre­
quency dependent as it is mainly the re­
sult of diffraction rou11rl the head. 

3. Most even·rla ,. noises ha ,·e a com­
plex frequency ·spectrum and as the dif­
fraction losses are a function oi fre­
quency the frequc11cy spectrum at the 
two ears will also differ. 

These differences justify further dis­
cussion. The reason for the difference in 
time of arrival at the two ears is evi­
dent and requi res no further explana ­
tion, hu t the q11estio11 immerliately arises 
as to which part of the so1md-wave cycle 
is accepted hy the ear as determining 
the time of arrival at that ear . On an 
impulsive sound having a steep wave 
front it may be assumed that the arrival 
of the wave front is recognized, b11t 011 
a repet itive wan·form there i~ ,lifticnlt ,· 
in understa11di11g just how the ea·r 
recognizes the difference between suc­
cessive cycles with identical wa,·cform . 
A high -frequencv \\'ave passing from 
right to left will h;l\·e several cycles pass 
the right ear before the first cycle 
reaches the left ear, and the right ear 
may not know just how many cycles 
have passed at the instant the tirst cvcle 
reaches the leit ear. This rather suggests 
that there may be [!itliculty in fixing 'the 
posit ion oi a high-frequency source ha Y­
ing a frequency such that more than half 
to one cycle oi the wave can he accom­
modated in the space between the ears. 
Taking the velocity of sound as 33,000 
cm/ sec anrl the ear spacing as 21 cm. 
it might he expecterl that frequencies 
above 800 cps ( half wa vc = 21 cm) 
might present cliftic11ltics in location and 
it is worth noting that this is found to 
he the case in practice . 

Using a very elegant test technique, 
Galambos has taken simultaneous photo­
graphs oi the sound wa veiorm and the 
nerve r<:!,p0nse that results from the 
so1111d. and these show that the net ve 
discharge always occurs at the fir st posi­
t ive peak. This suggests that the brain 

has adopter! the first pos1t1ve peak as 
a reierence point and that in measuring 
time intervals to fix the position of a 
sound source in space, it notes that 
interval between the first positive peak 
arriving at the left and right ears. This 
process must be repeater! at fairly fre­
quent intervals if a moving source is to 
he followed and it is suggested that the 
intervals between syllables might well 
iorm the convenient gaps from which 
to commence each new measurement 
oi "time of arrival" difference. 

The loudness difference at the two 
ears is mainly due to the presence of the 
head between the cars. Anv obstacle 
placed in a sound field distorts that 
tield . producing an increase of pressurr 
on the side facing the oncoming sound 
wa\'e ancl a decrease in pressure on the 
re\'erse side-a process known as rlif­
fraction. The pressure difference be­
t ween the two sides is a function of the 
ratio of obstacle diameter to wavelength 
of incident sound, and for a given size 
oi obstacle will increase as the frequency 
oi the incident sound rises (i.e., ,, .. 1ve­
length falls). An exact calculation of the 
field distortion is a problem of great 
difficulty hut as we are only interested 
in diffraction around a human head, 
\\'einer's measnrerl results are satisfac­
tory. These are shown in Fig. 2 and 
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Fig . 2. Ratio of sound pressure (in db) at ears 
for an angle of 45 deg . to the source. 

ind icate tha t 1hc pressure differrnce at 
the two ears has risen to 8 <lh at 1000 
cps and 17 db at moo cps. Pure tones 
are not oi significant importance trr 
e\'eryday life where the usual sounds­
such as speech, music, allfl noise-have 
energy scatterecl throng-hout the whole 
frequency spectrum. On a complex 
sound the resultant pressure difference 
at the two ea rs will oln·iously depend 
upon the freq11enc v spectrum of the 
energy in the soun<I. Steinberg has cal ­
c11lated the pressure clifferenc<! and 
hence the loudness di ffcrencc for normal 
speech and his result s arc shown in Fig . 
3 from which it will be seen that up to 
angles of -W deg from the median the 
loudness difference in <lh is almost di ­
rectly proportional to the angle turned 
th rough hy the head. 

The thin! major difference noted i~ 
that as the diffraction effects are a func­
tion of frequencv . with a resultin~ dif­
ference in the frequency characteristic 
of a sound at the two ears . With exper; ­
cnce the brain may he ahle to use this 
difference to provide a clue to localiza­
tion . 

f'or sounds originating in the median 
plane all these differences ,·anish as th<! 
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Fig . 3. Variation in loudness as a speech source 
i~ rotated in a horizontal plane around the 

head. 

source is then symmetrically disposed 
with respect to the two ears, a condition 
that holds at all angles of elevation. It 
is to he expected that the precision of 
location in the \'ertical plane woul<l be 
poor and in practice this is found to b..: 
the case. Discrimination between back 
an,! front is also found to he poor unless 
the head is free to make some explora­
tory movement. The slightest rotation 
of the head provides adequate discrim­
ination hetween front and rear . pre ­
sumably as a result of the hrain noting 
the direction of the change in the time 
differences at the two ears. 

It will he seen that there are three 
main differences in the sounds at the 
two ears-a time of arrival difference, a 
loudness ,\ifference, an1l a frequenc:y­
charactcrist ic 1\i fference . At present 
then· is no conclusive proof as to which 
of these provides the real clue to locali­
zation in practice. It seems highly likely 
that all three make contrihlllion, with 
time a1Hl loudness differences providing 
the major clues. 

Practical Stereophonic Systems 

Consideration can now be given to 
methods of achieving stereophonic re­
production via an electrical reproducer 
system, knowing that we must maintain 
the t ime and amplitude differences pres ­
ent at the pickup poi nts in the studio. 
There are two approaches to this prob­
lem, the first that of taking two samples 
of the so11nd fie lei and transferring these 
two samples to the remote listener's ears 
through completely separate electrical 
systems and two headphones as shown in 
Fig . 4. Two entirely separate systems 
are ohviously necessary as the leit- and 

DUMMY H[AO 'il'ITH 
--MICROPHONES IN EARS 

----- AMPLIFIERS 

_ ___ HEADPHONES FOR 
AUDIENCE 

Fig. 4. Stereophonic reproduction with head• 
phones. 
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right-ear signals cannot be allowed to 
contaminate each other. At the trans­
mitter em! the soun1l pickup consists of 
two high-quality microphones mounted 
in a space model oi the human head to 
simulate the acoustic field distortion 
produced hy the head in practice . After 
amplification the signals are conducted 
hy two separate cl1annels to the two 
earphones. The results of this are ex­
tremely impressive hut the necessity qf 
wearing headphones militates against its 
use and it woultl appear tml ikely to find 
fa vor with the general public unless the 
headphone cords are dispensetl with. 
This coul<l he accomplished by intro­
ducing two local (domestic) low-pm er 
radio transmitters with miniature re­
ceivers mounted on the headband- a pro­
cedure fairly common in film and T V 
studios for transmitting instructions to 
the operators of mobile cameras mon­
aurally. 

A I 
FAC[ __ ,,,-,FAC[ 

[D 
t 

SOUNDPROOF WALL 

Fig . 5. A wall con be rendered sound trans­
parent if face A is covered with microphones 
connected lilrough individual amplifiers to loud-

speakers on face B. 

cation. \Vith present techniques two or 
three separate channels are all that can 
he accommodated on tape, disc, or film , 
so it appears advisahle to check the per-

PATH UNGTH 
OIFF[ RENC AT b 
EARS , 

SOUND SOURCE 

• 
Fig. 6. Poth - length 
discrepancy u s i n g 
closely spaced micro• 
phones and t w o • 

speaker system. 

• 

If the listener's ears cannot be trans­
ported to the studio it is possible to 
allopt the alternative approach and 
transport the acoustic field to the list­
ener. The principles involved will be 
understood-by referring to Fig. 5 show­
ing a long hall divided into two separate 
sections by a soundprooi transverse wall 
at A. This wall can he rendered sound 
transparent (unirlirectio11<1.llv) bv cover­
ing the A face with a large mnnher of 
mcrophones each connected through an 
amplifier to a loudspeaker on the B face 
of the wall . Any sound field approaching 
the A face would he reproduced on the 
H face and the audience in the B section 
would he unaware oi the dividing wall. 
\Vhile thi !i procedure would he rea~on­
ahly effective it is commercially imprac­
tical, as a separate line and amplifi,·r are 
required hetween each microphone and 
its associated loucl~peaker. Some means 
of reducing the number of microphones 
and loudspeakers is required. 

In the vast majority of stage plays and 
most films the action is largely concen­
trated at ground le,·el and as localization 
in the ,·ertical plane is rather poor in 
any case it seems reasonable to assume 
that the "vertical" information ueed not 
he transmitted. This eliminates the need 
ior all the loud~peakers except the bot­
tom row, a very considerable simpliti -

• 

/ 
/ 

I 
I 

,,, 
/ 

-/ 

LISTENER 

formance of two- and three-channel sys­
tems . 

ln a simple two-channel system, local­
ization is weakest in the center just 
where it is de~irahle that it should he at 
its best and the addition of the thir<l 
microphone and speaker bridged across 
the t wo outer chauuels improves the pcr­
forn1a11ce in this respect, though none 
of the combinations trie<l are as good as 
the three-channel layout . 

Trial Attempts 

There have heen various attempts to 
comhine the ach·antages of the dummy­
head microphone mounting with the use 
of loudspeakers, thoug-h so far without 
any outstan1ling success. From the point 

fl 11 LOUOSPE'-KERS 

STEREO E"ECT IS 
POOR lllt SHAO[ 0 
AREAS 

Fig. 7. When close-spaced microphones are 
with loudspeakers, the stereo effect is limited 

to the clear area . 



of view of microphone technique the 
dummv-head mounting has the great ad­
vantage of simplicity, two microphones 
in a common mount being no more difti­
cult to hanclle than a single microphone. 
The limitations appear when considera­
tion is given to the time differences 
which result in seating positions off the 
rooi-n axis. Referring to, Fig. 6 it will 
be seen that at the microphone the posi­
tion of a sound source is characterized 
by a time difference proportional to the 
path-length difference, and this holds for 
all positions on a line midway between 
the loudspeakers. At a point such as L 
well off the center line the original time 
ditit-rence a-b is complt'lely swamped 
by the time difference c-d which is char ­
acteristic of the relatiH: 1,ositions oi the 
listener and the loudspeakers. and has 
no relation to the position of the source. 
It might be expectcll that the stereo­
phonic effect would not be c1uite so ob­
vious in position off the axis of the 
room and this is found to be the case in 
practice. Figure 7 is indicative of the 
area in which effective stereophony is 
obtained. Though this appears to be a 
fundamental weakness of all systems 
using close-spaced mic rop hones, the ad­
vantages of simplicity in the microphone 
technique justities further work on the 
system. 

Figure 8 indicates the technique used 
in all the accuracy tests. A caller held 
a horizon tal stave marked off in each 
direction from the center, ancl stood 
about 25 ft. from the subject under test. 
The subject wore a light head harness 
carrying a horizontal sighting rod which 
was visually lined up on the center zero 
of the stave at the commencement of the 
test . The caller took up a posi tion on a 
25-ft. radius from the blindfolded sub­
ject and read passages from a book un­
til the test subject indicated that he was 
"on target" at each position. A third 
assistant read off the error in position 
on the reader 's stave, along the sighting 
rod on the subject's head. This pro­
cedure was repeated at ten different an­
gular positions with five different sub­
jects and the errors averaged. For the 
indoor tests the same group of observers 
repeatecl the procedure in a small the­
ater, the listening position heing 55 ft. 
from the caller. The results oi the first 
series of tests are set out in Table I ancl 
it will he notecl that accuracies of the 
order of 1 deg. can be achievecl both in ­
doors and outdoors. A comparison with 
the errors made when attempting to 
align the eyes on the stave zero showed 
that the accuracy oi visual alignment is 
not more than twee that oi an aural 
alignment. This is surpr;sing, as the ears 
are rarely used for the purpose of posi ­
tion fixing, a duty left to the eyes. 

During the indoor tests the oppor­
tunity was taken to check the effect of 
frequency-range restriction on the ac­
curacy of location. The results also serve 
to indicate the information carried bv 
the various regions of the frequenC)' 
spectrum. The technique remained as in 
the previous tests but the source was re-

• 
Fig. 8. Method of 
error measurement in 
sound location tests. 

• 

placed by a high-qual ity loudspeaker re­
producing speech picked up by a micro­
phone in another studio. Three filters 
having the characteristics shown in Fig . 
9 were used to define the frequency 
range in the three tests, the results be­
ing shown in Table II. It will he seen 
that the majority of information on 
source position is carried by the fre­
quency components abO\·e 500 cps 
though the ear can tind acleciuate infor­
mation in the small amount of energy 
that remains in the region above 3000 
cps or below 500 cps. With the male 
speakers employed in these tests. speech 
intelligibility was zero when the band 
below 500 cps or the band above 3000 
cps was being used. 

In tests we have noted that dynamic 
localization (the localization of a mo~­
ing sound source) appears to be appreci ­
ably more accurate than the localization 
of a stationary source. . . 

The final point to be considered 1s the 
technique to be used in obtaining two 
or three channels between studio and 
reproducer, prohahly the most difficult 
problem of all. For ?4-in. ml_lgnetic tape, 
two solutions are fairly straightforward, 
the first being the use of two or three 
separate tracks on the same tape. Double 
track tapes are currently available and 
can be used for a two-channel system 
without difficultv. Three tracks each 
. 05 in. wide are ·possible, though agree­
ment will have to be reached on the 

• 
Fig . 9. Filter charac ­
teristics. (A) low­
pass filter ; (B ) band­
pass filter; and (C) 

high- poss filter. 

• 
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relative position of the three tracks, as 
it is probably impossible to mount three 
recording or scanning heads side by 
side. Earlier it was noted that two chan­
nels 6,000 cps wide, or three ~hannels 
4,000 cps wide, gave results_ wl11ch were 
subjectively assessed as bemg equal or 
better than a monaural channel 15,000 
cps wide, ancl in consequence it becomes 
necessary to consider how best to use a 
medium such as tape which can deal 
with a frequency hancl perhaps 20,000 
to 25,000 cps wide. Nothing is to be 
gained by reproducing frequen~ies 
above 15,000 cps, and a more pleasmg­
result can certa inly be obtained hy 1liviil­
ing the hancl into two or three separate 
channels each 6000 or 7000 cps wide ancl 
using them for a stereophonic system. 

Phonograph records present a more 
difficult problem and as they may he 
superse,led by tape it may never he 
necessary to solve that problem, but one 
neat !-Olution due to A. D. Blumlein oi 
E M I is worth noting. Blumlein pro­
poses to record a two-channel stereo­
phonic signal on an ordinary clisc by 
s imultaneouslv using lateral and vertical 
modulation of the single groove. Equip­
ment was built and succesfully demon­
strated that th is was poss ii.le. E '.\[ 1 
hav<" clemonstra t<:cl 78 r p.m. recordings 
flat to 20,000 cps and these would permit 
two or three channels 6000 to 9000 cps 
wide as suggasted for tape . 

Broadcast-ham! A'.\[ ra,Iio poses on 
( Couci11dcd at hotto111 of uc.rt page:) 
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A Discussion of Dividing 
Networks 

J. P. WENTWORTH ':, 

Presenting two simple dividing networks-one of which provides a connection point 
for negative voltage feedback which will equalize over-all amplifier-speaker response. 

IT IS GENERALLY ACKXO\\'LEUGE!l that a 
single loudspeaker unit can not re­
produce optimally the entire audible 

frequency range. For clean reproduction 
of high-fidelity music, at least two 
speakers are required, each transducing 
signals in a limited frequency hand. To 
insure that each speaker receives only 
signals within its own frequency range, 
it is customary to use a dividing network 
or networks to distribute the signal 
among the speakers. 

Perhaps the neatest way to accomplish 
such signal distribution would be to 
separate the frequency bands at a low 
power level, anti to use an individual 
power amplifier for each speaker. How­
ever, since the output stage and trans­
former represent a considerable part of 
a high-quality amplifier, in terms of cost, 
power consumption, and weight, it is 
usually more expedient to make the 
separation at the secondary side of the 

• 2058 E . 81st St., Clei•eland 3, Ohio. 

STEREOPHONIC 
(from prcccdi11g page) 

even more difficult problem, particu­
larly in Europe where all stations arc on 
a nominal spacing of 9 kc. Single side­
band transmission of two channels is 
possible as the clata in Table II shows 
that frequencies below 500 cps are of no 
great importance to the stereophonic 
effect, permitting a double-sideband 
transmission of frequencies up to th is 
point, with single-sideband transmission 
of the left and right signals on the upper 
and lower si<lehands, as shown in Fiy . 
10. 

On short waves there is no technical 
difficulty. The audio bandwidth of a 
short-wave transmitter is sufficient to 
provide two or three channels as sug­
gested for magnetic tape, or the carrier 
may be simultaneously modulated by Fl\l 
and Al\f signals to give two channels. 

LOWER 510£9AND ,._ER SIDEIIAND 
CONTAIIHH6· L.EFT CONTAINING RIGHT 
EARSIGl'IAL 

- tOKC ~ooc 500C 

DOUBLE SIDEBAND 
TRANSMISSION Of' 

LOWEii AUDIO FMOUtNCY 

[Alt SIGNAL 

+tOKC 

Fig. 10. Rodio bandwidth usage for stereophonic 
transmission on AM. 
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output transformer. 
An ideal multispeaker system would 

give the impression that the sound 
emanated from a si-ngle super-speaker, 

...... 

"LOW 

\ 

which was able to handle all frequencies 
To accomplish this aim, the network 
should satisfy the following criteria : 

1. The network must so distribute the 

SPEAKER VOICE : 1:-, t:~ COILS 
n / / 

RH1GH 

'"' 7 
VOICE COILS 

c, --·-­
if 2 ff fc R 

L• T2 R • 2 ... C 
21Tfc 

C In farads 
L in henrlu 

R In ohms 

c , _t_ 
2fffcR 

L• 2 : fc • R
2

C 

CAI CB) 

Fig. 1. (A) Parallel network, constant resistance type, giving a cut-off slope of 12 db per octave; 
(B) Half-section network giving cut-off slope of 6 db per octave. 

The renewed interest that has been 
shown both in Europe and America in 
the problems of stereophony indicates 
that it will be the next major step to­
wards obtaining a perfect reprod11c1io11. 
Under the stress of competition from 
TV, stereophonic sound may appear first 
in sound movies and may he accompanied 
hy the introduction of a wider screen to 
take advantage of the new freedom. 

TABLE I 
Comparison of the Accuracy of Location in 

Indoor and Outdoor Enwironments 

Sound Source--Original Male Speech 

Mean Error 

1 ndoors ot a spacing 
of 55 feet 1.04 deg. 

Outdoors ot a spocing 
of 25 feet 1.2 

TABLE II 

Standard 
Deviation 

1.15 deg. 

2.7 

Accuracy of Location using Bands of 
Filtered Male Speech 

Frequency Avg. Error Std . 
Range Deviation 

50-500 cps 3.8 deg. 3.55 deg . 
500-3000 0.9 3.8 

3J00-7000 0.5 3.4 
5'.>-7000 0.7 4.7 
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signal among the speakers that the acous­
tic power output at every frequency is the 
sa me as that radiated hy the single hypo­
thetical ideal speakl·r. 

2. All frequencies should he radiated 
with the same phase relationships as 
those that would exist in the case of the 
single ideal speaker. This objective is a 
rather minor consideration in rnini111izing 
phase distortion; however, if in\'erse feed ­
hack voltage is to be taken fro111 the 
speaker \'oice coils, it becomes a re­
quirement of paramount importance. 

J. The speaker system should present 
to the amplifil·r a constant and purely re­
si sti\'e impedance, in onlcr to minimize 
distortion in th<' output stage of the amp­
lifier. 

4. In the interest of economy of power, 
it is desirable that the network he non ­
dissipative; i.e., that it he made up of 
purely reactive impedance elements. 

5. In order to pro\'i<le efTective da111p­
ing, the source impedance seen by each 
speaker should he as low as possible. 
It is evident that conditions (1) and 

(2 ) will be implicitly sat is fied if re­
quirements ( 3) and ( -1 ) arc met. 

Two nct\\·orks that \\·ill fulfill require­
ments ( 1) through (-1) are show11 in 
Fig. I, where R is the impedance of the 
speaker, and fc (the "crossover" fre­
quency) is the frequency at which the 
radiated power is eqttally divided he­
tween the (\\'O speakers. The input im­
pedance of either of these two networks 
is equal to N., and is independent of fre­
quency, if the following cornlitions are 
met: (a) the impedances of the speakers 
must he equal, ancl ( h) the impedance 
of each speaker must be a pure resi st­
ance. 

Circuit A of Fig. 1 provides a con­
siderably sharper frequency division of 
the sig11al than does circuit B; the power 
radiated by each speaker of circuit A 
fall s ofi at a rate of 12 db per octave 
in the cut-off ba11cl, whereas the slope 
for circuit B is 6 db per octa\·e. \\'hich 
of these circuits is the more desirable 
depends on several iactors. Use of the 
sharper slope, for instance, reduces the 
range of freque11cy over which any one 
speaker has to handle an appreciable 
amou11t of power. I Iowever, unless 
great care is exercised in locating the 
speakers, this same sharp11ess uf cross­
over mav destrov the illus ion that the 
sound is- bei11g radiated from a s ingle 
source, since the fact that the sound is 
being produced in two frequency hands 
is more obvious under these co11ditions. 

Relative Advantages 

From the point of view of the hobbv­
ist, circuit B offers certain advantages 
over the more complicated circuit A. 
It is true that a saving in complexity of 
the circuit is probably of 11egligihle im­
portance, per se ; an d certainly any re­
duction in size and weight of the cir­
cuit will he a small percentage of the 
Yolume and weight inherent in the 
speakers themselYes. IIoweyer, there is 
a material saving in the cost of the 
components required--circuit B re­
quires only about 36 per cent of the 
incluctance, and some 70 per cent of the 
capacitance required hy circuit A for 

a system having- the same crossO\·er 
frequency and the same speaker imped­
ance. Since the capacitors userl in a 
high-fidelity system must he of the 
high -quality, oil-filled \'ariety, and s ince 
the values of capacitance required in a 
practical system are quite large, a re­
duction hy 30 per cent in ca pacitance 
represents a very real reduct io11 i11 cost. 
;\[oreover, use of a smaller irnluctance 
will result in a lower resista11ce in the 
inductors, with a slight resultant gain 
in efficiency, and with a concomi tant 
improvement in damping. 

In circuit B, any resistance in the in­
ductor winding can he written off as 
part of the speaker resistance, an,! can 
easily be balanced hy addition of a 
padding resistance in the other half of 
the circuit. Howc\'er, a reasonable 
amount of resistance unbalance can be 
tolerated, except when feerlhack is used 
from the Yoice-coil wi11dings. In the 
latter case, phase shift may become ex­
cessive if balance is not maintained. 

Similarlv, inductance in the speaker 
winding c~n be reg-arrlecl as part of the 
inductor in one branch of circuit B. 
Uniortu11ately, howeYer, since this 
speaker is carrying the low-frequc11cy 
compone11ts oi the signal, the induct ­
ance in this speaker is of less impor­
tance than it is in the other speaker, 
which is not compensated hy the cir­
cuit configuration. By application oi 
The\'enin's theorem, one may see that 
it is possible to regard shunt capaci ­
tance around the high -frequency 
speaker as included in the series ca­
pacitor, although this capacitance 
should he negligible, even at the highest 
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Fig. 2. Circuit arrangement for obtainit1g feed­
back voltage from voice coils of two-speaker 

s~tem. 

audio frequencies. 
So far, nothing has been said about 

re,Jttirement (S) aho\'c, i.e., that the 
speakers shoulrl see a low-impedance 
source. Unfortunately, both of the 
abo\'e circuits are weak in this re­
spect, circuit R perha ps ha\'ing a sligl-.t 
advantage O\'er circuit A . :\foreover, 
the source impedance- and hence the 
speaker damping-will be a function of 
frequency. If speaker resonance occurs 
at a frequency at which the clamping 
is i11eficctive, "muddy" performance is 
ineYitable. 

I Iowe\·er , a low source impedance 
can he providl'll by applying the voltage 
across the voice coils as an inverse 
feedback signal. Feedback voltage may 
he developed hy the circuit show11 in 
Fig. 2. For "tlat" output, R, and R.2 
should he equal. A certain amount of 
tone co111rol can be exercised hy vary ­
ing the ratio of R 1 to R,, thereby vary-

( C oucl uded f'l/ botto111 of 11ext tage) 
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A Transistor Phonograph Pre­
amplifier for Magnetic Pickups 

BASIL T. BARBER ':, 

Complete instructions on building a transistor preamplifier with 
miniscule power requirements, with an analysis of its performance 

and data on transistor circuits in general for audio use. 

R ECE NT AVAILAIIIL!TY of improved 
types of transistors anti their pres­
ent successful applicat ion in the 

field of com111unications, co111puters and 
guided missiles, indicate that the t ran­
sistor has at last ceased to be looked 
upon as a labora_tory curiosity and is 
rivaling in performance many functions 
that the vacuum tuhe has 111011opolized 
for the past thirty years. 

In the audio fieltl, with the exception 
of a few •·transistorized" hearing aids 
and Al\l tuners, progress has heen slo\,-, 
at least in co111parison with other tields . 
This· was clue 111ainlv to the inherent 
technical limitations • of the new item 
and it s scarcity and high cost. ra ther 
than the audio engineer's or high-fidelity 
a<l<licfs lack of pioneering spirit. Now 
that 111ost of the original limitations f 
the transistor have been either eli111i ­
nate<I or greatly reduced, the way should 
be open for an increased number of tran-

• I'rojrct E nginrrr, Sperry Gyroscope 
Corp ., Great Neck, N . Y. 

f ig. 1. Grounded-bose circuit and its vacuum• 
tube equivalent. 

NETWORKS 
(frour prcccdillg page) 

ing the relati\·e outputs of tile two 
speakers. 

It is assumed that inductors will be 
wound especially for the circuit, since 
it is highly unl ikely that the non-stand­
ard values of inductance required will 
be available co111mercially. The fact that 
L and C will resonate at the crossover 
frequency can be used to dcter111ine the 
required inductance. I lowever, this 
method docs not insure the relationship 
I. = N.2C (or L = 2R' C), due to toler ­
ances in R an,! C, anti the volta]-!'e rela• 
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sistor applications in audio reproduction. 
Following is a br ief classification of 

the three l·asic types of t ransistor cir­
cuits wi th their tluals in the more famil­
iar vacuum-tube circuit. A word of cau­
tion is warranted. Do not begin replacing 
grids with bases, plates with collec­
tors , and cathodes with emitters! A basic 
understarnling of transistor operation is 
essential to avoid fr ustrat ion and disap­
pointment in designing circuits around 
them. Adequate literature is already 
available, and although the theory of 
se111iconductors is not likely to be fouml 
easy to d igest, one <loes not ha\·e to wade 
through Shockley's "Electrons and Holes 
in Semiconductors" in order to (!esign 
simple transistor circuits for audio ap­
plications. 

Transistor circ111try can be, very 
broadly, put into three classes, depend­
ing on which element is grounded. 
Functionally, each class performs <liffer ­
entlv an<I its select ion for a part icular 
appiicat ion will depend to a large extent 
on the specitic require111ents of the appli ­
cation as to gain, input and output im­
pedance, noise level, power output. fre­
quency response, etc. 

Cro1llldcd-l/ase. Figure I presents the 
tirst class. Ell'ctronically it is similar to 
a grounded-grid vacuum-tuhe amplifier . 
Input impedances of as high as 1,000 
ohms and output impedances of as high 
as 20,000 ohms arc possihle. These are 
comparatively low; it is necessary to 
use high-value input capacitors and 
matching transformers if transistors are 
employee! in cascade. Gains per stage as 
high as 37 dh are possible, with matched 
impedances. There is no 180-deg. phase 
reversal as in a tube. arnl two batteries 

tionships in the circuit may deviate 
seriously irolll those pred icted 011 a 
basis ot the nominal \·a lues. A more 
satisfactory procedure would he to ad­
just the inductance to the actual re­
sistance ancl capacitance values, al:sorh­
ing the tolerances in these quantities in 
a slight shift of the crossover frequency . 
The proper inductance may easily be 
determined bv use of tho circuit shown 
in Fig . 2 ; i( R 1 and R., are equal, the 
correct amount of inductance \\ ill pro­
vide a constant voltage gain from a to 
b, independent of frequency. Values of 
L and C, normalize<! with respect to R, 
are plotted against crossover freciuency 
in Fig . 3. 

If circuit A of Fig. 1 is use<l, care 
lllUSt he taken to maintain equal re­
sistance. inductance, and caoacitance in 

are require<\, or a tapped one. The prin­
cipal problem wi th grounde<l-hase cir­
cuits is one of stability, especially if 
transistors with a, the current amplitica­
t ion factor, greater than I are employed. 
J unction transistors are superior to the 
point-contact type in this respect. 

Gro1111ded-Collector. In Fig . 2 \\·e have 
the grounded-collector circuit, which re­
sembles the vacuum-tube cathode-fol­
lower. The voltage gain is less than 1, 
but can be made as high as 0.95, a loss 
of less than I dh. !'ower ga ins as high 
as 20 db have heen recorded . There is 110 

polarity reversal and external stahiliza­
tion with bleeders may he necessary. 
The most interesting feature of the 
grounder I-collector circuit is the rcla­
t ively high input impedance which, al­
though it can he as high as 1 megohm, 
depends on the load resistor R , .. Low 
\·alues of R• will hring the input imped­
ance down. The output impeclance can 
be made as low as JOO ohllls. The tech­
niques of self-hias can be employed as 
successfullv as in vacuum-tube circuits. 
Figure 3 ·shows a common method of 

Fig. 2. The ground ed-collec to r tra nsistor ci rcu it . 

hoth branches of the circu it. R and C 
can he trim111 e<I with the help of a sim­
ple bridge, but cut-and-try seems to he 
the only feasi ble way to insure balance 
of the inductances, at the same time 
satisfying the condition, L = 2R•C. ln 
this respect, the simplicity of ci rcuit 
B proves to 1-e a strong argument in 
favo r of the latter circuit. 

Either of the two circuits shown in 
Fig . I is readily adaptable to systems 
of three or more speakers. For a three­
speaker system, a complete <lidding 
network arnl its associated speakers 
may he suhstitutecl for one of the speak­
ers indicated in Fig . 1-since the net ­
work with its speakers presents a con­
stant resistive impedance, the original 
network will operate exactly as if work­
ing directly in to a speaker. 



Fig . 3. Grounded-collector circuit can be self­
biased in somew hat the same manner as a 

cathode-follower tube. 
self-biasing. E is the bias obtained from 
voltage di\·ider R,-R,. 

Grounded Emitter. Figure 4 shows a 
popular type of transistor ci rcuit for 
attaining goo<l voltage amplification. 
Gains as high as 46 db are possible, an<l 
the circuit exhibits a 180-deg. phase re­
vt>rsal at its output, 111aking possible the: 
application of negative feedback around 
it without resorting to trans iormers. 
The input and output impedances are 
higher than the ones ot the grounded­
base class, but the problem of stability 
still exists, although it can be corrected 
with bleeders as before. In Fig. 5, self­
bias is again employe<l, eliminating one 
battery. 

Transistors and Audio 

\\'ith the above brief resume in mind , 
an evaluation of transistors can be made 
in terms of function s and characteristics 
directly applicable to the audio field. 
This evaluation is based on the latest 
information available and is by 110 means 
complete or conclusive as, judging fro111 
the present rate of improvement, only a 
short period of time may he required to 
modify any of the main transistor char­
acterstics completely. 

From a designer's point of view the 
following may well he the most i111por­
tant criteria 011 which a trans is tor mav 
he judged for its applicability in audio 
work. 

Impedance. In non-linear ele111ents 
such as magnetic amplifiers, transistors, 
crystals, and semiconductors in general, 
the input as well as the output i111ped­
ance is 10\ in 111ost cases, resulting in 
a serious problem of impedance match­
ing, especially if these elements arc to 
he employed in cascade. In telephony 
and general transmiss ion work with co­
axial or 600-oh111 lines this becomes a 
desirable characteristic, hut in audio it 
1s likely to he a serious problem, al­
though shielding headaches are mini ­
mized. Impedance-matching transform­
ers can be used, hut their expense and 
their introduction oi phase shift, <listor­
tion, and limited bandwidth make their 
usefulness questionable. The input im­
pedance of the transistor, usually less 
than 1,000 ohms, makes necessary coup­
linl?' caoacitors of high value, though 
they can have low voltage breakdown 
ratings. 

Assume that we have a transistor cir­
cuit with an input oi 500 ohms. The in ­
put coupling capacitor should have a 
value of not more than 50 ohms at 20 
cps for 1 db ( 10 per cent) attenuation 

at that frequency, or about 160 µf ! 
This is a rather i111prcssivc value for 

a coupling capacitor. 
Recently available minature tantalum 

capacitors are ideal for this application, 
although their present cost reminds one 
of the black market days oi the last war. 

Gain. The actual gain will depend on 
the degree of impedance 111atchi11g and. 
<lepending on circuitry, can 1,e from 17 
to more than 40 <lb per stage, which 
co111es close to the capabilities oi most 
high-gain triodes anrl pentodes. 

Noise. Noise may he the limiting fac ­
tor of a transistor in audio. Re111arkaLle 
improvements have been made during 
the last few months in this respect and 
the noise level has been reduced from 60 
db ( at 1 kc) to below 10 <lb in some 
types, which compares fa vorably with a 
vacuum tube. Junction types have lower 
noise level than the point-contact types. 
The noise level is, to some extent, a 
function of the collector voltage and a 
lower-power supply voltage will give 
less noise, but less gain also. Another 
serious disad antage of the no ise present 
is that its magnitude is inversely propor­
tional to the frequency, ris ing at about 3 
db per octave. In addition, the input 
impedance seems to play a role in the 
amount of noise present and a matched 
load does not necessarily give the best 
signal-to-noise ratio. 

Frequency Response. Transistor cir­
cuits have been designed flat to as high 
as 10 mc, more than adequate even for 
that super-ultra-fidelity nnit we have in 
the hack of our minds. The average cir­
cuit will give a practically unifo rm fre­
quency response to beyoml the aud io 
range. The low-frequency cuto ff point 
will be lletermined by the value of the in ­
put capacitor. Point -contact transistors 
have bett'er frequency response, but their 
high distortion an ll problematical stabil­
ity exclude them at present from any 
audio applications . 

Distortion. \Vith junction transi stors 
distortion can he kept down to ahout 2 
per cent and with negative feed back 
values well below 1 per cent are possible. 

Dynamic Range. Outputs as high as 
3 volts, enough for preamplifiers and 
equalizers, are easily available. With a 
unit of low noi se level, a dynamic range 
oi 60 <lb or more can be attained with 
excellent linearitv. 

Power. l'ower ·requirements should, in 
all fairness , he considered in terms of 
the power level of the s ignals to he 
handled . 

Present transi stors can give as much 
as 0.1 watt maximum power output and 
th is level can be increased to ahout I 

l--eo 

Fig . 4. The grounded -emitter circuit is the dual 
of the grounded-cathode amplifier. 

Fig. 5. T he self-b:ased grounded-emitter ci r­
cuit and the cathode-biased tube are not quite 

true duals. 

\ att in a push-pull -parallel configura­
tion . Jn designing preamplitiers a111! 
equalizers, however, the question of 
power should present 110 problem since 
only a fe w milliwatt s is necessa ry. A 
point of interest is a comparison of elli­
ciency between a transistor and a tube 
employed as preamplifiers. A transistor 
requires ahout 30 milliwatts, while a 
tube would need about 5 watts,' or al­
most 200 times as much power. At pres­
ent, 80 per cent of the power used in a 
transistor amplifier is waste<! in drop­
ping resistors required to provide a 
constant-current supply from a constant­
voltage source and for stabilization pur­
poses. As transistors and batteries im­
prove, even the present small p0\\ er 
drain will he considerably reduced. 

Hum. As the transistor needs 110 
heater supply, complete elimination of 
hum, a stumbling block that has felled 
mam· an audio enthusiast attempting to 
bu ild his own equipment- is a reality . 
Irr addition, 'there is no time delay for 
w.armup a fter the power switch is turned 
Oil . 

i\licropho11ics. A transistor can with ­
stand a forced vibration from 5 cps to 
5 kc with 100 g acceleration and shock 
in excess of 20,000 g, with 110 ill e ffects 
on its operation. Although it is hoped 
that such conditions are not likely to 
occur too often in a home audio system, 
these characteristics are clesirahle if for 
instance a transistor preamplifier is to 
he mounted directlv under the motor­
hoard of a record piayer. 

Stability. Units having current gain u. 
g reater than 1 im'Rriably present a seri ­
ous problem of stability. \Vith latest 
models of j unction transistors and with 
the use of external stabilization, thi s 
problem has heen almost eliminated. 

Temperature. Temperature effects are 
likely to cause some trouble, especially 
in extreme climatic conditions. In nor­
mal s11rrou11 rlings temperature becomes 
110 problem. As the temperature in­
creases above normal , the transistor he­
comes more noisv and loses some of its 
gain, hut it can he improved with nee-­
alive feedback. A word of caution when 
working with transistors: The leads 
should not be subjected to prolonged 
contact with a _soldering iron, as exces­
sive heat will result in permanent de­
struction of the unit. The same general 
precautions should be taken as when 
working with germanium crystals. 

Lije. Half-life, determined 011 a statis-

1 Filament approximately 2 watts and 
µl ate about J watt s. 
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F_ig. 6 .. The transistor preamplifier circuitry is simple and its response-including bass equaliza­
t1on-1s excellent. The 22.5 volts may be furnished by the power amplifier bias supply, a small 

power supply, or a battery. 

tical basis, is about 70,000 hours or close 
to 10 years of continuous operation . 
Since the 0111~• permanent part of the 
a,·erage high-fidelity system is its 
chronic susceptibility to modifications 
(an,) impro,·ements), tlie transistor is 
likely to outlive, if not the owner him­
self, at least a dozen or so circuits huilt 
around it. 

Reliability. With the proper power 
supply, present units seem to exceed 1he 
vacuum tube in rcliahility. Uniformity 
in production has heen a serious prob­
lem, but late units are manuiacturetl 
within ± 2 db uniformitv in their char­
acteristics, which is cve11 better than 1hc 
tube tolt•rances ( ± 3 dh ) . 

Space. A transistor is about the size 
of a coffee bean. 

Cost . Transistor cost is high at pres­
ent, ranging from $5 to $15, hut prices 
will doubtless decrease as demand in­
creases and methods of production arc 
improved. Availability · ranges from 
stock to a few weeks dcl i very on most 
types. 

The Transistor Phonograph Preamplifier 

Taking the foregoing into considera­
tion, it should he therefore possible to 
,Jesign a phonograph preamplifier which 
will compare favorably with its elec­
tronic counterpart. From Fiqs. 3 aml 5 . 

it is seen that a comhination oi a 
groundecl collector and a groun,led emit­
ter in a direct-coupled circuit is possible, 
providecl that the appropriate bias levels 
arc supplied. Direct coupling eliminates 
the need ior a large interstage coupling 
capacitor, an<l also provitlcs a relatively 
high input impedance. l'eter Sulzer was 
first to apply .this.' Although this type of 
ci,:cuitry needs two transistors, one of 
which supplies no gain, the definite a,1-
vantages seem to outnumber the cost of 
the extra transistor, especially with the 
elimination of a largc-,·alne capacitor 
and the likelihoocl of employing an input 
transformer . 

Figure 6 shows the final ci rcuit se­
lected. A CK72 l is employed as a 
voltage amplifier, instead of a CK722 
giving about 40 per cent higher gain at 
about the same 1,ercentage increase in 
price. The input impedance, being about 
20,000 ohms, makes it m·cessary to em­
ploy a large input capacitor to get down 
to 20 cps. It should have an imped­
ance, at 20 cps, of not morc·than 1/ 10 
of the input impedance of the circuit or 
2,000 ohms, which means a 4-Jlf mini­
mum \'alue. 

Figure 7 shows the frequency re-

' Sulzer, l'ctcr, "Junction transistor cir­
cuit applications,'' l:lrctro11ics, _-\ug. 1953, 
Jl . 170. 

Fig. 7. Frequency response of the preampl ifier 
without its negative feedback loop. 

Fig. 9. With the feedback loop added the pre­
ampl ifier response comes very close to the AES 
curve, which is ind icated by the dashed line. 
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Fig. 8. This block diagram and the formulas 
show that grain of the transistor preamplifier 
is calculated in the same way as tube circuits. 

sponsc of the schematic in Fig . 6. Noise 
level, about - 39 db, is rather high for 
our application. A gain of 42 db com­
pares very favorably with most elec­
tronic tubes, taking into consicleration 
that the first transistor is actually em­
ployed as a cathode follower. Since the 
complete circuit has a !RO-deg. phase 
reversal, frequency-selective feedback 
can he applied around it, modifying the 
freciuency response to provide the low­
frequency pre-emphasis necessary for 
any magnetic pickup. In addition, the 
feedback will increase the input imped­
ance at the high frequencies, decreas<! 
the noise present, ancl improve the line­
aritv an<l harmonic distortion . 

\Vith a total gain of 42 clh, the best 
compromise may he to use half of it for 
the middle-frequency hand beyond the 
low-frequency turnover, and the other 
half for the necessary low-frequency 
preemphasis. The AES cun·e is em­
ployed for developmental work. 

From Figs. 6 and 8 we have, 

1• = K,K, = (0 .9) (205) = 18.J = -1 2 db 

;mcl therefore 
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One pair of a and ti g iving an approx ­
imate sol11tio11 is a = 0.88 anrl ti = J/ 50 
giving R,+ R, = 2700 ohllls and R,= 47,-
000, assuming that C, and C, present 
n"egligihle impedance (at 1000 cps ) as 
compare<! to Ro + R, and R,. 

Since the AES curve's low-frt!<Jl1enc 
turnO\·er is 400 cps we have, 

1 
C, = 21tR,fo 

1 
= 2.t(47,000) (400) = 8500 µ,,f. 

The pickup inductance Lo assumes 
considerable illlportance, since the in­
d11ctive reactance of the ·pickup ap­
proaches the val11e of the input imped­
ance at high frequencies. In calculating 
the high-frequency de-emphasis, there­
iore, the val11e of L, has to be taken into 

considc'ration, and tl11s, untort1111ately, 
will limit the preamplit\er to a specific 
cartridge. In addition, the val11c of L, 
will effect the linearity of the ratios u 
and ~- As u decreases with frequency, ti 
increases, h11t their product does not re­
main constant, ancl therefore Equation 

u11 
A = 1 + l•ti holds only approximately. 

N'otc that these variations of n and ti for 
a certain fixed frequency aTe not tixcd, 
but depend 011 the value of L,. If the im­
pedance of L , is small compared to the 
value of the resistance R,, the gain vari ­
ation will be less than 1 dh, which mav 
he consiclcred acceptable. • 

Figure 9 shows the closed-loop ire­
q11e11cy response of Fig. 6. \Vith L o= 0 
and N., + R, = 2,700 ohllls, the unit is flat 
to beyond 100 kc, while with a simulated 
Picker ing cartr idge ( N., = 600, L , = 0.15 
Hand R, = 2,000) the frequency response 
follows the AES standard curve closely. 
111 actual practice R, may be even lower, 
depending on the manufacturing toler­
ances of the pickup. VVith the application 
of negative feedback, the noise level has 
been reduce<! to 2 millivolts or about 
- 52 db, which compares favorably with 
the average t11he prealllplitier. 

The normal gain of 21 db is obviously 
inadequate for a low-output cartridge 
such as GE or the L-6 Audax. For the 
IO-millivolt class we nee<l about 35 db at 
1 kc, and with a 400-cps turnover we 
need another 22.5 dh if we expect to go 
<lown to 30 cps, a total open-loop gain of 
at least 57.5 dh without allowing any 
negative feedback for the low frcquen ­
cit!s. Transistors giving gains of this 
onler are not available vet, The Picker­
ing line, on the other· hand, giving a 
nominal output of as much as 70 milli ­
volts, will work every satisfactorily with 
this circuit, givi11g an output of as much 
as 1 volt once the valt1t! of R, is adjuste<l. 
Using a low-impedance, ( professional -

type) GE cartridge, the problem of in­
put imperlance matching is solllewhat 
improved and it should he ;iossible to 
cascade two junction transistors to get 
the necessary gain of 57.5 dh for that 
pickuo. 

·~ .. 0 .. ' 
-~ 100 1000 10,000 
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Fig. 10. This curve shows the result of an actual 
test with a Pickering cartridge and the London 
LP test record, which conta ins tones graded in 
leve l t o confo rm to the usua l LP mus ic ~ ua li-

zation . 

Figure 10 shows the response of the 
preamplifier with a Pickering cartridge, 
\lode! 1-t0, anti a London LP frequency 
test record . Four pickups testell all gave 
substantially the same response. I II lis­
tening tests the unit measures up very 
well, although we doubt that, at least at 
present, it is going to render obsolete its 
vacuum-tube counterpart. The complete 
absence of 60-cps hum an<l the elimina­
tion of any possible speaker mechanical 
feedback ( microphon ics ) gives a new 
experience in the reproduction of sound, 
especially of the low-frequency hand. 

Power Supply 

Although the complete preamplifier 
draws onlv 1.5 ma at 22.5 volts, this 
advantage· is somewhat nullified by the 
fact that the voltage required is nega­
t ive and is not found in the average 
present-da"y a11dio amplifier. This bias 
can he obtained, howe\·er, by several 
methods: 

( 1) Employing the same bias as the 
power amplifier, in the event fixed bias is 
used for the power tubes, since this bias 
will he in the same order of magnitude 
as the 22.5 volts originally use<!. 

(2) The center tap of the high-voltage 
winding of the power supply transformer 
in most amlio amplifiers is usually 
grounded, but if the center tap is re­
turner! to ground through a suitable 
hleeding resistor, a negative voltage is 
dt!\"elopell across the resi stor which can 
he employed for power supply for the 
transistors. The value of this voltage 
will have to he subtracted from the total 
available B-plus, howe\"er, and the 
method may therefore prove unsatisiac­
torv in some cases. 

( 3) A small power supply can he built 
with either a line-isolation transtormer 
or two filament transformers connected 
hack to hack, using germanium crystals 

for rechhe1 s. Filter ing is no problem 
because of the small current drain . 

( 4) The most obvious lllethod will be 
to use a fl -battery. Burgess type 5156 
anll the miniature hearing-ai r! type U15 
ha\"e been found verv satisfactorv. Bv 
modifying the automatic shut -off inecl;­
anism of most record players, a d.p.s.t . 
switch can replace the present s.p.s.t. 
arnl the battery can he connected to the 
preamplitier through the extra pole of 
the S\\ itch . Since there is 110 wa rm-up 
time, the unit will go 011 immediately 
when the record playe r is starte<l and 
wi ll he disconnected automat icall v a iter 
the last record is played, result i1ig in a 
considerable extension of the li fe oi the 
battery. For an average ( ! ) record 
playing time of six hours a day, a UIS 
is expccte,I to last about six lllonths and 
with the new mercurv batteries thi s 
may well l;e doubled . • 

Conclusion 

In this article an attempt has heen 
made to present some of the a<lvantages 
and limitations of transistors, their hasic 
circuit contigurations, and their elec­
tronic equivalents an<l to show how these 
concepts can he applie<l in de~igning 
audio components that will compare 
ia\"orahlv with their vacuum-tube coun­
terpa rts.· A complete preamplitier-e<1ual­
izer employing a total of live transistors 
with a total drain of 4 ma at 22.5 volts 
is under de\"elopment at present. Prelimi­
nary runs a11<l listening tests gi\·e satis­
factory performance all(! an article 011 
the unit will he submitted for publication 
when performance tests all(! evaluations 
are completed. 

Although an adventure into t ransistors 
and tantalum capacitors is likely, at 
p 1 esent. to pr0\"e rather strenuous tinan­
cially, it is certain that future improve­
ments in higher gain , lower noise level 
and distortion, better stabilit\" an,I uni ­
formity, together with lower cost, will 
pro\"e the transistor to he an indispen­
sable part of the preampli tiers arnl re­
mote controls of the future. 
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D.C. Pack for Heaters and Bias 
ALLAN M. FERRE$ ':, 

A simple and practical device which will provide hum-free heater power for low-level am­
plifier stages, thus making one further step toward perfection in reproducing systems. 

I N ORl>ER TO TAKE full advantage of the 
excellent fidelity now available in 
home radio-phonograph installations, 

the hum level of the system must be re­
duced to a value much lower than that 
required a few years ago. Moving to­
wanl imprm·cd realism, designers have 
incorporated into the systems speakers 
and amplifiers with better low-frequency 
response and, at the same time, signal 
sources and circuit which require 
greater voltage gain at these low fre­
quencies. The magnetic cartridge, wh ich 
is the accepted standard for high-fidelity 
record reproduction, and the increased 
use of magnetic tape in the home, com­
bined with "loudness" and separate bass­
boost controls, all contribute to the prob­
lem. A gain of 30 to 40 db at hum ire­
quencies over the mid-frequency gain is 
often encountered in most equipment. 

The hum reduction problem centers 
around the low-level stages where the 
signal level may be as low as 100 micro­
volts. In order to keep the hum from ex­
ceeding the acceptable maximum, usually 
considered to he 55 to 60 dh below nor­
mal listening level, careful design is 
essential. 

After all possible precautions are 
taken to reduce the hum picked up by 
the input source, the residual hum is 
produced by the tube operating at the 
lowest signal level. In good design, thi s 
is the first tube in the circuit, that fed 
by the input source. The hum produced 
in this stage may he considered to come 
from one or more of four sources: mag­
netic fields, electrostatic fields, plate-sup­
ply ripple, and heater-supply ripple. As 
the a .c. magnetic field is usually caused 
by the power transformer, proper spac­
ing between it and the input tube will 
eliminate this source of trouble . The 
effect of electrostatic fields may be mini ­
mized by completely enclosing the tube 
and its associated parts in an aluminum 
or copper shield can. As a resistance­
coupled stage, customarily used in pre­
amplifiers, requires plate current of the 
order of one milliampere or less, the 
plate voltage ripple can be reduced ea.~ily 
by means of an R-C filter, and so may be 
discounted as a "problem" in hum reduc­
tion. Therefore, the remaining factor­
heater-supply ripple-is the common 
cause of the residual hum. 

\\'hen a .c. is used to heat the cathode 
of a tube, hum enters the signal circuits 
by heater-cathode leakage, the a.c . mag­
netic field surrounding the heater, and 
by capacitive coupling between the 
heater and the other tube clements an<l 
circuit components. Although careful se­
lection of tubes and arrangement of parts 

• 26i W . 11th St ., New Yo,-k 14, N . Y. 
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• 
Fig. 1. External view 
of the author's d.c. 

heater pack. 

• 

can bring this hum down to a minimum, 
a point is finally reached where the only 
method of further reduction is the use 
of d.c. as the heater supply. (Although 
high-frequency heater current can be 
used, it is not considered in this discus­
sion due to its complications.) 

Advantages of d.c. Supply 

The use of a d.c. heater supply has 
many advantages. As power-supply a.c. 
does not have to enter the shield com­
partment of the low-level stages, shield­
ing requirements of grid and plate leads 
are not as stringent and better high­
frequency response is easier to obtain. 
Cathode followers and certain types of 
phase inverters and feedback circuits 
which require the cathode to be un-by­
passed can be used at lower signal levels . 
This, at times, simplifies design prob­
lems. The type of high-frequency oscil ­
lator often used in FM receivers in 
which the cathode is above ground po­
tential is a stubborn source of modulation 
hum until d.c. is used . More leeway is 
permitted in the choice of the type of 
tubes which can be used and the circuit 
will be less critical as to individual tube 
selection. 

In any given amplifier, the improve­
ment to be expected by changing the 
heater current from a.c. to d.c. is diffi­
cult to predict, as too many factors are 
involved. If the amplifier under discus­
sion is still in the design stage, then d.c. 
should be used if the lowest hum level is 
required, depending only upon the cost 
involved. If the amplifier has already 
been built, then the improvement can be 
readily measured by disconnecting the 
heater leads from the transformer and 

subst itut ing a battery of the proper volt­
age. (Th is, incidentally, is a good way 
oi isolating the cau,;c of hum in equip­
ment when trouble-shooting.) It is pos­
sible that when the battery is used, the 
hum will increase. This is due to hum 
voltages from the heater having been 
out of phase with hum caused by some 
other source. It is usually due entirely to 
coincidence and should not be depended 
upon as a method of hum reduction, as 
the other source often produces a voltage 
which varies in amplitude and phase. 
The other hum source can now be 
tracked down and corrected. 

If the d.c. heater supply used has a 
ripple of 1 per cent or less , it may be 
assumed to produce no more hum tban 
the battery, and the supply should be 
designed with this in mind, unless ex­
perience has proven that in a particular 
circuit a greater ripple can be tolerated. 

Methods of Obtaining d.c. 

In general, there are three sources of 
d.c. which can be used. The first is to 
connect the heaters in series in the nega­
tive side of the plate power supply, and 
using a shunt or bleeder resistor, as re­
quired, so that the proper current will 
flow through the heaters. If a suitable 
power supply is available, this is the 
simplest and cheapest method. The volt­
age drop across the heaters is sometimes 
used as bias for the power output stage, 
eliminating the need of a relatively high­
wattage cathode resistor. 

The second method, often used in 
commercial equipment, is to connect the 
heaters in parallel and operate them from 
a low-voltage, high-current power sup-
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Fig. 2. Schematic af the d.c . power supply. 

ply. Parallel operation of the _heaters is for_mer can he used separately, being 
convenient but smtable rectifiers and switche r! to a two-pole utility receptacle 
transform:rs are not readily available for that purpose. 
from the usual parts distributor, and the Construction 
cost of such parts tends to be high. The mounting of the parts is not criti -

The third method, used in the su~ply cal, provided a normal amount of venti ­
described in detail here, employs an 1so- lation is furnished . The unit built by the 
lat ion transformer with a 117-volt sec- author was mountecl on a 5 x 7 x 2-in. 
onclary, a selenium-cell bri,lge rectifier, ~hassis, the parts being arranger! as 
adjustahle series resistor for voltage ad- shown in Fiq. 1. The cardhoard cov­
justment and filtering, and two ISO-volt ererl filter capacitors R, and the fuse are 
electrolvtic capacitors. All parts are mounted underneath ' the chassis. On the 
standar~l items, readily available. ~he front can he seen the hias-arljusting pot 
part values are chosen so as to ft!._l"msh and the a.c. on-off switch. On the hack 
150 ma at any voltage from 12 to 1 2, as oi the chassis are the line coril, the 4-
may be required, with a ripi:>le of I _rer terminal output socket, the two-pole re­
c~nt or less. }\!though there 1s no o_hJec- ceptacle, and the secondary s\:,ritch for 
tion to operatrng any of the tubes 111 an the transformer. The four rectifier s are 
amplifier on d.c., it is usually not nee- mountecl bv passing a threaded rod 4. in. 
essary for hum reduction in stages where long throt;gh the center holes and sup­
the signal v_oltage averages one volt ~r porting it at the ends with two l¼ x 
so. In practice, the_ phono, tape and m,1- ½ -in . angle brackets. Small rubl_>er 
crophone . p_re-amphfier ~ncl the tubes 111 grommets protect the leads passmg 
the equalizing pre-amplifier are d.c.-op- through the chassis. The values of R ,, 
e:ated to ach·antage. It may also be de- R, and C, are selected from Ta)ile 1. 
s1rahle to supply d.c: to the heater of the Figure 2 is the complete schematic for 
high-frequency oscillator_ of the FM the unit. 
tuner, if modulation hum 1s encountered. For increased tuhe life- and in some 
As almost all 6.3-\·olt tubes current)y cases for lower tube hiss- it is recom­
used in oscillators anrl low-level au~io mended that 12 volts be applied to 12.6-
stages have 12.6-volt equivalents, no chf- volt tubes and 6 volts to 6.3-volt tubes. 
ficulty will be experienced with tube se- A fine arljustment of the heater voltage 
lection. The tube heaters should he con- is made by varying the position of the 
nected in series with the first, or _lowest- tap oi R, . It should be noted that there 
level tube, connected to the negative ter- is 110 direct connection between the 
minal of the power s11pp)y. . . heater supply an,I the chassis, which i_s 

Another feature of this supply is its grounded. This is done so as to pern11t 
ability to furni sh up to 90 _volts or so. of a wider choice in the select ion of a 
fixed hias for the more efficient operati_on heater grounding po int in the amplifier. 
of Class A or A 1 output tu~es. The bias The proper point to ground _the heater 
is adequately filtere,I anrl adJustable fro1:11 string is determined hy turnmg on the 
zero to the maximum value. For expen- amplifier and then running a lead from 
mental or test work. the isolation trans-

the point where the audio in~ut jacks 
connect to the amplifier chassis to the 
tube heater pin which produces the least 
hu111 . Usually this is either the more 
negative terminal of the first tube or he-
tween the first and second tubes. 

TABLE 1 

Values for R,, R,, and C., 

Output R, R, C, 

50-W 50-W 150- v. 
(volts ) Electro -

fixed ad j. lyt ic 

12 500 200 80 µI 
18 500 200 80 
24 500 100 40 
30 500 100 80 
36 500 100 80 
42 250 250 40 
48 250 250 40 
54 250 150 40 
60 250 150 40 
66 200 100 80 
72 200 100 40 

After the ground connection to_ the 
heaters has been made, then the hxed 
bias is adjusted to the desired \'alue by 
means of the 50,000-ohm pot. 

The advantages of using d.c . on the 
heaters of low-level stages can he fully 
appreciated when it heco_mes possi_hle to 
turn the gain up to max1mum- w1t~1 no 
signal input- without any _outp~t lrom 
the speaker, except a possible 1!1crea~e 
in tube hiss. \Vhen such a co111ht1on 1s 
reachecl, the system may be said to com­
pare with professional installatio~s, as­
suming that its other characteristics are 
equally icleal. 

c,.c, 
C, 
F, 
P, 
P, 
R,,R, 

R, 
R, 
s, 
S, 
SR,. ,. , , 

T , 

PARTS LIST 

-10 Jtf, !50- \'olt, elect . 
See text and Table I 
I-amp. fuse 
2-pole female receptacle 
-I-hole socket 
SO-watt wirewound ; see text and 

Table I 
50,000-ohm potentiometer 
47 000 ohms, I-watt 
SPST toggle switch 
DPDT toggle .witch 
150-ma, 130-volt selenium rec­

tifie rs 
Isolaton transformer, 117/1_17 

volts ( M erit P-3096 or equiv­
alent ) 

Fuse clip 
5 x 7 x 2 chassis 
Knob for I<, 
Line cord and plug 

A Corner Horn 
For The Small Listening Room 

WAYNE B. DENNr' 
Large-aperture horns, desirable for adequate bass res~onse, can be made 
to appear much smaller than they really are by effective use of a corner. 

M OST Dl::SIG!'iERS AND USERS of 
higher-quality reproducing equip­
ment agree that adequate bass 

response requires rather l~rge sp_eaker 
enclosures. Horn speakers 111 particular 

• Gri,me/1 College, Gri11 11ell, Iowa . 

often require 20 or more cubic feet of 
space for etficient radiation of low-fre­
quency sounds. This requirement poses 
a problem to those who mt!st co_n~ne 
their listening to apartment-sized hv1_ng 
rooms. Too often, the person who in ­

stalls a better than average audio sys-

tem finds that the system-particularly 
the speaker enclosurc- "tak_es over" the 
room to the point where 1t dominates 
the entire listening area visually as well 
as an rally. This may n_ot . hot~er the 
high-fidelity addict but 1t 1s likely to 
engender a high noise level in the form 
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Fig. 1. The finished horn seems very small 
physica·lly in comparison to its effective size. 

of vocaf complaints from the distaff 
side. 

Is it possible to build a speaker horn 
which is adequate in size but which 
does not completely dominate restricted 
living quarters? After some preliminary 
study it appeared possible to solve this 
prohlem satisfactorily ancl the unit to 
be dcscrihcrl is offered as one solution . 
No new principles are in\'oh·cd hut 
effecti\'C use is made of some well known 
ideas. 

Inspection of Figs. 1 and 2 will scn·e 
to illustrate the iundamental features 
of the horn. The clri \·er is hack-loaded 
at low frequencies in the convt'ntional 
manner. The horn expands toward tht' 
rear-that is, toward the corner oi the 
room-and then expands toward thl' 
front at either side of the structme. Thl' 
large portion of the horn is fo r111ed hy 
the top panel, side panels, floor . and 
room walls. Room walls and floor are 
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visible and it is this tea ture which makes 
the unit appear much smaller physically 
than its actual acoustic size. The entire 
volume beneath the top panel is of the 
order of 20 cubic feet ! Yet it looks 110 

larger than a moderately large corner 
table. Part of this deception is caused 
by the ratio of width to height . The 
height is just un<lcr 33 ii1ches-ahout 
right to hold a table-model telev1s1on 
receiver where it is most easily viewed. 
This is important in those rooms which 
provide but one unobstructed corner 
suitable for viewing and listening. 

Major dimensions are shown in Fig . 
2. As shown, the horn approaches ex­
ponential shape ancl provicles for a the­
oretical low-frequency cutoff at ahout 
60 cps. The mouth area-just over 1000 
square inches-is large enough to sub­
due serious reflections and this aperture 
is aug111e11tcd hy walls and floor. 

The structure is very solidly con­
structed of ¾-inch plywood. All joints 
arc secured hv wood screws and glue 
except the to1i which is, of course, re­
moveahlc. \Veatherstripping material is 
used to ensure a tight seal between the 
top and the walls of the room. Internally, 
1 x 2-inch reinforcing- strips are used 
along- all corner joints. These strips are 
not shown in the diagram of Fig. 2 but 
their u,;.e is illustrated in Fig. 3. 

Construction is relatively simple and 
need not deter the average amateur 
carpenter or cabinetmaker. The only 
diflicultv- a minor one-is caused by 
the fact that several paneb meet at 
angles other than 90 degrees. A little 
care is necessary to insure a solid and 
tight-fitting- joint. All panels can be ob­
tained from a single sheet (4x8) of 
plywoocl as shown in Fig. -1 . It is sug­
gested that all outside panels be cut as 
shown so that the grain of the wood is 
uniform in direction . The smaller panels 
are cut from the residue and are pref­
erably cut oversize and planed to fit . 

S ID( Vl(W 

Fig. 2. These three views show the genera l makeup and major dimensions of the end o~ure. 
Dimension deta ils can be changed to su it other spea kers. 
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Fig. 3. I his view of the enclosure turned 
around from its normal position , was taken 
from above and behind. It is useful in showing 
many deta ils, though somewhat decept ive from 
a photographic standpoin t. To avoid misunder­
standing, remember that the side wa lls are 

rectangular, the top parallel to the floor. 

At prices prevalent in the l\fic!west the 
entire structure can he built of fir ply­
wood for ahout $2S. The use of birch 
or similar outside ply will double thc­
cost-

Performance Characteristics 

A number of speaker enclosures have 
appeared in the literature ,luring the 
past two years which employc,l the 
General Electric Sl201-D speaker as 
dri\'ers. A few of these descriptions hav·e 
included impedance Ctll'\·cs. For purposes 
oi comparison, a similar clri \·er was in­
stalled in the corner horn described here 
an1l impedance cun-es \\'Cre prepared 
with the aid oi the circuit of Fig . 5. 
The results arc shown in Fig . 6. Com­
parison oi the solid-line graph with the 
corresponding cur\'eS ior other enclo­
sures shows that the present unit has 
unusually small fluctuations 01 imped­
ance with respect to frequency. Although 
no claim is made that such cur\·es are 
completely indicative of speaker per­
formance, the inference is that increased 
air loading makes the response less 
\'ariablc with frequency. Analysis of the 
data with and and without fiberglas 
absorbing material in the space behind 
the cone indicates that impedance fluc­
tuations are smaller with the fiherglas 
installed. Percentage-wise, the fluctua­
tions are small in either case within the 
ircqucncy ra11~e from 30 to -100 cps. 

A rule oi thumb procedure for checking 
the <lamping of a loudspeaker consists oi 
starting and stopping a small electric 
rnrrent through the \'Oice coil. Airer the 
circuit is closed the speaker is s11hject 
to heavy electrical damping in addition 
to mechanical and acoustic <lamping. 
Aikr the circuit is bro/.:e,~ an open cir­
cuit exists a nd the <lamping is exclu­
s i\·elv mechanical and acoustic . The dif­
ierence in sound. if any, provides some 

( C 011cl11ded al bo/10111 of 11exl page) 



A Tuned-Pipe Enclosure for 

Bass Enhancement 
RAYMOND H. BATES':, 

A simple and easily-built enclosure will give excellent sound quality from any good 12-
inch loudspeaker, with low-frequency reproduction equivalent to many larger cabinets. 

ACCORlll NG TO LITERATURE presented 
i11 the September 1952 issue of 
Aun10 ENGINEERING- I refer spe­

ci tically to the article written by 1lr. 
John E. Karlson entitled "A New Ap­
proach in Loudspeaker Enclosures"-a 
long closed-end pipe, having a long notch 
at the open end, will give practically 
continuous radiation over the frequency 
range required for g-ood audio reproduc­
tion. The pipe length must, of course, 
be considerably larger than the width 
and depth in order to achieve the proper 
effects. \Vith these fundamental charac­
teristics ·of the closed-end pipe in mind, 

• 6i College Place, llam('/011, Va . 

CORNER HORN 
(f ro111 prcccdi11g page) 

indication of the clJupling between the 
cone and the air. Using a sir.gle dry-cell 
as a current source, this test was applied 
repeate(lly to the corner horn enclosure 
a nd no audible difference between lllake 
and break was found. 1t was inferred. 
thereiore, that the damping was ade­
quate an,! that tra nsient response would 
he satisfactory. The latter conclusion 
was ~ubstantiated by listening tests. One 
simple test is to listen to a good recor,1-
ini.:- of percussion instruments. Bartok's 
So11ata for Two Pian os and l'erc11ssio11 
( Victor) is sat isfactory for this pur­
pose. 

No finite horn , no matter how care­
iuliy designc<I and constructed, is com­
pletely free from resonance phenomena. 
The horn which has been aescribed ex-
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Fig. 4. How to cat all the main panels from 
a single 4 X 8-foot sheet of plywood. 

I have developed a fairly simple yet 
effective corner enclosure for 12-in. 
speakers, shown in Fig. 1. 

The con figuration was generated by 
consideri:ig first a long triangular 
shaped pipe 6 ft. long with the speaker 
mounted at one en<! nnd the other end 
having an exponentially tapered slot, as 
shown in Fig. 2. Since this is obviously 
a back-loading de,·ice, and we are inter­
ested primarily in enhancing the low­
frequency response, the slot or notch at 
the open end can be made reasonably 
short• considerahly less than the 2/ 3 in­
dicated for broad coverage. Further, if 
we now fold the 6-ft. pipe, as shown in 
Fig. 3, we get a package that is of prac-

iiibits a slight resonance and thi s is 
shown hy the shape oi the impedance 
curves of Fig . 6. There are two hm11ps 
in the impedance cur\'c \\'here t ire im ­
pedance ri ses about 30 per cent above 
the nominal voice-coil impedance. The 
two humps arc nearly symmetrical about 
the iree-cone resonant fre<juency . This 
suggests that the resonance irequt·ncies 
of horn and dri\'cr are the same, a 
desirable condition. There was no de­
liberate attempt to bring- about this de­
sirable state of affairs, the curves iust 
came out tha t wav. • 

li the ho rn is· used in conjunct ion 
with dri\·ers for low-frequency repro­
duction only, it may he expected that the 
, esonant frequency of the driver may be 
somewhat lower than for the one shO\\'n. 
If so, a slight readjustment of t he in­
ternal panels may he desirahlc:. It is for 

500 

Fig. 5. Circuit used for impedance measure­
ments. At each fr1quency the decade resista nce 
is adjusted for similar voltmeter readin gs in 
both switch positions. The resistance is then 
equal to the absolute value of voice -coil im -

pedance. 

tical size. This configuration permits 
direct radiation of the middle and high 
frequencies while the lows are radiated 
directly and are also augmented by the 
hack radiation through the short ex­
ponential slot. That was borne out by 
impedance measurements, and was veri ­
fied by extended comparative listening 
tests. Note in Fiy. 4 that the free air 
resonance of 65 cps for the Electro­
Voice SP121J is broken up and smoothed 
out with the cun·e essentially flat down 
to 30 cps. The non-resonant character 
of this enclosure has been demonstrated 
by extended listening tests using such 
records as the Cook organ records as 
well as the Capitol test record . There 1s 
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Fig. 6. The sol id line shows the impedance 
curve of the GE speaker in the enclosure, with 
fiberglas completely filling· the space behind 
the driver. The dots show irregularities which 
occur when the fiberglas "is absent. The dashed 
line shows impedance peak of the driver with -

out an enclosure. 

this. reason some of the internal dimen­
sions have been omitted. For example, 
slight changes in construction will per ­
mit the us.c oi a 15-inch driver. UrHler 
such circumstances the throat area is 
easily increased, with a consequent de­
crease in horn length. Fortunately, the 
design of the enclosure is such that 
changes of this type are easily made 
after construction is nearly complete.' 

1 Apparently not all General Electric 
~Iodel S1201 -D cones have the same reso­
nant frequency. If a driver of different 
resonant frequency is used it should not he 
expec ted that the impedance cur\'es will be 
identical to the ones shown in Fig. 6. Ho\\' ­
ever, if the tluctuations in impedauce with 
frequency are not severe, good results may 
be anticipated. 
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no audible hoomy or boxy sound. 
For those who are interested in con­

structing thi s enclosure the diagram 
shown in Fig. 5 will serve as a guicle. 
The usual precautions of using wood 
screws and glueing all joints for an air­
tight seal apply. The slot dimensions are 
indicated on the drawing. 

Figure 6 indicates the various pieces 
needed to assemble the enclosure. In as­
sembly the two sides should be nailed 
together first after wood glue has been 
applied to the contacting surfaces. Next 

0 
ELONGATED C.LOSEO· 
ENO PIPE, WITH OPEN 

ENO NOTCHED 

V 
fo • A 

A • 4 I 

1100 
fo • 24 
fo ~ 46--.. 

Fig. 2. Design of cabinet wos developed from 
this long closed-end pipe with notched front . 
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Fig . I . The author's 
cabinet in finished 
form . l ight oppeor­
once of front is due 
to the use of notu­
rol -colored monk's 
cloth for the grille. 

the top and bottom pieces should he as­
sembled, again using nails and wood 
glue, for a neat joint. Now the two 
lower left pieces of Fig . 6 should be 
assembled using nails and wood glue, 
and then this sub-assembly should be 
glued and screwed to the two sides al­
ready assemblecl. See Fig . S for proper 
location of this sub-assembly. The front 
panel should next be fastened as indi­
cated in Fig . 5, using wood screws and 
glue generously to insure an air tight 
seal at all contacting surfaces. This 
whole package should now be allowed 
to set for whate\'er time is indicated 011 

the can of wood glue you may have used. 
I used Casco and let the enclosure set 
O\'ernight, and should resemble Fig. 7. 
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FOLDING 
6" PIPE 

RESULTS 
IN COM· 
PACT EN· 
CLOSURE 

Fig. 3. Appeoronce of cabinet ofter folding 
from the original "pipe" of Fig. 2. 

The basic enclosure is now reacly for 
final finishing. If you like the simple 
modern appearance that mine has, as 
shown in Fig . 8, you may now screw a 
foot piece to the bottom, cut the same 
size as the bottom piece, and then glue a 
¼ -in. sheet of foam rubber thereon for 
acoustic insulation from the floor . The 
enclosure should now be set in whatever 
corner you have chosen for it (prefer­
ably one on the longer axis of the listen­
ing room) so that the sides of the en­
closure do not touch the moulding along 
the base of the corner walls of the room 
so you can measure the top finishing 
piece. This piece should be sufficiently 
large to fit snugly against the two corner 
walls and still jut out over the front grill 
oi the enclosure approximately 1 inch 
for good appearances. In my case this 
turned out to give dimensions of 20 x 20 
x 28 in. Mount this piece to the top by 
inserting woot.l screws through from the 
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Fig. 4. Measured impedance curve of E-V 
SP-128 loudspeaker in the author's cabinet. 
Note reduction of noturol resonant pcok ond 

extension of low-frequency ronge. 

iuside of the enclosure. Now glue a thin 
str ip of foam rubber along the edges 
that contact the wall in order to ohviate 
any \'ibrations being set up at the points 
of contact. Next the Kimsul pad can be 
iastened to the top with glue and a few 
furniture tacks. You are now ready to 
111011nt the speaker. A 15 x IS in . speaker 
mounting hoard should he cut from ¾­
in. plywood stock, with a 10½-in. circu­
lar hole cut in the center for mounting 
the 12-in. loudspeaker. Speaker lead-in 
wires should he connected through ·two 
¼- in. holes conveniently placed in one 
side of the euclosure 11ear the top. The 
speaker board may now be mounted 
over the 13-in. hole in the front panel 
using eight wood screws equally spaced 
about the periphery of the mounting 
board as shown in Fig. 9. Finally the 
front grill frame, 38¼ x 23 in., should 
be fabricated from ¼ -in. square pine 
stock. This frame should be covered 
with lumite in your choice of color. The 
completed front cover may now be fas­
tened to the enclosure front by means 
of four cabinet door catches. These 
should be mounted on the sides, two near 
the top and two near the bottom. This 



Fig . 5. (right). Sec­
tiona l drawings of 
the simplified corner 
enclosure. Fig. 6 
(below) . Details for 
cutting plywood 
pieces for the cab­
inet . IS x lS in . 
s pc a k er mounting 

panel. 
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NAIL, ANO GLUE ALL JOINTS 
FOR AIR·TIGHT SEAL 
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SCALE 1· • ur 
DIMENSIONS 

IN INCHES 

EXPONENTIAi.. 
SLOT 

DIMENSIONS 

L" w· 
1 . 46 
2 . 52 
3 . 64 
4 . 80 
5 1.00 
6 I. 2 4 
7 1. 52 
8 1. 88 
9 2 . 22 

10 2 . 64 

'' 3. 12 
12 3. 62 
13 4. 18 
14 4 . 76 
15 5 . 42 
16 6 . 10 
17 6 . 82 
18 7 . 60 
19 8 . 42 
20 9 . 30 
2 1 10.34 
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expedient allows for ready access to the 
speaker in case you want to change 
speakers etc. In my case, the top was 
finished by sanding and then applying 
clear varnish to bring out the 11atural 
grain of the mahogany. The over-all 
effect is very modern. The simplicity of 
thi s basic enclosure permits of flexibility 
in final exterior finish so that if you do 
not like the modern approach you may 
apply some other type finish. 
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I" MAHOGANY 
TOP 

I 

FOAM RUBBER 
STRIP 

FOAM RUBBER SHEET 

Fig . 8 (above). Sketch of finished appearance. 

Fig. 7 (left ). Cabinet in stage of construction 
before mounting loudspeaker panel. 

• 

Fig. 9. Semi-finished cabinet with loudspeaker 
in place on its mounting panel. Note brackets 
on edges of front panel for mounting the 

trimming frame. 
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Evolution of "The Horn" 
EDWARD V. KETCHAM , JR_,:, 

The conception, design, and construction of a speaker enclosure consisting of a closet-con­
tained low-frequency horn with a midfrequency horn and two high-frequency sound producers. 

T 1-1 E lloR:-" is a home-built loud ­
speaker system. It is large in size 
and magnificent in performance. It 

was conceived as a result oi readi ng 
about Alber t Kahn's huge home audio 
installation pub! icizecl as a •· l<esi clence 
Entertainment Center" hv Electro­
Voice, Inc. Mr. Kahn is president of this 
organization. The "Center" features a 
bass sect ion comprised oi a large horn 
driven by two 18-in. woofers, and occu­
pies one en t ire encl wall of a sizable 
room. 

:\lore :-J)ecitically, "The Horn," truly 
illl a111ateur's project, was first consicl­
ered as a hali-size edition of :\Ir. Kahn\ 
installation, turnecl on end and backed 
into a rectangular hall closet. \s com­
pleted (Fig. I) it became a combination 
oi Kl ip~ch speaker cavity and horn 
throat principles, feeding through an ex ­
ponential horn, plus design features anrl 
dri\'er components of the Electro-Voice 
Patrician. The entire assembly was de­
signed and built to fit existing closet 
space anti exhaust into one end of the 
living room listening area . Technicians 
may find faults in its layout, but it per ­
forms superbly . 

General procedure was as follows . De­
tails oi the "l<esidence Entertainment 
Center," the Patrician, a1td so111e hasic 
rules oi horn 1lesign were obtainet!. Paul 
K lipsch's papers on folded horn prin ­
ciples and the Jensen monograph 011 
horns were studied. The basic idea of a 
low-frequency hon, wjth its mouth cli­
videcl in two hy a compartment contain­
ing associated apparatus was drawn to 
rough scale. It hecame apparent that it 
would be advisahle to face the low-fre­
quency woofer speaker away from the 
listening area, and fold its associa ted 
horn around two right-angle turns to 
bring the latter's mouth out in the 1le­
sire1l direction. This design feature 
would provide the longest path and most 
gradual taper within the limits of a,ail ­
ahle space. 

Concentrating 011 this low-frequency 
horn . an approximate path length was 
estahlished. After several false starts a 
list of cross-sectional areas was com­
piled. The list itemized the recommendecl 
area of (a) the mask opening in front 
of the 18-in. woofer. (b) a pre-throat 
chamber, (c) an eight-inch-long throat, 
and (d) calculatecl areas at six-inch in ­
tervals along the length of the horn . Fig­
ures irom (cl) established an exponen ­
tial curve or expansion rate to the 

• 50 So1etlt Bay Ave., Brightwalers, N. Y. 
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reco11m1e11lled mouth area. \ Vorking di­
mensions were tigured iro111 (<I) by as­
s11111ing wiclths as large as closet space 
allowe1I and dividing the,;e into the listed 
val ues, the quotient s de11oti11g height or 
depth dimensions. The drawing oi Fig. 2 
,\et-ails the results of these calculations. 

Lest your intere~t sag at this point, 
the end product is a low-frequency horn 
irom which pours full, clean, unio rced 
low-frequency sounds-a tuba pla} er at 
an interview trying for his lowest note, 
:vi r. Cook ·s organ records, a bass viol, 
dru111s-ll'itho1!t resonant peaks or "he­
hind -the-door'' muffled effec ts. Pi rst 
indication~ of its perior111a11ce hecame 
e,·ident upon completion of the ha~ ic 
structure and the installation of the 18-
in. woofer in its tightly seale<l cavity . r'\ 
test was made on the concrete tloor of 

the garage workshop using a Cook test 
record and I0-1vatt amplitier . 

The tirst try ran a t moderate volume. 
\Vaiting for the test record to nm its 
course provided anxious moments as 
treble tones weaklv wandered forth. One 
thonght wa~ para;nount. ''\\'hen will it 
take hold? Will it take hold?" At about 
500 cps the test tone became sol idly 
efiective a11d then progressed lower and 
Im er. Positive response was audible 
down to 30 cps and apparent re~ponse 
helow that; however, the pickup usPd 
and th is layman's ears preclude acc11-
rate judgment in this rock -hotto111 
region. Theoretically "The Horn" f1111c ­
tions to 25 cps and the speaker resonates 
at 27 cps. 

A repeat test at high volume procl11ced 
sufficient unadulterated low-frequency 

Fig. I. The finished enclosure is mounted in a closet with the divided horn exhausting into 
the listening area . Between the two sections is the TV receiver. The upper section wilt be 

covered with a grill similar to that over the lower section. 



sound vower to he a potential cause of 
physi,:al damage in a finished room. Vi­
brations created a sense of being sur­
rounded by something untouchable. 
Small objects moved of their own ac­
cord. Others vibrated audibly. Small 
wonder that a chance \·isitor arriving 
upon the scene, replete with the odor of 
drying paint, accused the writer of ne­
fa rious act ivi t ies relat ing to the produc­
tion of illegal beverages ! 

Construction 

The photos of Figs. 3 and 4 illustrate 
construction details. Upper and lower 
mouth sections, throat and hack are 
built separately, then assembled . The 
speaker cavity came last. Joints are 
glued throughout. After testing at loud 
\'Olume strong bracing was added to the 
back of the speaker cavity to reduce the 
possibility of developing extraneous vi ­
brat ions. It is believed this can be better 
accompli shed by building the cavity ir­
regular in shape while mai:itaining its 
cubic content. 
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I laving successfully provided fo r low­
frequency range, the next stage was the 
building oi a 200- to 600-cps horn for a 
12-in . wooier, a<; prescribed hy the Patri ­
cian details. This was patterned directly 
from the furn ished data except for t1\·o 
variations. A va ilahle width being less 
than spec ifi ed, the height \ as increased 
to maintain prescribed mouth area. The 
second change cons isted of arranging the 
horizontal and vert ical axes off center so 
as to a im the un it toward the exact cen­
ter of the listen ing area at ear height. 

Then the upper frequ encies. Pur­
chased Partician components were ar­
r.anged to point at the lis tening area cen­
ter point. From 600 to 3500 cps a 
horn -type driver unit operates through 
a multicellular horn with 600-cps cutoff. 
Two tweeters operate from 3500 cps up. 
One, a horn -type driver operates through 
a multicellular horn with 1500-cps cut­
off. The other is an 8-in . cone speaker 
modified for extreme high -fre<Juency 
operation . A iour -way divicling network 
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Fig . 2. This drawing gives all the d imis ions of the author' s version of " The Horn." Som~ 
alterations may hove to be mode by other constructors to fit existing spaces. 

channels source material signals to the 
proper drivers. 

\Vith the assembly of all component~ 
completed, further tests were in order . 
After preliminaries with the test record, 
the writer proceeded to launch units of 
the New York Central :Railroad upon a 
new route via Cook's "Sounds of Our 
Times" hy way of an open garage door. 
The open mouthe<I admiration of a four­
year-old neighbor was wondrous to be­
hold . 

A word now irom the voice of experi ­
ence! No doubt you know of the fellow 
who huilt a boat in his basement and 
was unable to get it out. Similarly let it 
he understood that a big audio horn 
once huilt . . . has to he installed. In 
planning, one must cons i<ler not only 
available area for the installation but 
also ditriculties in reaching that area. 
"The I lorn," while restricted in width 
to that of a hall closet, is ceiling high 
and cannot pass through doorways in an 
upright posit ion. A live-foot closet depth 
and corresponding front -to-hack dimen­
sion, however, make transportation pos­
sible face down . This does not ent irely 
conclude the prohlem as the over-all 
diagonal measurement irom bottom front 
to top hack momentarily is all important 
when raising the assembly to an upright 
position . In the case of "The I lorn" one 
inch to spare prove<) sutricient. 

Finish ing\ as han<lled in a novel man­
ner, as the photos reveal. The wall was 
first torn away exposing the closet in ­
stallat ion area . The unit was hacked into 
position. \\'edges were dri\·en hetween 
the unit and su r rounding walls. Lag 
bolts through the sides into adjacent 
studs made eventhing "solid as a 
house." \\'ith "The Horn" finallv at its 
dest ination . panelling was i;1stalled 
across the entire en<l of the room on top 
of existi ng plaster. The panel seams 
were spaced so that the wall opening at 
the closet measurer! exactly four boards 
wide, as can he seen on Fig . 5. An up­
and-down sliding panel of like materia l 
aml similar wi<lth was constructed on 
concealed sli tles so that it can he rai~ed 
out of the way through the ceil ing . A 
counterweight simplifies this maneuver . 
In pass ing, the writer admits partial de­
feat at this stage as the panel was 
divided and hing-ed across it center mak­
ing a vi s ible seam. Tlie only alternate 
was to "raise the roof." The next project 
will he to provicle push button control of 
this panel with an electric motor mecha­
nism . 

A sliding drawer or cradle perm its 
the T V chassis to be sen·iced ; a T \' 
iront panel and a plast ic gr ill cloth pro­
vide finished appearance. Source mate­
rial comes from amplifier, Fl\1 tuner , 
and record player in a fireside wood 
closet at the fa r end of the room. 

Other Speakers 

In experimenting with "The Horn " 
hy changing relative volume le\'els of 
the different drivers, the writer has 
formed an opinion that rnay he of gen­
eral interest . It is that most approaches 
to extended low-frequency reproduction 
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in the home indirectly cause poor 
speaker response in what may he termed 
upper bass. To substantiate, the bass­
boost curve of home amplifiers peaks be­
tween SO and 100 cps. Enclosure designs 
are available that are remarkably effi­
cient in this range, and \\ hen used \\'ith 
a low crossover network and le\'el con­
trols usually make amplifier hass boost 
undesirable. Under such circumstances 
the direct-radiator cone speaker e111 -
ployed for midrange reproduction lacks 
bass boost that it can use to advantage. 
Said boost not being present. the O\'er­
all response curve of the speaker syste111 
droops in the upper bass range. This 
droop may lead some to think their low­
frequency units perform better than i,; 
actually the case, due to the relative dif­
ference in output volume het\\'een the 
low and midrange speakers. 

The remedy is to employ a separate 
upper-bass speaker. I ts efficienc) must 
compare favorably with the extre111e 
low-frequency unit. Such a device is the 
200-600-cps horn with 12-inch dri\'er 
described alJO\ e as a component of "The 
Horn." It plays a large part in produc-
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Fig. 3 (obo•e). Side view of "Tie Horn" i!t:>ws some ,idea of lhe construc:­
tion . Fig . 4 (left). This three -quarter view sho·..-s plocen.ent of the 

200-600-cps and lower-frequency horns . 

ing the \\'ide-range, e\·en response that 
is the outstanding characteristic of this 
multiple speaker system. 

Building a11<I installing "The Horn" 
was an adventure. Test record tryouts 
and lengthy listening sessions have re­
\'ealed wide-range efficiency most re­
warding for the effort expended in its 
creation. It utilizes e<juipment found in 
the most elaborate factory assembled 
svstems and several enthusiastic critics 
c~nsider that its performance ranks with 
the best professional demonstrations, yet 
through home construction many dollars 
\\'ere saved, and the system was built in. 
The writer formerly used a high-priced 
coaxial speaker mounted at the location 
now occupied by "The Horn." The 
closet served as an infinite haffie and the 
same source material equipment was in 
use. There is little comparison. Direct­
ra,liator speakers are not in the same 
league \\'ith several properly-horn-loaded 
dri,ers. 

Yes, it was a satisfying adventure. 
Look around, friend! Have you a work­
shop? A strategic closet? Ever knocked 
down a wall? You ha\'e? \Veil? 

Fi"; . 5. This ph:>t• shows how the entire instc I­
I orion is covered by the •erticolly slidin•; panels 

whe• it is not in use . 



A Corner-Mounting Infinite Baffle 
M. V. KIEBERT, JR_ ,:, 

A presentation of some of the problems involved in loudspeaker enclosures for high-quality re­
production, and the author's solution with a suitable design to house an LC-1 A speaker mechanism. 

PAST EXPERI E:SCE has a ll too often 
made us painfully aware that what 
was often called a "loudspeaker" 

was just exactly that anil not the "repro­
ducer" that it should have been. 

In onler to attempt to satisfy a very 
critical listener who happens to he a 
rather exacting engineer hy profession 
anrl an out-of-hours musician by hobby . 
but who knows what he likes when it 
comes to rnusical reproduction, a survey 
was made of the over-all reproduction 
problem. Seven years of test, explora­
tion, am! development followed. Not 
only was it necessary that it must not 
offend the eye, it was also required that 
the assembly shoulcl he capable of being 
moved from place to place as the engi-

• A/>f>lird Research lnc ., Chicago, Ill . 

neeriug business dictates, a brick or 
stone enclosure thus being ruled out. 

In casting about for a suitable device 
it is immediately apparent that there 
were but two basic design paths to fol­
low; the horn-loaded un it, and tlte di­
rect-radiator system. 

The problem of power output was 
next considerer!. l\l easurelllents oi the 
acoust ic power levels of tlte va rious in ­
strulllents were reviewed; a sound -level 
meter was used to survey typical levels 
encountered at cho ice locations at sev­
eral Philadelphia Philharmonic and 
Lewisohn Stadium concerts. 

Noi se-level surveys at these concerts 
were also made and compared with typi­
cal home lis tening levels in order to as­
sess more accurately a scale factor 
which would provide equal desired-sig­
nal -plus-background to background lev-

• 
Fig . 1. A simple yet 
n ea t appearance 
characterizes the au • 
thor's speaker en ­
closure which pro • 
vides for a 15-in. 
single -unit speaker 

mechanism. 

• 

els and hence comparalile dynamic 
ranges. Considerat ion was given to the 
effect of monaural li sten ing as compared 
to binaural li stening anrl to the aural dis­
crimination intrins ically present when 
sight is used to supplement sounrl. 

\Vith lllOnaural listening it appeared 
that an acoust ic level of one to two 
acoust ic watts could do a satisfactory 
job, hut that an additional 10 to 20 db 
of dynamic range would be desirable. 
The measured dynamic ranges of direct 
( live concert of the Philadelphia Sym­
phony) performances were surpris­
ingly low (presumahlv because of the 
averaging due to re\·erheration in the 
hall) . Twenty to twenty-five db ap­
peared to he a maximum. 

This study provided initial clues as to 
the re<Juired optilllum design t rends. 
Early experience with theatre horns and 
their 20 to 25 per cent convers ion effi­
ciency, indicated that an amplifier with 
a clean 4.5 watts of electrical output 
would do a good job covering 600 to 
1500 people. Typical direct radiator sys­
tems have conversion efficiencies of 3 to 
16 per cent so the power amplifier must 
have between six and thirty electrical 
watts output to do the same job in a 
satisfactory manner. 

F rom our point of view the low-effi­
ciency. power-demanding, direct-radi­
ator system is not good design . The 
lower efficiency units generally are that 
way either because of inadequate mag­
netic circuits, or as a result of dia­
phragm hreak-up--both being cases to 
he avoided if IM is to be kept to a low 
valve. The higher more efficient direct­
radi ator units such as the Altec 604C 
or the RCA LC- IA permit a good de­
sign compromise by only requir ing a 
nominal six- to twelve-watt power am­
plifier whicl\ is relatively easy of at­
tainment with low-voltage, low-cost 
power supplies and rather nominally 
rated and operated power output tubes . 

Frequency Range 

The next item for consideration was 
frequency range and the sound distribu­
tion patterns desired for average instal­
lat ions. 

Many engineers and hobbyists rather 
indiscr iminately add high-frequency anrl 
low-frequency units into a system and 
frequently do achieve some measure of 
frequency balance insofar as level as a 
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function of frequency is concerned. 
However· from the · writer's point of 
view this procedure \\'Ou!,! he analogous 
to having an artist paint a hackgroun,1 
in one picture, the theme or object in 
another, and the high lights in a third. 
Then Ly hanging all three ·pictures side 
hy si ,le we shoul<l get the integrated 
\Vhole. Leonardo Da Vinci didn't ,lo it 
- so we're not trying to do it either. 

Considerahle experience in the design 
of directional antennas (which may be 
likened to acoustic radiating systems) 
emphasized the distorted spatial distri ­
bution pat~rns that always occur when 
space separation exists bet ween two 
sources of radiation even when these are 
in phase. Acid some phase variation and 
the spatial pattern becomes all the more 
non-1111iform. 

From the foregoing it appeared that 
horns and multiple-unit systems were 
not too desirable and in fact critical 
listening tests hy musicians an,! non ­
musicians alwavs seemed to favor the 
single-source ·rlirect-radiator svstem 
when this was given A- B comp~rison 
tests with multiple-unit horn-type sys­
tems. During these tests the observers 
rlid not know which system was in op­
eration. The almost universal response 
was that one system seemed "smoother" 
than the other . 

One axiom in enclosure ,lesign is this : 
ii when you touch the enclosure you 
can feel the low notes, it's not goo,!! 

G. A. Briggs of Wharfedale got 
around this ditliculty hy using a hrick 
enclosure. John V. L. Hogan minimized 
this difficulty in an early (arournl 1936) 
\VQXR receiver by heavy cross-bracing 
of the enclosure. The greater portabil­
ity of the latter arrangement appealed 
to us and according this design proce­
dure was followed. 

' - - 1: 
■ 

--- -- - . - .t 

Fig. 3. Internal view with one back panel re ­
moved to show cross bracing and unsymmetrical 
mounting of the speaker. Also note start of 

Ozite lining in lower part of cabinet. 
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ALL MEMBERS EXCEPT 
CENTER POST 

Fig. 2. Constructiona l detai ls for the corner - mounted infinite baffle. 

For our requirements a corner 
speaker held se\·eral desi rah le a,lvan­
tages. The corner design improves the 
radiation characteristics, as is well 
known; the triangular rlesign permitted 
very rigid construction; the design 
easily permits asymmetrical speaker 
mounting and consequent avoidance of 
spurious peaks, an,! the system pre­
senter! a minimum decoration problem 
insofar as integration into a living space 
was concernerl. 

\\'i th a low-frequency cone resonance 
of between 35 anrl --10 cps. and a des ire 
to minimize the rate of roll -off below 
this resonance as well as to ensure 
smooth low-frequency curve immedi ­
ately above it, a volume of approxi ­
matelv 15 cu. ft. was decided on, and 
a conipletely enclosed structure was con­
sidered essential. Fig. 1 is front view 
of the enclosure. 

Construction 

I 11 onler to fit snugly against the wall, 
three legs 4¼-in. high were used in or­
der to raise the cabinet ahove the aver­
age haseboard. This is not too desirable 
because of the small resonance peak oc­
casioned hv the cavitv formed l1etween 
the enclosi1re anrl tl{e floor. For this 
reason the legs are removable and we 
ultimately visualize installation of the 
enclosure against the ceiling. 

The enclosure is ma,le of ¼ -in. ply­
woorl with construction details as shown 
in Fig . 2. Assembly is with wood screws 
anrl casein glue with particular care 
~ken to insure a rigid and air-tight as­
sembly. 

All peripheral anrl cross brace stiffen­
ers were made of 1 x 2-in. fir. The top­
to-bottom member was 2 x 2-in. fir tied 
into the three sets of interior cross 
braces bv cemented-in blocks aided hv 
\\'00(\ screws. • 

The speaker mechanism chosen- the 
RCA LC-1 A, more common Iv known as 
the Olson speaker-is mou;1ted asym­
metrically in order to break 11p all re-

inforcing reflection 1>aths which might 
otherwi se degrade the response curve. 
The unit is mounted near the top of the 
cabinet in order to provide the optimum 
spatial distribution with the sound 
source as close to ear le\·el as possible. 

The interior is lined with ozite ce­
mented 011 with rubber cement. Addi ­
t ional absorption was utilized by drap­
ing strips of ozite across the internal 
cross-bracing members as shown 111 

Figs. 3 and --1 . 
The performance of thi s speaker 

mechanism in this particular cabinet is 
considered adequately rewarding ior the 
work invoh·ed in designing and con­
structing the enclosure, and it is felt 
that the complete system is a s goo<! as 
the writer can make it- until the urge 
to rerlesign shall again arise to start 
the entire cycle over again. 

\ 

, - , . I 

• 
Fig. 4 . Scrap strips of Ozite lining are draped 
ove r internal bracing to furt her dampen the 

cabinet. 



Coupled Loudspeakers 
CHARLES W. HARRISON, JR_ ,:, 

A discussion of the principles of multicone speaker operation 
and a description of a composite corner-mounting assembly 
composed of four acoustic baffles of trapezoidal cross section. 

THE EFFECTIVENESS of a sound source 
depends in an important way on the 
phase relationship between the nor­

mal velocity of the radiating surface and 
the force reaction ( or sound pressure) 
oi the medium on the surface. The prin­
cipal value of a horn is that it will per-
111it sound to he generated by the vibra­
tion of a small diaphragm, but radiated 
fro111 an aperture large enough to keep 
pressure in phase with particle velocity 
down to relatively low frequencies. 
Horns of exponential or catenoirlal 
shape are conformable to practical ap­
plication. 

It is customary, in calculating the 
throat impedance of a horn of finite 
length (assuming it to be baffled so that 
radiation is confined to 2n ste-radians), 
to replace the mouth of the horn by a 
massless diaphragm of suitable shape 
working in an infinite baffle. This dia­
phragm has no effect on the operation 
oi the· horn, but permits one ( for mathe­
matical purposes) to terminate the horn 
in an impedance equal to the radiation 
impedance of a piston operated in an 
infinite baffle. From the basic horn equa­
tion, in terms of the velocity potential, 
one obtains an expression for the pres­
sure and particle velocity at any point 
within the horn. These expressions, to­
gether with the piston functior:s, per-
111it determination of the throat im­
pedance. The important thing is that 
the external souncl field set up by the 
horn can be duplicated by a vibrating 
piston of comparable radiating area . 
The basic problem is that of obtaining 
an apertu:-c large enough to keep the 
sound pressure and air-particle velocity 
in time phase down to low frequencies. 
For practical purposes the large piston 
radiator ( a direct-radiator loudspeaker 
mechanism of suitable design) may be 
replaced by a system of properly phased 
tightly-coupled smaller clr ive rs. How­
ever, it is to be remembered that in the 
useiul frequency range of a horn, the 
input resistance at the throat is high 
and this afforcls additional damping over 
that available in the diaphragm sus­
pension system of the horn driver . This 
is important at low frequencies if non­
linear effects are to be minimized that 
arc generated when large diaph ragm 
excurs ions take place. For comparai>le 
performance the multiple loudspeaker 
must employ more highly damped 
drivers than are used with a horn . Such 
drivers are inherently inefficient, but 

• Cm11>1,a11drr . ( '. S . . Va, '\' . 611 .Massaclrn­
sr//s ,·fre., .Vor/olk 8, l'iry;· ,,;a. 

efficiency is of 110 real practical im­
portance in the design of a high-quality 
loudspeaker for home use . 

T he question might now be asked as 
to why one would want to construct a 
loudspeaker array givi ng a perfo rmance 
similar to that afforded by an expo­
nential or catenoidal horn. The answer 
is merely that the physical size of the 
comparahle horn must be 111any times 
that of the coupled loudspeaker system. 
Unfortunately mouth reflections in horns 
give rise to air column resonances, and 
unless the mouth is comparable in di­
mension to the longest wave-length to 
be reproduced, tremendom; variations in 
sound transmission must be tolerated. A 
second design criterion for finite horns 
is that the cut-off frequency of the cor ­
responding "infinite" horn should be at 
least an octave below the lowest fre­
quency in the desirecl transmission range 
if reasonably smooth response is to be 
obtained. When these requirements are 
translate,.! into a horn capable of "prop­
erly" reproducing notes in the vicinity 

• 
Fig, 1. Photograph 
of acoustic baffles 
employed in coupled 

lo udspeake r tes ts. 

• 

of 35 cps a speaker of gigantic dimen ­
sions is obtained. Even the theater 
wooiers which utilize exponential horn!i 
approximately four feet long on axis a re 
nothing more than directional baffles 
below 60 cps. This fact can be verified 
readily by reviewing the theory of the 
exponential horn found in any text book 
on acoustics. The only solution, if one 
insists on using a lo,, -frequency horn, 
appears to be that of building one in the 
yard out of brick or concrete. Such a 
speaker should never be buil t out of 
plywood, for serious spurious responses 
are sure to be obtained from the ''ring­
ing" of the horn walls. Yet in spite of 
the large size of a properly 'baffled horn, 
its use in the theater is justified because 
efficiency and power handling abili ty 
ior frequencies above about SO cps arc 
important factors. The 111nltiple loud­
speaker using well-damped drivers un­
questiouably affords the best method oi 
getting good bass response in the home 
where space is restricterl. 
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T he wri ter constructed a multiple 
loudspeaker consisting of identical 
wedge shaper! acoustic baffles of such 
angular !limensions that four of them 
fit snugly into a 90-deg. corner. A:s 
shown in Fiy. 1, each front panel 1s 
just wide enough to accommodate ?ne 
direct-radiator loudspeaker mechanism 
mounted at its center. This insures tight 
acoustic coupling between adjacent 
drl\·ers when the speaker enclosures are 
assembled in the corner of a room for 
operat ion. Notice that the radiating ele­
ments oi the speaker resemble the 111011th 
of a sectoral horn . In the following sec­
t ions the reasons behind this design are 
set forth . 

Radiation Resistance of Coupled 
Loudspeakers 

It is well known that the radiation re­
s istance (in mechanical ohms) of an iso­
lated sound source whose dimensions 
are small compared to the wavelength 
oi the radiated sound is proportional to 
the square of the effective radiating 
area . Furthermore, the value of this re­
sistance is independent of the physical 
shape of the sound source. Applying this 
principle to the multiple loudspeaker 
unller discussion , one concludes that 
when the multiple lou,lspeaker is iso­
late(! from all surroundings ( no longer 
operated in a corner) that the radiation 
resistance of the four -speaker array at 
low frequencies is about 16 times the 
radiation resistance oi one of the drivers 
compris ing the array in the absence of 
acoustic coupling. It is clear, therefore, 
t hat the radiation resistance of each 
driver when operate,! in multiple is in ­
creased hv a factor of 4 0\·er that ob­
tainable from the same driver operated 
as an isolated speaker . It is to be empha­
sized that the physical orientation of 
the drivers in a baffle which is small 
compa red to the wavelength of the radi ­
ated souJHI is not important insofar as 
the radiation resistance of the array is 
concerne,l. This fact permits location 
of the dr ivers in a suitable spatial rela­
tionship to insure a desirable sound 
pressure pattern . If the multiple loud­
speaker is now located in the corner of 
three large mutually perpendicular rigid 
planes, the radiation is confined to a 
solid angle of :r/ 2 steradians, and this 
"horn" loading further enhances the 
rad iation resistance of the array . But 
such a s ituation is physically unrealiza­
ble in an enclosed space ( excluding an 
anechoic chamber ) and the idea of 
sound transmission in a solid angle of 
n/2 sterad ians must give , ay to a rigor­
ous analysis of sound transm ission phe­
nomena in roo111s. 

Possihly a more elegant way of dem­
onstrating qualitatively that the radia­
tion resi stance of a mult iple loudspeaker 
is proportional to the square oi the 
effect ive !liaph rag111 area at low fre­
quenc ies is to com111e1tt briefly on the 
theory of the circula r piston ra1liato1· 
mounted in an infin ite baffle . This prob­
lem is , !liscussed in a straight forwar d 
manner in a recently published excellent 
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book in the field of acoustics.1 One finds 
the reaction force on one elemental area 
of tlie piston due to the motion of 
another elemental area. By a process 
of summation (integration) one firnls 
the force on a given elemental area 
due to the motion of all other ele­
ments. Inclusion of all of these ele­
mental areas on which the force has 
heen computed by a second integration 
(taking due account of the numher of 
times a gi\'en clement is included in the 
calculation) gives the total _force ac~­
ing 011 the diaphragJ11. This force 1s 
equal a11<1 opposi_te to the for~e exerted 
on the fluid J11ed1um hy the piston. The 
latter force, divi 1led hy the cone veloc­
ity gives the mechanical radiation im­
pejance of the speaker. As might l!e 
expected, the radiation resistance ( 111 

mechanical ohms) turns out to be pro­
portional to the square of the effective 
diaphragm area at low frequencies. 

The analysis has been outlined be­
cause it brings out two essential facts 
pertinent to this discussion : 

(a) 

(b) 

The diaphragm of any loudspeaker 
may be consi1lercd to he made up 
of a number of suitably shaped 
smaller diaphra~ms. 
The interaction or coupling between 
these smaller diaphragms has been 
properly tak en into account in the 
analysis. 

StateJ11ents (a) and (h), together 
with the theory of the piston radiator 
outlined here. permit 011e to draw cor­
rectlv the conclusion that 1.he radiation 
resis.tance of a tightly coupled multiple 
speaker system installed in an infinite 
hatile is proportional to the square of the 
effective diaphragm area at low fre­
quencies. Nai vely expressed, a person 
might say that the radiation resistance 
oi a multiple loudspeaker is greater than 
that of one of its drivers mounted in 
an enclosure because the drivers aid 
each other in compressing the air in 
the vicinity of the cones, causing each 
driver to "think" that it is working into 
a more dense fluid medium. A more 
elaborate and quant itative analysis of 
coupl ed loudspeakers, based on the prin­
cip le of syJ11 metr ical phase components, 
has heen publ ished." 

It .iow seems pertinent to discuss 
brietly another aspect of statement ( a) 
that the d iaphragm of any loudspeaker 
mav he considered to he made up of a 
11111i1her of suitably shaped smaller dia­
ph rag 111s. In a recent article3 it is 
st rongly implied that two low-frequency 
speakers are highly satisfactory, but 
four such speakers are taboo hecause 
"they present a problem of phasing." 
The writer is incl ined to divide (hypo-

1 L. E. Kinsler an<l A. R. Frey, "F1mda-
111 e11ta/s of Aco11stics", John \Viley & Sons, 
Inc., New York, 1950, pp. 187- 195. No 
au<lio engineer should be without this hook. 

2 S. J. Klapman : "Interaction impedance 
of a syste111 of circular pistons," J. Aco11s. 
Soc. Am., Vol. II , Jan. 1940, pp. 289- 295. 

3 \V. C. Sh racier, "Au<lio in the home," 
A uo10 ENGJ XEERI XG, July 1952, page 30. 

thetically) the two di~phragms that 
it is "permiss ihle" to use mto quadrants. 
Eight sector-shape,! diaphragms are ?b­
tained. Is it to be supposed that an m­
tolerahle phasing prol!lem has now been 
encountered? The writer thinks not. To 
throw more light on this kind of ~al­
lacious reasoning consider the following 
numerical illustration : Suppose that a 
phase-conscious observer _( if one can be 
found) is locate(! some distance ~rom_ a 
piston radiator mounte!I 111 an infinite 
baffle, and that the line from his ear to 
the center of the diaphragm never makes 
an angle less than 30 deg. with respect 
to the baffle plane. Further assume that 
the obsen·er does not wish complete 
destructive interference to obtain at any 
frec1ue11cy in the range from m.!~ 10,000 
cps. Surely the "phas~ problem 1s at !ts 
worst at null points m the angular dis­
persion pattern. Retlec~ions from all ob­
jects are ignored, and _it 1s assume(! that 
the velocity of so11111l 1s 3-H m~ters per 
second . Using these data one hnds ~hat 
if the "phasing problem" is to_ he avoided 
--even when using a si11gle piston racha­
tor, the diameter of the lo~dspe~ker 
must not exceed 1.9 inches. It 1s oh 1ous 
that 011e may ignore the radiation po­
tentialities of this loudspeaker at 60 cps. 
If the general problem of phase is really 
of signiticance (except as discussed later 
in this paper) one might ver. well con­
clude that 

(a) 11 ultiple microphone pi~kup C!f any 
1,rogram is to he avo1<le!I 1f the 
outputs of these microphones are 
to he electronically 111ii-ecl an,! trans• 
mitte<l over a single channel. 

(h) Efforts to ohtain a diffuse sound 
fiel<l, i.e., a sound fielcl ? [ ~amlom 
phase in a studio or au<l1tornnn by 
the u;e of splays an<l asy111111etrically 
placed patches oi ahsorhe11t mate­
rial, should be ahandoned . 

The writer has attempted to point out 
in this sect ion that a 111ulticone loud­
speaker is capable of ex~ellent bass re­
sponse (by virtue of th~ tact th_at _at low 
frequenc ies the 111ecl_1a111cal rad1at1on r~­
sistance is proport1011al to the squa1 e 
of the effective diaphragm area}, and 
that an array of speakers presents pre­
cisely the same prohlcn_1 with regard to 
phase as any direct-radiator loudsp~aker 
of small diameter, or any other v1 hrat­
i11g ho,ly . :-So horn is i111mu11e fron! the 
" phase problem" fo r the mouth ot t_he 
horn may he closed hy a_ massless dia­
phragm with ·no deletenous effect on 
the performance of the hor_n. Before 
concluding th is topic the \\Titer would 
like to suggest a problem of c01_1s1dera­
l,Je theoret ical interest concerrnng t~e 
coupled loudspeaker system u~ Hler dis­
cussion . Suppose one . were . interested 
in calcula ting the rad1at1on unpedance 
011 the mechanical s ide of one of the 
drivers fo rm ing the four -element a rray, 
assuming the array to be ope_rated m 
the corner of three perfectly ri gid mu­
tually perpendicular ~e111i -infinite pla1'.es 
under free tie hi cond1t1011s. O_ne equl\ a­
lent mathematical model consists _of twv 
suitahly orientecl symmeti:ically cli sposed 
speakers driving an 111fii~1te wedge. ~he 
s ides of the wedge are l111early tape1 ed, 



and if extenclecl woul<I meet at an angle 
of 22.5 degrees. The height is twice the 
height of an enclosure. The top an<l 
bottom (which are missing) have the 
cross-section of an isosceles trapezoid. 
The basic problem is to find an expres­
sion for the acoustic pressure in the 
vicinity of a clriver satisfying the wave 
equation ancl all boundary conditions. 
This is an ad\'anced problem in mathe­
matical physics. 

Operation of a Loudspeaker in the Corner 
of a Rectangular Room 

Probably the simplest boundary-value 
problem in applied science is the deter­
tnination of the acoustic pressure distri­
hution in a rectangular enclosure having 
six perfectly rigicl sides under free os­
cillatory conditions. The wave equation 
in terms of the velocity potential is 
separatecl in cartesian coordinates. The 
acoustic pressure is equal to the density 
of air multipliecl by the partial deriva­
tiYe oi the velocity potential with respect 
to time. The air particle velocity is equal 
to the negatiYe gradient of the velocity 
potential. The boundary conditions are 
that the normal component of particle 
velocitv at all hounding surfaces of the 
room 1;1trst \·anish. One imme<liately ob­
tains an expression which shows that 
the acoustic pressure is always a maxi -
111u111 in the corners of the room re­
gardless of the room dimensions and 
the order of the mode of free oscillation . 
However, it is to he noticetl that this 
analysis says nothing- about how the 
normal mocles oi oscillation are estah­
lishecl. and in such a room there woulcl 
be 110 decay of sound, the vibrations 
continuing ·forever. It turns out that 
when the walls of an enclosure are soun<I 
absorptive, a perturbation of the simple 
theory just advanced enables one to 
compute the pressure distribution in the 
room for an individual mocle during 
the transient decay of the sound tield 
(no sound energy suppliecl). The pres­
sure di str ibution for each mode is still 
a maximum m the corners of the en­
closure. 

Now when a "cavity resonator'' 
hounded hy souncl-absorptive walls is 
dri\·en hy a simple source of sound, one 
proceeds as follows to determine the 
sournl pressure distribution in the room:• 

(a) The form of the wave equation used 
must permit the injection of sound 
into the fluid medium by the simple 
source. 

(b) The flux of air from the source can 
be represented hy a source f unc­
tion, and this function can in turn 
he expanded in characteristic func­
tions at the source locat ion (a point 
anywhere in the room) . 

(c) The steady slate sound pressure at 
any point in the room can be simi­
larly expanded in series. 

Tiy using certain in format ion obtained 
from the prohlem of the transient decay 
oi sound in an absorptive room, and (a) 

• A good reference is P. U . 1forse and 
R. H. Bolt "Sound waves in rooms". Re­
, •iew of Modern Physics, Vol. 16, No. 2 
April 1944, pp. 69- 150. 

through (c), one can evaluate unknown 
coefficients. A little mathematical manip­
ulation then enables one to arrive at an 
expression for the sound pressure at 
any point in the room. The next step is 
to move the sound source analytically 
into a corner. It will be found that the 
pressure at any point in the room has 
been maximized. However, and this is 
the point of this entire discussion, a 
max. max. val11e of sound pressure is 
obtained when the sound source is lo­
cated in a corner, and tire sound pres­
sure is co111p11ted at tire same point. 

The iorce of the fluid medium on the 
diaphragm of the point source is the 
vector sum of the pressures at this 
point due to all possible modes multi ­
plied by the surface area of the vibrator. 
As mentioned before, the negative of 
this force, divided by the cone velocity , 
gives the radiation impedance in me­
chanical ohllls. The real part of this 
impedance is the radiation resistance. 
The larger the acoustic pressure react-
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Fig. 2. Scaled drawing of multiple lo udspeaker. 

ing on the cone the larger is this re­
sistance. It is apparent, therefore, that 
for 11w.ri11111111 co,re loadi11g rmder steady 
statt! co11d-itio11s tire speaker slro11/d be 
desig11ed for corner operation. For prac­
tical purposes cone loading is increased 
only for sustainecl low frequency notes. 
For transient signals it would appear 
that the use of a corner for speaker 
location woulcl he no more beneficial 
than locating the speaker anywhere else 
in the room. 

There is one important advantage of 
locating a speaker in the corner of a 
room in adclition to the increase in cone 
loading obtained on sustained low fre­
quency tones. Since all of the nor~nal 
mo,les of a room have presrnre maxima 
in the corners, a speaker so located will 
excite all possible modes. These modes 
are few am! far between ( with respect 
to frequency) at very low frequencies, 
and it is considered important to excite 
all of them in the interest of "uni­
formity" of transmission . 

Under steady-state conclitions, a point 
source of sound gives rise to a stand­
ing-wa\·e pattern having nodes and anti ­
nodes at fixed locations within a room. 
Two or more such sources separated a 
small distance and operated simultane­
ouslv tend to fill in nulls in the sound 
pres~ure pattern. The four-driver loud­
speaker array may be considered a point 
or simple source of sound only at low 
irequencies. \Vhen the frequency is in­
creased somewhat the point source must 
be replaced by the appropriate distriu­
uted sound source. The large aperture 
of this speaker makes it rather unlikely 
that objectionaule pressure minima will 
exist anywhere within the room. 

Sound Pressure Pattern 

Although the intensity of sound in a 
room depends greatly on the properties 
of the enclosed space, most of the ex­
perts agree that while the ear tolerates 
a certain degree of non-uniformity, a 
loudspeaker having a smooth response 
under free fiel<l conditions will generally 
be more acceptable under all listening 
conditions.5 Consider the loudspeaker 
array shown in Fig . 1, to be oriented 
in the corner formed uy the intersection 
of three mutually perpendicular per­
icctly rigid semi-infinite planes. Assume 
also that the adjacent walls of the wedge 
shapecl enclosures are perfectly rigid 
(and thus non-absorptive). The equiva­
lent mathematical moclel of this system 
is a perfectly symmetrical circular array 
composecl of 16 wedges not displaced in 
length. Each wedge is twice as high as 
a wedge comprising the physical loutl­
speaker system. Two dr ivers are 
mounted in each wedge, one-fourth the 
way down from each end in the front 
panels. The mathematical model . d_is­
penses entirely with the thre~ se!~1-111 -
finite planes. It is easy to see mtmtrYely 
that at low frequencies the acoustic 
pressure pattern in the azimuth plane~ 
is essentiallv uniform since there is an 
angle of orily 22.5 deg. between adja­
cent speaker axes. To maintain this uni­
form pattern throughout the frequency 
range of interest requires the use of 
drivers having a beam width of more 
than 45 deg. at the highest frequency 
in the range to ue reproduced. The pat­
tern of the array in the azimuth pl'.1ne 
can be computed easily by grap!11cal 
metho<ls. One simply adds up vectonally, 
i.e., in proper phase relationship, the 
sound pressures contributed uy each 
dri\·er in the angular direction of a 
given point. This process is repeated at 

s I I. F. Hopkins and C. R. Keith, "~ ~w 
loudspeaker system" J. S oc. M ot. P,ct. 
E11g., 51, pp. 385- 398, Oct. 19-18. 

6 The azimnth plane is defined as a 
plane mid way bet ween anti parallel to the 
two planes that individually contain the 
centers of 16 speakers. This plane is at 
right angles to the axis of the circular 
array. The vertical plane includes. the 
array axis and the centers of f<;>ur dnv~rs 
- two in one wedge, and two m the d1a­
metrically opposite wedge. 
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other points until the array pattern has 
been constructecl . Obviously one must 
be furnishecl the primary pressure cli s­
tribution patterns of the clrivers taken 
unclcr free fielcl conditions. 

It is not at all difticult to compute 
the pattern in the vertical plane, again 
knowing the primary patterns oi the 
drivers used. :\iore hcaming takes place 
in the vertical plane. The writer did 
not use two clri\·ers in each weclg-e (one 
aho\·e another) because l he sound pres­
s 111 e pattern in the \·ertical plane would 
become too nar row even at relati\'cly 
low frequencies, a111l the perfect sym­
metry of the array woul(I be destroyed, 
as will be explainecl. 

The multiple loudspeaker described 
in this article can be usecl with or 
without a tweeter. Ti four !:?-inch 
dr ivers, such as the Western Electric 
type 7288 or 754A are used, an ex­
cellent loudspeaker is obtained without 
the use oi a high-frequency unit. For 
the initial tests the writer employed 
iour WE 7:?8R drivers in the wedges, 
and a \VE 59~A loudspeaking- telephone 
with 31A horn for treble. The cross­
o\·er frequency is 800 cps. One impor ­
tant asset possessed by thi s dual loll(l­
speaker is that the souncl pressme 
pattern in the azimuth plane for both 
the tweeter an<l woofer ioin smoothlv 
at cross-over. Persons ei11ployi11g-, fo.r 
example. folded horns for bass like to 
forget about the problems arising from 
phase (!iffercnces near the crossover 
frequency, abrupt discontinuities in the 
distribution pattern at crossover, anrl 
the phase difficulties associated with the 
sharp bends even at fairlv low fre­
quencies. None of these · d ifficulties 
plagues the speaker described in th is 
article. 

Anothe,· feature of the coupled lowl­
speaker is its excellent mid-range re­
sponse, i.e., response in the range of 
frequencies from say 300 to 800 cps. 
Apparently a folded horn works well 
only in the region fron1 30 to 300 cps. 
This necessitates cross ing 0Yer at about 
300 cps . But thi s is undesirable he­
cause it has been found an advantag-e. 
from the listen ing- point oi view, to 
have any effects due to out-of-phase 
cond itions between the low- and high­
frequency speakers come alio\·c the re­
g-ion of maxinnm1 energy tra nsmission :• 
Evidently the use oi a three-way 
speaker system, employ-ing- a ioldc,I horn 
for bass, docs not ob\·iate this difliculty . 

On the Choice of Acoustic Baffle Shapes 
for Multiple Loudspeakers 

Acoustic haftles having isosceles 
traµezoidal cross section have several 
highly de~irable attributes. As pointed 
out in the last sect ion, if four idcnticnl 
baffles arc uscll, the angle hciween ad ­
jacent speaker axes is only 22.5 deg., 
and if only one llriver is installed in 
each baffle excellent angular dispersion 
of soul\(I is assured . The choice of 
wedge-shape,! ha files is important for 
other reaso1)s . For one thing this array 
is symmetrical. If the four wedges are 
asscml,led in a corner formed hv the 
floor and two rigid walls, the • non-
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parallel sides oi the enclosures cannot 
vibrate because there are no force dif­
ferentials acting on them. The front 
panels arc just wide enough to ac­
conHnodate the clri\'ers. These can be 
adequately !,raced. The hack panel is 
onlv seYeral inches in width. If it is 
properly secured to the non-parallel 
sides its vibration can be ignored. The 
top arnl bottom of each enclosure is 
small in area. The hottqm certainly will 
not vibrate because of the load on it, 
and the top can he "held down" by a 
heavy tweeter. 

The sides of a rectangular enclosure 
ior several drivers will ncccssaril\' vi 
hratc because the array lacks symnietry. 
This can he minimized only by construc­
t ion of an enclosHrc of extreme rigidity . 

Because of the symmetry of the weclge 
enclosures one can be certain that ii 
identical driver s arc installed in th~ 
iour baffles that what one diaphragm 
docs will be necessarily dnplicatecl by 
the others at all ircqucncies . lt doc~ 
not iollow that when four or more driv­
ers ( possibly oi different sizes ) arc 
installed in a common rectangular en­
closure that all cones will go in and 
out together at a ll frequencies. Tlte me­
chanical con~tants of the diaphragm 
suspension system, the mass of the dia­
phragm and dr iYiHg \'Oice coil. the 
stiffness of the enclosures, and the co­
efficient of acoustic coupling between 
<lri\·crs may be of such \'alue as to cause 
one diaphragm to move in irrespecti\'c 
of the iact 1hat the polarity of the volt­
age applied to the driver terminals 
would normally cause the diaphragm 
to move out. T his is not a new concept. 
Tn ant e1rna array design it is not un­
common to measure a 11egati\·c resist­
ance at the terminals of one oi the 
dipoles compri sing the array. To 
achieve stability, i.e., minimize dia­
phragm slip, all multiple-louclspeaker 
enclosures should be compartmentalized 
and the drivers employed shouh\ he 
highly llamped. The fact that highly 
damped identical dri,·crs are use,! in the 
wr iter's nn1\tip\c loudspeaker and tl iat 
none oi them is operated in a c0H m1on 
enclosure insures that to within a few 
degrees all diaphragms do go in and out 
tog-ether. Observe that the use of wedge 
~hapecl enclosures is not optional. The 
symmetry afforclecl by thi s construction 
requires the acoustic forces acting on 
each diaphragm to be the same. These 
forces arc not equal, for example, even 
when four c!ri\·ers arc operated in a 
compartmentalized rectangular enclo­
sure. This fact may be verified in1-
me<liatcly hy applying the principle of 
acoustic images. It is a serious matter 
ii any out-of-phase condition exists he­
t\\·ecn diaphragms, because the chief 
purpose of a multiple loudspeaker is 
thereby lost; namely, that of achieving 
a go0<I low-frcrJ11ency pcriormance. The 
J•luse relationship oi the vibrating dia­
phragms can he checked by stroboscopic 
means, or by measuring the sound pres­
sure pattern of the speaker in a11 
anechoic chamber . 

.-\t Ii rst glance it might appear that 
a baffle of trapezoidal cross section line,! 

with sound absorptive material would 
l,e more effective than the correspond­
ing baffle of rectangular shape in damp· 
ing out standing waves within the en­
closure. Unfo~tunately, normal mocles 
exi st ior trapezoi(lal shape(\ baffles a1 
they do for rectangular, spherical, and 
other -shape1l enclosures. The solution 
to thi s problem is to fill the wedge with 
small rectangular parallelepiped shaped 
blocks of fiberglas using strong per­
for ated curtain material as a retaining 
wall to pre\'ent the fiherglas from press ­
ing on the dri\'er (\iaphragm. The nor­
mal modes will now be damped out hy 
the viscous drag of air particles oscil­
lating in the small pores of the fiberglas 
and other al,sorhing- material present. 
Tn a(k!ition the effective volume of the 
enclosure will he increased by the U S\' 

of tiberglas because it can be demon­
strated that a sound wave is propagated 
more slowly in fil.,erglas than in air. 
For a given frequency the wa\'elengtlt 
of sotm(\ radiate(\ fro111 the back side oi 
the diaphrag111 into the fiberglas tilled 
enclosure is shortened; accordingly thl' 
inside dimensions of the bafllc, in term., 
oi the wa\'clength, arc increased . The 
absorpt ion of sound in a fibergla.s tilled 
enr.losure is approx imately an isother­
mal rather than ad iabatic process. At 
low frequencies the efiective volume oi 
the enclosure is about 1.4 times the 
actual Yolume. At higher frequencies 
essentially free field conditions obtain 
on the hack side of the cliaphragm be­
cause no acousti c waves arc reflected . 
Thus the enclosure may be regarded as 
one of infinite size . The impedance seen 
by the driver, look ing into the enclo­
sure, is the characteristic resistance oi 
air. ft is worth noting that at low fre­
quencies \·ery little power is ra(\ia tc(\ 
fro111 the backside of the cone into the 
cnclos11re where it must be absorbed. 
Th is is because the baffle is small in 
terms of the wavelength, and the acous­
tic pressure is yery nearly in time phase 
quadrature with respect to the part iclc 
velocity. Thus at low frequenc ies an 
enclosure may he represented as a 
lumped compliance ( purely rcacti\'c ele­
ment ) in the equiva lent acoust ical cir­
cuit; a i;1ct that is well known . 
Construct ion of Multiple Loudspeakers 

Batlles having the cross section of an 
isosceles triangle will serve equally as 
well as those h,n·ing- the cross section oi 
an isosceles trapezoi(\. The angles of 
each baffle an~ lixc,1 hy the requirement 
that lour baffles must ht side by side 
in a corner. Thi.:, fixes the angle be-
1 ween adjacent speaker axes at 22.5 
<leg. If three enclosures are employed 
this angle is 30 deg. which is probably 
cxccssi\'e from the point of view of ob­
taining a good azimuth pattern at rela­
tively high frequencies. If this three­
speaker array is used as a woofer only, 
the 30-deg. angle between speaker axes 
is probably not too objectionable. 

Driver specifications shou!(l be fol ­
lowed with regard to the required vol­
ume of each enclosure. Where the 
speaker system is used without a tweeter , 
the writer has found satisfaction with 
Western Electric Type 728B or 754A 



drivers. A smaller version of this multi ­
ple speaker could be 111ade up using 
Western Electric Type 755A 8-inch 
drivers. Such a speaker would be about 
optimum for home use. Because o( the 
7SS's extended high-frequency response, 
no tweeters would be needed. \Vhere the 
multiple speaker is used as a woofer 
only. experience has shown the Bozak 
B-199 to be a sound choice due to its 
low resonant frequency and correct 
damping. 

The enclosures must he completely 
line<! with Kimsul or other sound 
ahsorptivc material. \Vith certa in driv ­
ers it is :in advantage to till the baffie_; 
completely with blocks oi fiberglas I x 
2 x4 inches in dimensions. Type PF-314 
hberglas is recommended. The blocks of 
tiberglas will adhere to the Kimsul, 
thus preventing packing. Alternatively, 
to prevent packing the enclosure may 
be compartmentalized using cloth re­
taining walls . This treatment smooths 
out the speaker response, i.e., increases 
the speaker damping at low frequencies, 
and increases the effective volume of 
the baffle. It is recommended that liber­
glas treatment he kept well clear of the 
lliaphragm of the driver. The enclo­
sures should be essentially air tight and 
no ports are permitted. The design 
should be such that the iront panel is 
just wide enough to accommodate the 
driver mounted in the center. This in­
sures close coupling of the drivers at 
low frequencies . The bafiles will have 
to be approx imately 4 ft . high in order 
to obtain the requisite volume. When 
they are set side by side and then 
jammed into a corner, excellent bafile 
effect is obtained. The polarity of each 
driver should he checked, using a s111all 
dry cell, before it is installed in its 
haffie. Naturally, the speakers arc to 
be connected electricallv so that all 
diaphragms operate in tl;e same phase. 

The series or series-parallel connec­
tion is recom111ended. It is worth men­
tioning that if four identical drivers 
having a nominal input impellance of 8 
ohms are connected in series the nomi ­
nal input i111pcdance of the ar ray is in­
creased from 32 ohms to a somewhat 
higher value by virtue of acoustic cou­
pling between drivers. This effect is 
not very pronounced when highly 
damped inefficient drive rs are e111ployed 
in a multiple loll(lspeaker, hut is to be 
kept in mind when matching a highly 
ellicient horn loaded driver to an ampli­
her. l{eadet·s are advised to conduct 
li stening tc~ts as an aid in dec iding th~ 
hest driver connections and the proper 
amplifier load taps. Ii incorrectly 
damped drivers are used, ha1igover ef­
fects are likelv to he observed. Th is 
difficulty 111ay ·he mini111i zed or el imi­
nated cnt irely hy making a large felt 
wa~hcr for each driver with center hole 
of suflicicnt size to slip on~r the magnet 
fra111c. The periphery of the washer is 
secured to the iront panel with carpet 
tacks. The a ir set in motion hv the hack 
side of the diaphrag111 must pa~s throug h 
the pores of the felt. Driver damping 
beco111cs, therefore, a function of the 
porosi ty and th ickness of the felt used. 

The haffies for the wr iter's 111ultiple 
loudspeaker were 111adc out of ¼ -in. 
plywood. The outside dimensions oi 
each we<lge are as follows: 
Height--48 in . 
Wi ,lth of front panel- 14¼ in. 
\\"idth of back panel-5-5/ 16 in. 
Slant depth- 24½ in. 
These tigures do not include the di­
mensions of the front panel frame. 

A scale,! drawing of the multiple loud­
speaker is shown in Fig. 2. 

T he iront panel of each wedge is re­
movable, the other hve s illes heing 
permanently secured. I II the interest 
of obtaining a fini shed appearance it 

is desirable to construct frames to fi t 
over the front panels as suggested hy 
the drawing. A brass wire screen meas­
ur ing about 13 x 36 in . should be staple(! 
to the front pa11el to prevent accidental 
damage to the speaker cone, anll then 
a suitable grill cloth tacked in place. 
If the irames have been properly re­
cessed they will lit snugly m·er the 
edges oi the grill cloth and wire. The 
frames 111ay be secured to the front 
panels usi11g small oval headed hrass 
screws and brass cup washers that have 
been blackened by chemical treatment. 
Observe that different screws are used 
to secure the front panel to the enclo­
sure and the frame to the iront panel. 

If wedges of trapezoidal cross section 
arc constructed an air column will exist 
between the speaker and corner of the 
room. For enclosures 4 ft. high, reso­
nance of this air column will occur at 
about 70 cps, and again at about 211 
cps, etc. It should be tilled with so11rnl 
absorpt ive 111aterial. In making th is 
eleml'nta rv calculation no end correc­
tion for the pipe was applied . 
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The Concrete Monster 
JAMES FERGUSON ,.., 

It could only happen in Cal ifornia- an exponential horn built into the side of a house! It's a neat job and 
must sound fine . We envy his originality- as well as his apparent disregard for domestic relations. 

O:SE OF TIIE MOST Dll'O l<T .\ :ST links in 
the audio chain , and oiten the 
weakest, is the speaker system, 

especially the speaker enclo, ure or baffie. 
Radio anll audio magazines devote fre­
quent ar ticles to them. Many preface the 
test hy saying that the exponential horn 
is the best and most efhcient method of 
transferring acoustical energy from the 
cone or driver to the free a ir in a room. 
Its high efficiency reduces di stortion by 
not rerJ11iring so high a setting of the 
volume control ior a given sound level, 

* 11900 iv est 111 i11stcr Place. Los A11gdes 
U, Calif. 

and smaller excursions of the voice coil 
keep it in the linear portion of its travel. 

The articles say that the mid-range 
and high frequencies offer no space prob­
lems for horns, but when it comes to the 
low bass the horn's mammoth size ( a 
length of some 16 feet and mouth diam­
eter of 10 feet) necessary to reproduce 
properly organ pedal notes and other 
bass down to 30 cps or lower simply rule 
it out. The little woman would not toler ­
ate such a 111onster in the living room, 
even if the hi-Ii bug would . So the arti­
cles offer you something less bulky 
which sounds less well at the bass end. 
\\"hen you compromise on size, you ofter> 

compro111isc on quality . 
After considering this knot ty problem 

for some time and building se,·eral en­
closures which promised "big bass" per­
formance in moderate s ize spaces, I still 
was not satistied. So I decided to !mild 
an exponential horn outsi,le the house, 
and merely let it poke its mouth into the 
room. And for the benefit of the 111any 
perfectionists who read th is magazine, 
the following is a brief outline of the 
svstem I have constructed. 
• I used three speakers, all exponential­

horn-loaded, and two dividing networks 
crossing over at 200 and 3,500 cps. The 
·'listening-room" is a combination living-

105 



and dining-room (Fig . 1), 31 feet long 
and 18 feet wide, narrowing to 12 feet 
in the dining section. Looking from the 
living-section into the dining-section, the 
cabinet containing the mid-range horn 
and four-in-a-row high-frequency horns, 
Fig . 2, is located in the right corner 
under a window. 

This cabinet is shaped like a cube 2 
feet square and 27 inches high, with the 
projecting corner sliced off diagonally so 
that its face is 21 inches wide. The lower 
20 inches is occupied by the mid-range 
horn anti hack-of-cone air chamber 
which surrounds it. It has a throat area 
of SO square inches which doubles every 
6 inches of horn length, being 400 square 
inches at the mouth. It is dri,·en hv a 12-
inch Wharfedale speaker which· has a 
porous cloth cone suspension. The four ­
cell high-frequency horn ( each horn 
with 4-inch-square mouth and 10-inch 
length) is located in the upper part of 
the cah inet with room for planters on 
each side. It is powered by a Stephens 
P -15 high-frequency driver. 

The sound from the big bass horn 
enters the room in the upper left corner 
of Fig . I through an opening 4 feet wide 
and 5 feet high, Fig. 3, wi th its top at the 
ceiling. The angle of ceiling and walls 
forms the last 5 or 6 feet of the horn's 
length, and its effective mouth diameter 
at this point is approximately 10 feet. 
The large opening has in no way de­
tracted from the room's appearance inas­
much as the grill cloth covers not onlv 
the opening, hut the rest of the wail 
above a dado and over to the corner 
winrlow. The opening fills the space to 
the left oi the mirror shown in· the pic­
ture. An un informed visitor would never 
suspect the presence of the horn's mouth 
from inside the room. 

The distance of a few feet that sepa­
rates the bass and mid-range treble horn 
give-s a spatial effect to orchestras which 
is very pleasing, if not third-dimensional. 

The Horn 

Now for the hig horn and air chamber 
( which is not !milt of wood, but of steel 
and concrete) illustrated in Figs. 4 and 5. 
The speaker, a 15-inch Stephens 103LX 
"woofer" with low-resonance cone, is 
mounted underground in a 55-gallon 
steel drum-the type that has a remova­
ble head- and is sealed with a gasket 
and ring_ clamp. The speaker is mounted 
on a ¾ -in. plywood r ing which is 
fastened to the underside of the metal 
dn11nhead. In addition, a second wood 
ring of smaller diameter was used to fill 
in the space between the mounting board 
and the head, due to the curvature of the 
head. 

A 10-inch circular hole was cut in the 
metal head, and ¼ inch was turned up 
for a flange to receive the first section of 
the horn . That made the opening 11 
inches in diameter and the hole in the 
wooden rings was tapered from this size 
to 13 inches next to the speaker. The air­
tight cavity oi the drum serves to halance 
the impedance of the back side of the 
cone to the horn-loaded fron t side. It 
also prevents the sound of the back-wave 
from being radiated to the neighbors . 

Incidentally, the sound from the ent ire 
horn outside the house is hardly audible 
from a few feet distance, even when it is 
delivering considerable volume in the 
house. 

The drum was partially filled with 
large stones to reduce its volume to ap­
proximately 4 ¼ cubic feet. The stones 
break up the space into several small 
cavities of varying sizes and shapes, 
producing a distributed resonance, rather 
than one large peak, as would he the 
case with one large cylindrical cavity. 

The horn starts from the drumhead at 
ground level and emerges into the open­
ing in the wall, making about a 95-degree 
turn, and having an actual mean length 
of about 11 feet (though its effective 

:· . . • - ~ . r-. ~ 
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Fig. 1. The author's dining room, which is port of the living room. Midrange and treble speakers 
ore in the small cabinet beneath the window at the right, while the horn opens into the wall 

at upper left . 

106 

length, inclucling the mouth fo rmed by 
the walls and ceiling, is over 16 feet ) . 
The first 3 feet, forming the throat, was 
made of 22-gauge galvanized steel in 
two sections. It was coated on the out­
side with asbestos-filled pitch or asphalt, 
and wrapped with a solid layer of binder 
twine. Then it was given another coat 
of pitch and wound spirally with a 6 inch 
strip of water-proof crepe paper as 
shown in Fig . 4. This provides excellent 
damping of spurious vibrations in the 
metal walls. The metal portion of the 
horn telescopes into the next, concrete, 
part for removal of the speaker. 

The concrete horn proper was made 
as follows, built up as shown in Fig. 6. 
Quarter-inch round iron bars were bent 
to form the corners, then square frames 
made of the same material were placed 
along the length of the frames at about 
2-foot intervals and tied together with 
wire where they intersected. Not shown 
are some extra rods which were added in 
the broad parts of the frame; these rods 
were spaced about 12 inches apart in each 
direction . Also not shown are some diag­
onal bracings of ¾ -inch rods. The frame 
was next covered with heavy-gauge gal ­
vanized metal lath , which was secured to 
the frame with "hairpins" of 18-gauge 
galvanized wire, spaced about 10 inches 
apart and tw isted. 

Fig . 2. Closeup of the mid- and high-frequency 
speaker section in the corner cabinet. 

Fig. 3. Mouth of the low -frequenc y horn opens 
into the listen ing area through a grille-cloth ­

covered port approximately 48 bv 60 in . 



Next, the opening was made in the 
wall by removing the stucco from the 
outside and lath and plaster from the in­
side, exposing two studs passing through 
the opening. One was removed for the 
length of the opening for easy access 
during construction, and the other "air­
stream" shape,! and left in place. 

( I must con fess here that I was reluc­
tant to tell my wife of my intention to 
cut a barn-door size hole in her dining­
room wall , so I maneuvered her into an 
over-night visit to her daughter in a 
nearby city. \Vhen she returned home. 
the <leed was done and it was too late 
for her to object. It seems that many 
wives don't share their husbands' enthu­
siasm for hi -fi. ) 

The frame, or cage, was supported in 
place an<l a coat of cement mortar ( com­
posed of one part plastic cement and 
three parts sand- to which was added a 

16 GA . SHEET METAL RING 

LOWER END OF CONCRETE HORN 
SHOOLD BE SUPPORTED BV TWO 1/ 4° X 2° X 2° 
ANGLE IRONS IMBEDDED IN FOOTINGS AS 
SHOWN AT X IN FIGUR E ~ 

STRUTS 

CONCRETE HORN 

STEEL DRUM 

Fig. 4 (left). The author with his externally located exponential horn . 
Wonder what the neighbors think it is. Fig. 5 (right). Cross section 
of horn structure with relation to the dining room wall. "X" indicates 
the 2 X 2 X ¼ angle irons embedded in concrete blocks to support the 

water-proofing and hardening compound, 
such as Anti-hydro, Sealcrete, etc.) was 
trowelled onto the metal lath. After this 
had set for 48 hours, more coats were 
trowelled 011 the inside and outside until 
a thickness of 2 inches or more had been 
built up. Each coat was scratched or 
roughened so the next would adhere 
firmly, and the last outside coat was 
"floated" with a sponge-rubber float. 
The inside was trowelled smooth. A 
metal ring was used at the small end of 
the frame, which acted as a screed 1 for 
plastering, and to make a neat ending for 
the concrete portion of the horn. 

The horn has an expansion rate which 
doubles in cross-sectional area every 27 
inches of horn length, beginning with the 
11 - inch circular opening in the drum­
head. The sheet-metal section, Fig. 7, 

1 Screed: A strip used to gauge the thick­
ness of the plastering. 

FINAL DIMENSIONS OF INSIDE OF HORN 
WILL BE 1' OR 2' LESS THAN SHOW I"< 

DUE TO THICKNESS OF PLASTER 

SQUARES SPACED 26 ' APART 
ON MAIN AXIS 

INSIDE OF SHEET METAL RING MUST 
FIT LARGE END OF METAL SECTION 
1' TO 2' BELOW TOP 

structure. 

makes a transition from round at the 
small end to square (with rounded cor­
ners) at the beginning of the concrete 
part. After the concrete had thoroughly 
dried out, the inside was coated with a 
sealer and then with gloss lacquer to 
make the surface more reflective. 

The opening into the room was cov­
ered with closely woven white nylon 
cloth about I inch back of the grill cloth 
( or at the stud Ii ne), and which was userl 
to prevent a "dark look" at the opening. 
It doesn't seem to make any difference in 
the sound. An open-mesh drapery mate­
rial was used for the grill cloth. 

I drive the speaker system with a 
home-built ultra-linear amplifier, using 
a Fisher audio control, with phono, tape 
recorder, and an AM-FM tuner as sound 
sources. TV sound comes from a 630-
type tele\·ision set. 

And how does it sound? \Veil, in pre­
vious articles on speakers and enclosures. 
the superlatives have been pretty well 
used up, but I've been listening quite 
a while and this is the best I have heard 
yet on the low end. The highs are good, 
too. • 

LOCK SE AM 

~ 
SOLDER 

22 GA. 
GALVANIZED 

STEEL 

~ ~·· 

SHHT 
• METAL 

SCRE WS 

3 - 1/4" X 1' ' L' 
STRAPS FOR HOLDING 
THROAT TIGHTLY TO 

DRUMHEAD 

l.f'PER SECTION r 

CURVES FOR UPPER AND 
LOWER SECTION FORMED 
BY 60" RAD<US 

JOl'IT AT THE ANGLE OF THROAT AND 
DRUMHEAD SHOULD BE SEALED WATERTIGHT 
WITH ASPHALT MASTIC 

Fig . 6. Basic framework of ¼- in . rods used as reinforcement for the horn . Framework is covered 
with metal lath before cementing. 

Fig . 7. Patterns for the construction of the 
telescoping throat end of the exponential horn . 
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Real Theater Sound 
Small • a Package 

THOMAS R. HUGHES* 

Part 1. The author, after years of analysis and desire, has 
reshuffled old facts and ideas to make a fresh approach. 

To THOSE WHO have followed the 
articles on loudspeakers and enclos­
ures in radio magazines it must seem 

that the subject has long been exhausted. 
There are as many different suggested 
ways of enclosing speakers and as many 
extravagant claims for the set-ups as 
there are pages in the dictionary but we 
know that in mam· cases our ears and 
memory are just deceiving us. 

The ears, after a good night's rest, 
are too ready to tolerate anything in 
the musical sound that is stimulating 
amt different. But the very divergence 
of design and choice in speaker systems 
is proof that no satisfactory standard 
has been achieved. 

The speaker system we have developed 
solves, for the first time, all of the 
speaker problems connected with high­
quality music reproduction i11 the aver­
age size living room. This has been ac­
complished by a departure from the rut 
designers have been in for several 
years-that of trying to adapt theater -
type speakers to living room use. 

In order that you will not assume 
this is just another speaker enclosure: 
that happened to charm the ears of its 
master, we ask you to bear with us in 
a thorough discussion of the principles 
involved, before we finally give you the 
details of constrra:tion and accomplish­
ment. 

•3721 llillcrrst Drivr, Los Angeles 16, 
California 
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Our objective is to reproduce (as ac­
curately as is physically possible) fine 
music, of all types, in the average size 
home. The problems which have to be 
solve,! for most of us are: the high cost 
of available systems; their large bulk 
and difficulty of fitting into the decora­
tive scheme; the problem of having to 
operate recommended systems at too 
high a volume level in order to achieve 
the effect called "presence"; the problem 
of obtaining life-like definition of instru­
ments and effects when the musical score 
explores a polyphony of superimposed 
parts and melodies; and lastly the prob­
lem of extra amplifier capacity required 
for the available high-quality systems. 

Engineers conquered the problems oi 
adequately reproducing fine music in 
the theater many years ago, but there 
has been a lack of realistic approach to 
the nee,ls of the normal home listener. 
Having played in both symphony and 
dance orchestras in younger years and 
being an engineer by profession, the 
writer has been struggling with these 
problems for many of his older years. 
Having dozens of music-loving ac­
quaintances who would he in the market 
for the proper article, if it were avail ­
able, we cleterminerl to develop a stock 
item that could be moved into any room 
without disrupting it. Since the prob­
lems are so interwo\'en, we will not take 
up their solution in any regular sequence 
but will refer to them at relevant poiiu:s. 

• 
Fig. 1. The com­
p I e t e d three-horn 
corner reproducer in 
a typical living-room 

setting. 

• 

A Fresh Approach 

The solution of all our problems starts 
with the proper generation of the lower 
frequencies and here is where we part 
company with the designers and authori ­
ties. We are not so interested in a flat re­
sponse down to 40 or 50 cps because 
musical scores rarely call for funda­
mentals so low, nor do orchestras or 
ears provide a flat response. What we 
demand is the clear generation of the 
full harmonic structure of the cello, with 
its rugged vigor, or that of the bassoon, 
with its alluring intensity, and the jungle 
vibrance of the marimba bass notes. 

Someone has said that most speaker 
designers listen to music through their 
slide rules. However, the effects we are 
interested in can not be distinguished 
by instruments in a laboratory. Further­
more, they are difficult to achieve in the 
home with normal speakers. So we will 
give you our specifications for simple 
solution. 

In spite of the fact that many folded­
horn corner-speaker enclosures are be­
ing built for home use with 15-in. 
woofers, the sales points for a large 
woofer are only applicable when it is 
used in a box or baffle enclosure. And 
it should never be used for symphonies 
in an average size living room. 

\\'here it is used in a bass-reflex cabi­
net or any other box resonator, the prime 
objective is to have the natural !owe!" 
cone resonance fall below the cutoff point 
of the program material. This can only 
be accomplished with a large cone of 
careful design. But, with horn loading­
of our woofer, we are not much con­
cerned with resona11t points because 
a horn levels them out to a great extent 
and sti II maintains acoustical coupling 
below these points. 

On the other hand, there are many 
factors against the use of the large 
woofer in a home installation. The most 
important one is that, when it is worked 
at its intended amplitude, it produces 
outraged cries from family and neigh­
bors. You don't get the robust timbre 
of bass instruments or singers from a 
large speaker that is just coasting along 
at comfortable room level. 

Another factor against the large 
woofer is its cost. If you are determined 
to hear anti feel the impact of that bass 
clrum heat and you open up the input to 



your big cone, you will have to have a 
heavy field magnet for proper attack 
and decay at full amplitude. That's when 
the cost starts mounting but that isn't 
the main factor in the cost of a really 
tine woofer of theater proportions. Un ­
less many details are considered in 
proper shaping, strengthening, and sus­
pending of the large cone, you will not 
get a clean attack and decay--cven with 
the heavy field magnet. 

These are problems you have to ac­
cept in producing adequate volume for a 
theater or auditorium. but why should 
the home owner have to be saddled with 
them? By the use of a small, light, but 
stiff cone, we have avoided all these dif­
ficulties to a great degree. 

Therefore, we will start with a ,1oofer 
which has a small hard cone-not over 
an 8-in. nominal size with a 6-in. effec­
tive working diameter. Phenolic im­
pregnate,! paper works very well for the 
material of the cone. The angle it s sur­
face forms with the axis is smaller than 
in the normal speaker because we are 
not concerned with direction of sound 
projection. In other words, it is a steep 
cone. 

This is contrarv to all the literature 
on the subject, h,;t we want it to work 
as a piston right up to the 1000-cps 
crossover, and only a small cone will 
do that. \Vhen a larger cone is used, it 
ceases to work as a piston at much 
lower frequencies, and trouble is likely 
to be encountered with spurious vibra­
tions in the walls of the cone, producing 
subharmonics and the familiar buzzing 
on sustaineri low notes. 

To drive the cone, we use a voice 
coil with a relatively large diameter for 
an 8-in. speaker- not less than 1 ¼ in. 
and preferably 1 ½ in. or larger. This 
places the thrust more nearly in line 
wi th the outer suspension ring and, 
with the steeper sides of the cone, pre­
vents generation of subharmonics. The 
coil is round copper wire, as we arc 
more concerned at low frequencies with 
low resistance to signal cur rents and 
proper heat dissipation than we are 
u·ith mass. 

Another important feature of our 
speaker is its heavy magnetic field. The 
first woofer we used consisted of the 
field pot from an old RCA 104 loucl­
speaker, with a new cone made of 
phenolic-impregnated paper. This was 
an electromagnetic speaker which re­
quired around 25 watts of field ex­
citation. 

Both the spider and the outer sur­
rounding suspension ring must be freelv 
compliant to avoid distortion fro,i1 
mechanical nonlinearity. H owever, the 
outer surround must be sufficiently tough 
to endure the rigorous punishment it 
receives, since the stiff cone does not 
absorb any of the flexing as an ordinary 
felted paper cone would. A ring of 
imitation leather similar to plastic 
materials used in upholstering makes an 
excellent surround. 

Fig. 2. View of the structure described by the 
aut hor in early stage of construction. The 
bac k wave from the cone passes to the front 
of the cabinet, back around a partition to 
t he rear, the nce out through the side pas­
sages shown in Fig. 1, as indica ted by the 

arrows. 

Harnessing the New Creature 

The loading of this driver is ac­
complished with two horns. The outer 
mounting ring of the speaker frame 
bolts to the sheet metal horn, pictured 
along with the speaker. This horn has 
a 4½-in. square throat arnl an ex­
ponential flare that doubles in area 
e,·ery 1 ¾ in. of axial length and ends 
in a mouth about U in. square. From 
the formulas for exponential flare and 
size of mouth opening, it is seen that 
this gives a low-frequency cutoff at 
around 450 cps. 

Since the woofer is designed to work 
as a more-or-less rigid piston through­
out it s range, its response falls off 
rapidly for signals at much ahove 1000 
cps, but the divicling network is de­
signed for 1000-cps crossover. Thus the 
work ing range from this center horn is 
approximately 450 to 1000 cps. 

The back of the wooier is loacled with 
a folded horn which depends on the 
,1 alls and floor at the corner of a room 
for extension of its mouth and flare . 
Designers know from long experience 
that frequencies above 450 cps will not 
follow the tortuous path of a foldecl 
horn, so this horn handles the fre­
quencies from 450 cps down to the 
lower extremity of its response. 

Speaker expense is held to a minimum 
by the absolute simplicity and foolproof 
design of the woofer. It sounds too 
simple and easy to construct hut it 
really works. And, for use in a small 
house, any good low-priced horn 
tweeter can be matched to it. 

\Ve are not concerned with direction 
of sound projectiou in a normal living 
room for it bounces off the walls at us 

from all directions. And, when the 
speakt:r system is placed in a room 
corner, there is no use in talking about 
120-deg. spread of a multihorn tweeter, 
because the walls only allow 90-deg. 
spread. 

Advantages of Horn Loading 

The g reatest advantage of a horn 
o,·er all forms of boxes and resonators 
is the much smoother response curve 
with its ireedom from ,;harp peaks and 
clips as different frequencies are reached. 
The only difficulty of reproduct ion or 
transmi ssion hy horns is in the natural 
nonl inearity of the a ir column when the 
greater amplitudes of the low frequencies 
are irnpressecl upon it. 

The nonlinearity of air coupling ap­
pl ies equa lly to any form of box or 
resonator. At the same time the re is 
trouble in boxes and resonators from 
both the mechanical re,onance points of 
speakers and the acoustical resonance 
points of enclosed ai r , as well as that 
oi standing and retlecte,l waves. Stand­
ing waves are set up by the meeting of 
equal waves retlecte,l from opposite 
sides of an enclosure, sllch as a bass­
reflex cabinet. 

Standing waves are only produced 
when the wave length is shorter than 
the internal dimensions of the enclosure 
and when the sides oi the enclosure are 
parall_el. Thus, it is easy to produce 
standmg waves in a living room with 
two bare walls facing each other and 
the speaker axis parallt'l and centrallv 
spaced with these walls. Standing wav;s 
produce overemphasis or de-emphasis of 
certain harmonics so that a clea r 
rounded voice or tone structure is not 
heard. 

f{eflected waves at high irequencies 
( the wavelength shorter than the in­
ternal dimensions oi the box) cause 
distortion within any enclosure because 
they are out of phase with the direct­
radiated frequencies . T hus the box must 
be lined with loose hair felt or other 
acoust ical material which will effect­
ively trap such un wanted high fre­
quencies within the box. The larger the 
enclosure the more out of phase these 
pat)is becon!e and the more important 
their trappmg becomes. This is es­
peci_ally tru~ in a lahyrinth passage for 
a smgle ,1·Hle-range speaker. 

But we are not concerned with either 
standing or reflected waves in our 
system because we don't generate anv 
short wavelengths within our large 
horns. The shortest wavelength that can 
)>e g_enerated at the crossover region 
1s slightly under one foot, and could 
cause none of these troubles in the 
small passages of the folded horn. It is 
the combination of low crossover fre­
quency, horns, and corner position in 
the room that removes these problems. 

Before you can appreciate the happv 
set of circumstances which makes thi°:, 
design so ideal for music reproduction 
the process of sound transmission 
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through horns at different frequencies 
must be understood. 

Sound waves are longitudinal m 
motion and tend to disperse in all di­
rections in the form of a spherical wave. 
If originating between two buildings, 
for example, the wave reauily bends or 
<liffracts around corners and disperses 
in all directions. This is true mainly 
for the longer wavelengths, however, 
as they tend to cause actual compres­
sion and dilation of the air with enough 
energy to overcome the friction of 
changing direction . 

The formula for surface area of a 
sphere is 4nr1 while that for the portion 
of a spherical wave subtended by the 
walls and floor around our speaker 
location is nr / 2. Thus the sound gen­
erated in the corner is eight times as 
effective as it would be if generated out­
doors on the top of a tower. By similar 
comparison it is apparent that the same 
sound source would he 111any times more 
effective if its wave propagation were 
confined to the almost parallel sides of 
a long horn . 

The function of a horn, then, is to 
start the sound wave out as a minute 
sector of a spherical wa\·e and gradually 
allow the sector to increase in surface 
area till it is finallv turned loose in 
the atmosphere. The ·lower the note the 
stronger the walls have to be to con­
tain it and the more readily it spreads 
and diffracts around the edge of the horn 
mouth when released. By using the 
corner of the roo111 as an extension of 
the horn, the wave is ne\·er allowed 
to diffract around the edge and, conse­
quently, the volume of those low notes 
is conser\'ed for the listener to enjoy, 
in balance with the high notes. 

It is not so simple as it sound s, 
though . Tests ha\'e proven that the 
greatest tn0 \'ement of the air particles 
takes place along the \ alls of a larg·e 
horn when low notes are being trans­
mitted . This is known as "annular 
movement" ancl is co111parahle to "skin 
effect" when high-frequency currents 
travel iln electrical conductor. This 
effect diminishes as notes of higher 
frequency are transmittecl. If we start 
low notes clown the sides of a large 
horn an<I have higher notes taking a 
more direct course down the axis of 
the horn, it is. easy to see that there is 
going to be considerable turmoil. 

The solution to this problem is to 
hold the large horns to a relativelv 
narrow range of trans111it ted frequencie; , 
This is what we have done hy ha\'ing 
two horns to handle the frecp1encies 
below 1000 cps. The t,\·eeter, for use 
at a higher crossover, can use a simple 
horn . with considerable saving in price. 

But, not only do you have distortion 
betwffn a wide range of frequencies 
in a large horn- vou have distortion 
between single low· notes anrl the out­
s ide atmosphere. Katurally, if you send 
a burst of annular ripples down the side 
walls and then allow them to suddenly 
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diffract around the mouth of the horn, 
outside air is going to try to rush inward 
along the axis and cause both reflected 
waves toward the speaker and distorting 
eddy currents with the outcoming soun rl. 

Natural Distof'tio11 from l11strume11h 

Next time you are near some brass 
instruments, if you listen carefully you 
will notice that the lowest notes from the 
hass horns have a crackling sound. Like 
a series of sharp pops- similar to the 
crackling noise from exhaust pipes of 
large truck engines as they accelerate. 
To a lesser degree, you can distinguish 
the same crackling in vigorous low notes 
of the l,aritone horn ancl follow up 
through the alto horn, trombone, and 
low notes of the trumpet. You don't get 
completely away from the crackling ef­
fect till you listen to the smaller "toy" 
trumpet usecl in much of I fandel's 111usic. 

Examine a mute for use in one of 
these instruments and you will see that 
it is rlesigned to close out the outside 
air from the center hut permit the an­
nular passage of the fundamental notes 
along the walls of the horn . Thus it 
suppresses the upper harmonics of the 
fundamental notes and kills the eddv 
c~1rrcnts set up in the mouth hy outside 
air. 

These Lrass horns can not take ad ­
van tage oi the walls of the room to ex­
tend them, so they have exaggerated 
flares or "bells" at their 111011ths, to soften 
the sndclen release of annular wa\·e mo­
tion as it reaches the end of their re­
straining walls and to, achieve better 
acoustical coupling. Thus 111usicians live 
eve ry day with this harsh distortion of 
the brasses, and the expression "brassy" 
has an understood significance. The en ­
thralling rust ic vibrance of a "brass 
choir" woulcl he lost without this effect. 

All oi these features of the horn work 
to advantage in this system. The furnia­
mental ranges of the brass horns fall he­
low 400 cps an,) therefore are in the 
range oi the folded horn . The annular 
effect is what makes it possible for us 
to bundle the whole works up in a small 
cabinet and bring the bass notes out oi 
narrow slits along the wall. 

It is these very hass notes that will 
readi ly swing around the folded passages 
oi our horn while the higher notes are 
snuffed out hy loss of energy in acousti­
cal resistance. Thus we have an acousti ­
cal filtering and less worry about inter­
frequency dis tortion . At the sa111e ti111e, 
we have the effect of a large horn mouth 
without the distortion from eddy move­
ments, because the cen ter of it is taken 
up by the main body of our cabinet. 

You may say that since we are es­
sentially using the corner oi the room 
beyond our cabinet as the mouth oi our 
horn, we have theoret ically reproduced 
the same features we sa id caused inter­
frequency di stortion in a large horn . 
For we bring the higher frequencies of 
our cen ter horn out into the same mouth 

with the annular movement of bass notes. 
But there is little comparison here-as 
a plan view will show-for the angle of 
spread in a 90-deg. corner of a room 
is so great that their mixing is hardly 
of consequence. In fact, this is where 
the nonlinearity of the surrounding air 
works to our advantage. Remember that 
the low notes are trying to expand side­
wise to iorm a sphere an1I have no 
tendency to move inward to mi.x with 
notes from the center horn , while the 
bulk of our cabinet in the center pre­
\·ents the e,!dy movements in the same 
way the mute cloes in a trombone or 
other hrass horn . 

I II the room with our speaker system 
one has the feel ing of sitting in the 
orchestra wi·th the instruments playing 
all around him. Within a few feet of it 
you are, in effect, sitting in the mouth of 
the horn. If one wants to hear a sym­
phony with the feeling of being in the 
twentieth row of a concert hall , he can 
place the speaker in a room next to the 
living room and let the notes blend be­
fore coming through a door into the 
liv ing room. 

Part 2. 

The fir st woofer had such a large 
field coil that the cabinet had to have 
consi<lerahle ,!epth from the front, or 
face, h.-1ck into the corner of the room. 
This meant that the face was wider 
also; as you can see, the base of an 
equ ilateral t riangle increases with the 
alti tude. The secon<I assembly was built 
around a \ oofer with a permanent mag­
net and was scale1J down somewhat in 
dimensions because the smaller magnet 
could be fitte1l into the corner more 
snugly. 

The woofer may be built up by re­
moving the frame from the permanent 
magnet structure of an old 12- or 15-in. 
speaker anrl replacing it with a sturdy 
8-in. frame. I lowever, a high-quality 
field-coil magnet ca,1 be used, if avail ­
able, provided it has adequate wattage 
so as to provide a la rge mag-netic flux­
somewhere around 10,000 lines per sq . 
cm. It is necessarv that the structure 
selectecl ha\'e a deej, voice-coil slot, and 
that the pole pieces are long axially. 
TI1e \'Oice-coil diameter should be at 
least l ¼ in., and l ¼ in. or more would 
be even better. 

Suitable speaker frames-inclu,Jing 
the 1:iagnct structure--can usually be 
obta ined for a relatively low co;t from 
a shop which specializes in rcconing 
spe;1kers. \Vhile many oi the modern 
high-flux-density speakers would pro­
vide an ideal magnet for this purpose, 
it would he futile to suggest disassem­
bling one of them ior the special type 
of woofer we desire. It was stated pre­
vi ously that such speakers were rela­
t ively expensive, and that this design 
was economical. 

Having secured a suitable magnet 
structure, it might also be possihle to 
obtain from the same source a frame 
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Fig. 3. Detail of one 9ide of the metal horn 
COYerin11 the ran,e from 450 to 1000 cps. 

or "basket" for an ~-in. speaker. Re­
member that this basket should be as 
deep as possible- the one used on some 
oi the earliest <lynamic speakers is the 
type to obtain. Assuming that you suc­
ce~d in obtaining a permanent magnet 
umt, be sure to cover the voice-coil 
opening immediatelv with Scotch ta 
either the cellophat1e type or that known 
as masking tape- to preclude the slot 
being filled up with metal particles. Once 
these particles become lodgud in the 
voice-coil slot, it is almost impossible to 
remove them- although one of the most 
etTccti,·e ways to ''try" to get them out 
is to fold a piece of thi s same tape over 
the end of a thin strip of metal, which 
can then be usetl to "wipe" the slot. 
A large J>ercentage of the tilings can be 
removed m tl11 s manner, although some 
are almost certain to remain . 

After you have mounte<l the smaller 
frame on the mab'llet the rest is up to 
the speaker rcconing expert. He must 
design a steep cone of stiff parchment, 
such _as phenolic impregnated paper, an<l 
a voice coil to handle the wattage re­
quired for a small woofer. To match the 
average horn tweeter and utilize smaller 
capacitors in the dividing network the 
,·oice-coil impe<lance should he ar~und 
16 ohms at 400 cps. This isn 't criticai, 
however; a value of 8 ohms is still 
usable. 

The most critical item is the sus­
pension of this cone. It will ha,·e a much 
gr:eater excursion than any normal 
8-m. speaker, so both the center spider 
a~d outer surrounding ring shoul<l be 
ot some ·plasticized cloth fabric or soft 
le:"\ther r,uhcr than the usual molded Illa! 
ot paper. These suspensions must he 
free in 11KJvement (not -stiff ) hut able 
to s_tand the punishment of the greater 
flexmg. The effective working diameter 
of the cone proper-its outside diameter 
- will prob.1bly Ix: around 6 in. 

The Intermediate Hom 

_Bolted to the mounting ring of the 
8 - 111 . "'.oofer 1s the direct-radiating in­
termediate horn. Through this horn 
pa....-.ses the lllajor portion of the funda­
mental notes and the drum and cymbal 
era.shes, ctc. For the low notes of the 
outside l!orn, the sh.i.pe of the walls is 
not so 11nportant but for this inter­
med!ate horn we must carry the flare 
out 111 a smooth exponential curve. 

T~ meet all requirements, a throat 
ope11111g of 4½ in. squa re works out 
best. T:lke a sheet of paper arnl draw an 

axis_ across_ the c~nter. Then plot points 
on 1t start mg with the 4 ½-in. throat, 
so that you will have a side elevation of 
tl!~ horn standing on its mouth, as in 
hg. 3. Measure off three di visions of 
I¼ in . each along the axis and strike 
off a chord at each division, perpemlicu­
lar to the axis. The area of the throat 
opening is 20.25 :4. in . By doubling this 
area an<l extracting the square root, it 
1s found that the span along the side 
at the first chord will be 6-1/3 in. Plot 
half of this 1listance along the chord to 
each side of the axis. At the next chord 
the dimension will be 9 in. and at the 
mouth it will be 12¼ in . 

Next, tra~e a smooth curve through 
the four po111ts plotted on each side of 
the axis. This is best done with a 
" French Curve;" you may not find a 
cun-e that falls exactly 011 all four 
points but retrace the different sectors 
to get it as close as possible. Then use 
a _flexible rule to measure the h:mgth of 
this curve to clctermine how Jong to cut 
the sheet metal side from throat to 
mouth. 

To make these sides, get some 22 or 
24 ga. furniture steel. 20 ga. is a little 
stiff for shaping but would gi,·e gre;\ter 
rigidity of the horn walls. On t!1e steel, 
draw the axis again and then !av off 
the distance alon,:: tl1e axis that· was 
measured around the curve. Divide this 
distance into three equal divisions for 
the chords and lay off the former dis­
tances across the chords for the points 
oi the curves. 

The cur\'es will he the same for all 
four i;ides of the horn , hut two of the 
sirles must have a ¼-in. strip added 
along the edge as shown in Fig. 3. At 
the mouth oi these two sides leave an 
extension of an addi t ional I in. to heJJd 
over. At the throat of all four sides, 
leave an extended lip as shown. Cut out 
the two pairs of sides as drawn and 
then snip out little wedge-shaped pieces 
from the ½-in. extemled edge left along 
the curves of two of the sides. 

The flange shown in Fig . 4 must be 
made from ft:--,1iture steel of at least 20 
ga. or heav!er. Cut out a circular piece 
tl~e same diameter as the outside c<lge 
o_t the 8 111. speaker frame. Scribe a 
~1rcle on 1t which will just clear the 
1_nncr edge of the speaker gasket where 
1t _ bolts 011 to tl1is flange. Then mark 
ot_f th~ 4½ x4,½-in. square in the center 
ot this circle and saw across the di ­
agonals with a hacksaw, as shown. Drill 

Fig. 4. Detail of the speake, mounting ring to 
be attached to tfic horn o# Fig. 3. 

Fig. 5. Detail of tfie mounting of the speake, 
on the ffange .ind ho,n. 

two rows of ¼-in. holes at the corners 
for starting a saw blade in the cuts . 

Clamp the circular edge in a \'ise so 
th_at a 4½-in. side of the square is flush 
\\:1th the edges of the vise jaws. If the 
vise ~oes not have jaws wide enough, 
tl~e \\'tdth can be extended by two small 
pieces_ of angle iron. Bend the triangu­
lar p~ece, between two diagonal saw 
cuts, mward to a 90-deg. angle against 
the vise Jaw. T)1en ~rim off the triangle 
to lea\'e a ½-m. hp as shown. Berni 
0\'er the next triangle, being careiul to 
choose the ~ide th_at ,~ill let the tin snips 
clear the first hp Just cut. Continue 
around for all four triangular seg­
ments so that a 4½ x 4½- in. mouth 
opening with ½- in. lips results. 

The lip extensions, at the throat line 
of the horn sides, should he cut to match 
the portion of the flange they mate with, 
around the mouth. These lip pieces may 
he bent over at approximately 90 deg. 
and the exte11s1011s on the hot toms of two 
sides may he bent 0\'er in the same di ­
r:ction, to an angle of approximately 
4:, 1leg. Then the two sides without ser­
rated edge~ may he clampecl against the 
flange, fac111g- each other, with the ¼-in . 
lip of the throat extending inside the 
horn anti their upper lip pieces against 
the flange on the side away from the 
speaker gasket, as in Fig. 5. 

\Vhile these_ pieces are clamped along 
the edges, <lnll small holes ancl rivet 
sm:ill tinner's rivets or nail stubs, so 
that they fall within the circle you drew 
~o clear the speaker gasket. Aiter rivet­
ing the two sides 011, they can be care­
full_y sl~apcJ over a large pipe or other 
cylmdncal surface, for the horn flare 
curvature. Next, form the horn flare in 
the two remaining silles and then hend 
over the saw-teeth edges to the proper 
angle with pliers. 

These_ saw-teeth are to reach along 
the outsule of the other two sides and 
allow the soldering iron point to apply 
heat effecti,·ely and to flow the solder 
between n1ating edges. After you are 
sur~ ~very thing fil'I properly, these re-
111a m111g two sides may he riveted to the 
flang_c at_ the speaker end. Some me­
cha111cs like to tin tl1e mating surfaces 
before aS!>etnLling. Use a little "cut" 
muriatic acid on the edges and solde,· 
w1tl• !1alf-:1nd-half solder and a large 
solder~ng iron. Soldt-r an inch or two 
at a t1111~ _while clamping the edges in 
sn~g pos1t1on with "C" clamps or other 
smtahle means. 

After all corners are well soldered, 
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Fig. 6. Completed horn , shown with the early 
electrodynamic driver unit used in the first 

model. 

place the throat opening over a flat 
extension of the vise or an anvil and 
use a hammer lightly to shape the inner 
½ -in. lip back against the inner surface 
of the horn for solder ing. For riveting 
in tight places or for this shaping pro­
cedure, a stiff bar or angle iron can 
be clamped to extend out irom a strong 
vise. This lip should he soldered to the 
horn wall to kill any chance for spurious 
vihr_ation l~twt"cn the horn and flange 
sections. F1g11re 6 shows the finished ap­
pearance. 

\,\!hen you are through soldering there 
must be no vi~ihle .1ir leaks up the cor­
ners of the horn or where the flange is 
attached. The speaker mounting ring 
11Just have a continuous gasket to mate 
with this horn flange, for completing 
th is air-tight effect. Before the sp<'aker 
is boltell to the horn, solder a piece of 
light har(!ware cloth across the th roat 
oi th<" horn flange, leaving no free edges 
to viLra~c.. 

Design of the Main Case 

The surest way to cut and assemble 
the sections of the wood cabinet without 
mistakes is to make a plan drawing of 
its assembly to scale, similar to Fig. 
7 or 8. Th is is especially true if the 
plywood is of cliffcrent thicknesses. In 
the cabinets we constructed we used ½­
in. plywoocl throughout, hut the front 
of the cabinet, sides, top, ancl bottom 
could he made of th icker plywood if it 
is on hancl. A !I pieces must he at least 
¼ -in . thick , however. 

Fig11re 9 shows the metal horn at­
tached to the front hy wood screws but 
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this was our first assembly . ln later 
models, the tin-like separator r,ieces pro­
ject at right angles from the center of 
each side of the sheet metal horn, to 
act as struts between partitions, and 
they arc slotted across one side to let 
the 3/16-in. truss rods pass through 
them. These pieces must be shaped to 
fairly well match the surfaces they are 
to push against, and to obtain a snug 
fit so that partitions will not be sprung 
out of position as truss rods are 
tightened. 

A truss rod passes from the side of 
the sheet metal horn to the outside of 
the cabinet in each of the four directions 
at the center of the sound passages. Aftei 
partitions for fol<lecl horn sound pass­
ages have Leen cut and shaped to fit 
together correctly, these fin-like sepa­
rators lllUSt he lined up with the direc­
tion of soun(! and tackell in place with 
small brads. As the horn partitions are 
assemhlcd, a 3/ 16-in. roll ( such as stee·I 
welding rod) can he threaded through 
the group to help line up the separators 
while they are tacked in place. 

Finally each truss rod may be cut to 
le11gth and threaded on each end. Screw 
a nut on one end with a th read or so 
sticking through ; clamp the rod in the 
vise ':Vith the nut resting on the jaws ; 
anll rivet the end wi th a ball peen ham­
mer. This end is used at the outside of 
the cahinet with a large washer to keep 
the 11ut from seating into the wood with 
the vibrations. The other nut is screwed 
on the end which sticks into the sheet 
metal horn , with a good lock washer t0 
keep it from work ing loose. Allow plenty 
of thread on this end for tighteni11g. • 

In installing an 8-in. speaker frame 
on the larger magnet an additional 16-
ga. metal tlangc can he incl11ded in the 
ass<'mbly, as shown in Fig. 7, to forlil 
a tie or hub for the part it ions of the 
soun(I chamber. This member seals off 
the passage of souncl to the rear and 
gives a more direct support for the 
heavy magnet. With our fir st woofer 
we 1_1sed a wooden collar, fabricated by 
glue111g two !ayers of ¾ -in . plywood 
togeth~r, as sh_own in Fig. 8. One layer 
was gwen ¼-in . slots to let a 3/16-in. 
tic rod pass throngh on each side of the 
speaker magnet. 

Fig. 9. Method of mounting horns to front of 
cabinet structure. 

\Vhere the metal horn fits througl1 
the front panel and where the partitions 
were fit to the wooden collar around 
the speaker, a thin layer of plastic ( 11011-

hardening) putty was appliecl hetween 
surfaces. This was to seal from passage 
of air ancl to prevent any spurious vi ­
hrations at joints. 

No. 8 wood sere, s, of different 
lengths, were used in our first cabinet. 
Lengths were chosen so that I i11 . or 
more of thread was seated in the holding 
member and they were spaced 1¼ in. 
apart in short runs and 2¼ or 3 in . 
along the 111ain sides. A small hole was 
drilled to guide each screw and prevent 
split t ing of edges oi panels. Then the 
holl' through the held piece was enlarged 
for the shank and countersunk. A bit of 
floor wax ·,vas use,! to ease each screw 
home i11 its long run . 

Arranging Inner Passages 

111 computing the sound passage area 
past the speaker mounting flange, the 
cross sectional area bet ween partitions, 
at A in Fig. 7, is figured and the cir ­
cula r area of the speaker fla11ge de­
ducted. lt will be seen that the sound 
waves have to turn a (){)-deg. angle at 
the space marked A before departing 
from this chamber back of the mounting 
ring. Thus frequencies of the intermedi­
ate range .tre filtered out hy acoustical 
resistance hefore they can cause much 
distortion in the folded horn passages. 

Continuing along the inner sound 

Fig. 7 (left ). Horizontal and vertical rections through the center of the speaker unit for the secOfld model using a PM dynamic driver. 
Fig . 8 (right). Sections through first model, using the dmer shown in Fig. 6. ' 
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passages, the cross sectio11al area at 
each change of <lirection is tigure<l for 
doubling every 12 in. in axial length. 
Since there is no co11ti11uous 12-in. run 
in any part of it, this ca11 011ly be a 
rough approximation, by proportions. 
Remember to allow for the same degree 
of expansion as the sound hcnds around 
the end of partitions because it may 
tra\'cl four or five inches axially in these 
bencls. Leaving the sound chamber at A, 
the low note-s pass toward the front of 
the cahinc~ and arc bent back at B to 
pass rearward along the top and hotto111 
panels to C. 

Many corner speaker cabinets <le­
pend on the walls of the room to form 
the tinal folded ]A'\Ssage, but this design 
uses complctt side: panels with the truss 
rods terminating in them. Pieces of ¼­
in. hair felt were g-Iuc<l along the out­
side of these panels to prevent their 
making vihratini; contact with walls of 
the room. Rubber feet were installed on 
the hottom. Thus, there is practically 
no sou11d transmissio11 through the room 
walls at normal operating levels. 

Curved inserts of sheet metal were 
bolted to the side walls and center sep­
arator to help the sound around the last 
hc:id at C and prevent possible <listor­
t·i;,11 in this large chamber which sur­
rounds the magnet. This sheet metal 
may be any gauge from 28 to 22, for 
easy shaping. Use lock washers on all 
bolts, which arc 8-32 machine screws 
in n1ost loc1.tions. 

Heiore tightening the truss rod 11ut~ 
in the metal horn, 011 the tinal assembly, 
twist a turn of small wire un,ler each 
nut and allow the two en<ls to reach 
out the iront like hairpins. Then take 
an ol,l gauze or lace curtain and wad it 
up and pack it loosely in the horn to 
till it almost to the mouth. Place a piece 
of light hardware cloth over thi s curtain 
arnl secure in place with these hair pins. 
If the hardware cloth is not light and 
pliable, its ends may receive vibrations 
from touching the metal horn. 

The purpose of this curtain wad is 
twofolcl . Naturally, the direct radiated 
sound is much more effective than the 
lower notes which have to t raverse the 
folded horn. So this material acts as a 
mute to cut down the intensi ty of the 
emerging notes and provide a distortion­
free coupling with the outside air. Thus 
a fair balance can be obtained between 
the two horns and further experiment­
ing may he resorted to in order to suit 
the needs of the particular speaker and 
horn asselllhly. 

Don't he too concerned about the 
looks of the sheet metal horn or other 
ieatures arounrl that part of the cabinet 
because it will have to be covered with 
some cloth or other finishing. Picture 
molding was usetl to form open louvers 
over the horn on our tirst cabinet. There 
are many ways to dress up this cabinet 
to tit in with the surrounding environ­
ment. Do not nm any wide molding up 
the edge of the horn opening against 

the wall at D, Figs. 7 an,I 8. Any mold­
ing which extends into this opening 
from the wall would curtail the annular 
mo\·ement of the lowest notes along this 
outer wall. 

Like most experimenters, we have 
ne\·er gotten around to finishing our 
cabinet because we arc too busy on 
other projects. Louvers should not be 
use,! over the tweeter and any cloth used 
over its opening should he of fairly 
loose weave and hard, wiry thread, 
preferably plastic. 

Both the h\'ecter and the center horn 
must he mounted flush with the front 
surface of the panel ( disregarding 
louvers which cxtcn<l beyond). The 
reason for this is, of course, to avoid 
any discontinuities in the sound path 
where the horn joins the open air. 

Sounds like a lot of work, doesn't it? 
It has taken years of strugi;ling to 
achieve this ideal and the real listening 
satisfaction ior a trne music fanatic. 
Let's put it this way: A sextet of saxo­
phones of different ranges can imitate 
the brass choir, hut the comparison in 
texture is about the same as comparing 
an ordinary 12- or 15-in. resonator­
hoxed speaker with our system-except 
that the saxophones arc a little muddier 
than the box speaker. 

Part 3. 
As pre\·iously stated, the tweeter may 

be any goo,! make of horn tWl'l'ft'r. wit lt 
a horn that cuts off well helow 1000 cps. 
Some manuiacturers ha\·c \'Crs ions that 
are inexpensive ($17 to $35) apd suita ­
ble for our purpose. As stated earlier, 
we are not so concerned with the angle 
of sprea<l of sound from the tweeter. 
where it is to he used in the corner of 
a living room. The rated impedance is 
most desirable at 12 or 15 ohms hut it 
may he 8 ohms. In any case, it is simpler 
if it has the same impedance as tl:e 
woofer used. 

\Vithin the woofer's operating range, 
its voice coil impe,lance docs not range 
much ahove its d.c. resistance valul' . 
while the impedance oi the tweekr 
varies over a larger range. in relation 
to the frequencies it is gl'nerating. So 
we can <lesign thc componcnts of the 
dividing network for the impedance o i 
the wooil·r an,! forget about the tweeter . 
as long as it is not over 100 per cent 
from that of the \\·ooin. and we can 
match impedances by using ;uh! tional 
resistors, if desired. 

l\lany good articles in the literature 
have covered the details of designi 11g 
am! constructing <li\'iding network,-. 
These art icles gi\·e charts for estimating 
the nnmbcr oi turns of wire to wind 011 
each coil and the dimensions of the coil 
spools, etc. So we will not take up space 
with such details here. 

For winding coil s. remnants of No. 
16, 17, or 18 magnet wire can he oh­
tai ned from motor winding shops and 
can be spliced together with a thin cop­
per slrcve. swe;1ted m·er huttecl ends. 
Thin ''spaghetti " can be slid over the 
sleevc. after soldering, for insulation. 

The \·oltage is so low that insulation is 
not a critical item in these coils. 

Surplus capacitors can generally be 
used hy paralleling different sizes to 
get the right capacitance. These can be 
the oil-tilled paper type with working 
voltages at 25 or 50 volts, if ohtainahle. 
If the higher voltage types lnve to lie 
used they will be nmch larg-er in s ize 
and higher in cost. The, e arc some 
electroly tics for sale in "bathtub'' cases, 
so hcware oi t lwm. The n·gular oil­
filled paper types have 110 polarity mark­
ing of terminals hut the clectrolytics 
either have a positi ve and negati\'e mark 
or the terminals have different colore1l 
insulators. And, of course, the electroly­
tic is much smalle1 . 

\Ve use,! the scrics- tiltcr svstem for 
our dividing network , since ,;uthorities 
Sl·em to agree that it is the most de­
sirable. It requires coils and capacitors 
of different sizes for the two legs or 
circuits. The coils may he bolted to the 
sides of the speaker cahinet- in the 
upper compartment allotted to the 
tweeter. Place them se\·eral inches apart 
on adjoining sides, so that their axes are 
at right angles, and use brass or alu­
minum holts. 

Preli minary Listening Tests 

Connect the two coi ls and two capaci­
tors together in proper relation with 
joints soldcrccl in a temporary manner 
for testing. Then place the tweeter about 
B or 10 ieet away from the main cabi ­
net ior the tirst hour or two of listening. 
By this means you can tell what you are 
getting irom the different components. 
lt is much easier to judge. if you have 
an audio oscillator, hut a frequency test 
record can be played on your recorll 
player to check thc response at cross­
over between the two speakers . Using 
an output meter across the speaker ter ­
minals or a microphone placetl in fro1!t 
of the speakers is of little avail because 
of the vast difference in the character 
of the two speakers a11d tli ffering- spread 
of sound dispcrsio11 . 

If th is is your lir-t expl·riencc of tr~·­
ing out t\\'0 speakers antl a cli\'iding 
network, yon 111ay be highly confused at 
tir~t. Things tlo not happen like you ex­
pected and you wonder if you arc a com­
plete flop. Hut just hl' pat ient an<l make 
110 ,lecisions until you have grown ac­
customed to listening to them for sev­
eral hours. If \ ou arc gett ing response 
front each speaker you know that there 
is nothing open-circuited and it is going 
to take time to apprai se the balance. 

If this is you r first experience of lis­
tening critically to two horn-loaded 
speakers, yon not only have the sur­
prises of where the sound is going to 
hit you from but your ear will have to 
get use,! to richer notes packed with 
harmonics you were missing before. So, 
even the playing of your most familiar 
records can be <l isconcerting. T hus we 
repeat: your first decisions are going 
to \ aver back and forth and vou ha<l 
l,etter not make any. • 

In the end, the thing you \ ill have 
to decide (mayhe with the help of 
others ) is whether you ha vc a satisfac-
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tory balance in volume levels hetwec11 
the two <!rivers. \Ve mentioned, in an 
earlier issue, that a University 4408 
tweeter so closely balances the output 
of our horn-loaded woofer that they arc 
just connccte<l directly to each leg of the 
dividiug uetwork. If one of your dr ivers 
overbalances the other it can he fe<l 
from a potentiometer co1mectcd across 
its leg of the network, as descrihe<l in 
articles 011 dividing networks . This may 
he a IO-watt wirewound resistor with a 
sliding clamp contact for takeoff adjust­
ment. Its res istance 111ay he fr om 100 to 
200 per cent of the voice coil impedance 
rating of that driver in ohms. It's a 
good idea to 111easure the d.c. resistance 
oi voice coil and resistor with an ohm­
meter, as an approximate check . 

Means of Comparing Speakers 

You are going to fine! that it is 110 
easy matter to decide whether you 
should he satisfied with the balance or 
not. You play an album of records and 
then yon change it one way. Later on 
you play some other records and decide 
it still isn't right. But rc111ember that 
in recorc!ing you have differing charac­
teristics in microphones and their plac­
ing, not to mention difference i11 record­
ing equipment aml operators. 

Since your main concern is with the 
region that the crossover falls in , it is 
a big help to compare your balance with 
the output from any single cone speaker 
of fair qual ity. This is just one of the 
reasons you are going to need the con­
trol hookup we use. Another goo,! use 
for this hookup i~ to prove to the family 
and friends that you aren't going slowly 
off your tmt, when you try to explain the 
purpose of this new system ancl what is 
different about it. 

When a real music lover comes to 
visit you an<l listens to a good over-aII 
system for a while, he will soon make 
comments or ask questions about the 
means of obtaining this realism. As the 
reader doubtless knows bv now, it is 
fruitless to start an exjJlanation of 
speaker syskms. But it is a simple mat­
ter to demonstrate all aspects hy !lipping 
the swi tches in our control hookup. 

All that is needed- to complete the 
hookup uf these controls an<l the di­
viding- network (as shown in Fig. 10) 
are four DPUT toggles, itches, a phone 
plug jack, and an L or T pa<!. The pad 
may be 12 or 16 ohms, assuming the 
impedance oi the drivers is in that re­
gion. All of the equipment shown in 
Fig . 10 is installed 1n the upper com­
partment with the tweeter and we have 
switch handles protru<ling into one of 
the side openings of the bass horn, next 
to the wall, where curious hands are not 
likely to discover them. The jack also 
opens into this passage as does the han• 
die of the T pad. 

Switches I arnl 4 are used most so 
they were placed on the ends of the 
line oi swi tches, so their handles are 
easily found by ieel. Switch 2 is thrown 
to the position which inserts the patl 
only when another speaker is to he 
plugged into the jack. Most of the time 
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the pad is out of the circuit. But the 
pacl must he use«l tu attenuate the re­
sponse through tht' dividing network, 
when comparing- our horn-loaded spt·ak• 
ers with onlinarv hox-mountc<l cones. 

To cht'ck the l;;tlance hctween " ·ouier 
and tweeter (aiter the com1t·ctions oi 
Fiy. 10 have he,·n ma.It• and an attenuat­
ing potentiometer ior adjusting- the 
tweeter-woofer balance has been in ­
serted) a normal cone speaker, around 
10 or 12 inch diameter, is plug-ged in. 
Then a«ljust the pad while operating 
switch I hack and iorth until the voh11ne 
is the same in eitllt'r posi tion. Now play 
scvNal orchestra or choral n·cords 
throug-h the new system and at points 
where you doubt your judg-ment switch 
to the othn speaker ancl see if tht're is 
any great difference. 

\\·e want to emphasize that the bal ­
ancing- is to he done on the passages 
around the crossover reg-ion. Do not try 
to jwlg-e the system on solo flute or 
violin music, for example. The com­
parison speaker will be of little use two 
octaves a way from the crossover. 

Confidence HI Appraisal 

Listening at all the «lifferent horn 
mouths of the new speaker system will 
show you that all kinds of thin squeeky 
noises come from the tweeter and choked 
scptawks come from the lower horn in 
some alternate passages. These things 
happen when the dividing- network cuts 
the hroad ham! of harmonics of a note 
(in the crossover range) into !>hred~ 
and you were listening to the narrowest 
oi the sh reds. Several feet hack , thi s is 
not apparent, hut if you really want 
to hear it you can flip either s 1 itch 
3 or swi tch 4 and sample it rea<lily. 
Then, if you th ink it shouldn't sotmd 
that way, plug- in the comparison 
speake,·. Then , hen you flip the switch, 
the soull<l will come out of the com­
parison spt'aker ancl you can see how it 
sounds there. If you have to use the T 
pad to atknuatc the tweeter or woofer 
response for compari son, it will he neces­
~ary to flip switch 2 hack and forth with 
the other switch. lly this means you in­
sert the T pad with its attenuation, for 
the horn-loaded ~peaker, and drop it out 
ior a straight through run to the com­
parison speaker, with its poorer effi­
ciency. 

This arrangement provides a versatile 
sampling hookup. The quality or re­
sponse of over-all systems can be com-
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pared or either trehle or bass response 
can be sorted out for comparison with 
that of another speaker . l f you a re try ­
ing to explain to someone that a cello or 
Ezio Pinza excite a broad ham! of har­
monics, you can cut 0111 e, ther driver 
and show that there is still a co11si1ler­
able complement oi harmonics issuing 
from the other. On the other hand, YOU 

can show that a lyric soprano has· 110 
lower harmonics while a mezzo-soprano 
has to have wooier response for rounded 
notes. It is uncannv what can he done 
with it . -

Les Paul started the novelt,· of re­
cording several souml tracks on .one tape 
with clifferent modes oi playing the same 
steel 1-,ruitar. With his record of "Little 
l{ock Getaway" you can completely 
erase the highest or the lowest sound 
tracks with switches 3 or 4, hecanse 
there an; no stray harmonics of these 
tracks on the other side of the crossover . 
\Ve can take certain records of Lil\' 
Pons an<l erase Pons and leave the o(­
chestra still playing along fairly ef­
fectively. 

\Vhen we arc trying to point out to 
untrained ears how the efficient response 
of the little woofer will etch the sharp 
intensitv into cello or English horn pas ­
sages. their attention is likely to he dis­
tracted hy the sharp excursions of some 
tlute or ,iolin. So we can cut off the 
tweeter and ionts their attention on the 
ieature we art• trying' to clemonstrak. 

Then there is the iellow who thinks 
his pet speaker is just as g-ood as yours 
and he has intinitt• iaith in his hearing 
and mernorv. Tell him to bring his own 
speaker ami his pet records over and you 
can really giYe him a comparison. \Vhen 
he hears his own rerord~ he cannot 
claim any fakcry in the lint" up, ii his 
speaker is shown up. 

Hold That Distortion 

All of the foregoing discussions of the 
virtues oi this speaker system arc predi ­
catecl on the assumption that high -qual ­
ity music signal is being fed into the 
dividing network. There is the old 
argument between tcchincal experts­
whether one should improve the speaker 
system or the other sound equipment 
first. \Ye believe that the speaker is the 
end to start on because you can do a 
lot of see-sawing around in the ieed-

( C 011c/11dcd al bo/10111 of 11c.rt page) 
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Fig. 10. Schematic of the dividing network to show the four switches used in making com ­
parisons between the over-all system and other speakers, and for checking performance of 

the individual components. 



Vibration Reduction 
Loudspeaker Enclosures 

• 
1n 

G. B. HOUCK "' 

Presenting the reasons for bracing a bass-reflex loudspeaker cabinet, and showing 
how to do it with the assurance of improved performance when the job is completed. 

BENJAMIN FRANKLIN 011cc observed 
that "Empty barrels make the loud­
est noise." In this case he was re­

ferring obliquely to the common phe­
nomenon of uninformed vociferation , not 
describing the performance of a loud­
speaker enclosure. G. A. Briggs, in rhe 
second chapter of "Sound l{eproduc­
tion," was commenting on the latter 
when he wrote: ''The indications are 
that the effect of cabinet resonance has 
been underestimatetl in the past." He 

* General Precisio11 Laboratory, 63 Bed_ 
ford Road, Pleasa11tvi/le, N. Y. 
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Fig. I. Kinetic energy effect of Unit Volume 
of air M,, impinging on Unit Area of panel, M,. 

THEATRE SOUND 
(f ro111 prcccdiug page) 

ing equipment without being fully con­
scious of results unless you have a sensi ­
t ive speaker S) stem. 

It is ahout like the old tale of the man 
who found a horseshoe and bought a 
horse to put it on. Our new speaker 
system wi ll mercilessly display the de­
iects in records and equipment. The 
first thing- you have to do to soothe it 
is get r id of record surface noise with 
a magnetic pickup and a new changer­
one of the hl'tter modern changers, with 
only a iew g rams needle force and a 
hall-hearing ar111 swi,·el, so it is free 
irom the clifferent forms of di stort ion 
contrihuted by drag of arm on groove 
walls. 

Ii you have not done this alread~•, you 
have no i<.11:a how different the records 
can sound. Fiity per cent of the sur­
face noise and distortion from inexpen-

TABLE 

Physical Properties of Common Ccnstruction Materials 

Material Mass Thick. M z M z/ M 1 V1/ V, lbs ./ ft .• In. 

Dry packed sand 105 1 
Brick 125 3 
Concrete 150 3 
Plaster l 
White Pine 26 3/s 
W hite Oak 46 3/s 
2- 3/s wood panels with l " sand between 

observed that the tone-quality of repro­
duced sound was greatly improved when 
the loudspeaker cabinet was constructed 
of materials having a high density. In a 
paper presented before the IRE PGA 1, 

Frank McIntosh pointed out that 
"boomy" sounds are caused by acoustic 
radiation due to decaying vibration of 
the panels in a poorly braced cabinet. 

Briggs offers one solution to this 
problem-make the panels massive and 
they won't vibrate. The principle in 
volved is that of relative momenta. Con­
sider the effect of a moving mass of air 
striking a panel. Referring to Fig. 1, if a 

1 IRE Professional Group on Audio, 
No. IO. September, 1952. 

sive pickups is from vertical vihrations 
and is mostly eliminated by change to a 
modern magnet ic or variable reluctance 
pickup. The reason being that they pro­
duce practically no response from verti ­
cal vihrations. The other fifty per cent 
still remains from lateral distortion of 
stylus movement caused by a heavy arm 
with stiff swivel joints, working against 
the whip of eccentric or warpecl records. 

After the man got a horse he had to 
get a stahle and a ricling hahit. So a 
preamp stage ahead of the amplifier 
will he necessary, unless it already has 
one. Then we start in on equalization­
hecause the speaker system shows that 
up. There are almost as many icleas for 
attacking this problem there are ideas 
for speaker enclosures but we have not 
experimented with these to the same ex­
tent. Success in the matter is not diffi­
cult, however. 

The amplifier is the oldest memher 
oi the team, having started its career 
hefore the loudspeaker. So there are 
no secrets ahont amplifiers and plenty 
of satisfactory performers can he had 

lbs ./ ft .• 

8.75 114 10.7 
31.2 406 20.2 
37 .5 488 22.l 

8 .0 104 10.2 
1.9 24.7 4.9 
3.36 43 .8 6.6 

12.55 163.5 12.8 

unit volume of air having a mass M,, 
and an instantaneous maximum velocity 
V, strikes a unit volume of panel having 

/1- - - - - - - t .7i----- UN IT BEAM 
,---- -.---- t? 

Fig. 2. Typical panel as used in the discussicn. 

at moderate prices. But, here again, 
modern tubes, circuits, ancl output trans­
formers will probably make a hetter 
showing in reproduction of the exquisite 
detail in later recordings, as displayed 
hy the new speaker system. 

In the writer's opinion, simplicity is 
the watchword- from the diamond sty­
lus right through all stages to the cli­
viding network. Simplest tubes with 
self-biasing, no interstage transformers, 
simplest power supply with oversize 
components, and no special circuits in 
the regular line up. 

It is hoped that this description may 
have heen sufficientlv full of detail that 
anv interested hol;hyist who wants 
sp~aker performance which, in the 
writer's opinion, is well above the av­
erage, will be able to duplicate the en­
closure type with a minimum oi effort. 
The pleasure given hy a speaker of this 
tvpe is usually well worth the trouble 
t~ken to build one-a fact which is at­
tested hv a numher of the writer's ac­
qnainta1ices who a1·e using the same 
type of speaker housing. 
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Fig. 3. Typical bass-reflex enclosure, with dimensions as used in the sample problem. All 
stiffening beams are mounted so that their maximum cross-section dimension is perpendicular 

to the plane of the panel. 

a mass M,, initially at rest, both masses if one attempts to relate various design 
will have a resulting velocity V,. This parameters to a resulting acoustic out-
relationship may be written : put. It is enti rely beyond the scope of 

M,V,• _ M,O' = ( M, + M,) V,' (1) this discussion to examine these theoreti­
cal considerations in minute deta il. Fur­
thermore, 1t can be shown that a much 
simpler method of analysis provides the 
essential information necessary to make 
very substantial improvements in cabi­
net construction. 

Note that for the optimum condition, 
V, approaching zero (panel does not 
move) it is necessary to have the ratio 
of M ,/ M, as large as possible. Since M,, 
the mass of air is fixed at roughly 1/ 13 
lh./cu. ft., M, remains the only variable. 
By varying M,, it is possible to obtain 
the ratios shown in Table I for several 
clifferent materials. It appears obvious 
from a glance at this table that a small 
impro\'ement in V, (hence a reduction 
in vibration) may be had only at the 
expense of a large increase in weight. 
For example, a panel made of concrete 
would tend to vibrate ( other things such 
at the modulus of elasticity being equal) 
1/ 4.5 times as much as one made of 
wood, but would weigh 20 times as 
much . Thus a typical bass reflex cabinet 
weighing 50 pounds constructed of 
wood, would weigh 1000 made of con­
crete- probably too much for the aver­
age living room floor to support. Even 
if th is were permissible, such an en­
closure would be virtually immovable 
and would present the baffling (no pun 
intended) problem ment ioned in a recent 
editorial. 2 

Fortunately for the cabinet designer 
there is another solution to the problem 
of reducing panel vibration. Instead of 
rely ing on weight alone to accompl ish 
the desired results, he can make the 
panels stiff, and join them rigidly to­
gether. 

Stiffness of Panels 

Several factors determine the stiffness 
of a panel. The chief factor of course is 
the geometry of the panel. In most cases 
it is very difficult to analyze the be­
havior of a vibrating- plate, especially 

2 EDITOR'S REPOl!T, A UDIO ENGINEERING, 
11arch, 1953. 

TABLE 2 

Moment of Inertia about the Center of Gravity 
for Common Lumber Sizes (max. Value) 

Nominal Dressed or Mom<!nt of 
Si% C Finished Size Inertia 
In. In. In.' 

] X] 3/s X 3/s .049 
] X 2 3/s x 1 5/s .31 
] X3 3/s X 2 5/s 1.32 
2 X 3 ] 5/s X 2 5/s 2 .4 5 
]X 4 3/s X 3 5/s 3 .44 
2 X 4 J 5/sX 3 5/s 6 .45 
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For all practical purposes it is reason­
ably sufficient to consider a panel as 
made up of an infinite number of small 
beams arranged side by side as shown in 
Fig. 2. Notice that i11 th is type of analy­
sis, the beams arc represented as ex­
tendi11g across the shorter dimension 
of the panel. Assuming the edges of the • 
panel arc supported, it is logical to sup­
pose that the beam exhibiti11g the most 
severe deflection when subject to a load, 
will he one near the center of the panel 
such as beam A. Now, without attempt­
ing to determine an exact coefficient for 
the stiffness factor, it can be shown that 
the maximum deflection of beam A is 
clependent on a few easily determined 
variables. Actually, since the beams are 
integral parts of a homogeneous plate, 
the deflection will be somewhat less than 
that of a single unattachecl beam. 

The equation for the deflection of a 
rigidly supported, uniformly loaded 
beam may be written as 

(2) 

111 which Z equals the maximum deflec­
tion, W equals the load on the beam 
( maximum instantaneous value ), and / 
equals the moment of inertia of the 
cross-section of the beam. If this equa­
tion is compare,! with that for a non­
rigidly supported beam, in which case 

5 lV V 
Z= 384 EI (3) 

it will be observed that the deflection is 
five times the magnitude of the former. 
Of course in actual practice these ex­
tremes are almost ne,·er encountered; 
110 panel however loosely secured would 
exhibit a vibration five times as severe 
as one firmly attached to an immovable 
support. .Nevertheless, this sit11ple com­
parison emphasizes the need fo:- rigill 
support of the panels. 

The maximum deflection of such a 
beam may also be reduced by decreasing 
its length as far as is practicable. On the 
other hand, little benelit is derived from 
attempting to vary the value of E ; refer-

Fig. 4. Examples of cornerpost construction. 

ence to appropriate tables reveals that 
the modulus oi elasticity of commonly 
used lumber varies frot11 about 1.00 x 
108 tO J.6 X J06. 

The moment of inertia of these beams 
equals bdJ / 12, where b is the width of 
the beam and d is its thickness. ( See 
Table II) l t is interesting to note here 
that doubling the thickness of a panel 
(and hence the thickness 0f a unit-width 
beam) reduces the deflection by a factor 
of eight ; tripling the thickness reduces 
deflection by a factor of 27; and so on. 
Before demonstrating a typical solution 
to a cabinet design problem, it will be 
found helpful to introduce one further 
heam equation into the discussion. In 
the case where a panel contains an open­
ing ( speaker mounting hole or reflex 
port), the beams which ha\'e one termi ­
nat ion at an opening are classified as 
cantilevers. The deflecti on for th is type 
uf beam is wr itten as : 

I!"/.' 
Z= 8 EI (4) 

For convenience, the terms 111 the 
equations wh ich remain more-or-less 
constant in any one design, are iv and 
E, and they may be lumped into one con­
stant, K . The equators are then re­
written as : 
Simple beam- no end supports 

SK V 
Z= 38.JI (S) 

12 ve · DIA (VARIES WITH 
SPEAKER I 

+ BRE AK TO FIT SPEAKER 
AS REQUIRED 

J 10 1 /4 • DIA. ( VARIES WITH 
~ SPEA KER J 

ALTERNATE METHOD 

Fig. 5. Lour:hpealCer mounting details. 



Simple beam- fixed end supports 

KU 
z = 384 I 

Cantilever 

(6) 

(7) 

Fignrc 3 and the sample problem 
show the suggested method of analys is 
as applied to a typical cabinet. Cabinets 
of different shapes will present stiffness 
problems somewhat different from the 
sample ill11stratcd. In thi s case, the 
analvsis is used to determine the size, 
shape, and number of braces required 
to improve the performance of a cabinet 
originally constructed without full con­
sideration of the factors just discusse1l. 
Naturally the nee<l for extensive bracing 
is reduced if the enclosure is proper!y 
designed from the start. 

Con!truction 

There is more to the problt:m of de­
signing a rigid speaker cabinet ~han 
mere choice of adequate panel thickness 
and arrangement of bracing, however. 
As was observe,! from the discussion of 
the bca:n equat ions, above, the method 
of supporting the panels is h ighly im­
portant. Since most panels are made of 
plywood, it is necessary to insure that all 
joints arc constructed to achieve the 
maximum possible rigidity. A simple 
but effective method for accomplishing 
this is to use corner posts to wh ich the 
panels are securely anchorc1l. A few 
typical joints of this type are illustrated 
in Fig. 4. It will h! found that such 
methods also contribute to the over-all 
appearance of the tinishe<l structure. 

At first glance, the prospective builder 
may be somewhat dismayed by the sug­
gestion that special tools are needed to 
prepare the joints for assembly. This 
type oi work is hest done using a joiner 
or router, although the patient crafts­
man may use a plane with very good 
result s. In many instances the whole 
problem can he greatly simplified hy 
having a local mill cut each piece to 
size and prepare the joining s11rfaces 
from drawings furni shed by the de­
signer. The task, then, is merely one of 
assembling the finished parts. 

During this assembly operation it is 
be!>t to screw and ghtP. all joints together 
so that the finished cabinr.t will he tight 
and solid. The front panel of the en­
closure can al so be permanently an­
chored if the loudspeaker is mounted as 
shown in Fig. 5. It is fairly well recog­
nized that speaker performance is greatly 
impro\·ed by mounting the speaker in 
this manner. As illustrated, an alternate 
method using two superimposed panels 
obviates the necessity for special rout­
ing. In either case captive nuts attached 
to the back of the panel receive the 
speaker mounting bolts from the front. 
l\Iany loudspeaker manufacturers will, 

upon request, supply suitable gaskets 
for this type of mounting. 

Conclusion 

It has been the purpose of this dis­
cussion to analyze the problem of spuri ­
ous acoustic output caused by excessive 
panel vibrations in a loudspeaker en­
closure, and to suggest an approach 
which will rcs11lt in a definite rerluction 
in the effect and a vast improvement in 
the over-all performance. As might he 
cxpccte,l, the vibrations dealt with are 
those which occur at low frequencies. 
T he various equations do not take reso­
na nce into account but explain the phe­
nomenon below resonance where dy­
namic a nd static dellections are nearly 
the same. If one remembers that the 
natural resonant frcq11ency of a solid 
va r ies inversely with its weight and 
d irectlv with its stiffness, it is obvious 
to conclude that constructing panels as 
rigidly as possible helps to raise the 
resonant fr er1uency to a region where 
damping is more easily accomplished 
by the use of padding and so11ml absorb­
ing materials. This is eas ily demon­
strat ed with the test set up illustrated 
in Fig . 6. Connecterl in this manner, the 
oscilloscope indicates the power factor 
oi the load. At resonance, the power 
factor is unity and a straight line ap­
pears on th e scope. Power factors at 
non-resonant frcq11encies show up as 
loops of various widths. If the oscillator 
is adj usted until a panel resonance is de­
tectccl, it may be obsen·erl that the ap­
plication of hand pressure to the vibrat­
ing panel will cause the straight line to 
open up into a loop, and by returning the 
oscillator it will be fo11nd that the reso­
nant frequency occurs at a higher fre-
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OSCILLATOR 

TO TEST SPEAKER 

Fig. 6. Test circuit used for checking imped­
ance and resonant frequency of speaker in 

enclosure. 

quency. During this test, of course, one 
must not pick an oscillator frequency 
which corresponds with the natural 
acoustical resonance of the cabinet. In 
this case applying pressure to the panels 
will have little effect. 

SAMPLE PROBLEM 

Consider the bass reflex cabinet shown 
at (A) in Fiqure 3. Assume th:1t it is 
constructed of 1-in. plywood ( ¼ -in. 
dressed ) , am! that all corners are joined 
in such a manner that the panels are rigidly 
supported. 

The top panel will exhibit the smallest 
maximum deflections because it is the 
smallest panel. The deflection of unit beam 
I is given by equation (6) . 

KL' 
Z maz = 38_, [ 

In this case l, the moment of inertia, from 
Table I I is .0-19 and 

Z ,,,._. = 38~ / : -19 = 117 K 

Since unit beams chosen from the bottom 
or sides would have identical dimensions, 
the maximum deflection of these panels 
would be the same as the top panel. 

The maximum deflection of the front 
panel is determined by considering unit 
beam 2. In this case 

K 26' . 
Z maz = 38_, X .0-19 =936 K 

The deflection of the back panel is similar. 
Because of its shape, the area of the front 

panel below the port ( 6 x 26 in.) exhibits 
a deflection which is characteristic of unit 
beam 3, which is a cantilever. The deflec­
tion is given by 

K L' K 6' 
Z maz =TJ= sx.o-19 =551 K 

In determining the bracing required to 
reduce front and back panel vibration to a 
value consistent with the top panel, con­
sider the load as the area defined by panel 
''P" in (ll). Its width is roughly 10 inches. 
Since a unit beam has a width of 1 inch, 
and the deflection is 936/117 or roughly 
8 times as severe as for unit hcarn I, the 
required stiffness of the brace Learn is 
8 x 10 or 80 times that of unit beam 2. From 
Tahle 11 it may be seen that the best l,race 
would he a Ix -l. The stiffness fac tor e<111als 
3.-19/.0-19, or 71, which is close enough to 
the desired value. Actually it may he more 
desirable to use a 2 x 3 as shown at ( B) 
with a stiffness factor of 2-15/ .0-19, or 50, in 
some instances where a hrace I x -l would 
adversely affect the acoustics of the cabi­
net. Since such effects are generally not 
serious near the hack of the cabinet, it is 
recommenclcd that 2 x -l's he used. Here the 
stiffness factor is 6.-15 / .0-19, or 132. If three 
braces arc used as shown at (C), each will 
support approximately one fourth of the 
total loa,I. This makes the stiffness factor 

equal to 8 x J: K or 66 K. If the above cal­

culations are applic<I successively to the 
bracecl panel shown at (C), two deflections 
are obtained. 

Since both sub-panels and braces vibrate 
in unison. the final deflection is obtained l,y 
adding the two and the sum will be found 
to equal 117 K. 

Because of the short length of unit beam 
3, suh-panel Q (A of Fig. 3) re(]uircs less 
bracing than suh-panel P. Just to he on the 
safe side however, a 2 x 3 should be in­
stallecl as shown. 

The reader will note that all the braces 
used add up to a total volume of ½ cu. ft. 
which is ahout 1/ 12 of the cabinet volume. 
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Feedback and Loudspeaker 
Damping 

JOHN A. MULVEY'' 

The author proposes a solution to the problem of obtaining a feedback signal 
which is equivalent to the movement-generated e.m.f. of a speaker voice coil. 

TIIE RELATIVELY RECENT articles on 
positive current feedback used to im­
prove loudspeaker damping have, to 

this reader, been most engrossing. In 
spite of studies made of the articles and 
arguments on thi s subject he has, until 
quite recently, felt much in the dark 
when it came to feeling able to claim 
much of an opinion of his own on the 
relative merits of such a system. It 
seemed that such a subject should be 
resolved into simpler contradictions 
than any presented so far in order to 
make one feel he has made a wise choice 
of one opinion or another . 

This need has Jed to this attempt to 
reduce the subject into simpler terms 
by digging into the fundamental aspects 
of the subject. The author feels that the 
analysis which is here presented can 
show some things not apparent in fore­
going di scussions, and finally may offer 
amends to those who think they disagree, 
as well as to make some proposals that 
the engineers more actively engaged 
may find promising. 

Acconling to Lcnz's law, the voltage 
induced in a coil tlue to its passage 
through a magnetic field is always of a 
polarity such as to produce a current 
which would oppose the motion. In other 
words, an e.m.f. due to coil motion in 
a field tends to stop the motion. This 
presumes, however, a closed circuit at. 
the coil ends, for thi s e.m.f. can only act 
if it can act to cause or intluence cur­
rent through the coil. When such a coil 
is a voice-coil there is always such a 
closed circuit existing. The path is 
around through the win,lings of the out­
put transformer secondary. This closed 

• 3080 S. W. Spring Garden Road, Port ­
land 19, Ore. 
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circuit can nea rly constitute a short­
circuit for the coil, permitting much 
current to flow with just a small move­
ment-generated coil e.m.f. The more cur­
rent which flows as a result of this e.m.f. 
the better will be the dynamic braking 
of the movement, that is, the quicker 
will the movement cease. llut even with 
a short-circuited coil moving in a mag­
netic field the cuurrent through it is 
definitely limited. It is limited by the 
resistance of the coil itself. A method 
to overcome this limitation and further 
enhance the dynamic braking action is 
most desirable. Such a method, to be 
successful, would have to permit a 
greater current flow than a short-cir­
cuited arrangement would allow. At first 
any such method might seem impossible 
ior it would seem that nothing could al­
low more current than a short circuit. 
But on second thought it should he real­
ized that a second source of voltage in 
series with the voice-coil could be pro­
vided to increase the current above what 
s imply a short -circuited voice-coil would 
allow. This suggests a ci rcuit employing 
as a second source of voltage one greater 
but proportional to the movement-gen­
erated e.m.f. and in phase with it having 
also a lower source impedance, as in 
Fig. 1. So far we have spoken only of 
movement-generated voltages. In the 
case of a loudspeaker, where it is voice­
coil current which causes the motion in 
the first place, movement-generated 
e.m.f. is still present and acts to oppose 
the voice-coil current. In this way it in­
tluences the actual current and always 
acts to stop the motion the same as if 
some physical force was causing the 
motion. However, generally under these 
circumstances the movement-generated 

Fig. 1. (A) Theoretical circu it , and ( B) practical circu it of feedback obtained from current 
in a voice -coil. 
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e.m.f. itself causes 110 current to flow . 
It only acts to influence the voice-coil 
current which is mov ing the voice-coil, 
by subtracting from the voltage causing 
it. This is true all the time except dur­
ing "hangover" periods. During these 
periods the physical forces of inertia or 
suspens;on compliance cause the move­
ment-generated e.m.f. to excee(I the driv­
ing voltage and so cause its own reverse 
current to flow . Notice here that thi s is 
a "reverse current," one of opposite 
polarity to that originally causing the 
motion. This reverse current then will 
act on its own and damp the motion 
and so limit the hangover effect. Since 
positive feedback- whether voltage feed ­
back or current feedback- tends to in­
crease the output signal, at this t ime if 
positive current feedback were intros 
(luced it would inc rease the current 
limiting the hangover effect so as to 
squelch it quicker. 

From this the main point may be ap­
parent but it is simply that positive cur­
rent feedback does not oppose voice-coil 
movement until the movement-generated 
e.m.f. exceeds the driving voltage and 
produces a reverse current. At this time 
there is a phase reversal which, in effect, 
changes positive feedback to negative 
fee tlback. If this point is not made clear 
there is yet much room fo r controversy. 
It should be noted that the comparison 
~vas said to be only an effect similar to 
mverse feedback. The e.m.f. generated 
by a coil moving in a magnetic field is 
i~verse feedback. Any voltage which 
aids that voltage is, with regards to it 
a positive feedback voltage, but with 
regards to the total effect it is a negative 
feedback voltage. There is a good com­
parison in the rather familiar circuit of 
an amplifier using a positive feedback 
loop connected to the cathode end of an 
unbypassed cathode resistor. The feed­
back voltage is definitely positive with 
respect to the signal voltage appearing 
across the cathode resistor, but just as 
definitely negative with respect to the 
over-all effect. 

But the story doesn't end here. To 
some, the advantage of improved damp­
ing during hangover periods will be 
thought to be too highly paid for by the 
inherent disadvantages existing the rest 
of the time, since the rest of the time 
the in-phase feedback is regenerative. 

(Co11Cludcd at bottom of 11c.rt page) 



Damping of Loudspeaker Cabinet Panels 
M. RETTINGER ':, 

A discussion of the need for damping of enclosure panels and suggestions for 
realizing the required result. Considerable improvement in speaker perfor­
mance can be obtained with relatively little expenditure of money or energy. 

THE LOUDS PEAKER IN A CABINET often 
produces unrlesirable vibratory mo­
tion oi the cabinet panels. It is well 

known that anv surface excited into tlex-
11ral vibration· has families of resonant 
irequencies, so that the radiate,! spec­
trum is not the same as that produced by 
the primary signal iorces . How to avoid 
the effect which reinforces certain fre­
quencies ancl thus provi,les selective ra­
diation is an old problem, and the usual 
recommendation for cure is to brace the 
enclosure walls. However. increasing the 
stiffness merelv raises the resonant ire­
quencies. True, the amplitudes of the 
higher resonant frequencies can he more 
easily damped; yet the total radiation 
may he more pronounce,! on account oi 
the larger number of vibrating surfaces . 

• RCA Victor Divisio11, 156() N or/Ir Vi11 e 
Street, Hollywood, California. 

LOUDSPEAKER DAMPING 
(f ro 111 prcccdi11g page) 

The basic problem is one of separating 
the movement-generated voltage from 
the driving voltai,;e so that only and at 
all times will the feedback signal resem­
ble the actual cone movement, in-phase 
current feedback succeeds in doing this 
part of the time only. True it serves 
hest during those critical periods oi 
hangover, l1ut hangover is only part of 
realism. It follo ws usually in the wake 
of transients which themselves would 
he much improved if motional feedback 
could be put to work on a full -time joh. 

Source of Feedback Signa l 

It is not 1liffic11lt to produce separate 
and independent movenwnt-generated 
,·oltages. Every microphone does it . A 
separate winding on the voice-coil for ­
mer suggests itself but this is only a 
partial answer for it will have some 
mutual inductance with the voice-coil 
that will mean voltage \\ill be induced in 
it other than that clue to lllOtion . The 
apparent solution is to ;;hield the wind­
ings from each other magnetically. This 
seems a difficult problem s;nce the pick­
up win,lings should be as clo~P as possi­
hlt to the voice-coil from the standpoint 
of minimizing time lag between driving 
voltage and pick-up voltage. Such a time 
lag is due, of course, to sound traveling 
at a rather slow spee1I even through a 
solid. If it were not kept at a minimum 
serious phase shifts would occur at the 
higher fre<1uencies and would limit the 
introduction an<! effectiveness of feed ­
back. .\ not her approach suggests itself 

Thus stiffening tends more to change the 
character of the radiation than to elimi ­
nate it. 

Another undesirahle effect of panel vi­
bration is poor transient response of the 
radiated sound. This is procluced hy the 
long buildup and decay periods of the ex­
cited panels, compare,! to the short pe­
riods associated with a well constructed 
loudspeaker. The qualitative effect is one 
of poor vocal a111I instrumental definition, 
of blurriness of tone and lack of crisp­
ness and clarity. Such panels are spoken 
of as having a high mechanical Q or 
ratio of mechanical reactance to mechan­
ical resistance. 

Increasing the damping of a mechani­
cal vibratile surface re,luces its radiated 
soun<l output. A common example of 
,lamping is seen in the application of an 
undercoat, such as mastic or glassfiber­
hoard, to automobile hoods. fenders. and 

• 
Fig. 2. Typical circuit 
employed a movl!• 
ment generated 
feedback voltage. 
The use of resistor 
R, is optional, since 
the feedbac k could 
be applied in any of 

a number of ways. 

door panels. Such materials act m two 
ways: ( I ) to convert vibratory energy 
into heat by mechanical resistance: and 
(2) to lower the vibration amplitmle hy 
providing a higher mechanical impe,1-
ance. 

It should he note,! that damping is 
most effective at the resonant frequen­
cies, since the larger henrling amplitudes 
alternately stretch and compress the 
damping material, which thus dissipates 
the vibrational energy in its mechanical 
resistance. Ad,ling mass to the panel 
causes it to vibrate with a smaller ampli ­
tude for the same applied exciting force. 
If the panel were mass-controlled, its 
velocity would be F / M where F is the 
vibromotive force and ,W is the mass of 
the panel. 

, __ 
,--
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• Lz FEEDBACK COtL 
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[ 1111 N[UT"ALIZING VOl.TAGE THIS VOLTAGE IS (~AL TO 
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L1 ANO Lz 

and thi s is likely the simplest solution : 
use of neutralizing YOltage. Feedback 
windings wound over a voice-coil, or 
near one end would he the same as a 
transforlller; current through the voice­
coil would induce a voltage in them. Ii 
another s imple tran~iormer of special 
design were used in series with the 
voice-coil to allow the same voice-coil 
current to produce a secondary \'Oltage 
equal to that induce,! in the feedback 
wind ings it could be used to cancel the 
voltage so induced. This transformer 
could have a low-impedance primary 
since the secondary can cons ist of lllany 
turns to produce the right voltage. By 
this device then, it shouhl be possible 
and feasihle to use lllOtional feedback 
with all the ad\'antages that the prin­
ciple implies. Fig11re 2 shows a sug­
gested circuit. 

Although the author has helieve<l for 
some t ime now that a feedback signal 
due to voice-co il movelllent would be 
considerably better to use than any sig­
nal ex isting within an amplifier itself, 
thi s positive feedback di scussion has 
helped to stimulate and crystallize think ­
ing on the subject. It can be seen that 
theoretically the resulting improvements 
of us ing an independent feetlback sig­
nal as describe(! would not he limited to 
illlprove<I damping. It would act to 
make the voice-coil and cone follow 
more exactly whatever voltage wave­
shape was applied, am! at all times. 

It is felt that much credit helongs to 
\\'arner Clements who seems to have 
stirred up thi s thing in the first place 
and to Ulric Childs who gave him some 
good arguments . 
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Fig. 1. Damped won train resulting from stim­
ulus to panel, showing two wa•e maxima a 
gi•en number of cycles apart at which meas­
urements ore mode and on which computations 

of logarithmic decrement are based. 

Damping Panels 

There are a number of ways by which 
damping can be added to a loudspeaker 
cabinet panel. One means consists in 
building the panel up in layers of wood, 
fastened together at numerous points by 
screws. Bending of the panels causes the 
sandwiched layers to rub against each 
other, thus creating frictional damping. 
Another means is to use laminated panels 
composed of alternate layers of plywood 
and felt, cork, rubber, or lead. 

A convenient if perhaps not very rig­
orous way to determine the frictional co­
efficient or damping constant of such a 
compound structure is to take a sample 
of the material between thumb and fore­
finger of the left hand and rap it with 
the knuckles of the right hand or strike 
it with a stick and observe the duration 
of the resultant sound. A vibratile plate 
so excited behaves in much the same wav 
that it would if excited by sound waves, 
and the duration of the noise produced 
is a fair measure of its damping proper­
ties. If it radiates a dull thud the damp­
ing is high, while a long ring would in­
dicate low damping. Some experience, 
of course, is necessary to correlate the 
sound given off with the frictional re­
sistance, particularly if measurements 
are to be made on a wide varietv of test 
panels. • 

In the writer's experience, two types 
of cabinet panels have proven especial1y 
effective as a laminate<! structure to give 
damping of a high order. One consists of 
two .½-in.-thick plywood panels with a 
¼- in.-thick neoprene layer sandwiched 
between them. The other consists of two 
such plywood panels with a sandwiched 
filler of corrugated, waffied, or honey­
combed plastic of the type frequently 
used for aircraft panels. Using the 
damping material as a filler is far more 
effective than applying it to one side of 
the panel only, because as a filler it can 
act Ill shear, while applied to the exterior 
of a panel its action is less restrained. 

If the clamping material not used as a 
filler is sound absorbent, certain other 
desirable results occur, of course. These 
have frequently been cliscussed in con­
nection with the interior acoustic treat­
ment of louclspcaker cabinets. Briefly, 
such materials reduce the standing-wave 
effects in the enclosure and make for an 
;1coustically larger volume. Some com­
promise may have to he effected in this 
respect in practice, because the economic 
aspect of a cabinet is also important. But 
from a purely idealistic point of view. 
the most effective way to clamp a panel 
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is to use the damper as a filler of the 
(compound) panel. If additional (sound­
absorptive) material is required on the 
inside of the cabinet, this constitutes an 
additional requirement. 

An exact evaluation of the clamping 
quality of a material is not simple, how­
ever. \\"hat is usually done in the labora­
torv is to suspencl the panel from the 
ceiiing at one or two points by fine wires 
or cables . A hall of wood, rubber, or cork 
-a regulation baseball has been found 
ver\' satisfactorv for this purpose-also 
hung from the ceiling, is permitted to fall 
from a predetermined height to strike the 
panel. to which a vibration pickup has 
been fastened. It is important that this 
pickup he very light; otherwise it will 
itself act as a damper. The output of the 
pickup is displayed on an oscillograph, 
so that the successive recluce<I amplitudes 
of the transient wave-train can be mea­
iH1red. The quantity oi interest is the 
ratio of succcssi\'e amplitudes spaced a 
full cycle apart. Some books prefer to 
consider the amplitudes when spaced a 
half-cycle apart ; but a study of succes­
sive amplit111les on the same side of the 
time axis appears more common. 

\\'hat is known as the logarithmic 
decrement-the vital quality in all these 
tests-is gi\'cn by 

A, 
d = log,,T, · 

where .~, is the fi rst and A, the second 
measured amplitude. In practice, the 
evaluation of d does not usually cotllprise 
taking the logarithm of the ratio of two 
succcssi\'e amplitudes ( since they may 
he hut slightly different to allow their 
exact determination), but consists of 
determining the ratio of two amplitudes 
which arc a number .V cycles apart. In 
that case (see Fig. 1) 

I .4' 
d =:;: loge::[; 

where A, is the first and A., the 11th am­
plitude. 

It is, of course, also possible to excite 
the panel acoustically with a loudspeaker 
placed near it, and to record the output 
from a vibration pickup fastened to the 
panel as the frequency is varietl. This 
might be termed a steady-state transmis­
sion measurement (with and without the 
clamping material applied to the p;mcl) . 
O r the vibration pickup may be fastened 
directly to a wall of the cabinet with the 
speaker excited sinusoidally by an oscil­
lator. Fig11re 2 shows a measurement 
made in this tllanncr, first without and 
then with the damping material applied 
to the interior of the enclosure. Since the 
vibration pickup was inertia-operated. 

.,, .,, 

20 

••• NO DAMPING MATERIAL 

- WITH DAMPING MATERIAL 

OL._~~__..-~-~-~-~~ 
1200 127'0 

FREO\.CNCY N CYCLES PER SECOND 

Fig. 2. The effect of resonance on a panel is 
much decreased when damping material is used 

as a filler. 

its output was first transmitted to an in­
tegrating network to obtain a measure of 
the change in panel deflection amplitude. 

Measurements on various types of 
woods show that the logarithmic decre­
ment of ¼-in. panels is as follows : 

WOOD 

Pinc 
Beech 
Plywood 

LOGARITHMIC 
DECREMENT 

.02 

.03 

.04 

The superiority of the plywood_ as _a 
material with high internal clamping 1s 
re;1dily evident from these figures, which 
pertain to untreated surfaces. When a 
mastic compound is applied to them and 
prrmitted to harden, the values can be 
still further increased. 

The above tests require consiclerahle 
laboratory facilities, and hence cannot be 
readily carried out by the average music 
lover, home owner, or hi-fi enthusiast. A 
number of less complicated tests have 
been proposed to show up the resonant 
vibrations of a speaker cabinet panel. 
Thus, ripples in a glass of water set on 
the enclosure can be generated, and tine 
sand, salt, or sugar crystals sprinkled on 
the panel can he made to form patterns, 
so-called Kumlt's figures . However, rel­
atively large panel amplitudes are re­
quired to achieve noticeable results with 
these tests. A rather simple procedure 
consists in placing two pencils on the 
panel, and a light tin can filled with leacl 
shot on top of the pencils. \Vhen the 
speaker is driven with an oscillator, the 
lead shot will rattle in the tin pan very 
audibly when the undamped panel is set 
into vibration at the resonant frequen­
cies. After properly clamping the panel. 
and properly energizing the speak~r 
again with the same current used prev1-

( C 011ci11dcd at bo/10111 of 11cxt page) ---------------------, 
Fig. 3. This chart 
shows the accelera­
tion required at vori­
o us frequencies to 
produce given cone 
excursion amplitudes. 
Accelerations a re 
very large and the 
movements "hit" cab­
inet panels very hard , 
so that panel reson­
ances produce maxi-

m um effects. 

D • AMPLITUDE IN 

100 

F • FREQUENCY IN CYCLES PER SECOND 



Speaker Treatment for 
Improved Bass 

CAMERON BARRITT'-' 

A simple method of lowering the effective low-frequency limit of inexpen­
sive speakers, but not one that is recommended for high-quality woofers. 

A DESIRAllLE FREQU~: .t-:CY RESPO:--SE 

characterist ic for an audio repro-
ducing system requries adequate 

lows as well as highs. Ar:1plifiers are 
available which can hall[lle the necessary 
range, hut the loudspeaker is the bottle­
neck in the dri\"c toward more perfect 
audio reproduction. The problem of ren ­
dering suflicient highs can he met hy 
various means such as the employment of 
"tweeters"-some of which can go close 
to the upper limit of human alt[libility­
but the low-frequency speakers or 
"woofers" usuallv fall far short of the 
lower limit. Som{d is propagated at fre­
quencies as low as 16 cps, and 20 cps is 
usually considered as being audible. LP 
records arc capable of going down to 
30 cps, by way of further example, but 
not many speakers go this low. 

The lower limit of a properly haftlerl 
speaker is <letermined by the mechanical 
resonant frequency of the vibrating pis­
ton or cone. A certain amount of propa­
gation occurs below this frequency but 
response falls off rapidly beyond. The 
resonant frequency of a mechanical vi-
hrat ing system is determined by the mass 

SUSP£NSION COMPI.IANCE 

CONE MASS / 
I 

ACOUSTIC CAPACITANCE 
OF CABIN[T -

Fig . 1. Equivalent electrical circuit of a loud ­
speaker mounted in a baffle. 

• 1200 S11sq11eha1111a A1•c., IF. Pills/0 11 
Pa. 

• 
Fig. 2. Method of 
slitting cone, as de­
scribed by the author, 
and location of shel -

lac sealing ring . 

• 

SEALER 

and the compliance-the inverse of st iff­
ness. These two are the electro-mechani­
cal analogs of inductance and capaci ­
tance. The mechanical resonant fre­
<ptency formula is j,- = 1 / 2ny111C. The 
mass of a speaker cone is determined for 
the most part by constructional require­
ments for rigidity, and is not readily 
altered. Furthermore, if one were to in­
crease the mass verv much in order to 
lower the resonant frequency, phase re­
sponse would suffer and poor transient 
response might result. For best repro­
duction of transients a lo.v 111 / C ratio is 

DAMPING OF CABINET PANELS 
(from preceding page ) 

ously, no rattling of the lead shot should 
occur. 

Fig11re 3 shows the acceleration for 
var ious cone amplitudes. It is seen, for 
instance, that at 100 cps, a cone vibrat­
ing with an amplitude of 0. 1 in. under­
goes an acceleration .of 100 G's. Since a 
modern dive bomber can rarely exceed 
10 G's without shatter ing, the accelera­
t ion for loudspeaker dia?hragms is very 
large indeed. 

For the same reason, there are great 
forces acting also on a speaker enclosure 
which •is closely coupled to the speaker. 

One means of reducing the transmission 
of these forces into the speaker panels is 
to employ a damping material such as a 
rubber or cork gasket between the 
speaker and the cabinet. If the speaker 
is not very heavy, the gasket may be 
cemented to both the speaker and the 
cabinet, and the speaker thereby more 
effectively isolated from the cabinet.' 

1 RCA makes a speaker cone with a rub­
ber damping ring. This ring should not be 
used for cementing the speaker to the cab­
inet, because the ring is intended for an­
other purpose. 

SLITS 

0 

required. On the other hand, the com­
pliance of the speaker depends on the 
''give" in the cone suspension or mount­
ing and no undesirable consequences 
will result from increasing its val ue. 
The total compliance or capacitance of 
the speaker system also depends on the 
acoustic capacitance of the air volume in 
the haflle if it is the totally enclosed 
type. The equivalent electrical circuit' of 
a loudspeaker mounted in an enclosed 
haflle is shown in Fig. 1. Notice that the 
two analogical capacitances are in series. 
If the baflle is made as large as possible, 
it will he so much larger a capacitance 
than the cone compliance that the limit­
ing value will he in the suspension. The 
remaining reactance - the inductance 
representing the quadrature component 
of the speaker's air loacl- is usually small 
enough to be ignored ( except in the case 
of the R-J speaker enclosure where it is 
exalted to make possible a smaller 
speaker enclosure ) . Consequently that 
leaves just the cone suspension com­
pliance on which to work in improving 
the bass range of a speaker. 

Since the baffle is of no concern, one 
can use the "free-space resonant fre­
quency" of the speaker as the working 
criterion . Although the mass of a 
speaker cone can not he controlled 

1 Harry F. Olson, "Ele111e11ts of Aco11s1i­
cal Engi11ecri11g.'' ircGraw-Hill. 
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enough to vary this frequency very 
much, the cone suspension can be treated 
to make it more compliant and this 
would lower the resonant frequency the 
same as would increasing the capacitor 
in an electrical "tank" circuit. There 
arc two methods of cloing this, aml by 
utilization of hoth it is possihle to lower 
the frequency respon se limit 30 per cent 
or more. A relati,·ely inexpensive 8-inch 
speaker treated by this system can be 
ma<le eriual in hass-range capability to 
a g-ood quality 12-inch speaker. 

Methods of Increasing Compliance 

The first method is calle,I "slotting" hy 
the makers of l'ermotlux louclspeakers. 
As shown in Firt - 2, the speaker is marle 
less stiff hv radial inci sions in the sus­
pension . Ti1c improvement derived from 
this treatment depends on the merit of 
the ~11spensio11 design heforehand. The 
suspension area of some good modern 
speakers is extr<'mely thin, as can be 
seen when it is hl'ld np to a light. and 
the small amount of improvement pos­
s ible i~ effected with a rclativl'ly small 
number oi slit s. I 11 older speakers wirh 
stiff suspensions it appears that more slits 
are iletter . A wise approach is to make 
.1 small nu,nhl'r oi sli ts at tirst- ahont 
sixteen ior example- then ii the im­
pro,·c111ent is not what was anticipated. 
to try more hetween the fir st set. A pair 
o f drafting <lividcrs is use,! to space the 
slits evenly. They are set by trial so 
that when "walked" around the edge of 
the first corrugation they return to the 
same spot wi th integral spacing. Then 
they arc walked around again allowing­
the points to prick the cone and thus 
mark the correct location for each inci ­
sion. A sharp razor hlade is used to slit 
carefu lly as close along a radial as pos­
s ible. from the middle of the fir st cor­
rugation (which is the cone eclge) across 
the r im to the area where it is remt•nted 
to the "basket.'' The rim ~hould not be 
torn and the cuts should go all the way 
to the bottom of the following cornrga­
t ions. If the suspension at the apex of 
the cone. the so-called ''spider," is also 
of the corrug;,ted type. slitting here will 
afford an additional lowering of the 
resonant frerJ11c11cy. Often this is difficult 
or impossible to do, however. and migh t 
affec t the high-frequency response. 

The !'econd means of improvement is 
called "plasticizing-." Plasticizing is ac­
compli~hed hy applying a suitahle chemi­
cal agent to the suspension to make the 
fiht•rs more pliable and yielding. The 
plasticizing clescrihe<I herein was accom­
plishecl with Dilmtyl l'hthalatc which can 

OSCILLOSCOPE 

0 
OSClLLATOR 

6 .3 V 
60CPI 

Fig . 3. Circu it arrangement used to determine 
resonant frequency of loudspeaker . 
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he ohtainecl from large chemical supply 
houses.2 Dihutyl Phthalate appears to hl' 
a goocl plasticizer in not drying o:it over 
a period of time; hut it does ha\'e the 
markecl disach·antage oi "creeping," that 
is, spreading through the cone hy capil ­
lan- action. This would he disastrous ii 
allowed as the whole cone instead oi just 
the suspension woulcl thus he m:ide pli ­
able and piston action woulr l suffer, re­
sulting- in low efficil'ncy ancl weakening 
of high frequencie s. To pre\'cnt thi s con­
dition the edge is first macle impervious 
to capillary tra\'el by sealing the pores 
with an application of shellac, varnish, or 
cement. This ml'ans the addition of a 
small amount oi mass to the cone, and a 
further lowering of the resonance point 
is someti111es noticeable hut rather negli ­
gihll' . A small soft brush is used to paint 
the cone in a swath ahout ¾-inch widl' 
(for large speakers ) just inside the 
curvature oi the fir st corrnga tion--011 
both si.clcs oi the cone. Clear shellac was 
used in most of the treat111::nts attl'111ptecl . 
and " ·ith a iair a111ount of success, but it 
tend;; to hreak down under reaction irom 
the Phthalate ii the cone is verv well 
ielted. Recent hut rather inadequate ex­
perience with so-called "radio'' cement 
woulcl see111 to recommend it heca11se it 
docs not appear to he affect eel hv the 
plasticizer. rt is important that a · g-oocl 
joh he done in blocking the creep oi the 
l'thtalatc, because if it once gets starter! 
through. it is clitlicult to , top it. One 
, hould apply several costs of the sealer 
if inspection deems it advisable. \\' J,en 

2 Eime r & :\mend. New York City, for 
example. 

this operation is finisher! an<l the sealer 
is dry, the plasticizer 111ay he applied 
with a cotton swah. Distrihuting it in 
even amo1111ts around the periphery of 
the suspension is desi rahle, hut there is 
no worry aho11t spreacling it laterally as 
the Phthalate spreads itself. If it should 
heg-in to work past the harrier aiter age­
ing. another swath of sealer may be 
appliccl to stop it. 

Results Obtained 

By utilizing one or hoth of these two 
111ethods of suspension treatment, the re­
sults shown in the chart ma\' he obtained . 
The impro\'e111e11t in low-frequency ca­
pability is e\'iclcnt . \ \'c ha,·e thus far 
stressed only the advantages in hass. hut 
no really cleleterious effects to the higher 
rang-cs ha\'e been noted . It would seem 
that the sl itting operation could conceiv­
ably cause edge effects resulting in ir ­
regularities in the 111iilclle freciuency 
range. One of the 111ost pronouncer! peaks 
of a speaker's 111iddle frequency response 
is clue to the resonance of the edge.3 The 
mechanical alteration of the edge might 
aggravate the peak somewhat 011 the less 
expensive speakers. A small change in 
frequency of some of the peaks in a 
loudspeaker's curve has at ti111es heen 
observed, hnt the extent of the varia­
tions has not been ri11ant itatively ascer-

3 Corrington and Kidd- ":-! easurements 
on loudspeaker cones," Proc. I .R.F. . Sept. 
1951. p. 1021. 

(Co,,cludcd at bottom of Hex/ f'agc) 

TABLE I 

Speaker 

3" Cinaudagraph P2A I 

-1" X6" !-:CA 4-16S.? 

5" x 7" RC:\ 257SI 

6" x 9" RCA 2tWSI 

8" l<&A ( Rri tish) 8801' 

10" P~I 10- 12 

12" GI•: S-1201D 

Results of Speaker Tre~tment 
Resonant Frequency Treatment 

Before After 
Treatment Treatment 

230 

195 

110 

100 

108 

75 

73• 

205 
190 
155 
147 
140 
130 

80 
75 
58 

80 
il 
iO 
63 

55 

9(l 

80 
72 
62 
58 

6.l 
-18 

70 
68 
50 

Eight slits 
S:xteen slits 
Sixtee11 slits 
Thirty-two slits 
Same. plus cement sealer 
Same. plus three applications oi plasti -

cizer, ageing after each 
Thirty-two slits 
Same, plus shellac sealer 
Same. plus five applications oi plasti -

cizer. ageing after each 
Thirty-six slits 
Same, pl11s sealer and plasticizer 
Same. plus ageing 
Same, plus second applicat :on oi shellac 

scaler and ageing 
Same. plus iour slits in spider and more 

ageing 
Twcnty-fi \·e sli ts 
Fiftv slits 
San;e, plus plasticizer 
Same. plus st·cond application 
Same, plus two more applications of 

plasticizer. and slitting spider 
Thirty-six slits 
Same. plus thrt'e applications of plasti -

cizer anrl ageing 
Six teen sli ts 
S:rn1e, plus pla-sticizer 
Same. plus four slits in spider. three 

more applications of plasticizer. and 
ageing. ( Capillary tra,·<'I is ,·ery 
marke<l in this cone.) 

• Some speakers oi this type come with a resonant frequency as low as 63 cps. 



Improving Loudspeaker Performance 
DAVID B. WEEMS ':, 

How to improve low-frequency re~ponse from inexpensive loudspeakers 
with the expenditure of less than a dollar and an hour or so of your time. 

Among the most important charac­
teristics of the ideal speaker are wide­
range frequency response and low dis­
tortion . The fundamental cone resonance 
oi a speaker is closely associate(! with 
both its bass range and its distortion 
content at low frequencies, because the 
output falls off rapidly with an increase 
in intermodulation effects and frequency 
doubling below resonance. It is a well 
known fact that the proper baflling of a 
loudspeaker in such mountings as bass­
reflex and horn-loaded enclosures lowers 
the resonant frequency, and an amplifier 
that presents a low impedance to the 
speaker will minimize the effects of reso­
nance. \\"e are concerned, however, with 
the qualities of the speaker itself and how 
we can improve them. 

The fundamental resonant frequency 
oi a lo..idspeaker may be determined 
mathe111atically from the formula: 

!•= _1 __ 
be 'I/ i'vlcCms 

* 11327 Missouri Ave., Los Auge/es 25, 
Calif. 

Fig. I . Materials needed for treating spcakcrs­
chomois, solvent, cement, tweezers, scissors , 
razor blade, scalpel, and in some cases clothes-

sprinkler head . 

SPEAKER TREATMENT 
(fro111 prcccdi11g page) 

tained because of the apparent inconse­
quence. The plasticizer, however would 
have no pernicious effect as long as it is 
kept with in its prescribed area. If one 
were t reating a speaker intended only 
as a woofer, there is nothing to lose in 
the complete treatment and much to 
gain . If hoth methods are applied, the 
slitting operation must be clone first be­
cause slitting a plasticized rim is quite 
difficult. 

In checking progress the circuit shown 
in Fig. 3 has advantages. The 60-cps 

where f ,· = resonant frequency of the 
speaker in cps, 

Al c = mass of cone, voice coil, anci 
air loa,I in grams, 

C "" = co111pliance of the suspen­
sion system in centimeters 
per dyne. 

Assuming a constant air load, exami­
nation of this formula shows that as 
either the mass or the compliance of a 
cone is increased, the resonant frequency 
is lowere,I. \\'hile increasing the mass of 
the cone lowers resonance, it also limits 
high -frequency response and results in a 
deterioration of transient ability. In­
creasing compliance thus seems to he the 
best approach towanl lower fundamental 
cone resonance. High compliance also 
aids in obtaining wider range and lower 
distortion. 

It may be argued that higher compli ­
ance in cheap units may produce greater 
intermodulation distortion due to the 
movement of the voice coil bevond the 
area of maximum flux density. There are 

Fig. 2. Removing the dust cover with tweezers. 

'scope 111put is used to calibrate the audio 
oscillator, an operation which should be 
performed at frequent intervals, particu­
larly with a beat-frequency oscillator 
When working with low frequencies and 
such small increments, accuracy of cali ­
bration is important. By setting the oscil­
lator to 60 cps and varying the calibra­
tion adjustment until a stationary one­
to-one Lissajous figure is obtained ( cir ­
cle, ellipse, or incline,! line, depending 
on phase), the oscillator can be set read­
ily without much trouble. To find the 
resonant frequency of the speaker turn 
the 60-cps input gain to zero and hold 
the speaker up in the air. Vary the fre­
quency of the oscillator until the maxi ­
mum deflection is noted on the 'scope. 
The frequency indicated by the dial is 
the resonant frequency . In most cases it 

several answers. The first is that at nor­
mal volume levels such movement will 
probably not occur. Secondly, if it does 
occur the u~e of muitiple woofers will 
eli111inate it ancl at the same time provide 
one of the most practical means available 
to the ho111e constructor of accomplish­
inis truly ~uperior low-irequency repro­
duction. Finally, regardless of the theo­
ret ical possibility of excessive mice-coil 
movement, the net result of higher com­
pliance for cheap speakers has been het­
ter sound. In speaker design we cannot 
always predict, like Old l\Jan Mose, what 
will provide suhjecti ,·e enjoyment. \Vith 
this premise firmly in mind and with 
courage in our hearts, we shall now pro­
ceed to the task of speaker improvement. 

Procedure 

The materials to he assembled are an 

Fig. 3. Inserting shims to hold the voice coil in 
position. 

can also be detected audibly by noticing 
when the cone tends to chatter, which is 
caused by its g reater displacement at 
resonance. The 'scope metho<l, which 
depends on the rise in speaker impedance 
at its resonant frequency, is reliable an ,! 
can a lso be used for a speaker mounted 
in a ballle thus serving to indicate the 
reduction in bass range that the enclosure 
might cause. 

As a before-and-after test of this treat­
ment, LP records with low organ notes• 
are very useful. Often the improved 
speaker will bring out notes in the lower 
register which were not even noticed be­
fore treatment. 

• Columbia ML 4120: Saint Saens, Sym­
phony No. 3; Columbia ML 4329: Poulenc, 
Concerto in G Minor are good examples. 
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inexpensive 8-to-12-inch speaker, plus 
( Fig. 1) a small piece of the soi test , 
th innest, and most pl iable chamois avai l­
able, radio solvent (optional), household 
glue, tweezers, small scalpel (optional) , 
barber's scissors or other pointed scis­
sors, a new razor blade, and an aluminum 
clothes sprinkler head. The chamois may 
require some shopping around because 
of the enormous variation of thickness 
and pliability, but usually the small, most 
inexpensive pieces found at the ti\·e and 
dime will include a few that have the 
desired characteristics. The aluminum 
sprinkler will only be required for cer­
tain very inexpensive units as will be 
described. 

The operation should be performe<l on 
a clean hench or table. First, tear away 
the dust cover with the tweezers (Fig . 
2), taking care not to disturb the voice­
coil leads. Next, place shims of film nega ­
tive or paper around the center pole to 
maintain the voice-coil form in position, 
as in Fig. 3. Usually four narrow shims 
located at equal intervals around the 
pole are sufficient. The sol\'ent may then 
be t1sed to saturate the juncture of the 
outer rim of the cone, the frame, ancl the 
gasket. \Vhile the solvent is acting on 
the glue, the rim of the cone may be cut 
awav at the middle of the insi<le cor­
rugation (Fig. 4) leaving a "lip" past 
the smooth part of the cone. The entire 
outer corrugations and gasket may now 
be lifted out. If solvent was not avail­
ahle, this part can he loosened with a 
knife after it is cut loose from the cone. 

The spider should be cut a\\ ay with 
either the scalpel or pointed scissors, 
leaving four strips about ½ to ¼ inch in 
width at equal intervals (see Fig. 5) . 
Now attach fot1r strips of Scotch tape to 
the outer rim of the cone, evenly space1I, 
and then fasten them to the frame with­
out applying tension to the cone. If de­
sired the shims mav be removed and the 
speaker tested for t·rueness of centering. 
If it will respond to loud musical pas­
sages that include low frequencies with­
out rattling, the assumption may he 
made that the centering was adequately 
done, and the shims may be replaced as 
before. 

The Scotch tape should be replaced, 
one piece at a time, by pieces of chamois 
about 2 inches wide (see Fig . 6) . The 
chamois pieces should first be glued to 
the lip left when cutting away the rim of 
the cone, then to the frame. The chamois 
shoulcl he tightened just enough to re­
move \\'rinkles but not stretched. After 
this operation the speaker may be tested 
again . 

:'l:ow the four large gaps around the 
cone rim mav be filled by cutting larg(' 
pieces of cl{amois to tit thei11. These 
large sections should be installed \'Cry 
loosely, leaving a deep wrinkle bel\Ye~11 
the cone rim and the frame as shown 111 

the end-product photo of Fig. 7. Their 
purpose is to eli1ninate the exchange of 
air between the rear and front of the 
cone, not to support and impede it; so 
they arc left loose, allowing only the four 
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11arrow str ips to suspend the cone. The 
gasket should be tr immed of original 
cone rcmna11ts and reglued into posi t ion . 
The dust cover may or may not he re­
used, depending on tlte ultimate purpose 
of the speaker as <lescrihed l;i ter. In 
every instance the glue should he use1l 
sparingly, especially on the cone. When 
the chamois is gluer! to the frame, the 
glue should he spread near the outer rim 
of the frame onlv; this will allow a 
longer chamois suspension and preserve 
its pliability. 

When the job is completed, we have a 
cone that is snspentled at four points by 
the spider, and at four points on soft 
chamois at the outer rim. It would bi! 
difficult to conceive of a more compliant 
suspension. An ordinary replacement 
speaker, pmchased for about five dollars 
in a radio supply store was thus treated 
and then -co111paretl to a 15-inch speaker 
costing more than IO times as much. The 
cheaper 12-inch unit appeared to he dis­
tinctly cleaner, although the overall re­
sponse was admittedly somewhat rough 
a111I shrill due to inherent characteristics 
and the re111oval of cone resonance as a 
contributor of bass. 

This pheno111enon of shrillne,,s may he 
removed by two general methods, the 
use of the speaker as a woofer only, or 
frequency correction oi the speaker it­
self. The latter may be achieved hy a 
mechanical means that the writer has 
found surprisingly effective and that 
seems to smooth the high range. It is to 
he recommended only for inexpensive 
speakers of the replacement class (a111l 
then only on 10 and 12-in. units), but 
these are the units that most need fur ­
ther alteration . 

The method consists of gluing a small 
perforated aluminum dome over the cen­
ter of the cone in place of the dust cover. 
This dome may be obtained from an 
aluminum clothes-sprinkler head. The 
sprinklers are obtainable from most 
\ ariety stores for ahout a nickel. The rim 
that clamps the dome in place should be 
l·emoved hy insert ing a sharp knife blade 
under it and lifting it away from the 
dome. A small amount of household glue 
should then he placed around the rim of 
the dome, and after positioning-, a sma11 
weight on the dome will hold it in place 
until the glue has set. The speaker should 
now be ready to mount and try out. 

REMAINING 
SPIDER- FOUR 
EQUAL SECTIONS 

CONE 

CUT AWAY 
PORTION 

Fig. 5. The spider is cut away c:xcept for four 
sectors which hold it in pos ition while allowing 

greater compliance. 

Fig . 4. Slitting the outer edge of the cone . to 
remove it from mechanical engagement with 

the frame . 

fig . 6 . Four strips of the soft chamois ore glued 
in place to hold the cone centered . 

Fig. 7. Spaces between the four original chamois 
strips ore f illed with loosely hung chamois to 
help seal front off from rear a ir without re-

stric ti ng cone movement. 
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