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The search for an improved method of presenting stereophonic sound, the appli¬ 
cation of transistors to high fidelity equipment and the improvement in piezoelectric 
phono cartridges all made exciting news in 1957. These advances are detailed in 
Chapters 6, 7 and 2, respectively. But, there was a great deal more done in the 
improvement of conventional equipment and in the challenging of long-accepted 
notions that did not make big news but may be of more lasting importance. Some of 
this material is also presented in this second edition of the HI-FI ANNUAL & 
AUDIO HANDBOOK. 
4s high fidelity has become more and more popular, and as it spreads to great 

numbers of technically uninformed consumers, opportunistic manufacturers have 
not hesitated in applying the label “high fidelity" to their products which bear no 
relation to the carefully-engineered and quality-controlled components made by 
the hi-fi specialists. Also, many hi-fi cliches relative to speakers and amplifiers are 
being used and pushed in advertising claims without serious thought being given to 
their effect on the future of hi-fi. Mr. H. A. Hartley, the well-known British designer 
and manufacturer of hi-fi components analyzes and attacks many of these notions 
and makes suggestions for selecting speakers, amplifiers, etc., in Chapter 1. 

Many new ceramic and crystal cartridges claim to have excellent response char¬ 
acteristics. Are these claims substantiated by objective tests? The article on ceramic 
cartridges in Chapter 2 answers this question and gives information on equalization 
besides. In addition, there are build-it-yourself articles on tone controls, preamps, 
and, in Chapter 3, amplifiers. Chapter 4 offers information on enclosure design and 
construction as well as details on some really new speakers. 

Complete tape recording systems are now available in “building block” form for 
custom installations. How to expand a typical installation in easy-on-the-budget 
steps from playback only to stereo record and playback is described in Chapter 5. 

The articles contained herein are those which received the greatest response from 
the most knowledgeable and critical hi-fi fans in the world, the readers of RADIO & 
TV NEWS magazine. Those of our readers who wish to keep up with the monthly 
advances in hi-fi, and also desire to build their own equipment, should read RADIO 
& TV NEWS. 
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''Rafale 
©High Fidelity 

By H. A. HARTLEY* 
Audio Consultant 

Part I. "Is today's high-fidelity really realistic?" 

Subsequent articles cover facts of room acoustics 

and the design and operation of all the various 

units in a home sound reproducing system setup. 

THE object of this series of articles is to show you how to achieve very 
good musical reproduction in your 

home without putting you to the task 
of learning mathematics, electronic 
theory, and acoustics, while saving you 
from the snags of making unsuitable 
purchases in your equipment. Many 
people with a cultivated taste in music 
have spent large amounts of currency 
putting together a music system and 
some have not bothered about the mu¬ 
sic very much, but have paid a great 
deal of attention to reproducing very 
high treble and very low bass. Both 
types are called "high-fidelity fans” 
and I am going to suggest that except 
in rare cases the results they get are 
not music. Perhaps no compact phrase 
has ever been so overworked as “high-
fidelity,” so before I show you how it 
may be achieved (and it can be 
achieved at quite modest cost) it would 
be a good idea to let us work out a 
definition of what it really means. In 
case you wonder what qualifications I 
may have for such a discussion I can 
only say that as I was the inventor of 
the phrase, ’way back in 1927, I know, 
at least, what was in my mind when I 
first used the words. 
I had been in radio and audio re¬ 

search ever since the “wireless” indus¬ 
try came into existence. I was also in¬ 
terested in music. In those days the 
reproduction obtainable from the usual 
commercial equipment may have satis¬ 
fied the ordinary listener, but no one 
with any knowledge of what live music 
sounded like could pretend that it was 
anything better than a very thin ghost 
of the real thing. With a few co-work¬ 
ers of similar outlook I came to the 
conclusion that something could be 
done about it, and we developed am¬ 
plifiers and speakers that were im¬ 
measurably better than anything on 
the commercial market. We tried out 
our equipment on the sales department 
of the company for which we worked, 
and it was turned down flat because it 
sounded uncomfortable. It was crit¬ 
icized because the reproduction was 
edgy and thin, and had no nicely 
rounded “tone” (whatever that meant). 
Actually what was wrong with the 
idea was that in reproducing all that 
was best in the whole chain of sound 
reproduction it also reproduced all the 
defects, and the salesmen said that al¬ 
though we might have gotten some¬ 
thing if we could make the regular 
equipment sound better, they couldn’t 

sell something that made it sound 
worse. 
This very primitive argument con¬ 

tains the whole schedule of drawbacks 
of what we christened high-fidelity re¬ 
production, for when we said some¬ 
thing was high-fidelity reproduction we 
meant simply that the equipment itself 
did not add distortion to the signal 
going into it. Of course, we needn’t 
have used the word “high” at all, for 
fidelity without any qualification is 
just fidelity, no more, no less; but 
those were the days when the cheapest 
and most loathsome radios were ad¬ 
vertised as having “perfect reproduc¬ 
tion,” so the addition of “high” was 
just a gimmick. 
However, although the commercial-

• Mr. Hartley is one of the “old timera” in the 
electronica field having served his apprenticeship 
in British broadcasting during its experimental 
phases at Writtie. Essex. With P. K. Turner, he 
founded Hartley-Turner Radio Ltd. to manufac¬ 
ture hi-fi equipment. When the plant was de¬ 
stroyed during the war. Mr. Hartley switched to 
the design of airborne radar. In 1946, the Hart¬ 
ley-Turner firm was reactivated as H. A Hartley 
Co. Ltd. and is still operating in London. Mr. 
Hartley sold his British interests in 1963 and 
now si ientiflc and technical adviser to Hartley 
Products Co.. New York. 

ly-minded gentlemen wouldn’t have 
anything to do with our new sound, 
the idea clung to a number of enthu¬ 
siasts and- tempted your present con¬ 
tributor to throw up his job as a 
scientific worker in a commercial or¬ 
ganization and start in the hard way, 
by becoming his own boss. What I 
have to tell you, therefore, is the 
cumulative experience of over twenty-
five years of specializing, commercial¬ 
ly, in high-fidelity sound reproduction; 
and particularly during the past two 
or three years I have noted that ad¬ 
vertising agents, with their customary 
ingenuity, have found that “hi-fi” to¬ 
day is nearly as effective as the “per¬ 
fect reproduction” of twenty years 
ago, and means as little. 

I am not going to suggest that this 
misuse of the term is always intended 
to be misleading. Certainly some quite 
ordinary equipment is labeled “high 
fidelity” when the manufacturer knows 
perfectly well that it isn’t; but if the 
market has become conditioned to the 
broad principle that high-fidelity equip¬ 
ment is something better than ordi¬ 
nary equipment (which it is, since the 
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give better results in 

well ask where do we 
And that is what I 

pho-
and 
be a 
and 

will be 
fidelity 
artistic 
ter two 

listening to what I call high-
reproduction, and, from the 
point of view, it doesn’t mat¬ 
hoots what the frequency re-

through a loudspeaker. The coming of 
electrical reproduction made it possi¬ 
ble for a much wider audience to par¬ 
ticipate in the delights of listening to 
their compositions, but the interposi¬ 
tion of the electrical reproducer must 
not permit any coloration to act as a 
sort of filter between the live music 
and the listener’s ear. If a musically 
trained listener, fully aware of what a 
particular symphony sounds like in a 
properly designed concert hall when 
played by a competent orchestra, can 
hear the same work through a repro¬ 
ducing system in an ordinary living 
room and get practically the same 
aesthetic enjoyment from it, then he 

ment, nor can we expect perfect 
nograph records, microphones, 
transmitters. There has got to 
compromise between perfection 

formance would 
your own home. 
Now you may 

go from here? 

sponse is or what electrical and acous¬ 
tical tricks the designer has played on 
him. What matters is the end product. 
For the purposes of these articles I 
am calling the system of reproduction 
realistic high fidelity simply because 
there are quite a number of excellently 
designed audio devices, technically cor¬ 
rectly labeled high fidelity, because 
they do give wide frequency response 
without appreciable distortion, but 
which do not give that aesthetic satis¬ 
faction the realist demands for ade¬ 
quate enjoyment. 

I do appreciate that there are many 
people who are quite seriously inter¬ 
ested in what can only be described as 
audio stunts, and a number of record 
manufacturers have produced special 
hi-fi demonstration records which show 
that the technique of recording can 
produce quite amazing results for peo¬ 
ple who want amazing results. Basical¬ 
ly, however, we are most interested in 
deriving the utmost possible pleasure 
from the works of the musical masters, 
and that is what I shall try to see that 
you get. You might think that you 
have enough power of discrimination 
to choose what you like yourself, and 
I do not deny that you may have; but 
are you sure that your comparison 
tests are going to be fair to you? Let 
me give two examples of where they 
might not be. 

Serious-minded dealers have gone to 
considerable trouble and expense to 
install A-B test demonstration rooms, 

want to show you. Some of what I 
say you may have to take on trust 
until you can prove it independently. 
My technical facts will be beyond dis¬ 
pute, but when, as is inevitable, I have 
to wander a little into the intangibles, 
you will have to judge for yourself. 
But before you go wandering there is 
a well-marked technical route which 
cannot be left without disaster, so the 
technical side must come first, and I 
shall try to make the technology as 
easy to follow as possible. When you 
have got that far, then comes the final 
test by which your efforts and my ar¬ 
guments stand or fall. Go to concerts 
just to get accustomed to what real 
live music really sounds like; then go 
home and play your records. If you 
get the same pleasure at home as when 
you listened to the real thing, then you 
have achieved what you intended. And 
I assure you you can. 

It is usual to liken sound waves to 
the ripples set up on the surface of a 
pond by dropping a stone into it. Ex¬ 
cept for the appearance of radiating 
circles which suggest that the sound 
waves radiate in a similar manner, 

so that you can judge for yourself 
which speaker you like best and which 
amplifier gives the best results on the 
speaker of your choice. Assuming the 
dealer has no ax to grind, that he has 
not loaded the dice in favor of the 
product which gives him the best dis¬ 
count, you are left with the inescap¬ 
able fact that you are listening in an 
auditorium which probably has no 
acoustic properties resembling those 
of your own private room in which 
you do your listening. Other manufac¬ 
turers have given public demonstra¬ 
tions of their equipment, where a live 
performance has been repeated as a 
recording and reproduction and you 
are invited to make the comparison. 
Assuming the demonstration has 

been so good that you can’t tell the 
difference, what does it prove beyond 
the fact that the demonstrator has so 
arranged matters that that is the im¬ 
pression he wished you to form. Tech¬ 
nically speaking, it is comparatively 
easy to stage such a demonstration (I 
have done it myself many times) but 
it does not prove that this is the equip¬ 
ment you want in your home, for once 
again the acoustics of the demonstra¬ 
tion auditorium do not resemble those 
of your private room. It might even 
be that equipment of less perfect per¬ 

factors outside the control of the 
listener have so profoundly improved 
in recent years) then it is but a small 
slide down in ethics to jump onto the 
hi-fi bandwagon, and makes life that 
much easier. The real trouble is that 
there is no standard definition for 
high-fidelity reproduction. If we are to 
assume that the use of the phrase im¬ 
plies that the equipment has a wide 
frequency range and is free from dis¬ 
tortion, then we might very well ask 
"how wide a frequency range?” and 
“how much distortion?”, for it is quite 
obvious that mere mortals like our¬ 
selves cannot produce perfect equip-

possibility at a price the people can 
pay, and where that compromise is 
established is a matter of considerable 
dispute. 
The engineer can lay down what he 

considers the correct specification. 
Sounds can be analyzed, auditorium 
acoustics studied, pickups, tuners, am¬ 
plifiers, speakers, and speaker housings 
can be designed to deal with the fre¬ 
quency range in a way which produces 
no more distortion than the ear has 
been measured to accept as fidelity. 
By scientific method it could probably 
be shown that a musical score could be 
translated into reproduced sound in 
such a way that the composer’s inten¬ 
tions had been realized. And I assert, 
in the teeth of objections by my fellow 
engineers, that the result would not 
necessarily be high fidelity. 

The reason for my being apparently 
“difficult” is that I insist that what I 
originally meant by high-fidelity, and 
what I should think the average music¬ 
lover supposes he wants when he 
buys high-fidelity equipment; is sound 
emerging from the speaker which is a 
very close approximation of the sort 
of thing I hear when I go to a concert. 
The whole idea of music is to create 
certain effects in the mind of the 
listener and the composer of the music 
intends, and has always intended, that 
the musical sounds he has invented or 
created shall be heard “live” at first 
hand. I agree that there is a school of 
thought which argues that there is a 
new field of enterprise for musical 
composers to think in terms of elec¬ 
tronic reproduction, and I have no 
fault to find with such a philosophy; 
but this sort of musical composition 
must not be allowed to impinge on the 
music that has been written for direct 
hearing. 

Mozart, Beethoven, Brahms, Berlioz, 
Elgar, Walton, Copland, to mention 
only a few composers who are "hi-fi-
genic” (if I may coin a terrible word) 
intended their music to be heard di¬ 
rectly by the human ear and not 
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there is nothing else in common. If the 
pond is a rectanguar glass tank then 
disturbance of the surface at' one end 
will enable you to see the cross-section 
of the moving water and an instanta¬ 
neous photograph taken of the side 
along which the ripples travel will give 
a picture like Fig. 1A, which is ob¬ 
viously a sine-wave trace of gradually 
decreasing amplitude. Water is vir¬ 
tually incompressible and the ampli¬ 
tude of successive waves decreases 
simply because the diameter of the cir¬ 
cular ripples is always increasing; 
since the original applied energy (pro¬ 
duced by the dropping stone) is finite, 
the energy transferred from the first 
ripple to the larger second ripple can 
only produce a smaller displacement of 
the water. Note the three characteris¬ 
tics of water ripples produced by the 
impact of a solid body: the energy of 
the stone is transferred directly to the 
water (there is nothing between the 
stone and the water) ; the ripples lie 
in a plane surface normally quite flat; 
the ripples themselves do not move 
outwards but transfer their energy to 
adjacent still water to create this ap¬ 
pearance, and the motion of transfer 
is sinusoidal. On none of these three 
counts do sound waves agree with 
water waves. 

First, to create a sound something 
has to be interposed between the actu¬ 
ating object and the air itself. For ex¬ 
ample, in a violin bowing the strings 
(the equivalent of dropping the stone 
in the pond) sets them vibrating, but 
this vibration in itself produces prac¬ 
tically no sound at all; but the strings 
are stretched across the little bridge 
which rests on the belly of the instru¬ 
ment, and the vibration of the strings 
is therefore transferred to the belly, 
which in turn acts as a piston to set 
the air in motion. Even wind instru¬ 
ments without reeds or other moving 
parts, like horns, flutes, and the dia¬ 
pason pipes of the organ, have a “pis¬ 
ton” in the form of the air enclosed 
within the tube of the sound-maker, 
this air resonating at a frequency de¬ 
termined by the dimensions of the 
tube. So the surrounding air is set in 
motion by a solid or pneumatic piston, 
not directly by the original application 
of energy. 

Secondly, sound waves, in still air, 
travel outwards not as circles but as 
spheres centered on the point of origin. 

Thirdly, the transfer of energy from 
the point of origin outwards into space 
is quite different from the behaviour 
of ripples. The diagram of Fig. 1A 
shows that the ripples move sinusoidal¬ 
ly across the datum line represented 
by the surface of still water. They are, 
therefore, transverse waves since they 
are continually crossing the line of 
propagation. Since water cannot be 
compressed the radiating energy must 
be transferred in this way; but air is 
an elastic medium and it can be com¬ 
pressed and rarefied, so the propagation 
of sound waves is by a successive com¬ 
pression and rarefaction of the air 
along the line of propagation—there is 
no movement to left or right or up and 
down. Such waves are called Zongi-

tudinal waves because they move along 
a line. In spherical radiation there 
must obviously be an infinite number 
of lines of propagation in all direc¬ 
tions, but let us consider only one line. 

The first impact of the piston pro¬ 
duces a state of compression in the air 
immediately beside it. This compressed 
air wishes to expand, and in doing so 
pushes against the next small packet 
of air, which is compressed in its turn, 
and this pushes the next, and so on. 
But the first packet of air when ex¬ 
panding over-reaches itself somewhat 
and so becomes rarefied, and in re¬ 
suming normal volume tends to draw 
back the air it has already pushed. 
Propagation of sound, therefore, from 
a point source involves the creation of 
a tiny sphere of compressed air which 
transfers its energy to another sphere 
just enveloping it, and so on. Instead 
of the sine wave of Fig. 1A we can rep¬ 
resent this state of affairs as in Fig. 
IB, where the short lines close to¬ 
gether represent compression and the 
far apart lines rarefaction. It should 
be noted, however, that this diagram 
represents an instantaneous state, for 
the compressed area moves forward 
from left to right through the whole, 
cycle and then repeats as long as the 
original sound is continued. As the 
compression and decompression can 
only occur as the result of the dis¬ 
placement of particles of air, it follows 
that each particle during the interval 
of one cycle must move forwards and 
then backwards to its original posi¬ 
tion. If the distance moved could be 
measured and plotted on a curve, above 
the datum line for forward movement 
and below it for backward movement, 
the curve would be sinusoidal. 

It can be seen, therefore, that there 
is a sort of family relationship between 
water waves and sound waves in that 
one characteristic of each is of sine¬ 
wave form, but the peculiar character¬ 
istic of a sound wave is that it is 
created by little packets of compres¬ 
sion traveling along a straight line, 
and when multiplied by infinity create 
spheres of compression traveling out¬ 
wards. Each compressed packet is 
charged with energy which impinges 
on your ear drum. If the sound is 
transient then there is only one impact 
on the ear; if a steady tone, then the 
ear is successively hit with packets of 
air as frequently as the originating 
"piston” moves the air. If X and Y in 
Fig. IB are the points of maximum 
compression, then the distance XY is 
called the wavelength of the sound, and 
the wavelength is a function of the 
frequency. 
The discussion thus far deals only 

with a simple wave having indirect 
sinusoidal motion of the type described. 
The behaviour of the air can be ana¬ 
lyzed by strict mathematical methods, 
but there seems little point in giving 
the mathematical proof if you are pre¬ 
pared to accept what I have written 
as correct. The discussion, and its 
mathematical treatment, can be de¬ 
veloped for complex waves, which con¬ 
sist of a fundamental frequency and 
one or more harmonics, eäch harmonic 

having a frequency which is 2, 3, 4, 5 
.times the fundamental frequency. 
The movement of each particle of air 
is more complex, but follows the same 
general principles, as long as it is not 
confined in a closed space. But the 
room in which you will do your listen¬ 
ing is an enclosed space, for it has 
walls, and the walls not only arrest 
the sound wave but reflect it back 
along its path. 
Now you have seen that the wave 

assumes the form of an expanding 
sphere, and if the room in which it was 
generated was a sphere also then it 
requires little thought to imagine that 
the reflection would be constant 
throughout the room. Rooms being 
rectangular and not spherical, it fol¬ 
lows that different sorts of reflection 
take place. 
Let us return to a single ray of 

sound, one isolated wave traveling 
along a line of propagation. Let this 
ray continue until it meets a wall 
which is 100% reflective and perpen¬ 
dicular to it. Clearly, the sound will be 
reflected back along its original path. 
In Fig. IB, the particles are moving to 
create compression and rarefaction and 
move from a condition of maximum 
forward movement through zero to 
maximum backward movement (which 
is the same as greatest negative for¬ 
ward movement). The maxima and 
minima of compression are called nodes 
and in Fig. IB one node is exactly 
halfway between X and Y. Those 
points exactly halfway between the 
node and X and Y are called antinodes. 
As the linearly-increased density of the 
particles moves along the line of 
propagation there is no change of posi¬ 
tion and the amplitude is zero, but 
there is a change of density at the 
nodes; at the antinodes there is maxi¬ 
mum amplitude but no change of 
density. 
Now consider what happens when 

there is reflection. Assume a reflector, 
such as a hard polished wall, with 
100% reflective power. In Fig. 1C the 

Fig. 1. (A) Cross-section of transverse waves 
of water ripples. (B) Compression of longi¬ 
tudinal sound waves. (C) Effects of a 
reflector on sound waves at nodes and 
antinodes. Refer to article for details. 
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Fig. 2. Huyghen»' principle of propagation 
of sound waves. This is discussed in text. 

Fig. 3. Huyghens' principle, demonstrated 
in Fig. 2. applied to reflected sound waves. 

first wavelength XV of Fig. IB is 
shown at the top, and below it a pic¬ 
torial representation of rate of change 
in density, which is of sine-wave form. 
The nodes X and Y are lettered as be¬ 
fore and the intermediate node at half 
wavelength is lettered N ; the anti¬ 
nodes are AN¡ and AN-.. The outgoing 
wave is shown as a solid line, and 
when reflected by the wall at Y it is 
dotted; the arrows show the direction 
of travel. With the reflector at a node 
it is seen that the resultant of the two 
waves is zero, but when the reflector 
is at an antinode the reflected wave 
takes the same course (of compression 
and decompression) as the original 
wave. It is obvious, therefore, that the 
position of the reflector has a profound 
bearing on the sound wave, which 
means simply that a sound wave orig¬ 
inating in a room will not have the 
same effect on the ear as the same 
sound wave originating in an open 
space, or in an anechoic room such as 
is found in well equipped acoustical 
laboratories (the word “anechoic" 
means simply no echoes, no reflection). 
These results derive from the re¬ 

flector being exactly at right angles to 
the line of propagation; to understand 
what happens when the sound wave 
falls obliquely on the reflector it is 
easier to consider what is usually 
called Huyghens’ principle of wave 
propagation, for in any event we are 
interested not in waves proceeding in 
a straight line but in expanding 
spheres. A sphere is formed of an in¬ 
finite number of cones, so let Fig. 2 
represent the cross-section of one cone, 
the sound source being at O. 

Huyghens’ principle states that at 
any instant the wavefront of a sound 

wave is the envelope of wavelets whose 
origins are all the points comprising 
the wavefront which existed t seconds 
previously. In an isotropic medium at 
rest these wavelets are spherical and 
of radius vt, where v is the velocity of 
propagation of the waves in the given 
medium. (In strict accuracy it must be 
pointed out that Huyghens was pri¬ 
marily concerned with light waves, but 
the same argument applies to sound 
waves.) In Fig. 2 from the point O as 
center we describe an arc AA, which 
can be subdivided by the points a, a, 
a. ; these points can be considered 
air particles affected by the emergence 
of the original particle from O. In 
practice, of course, the distance OA 
would be extremely small, for we as¬ 
sume that only one particle from O 
affected several particles a. 
From AaaaA we now describe a 

series of arcs of radius AA to produce 
the form shown at BbbbB. The en¬ 
velope, that is the line enclosing this 
form and shown dotted, is the new 
wavefront. From this new wavefront a 
further series of arcs can be described, 
and so on indefinitely. The distance 
from A to B is vt. This principle of 
Huyghens was stated as long ago as 
1678 and there is no proof that it is 
correct; yet it is generally accepted 
because it is a reasonable explanation 
of what happens, and experiment has 
not contradicted it. Moreover it does 
give an understandable picture of how 
a sound wave progresses, and since the 
factor t is involved it can be under¬ 
stood that the scale of the diagram, if 
one may use the term in this way, is 
dependent on the frequency of the 
sound wave in cycles-per-second. 
Now consider Fig. 3. The reflector 

RR interrupts the passage of the sound 
wave whose wavefront is BbbbB. If it 
were not there the track of the sound 
wave would obviously be within the 
rectangle BBCC, but that part of the 
rectangle shown dotted is the part re¬ 
flected by RR. Using the Huyghens’ 
idea we can consider the approaching 
wavefront as BB with wavelets start¬ 
ing from the points b, b, b. The point 
of incidence of the lower B on the re¬ 
flector indicates that at the instant 
this wavelet hits the reflector the 
wavelet from the upper B has still to 

Fig. 4. Dispersion effect of a sound bar¬ 
rier having a slot or hole. See article. 

travel the distance BC, and the inter¬ 
mediate wavelets the distances br. The 
dotted line BC represents the path of 
wavelet lower B if it were not re¬ 
flected, but as it is reflected by a 100% 
efficient sound mirror it must have the 
same magnitude, so we describe an arc 
with center lower B and radius BC. 
Similarly, the wavelets emanating from 
b, b, b are reflected at r, r, r and are 
reflected onto the wavefront CrC at 
positions cr, the distances rcr being 
equal to the distances rc. So, then, at 
a given instant, part of the wavefront 
is wholly reflected, part is not reflected 
at all, and the intermediate wavelets 
are partially reflected. In the whole 
process it will be noticed that the 
wavefront is reversed with respect to 
the plane of the reflector. 
By a similar argument it can be 

shown that where the reflector is only 
a poor reflector, so that it is trans¬ 
parent to sound waves, refraction of 
the sound waves takes place in a man¬ 
ner similar to that of the refraction of 
light waves; this is of importance 
when considering the effect of hanging 
"diffusing” materials over the sound 
source, or, for that matter, the use of 
fabrics over the front opening of a 
speaker cabinet. 

One further characteristic of the be¬ 
haviour of sound waves should be 
noted before we apply these general¬ 
izations to the consideration of room 
acoustics. In Fig. 4 is shown the ap¬ 
proach of a sound wave to a hole in a 
sound-insulating partition. Most of the 
wave is blocked, but that part passing 
through the hole takes on the charac¬ 
teristic spherical form. In other words 
the sound passing through the hole is 
diffused throughout the space on the 
forward side of the partition. This may 
not seem to be a very exciting thing 
to illustrate but it happens to be of 
considerable value in improving listen¬ 
ing conditions with unsatisfactory 
speakers. We have not yet reached the 
stage when we can criticize speaker 
design but it will be within the knowl¬ 
edge of many of you that many speak¬ 
ers focus the high frequencies in a 
very pronounced manner. This is due 
to defective design, but it can be over¬ 
come in a very simple way. 
If Fig. 4 is considered to be the 

cross-section of a board having a slot 
as wide as the speaker diaphragm, it 
follows that if such a board is placed 
before a speaker that "beams” the 
highs, the beam will be spread out in a 
horizontal plane if the slot is vertical 
and in a vertical plane if the slot is 
horizontal. The former condition is 
what we require for ordinary room lis¬ 
tening. Obviously the board should not 
be so close to the speaker baffle or 
cabinet that it blocks the bass, but 
such a diffuser an inch or two in front 
of the speaker produces quite astonish¬ 
ing improvement of high note response 
off the axis of the speaker. The diffus¬ 
ing board can be cut from quarter-inch 
plywood, the sides about an inch great¬ 
er than the speaker diaphragm di¬ 
ameter, and the slot about an inch 
wide. 
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Part 2. One important factor that is overlooked by many hi-fi 

enthusiasts is the effect of room acoustics on the quality of 

sound obtained from their home hi-fi systems. Here are some 

of the facts to know to obtain 

IN PART 1 of this series I explained that A-B testing of audio products 
in a dealer’s store might enable you 

to assess the differences between vari¬ 
ous competing products as heard in 
that store, but did very little in guiding 
you as to which would sound best in 
your own home. You have also seen 
how sound waves behave in unenclosed 
air and in chambers having reflective 
containing walls. Reflections seem to be 
undesirable, so it would seem a simple 
matter to hang draperies all over the 
walls and ceiling, put a thick carpet on 
the floor, and conceal the naked wood 
of the furniture with the hideous tablé¬ 
elo ihs, tasseled drapes, and even leg 
frills of the worst of the Victorian pe¬ 
riod of stuffiness; then get a good 
speaker and housing from the dealer 
and set it up in this acoustic morgue. 
Unfortunately it isn’t as easy as that, 
for experiment will show that without 
reflection the musical reproduction has 
no life. But as soon as we do introduce 
reflections and echoes we also introduce 
complications. 

Our rooms do reflect sound in vary¬ 
ing degrees and the amount of reflec¬ 
tion is determined not only by the fur¬ 
nishings but by the frequency of the 
sound waves being reflected. The size 
of the room as well as its shape has a 
bearing on what is actually heard; the 
position of the speaker can alter every¬ 
thing; the very nature of the music 
being reproduced has some bearing on 
the way it is heard in the auditorium. 
Given unlimited wealth and resources 
the way to solve the problem is to hire 
an architect who is an expert in acous¬ 
tics and get him to build a music-lis¬ 
tening auditorium somewhere on the 
grounds of your estate, with enough 
seats in the thing to accommodate the 
many people who will come to hear the 
nearly perfect. But most of us aren’t 
like that. We are ordinary folk and 
have to use what we have, for better or 
worse. Let us try and work out how to 
do it for the better. 

First of all is the size of the room. 
No doubt you have read over and over 
again that you will get loss of bass if 
the room isn’t big enough, because to 
reproduce a low-frequency sound the 
room must be at least as long as the 
wavelength you wish to reproduce 
Fig. 5 is a chart showing the wave 
lengths of various frequencies of sound 
waves, and from this you will see that, 
according to the textbooks, a room 
which will reproduce a 50-cycle note 
must be at least 24 feet long, and one 
to reproduce 30 cycles would have to 
be at least 38 feet long. Sometimes you 
are told that if the speaker is in one 
corner it will sound better, for the diag¬ 
onal of the room is obviously longer 

realistic audio reproduction. 

than one side, so all you have to do is 
to sit in the opposite corner and there 
you have it! But if you don’t want to 
put the speaker in one corner and don’t 
want to sit in the opposite corner, what 
are you to do? My suggestion is that 
you put the speaker where you want to 
put it and sit where you want to sit. 
And you will still hear the bass, in spite 
of the textbooks! 

I don't want to decry the efforts of 
my fellow writers, but it is a fact that a 
lot of textbooks are just a rehash of 
material that has appeared in print be¬ 
fore, and if someone many years ago 
came out with a “law,” or a “principle,” 
or an “axiom” it is likely enough that 
it will be repeated over and over again, 
without its alleged validity being ques¬ 
tioned. Being a difficult and unbeliev¬ 
ing person myself I very often don’t ac¬ 
cept these laid-down principles, and as 
I can hear exceedingly well reproduced 
low notes in my own room which isn't 
anywhere near as big as the minimum 
size laid down by the experts, it follows 
that there must be some other explana¬ 
tion of what is going on. 
As has been explained, a sound wave 

progresses in ever-growing spherical 
zones of compression followed by zones 
of rarefaction; a human ear in the path 
of the sound wave will be acted on by 
the compressed and rarified air. If there 
is only one sound wave the eardrum 
will be affected only once, but if the 
sound is continuous then the eardrum 
will be affected every time a zone of 
compression and decompression passes 
it, at a frequency determined by the 
frequency of the original sound. If it is 
a 50-cycle note the ear will be affected 
50 times a second, and the fact that the 
wavelength, the distance between suc¬ 
cessive spheres of compression, hap¬ 
pens to be 24 feet has nothing to do 
with your hearing the sound in any way 
at all. You could hear the 50-cycle 
sound in the open air or in a pair of 
headphones (if these are capable of re¬ 
producing a 50-cps note) or in any 
room between these extremes. But, 
and it is a big but, reflections from the 
walls of the room have a great deal to 
do with what happens. 
Without considering any factors 

other than reflection, let a 50-cycle 
sound be sent out from a speaker in a 
room which is 30 feet long. According 
to the textbooks this room is large 
enough for you to hear the sound prop¬ 
erly because it is big enough to contain 
a whole wavelength. But if you walk 
about the room while the sound is 
emerging from the speaker you will 
find that there are points where you 
hear no sound at all. This is due to the 
reflections from the walls. If you refer 
back to Fig. 1 (Part 1) you will see 

that reflectors on the nodes produce 
cancellation of the sound and those on 
the antinodes do not. If a whole wave¬ 
length and a bit have emerged from 
the speaker and the bit is reflected 
from a wall in such a way that a zone 
of rarefaction meets an equal and oppo¬ 
site zone of compression the result will 
be nothing at all. Such a condition is 
called a standing wave, because it is a 
“wave” having no energy. Of course it 
is not a wave at all, it is a zone of no 
wave, but the term conveniently de¬ 
scribes the condition. Standing waves 
exist in terms of frequency, room di¬ 
mensions, and the nature of the reflect¬ 
ing surfaces, and it is an instructive 
experiment to feed an amplifier with 
the output of an audio oscillator and 
listen to the speaker in various parts of 
the listening room. There are acous¬ 
tically blind spots all over the room, 
and just outside of these acoustical 
blind spots the sound can be heard at 
full strength. 
With great patience a map of the 

room could be drawn for each fre¬ 
quency showing the location of the 
blind spots, but as the sounds used for 
the map are pure and sustained tones, 
which very rarely occur in real music, 
the value of a set of such maps seems 
to be very doubtful. 
Independent of the frequency of the 

sound wave there are two factors 
which determine the behavior of the 
sound wave once it is injected into the 
room—resonance and reverberation. 
Sometimes these terms are used inter¬ 
changeably but they are two quite dis¬ 
tinct effects. As in an open or closed 
organ pipe any enclosed body of air 
resonates at its natural frequency, an 
effect, we shall discover in due course, 
which has a direct bearing on the de¬ 
sign of a speaker housing. The air in 
a room has its own natural resonant 
frequency determined solely by the 
volume of the enclosed air; it will fol¬ 
low that if the volume is such as to 
create a resonance within the normal 
audible range then any notes emitted 
by the speaker of the same frequency 
will be augmented. In practice this 
doesn't matter very much because the 
effect is generally negligible; but the 
effects of reverberation are much more 
serious, an unduly long reverberation 
period affecting the whole gamut of 
frequencies and making speech and 
music quite unintelligible. 

In the absence of absorbing material 
on the walls and ceiling of the audi¬ 
torium the sound waves proceed from 
the source, are reflected by the walls 
on to the ceiling and from the ceiling 
on to the walls (and floor, if it is 
bare). Further reflections occur until 
the sound is echoing backwards and 
forwards. If part of the auditorium 
has curved surfaces, such as a domed 
or curved ceiling, the scattering of re¬ 
flections becomes emphasized. The time 
of reverberation is easily measured, 
for a transient pulse of sound can be 
generated and the recurring echoes 
heard until their magnitude is neg¬ 
ligible; the decay in intensity must 
necessarily occur since the walls and 
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in where t is the reverberation time 

i Fig. 6. Absorption coefficients of 
’acoustic tiles at various frequencies. 

Table 1. Absorption properties of various 
materials fovnd in the average living room. 

will help; the normal 
coves on ceilings de¬ 

position and direction 
will determine to a 

convex moldings 
concave plaster 
tract. 

Naturally the 

seconds, V is the volume of the room 
in cubic feet, a is the absorption co¬ 
efficient of the tiles, S is the surface 
area of the walls and ceiling (and the 
floor if not completely carpeted). V 
being fixed, since the room exists, the 
formula gives the area of tiles required 
to reduce the reverberation time to 
any desired figure. 

As the absorption varies with fre¬ 
quency and as the reverberation period 
varies with room volume, the deter¬ 
mination of absorbing area must be a 
matter for your personal taste. As I 
mentioned before, a completely dead 
room lacks the life needed for pleasant 
musical reproduction, so if you have 
overdamped, then the sound from the 
speaker must be diffused by suitable 
reflectors. This is regularly done in 
recording and broadcasting studios, for 
with the varying types of sound to be 
recorded or broadcast, conditions must 
be varied to suit the requirements of 
the control engineers. Suitable reflec¬ 
tors can be either flat or convex but 
not concave, since these focus sound, 

->Fig. 5. Wavelength« of sound wave«. 
In feet, at frequencies up io 100 cps. 

just like the concave reflector of an 
automobile headlamp focuses the light 
from the bulb. In studios the flat or 
convex reflectors are frequently mount¬ 
ed on pivots so that reflection can be 
controlled as desired. This elaboration 
is not needed for home listening; all 
you should consider is the avoidance 
of concave surfaces. If your listening 
room is L-shaped much better diffu¬ 
sion will be secured if the outer corner 
of the “L” is faced off with a diagonal 
panel set across it. If your room is long 
and narrow, a similar panel set across 
the angle between the ceiling and the 
wall farthest from the speaker will 

are made up of exploded mica granules 
cemented to shape. Typical absorption 
curves for tiles of these various types 
are shown in Fig. 6, and it will be seen 
that maximum absorption usually oc¬ 
curs in the frequency band 700 to 1500 
cps. Manufacturers of these tiles will 
supply the absorption curves on re¬ 
quest. 
The acoustical treatment of rooms 

intended for music listening has to be 
considered from two aspects insula¬ 
tion from external sounds which would 
interfere with enjoyment of the music, 
and removal of reflections in the room, 
particularly in the reduction of re¬ 
verberation. Acoustical tiles will help 
in both ways, although sound insula¬ 
tion between rooms and from external 
noise should have been incorporated 
when the building was erected. Subse¬ 
quent treatment for reducing rever¬ 
beration can be calculated for tiles by 
using this formula: 

5OO ' lOOO »OOO 
FREQUENCE-CYCLES per second 

of the speaker 
great extent how the sound is ulti¬ 
mately distributed. Most speakers fo¬ 
cus the highs, and speakers which 
focus severely may sound best by hav¬ 
ing the front covered with a slotted 
board, as mentioned in Part 1. This 
particularly applies to speakers which 
have an unduly large output at 2000 
to 3000 cps (a common fault), for fre¬ 
quencies of this order don’t seem to fit 
the absorption curves of tiles. 

help to ensure a better mean sound 
distribution. All corners filled with 

right or grand. I 
Controlled absorption can be set up 

by the use of acoustical tiles. These 
are usually recognized by their per¬ 
forated appearance. Usually the front 
portion is of compressed asbestos 
pierced with a regular pattern of small 
holes; this is backed with a layer of 
rock wool from a half-inch to one-inch 
thick. The tiles are not fastened di¬ 
rectly to the wall but to battens 
fastened to the wall; alternatively the 
rock wool can be obtained as separate 
cushions to be laid between the bat¬ 
tens the front tiles being fastened to 
the battens. Other tiles, cheaper and 
much lighter in weight, consist of com¬ 
pressed sugar-cane fiber; others, again, 

ceiling are not perfect reflectors, and a 
little is lost with each reflection. The 
time in seconds required to reach prac¬ 
tical audibility is called the reverbera¬ 
tion period. 

Before it was treated, a lecture room 
at Harvard University which was used 
in some of the earlier experiments in 
architectural acoustics had a 5.5 sec¬ 
ond period for an ordinary human 
voice; obviously even a slow speaker 
could utter several syllables in this 
time, so the result was simply a jum¬ 
ble of sounds if the room was fairly 
empty. Adding cushions to the seats 
improved matters, the more cushions 
the greater the reduction in reverbera¬ 
tion time, and the further addition of 
a packed audience brought the time 
down to a period when a speaker could 
be heard very well indeed. These some¬ 
what primitive and nowadays obvious 
results did at least start proper inves¬ 
tigations into room acoustics, and it 
can be taken as a simple generaliza¬ 
tion which always works that if you 
stand in the middle of your listening 
room, clap your hands, and hear that 
"the melody lingers on,” then condi¬ 
tions are not right for high-fidelity 
reproduction and sound absorbing ma¬ 
terial must be introduced. 
These properties of various mate¬ 

rials can be arranged in a simple table. 
If the coefficient of absorption is unity, 
representing complete absence of re¬ 
flection, then the coefficients for vari¬ 
ous substances are as given in Table 1. 

* (—2.3 Zog™ (1 —a))S 

As far as the usual room accessories 
are concerned, unglazed bookcases 
fairly full of books are good sound ab¬ 
sorbers, but if glazed the coefficient be¬ 
comes that of glass; unupholstered 
furniture can be taken as equal to pine 
boards. Wallpaper is more effective 
than paint on plaster but there is not 
much improvement by using it. Thickly 
upholstered furniture is much more 
absorbent than modern functional de¬ 
signs; a fitted carpet provides a more 
manageable listening room than one 
with a polished wooden floor and rugs. 
Picture windows without curtains are 
almost impossible to correct or com¬ 
pensate; if you have one of these quite 
admirable features in your music room, 
your listening will have to be done 
after dark, and the curtains must be 
substantial. Uncased radiators and 
wall heating panels can be very trou¬ 
blesome, as can be a piano, either up-

Open window .1-00 
Audience* .*.0.96 to 0.44 
Felt 1 inch thick (varying 
density) .0.80 to 0.50 

Cork 1% Inch thick.0.32 
Insulating panels .0.70 to 0.25 
Rugs and carpets (varying 
thickness) .0.30 to 0.20 

Unglazed oil paintings.0.28 
Velvet curtains .0.25 to 0.20 
Cretonne curtains .0.15 
Linoleum .°. 12 
Pine boards .0.06 
Plaster on laths. .0.034 
Glass .0.027 
Bricks and hard wall plaster. .0.025 
Cheesecloth and similar 
material .0.02 and less 
‘Lace and nylon curtains are almost com¬ 

pletely transparent to sound, so their pres¬ 
ence in Iront of various wall materials has 
no effect on the absorption coefficients of 
those materials; drapes to be effective must 
be of velvet cretonne, art juto (burlap), or 
similar substantial material. 
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Part 3. Reverberation, is an important factor in obtaining good 

sound reproduction. Here are simple tests you can make in your 

own listening room and methods for correcting faulty acoustics. 

YOU now know how sound waves be¬ have, you have been introduced to 
room resonances, reverberation, 

standing waves, and absorption coef¬ 
ficients. You realize that something 
should be done about the room in 
which you will listen to your radio, 
your records, and your tape. You may 
even, as I, have gone to the libraries 
and read book after book to find the 
answer, and come away, as I did, 
knowing no more about it, than when 
you went in. The treatment of large 
auditoriums has been studied inten¬ 
sively, but what is the good of consult¬ 
ing tables and examining curves if 
they start off with a smallest room of 
10,000 cubic feet? You and I have to 
make do with something very much 
nearer 1000 cubic feet, and then it is 
cluttered up with all sorts of domestic 
bric-a-brac. What is worse, if we de¬ 
sign a perfect auditorium then we are 
faced with the fact that our speakers 
are not perfect, and some of them are 
a very long way from being even near 
perfect. It seems sensible to arrange 
matters in the room to compensate 
some of the shortcomings of the speak¬ 
er that is going to be used in it. 

Well, we have to make a start some¬ 
where, so let’s start with reverbera¬ 
tion. If the reverberation period is too 
long then good reproduction is impos¬ 
sible, so have this reduced to not more 
than 1% seconds; I prefer it to be not 
more than 1 second, otherwise the “at¬ 
tack” of the reproduction is spoiled, to 
my ears. 

If the floor is covered with a fitted 
carpet, so much the better. If not, and 
bare wood or linoleum forms an ap¬ 
preciable part of the floor, this added 
to bare walls and ceiling will result in 
too long a reverberation period. The 
clapped hands test can be used, or a 
very good instantaneous sound source 
is the old schoolboy trick of inflating a 
paper bag and bursting it between the 
hands. Have all the normal furnishings 
in the room, have the average number 
of people in the room who will be lis¬ 
tening with you; let them sit in the 
chairs as they would normally do. 
Have a helper with a stopwatch and 
a keen pair of ears. 

Explode the paper bag, your helper 
starting the watch at that instant. 
When the echoing sound has died away 
to negligible proportions the watch is 
stopped. Repeat this measurement 
with other helpers and other ears, in 
fact for as long as your supply of 
paper bags holds out, then take the 
average of all the figures, thus aver¬ 
aging out errors too. If the time for 
the sound to die away is greater than 
1% seconds (I still advise 1 second), 
more absorbing material must be used 
in the room, this being quite inde¬ 

pendent of the type of speaker, type 
of housing, or location of the speaker 
in its housing; it is a fundamental 
property of the room itself. If your 
room is sparsely furnished, or very 
modern, with reflective furniture and 
decorations, you may have to use 
acoustic tiles, which can conveniently 
be placed on the ceiling and one wall. 
If the period is not greatly in excess 
of 1% to 2 seconds you may get away 
with heavier drapes and curtains. But 
before you do anything else, get that 
period down to 1 to 1% seconds. 
Now comes the far more tedious 

business of dealing with reflections 
and irregularities in the distributed 
sound. It is the plan of this series to 
deal with the whole subject of high 
fidelity from the end to the beginning. 
I could, therefore, assume you have 
no speaker at the moment, but you 
have got a speaker, and you may not 
want to scrap it. I must, therefore, 
make some break in the forward pro¬ 
gression of the story, on the assump¬ 
tion that, at any rate for the time 
being, you will use the speaker you 
now possess. Let us, therefore, con¬ 
sider that speaker. 

Its audio response is displayed by a 
frequency response curve. This curve 
will assume different shapes according 
to the situation of the calibrating mi¬ 
crophone on or off the axis. If a series 
of readings is taken on the axis, at 15 
degrees off the axis on either side, at 
30 degrees off the axis, and so on at 
15 degree intervals, a series of polar 
curves can be plotted to show the 
sound distribution over the front hemi¬ 
sphere. Fig. 7 shows a series of re¬ 
sponse curves on and off the axis of a 
typical but hypothetical speaker; Fig. 
8 shows polar curves for the same 
speaker. Obviously the radii of Fig. 8 
are a sort of ground-floor plan of the 
“vertical” curves of Fig. 7, so the 
whole response of a speaker could be 
shown by a solid model, whose shape 
is determined by a long series of re¬ 
sponse curves taken at intervals of a 
few degrees; the curves of Fig. 8 are 
contours of this solid model taken at 
specific intervals. 
These response characteristics of 

speakers are measured either in the 
open air or in anechoic chambers so 
that the surroundings do not influence 
the readings; yet the speaker will not 
be so used in real life. It will be ob¬ 
vious that whereas the frequency re¬ 
sponse determines the nature of the 
emitted sound, the room itself will de¬ 
cide what happens afterwards, since 
reflection is differential, both as to di¬ 
rection, determined by the angle at 
which the sound waves strike the walls 
and ceiling, and to magnitude, deter¬ 
mined by the frequency absorption 

characteristics of the reflecting sur¬ 
faces. 

It would be possible to find out what 
happens to each frequency by feeding 
the amplifier with the output of an au¬ 
dio oscillator and listening for standing 
waves, as explained in an earlier part, 
but this, unfortunately, doesn’t help 
very much with complex waves having 
several simultaneous frequencies, the 
sort of waves that make up musical 
sounds. A lifetime might be spent find¬ 
ing the standing waves for all frequen¬ 
cies and adjusting reflectors to elim¬ 
inate them, and still the final result 
would be only an approximation. Can 
we find an approximation some other 
and simpler way? The method I sug¬ 
gest now has not, to my knowledge, 
ever been made public before. 

Another characteristic of a speaker 
is its impedance curve. In free air, and 
on an infinite baffle of negligible inter¬ 
ference, the ordinary dynamic speaker 
has an impedance curve something like 
that of the curve of Fig. 9A. The peak 
at the bass end of the frequency scale 
is caused by the natural resonant fre¬ 
quency of the cone-coil assembly and 
its associated suspension. Speakers 
having paper cones with molded corru¬ 
gated surrounds resonate somewhere 
between 35 and 80 cps, but this res¬ 
onant frequency is also added to by 
the resonant frequency of the suspen¬ 
sion washer at the apex of the cone, 
the device which holds the voice-coil 
central in the gap. If the resonant fre¬ 
quency of the cone surround coincides 
with that of the spider washer, the im¬ 
pedance curve will have a very pro¬ 
nounced peak indeed, but usually the 
spider washer resonates at a higher 
frequency than the cone surround, 
owing to its smaller physical dimen¬ 
sions. The curve would then have two 
peaks, but the amplitude of the lower 
will be masked by that of the higher 
simply because if the speaker is unable 
to reproduce a frequency lower than 
that of the spider washer, the cone 
surround peak will not show on the 
curve. 

In case this is not quite clear, I 
should explain that the output of the 
speaker, particularly at low frequen¬ 
cies, depends on the electrical input to 
it. This is determined by the freedom 
of movement of the cone-coil assembly. 
As long as the limit of movement has 
not been reached either in the outer 
surround or the spider washer, a sine¬ 
wave input to the speaker will produce 
a pure tone output. When the input is 
so great that the cone movement limit 
has been reached, what emerges from 
the speaker is not a pure tone of the 
same frequency as the input signal but 
a mixture of harmonics of the funda¬ 
mental frequency; no fundamental (be¬ 
cause the cone can’t move enough), a 
very large proportion of second and 
third harmonics, and some higher har¬ 
monics. In other words, the speaker 
distorts because it is working beyond 
its power-handling capacity. There¬ 
fore, to measure the impedance of the 
speaker at any frequency it must not 
be made to move beyond a proportion 
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axis. See text the 

it has to do, so 

method with great success. 
The method is really very simple; it 

involves setting up a circuit to deter¬ 
mine the impedance at all frequencies, 
and then making adjustments to the 
room furnishings and arrangements to 
reduce individual peaks. Of course, it 
is necessary to get a datum, which in¬ 
volves taking an impedance curve of 
the speaker in its housing in the open 
air. Then with this curve before you, 
you have a basis from which you can 
compare the performance of the speak¬ 
er in the room. The open air curve 
may not strike you as being very good, 
in which case you would make adjust-

of the limit of freedom of movement; 
under these conditions only is it possi¬ 
ble to observe, in impedance measure¬ 
ments, the effects of the cone surround 
and spider resonances. 

The peak at the treble end is due to 
the inductance of the voice-coil, apart 
from certain other subtle mechanical 
causes; for a given inductance the im¬ 
pedance must increase with frequency, 
but the increase only becomes appre¬ 
ciable at frequencies over 1000 cps; be¬ 
low this the mechanical design of the 
speaker is more important. The curve 
of Fig. 9A, then, shows how the im¬ 
pedance varies with frequency, but it 
is a smoothed curve. If the curve is 
taken very carefully indeed it will be 
more like the curve of Fig. 9B, for 
such phenomena as noding of the cone, 
radial "break-up” of the cone, even 
resonances in the metallic structure of 
the speaker chassis, will be revealed 
by irregularities in the curve. If the 
curve is taken again with the speaker 
in a cabinet of some sort, instead of 
being mounted on a rigid infinite baffle, 
the curve will be of a vastly different 
shape. 
The reason for this is that the 

speaker will only have output when it 
is doing work. The output of an auto¬ 
mobile motor is measured on a brake¬ 
horsepower test; that is, its power out¬ 
put is measured in terms of the work 
required to stop it. If you race your 
car engine in neutral it isn’t doing any 
work, and has no output to speak of. 
Similarly, a speaker working into a 

ments in the room to absorb or reflect 
the sound on a trial- and-error basis to 
flatten the curve. If the original curve 
looks pretty good, you would take care 
to see that it is not made worse by the 
room. Even a simple adjustment like 
moving the speaker about the room 
will make an appreciable difference in 
the impedance curve. In this way you 
may find where it will work best, and 
where it works best you may be sure 
is the place where it sounds best. Don’t 
forget that your human "guinea pigs” 
must be there when you are taking 
your measurements. 

There are three different methods 
of taking impedance curves easily. 
For all three an audio oscillator is re¬ 
quired, but the rest of the equipment 
varies. Fig. 10A shows how to measure 
the current through the speaker and 
the voltage dropped across it; this re¬ 
quires an a.c. ammeter and an a.c. 
voltmeter. The impedance at any fre¬ 
quency Z is simply EH, where E is the 
voltage reading on the voltmeter across 
the voice-coil and I is the current in 
amperes through it. In taking the 
measurements, advance the oscillator 
in steps of 10 cycles from, say, 30 to 
100 cps, then in steps of 100 cycles up 
to 1000 cps and thereafter steps of 
1000 cycles up to the limit. Note par¬ 
ticularly the exact frequency at which 
the voltage rises and the current falls 
momentarily, which marks resonant 
pen ks 

Since a.c. ammeters are not always 
easy to come by, another method using 
two voltmeters is described. This is 
shown in Fig. 10B. The method is sim¬ 
ply to compare the voltage drop across 
two resistances in series. Select R to 
be exactly the same as the d.c. resist¬ 
ance of the voice-coil of the speaker. 
With d.c. passing through the voice¬ 
coil and R in series, the voltage drop 
across each will be equal. Now apply 
an a.c. source, your audio oscillator. R 
must be a non-inductive resistor, other¬ 
wise its impedance will change with 
frequency, and if you use a molded 
composition resistor, be sure that it 
will dissipate enough watts. Now ap¬ 
ply various frequencies as indicated 
previously, when the impedance of the 
speaker can be calculated from the 
simple formula: 

Za = R(Ea/EK) 
Both these methods have the disad¬ 

vantage that a certain amount of ob¬ 
serving meters and simple calculating 
has to be done. A more elegant and 
much simpler way is to use an oscillo¬ 
scope, which has the further advan¬ 
tage that for continuous observation 
you don’t have to observe two separate 
meters. The hookup is shown in Fig. 
10C. Here again R is a non-inductive 
resistor having the same resistance as 
the d.c. resistance of the voice-coil. For 
setting up purposes you will require 
two non-inductive resistors of the same 
value as the voice-coil d.c. resistance, 
since the oscilloscope must be set on 
a.c. Connect a resistor across each 
pair of plate terminals, apply a signal 
from the oscillator and adjust the 
sensitivity controls of the oscilloscope 

vacuum hasn’t work 
no output. The impedance curve is 
therefore a picture of the work the 
speaker has to do, and at the highest 
points the speaker has the greatest 
output. Any speaker with a fairly high 
bass resonant frequency, say 60 to SO 
cps has a very audible bass thump of 
one note, and the treble resonance is 
noticeable as a shrieky edge to the 
music. If the speaker is working into 
a horn it has a higher efficiency be¬ 
cause it is better loaded—instead of 
dissipating its energy in all directions 
it is concentrated in a column of air, 
and the output is also more linear and 
the impedance curve flatter. We can, 
therefore, associate speaker efficiency 
and capacity for work with its im¬ 
pedance curve. I suggest that this sim¬ 
ply-determined characteristic can be 
used as an index of what is happening 
outside the speaker. I have used the 

Fig. 7. Response 
curve of a speaker 
(top to bottom) on 
the axis and at 30 
and 60 degrees off 
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Hg. 9. Impedance 
curves of a typical 
speaker: (A) The cus¬ 
tomary smoothed curve 
showing bass resonant 
impedance peak and 
impedance rising with 
frequency: (B) Actual 
impedance curve show¬ 
ing major and minor 
bass resonant peaks 
and irregularities 
due to cone distor¬ 
tion and the chassis 
resonances. See text. Fig. 10. Three methods of taking impedance 

curves of speakers. (A) Simple ammeter¬ 
voltmeter method. (B) Comparison with a 
standard resistor using two voltmeters, 
and (C) Oscilloscope method of direct com¬ 
parison of resistor and speaker impedance. 

internal amplifiers so that the trace is 
a straight line at 45 degrees inclina¬ 
tion. If the trace is adjusted so that it 
passes through a convenient point on 
the lower left-hand corner of the grati¬ 
cule, then the graticule can be used 
as a scale in the subsequent measure¬ 
ments. 

Now replace the resistor across the 
vertical plates by the speaker. When 
the speaker acts as a pure resistance 
the trace will remain a straight line, 
but when the inductive and capacita-
tive components take effect the straight 
line will become a narrow ellipse. It is 
the major axis of the ellipse in which 
you are interested. 

As the frequency from the oscillator 
varies and as the ratio between the 

volts across the speaker and the volts 
across R varies, so the trace will move 
from the 45 degree position, and the 
relative magnitudes of the two volt¬ 
ages can be measured by counting 
graticule divisions. This is not abso¬ 
lutely necessary if you are mainly con¬ 
cerned in making the impedance con¬ 
stant. What is useful in this method 
is that divergence from the normal 45 
degree position can be checked against 
adjustments of the room furnishings. 
For example, putting your hand in 
front of the speaker is enough to cause 
a shift. The effect of putting a dif¬ 
fusing slot in front of the speaker can 
be instantly observed. Modifications to 
the housing can be checked instantly. 
You will never get the impedance 

curve flat, but the methods just de¬ 
tailed will indicate the effect of the 
adjustments you make to your listen¬ 
ing room. It may all sound very te¬ 
dious, and I am prepared to admit that 
it can be a trial to one’s patience, but 
if your desire is honest-to-goodness 
high fidelity, then the room must be 
right. When all is said and done it 
only has to be done once (unless, of 
course, you change your speaker and 
its housing) but that is the way to do 
it. Get the background right and all 
that you do afterwards can be planned 
with some degree of certainty. If you 
don’t, then you are inevitably working 
in the dark, and all the twisting of 
control knobs on the most elaborate 
preamplifier will not get matters right. 

Part 4. Design factors influencing loudspeaker performance and a discussion of the simple, 

diaphragm type reproducers. 

DESIGNING high-fidelity loudspeak¬ ers is partly a science but very 
much a fine art. The requisite 

"know-how” has to be acquired the 
hard way—by making mistakes; in 
other words, the engineers who have 
made their mistakes and have profited 
from their experiences are in a posi¬ 
tion to contribute more to the indus¬ 
try than a newcomer. This seem¬ 
ingly untechnical approach is not an 
attack on science or straight-thinking, 
it is straight-thinking since a speaker 
cannot be designed by mathematics. 

It is a known fact that only the sim¬ 
plest actions of a speaker can be an¬ 
alyzed mathematically, such as an in¬ 
finitely rigid diaphragm driven by a 
sine wave; but since musical repro¬ 
duction, in all cases, results from 
an extremely flexible (speaking com¬ 
paratively) diaphragm actuated by 
very complex waves, the motion of it 
and the sound emanating from it can¬ 
not be computed very readily. Put¬ 
ting it crudely, speaker design is a 
sort of inspired guesswork. Certain 
parts of the speaker, particularly the 

magnetic system, can be designed with 
great precision, but the thing that 
makes the noise, the voice-coil-cone 
assembly, cannot be treated in this 
tidy manner. 
The home constructor and the en¬ 

thusiastic amateur are at a serious dis¬ 
advantage in the matter of speaker 
design, although many volumes have 
appeared dealing with the subject. 
Making a speaker is not easy, for in 
order to secure reasonable sensitivity, 
tolerances have to be close in the 
voice-coil, yet it is made from mate¬ 
rials which do not lend themselves to 
fine limit construction. I shall as¬ 
sume, therefore, that in the matter of 
speakers you will buy something ready 
made. The problem is, therefore, 
which speaker to buy and,how to use it. 
Strange as it may seem, the per¬ 

formance of a speaker can be fairly 
well estimated merely by looking at it, 
if you know what to look for. This is 
due to the fact that experienced de¬ 
signers know that such and such an 
assembly of materials produces cer-

Editors Note: As is quite obvious, the opinions presented in this article are those of 
II e quite “ >ew individuals who. like "heauthor belled 

S*6 U?e Small-cone speakers is preferable, for high-fidelity revroduc-
AZ f. ° “ ,ar‘{e> single-cone unit. There are several facts that validate this thonaht 
On the othe> hand, you will find many other individuals, including most V S sneaker 
manufacturers, who believe the larger cone unit is the ultimate answer Thèu too 

^n Wa,ble ar»ume»,s for its use. Some of these fac?s are obvi^ï: AÙ 
ho’ n as *how'f theoretically, the bass response of a small-cone 

speakei can lie made as good as a large-cone speaker, the large voice-coil and cone 
recinwed Present major manufacturing and performance difficulties As a 

ĤOW that considering present-day techniques, the bass response ex¬ 
tends faither down (freqUency-wise) as the cone size increases. On the other hand 
the provtde better coverage of the high end when compared with 

speakers. For greatest frequency range, it is usually necessary 
to use a combination of one large-cone woofer and a high-frequency tweeter. V
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Fig. 11. The distortion of speaker diaphragms at low frequencies. (A) Nodes 
on a straight sided cone. (B) Nodes on an exponentially-curved cone, and 
(C) wave motion along the sides of a cone. Refer to text for details on this. 

tain sounds and has certain defects 
(for no speaker is perfect). The wider 
the experience the more certain is the 
work of the designer, but it does not 
follow that a given manufacturer pro¬ 
duces some specific model because the 
designer wanted it that way; the man 
who usually fixes the design is the 
sales manager, whether he is selling 
loudspeakers or automobiles. Fashion 
trends are created by advertising ex¬ 
perts and the public trained to accept 
these fashions as the thing they ought 
to have. New ideas are created by 
original thinkers and competitors rush 
in as soon as the new feature has 
proved to be a seller and copy it, with¬ 
out -having any clear notion of what 
they are doing. Others know full well 
what they are doing, but for the sake 
of novelty christen an accepted design 
feature with a new name. 
I speak from direct experience of 

this sort of thing. Many years ago I 
came to the conclusion, after innu¬ 
merable experiments, that the opti¬ 
mum cone size for an honest-to-good-
ness high-fidelity speaker was between 
8 and 9 inches in diameter, according 
to the material used for the cone. That 
conclusion was forced on me by purely 
objective research. I have produced 
speakers having cones of this size for 
25 years and they are well liked by 
those who have them; but my dealers 
tell me they could sell many more it it 
were a 12-inch speaker. What am I to 
do? Tell them, as I have been telling 
them for years, that if they want more 
power-handling capacity and more 
sound output they should use two or 
three of them or sacrifice performance 
to meet the requirements of a whim¬ 
sical market? Actually my task now 
is to find out how to increase the size 
of the cone without spoiling the per¬ 
formance of the speaker, and that in¬ 
volves a complete redesign. At any 
rate, the 12-inch speaker remains a 
project and nothing else until I can 
find a way of making a 12-inch cone 
behave as I want it to. 
The following discussion, like my 

past experiments, is objective. Many 
will disagree with what I postulate as 
to the requirements of good design, 
and it may be that I am biased be¬ 
cause I am a loudspeaker designer. 
But I said in my introduction that this 
series is devoted to high fidelity con¬ 
sidered as a means of reproducing mu¬ 
sic with as little equipment coloration 
and distortion added as may be possi¬ 
ble; the speaker is the worst offender, 
and my thesis is based on genuine re¬ 
search into creating speakers that 
have no “personality,” speakers that 
are not better nor worse than other 
speakers, but don’t sound like speakers 
at all. 

Taking direct radiators first, loud¬ 
speakers that are mounted on flat or 
folded baffles, the first thing you see is 
the cone. This has four properties 
having bearing on its performance : 
diameter, included angle, shape of 
cross-section on the axis, and material. 
I have said that my experiments 

have shown that the optimum size of 

cone is about 8 or 9 inches. Why 
should this be so? Since a diaphragm 
is not infinitely rigid it must distort 
when force is applied to it from the 
voice-coil. Major distortions occur in 
three different ways, particularly at 
low frequencies. Assuming a free-edge 
cone, a straight-sided cone develops 
flower patterns as a result of nodes 
when viewed from the front under a 
stroboscopic light; an exponential cone 
develops nodes in an axial direction 
when viewed from the side; any cone 
develops transverse wave motion along 
the cone. These three phenomena are 
illustrated in Fig. 11. 

Now for a given material of a speci¬ 
fied thickness it does not require a 
great deal of imagination to see that 
the larger the cone in Fig. 11A, the 
more likely will there be an inherent 
tendency to develop nodes. Make up 
two cones of the same included angle 
with ordinary writing paper, one hav¬ 
ing a diameter of 3 inches and the 
other of 6 inches. You will find that 
the smaller cone is less easily de¬ 
formed by pushing the free edge. This 
lesser rigidity at the edge can be 
counteracted by making the larger 
cone of thicker or stronger material 
or by making the included angle nar¬ 
rower (thus effectively reducing the 
diameter of the cone). Unfortunately, 
in a practical speaker, this has a det¬ 
rimental effect on the performance be¬ 
cause the heavier the cone the less 
response in the treble, and the nar¬ 
rower the cone the more intense is the 
focusing of the high notes. Even a flat 
diaphragm will not give uniform 
spherical radiation at all frequencies 
and a narrow angle cone produces a 
highly concentrated beam for all fre¬ 
quencies over about 1500 cps. 
You may well ask, therefore, why 

not let the nodes form and stop worry¬ 
ing? The answer to this is that en¬ 
ergy transmitted to the cone through 
the medium of the voice-coil is being 
used up to produce the nodes in the 

cone instead of pushing the air in front 
of the speaker, and so the response at 
the low frequencies will be reduced. A 
loudspeaker with linear response con¬ 
verts all the applied electrical energy 
into air (sound) waves; none is wasted 
in deforming parts of the speaker. The 
formation of nodes must be prevented, 
by making the diaphragm as rigid as 
possible. 

The first widely adopted method was 
to make the cone with an exponential 
cross-section as shown in Fig. 11B. 
Stich a diaphragm is very rigid across 
a diameter, but now, as I have shown, 
the nodes develop in the direction of 
the axis of the cone. The flatter shape 
of the exponential diaphragm gives 
less focusing of the highs, but to stif¬ 
fen it circumferentially, concentric 
corrugations are molded in the cone. 
Almost every speaker you examine 
will be found to have such corruga¬ 
tions incorporated in the diaphragm. 
But when we consider the case of Fig. 
11C, a defect which has only recently 
been noted by some loudspeaker de¬ 
signers, the circumferential corruga¬ 
tions are no help at all, for they give 
no stiffness along the material of the 
diaphragm. 

B. F. Miessner (in a letter published 
in Radio-Electronics, May 1954, pp. 134 
et seq.) explains an ingenious solution 
for this difficulty by cementing soda 
straws to the cone, like spokes in a 
wheel. If too many are used, the mass 
of the diaphragm is unduly increased, 
and the method, from a commercial 
point of view, would be very costly. 
The deformation in a straightsided 
cone is not as great as in the flat area 
of an exponential cone, as you can. 
imagine by thinking of the plane rigid¬ 
ity, if I may call it that, of a sheet of 
paper as compared with a cone; it oc¬ 
curred to me that if the flat part of 
the exponential cone could be abol¬ 
ished, a substantial improvement could 
be brought about. Experiment proved 
this to be the case. One solution to 

Fig. 12. Cross-section of the Hartley 215 diaphragm. "AA" is the exponen¬ 
tially curved cone apex: "BB” the isolator consisting of a plastic compliance-
junction. "CCCC" are the circumferentially molded ridges on cone. "DD" is a 
loose flannel surround to provide completely free edge. The curvature of the 
diaphragm between B and D is reverse of that in ordinary exponential cone. 
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this problem, see Fig. 12, shows 
a cross-section of the diaphragm of 
my 215 speaker, in which the outer 
part of an ordinary exponential dia¬ 
phragm has imparted to it a reverse 
curvature, so that the outer zone is 
itself reasonably rigid axially. Just 
before the flattest part the wave mo¬ 
tion has been interrupted by the pres¬ 
ence of points "B.” The compliance 
(points "B”) was not introduced spe¬ 
cifically for this reason (its real pur¬ 
pose will be described later), but its 
presence does act as a barrier for the 
wave motion originating in the apex 
of the cone. What is transmitted be¬ 
yond this point is neutralized by the 
curvature of the outer part of the 
diaphragm. 
So far, then, it would seem that 

there are many snags attending the 
use of a large cone; why do so many 
loudspeaker manufacturers use them? 
Let us summarize these drawbacks; 
the large cone is heavier than a small 
one, so restricting the response at high 
frequencies; its mass is such that 
transient response is impaired because 
it is more difficult to start a heavy ob¬ 
ject moving rapidly than a light one; 
and its size makes it too flexible in 
various directions, thus causing loss 
of bass through energy being wasted 
in deforming the cone. Everything 
points to the use of a small cone, but 
the small cone has one fatal drawback 
—its power-handling capacity is very 
seriously limited. 

Apart from the resistance to move¬ 
ment offered by the rear suspension 
spider and the front surround of the 
cone, that of the air in front of the 
diaphragm is substantial, as indeed it 
must be. since the function of the 
loudspeaker is to move air to create 
sound waves. It will be obvious that 
a small cone will move less air than a 
large one, and the air resistance to the 
movement of a small cone is less than 
that of a large one. For a given input, 
therefore, the small cone moves for¬ 
ward more easily and has less output, 
and because it moves more easily it 
reaches its limit of movement, deter¬ 
mined by the suspension system, soon¬ 
er than in the case of a large cone. 
This is of importance only at the low 
frequencies, for the amount of move¬ 
ment for a given input depends on the 
frequency of the current applied to 
the voice-coil. This is why a large 
cone is said to be better for bass re¬ 
production than a small one, but this 
only holds good for a given amount 
of displacement of the diaphragm. A 
small cone can move as much air as a 
large one provided it has greater free¬ 
dom of movement. 

Fig. 13 gives a series of curves for 
various sizes of cones plotted against 
distance to be moved and frequency, 
on the assumption that the speaker 
efficiency is constant and the input and 
output are also constant. Actually the 
curves were taken from measurements 
with speakers of about 5% efficiency 
(a not unusual figure for ordinary dy¬ 
namic speakers) with an input of 5 
watts; this would give an acoustic out¬ 

put of approximately 0.25 watt. It will 
be seen that to maintain constant out¬ 
put the movement required from a 
5-inch cone rises very rapidly as the 
frequency approaches 30 cps, whereas 
with an 18-inch cone the increased 
movement required is very small It 
will also be noticed that as soon as 
the cone size has increased beyond 8 
inches, the advantages of increased 
power-handling and acoustic output is 
proportionately much less, for the 
curves crowd together as the cone size 
increases. 

Despite the fact that these articles 
are concerned only with high-fidelity 
reproduction, I maintain that what 
happens below 40 cps doesn’t matter 
very much. It is almost impossible to 
hear a 32-cycle note but it can be felt 
and I believe that to attempt to 
create this “feeling” is a waste of time 
money and effort. Even 50 cps is a 
very low note and quite a high pro¬ 
portion of high-fidelity installations 
cannot reproduce it without some sort 
of distortion; I am certainly content 
to have the lower limit of my frequen¬ 
cy range at 40 cps but it must be free 
from distortion. I would rather have 
a limit of 50 cycles without distortion 
than one of 40 with some distortion. 
At this lower limit, therefore, a 

study of the curves of Fig. 13 suggests 
that there is not much to be gained by 
having a cone larger than 10 inches, 
for you must remember the serious 
disadvantages of large cones from the 
point of view of treble reproduction, 
noding, and wave transmission along 
the cone itself. But you will still want 
to know why, in the face of this 
speakers with cones from 12 inches to 
15 inches are readily obtainable in any 
audio store. There can be no definite 
answer to this question. We do know 
that there are many individuals and 
speaker manufacturers who believe 
that a large speaker gives “better" bass 
reproduction than a small unit, so the 
bigger and more expensive your speak¬ 
er the “better” the bass. Hand in hand 
with this argument is the one which 
states that it is well known that large 
cones have no treble, which is why the 
best systems are multi-channel jobs, 
where a tweeter looks after the highs 
while the woofer looks after the lows. 

Both these arguments are complete¬ 
ly specious. The large speaker will 
certainly give more bass than the 
small one, but its larger output has 
more distortion, owing to noding and 
wave transmission. There is the fur¬ 
ther disadvantage that the air par¬ 
tially enclosed by the large cone has a 
resonant frequency at a point which 
can seriously impair the reproduction 
by imposing a one note hoot on the 
whole sound coming from the loud¬ 
speaker. This you can test for your¬ 
self. Place one ear right inside the 
cone of the speaker and tap the cone 
with your fingernail. You will hear at 
least one low sound which is caused 
by the resonant frequency of the sus¬ 
pension. Now grip the cone-coil joint 
with two fingers while you tap the 
cone with a fingernail of the other 

hand and you will hear another note 
of higher frequency than the previous 
one. This is caused by the reaction of 
the paper of the cone on the air with¬ 
in it and causes the hoot I have men¬ 
tioned. It is avoided by taking care 
that the air within the cone is not 
even partially enclosed, best achieved 
by making the cone as flat as possible, 
but not so flat that it allows axial 
nodes to develop easily, and obviously 
still more certainly achieved by mak¬ 
ing the cone small. 
If you have a pair of musically 

trained ears and are listening for dis¬ 
tortionless musical reproduction, if 
your ears have not been preconditioned 
by long bouts of listening to sound re¬ 
producers, hi-fi or otherwise, you will 
hear this hooting effect with any large 
diaphragm speaker. It has nothing 
whatever to do with the bass resonant 
frequency, it is a necessary acoustic 
accompaniment of a large cone. The 
nearest equivalent to it in the instru¬ 
ments of the orchestra is found in the 
drums, which emit sounds at the res¬ 
onant frequency of the stretched skins, 
but have an accompaniment in the 
resonance of the air inside. This ef¬ 
fect I sardonically christened many 
years ago as “the characteristic sound 
of a loudspeaker” and there seems to 
be absolutely no cure but that of using 
smaller cones of the correct design. 
The question of power handling is an¬ 
swered by using two smallish speak¬ 
ers instead of one large one, perhaps a 
superficially clumsy way of doing it, 
but there is great merit in using two 
speakers widely spaced for they give 
an extremely good imitation of binau¬ 
ral reproduction. 

Finally, we come to the question of 
the cone. On the face of it nothing 
need be said on this point as all dia¬ 
phragms seem to be made of paper 
pulp treated with some sort of dope or 
varnish; but as in the next article we 
shall meet tweeters with metallic dia¬ 
phragms, it seems desirable to point 
out that the material of which the 
diaphragm is made has a bearing on 
the sound emitted by the speaker, in¬ 
dependent of frequency response. This 
must happen with speakers as it hap¬ 
pens with musical instruments, the 
woodwinds of the orchestra sound dif¬ 
ferent from the brass, the wooden 
pipes of the organ different from the 
metal pipes. These musical tubes are 
not diaphragms, but they are part of 
a vibrating system which includes air, 
as is the diaphragm of a loudspeaker. 
Speaking very crudely it might be said 
that wooden pipes sound “tubby” and 
metal pipes sound "tinny” or shrill; this 
seems so obvious that it is hardly 
worth saying, yet the obvious is some¬ 
times overlooked in designing loud¬ 
speakers. 

The cone should be acoustically in¬ 
ert, it should impose no coloration of 
its own. It is my considered opinion 
that the cone should be made of a very 
high 'grade Bakelite resin, containing 
not more than 10% of rag tissue as a 
binder. To make such a cone in quan¬ 
tities by molding is an almost impos-

16 
HI-FI ANNUAL & AUDIO HANDBOOK 



Fig. 13. Movement re¬ 
quired of the various 
sizes of diaphragms 
at low frequencies 
to avoid bass distor¬ 
tion. Speaker effi¬ 
ciency is about 5%. 
Audio input is 5 watts. 

sible manufacturing proposition, owing 
to the danger of the molds sticking; 
but cones can be fabricated out of flat 
sheets of this material. Unfortunately 
only straight-sided cones can be made 
in this way and, as I have shown, a 
straight-sided cone is not very good 
from the point of view of high note 
diffusion. Bakelite of this type is 
strong, resists wave-motion along the 
material, and gives extremely good 
treble response. I made many thou¬ 
sands of speakers in the nineteen-
thirties with cones of this material, but 
finally abandoned it because of ■the 
manufacturing difficulties and the fo¬ 
cusing of the highs. 
Molded paper pulp is now used al¬ 

most universally because it is cheap. 

light, comparatively strong, and can be 
given almost any shape. Moreover the 
outer surround can be incorporated 
with the cone and such intermediate 
corrugation as the designer may call 
for are easily provided. Inspection of 
such a cone must, however, be particu¬ 
larly directed towards any apparent 
varnish applied to the paper. Without 
varnish the material is hygroscopic 
and the cone will become limp in a 
humid atmosphere, spoiling the re¬ 
sponse at all frequencies; too much 
varnish, intended to make the cone 
stiffer, will only add to the weight, re¬ 
duce transient response, and do noth¬ 
ing to improve the output at high fre¬ 
quencies. A simple test for varnishing 
is to wet a fingertip and press the sur¬ 

face of the cone; if the moisture seems 
to be absorbed like it would with blot¬ 
ting paper it can be assumed the 
speaker must be kept very dry to give 
its best performance. 
Some cones will, however, show a 

glazed hard surface for a few inches 
near the apex; this is due to hot press¬ 
ing between dies after painting with 
Bakelite varnish and is intended to 
help the treble response. Only the 
apex of the cone propagates the highs 
and obviously the cone “breaks up” in 
the process; the purpose of the Bake-
lising is to restrict the break-up to the 
zone beyond the apex, so that the ex¬ 
treme treble response is under control. 

The flexibility of suspension can be 
checked by grasping the cone between 
the thumb and index finger of each 
hand across a diameter, the thumbs in 
front of the cone, the fingers inserted 
through the cone basket. The cone is 
then gently pulled forward and back¬ 
ward and an estimate made of the 
amount of permissible movement. 
When this has been determined, refer¬ 
ence back to Fig. 13 will show what 
performance can be expected at the 
low frequencies. If, for example, a loud¬ 
speaker with a 12-inch cone has less 
than a quarter-inch free movement it 
cannot reproduce a 40-cycle note with 
5 watts input because it will be over¬ 
loaded. There will be no 40-cycle out¬ 
put, a little at 80, and most at 120 cps. 
This refers only to the freedom of sus¬ 
pension; other factors involving the 
magnetic system and dimensions of the 
voice-coil will be discussed later. 

Part 5. The personal opinions of a noted speaker designer on the advantages 

and disadvantages of the dual-cone unit. 

R
eproduction of frequencies up 
to about 2000 cps is a matter of 
getting the cone size, shape, and 

material right, as has been explained 
in Part 4 of this series. Provided suf¬ 
ficient freedom of movement is incor¬ 
porated in the design of the cone sus¬ 
pension to give the necessary bass 
output at low frequencies and the cone 
is stiff enough to counteract the tend¬ 
ency to develop nodes, no further at¬ 
tention need be paid to the material of 
the cone and the method of making 
the voice-coil. Cone break-up will give 
an output above 2000 cps, but the 
response will be uneven and certainly 
deficient above 5000 cps. The differ¬ 
ence between an ordinary speaker, 
such as is produced by the millions for 
commercial radios and TV receivers, 
and an alleged high-fidelity speaker is 
in the attention that has been paid to 
the matter of reproducing frequencies 
above this figure and at the extreme 
low end. 
Some designers maintain it is im¬ 

possible to get a wide smooth response 
up to 10,000 or 15,000 cps from a single 

speaker unit, and confine their atten¬ 
tion to tweeter-woofer combinations; 
others, including your present author, 
do not accept this. They maintain that 
the disadvantages of the multi-channel 
speaker outweigh its advantages and 
that the desired results can be secured 
with only one magnet system, al¬ 
though it is generally agreed that 
something special has to be done to 
the cone, and I insist that something 
special has to be done to the voice-coil 
as well. Assessing the merits of a com¬ 
plex diaphragm speaker as compared 
with a tweeter-woofer combination by 
looking at it involves some knowledge 
of the merits of the various methods 
used by designers. 
The first step forward in extending 

the response of a diaphragm was made 
by P.G.A.H. Voigt in, I think, 1934, 
when he patented and produced a com¬ 
posite diaphragm consisting of a main 
cone to which was firmly cemented a 
“tweeter” cone of smaller diameter 
and narrower angle. Voigt’s idea was 
that the main cone was too massive to 
reproduce the extreme highs; it was 

better that these should emanate from 
a smaller lighter cone. It was of little 
consequence that the two were driven 
by the same voice-coil, since cones 
break up in any case; using a subsidi¬ 
ary treble cone simply meant that the 
break up came within controlled 
limits. 

This invention has been widely cop¬ 
ied both in the U. S. and Britain. One 
application of Voigt’s invention re¬ 
sulted in a commercial version which 
incorporated a twin cone. Admittedly, 
this improved the treble response con¬ 
siderably, but it should be remembered 
that at the time Voigt’s speakers were 
introduced they were intended for use 
with logarithmic or exponential curved 
horns. A speaker working into a prop¬ 
erly designed horn has a much greater 
electro-acoustic efficiency than a 
speaker working in a flat or box baffle 
owing to the better loading of the dia¬ 
phragm. For a given acoustic output, 
a horn-loaded speaker requires much 
less electrical input and the Voigt 
speakers produced a very healthy noise 
with inputs of only 1 or 2 watts. Even 
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more was achieved in the celebrated 
Western Electric 555 theater speaker, 
whose efficiency was considered by 
some to be phenomenal. 
I was so impressed with the results 

Voigt obtained with horn-loaded 
speakers that I supposed, incorrectly 
as it turned out, it would work equally 
well with baffle speakers, and I ob¬ 
tained permission under license to use 
the idea in my own loudspeakers. I 
then discovered the limitations of the 
idea. The outer edge of the tweeter 
cone is quite undamped, except for 
the stiffness of the material of which it 
is made. If you flip the edge of the 
small cone of any double-cone speaker 
with your fingernail, in a direction 
towards the center of the speaker, you 
will hear the same sort of noise as if 
you flipped the edge of an ordinary 
sheet of paper, but probably sharper, 
because these small subsidiary cones 
are usually treated with Bakelite var¬ 
nish and pressed ih dies (this being 
shown by the much smoother surface 
of the paper as compared with the 
main cone’s surface). This same buzzy 
sound is created when the whole as¬ 
sembly is driven hard with big inputs, 
the frequency of the emitted note be¬ 
ing a function of the size of the small 
cone and the material of which it is 
made. This spurious note has nothing 
to do with the frequency of the applied 
signal, it is merely a resonance gen¬ 
erated by sudden impacts of energy 
from the voice-coil. If an attempt is 
made to kill this resonance by apply¬ 
ing damping material to the edge of 
the small cone, the mass of the cone is 
so increased that the extra treble re¬ 
sponse is lost. The only way to avoid 
this distortion is to limit the input to 
the speaker. 
Unless the speaker is sufficiently 

sensitive, that is, efficient, the output 
may not be adequate; as I have 
pointed out, loading the diaphragm by 
using a horn is the certain way of 
achieving high efficiency, but for a baf¬ 
fle speaker improvement can be gained 
by using small magnetic gaps and high 
flux density in the gap. This, however 
introduces trouble at the bass end, for 
freedom from bass resonance can only 
result from freedom of cone move¬ 
ment, and this implies generous gap 
clearances and special attention to the 
design of the magnetic field so that at 
no point of its excursion does the 
voice-coil pass into a less intense field. 
These considerations impose a limit to 
what can be done by stepping up sen¬ 
sitivity in a baffle speaker. If the 
speaker is sufficiently sensitive to pro¬ 
duce a respectable acoustic output 
without generating buzzes from an im¬ 
properly designed tweeter cone, it is 
almost certain that the magnetic cir¬ 
cuit will be of a type that will intro¬ 
duce bass distortion unless the input 
is limited. The design engineer is faced 
with a serious problem. The ultimate 
in treble performance results in poor 
bass and vice versa. As a result, most 
careful design is needed to effect a 
suitable compromise. 
With this in mind, therefore, it is 

possible to formulate a few simple 
rules when assessing twin-cone speak¬ 
ers. Measurement in a laboratory with 
small constant inputs of varying fre¬ 
quency show that the use of a sub¬ 
sidiary tweeter cone gives more treble 
than, a speaker with a simple dia¬ 
phragm. When such a speaker is used 
in a cabinet or flat baffle, the power 
necessary to produce adequate acous¬ 
tic output will set up a spurious res¬ 
onance in the free edge of the small 
cone unless special steps are taken 
to prevent this. Twin-cone speak¬ 
ers are, accordingly, better with 
horn loading as this gives better elec¬ 
tro-acoustic efficiency. I would esti¬ 
mate that an efficiency of 15% would 
be necessary to put the tweeter cone 
beyond suspicion, and this figure of 
efficiency is not easily reached except 
with a large and very carefully de¬ 
signed horn. 
The failure of the Voigt twin-cone 

idea when applied to baffle speakers 
kept nagging at me for some years. I 
felt that the basic principle was right 

that a small cone should be used for 
the treble, but there seemed no way of 
Fig. 14. (A) Cross-sectional view of a typ¬ 
ical twin-cone speaker. (B) The Hartley 
design whereby the apex of the large cone 
has virtually been removed and replaced 
by a small cone. The two parts are joined 
by a small zone of flexible material. 

stopping the buzzing of the free edge 
when driven hard. As I have said, 
loading this edge to kill the resonance 
was no remedy, for the mass of the 
loading neutralized the lightness of 
the small cone. It finally occurred to 
me that if the loading weight could be 
taken away from the tweeter cone the 
desired results would be obtained, and 
then I had my brainwave. Fig. 14A 
shows a section of the typical twin¬ 
cone speaker; while my solution of the 
problem is shown in Fig. 14B, where 
the apex of the large cone has virtu¬ 
ally been removed and the small cone 
put in its place. The two parts of the 
cone are joined by a small zone of 
flexible material to form a compliance. 
The idea behind this innovation was 
that the weight of the flexible material 
damping the erstwhile free edge of the 
tweeter cone was supported by the 
main cone, but if sufficient flexibility 
existed in the compliance, the small 
cone would still be free to oscillate at 
the higher frequencies. At the same 
time it would have to be sufficiently 
stiff to transmit substantial move¬ 
ments set up at lower frequencies so 
that the whole cone moved at those 
frequencies. It called for a consider¬ 
able amount of experimenting to find 

just the right degree of flexibility for 
the compliance, but tabulated results 
finally enabled a schedule to be com¬ 
piled for any frequency response de¬ 
sired, within the limits of a two-cone 
speaker. 
The other part of the diaphragm 

assembly that naturally restricts ex¬ 
treme treble output because of its 
mass is the voice-coil itself. It is not 
possible to reduce the weight of this 
component beyond the point where it 
loses rigidity; the coil is subjected to 
heavy a.c. current impulses and must 
therefore, be quite strong. The coil and 
its former (coil form) usually consist 
of a paper tube on which is wound two 
layers of copper wire, the whole firmly 
cemented together. The method by 
which the voice-coil former is ce-
mented to the apex of the cone is 
vitally important, for any weakness 
here will result in a peak in the re¬ 
sponse curve, usually at about 3000 
cps. This effect is made use of in cheap 
mass-produced speakers to provide a 
spurious treble output to compensate 
tor the top cut-off in cheap radios, but 
is quite out of place in high-fidelity 
work. The weight of the coil can be 
reduced by using aluminum wire and 
this provides some small increase of 
response at the higher frequencies. 
1 he problem is to reduce the weight of 
the coil-former assembly as much as 
possible. 
The first original approach to solv¬ 

ing this problem was that of H F 
Olson C'A New Cone Loud Speaker for 
High Fidelity Sound Reproduction ” 
Proceedings of I.R.E., January, 1934) 
who described a voice-coil in two parts 
connected by a compliance. Fig, 15A 
shows the arrangement of two voice-
coils in series but separated by a flex¬ 
ible compliance in the former; the bass 
coil is heavier than the treble and is 
bypassed by a capacitor of such size 
as to act as a short-circuit at high 
frequencies. At low frequencies the 
whole moves together; at high fre¬ 
quencies the flexibility of the compli¬ 
ance permits the treble coil to move 
independently (the required movement 
is really very small). The idea works 
all right, but the compliant former is a 
troublesome thing to make with any 
consistency and the separate leads for 
the bypassing capacitor difficult to pro¬ 
vide; but, like so many things in loud¬ 
speaker design, it seemed to set up 
trains of thought in two minds in 
Britain. 
Of my own case I can speak with 

authority. It seemed to me that the 
logical thing to do was to have the 
treble coil inside the bass coil, con¬ 
centric with it and separated by a plas¬ 
tic film. In the other case I have no 
justification in linking the Olsen idea 
with the “Duode” idea of A. C. Barker. 
It was a case of two independent 
workers hitting on much the same idea 
at the same time, as has happened oft¬ 
en enough in the history of human 
thought. Barker’s invention, patented 
in Britain and described in the Wire¬ 
less World in about 1938 described a 
composite voice-coil consisting of the 
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regular winding separated from a sec¬ 
ondary “winding” by a flexible com¬ 
pliance, but the secondary winding was 
of only one turn, being an aluminum 
tube carrying the plastic film and the 
primary winding; the aluminum tube 
was the only part of the assembly 
fastened to the cone. This arrange¬ 
ment is shown in Fig. 15B. 
Electromagnetic connection to the 

secondary of the “transformer” thus 
formed is purely inductive. The coup¬ 
ling is negligible at low frequencies 
and the whole assembly moves as a 
solid entity; at high frequencies cur¬ 
rents are induced in the tube which 
moves independently of the winding 
proper, so response in the upper regis¬ 
ter is very good. I haven’t had a chance 
to dissect a Barker speaker so I am 
unacquainted with the minutiae of his 
design; but in the case of my own 
speakers I can say that the degree of 
compression of the compliance has a 
decided influence on the response. I 
have found that winding the coil 
straight onto the plastic is useless, be¬ 
cause the tension of the wire cannot 
be maintained with great accuracy. I 
wind the voice-coil onto a very thin 
paper former, slip the wound former 
over the plastic which is already fitted 
to the aluminum tube, and then ex¬ 
pand the tube to a predetermined 
amount. The combination of this com¬ 
pliance with the mid-cone compliance 
already described gives a response not 
more than 4 db down at 20,000 cps 
over an approximate cone of radiation 
of 120°. 

Field Magnet Design 

It seems fairly obvious that the 
greater the magnetic flux in the gap 
in which the voice-coil works the more 
sensitive the speaker and the equally 
obvious way to get more flux is to use 
a big magnet. In the case of high-
fidelity speakers it isn’t as simple as 
that since flux alone is not all that 
matters; it is just as important that 
the field of flux should have certain 
characteristics. Cheap mass-produced 
speakers have small magnets because 
permanent magnet steel is very cost¬ 
ly; the efficiency of such speakers is 
secured by having the smallest possi¬ 
ble gap and this involves the smallest 
possible clearances between the voice¬ 
coil and the walls of the gap. Such 
small clearances are only practicable 
when the permissible movement of the 
voice-coil is small, since it is almost 
impossible to preserve absolutely true 
axial movement with the materials of 
which the coil, cone, and suspension 
system are made. Limitation of the 
axial movement of the voice-coil, 
through tight suspension, results in a 
bass resonance of comparatively high 
frequency. Some such speakers are in¬ 
capable of reproducing any frequency 
below 120 cps. 

The high-fidelity speaker is required 
to reproduce very low frequencies and 
this demands much greater freedom 
of movement; as I explained earlier, 
the amount of movement required to 
reproduce a certain bass frequency de-
1958 EDITION 

Fig. 15. (A) How two voice coils are con¬ 
nected in series, separated by a flexible com¬ 
pliance. (B) A composite voice coil, devel¬ 
oped by A. C. Barker, which consists of a 
regular winding separated from a secondary 
"winding” by a flexible compliance. The 
secondary is an aluminum tube. See text. 

pends on the size of the cone, but large 
cones have certain acoustical disad¬ 
vantages; they also have the physical 
disadvantage that, being heavy, they 
are difficult to start moving and diffi¬ 
cult to stop moving. The former prop¬ 
erty takes the sharp edge off tran¬ 
sients; the latter spoils the damping. 
The attributes of high flux density, 
apart from improved sensitivity, are 
good “attack” (immediate response to 
transients) and good damping. To use 
a large cone to reduce requisite move¬ 
ment to reduce clearance to improve 
flux density thus destroys the whole 
purpose of obtaining high flux density. 

Skilled loudspeaker designers know 
this and have compromised on cones 
having diameters of from 10 to 12 
inches, but reproduction of very low 
frequencies with such diaphragms in¬ 
volves appreciable coil movement, and 
this results in further difficulties. Fig. 
16A shows a section of a typical mag¬ 
netic gap with the voice-coil the same 
length as the gap. The lines of flux 
are shown dotted, and are closest to¬ 
gether when the flux is most intense. 
Obviously the greatest flux is right in¬ 
side the gap and when the coil is cen¬ 
tered in the gap it is cut by the maxi¬ 
mum lines of flux. The speaker is then 
in its most sensitive condition. When 
an alternating current is applied to 
the coil it will oscillate to and fro; at 
the limits of movement it will cut 
fewer lines of flux simply because the 
field is weaker outside the gap than 
inside it. Under these conditions the 
speaker will be less sensitive, but as 
the signal input is constant the acous¬ 
tic output will be less when the coil 
is partly outside the gap; the result 
will be a wobble of twice the frequen-

Fig. IB. (A) A section of a magnetic gap 
with the voice-coil the same length as 
the gap. (B) The voice-coil in this case 
is twice as long as the gap. (C) Method 
for obtaining field symmetry by extend¬ 
ing the center pole to stick out beyond 
the front plate which must be modified 
as shown in diagram. Refer to article. 

cy of the applied signal. 
Someone once called this the “Dop¬ 

pler” effect in speakers, apparently 
under the impression that the wobble 
tone was due to the diaphragm ap¬ 
proaching and receding from the 
listener’s ear. It is nothing of the sort 
and despite the audio pundits I main¬ 
tain there is no Doppler effect with 
speakers, a fact I have demonstrated 
to many electronics societies by the 
simple experiment of demonstrating 
one of my own speakers moved to the 
limit of the cone excursion by an ap¬ 
plied 50-cycle signal with the addition 
of a 1000 cps signal. The two frequen¬ 
cies are heard separate and distinct, 
with no variation in the pitch of the 
1000-cycle note. 

In Fig. 16B the voice-coil is seen to 
be twice as long as the gap. Provided 
either end of the voice-coil winding 
does not at any point of its excursion 
pass within the gap itself, then, to a 
great extent, the number of lines of 
flux cut will be equal and the phe¬ 
nomenon of the bass modulating the 
treble will not occur. Even then, how¬ 
ever, the magnetic field is not sym¬ 
metrical about the gap, because of the 
natural cussedness of things. There is 
no need to embark on an exposition of 
magnetic theory; I need only explain 
that there are magnetic characteris¬ 
tics of materials resembling the units 
of electricity. 

An electrical conductor can carry 
just so much current and if this is ex¬ 
ceeded the conductor gets hot and 
finally melts, as when you blow a fuse. 
A magnetic conductor has permeabil¬ 
ity which represents its flux carrying 
capacity, just like an electrical con¬ 
ductor, depending on the area of cross¬ 
section and the nature of the metal. 
But in a magnetic circuit you can’t 
blow a fuse, the conductor simply re¬ 
fuses to pass any more flux; it is said 
to be saturated. An electrical con¬ 
ductor has resistance; similarly a mag¬ 
netic conductor has reluctance. A cur¬ 
rent passing through a conductor does 
not spray the moving electrons out¬ 
side tne limits of the conductor, but it 
creates an external magnetic field. The 
magnet in a speaker not only creates 
flux in the pole-pieces but it also cre¬ 
ates an external magnetic field (as you 
can demonstrate with the old school¬ 
boy experiment of sprinkling iron 
filings on a sheet of paper placed on a 
horseshoe magnet). These lines of flux 
outside the magnetic circuit proper are 
called leakage flux. 

A given size and design of electro¬ 
magnet or permanent magnet has a 
magnetomotive force which provides 
the flux in the magnetic circuit. The 
permeability of the center pole of the 
magnet system determines the maxi¬ 
mum flux that can be created in the 
gap, but the reluctance of the pole¬ 
piece tries to stop it. In addition some 
of the flux is lost as leakage flux be¬ 
tween the center-pole and various 
parts of the whole magnet system. Re¬ 
luctance is reduced by increasing the 
diameter of most of the center-pole, 
as shown in Fig. 16, for by doing so an 
improvement of something like 50% in 
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useful flux in the gap can be obtained 
as compared with a pole-piece having 
the same diameter throughout. But 
the presence of this extra mass of 
metal near the front plate, which is 
the other pole-piece, results in an in¬ 
crease of leakage flux, for the flux 
naturally takes the line of least re¬ 
sistance My sketch (Fig. 16A> there¬ 
fore shows flux lines which have avoid¬ 
ed the actual gap completely and it 
will be obvious that the leakage flux 
behind the front plate is greater than 
in front of it, simply because of the 
unavoidable presence of the center¬ 
pole. The field must therefore be 
asymmetrical about the gap with such 
an arrangement as that shown in Figs. 
16A and 16B. 

This sets'up a condition of strain in 
the loudspeaker. Let us assume that 
the first half cycle of an applied signal 
drives the voice-coil inwards. The re¬ 
pulsion of the magnetic field in and 
behind the gap drives the coil forward 
on the second half cycle, and into a 
magnetic field which is weaker. On 
the next half cycle this weaker field 
has not the same repulsive effect as 
that behind the front plate, so the 
tendency of the voice-coil is to stay 
outside the gap. If the cone is ape-
riod:cally suspended on threads, it will 
be driven out of the gap and stay 
there. This effect I originally chris¬ 
tened electro-mechanical rectification 
(in 1926 when I first noticed it). In 
practice of course, the cone is re¬ 
turned to its normal position by the 
action of the outer surround and the 

rear suspension spider, but this only 
tends to neutralize the effect, the basic 
cause is still there. Hence the condi¬ 
tion of strain, which I have observed, 
helps to create the phenomenon of 
cross-modulation. 

In my search for a method of pro¬ 
ducing a symmetrical field. I had no 
alternative but that of making up a 
large number of experimental magnets 
and exploring their fields with a very 
shallow search coil connected to a flux¬ 
meter. I do not think there is any other 
way of doing it, and it is extremely 
tedious. Owing to the bulk of the 
center-pole behind the front plate some 
extension of the pole is necessary and 
this must be supplemented by chamfer¬ 
ing the front plate itself. Fig. 16C shows 
the magnet system I finally determined 
as a result of many experiments and it 
does give a truly symmetrical field, but 
at some loss of sensitivity. If the center¬ 
pole is saturated (as it would be in the 
most economical design) the total flux 
behind the front plate has to be trans¬ 
ferred to the front and this lessens the 
actual flux in the gap. Since I insisted 
on a freely suspended diaphragm, I had 
to choose between good sensitivity with 
bass cross-modulation or lower sensi¬ 
tivity with distortionless bass—one 
more instance of loudspeaker design al¬ 
ways being a compromise. 

Application 
If the speaker is not fitted with a 

dustcover and has a suspension spider 
of the open type, you can see if the 
voice-coil winding sticks out of the gap. 

Then you can grasp the cone between 
forefingers and thumbs and pull it 
towards you to the limit of its move¬ 
ment (taking great care not to over¬ 
strain the suspension). If there still 
seems to be plenty of winding in the 
gap, then the coil is longer than the gap 
and the risk of cross-modulation is re¬ 
duced. However, many speakers are 
fitted with dustcaps and closed rear 
suspensions, making visual examination 
of the coil and magnet system almost 
impossible. The properties of the speak¬ 
er must then be tested electrically (if 
the dealer will allow you to do so!) 
Apply, from an audio oscillator or 

from the a.c. power line through a 
"Variac” or other variable transformer, 
an alternating current (anything be¬ 
tween 40 and 60 cps) of such magnitude 
as to move the cone to its limits. This 
point is determined by gradually in¬ 
creasing the input to the speaker until 
there is a suggestion of the voice-coil 
former or the rear suspension hitting 
on the center pole or front plate, then 
reducing the input slightly. Now, from 
another signal source, apply a 1000-
cycle signal and listen carefully. If 
the 1000-cycle note is modulated in 
strength by the low frequency note, 
usually having a sort of burbling ef¬ 
fect, cross-modulation is present. You 
may think that this wouldn’t be heard 
on ordinary music, but it will. One 
bang on the drum will affect the sound 
from the rest of the orchestra and one 
held pedal note of the organ will 
make all the higher frequencies sound 
dreadful. 

Part 6. A leading advocate of the 
single-cone, wide-range loudspeaker 
discusses the pros and cons of 
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Cutaway of Jensen H-222 coaxial. 

and, in practice, it is quite difficult to 
make two such disparate speakers 
sound alike at any frequency. The use 
of the dividing network, which keeps 
the bass in the woofer and the treble 
in the tweeter, tends to mask this fun¬ 
damental difference between the two 
sorts of coloration, but it certainly 
does not get rid of it. 
Now, any speaker has over-all col¬ 

oration of the reproduced music. A 
musically trained ear can tell at once 
if what he is hearing is the original 
performance or a reproduction of it. If 
there is no measurable distortion in 
the reproducing equipment, there is 
still the coloration by the diaphragm 
material. This need not be a matter 
of great concern for the human ear is 
an adaptable sort of device, and with¬ 
in a few minutes will accommodate 
itself to this subtle distortion and ig¬ 
nore it, but only if it is constant. A 
two-way speaker system consisting of 
disparate diaphragms cannot maintain 
constant coloration over the whole fre¬ 
quency range. 
Every musical instrument emits a 

fundamental frequency and a series of 
harmonics, ranging from the compara¬ 
tively simple waveform of the flute to 
the highly complex acoustic output of 
the oboe (to take only the woodwind 
section of the orchestra). Depending 
on the frequency of the original instru¬ 
mental note and the crossover frequen¬ 
cy of the two-way speaker, the fun¬ 
damental and the first two or three 
harmonics will be reproduced by the 
woofer and the rest of the harmonic 
range by the tweeter. At a higher fre¬ 
quency perhaps the whole gamut of 
fundamental and harmonics will be re¬ 
produced only by the tweeter. It fol¬ 
lows that the characteristics of the re¬ 
produced note will vary with frequency, 
simply due to the different colorations 
of the woofer and tweeter diaphragms, 
and a sensitive ear will not like it. 

What I have just written cannot be 
proved in a scientific sense and a con¬ 
vincing argument could, no doubt, be 
made for a quite different point of view. 
Why should paper be a better dia¬ 
phragm material than aluminum? The 
instruments of the orchestra do not 
contain either paper or aluminum in 
their sound producing parts, so a trans¬ 
ducer using either of these materials 

will not reproduce with absolute pre¬ 
cision. That I have already admitted. 
But is there any reason why both units 
should not be fitted with aluminum dia¬ 
phragms ? 

The designer’s decision can only be 
based on what he hears or thinks he 
hears. If we admit that a speaker can¬ 
not be entirely designed by mathe¬ 
matics and scientific know-how, then 
the designer must either be a musical 
expert himself or get the opinion of 
some musical expert to listen to his 
various prototypes and state which one 
is the nearest approach to the original 
sound, the original sound being there 
also for immediate changeover com¬ 
parison. When I did my basic research 
many years ago, the considered opinion 
of the experts I hired was that paper 
seemed to impart less coloration than 
other materials. And, as I have pointed 
out in part 4 on page 16, the method of 
imparting a finish to the paper has an 
appreciable effect on the quality of re¬ 
production. It must be quite obvious to 
discriminating listeners that some 
speakers now on the market must have 
been designed by, at best, purely tech¬ 
nical methods. I have listened to dem¬ 
onstrations when the salesman has 
stood seemingly lost in rapt wonder¬ 
ment at the sound produced by his 
wares, when the sound, in a musical 
sense, was excruciating. When I have 
ventured to point out that it didn’t 
sound very good, I would be assailed by 
an avalanche of technical data supposed 
to prove to me that I didn’t know good 
reproduction when I heard it. On the 
other hand, a study of the designs of 
the more esteemed manufacturers 
shows a certain similarity in method 
and in this consistency of thought is a 
reluctance to use metallic diaphragms. 

I venture to suggest, therefore, that 
in a multi-channel speaker system it is 
logical to assume that the diaphragms 
should be of similar material and in 
any event not metallic, which every¬ 
body knows has a ringing quality; our 
diaphragms should be as inert as possi¬ 
ble. What is just as important is the 
spatial relationship of the two or more 
diaphragms. If you set up two identi¬ 
cal speakers some distance apart and 
drive them with the same signal you 
will get quite an impressive imitation 
of stereophonic reproduction. It is not 
true stereophony since only one channel 
is used, but the effect is noticeable as 
long as you are not equidistant from 
the two speakers. This effect is most 
noticeable when, if the two speakers 
are in the two corners at the ends of 
one wall, you sit near an adjacent wall. 

The effect is due to the sound from 
one speaker being out-of-phase, to 
some extent, with respect to the other, 
since the sound takes a little longer to 
travel from the more distant speaker. 
The two outputs are combined in the 
human hearing mechanism to create an 
illusion of depth; but the effect will 
only be obtained if the two speakers 
each reproduce the whole frequency 
range. If one of the speakers is a 
tweeter and the other a woofer, all you 
hear are the two separate outputs, the 

treble coming from one corner, the bass 
from the other, no matter where you 
are sitting in the room. 

It follows, therefore, that a tweeter¬ 
woofer combination must be so dis¬ 
posed that the two sound sources are 
as close together as possible. Ideally 
they should coincide, which accounts 
for the development of coaxial speak¬ 
ers. But. as happens over and over 
again in speaker design, one problem 
solved leads to another requiring solu¬ 
tion, in this case the reaction of one 
unit on the other. I can illustrate this 
by referring to some of my early work 
on two-channel systems. In 1927 I was 
fully aware of the difficulty of making 
one dynamic unit cover the whole fre¬ 
quency spectrum and considered meth¬ 
ods of propagating the extreme highs 
from a separate unit; as I also wanted 
some measure of coaxiality I conceived 
the possibility of putting the woofer 
inside the tweeter! This thought was 
not quite so crazy as it seems, for I 
had done quite a lot of work on elec¬ 
trostatic speakers and they had very 
good treble and poor bass. The larger 
an electrostatic the better if is 
equipped for radiating sound over a 
large front, so I mounted my 10-inch 
dynamic unit on a baffle, and fixed the 
electrostatic unit on the front of the 
baffle, with, of course, a hole cut in 
the center to avoid masking the woof¬ 
er. At other than small inputs to the 
speaker I found that the pressure of 
the sound waves from the woofer de¬ 
flected the foil of the electrostatic, 
causing modulation of the highs by the 
lows from the woofer. This suggests 
some thought should be given to the 
relative placing of two speakers of 
these types now that electrostatics are 
being re-introduced after a lapse of 
30 years. 

Any loudspeaker in reverse acts as a 
microphone. If sound waves emerge 
from the diaphragm because the voice¬ 
coil has been actuated by currents, 
then if the diaphragm is moved by ap¬ 
plied sound waves, movement of the 
voice-coil in the magnetic gap will 
create currents in the voice-coil cir¬ 
cuit. I found this actually happened 
when I produced by first commercial 
tweeter-woofer combination in 1930, 
which was a 3-inch dynamic tweeter 
mounted on the same baffle as an 18-
inch woofer. I ultimately withdrew it 
because I didn’t like the sound of it, 
yet quite a number of the hi-fi enthu¬ 
siasts of those days thought it sounded 
wonderful. 

Fig. 17. How the two cones, suspensions, 
and magnets are arranged in the Olsen 
"Duo-Cone" coaxial loudspeaker. See text. 
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I believe that the best way of laying 
out a dual-range speaker is to have 
each unit horn loaded, so as to avoid 
interaction between the two units 
(horns being much more directional at 
the sound source), and if the tweeter 
horn can be curved into the mouth of 
the woofer horn, coaxiality is achieved. 
Discussion of this, however, is best left 
until I deal with horn-loaded speakers 
in general in a later article, so we can 
resume our discussion of existing co¬ 
axial speakers. 
An original and ingenious attempt 

to resolve the problem of maintaining 
similarity of cone material with co¬ 
axiality is found in the “Duo-Cone" 
principle of H. F. Olson. Fig. 17 shows 
a section of the cone assembly and the 
magnet system. This is a true two-
unit assembly, for each cone has its 
own voice-coil, but the outer suspen¬ 
sion of the tweeter cone is cemented to 
the diaphragm of the bass unit, this 
providing some measure of indepen¬ 
dence of movement. It will be obvious, 
of course, that the movement of the 
bass cone must be transmitted through 
the tweeter cone suspension at low 
frequencies, even if movement of the 
tweeter cone is not transmitted to the 
bass cone at high frequencies (the rel¬ 
ative mass of the two cones has con¬ 
siderable bearing on this), unless 
something is done to prevent it. The 
inventor claims that adequate venting 
of the air space behind the small cone 
can reduce this transfer of movement 
to negligible proportions. 
The more popular type of coaxial 

loudspeaker consists of a small horn-
loaded tweeter built into a normal 
woofer. The Jensen ingeniously uses a 
bored out center pole of the woofer 
unit as the tweeter horn, the tweeter 
field magnet being located behind the 
woofer magnet. The voice-coil of the 

Fig. 18. The Klipsch low-distortion divid¬ 
ing network for use between the output 
stage and the output transformer. Refer 
to article for a discussion on network. 

woofer must necessarily be of fairly 
large diameter to provide enough mag¬ 
netic material in the center pole to 
avoid saturation. The University co¬ 
axial avoids this difficulty by using a 
special magnet for the woofer which 
completely surrounds the tweeter unit. 
This magnet is an annular casting of 
U-section, the tips of the “U” being in 
the same plane; the inner tip applied 

to its face plate constitutes the center 
pole; the outer tip with its face plate 
represents the normal magnet outer 
pole. It should be realized that it is 
not of any consequence where the 
mass of magnet casting is located; the 
outer casing can be an unmagnetized 
casting or pressing and the magnet 
forms part of the center pole, fitted 
with a separate tip machined to size 
(since high permeability magnets are 
so hard that they can only be ground: 
they are also so brittle that they could 
not be turned even with a diamond 
tool). Alternatively, the magnetic ma¬ 
terial can be cast in the form of a 
tubular ring, the magnetic circuit 
being completed by an iron or steel 
center pole and round plates back and 
front. The former type of magnet is 
usually called a slug magnet, the lat¬ 
ter a ring magnet; and there is no per¬ 
formance difference between the two 
types. Since the slug type magnet is 
virtually screened by the exterior pot, 
waste of flux through stray fields is 
less than with the ring type. The 
University magnet is a combination of 
the slug and ring types. The Jensen 
speaker assumes that the woofer cone 
forms part of the tweeter horn, since 
the curvature of the two sections is 
continuous; the University uses a sep¬ 
arate horn for the tweeter, and this is 
recognized as a projection within the 
woofer cone. Some makes of speakers 
have this tweeter horn divided into 
cells to achieve dispersion of the high 
frequencies. 
The two speakers just mentioned 

show evidence of careful design and 
manufacture, but it cannot be assumed 
that any speaker with a small trumpet 
sticking out in the middle is neces¬ 
sarily a good reproducer. My earlier 
suggestion that a speaker’s perform¬ 
ance can be assessed by looking at it 
does not apply to a coaxial of this 
type, since there are unseen factors 
that modify the performance. The 
woofer can be examined by the meth¬ 
ods I have given, but not the horn-
loaded tweeter. 
I have explained in part 4 on page 15 

that a large cone can reproduce quite 
high frequencies by “break-up.” This 
term has various usages, so I had bet¬ 
ter explain what I mean by it. By 
break-up I mean deformation of the 
cone at various applied frequencies. A 
cone is not an infinitely rigid piston 
and, to put it crudely, it bends in 
places when actuated by the voice-coil 
iinpulses. The cone can node radially 
and axially, and there is wave trans¬ 
mission along the material of the dia¬ 
phragm itself. If a light powder, such 
as lycopodium, is sprinkled on the cone 
(face up) and the speaker driven by 
an oscillator feeding an amplifier, pat¬ 
terns will be developed by the powder. 
These nodal patterns are controlled by 
the material of the cone, its size and 
shape, and the applied frequency. The 
patterns indicate that the cone is bend¬ 
ing in varying degrees in different 
parts, and the three-dimensional shape 
of the diaphragm at a specific frequen¬ 
cy is the "piston” moving the air. For 

linear response it is obvious that the 
efficiency of the piston must be con¬ 
stant, but if part of the energy from 
the voice-coil is dissipated in bending 
the cone that part is not available for 
pushing the air. At the same time, 
small parts of the cone are in motion 
when other parts are not, hence the 
propagation of higher frequencies than 
one would suppose possible. The ac¬ 
tual movements of the whole dia¬ 
phragm are very complex and no hard-
and-fast rule can be laid down, but it 
can be assumed that, in general, it is 
quite a difficult matter to control the 
break-up at frequencies higher than 
about 1500 to 2000 cps. 

If a tweeter is not used to get the 
extreme highs, very special care in de¬ 
sign is essential for high-fidelity re¬ 
sults. If a tweeter is used, then there 
is no point in trying to get even me¬ 
dium highs from the large diaphragm. 
With a tweeter available, the woofer 
can have its cone size increased to 
avoid the need for very free suspen¬ 
sion at very low frequencies when con¬ 
siderable power is fed into the speaker. 
This usually calls for a 15 inch cone 
in a high grade unit. Such a cone will 
give a very good output up to about 
1000 cps. but beyond this figure cone 
deformation—break-up—is the deter¬ 
mining factor and in a large cone this 
cannot easily be controlled. It was 
generally agreed in the days before 
widespread high fidelity (and you can 
put any construction you like on that 
phrase) that the optimum crossover 
frequency was in the region 800 to 
1000 cps. This opinion was not based 
only on cone properties but took into 
account the impedance characteristics 
of the dividing network. 
The two frequency bands of the in¬ 

dividual speakers should overlap to 
avoid an abrupt change, and with a 
crossover frequency of 1000 cps the 
tweeter must handle the band from 
about 800 cps to the upper limit. If 
the tweeter is small, its power han¬ 
dling capacity at even 1000 cps is quite 
limited, even when horn-loaded, so the 
power handling capacity of the woofer 
cannot be used because of the limita¬ 
tions of the tweeter. This undesirable 
state of affairs has led designers to 
put the crossover frequency much 
higher, even as high as 5000 cps. I 
think it would be fair to say that some 
designers know quite well that this is 
not good practice, but are forced by 
the state of the market to put a limit 
on what the whole system will cost. If 
the market demands a dual concentric 
speaker, the designer can produce it, 
but it is no criticism of the designer 
to say that in the opinion of quite a 
number of qualified engineers the high 
crossover frequency is not the way to 
produce the best possible speaker. 

The best solution to this problem is 
to remove it, by introducing a third 
unit to handle the range from, say, 
1009 to 5000 cps. The, small tweeter 
then has no problems of power-han¬ 
dling, for diaphragm movement above 
5000 cps is almost microscopic; it can 
be designed specifically for what it has 
to do—reproduce the extreme treble. 
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A smallish, say 4 or 5 inch, ordinary 
dynamic speaker can be used for the 
range 1000 to 5000 cps, and the woofer 
looks after the bass. Unfortunately 
such an intermediate unit is too large 
to be mounted in a conventional 15-
inch woofer, so the three-channel 
speaker is most frequently met with 
the intermediate unit mounted by the 
side of the woofer. Assuming compe¬ 
tent design throughout, it can be 
assumed that a three-channel system 
is better than a dual system because 
the disadvantages of a high crossover 
frequency have been eliminated. Of 
course, it costs more, but if you want 
the best you must pay for it. 
In any multi-channel system, the 

efficiency of each channel must be con¬ 
stant, otherwise the whole response 
will not be linear. It is quite a tech¬ 
nical problem to make different types 
of speakers have equal efficiency, so 
steps must be taken to attenuate the 
response of the more efficient unit or 
units by modification of the dividing 
network. 

Crossover Networks 
These circuits should really be called 

dividing networks; that is the term 
used in engineering circles, since their 
function is to divide the output of the 
amplifier into low-frequency and high-
frequency bands; but as they are used 
to achieve a crossover frequency be¬ 
tween tweeter and woofer, the less 
satisfactory term has ciept into popu¬ 
lar usage. 
The whole frequency spectrum 

should not be divided abruptly, for a 
sudden switch from the woofer to the 
tweeter would be audibly distressing. 
On the other hand, too great a degree 
of merging would result in overload of 
the tweeter at maximum power owing 
to inadequate bass cut-off from that 
unit. Fig. 19 illustrates various types 
of dividing networks with their cor¬ 
responding frequency responses. These, 
you will understand, are simply com¬ 
binations of low- and high-pass filters, 
and are normally arranged to give a 
cut of 6 or 12 db per octave at cross¬ 
over frequency. The regular type of 
dividing network consists of half or 
whole section filters in series or par¬ 
allel; they are not so popular for less 
expensive installations as the constant 
resistance type, for the latter can be 
made up from the same sizes of capac¬ 
itors and inductors, thus reducing pro¬ 
duction costs. But it is important to 
realize that constant resistance net¬ 
works only have constant resistance 
when the loads across the output 
(speaker) terminals are pure resist¬ 
ances, and loudspeakers are not pure 
resistances; they have inductance as 
well. 

I have mentioned that too gentle an 
overlap at crossover frequency may 
result in low frequencies getting into 
the tweeter, but there is a further dis¬ 
advantage of such an arrangement. 
The impedance presented by the 
speaker system depends on the speak¬ 
er resonances as well as other factors. 
You are aware that there is a substan¬ 
tial rise in impedance through the 

natural bass resonant frequency of the 
woofer, and the other rise in imped¬ 
ance is at the top end of the spec¬ 
trum. The more effective the filter, 
the less will be the effect on the whole 
network impedance by change of ter¬ 
minal impedance. The simplest con¬ 
stant resistance network gives an at¬ 
tenuation of 6 db per octave; the 
whole half-section type 12 db per oc¬ 
tave, a figure usually accepted as ade¬ 
quate for good installations. With this 
degree of attenuation I consider the 
impedance variation excessive, and 
Fig. 19. Various dividing networks having 
At the crossover frequency, dip in linear 

can be appreciably less than that of 
one wide-range transformer of equiva¬ 
lent performance. 
The frequency division can be car¬ 

ried out between stages in the ampli¬ 
fier itself. The driver of the output 
stage is used to feed a high-pass and 
a low-pass filter, each of which leads 
to its own output stage, output trans¬ 
former, and speaker. There is a great 
deal in favor of such an arrangement, 
for the cost of the filters is substan¬ 
tially reduced, since their terminals 
are high impedance instead of the very 

attenuations of 6, 12, and 18 db per octave, 
response should be between 3 and 4 db. 

would recommend adoption of full sec¬ 
tion filters giving an attenuation of 18 
db per octave. This adds to the cost, 
of course, but if better performance is 
desired, the cost must be faced. 

Performance 

The foregoing networks are for use 
between the output transformer and 
the speakers themselves; this is the 
usual way the division is carried out, 
since a speaker system is expected to 
work on any amplifier; but it is not 
the only way of doing the job. Fig. 18 
shows a low distortion system devised 
by P. Klipsch, which has the great 
advantage of dividing before the out¬ 
put transformer. One of the limiting 
factors in any audio installation is the 
output transformer, for it is quite an 
expensive matter to build an audio 
transformer which has low distortion 
and a wide frequency range; in the. 
Klipsch circuit there are two trans¬ 
formers each handling a restricted fre¬ 
quency range, and the cost of the two 

output transformer and speaker; the 
input to the two output stages can be 
controlled to a very substantial de¬ 
gree, both as to frequency and ampli¬ 
fication, so very careful control can be 
applied to the respective speakers to 
balance them for acoustic output. Un¬ 
fortunately these technical advantages 
are not likely to be received on the 
open market with any degree of en¬ 
thusiasm, since the average high-
fidelity enthusiast prefers to select his 
amplifier for one reason and his speak¬ 
er or speakers for some other reason. 
For myself I would always consider 
the power output stage of the ampli¬ 
fier as an inseparable part of the loud¬ 
speaker design. But who am I to tell 
my readers what is good for them? At 
any rate I am telling you, dear reader, 
now; but I wonder how long it will be 
before there is a big enough market 
for us to revert to the sensible meth¬ 
ods of Rice and Kellogg in 1926, who 
marketed their speaker complete with 
its own suitably designed power stage. 
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Part 7. A discussion of loudspeaker baffles and enclosures and the important role they play 

in realistic reoroduction. 

SOME aspects of audio engineering, such as amplifier design, can be 
done with precision. Speakers, as 

the last few articles in this series 
have indicated, are not such an exact 
science; room acoustics is partly exact, 
partly guesswork; the design of speak¬ 
er mountings and enclosures can be 
undertaken on a strict mathematical 
basis. But when you come to the prac¬ 
tical usage of speakers in their en¬ 
closures in your listening room, there 
is a combination of unforeseen factors 
that makes the final decision a matter 
of quite exceptional difficulty. Here, 
more than anywhere else, the decision 
comes from the sort of reproduction 
you like, and it could be that what I 
like is not what you like. Yet through¬ 
out this series the aim is to guide you 
into achieving realism, that is, free¬ 
dom from distortion. 

The response of a speaker measured 
in free air is directly associated with 
its design. If it were a perfect speaker 
with a linear response it might not 
sound so good in a room with non¬ 
linear characteristics as another with 
a less perfect performance. The de¬ 
fects of the speaker might neutralize 
the defects of the room. But a perfect 
speaker’s response is modified by the 
way it is mounted or housed, and no 
mounting is perfect; every type, flat 
baffle, cabinet, or horn, has its own 
acoustic properties, for none is acous¬ 
tically inert. When the speaker is used 
in your nonlinear listening room, four 
sets of data affect the final perform¬ 
ance—the speaker in free air, the be¬ 
havior of the mounting or housing, 
the performance of the speaker when 
mounted, and the room acoustics. 
These four factors cannot be merged 
in any precise and scientific manner, 
but I can lay down for you a number 
of guiding principles to bring some 
sort of order out of the seeming chaos. 
There are as many different ways 

of mounting or housing speakers as 
there are designers who had a brain¬ 
wave. Some enclosures work very well 
with certain speakers, because the en¬ 
closures were designed to neutralize 
the defects of the particular units for 
which they were designed. Some speak¬ 
ers work well with horns, others do 
not; some work better on flat baffles 
than in boxes, and so on. What you 
must not do is to choose a speaker 
that appeals to you for certain rea¬ 
sons, an enclosure that may make an 
entirely different appeal, and bring 
them together in a room without re¬ 
gard to any other consideration than 
where the combination looks best or 
is most convenient. Of course, you 
can do just that if you want to, but 
the odds against your getting realistic 
reproduction are pretty high. What, 

then, is the best way of setting about 
the problem? 

Flat Baffles 
At low frequencies, the sound waves 

from the front and back of a speaker 
diaphragm must be separated, because 
the sound from the front is 180° out-
of-phase with respect to that from the 
back. At medium and high frequen¬ 
cies the wavelength is too short for 
cancellation to occur, but bass fre¬ 
quencies have wavelengths up to sev¬ 
eral feet. Without some form of baffle 
reproduction of low frequencies is im¬ 
possible, and a large baffle is needed 
for very low frequencies. Fig. 20 
shows the bass attenuation resulting 
from the use of various sizes of finite 
circular baffles. You will notice that 
an 8-foot diameter baffle causes a loss 
of 5 db at 70 cps, so the problem is a 
very real one, for where can we place 
even an 8-foot baffle in a room without 
it being an eyesore? Note particularly 
a point not always realized: you can’t 
make good this loss by giving the am¬ 
plifier a bass boost, for the loss is in¬ 
herent in the mechanics of the sound 
waves themselves in relation to the 
baffle; if you try bass boosting you 
are, in effect, pouring your audio watts 
down the drain. 
From time to time audio enthusiasts 

have decided to put up with the in¬ 
convenience of a large baffle in the in¬ 
terests of high fidelity, but there are 
two reasons why they didn’t get it. Of 
course, they got the bass, but they got 
other things they didn’t bargain for. 
It is not difficult to appreciate that a 
large baffle is likely to be less rigid 
than a small one unless it is very thick 
and heavy. Since all baffles are flex¬ 
ible to some degree, they will bend 
when “activated” by a speaker. Every 
baffle has its own natural resonant 
frequency, which you can prove for 
yourself by hitting it with your closed 
fist. But it also produces harmonic 
frequencies, for the thud you hear 
when hitting it does not sound like 
the note of a pure sine wave. The har¬ 
monics are the result of the baffle 
noding; second harmonic nodes occur 
by bending across a diagonal or a 

Fig. 20. Base loss ol Unite circular baffles. 

into three equal zones, and so on. Har¬ 
monics up to the 7th can be per¬ 
ceived, and in this way a speaker may 
reproduce a sine wave input as a 
pure note, but the activated baffle be¬ 
comes a producer of complex notes. 
The cure for this is to make the baffle 
as stiff as possible by strong bracing, 
particularly along the outer edges. 

Another form of distortion occurs 
even with an infinitely rigid baffle. Fig. 
21 shows a section of a speaker mount¬ 
ed on a flat baffle. The emergent 
sound waves have a hemispherical 
form and partially impinge on the 
front of the baffle. From this they are 
reflected in the way I have described 
in an earlier article. In the diagram 
the emergent waves are shown by 
solid lines, the reflected waves by 
dashed lines. These waves mutually 
interfere and cause uneven response. 

Finally the placement of the speaker 
on the baffle has a bearing on the re¬ 
sponse. The effective size of the baffle 
is the shortest distance from the cen¬ 
ter of the front of the speaker, round 
the baffle, and on to the center of the 
back. This distance is equal to the 
diameters of the circular baffles cov¬ 
ered in the graph of Fig. 20. In a 
square baffle, those parts outside the 
circle can have no baffling effect. If 
the speaker is exactly in the center of 
the baffle and a response curve is 
taken of the speaker so mounted, 
there will be found a characteristic 
narrow dip in the lower register. This 
can be avoided by placing the speaker 
off center or making the baffle of ir¬ 
regular shape, but the effective baffle 
size is reduced, for still the shortest 
path from front-to-back determines 
the bass cut-off. 

Folded Baffles 

The only truly satisfactory flat baf¬ 
fle is the time-honored one of mount¬ 
ing the speaker in a wall between two 
rooms. Such a baffle is virtually in¬ 
finite, it is rigid, and, with suitable 
draperies, is non-reflecting. The short 
tunnel in the wall should be flared at 
not less than a 45° angle outwards 
from the speaker when the speaker is 
mounted on the far side of the wall 
from the listening room. If the front 
of the speaker is flush with the wall, 
then the hole in the wall must be 
about twice as large as the speaker, 
the front sealed with a small thick 
baffle, and the empty space filled with 
Fiberglas or similar sound absorbing 
material. See Fig. 22. 

From what has been said it will be 
fairly obvious that closet and cup¬ 
board doors do not form very good 
baffles, unless they are strong and 
thick. Moreover the space behind the 
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door may cause undesirable rever¬ 
beration effects, which will be consid¬ 
ered more fully in the next section. 
The flat baffle can be made more 

compact by being folded into a box. 
As before, the effective baffle size is 
the distance from the front of the 
speaker, across the front, along a side 
and on to the back of the speaker. As 
far as pure baffling is concerned it is of 
no consequence whether the box type 
cabinet is large and shallow or small 
and deep, but there is a great differ¬ 
ence in the acoustic properties of two 
such enclosures. 

A box baffle partially encloses a col¬ 
umn of air; this air will resonate at a 
frequency determined by its volume, 
as happens with organ pipes. For a 
given size of pipe the frequency of the 
emitted sound depends on whether the 
pipe is open or closed ("stopped”). An 
open back box baffle resembles a short 
wide pipe; a closed box baffle is like a 
stopped pipe. A shallow box baffle has 
very little air column resonance, and 
so needs no treatment except bracing 
to prevent cabinet resonance. A deep 
box baffle (of cubical shape, for exam¬ 
ple) has a pronounced air column res¬ 
onance, and lining it with sound-ab¬ 
sorbing material has no effect on this 
resonance. The lining will help damp 
out cabinet resonance and standing 
waves caused by reflection from the 
interior sides of the box, but the con¬ 
tained air is still in the box. 

Whether the back is closed or open, 
distortion caused by reflected waves 
(Fig. 21) will occur. The distortion is 
revealed by an irregular response par¬ 
ticularly at the lower end of the fre¬ 
quency spectrum. It has been proved 
that these irregularities can be 
smoothed out by chamfering the edges 
of the cabinet, as shown in Fig. 23. If 
the box is quite spherical there are 
no irregularities at all, as could be im¬ 
agined from a consideration of the dis¬ 
position of the reflected waves; but a 
spherical enclosure is an extremely in¬ 
convenient thing to make. Chamfered 
corners are, therefore, the best com¬ 
promise, and if the floor-type enclos¬ 
ure of Fig. 23B is adopted, the speak¬ 
er should be located so that it is not 
equidistant from the top and sides, 
nor in the center between top and bot¬ 
tom. An intermediate position will be 
the best way of obtaining an asym¬ 
metrical baffle to avoid the dip men¬ 
tioned previously. 

This type of enclosure, since nothing 
can be done to eliminate air column 

Fig. 23. Deeply chamfered cabinet edges 
give smoother bass response. See text. 

Fig. 21. Waves radiating from speaker are 
reflected from baffle, causing interference. 

resonance, should be rather large and 
shallow, which suggests the floor type; 
but if such an ehclosure is placed 
against the wall, the air is trapped 
and the air resonance will be pro¬ 
nounced. With a definite closed back, 
new problems are encountered, and 
these will be discussed later. For the 
moment I just point out that cab:nets 
of the Fig. 23B type should be p aced 
across the corner of the room and the 
top should not be of triangular form 
to close the gap between cabinet and 
walls. 

Hartley "Boffle" 

I describe this specialized enclosure 
not for any commercial reasons but 
because it is a unique design of some 
general interest. There is quite a 
strong feeling among many acoustic 
engineers that the reproducing system 
should have no resonant properties at 
all. It is argued that resonances are 
tricky things to deal with, and the 
safest way out is to prevent them 
happening in the first place. This has 
always been my belief, which led me 
to designing speakers that had no audi¬ 
ble bass resonance, even if the con¬ 
sequences were a reduction in sensi¬ 
tivity through the need for very free 
cone suspension. 

I knew that a hole in the wall was 
as near a perfect flat baffle as we can 
ever get, but very few can manage 
this happy state of affairs. Putting 
the speaker in a closed lined box simu¬ 
lates an infinite baffle, but the en¬ 
closed air resonates. If the whole of 
the space inside is filled with sound 
absorbing material to eliminate the 
air resonance, the freedom of suspen¬ 
sion of the speaker will be impaired 
owing to the stiffness of the air com¬ 
pliance. 
The inert non-resonant device I 

finally produced I called a "Boffle,” 'an 
abbreviation of box baffle. A cross¬ 
section is given in Fig. 24. It is quite 
unlike any other form of enclosure, 
for it is an acoustic filter. In electrical 
filters we have inductance, capacity, 
and resistance; in mechanical filters 
(and acoustics is a form of mechan¬ 
ics) the elements are masses, springs, 
and friction. In the "Boffle” the sound 
waves from the back of the speaker 
hit the second screen (the first is 
merely an anti-reflection device); if it 
were not perforated the screen would 
be unduly stressed, so part of the 
pressure passes through to the third 
screen, and so on. The diagram shows 
two graded filter stages, but except in 
deep cabinets, one filter with up to 8 
screens is all that is necessary. The 

semi-porous screens of carpet felt act 
as masses their slight elasticity and 
the air pockets between the screens as 
springs, and their acoustical semi-
transparency as friction. The back 
must not be rigidly closed, and all 
that emerges from the rear is a very 
low-pitched “grumble” which has no 
harmful effect on the speaker output. 
Wrapping the felt around the wooden 
frames of the screens is an essential 
feature of the device. The screens are 
rather a tight fit in the box and the 
felt is slightly compressed as the 
screens are slid into place. Every part 
of each side is therefore properly 
damped against nodes and resonances, 
and thinner wood can be used for the 
box than is necessary for any other 
form of enclosure. 

The "Boffle” has been described for 
home constructors (“Radio-Electron¬ 
ics,” February, 1956) with interesting 
consequences. Designed for my own 
speakers, I did not suppose it would 
be much favored for housing speakers 
that normally require a reflex enclos¬ 
ure for neutralizing the bass res¬ 
onance of the speaker. It turns out, 
however, that owners of more conven¬ 
tional speakers than mine have made 
it up and like it very much indeed. 
They say that the 'Boffle” gives very 
clean and clearcut reproduction having 
noticeable “presence.” This is due to 
the almost complete suppression of 
cabinet and air-column resonances. 
With these removed, the bass resonant 
frequency of the speaker is not un¬ 
duly noticeable. These experiences 
suggest that the “non-resonant school” 
has some justification for thinking 
that way. 

Closed Bex Baffles 

The closed box "infinite” baffle dif¬ 
fers from the hole-in-wall infinite baf¬ 
fle, for in the former the air is trapped 
and in the latter it is free. This has 
a profound effect on the reproduction. 
The closed box is a resonator, fre¬ 
quently called a type of Helmholtz 
resonator, although the distinguished 

Fig. 22. Mounting a speaker in a wall. (A) 
Speaker on small baffle on the far side of 
the wall from the listening room. The 
hole in the wall should be funnel-shaped, 
smoothed off with plaster. (B) Speaker 
mounted in the wall. Front baffle covers a 
hole twice the diameter of the speaker. 
The hole can be circular or square but 
must be "radius-ed" off with Fiberglas or 
similar material. In each case the treat¬ 
ment is needed to ovoid "tunnel effect." 
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physicist did not invent it, but he did 
analyze its properties. The air within 
the box resonates at a frequency de¬ 
termined by the volume, and the sharp¬ 
ness of the resonant peak depends on 
the reflective power of the internal 
surfaces of the box. Moreover, about 
25% of 3rd harmonic of the funda¬ 
mental resonant frequency is gener¬ 
ated when the air is activated by the 
speaker diaphragm. In addition, for 
reasons given in an earlier part of this 
series, reflections from the sides of the 
box create standing waves. All three 
phenomena cause distortion and must 
be eliminated as far as possible. The 
sharpness of resonance is flattened by 
lining the box with sound absorbing 
material; if there is sufficient thick¬ 
ness of lining the 3rd harmonic will 
be suppressed, as will standing waves 
at all but low frequencies. The basic 
physical properties of a closed box are, 
therefore, that it must be very strong¬ 
ly constructed (since the bass is nett 
wholly absorbed) and lined with a 
substantial thickness of acoustically 
absorbent material. 
Under these conditions it will be 

found that interaction of the bass res¬ 
onance of the speaker and the air res¬ 
onance of the closed space results in 
an effective raising of the bass res¬ 
onant frequency of the speaker. The 
larger the speaker cone the larger 
must be the box, and as a rough work¬ 
ing guide it can be taken that an 
8-inch speaker requires 5 cubic feet of 
cabinet volume, a 12-inch 14 cubic 
feet, and a 15-inch 20 cubic feet. The 
normal speaker bass resonance should 
be as low as possible, which implies 
free suspension, and, contrary to what 
might be expected, the larger the cone 
the "free-er” must be the suspension. 
A large cone moves more air than a 
small one. and the air trapped behind 
the cone is what causes the rise in 
frequency, hence, the need for larger 
boxes with large speakers. If. there¬ 
fore, you wish to use a small closed 
box, a small speaker must be used 
with it to avoid an undue rise in res¬ 
onant frequency, but the small speaker 
of conventional design is not very ef¬ 
fective at low frequencies. This dilem¬ 
ma can be avoided by providing some 
form of air leak in the cabinet. 

Vented Box Baffles 

Robbins and Joseph have devised an 
enclosure which is stated to be a mod¬ 
ified Helmholtz resonator, and is 
shown simplified in Fig. 25. The box 
is not substantially larger than the 
speaker itself, but a form of air duct 
is provided by the space between the 
small baffle carrying the speaker and 
the front of the box. It is claimed 
that this reduces the sharpness of the 
resonance of the air within the box, 
producing a two-peak curve compara¬ 
ble to that of a reflex housing. If the 
speaker is intended to reproduce the 
whole frequency range, then, as point¬ 
ed out in Part 1 of this series, the slot 
should be vertical to secure horizontal 
dispersion of the high frequencies. 
Some models of the enclosure have a 

slot at the bottom, suggesting that no 
attempt is made to reproduce the 
highs, which makes the unit simply a 
woofer. Obviously the performance of 
the whole assembly must depend on 
the size of the box, the size and bass 
resonant frequency of the speaker, the 
thickness of the air duct, and the size 
of the slot. A comprehensive mathe¬ 
matical analysis of these critical di¬ 
mensions has not been published. 

A different type of vented enclosure 
is the acoustic labyrinth, shown in sec¬ 
tion in Fig. 26A. This is virtually an air 
column loading the back of the speak¬ 
er diaphragm, in contrast to a horn 
which loads the front. The operation 
differs from that of the horn, for 
whereas a horn gives correct loading 
over the whole frequency range (if 
big enough) the labyrinth can only act 
as an efficient load at its resonant fre¬ 
quency. The dimensions should be 
such that the effective length of the 
air column (taken along the center 
line) is one quarter of the wavelength 
of the bass resonant frequency of the 
speaker. The wavelength, of course, 
equals the speed of sound (1129 ft. per 
sec.) divided by the frequency in cy-
cles-per-second. Under these condi¬ 
tions the air column resonance will 
neutralize the bass resonance of the 
speaker. The whole of the interior 
surfaces must be covered with sound 
absorbing material to prevent reflec¬ 
tions as far as possible. This will 
cause considerable attenuation of the 
high frequencies from the rear of the 
speaker. A tweeter may be necessary 
to maintain over-all balance. 

Acoustic Phase Inverter 

The most popular vented enclosure 
is that usually called the bass reflex, 
due originally to A. L. Thuras (U. S. 
Patent No. 1869178, July 1932). Since 

Fig. 24. Cross-section oi Hartley "Bottle." 

Fig. 25. Section and front of B-J box baffle. 

the patent expired the design has ap¬ 
peared in many forms, but in some 
cases there is evidence that the basic 
principles have not been clearly un¬ 
derstood, with unsatisfactory results 
in the quality of reproduction. When 
properly designed and correctly ap¬ 
plied, the acoustic phase inverter (a 
title which describes its function ex¬ 
actly) improves the bass response and 
increases the power handling capacity 
of the speaker at low frequencies. 
With this goes a decided flattening of 
the bass resonance peak in the im¬ 
pedance curve. These advantages re¬ 
sult from reduction of the travel of 
the voice-coil at resonant frequency 
by accurate loading of the diaphragm 
at that frequency; in other words, the 
resonant frequency of the air in the 
enclosure must be the same as that of 
the speaker. It follows thkt the en¬ 
closure must be carefully tuned to the 
frequency of the speaker resonance. 

I should explain that what follows 
refers to acoustic phase inverters. This 
type of enclosure must be accurately 
matched to the speaker. Other enclos¬ 
ures which are not so matched resem¬ 
ble the genuine bass reflex but their 
effect is different. Some notes will be 
added later on this type. 

Fig. 26B shows a cross-section of the 
acoustic phase inverter with the es¬ 
sential elements—the speaker, the en¬ 
closed air, the tunnel, and the port. 
The volume of enclosed air equals the 
total internal volume of the cabinet 
less the volume of the speaker unit 
and any internal bracing, but not the 
sound-absorbing lining, since this lat¬ 
ter is virtually part of the air space. 
For a given volume of air the frequen¬ 
cy of resonance in the port is modified 
by the size of the speaker diaphragm 
and the length of the tunnel. The 
larger the speaker the greater must 
be the volume of air; the longer the 
tunnel the smaller the volume. Bass 
reflex enclosures can be found with 
and without tunnels; the purpose of 
the tunnel is to reduce the size of the 
cabinet for a given resonant frequen¬ 
cy. As a result of this you can assume 
that any enclosure offered to you of 
compact size, housing a large speaker, 
and having no tunnel, will not per¬ 
form as an acoustic phase inverter un¬ 
less the normal bass resonant fre¬ 
quency of the speaker is so high as to 
make it unsuitable for high-grade re¬ 
production. 
Herein is the fallacy of buying a 

speaker which you fancy and fitting it 
into a reflex enclosure which also ap¬ 
peals to you. The two may not be 
compatible. The information required 
by an engineer to enable him to de¬ 
sign an acoustic phase inverter for any 
particular speaker includes the equiv¬ 
alent piston diameter of the speaker 
cone, the bass resonant frequency of 
the speaker, and its total volume. 
There is an optimum length of tunnel 
for any given enclosure volume, 
neither too long nor too short. The 
end of the tunnel should not be nearer 
the back of the cabinet than the ra¬ 
dius of the speaker diaphragm. The 
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area of the port should equal the area 
of the speaker opening (or more accu¬ 
rately the area of a circle whose di¬ 
ameter equals the diameter of the 
equivalent piston). If there are errors 
in design the system can be "tuned” 
by altering the port area, but doing so 
conflicts with the "equal area” con¬ 
dition. 

For the speaker of your choice you 
can assess the merits of the enclosure 
by visual inspection and electrical 
measurement. The cabinet should be 
strongly made and free from drum¬ 
ming when hit with the fist. The in¬ 
terior should be well lined with sound 
absorbing material to prevent the 
formation of standing waves. The port 
area should equal the area of the 
speaker opening. The rear end of the 
tunnel should not be nearer the back 
of the cabinet than half the diameter 
of the speaker opening. These points 
checked, the speaker is then mounted 
in the cabinet and its impedance meas¬ 
ured at low frequencies by one of the 
methods given in Part 3 of this series 
of arteles. 

If you had previously taken a curve 
of the unenclosed and unmounted 

Fig. 26. (A) Section of an acoustic laby¬ 
rinth. Length of air column is taken along 
dotted line. (B) Cross-section of acoustic 
phase inverter. All interior surfaces must 
be lined with a sound absorbing material. 

speaker from 1000 down to about 20 
cps you would get something like the 
solid curve in Fig. 27, with the char¬ 
acteristic single peak produced by the 
bass resonance of the speaker. Below 
this peak the response falls off rapid¬ 
ly. Now with the speaker properly 
mounted in the enclosure, take another 
curve. This should look like the 
dashed curve in Fig. 27, with two 
peaks, one on either side of the orig¬ 
inal peak. It is obvious that the re¬ 
sponse is much closer to linearity and 
the bass cut-off is lower. This is the 
advantage of the matched acoustic 
phase inverter and mismatching will 
not give the desired results. 
I can almost hear you say, “Why 

should I go to all this trouble?” There 
is no "must” about it. You are quite 
free to do the job properly or improp¬ 
erly, but if you want the undoubted 
merits of this type of enclosure to im¬ 
prove your audio reproduction, then 
you can’t expect to get them by hit 
and miss methods, otherwise there 
would be no need for engineers at all. 
If you don’t get the proper double 
hump curve, then the dimensions of 
the enclosure must be altered until 
you do; but it is just possible that you 
would get the desired results by plac¬ 
ing the cabinet in another part of the 
room. The room acoustics influence 
the impedance of the speaker, as I 
have explained in an earlier part. You 
might be lucky! 

Unmatched Vented Baffles 
Such can be home-constructed or 

bought ready made, and are an easy 
way of dodging the technical require¬ 
ments of the true acoustic phase in¬ 
verter. They do not work with the 
precision or efficiency of the genuine 
article, but they are better than a cas¬ 
ually constructed box baffle. As be¬ 
fore, they must be strongly construct¬ 
ed and properly lined. No tunnel is 
used as this introduces difficulties in 

Fig. 27. Impedance cuive of an ideal acou¬ 
stic phase inverter compared with curve 
oi an unenclosed speaker. Refer to text, 

adjustment. The port area should be 
greater than the speaker opening, so 
that tuning can be carried out over a 
fairly wide band. 
The speaker should have as low a 

bass resonance as possible and the vol¬ 
ume of air within the cabinet should 
not be less than 6 cubic feet. With 
alteration of the port area, the air 
resonant frequency is changed, in gen¬ 
eral, raised as the area is increased. 
This affects the impedance curve of 
the speaker and some simulation of 
the characteristics of the true phase 
inverter is possible, but the transient 
reproduction will not be so good as 
the condition of optimum loading is 
never reached. 
If a small cabinet is insisted on, 

then the speaker should have the more 
conventional value of bass resonance, 
but if adjustment of the port to give a 
reasonably flat impedance curve in¬ 
volves raising the resonance of the 
system to something on the order of 
80 to 100 cps is necessary, the repro¬ 
duction will not be satisfactory as a 
whole, even allowing for the loss of 
bass. 

In short, the properly designed vent¬ 
ed baffle can neutralize some of the 
defects of the ordinary sort of speaker, 
but the best results are only obtained 
when the enclosure is properly de¬ 
signed to do the job. It is curious that 
keen audio fans often give their speak¬ 
ers a very raw deal. 

Part 8. A discussion of straight, folded, and corner horns used to load tweeters and 

mid-range drivers as well as load and enclose woofers. 

AHORN is fitted to a loudspeaker driver unit simply and solely to 
increase its electro-acoustic effi¬ 

ciency. A properly designed horn in¬ 
creases the acoustic loading on the 
diaphragm and this is bound to im¬ 
prove the efficiency since the dia¬ 
phragm has something to work 
against. From this follows the obvious 
conclusion that a horn-loaded speaker 
requires less input than one using a 
flat baffle for a given sound output, 
and for a given size of diaphragm the 
horn-loaded speaker calls for less 
movement of the suspended system 
From what you have learned in pre¬ 
vious articles you can see, therefore, 
that the disadvantage of a small dia¬ 
phragm for reproducing low frequen¬ 

cies—the large amount of free move¬ 
ment required—can be overcome to 
some extent, while retaining the ad¬ 
vantages of the small cone for good 
high note response. Since the driver 
unit is subjected to smaller stresses, it 
would seem that fitting a horn instead 
of a flat baffle or box type enclosure 
is a great step forward. This supposi¬ 
tion is correct. A properly designed 
horn-loaded speaker will give a wider 
and more linear response than any 
other type of loading, and when per¬ 
fectly designed and without regard to 
"contingent liabilities” does not re¬ 
quire the use of multi-channel systems. 
One unit will do the job. Yet almost 
every horn type speaker system you 
see has a tweeter; am I therefore talk¬ 

ing nonsense? I mentioned contingent 
liabilities, and the innate cussedness 
of all loudspeaker problems is well to 
the fore in designing loudspeaker 
horns. 

In this article I cannot possibly even 
attempt to classify the multitude of 
designs on the market. The good ones 
are the result of technical know-how 
and intensive development work. The 
bad ones are non-scientific copies of 
good designs but without the knowl¬ 
edge necessary for modifying basically 
good designs. Some have resulted 
from the efforts of writers who pro¬ 
fess to provide hi-fi for a few dollars. 
But it so happens that designing a 
good horn is not all that easy, and 
making it can be even more difficult. 
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Here I shall explain, the fundamental 
rules of the game, so that you can 
make your choice in an intelligent 
manner. But whereas there may be 
two Schools of thought in speaker de¬ 
sign, there can only be one in horn 
design, for the matter is simple enough 
—does the horn enclosure add distor¬ 
tion to the speaker unit’s perform¬ 
ance? If it does then it is a bad en¬ 
closure, and that is all there is to it. 

The worst snag in adopting the horn 
as a speaker loading device is the size 
required for fidelity of reproduction. 
The diameter of the mouth of the 
hern, for perfection, should equal the 
wavelength of the lowest frequency it 
is desired to reproduce. The wave¬ 
length of a 50-cycle note is 22% feet! 
Moreover, the rate of expansion from 
the throat (the narrow end) to the 
mouth, called the flaring constant, 
must conform to certain laws, so the 
length of our perfect horn for no cut¬ 
off at 50 cps would be about 70 feet. 
In this imperfect world we can afford 
to make some compromise, but you 
can take it that a straight horn of 
proper design to reproduce down to 
50 cps calls for a length of about 22 
feet and a flare circumference of 
24 feet, and that is not a thing you 
can get into an ordinary living 
room. Not only is the mouth as 
large as the sort of flat baffle you 
ought to have, but where are you 
going to put those 22 feet of length? 
As you can fold a baffle, so you can 
fold a horn, but with this added com¬ 
plication—that the highs don’t like 
being pushed round sharp corners or 
along rough surfaces, and the lows, as 
in box baffles, set up vibration in the 
various parts of the assembly. Where¬ 
as the folded and curved horns of the 
brass section of the orchestra are reso¬ 
nant, to give the instrument its pecul¬ 
iar timbre, the horn of the reproducer 
must be inert and unable to impart 
coloration. 

Probably the first superbly designed 

Fig. 28. The three types of straight horns: 
(A) conical, (B) exponential, and (C) Hypex. 

Fig. 29. Cut-off characteristics of the 
three types of straight horns shown above. 

and engineered folded-horn speaker 
was the celebrated Western Electric 
555. The speaker unit itself was made 
with very close tolerances to avoid loss 
of useful flux in the gap. The voice 
coil was wound with aluminum ribbon 
on edge, so that gap space was not 
wasted by a comparatively thick and 
rigid former, and the small aluminum 
diaphragm was properly ribbed to en¬ 
sure stiffness (for it is important in a 
horn speaker that diaphragm breakup 
should not occur). This specialized 
unit then fed into a long folded horn 
with the right flare constant, made of 
smoothly finished nonresonant mate¬ 
rial (at least down to the lower mid¬ 
dle frequencies!), which terminated in 
a large rectangular mouth. The result 
was a fine speaker, but it was so big 
it could only be used in movie theaters. 

Cutaway model Klipschorn 
comer loudspeaker sys¬ 
tem showing a folded horn 
used for the woofer and 
straight horns used for 
mid-range and tweeter. 

Since that time we engineers have 
not increased our basic knowledge of 
horn design; we have made no discov¬ 
eries that enable us to do things that 
couldn’t be done 30 years ago. The 
mechanics of horns are perfectly 
straightforward and we can’t do the 
impossible "even if it takes a little 
longer.” Our efforts have been di¬ 
rected towards producing speakers 
that can be gotten into an ordinary 
living room, while retaining as many 
of the characteristics of the perfect 
horn as possible. In other words com¬ 
promises have had to be made, and 
some compromises are very good and 
others are not. 

Design of Straight Horns 
As no folded horn can be as good as 

a perfectly designed straight horn, it 
is necessary to determine the charac¬ 
teristics of the straight form to have 
some standard of reference. There are 
three main types : conical, exponential, 
and hyperbolic exponential. The only 
merit of the first is that it can be con¬ 
structed out of flat sheets of material, 
and in case you wonder how a cone 
can be made out of flat material I 
should explain that what really mat¬ 
ters is that the area of cross-section 
has to expand in a certain way. To all 
intents and purposes a square horn of 
pyramidal form is just as satisfactory 
as a truly conical one. By a conical 
horn I mean, therefore, one whose 
sides are a straight line, and by anal¬ 
ogy I call an exponential horn one 

whose sides follow an exponential 
curve, whether the area of cross sec¬ 
tion is a square or a circle. The name 
hyperbolic exponential is usually short¬ 
ened to “Hypex.” Fig. 28 gives cross¬ 
sections of the three types. 

The conical horn is easy to design 
and easy to build. All that matters is 
that the narrow end shquld more or 
less fit the driver unit and that the 
length and mouth dimensions should 
be great enough to handle the lowest 
bass frequency it is desired to repro¬ 
duce. The serious drawback of the 
conical horn is that its cut-off charac¬ 
teristic is not good. 

In any high-fidelity system it js de¬ 
sirable that the wide frequency re¬ 
sponse should terminate with sharp 
cut-offs at bass and treble. A linear 
frequency response from 50 to 12,000 
cps with very sharp cut-offs at each 
end will give truer reproduction than 
one linear from 60 to 11,000 with grad¬ 
ual roll-offs even if there is appreciable 
response at 40 and 15,000 cps. You 
may not believe this, but it is so. Now 
if you refer to Fig. 29 you will see that 
the conical horn has a roll-off whereas 
the exponential and Hypex horns have 
a cut-off, and the Hypex has the 
sharpest. 

It is not difficult to understand why 
this should be so. In Part 1 I explained 
that a sound wave progresses through 
the air by setting up zones of compres¬ 
sion followed by zones of rarifaction. 
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The distance between successive zones 
of compression is the wavelength of 
the sound wave of that particular fre¬ 
quency. Now imagine such a sound 
wave passing through the horn. Obvi¬ 
ously the horn must be as long as one 
wavelength otherwise part of the wave 
will be inside the horn and the rest 
outside and the only part to load the 
diaphragm with “horn efficiency” is 
the part inside. That is why inade¬ 
quate length and mouth size give a 
bass cut-off. 
In free air the speaker diaphragm 

produces a hemispherical propagation 
in front and when a conical horn is 
used this whole hemisphere has been 
collected into a cone but the general 
distribution throughout the horn is un¬ 
altered. When the wavelength is a 
substantial part of the horn length 
there will be an instant when a zone 
of compression is inside the horn and 
a zone of rarifaction is at the mouth 
of the horn. Nature abhors a vacuum, 
so air at normal pressure around the 
circumference of the mouth rushes in 
and hinders the progress of the next 
pocket of compressed air. If there are 
several “cycles” inside the horn this 
doesn’t matter; but at low frequencies 
the effect is very pronounced, and the 
interference pattern comes out like the 
curve in Fig. 29. 

To take the Hypex as a contrast, the 
sound wave emerges from the mouth 
and not being confined by the straight 
line trend of the conical type pro¬ 
gresses in a hemispherical manner. 
The air inside is protected by the shape 
of the horn mouth and by a hemi¬ 
spherical barrier of compressed air be¬ 
yond the mouth. The description I 
have given is admittedly crude but it 
does account for the cut-off character¬ 
istic of the Hypex horn. In the Hypex, 
and to a lesser degree in the exponen¬ 
tial, the cut-off is “pure” and deter¬ 
mined solely by the horn dimensions. 
Having vowed to keep higher math¬ 

ematics out of this series I cannot give 
you the design data for these horns. 
Being exponential curves they involve 
mathematical exponentials which are 
reckoned highbrow; but the omission 
of this data is not a matter of great 
importance. Fig. 28 shows that the 
types cannot be confused, for the ex¬ 
ponential increases quite gradually in 
a curved sort of way whereas the Hy¬ 
pex flares out quite suddenly near the 
mouth. And may I add a note about 
other wonder-working curves an¬ 
nounced from time to time? We get 
paraboloids, catenoids (and some day 
we may get adenoids) all heralded as 
new achievements. Don’t you believe 
it. These others “curves” are so near 
exponential that it couldn’t matter 
less, and except for molded or cast 
horns, no folded bass horn is other than 
an approximation of an exponential 
curve, these fancy curves are just 
approximations of approximations. 
Acoustic engineers are not swayed by 
emotional upsurges; the laws of horn 
design are quite straightforward, and 
the exponential and Hypex curves are 

two steps forward in good design. But 
they are difficult to make true to law. 
No part of any type of exponential 

horn is flat, so it cannot be made of 
thick wood. The shaped panels are 
usually made of laminated or recon¬ 
structed wood and should be strongly 
braced with frames at fairly short in¬ 
tervals; the intervening areas should 
be covered with sound- and vibration¬ 
absorbing material or cement. This 
must be applied outside the horn, for 
the inner surfaces should be as smooth 
as possible to avoid air friction. The 
whole horn could be made of rein¬ 
forced concrete, with a smooth cement 
finish inside, and super-enthusiastic 
high-fidelity fans have made such con¬ 
crete monsters, with most impressive 
results. Of course the horn has to be 
built outside the house, so it is not 
very convenient for multi-story apart¬ 
ments. But it does show what has to 
be done to carry the horn to its logical 
conclusion. 

The Horn Throat 
It would seem a simple enough mat¬ 

ter to match a horn to any loud¬ 
speaker by making the throat (the 
narrow end) the same size as the 
speaker diaphragm, but this does not 
give the highest efficiency. Better 
acoustic loading is obtained by having 
the throat smaller than the diaphragm 
and including a sound chamber, as in 
Fig. 30A. At high frequencies this 
scheme does not work very well be¬ 
cause the distance between the various 
parts of the diaphragm and the center 
of the throat can differ by several 
wavelengths, causing phase distortion. 
It is usually corrected by making the 
diaphragm concave and inserting a 
convex plug in the horn throat, as 
shown in Fig. 30B. This phase-correct¬ 
ing plug, as it is usually called, should 
be a feature in any well-designed horn-
loaded tweeter. 
The throat itself causes 2nd har¬ 

monic distortion, varying directly with 
acoustic watts per unit area of throat 
and with the ratio between emitted 
frequency and cut-off frequency. For 
a given power input to the speaker, it 
follows that 2nd harmonic distortion 

Fig. 30. Two designs of throat sound cham¬ 
bers without and with phase correcting plug. 

Fig. 31. Section of concentric folded horn. 

will be smaller the larger the throat 
and the smaller the emitted frequency/ 
cut-off frequency fraction. As the bass 
must be maintained, this fraction is 
kept small by removing the highs from 
the large throat speaker. This suits 
the general design very well since a 
large throat calls for a large dia¬ 
phragm and a large diaphragm 
(subject to the special cases men¬ 
tioned in Part 4) is not efficient 
for high frequencies. Then, since the 
first section of the horn has to be re¬ 
moved to provide the large throat, the 
removed part becomes the horn of the 
tweeter, so we quite logically arrive at 
the conclusion that, as far as horn 
speakers are concerned the tweeter¬ 
woofer combination is best. Whether 
my thesis that baffle-loaded speakers 
are best as single-channel systems is 
right or not, I cannot be accused of 
undue partisanship if I say that multi¬ 
channel systems are best with horn 
speakers. 

Folded Horns 
In theory, as I have already pointed 

out, there should be no loss by folding 
a properly designed exponential horn. 
As far as the high frequencies are con¬ 
cerned there is very little loss due to 
reflections and interference in the con¬ 
centric folded type shown in Fig. 31. A 
horn of this design is usually made up 
from metal spinnings, although it can 
be molded from non-metallic mate¬ 
rials. The size required for adequate 
reproduction of low frequencies makes 
this type of horn very costly for wide-
range reproduction, but it is an effi¬ 
cient horn for the frequency range 200 
to 8000 cps. 

In practice, a folded horn is usually 
made up as an assembly of flat wooden 
panels which can only be an approxi¬ 
mation to the true exponential flare, 
so losses are inevitable (and "losses” 
includes distortion). As both sides of 
each panel usually form part of the 
horn acoustical lining and reinforcing 
battens cannot be used, so there must 
be some reverberation and cabinet res¬ 
onance. To reduce this as far as pos-
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sible the material used must be thick 
and rigid. The rate of flare does not 
conform to any law since the horn con¬ 
sists of a series of truncated pyramids, 
with the consequent disadvantages 
mentioned earlier. The shape, too, is 
bad for the transmission of high fre¬ 
quencies, but as it is normal practice 
to use a separate high frequency 
speaker unit, this is not a serious 
consideration. 

Since, therefore, the folded horn is 
only an approximation to the ideal de¬ 
sign there is almost no end to the 
ways in which this approach to perfec¬ 
tion can be achieved. Reputable man¬ 
ufacturers of speaker units have been 
forced to produce horn designs which 
are suitable for their products, and it 
can be supposed that some research 
has been carried out to evolve a good 
design. Other manufacturers of cabi¬ 
nets are equally interested in selling 
their wares, but in all this activity 
one thing can be emphasized—since no 
speaker has a perfectly linear response 
and since no cabinet imposes a con¬ 
stant load at all frequencies, the cabi¬ 
net must be designed for the speaker 
selected. 
Despite of all this, the curious 

fact remains that some combina¬ 
tions of units and horns that were not 
specifically designed for each other do 
sound extremely good, and there can 
be only one reason for this—luck. And 
good luck is not to be despised in the 
hunt for perfection. It is quite possi¬ 
ble for a defective speaker to be 
housed in a defective cabinet so that 
the defects more or less cancel out, 
and it doesn’t matter if such results 
came about through blind chance. 
What really matters is that the results 
are there. I have pointed out in an 
earlier part that speakers can’t be 
designed bv mathematics alone, nor, 
for that matter, can cabinets. Marry¬ 
ing the two is best done by practical 
experiment. 

Corner Horns 

There is some dispute as to who 
first thought of a corner horn, by 
which I mean a device which uses the 
adjacent walls as part of the horn 
system. Sandeman, in U. S. Patent No. 
1,984,550 of 1929, refers to a sound 
generator working into the literal cor¬ 
ner of a room formed by the meeting 
of two walls and the ceiling. There is 
a later device, the small Ephraim cor¬ 
ner horn, extended by the same three 
plane surfaces. But the first high-fidel¬ 
ity job I met was the Voigt in the 
early thirties. A section is given in 
Fig. 32, and the section line is from 
the middle of the front of the housing 
(it is not an enclosure) into the actual 
corner of the room. The loading on the 
front of the diaphragm is not effective 
below about 50 to 60 cps, so a tuned 
air column is used as a supplementary 
resonator for lower frequencies, driven 
by the back of the diaphragm. The 
whole device, while it works very well, 
is rather ugly and clumsy and has 

Fig. 33. Cross-section of Brociner Model 4 
horn showing curved front hom for highs and 
mid-range and long folded rear horn for lows. 

been superseded, at least in the U. S., 
by the Brociner housing shown in sec¬ 
tion in Fig. 33. This design is un¬ 
usual in so far as it postulates a sin¬ 
gle wide-range speaker unit with no 
separate tweeter. 

The Klipsch Horn 

The Klipsch design inaugurated a 
new era in corner horns. First de¬ 
scribed in 1941 it has the outstanding 
merit of being able to reproduce lower 
frequencies than those determined by 
the flare cut-off of the horn. This is 
done by allowing the back of the dia¬ 
phragm to work into a closed air 
chamber having a natural resonance 
of a frequency equal to the cut-off of 
the horn. The enclosure is designed in 
such a way that the adjacent walls 
form part of the horn. Making allow¬ 
ance for the fact that the horn is not 
a true exponential (since flat surfaces 
are used to form it), that the transi¬ 
tion from the horn proper to the wall¬ 
horn (if I may so call the external 
part) is not smooth, and that the re¬ 
actance of the air chamber is not a 
true equivalent of a larger horn, the 
design gives exceptionally good bass 
response. 
The Klipsch design, as indeed with 

any other design of folded horn, only 
gives the results the designer antici¬ 
pated when very solidly made to avoid 
cabinet resonances. This adds to the 
cost and the extra cost must be faced 
if the best results are wanted. If you 
are offered a Klipsch type of horn at 

a very low price, you can be sure it 
won’t sound like the original full-sized 
design. The design is quite compli¬ 
cated and cannot be made cheaply, 
but having been very carefully worked 
out to give very good results it is not 
unreasonable to insist that the de¬ 
signer’s specification be adhered to ex¬ 
actly. An important point to be no¬ 
ticed is that the woofer horn is not 
expected to work above 500 cps, so 
the tweeter must be able to handle 15 
watts (the input for the system) at 
that frequency, and a lot of tweeters 
won’t do that. A number of corner 
horn outfits have a much higher cross¬ 
over frequency, and you may well 
pause to consider if this is good prac¬ 
tice. 

What Is the Answer? 

You have seen that a good folded 
horn enclosure must conform to cer¬ 
tain standards. The flare constant for 
the horn must approximate closely 
the exponential or Hypex law. It must 
be solidly constructed from acousti¬ 
cally inert material, and cutting cor¬ 
ners to lower the cost can only result 
in poorer performance. The crossover 
frequency must be selected with a due 
regard to the design of the woofer 
horn, which imposes certain require¬ 
ments on the tweeter. How can all 
this be checked? 

I think the only answer is that you 
test what is offered to you. Get the 
system into your own room. Connect 
it to your amplifier. Feed your ampli¬ 
fier with the linear sine-wave output 
of an audio oscillator. As you gradu¬ 
ally run down the scale from the ex¬ 
treme highs to the lowest bass, listen 
very carefully and note how close to 
apparently equal sound output at all 
frequencies the whole system behaves. 
Listen particularly carefully for reso¬ 
nances in the bass. Listen also to the 
character of the sound output. A sine 
wave sounds very dull and uninterest¬ 
ing, because it has no harmonics to 
give it musical color. That is what you 
want from your speaker, so at no 
point in the frequency range should 
there be any edge to the sound, for 
that would indicate spurious harmon¬ 
ics. Above all reject a system which 
has a pronounced boom at one bass 
frequency, for in time that becomes 
unbearable; better to have a slightly 
higher bass cut-off. 

Of course you won’t get perfect re¬ 
sponse, and if you have made your 
own enclosure it may sound pretty 
bad; but the oscillator test is a good 
one for your own experimentation, for 
when you hear a resonance you can go 
hunting for it with a stethoscope, track 
it down, and rectify it. There are very 
few with enough experience in sound 
reproduction to be able to diagnose a 
fault by listening to musical reproduc¬ 
tion for a few minutes. What I have 
suggested may be highly unpopular 
with the poor harassed owner of an 
audio store, but I don’t know any other 
way of finding out how a complete 
speaker assembly and its housing will 
behave in your own listening room. 
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Part 9. Output stage characteristics — including * power requirements 

and loudspeaker matching. 

THOSE parts of this series dealing with speakers could justly be 
deemed controversial. There are 

several ways of designing near-perfect 
speakers and there are several ways 
of judging them. The "end product” is 
called high fidelity, and whether this 
results in realism must be a matter of 
opinion. As no speaker is perfect, the 
type of distortion present may be ac¬ 
ceptable to one listener but not to an¬ 
other, and the musical taste of the de¬ 
signer himself will literally color the 
reproduction. As your editor pointed 
out in a note, there are several schools 
of thought in speaker design, simply 
because positive and precise measure¬ 
ment of the sound of music is not pos¬ 
sible. Moreover, however conscien¬ 
tiously I strove to give an impartial 
account of the important features of 
speaker design, I suppose it was in¬ 
evitable that I should feel that my 
way was the best way, otherwise I 
wouldn’t have done it that way! 
When it comes to considering the 

power required to drive the speaker, 
there can be (or, perhaps, should be) 
no argument at all. There should be 
no conflicting schools of thought. Our 
requirements can be stated precisely— 
there must be no distortion in the am¬ 
plifier output within audible limits, 
and this can be achieved at reasonable 
cost. Further, the amplifier perform¬ 
ance can be measured with precision, 
so an absolute and objective standard 
of performance can not only be postu¬ 
lated but achieved and proved. In addi¬ 
tion, I, as a writer, have no financial 
or business interests in any amplifier 
extant or projected. All I want is un¬ 
distorted power for the speakers of 
my choice, and I assume that that is 
what you want too. 

I had hoped to give the answer in a 
single article, and when I wrote this 
part and read it through I had to tear 
it up because it did not answer the 
basic question—what is the best out¬ 
put stage? As a result of much expe¬ 
rience I know what I prefer, but when 
I recalled that in this presumably ex¬ 
act field of amplifier design there is a 
strong body of opinion in favor of tri¬ 
ode output stages and another equally 
insistent on tetrodes or pentodes, 
something more was needed than just 
another resume of the various types of 
output stages. And the high-fidelity 
enthusiast must have heard of or tried 
dozens of different circuits, each of 
which was supposed to be the last 
word in perfection. Writing an article 
on an amplifier is the easiest form of 
technical journalism; the demand is 
insatiable, for everybody wants some¬ 
thing better, and most amateurs can 
build an amplifier if they can’t build a 
speaker. 

This is my thirtieth year in speaker 
design. All that time I have wanted 
better and still better amplifiers; being 
something of a specialist I have gone 
through the process, year after year, 
of hooking up every circuit that has 
come along, in the belief that others 
knew more about it than I did. I don’t 
know any more about amplifiers than 
others, but I have found out where 
most of these didn’t match up to my 
requirements, and it is that knowledge 
I shall try to give you. This article, 
therefore, will deal with the approach 
to the problem; the next will con¬ 
structively criticize the various types 
of hi-fi output stages so that you can 
make your own selection. 

How Much Output Power? 
Any exhibitor at an audio fair knows 

quite well that if he stages a demon¬ 
stration with artistic restraint, with a 
genuine desire to display his equip¬ 
ment as it should be heard in a 
civilized home, he will lose business. 
It isn’t a case of one exhibitor trying 
to shout the next man down; it is 
what draws the crowds that matters. 
Every show has a large proportion of 
acoustic rubbernecks, wise guys who 
don’t know much about music, but 
reckon they know a lot about hi-fi. 
They dash from one room to another, 
listen for a minute and off to the next, 
rather like the traditional Yankee 
doing a three-day tour of Europe. If 
nothing very much seems to be hap¬ 
pening in room A and room B is rais¬ 
ing hell, then the crowd will be in 
room B, whatever the real quality of 
reproduction. In due course these peo¬ 
ple will report to their friends that 
the company in room A doesn’t know 
how to put on a show. A manufac¬ 
turer hires a room at an audio show 
for the sole purpose of selling his 
equipment, and whether he likes the 
noise he creates in that room or not, 
his main interest is the order book. If 
he gets the orders, he is doing the 
right thing; if he doesn’t, he isn't. And 
that seems to be all there is to it. 

But there is more to it, for this un¬ 
fortunate state of affairs has precon¬ 
ditioned the audio fan into assuming 
that hi-fi and hi-volume go hand-in-
hand, and that is not only bad for your 

Fig. 34. Hookup for impedance measure¬ 
ment of loudspeaker. See text for details. 

neighbor but bad for yourself. If you 
have never been to a first-class sym¬ 
phony concert, I suggest you go to one. 
You will get the shock of your life, for 
the first thing that will strike you is 
the fragility (the only word I think 
fits the case) of the orchestra. I am 
assuming you normally run your 
equipment at a fairly high “realistic” 
volume, and what you will find is the 
conductor working quite hard, egging 
on the instrumentalists to do some¬ 
thing grand, and all that comes out is 
a thin strain of music which, if it is a 
Mozart or Haydn program, may be so 
quiet that any noise from the audience 
will ruin the whole thing. If, however, 
it is the Dies Irae from Berlioz’s 
Requiem, with full orchestra, 16 tym-
pani, 4 brass bands and a choir of 
300, then it doesn't matter very much 
what the audience does; it will be 
something like Haydn being played at 
an audio fair. The great “trick” rec¬ 
ord of the 1952 New York Fair was 
the fine Westminster recording of the 
Haydn “Military" Symphony (No. 
100). Haydn composed far finer sym¬ 
phonies, but could I demonstrate 
these? No! Over and over again I 
was asked to put on “The Military and 
give it all you have. I want to hear 
that big bass drum.” And I had to do 
it or out they went! Music is more 
than big bass drums, and that was no 
way to demonstrate realistic sound re¬ 
production. 

If you are a regular concertgoer you 
are accustomed to the refinement of 
good music beautifully played and con¬ 
ducted. If you can get the same pleas¬ 
ure from a record of a work you love 
as you got in the concert hall, you 
have a good reproducer, and the vol¬ 
ume will be adjusted to suit. 
The amount of power required to 

produce that volume depends on the 
size of the room, the way it is fur¬ 
nished, and the sensitivity of the 
speaker. As I have explained in an 
earlier article, a horn-loaded speaker 
is more efficient than a direct radiator, 
and the sound output of the latter de¬ 
pends on whether it is enclosed in a 
housing which projects the sound from 
the back of the diaphragm or absorbs 
it. Order of sensitivity is, therefore, 
horn-loaded, direct radiator in acoustic 
phase-inverter, direct radiator in in¬ 
finite baffle or closed box. For these 
three types of speaker systems the out¬ 
put power required for an average 
living room of about 2500 cubic feet is 
about 3, 6, and 11 watts undistorted 
peak. As the smallest high-fidelity am¬ 
plifier generally available is a 10-watt 
job, and others are available with 
claimed undistorted outputs up to 60 
watts, there seems to be something 
wrong with my figures. Which brings 
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Fig. 35. Impedance curve of a typical 4 ohm loudspeaker with a bass resonance at 
70 cps. Eight and 16 ohm speakers would have proportionate variations of impedance. 

us to the situation that there is more 
in assembling a hi-fi system than buy¬ 
ing an amplifier whose looks and price 
appeal to you and using it to drive the 
speaker of your choice. 
The apparently simple process of 

connecting a speaker to an output 
stage by means of an audio trans¬ 
former is, in reality, an extremely 
complicated business indeed. The prob¬ 
lem is usually avoided by adopting 
what might be called technical clichés. 
Given the optimum load of the output 
stage, as revealed in the tube cata¬ 
logues, and the nominal impedance of 
the speaker, the ratio of primary to 
secondary turns in the output trans¬ 
former is obtained from the formula : 
d 4- —a ¡Optimum load of output stage Kill 10  \-jr   ;---

' Speaker impedance 
It is common knowledge that a re¬ 
serve of power will guard against dis¬ 
tortion through overload on peaks, and 
if the amplifier tends to distort, either 
through poor design or because of the 
critical load of tetrodes and pentodes, 
put in some negative feedback which 
will reduce distortion and lower the 
plate impedance of the output stage. 
It seems so easy. Now let us consider 
what really does happen. 
Output Transformer Characteristics 
To conform to the foregoing ratio 

formula it is obvious that the trans¬ 
formation ratio must be constant for 
all frequencies if the load (i.e., the 
speaker) has constant impedance. A 
transformer is an impedance matching 
device, and the load reflected onto the 
output tubes is that of the impedance 
of the secondary circuit multiplied by 
the turns ratio squared. This is with 
an ideal transformer, but practical 
transformers are not ideal. At low 
frequencies the ratio is less by a fac¬ 
tor which includes the plate resistance 
of the output tubes, the resistance, and 
inductance of the primary winding. At 
high frequencies loss of ratio results 
from leakage inductance (through im¬ 
perfect coupling between the two 
windings), self-capacity of the wind¬ 
ings' (acting as a short circuit at high 
frequencies). To make things more 
difficult, the transformer will peak at 

a high frequency through resonance of 
a low-"Q” circuit formed by the pri¬ 
mary reactance and resistance and the 
self-capacity of the windings; beyond 
this peak the response falls rapidly. 

The design of audio transformers is a 
perfectly straightforward matter for a 
competent technician, but is too com¬ 
plex to be included in this series. The 
reader will probably buy his output 
transformer from a specialist manu¬ 
facturer, but the best results will not 
be obtained by using a so-called uni¬ 
versal transformer. As you can see, 
even a well designed transformer will 
not have a constant transformation 
ratio unless the actual output tubes 
are specified as well as the speaker 
impedance. A tapped secondary may 
not have equal coupling for all fre¬ 
quencies, and although the primary 
inductance may be adequate to give 
good bass, the actual value of the pri¬ 
mary inductance depends not only on 
the lowest frequency to be reproduced, 
but the relationship between the op¬ 
timum load and the a.c. resistance of 
the output tubes. Different tubes may 
have the same load resistance yet dif¬ 
fer in their plate resistance. This, in 
turn, determines the damping factor 
and accounts for the triode-pentode 
controversy. The a.c. resistance of tri¬ 
odes is about a quarter of the optimum 
load; tetrodes and pentodes have an 
a.c. resistance about five times the 
load resistance. A good deal of the 
prejudice against the latter is due to 
the fact that they are not properly 
used. 

Loudspeaker Characteristics 

Apart from the acoustic perform¬ 
ance of a speaker, it has two proper¬ 
ties which are directly associated with 
the output stage—power-handling ca¬ 
pacity and impedance. Advertisements 
and catalogues frequently state that 
some particular model is, say, a 15-
watt speaker, but this bald statement 
means nothing beyond an implication 
that it is suitable for use with a 15-
watt amplifier. It may not be. 
As far as frequency is concerned, 

the power-handling capacity of a 
speaker depends on the flux density in 
the gap, the freedom of suspension 

and the size of the cone. Fig. 13 (Part 
4) gives some information on this; it 
indicates that for speakers of 5% effi¬ 
ciency with a free movement of cone 
and coil of % inch (a fairly usual state 
of affairs) a 5-watt input produces 
maximum deflection at 30 cps in a 15-
inch speaker; at 45 cps in a 10-inch 
speaker; and at 80 cps in a 5-inch 
speaker. Any greater power can only 
result in gross distortion and mechan¬ 
ical damage. It follows that the appli¬ 
cation of any power greater than 5 
watts is restricted to those frequen¬ 
cies higher than those just listed at 
which the cone movement does not ex¬ 
ceed % inch. In any case the lower 
limit of non-distorted reproduction is 
the bass resonant frequency, for below 
that the output is mainly third har¬ 
monic. A speaker has, therefore, vir¬ 
tually no power-handling capacity be¬ 
low bass resonant frequency, and 
above that is limited by the cone size— 
free movement factor. (Certain types 
of enclosures can modify the bass re¬ 
sponse, as described previously in this 
series, but acoustic output of a speak¬ 
er and its enclosure should not be con¬ 
fused with the fundamental power¬ 
handling capacity of the speaker itself.) 
At higher frequencies, where cone 

movement is of no consequence, the 
limiting factor is dissipation of heat 
generated in the voice coil. If watts 
go into the coil, the inductive compo¬ 
nent is wattless, but the resistive com¬ 
ponent must create heat, and if the 
temperature rise is too great the coil as¬ 
sembly will be destroyed. Some read¬ 
ers may have had the unhappy expe¬ 
rience of burning out a speaker when 
no signal was fed into the amplifier, 
simply because there was enough su¬ 
personic oscillation in the output stage 
to do the damage. It has happened to 
me. At middle and high frequencies, 
therefore, the power-handling capacity 
of the speaker is a function of the ac¬ 
tual size of the voice coil and the heat 
radiating abilities of the adjacent 
metal parts. 

Finally is the question—what is the 
impedance of the speaker? It is not 
the figure quoted by the manufac¬ 
turer, for it varies widely with fre¬ 
quency. Quoted speaker impedances 
follow on from an old rule-of-thumb 
concept that the impedance of a speak¬ 
er is approximately twice the d.c. re¬ 
sistance of the voice coil. For design 
purposes in cheap equipment this is 
near enough not to matter, but it is 
not near enough for the best results. 
The speaker manufacturers quote as 
usual impedances 4, 8, and 16 ohms, 
and the output transformer manufac¬ 
turers obligingly tap their secondaries 
at these figures. 

There are dozens of versions of the 
so-called "equivalent loudspeaker cir¬ 
cuit,’’ which consist of more or less 
complicated networks of resistance, 
inductance, and capacitance; the varia¬ 
tions derive from different opinions of 
how the various parts of a speaker’s 
construction and behavior shall be in¬ 
terpreted in terms of inductance and 
capacitance. Pure resistance does not 
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vary with frequency but the inductive 
and capacitive reactances do, so the 
impedance of the speaker must vary 
with frequency. In general, there is a 
sharp rise in impedance at bass res¬ 
onant frequency, then the normally 
quoted impedance at about 500 to 1000 
cps; after this the impedance rises at 
an increasing rate owing to the in¬ 
ductance of the voice coil. How, then, 
if you cannot get a guaranteed imped¬ 
ance curve from the maker of your 
speaker, can you determine its imped¬ 
ance? The simple answer is to meas¬ 
ure it, and this is almost obligatory in 
the case of multi-channel systems with 
dividing networks, for a very compli¬ 
cated total network is involved. 

Fig. 34 shows the output transform¬ 
er of an amplifier which is fed from 
an audio oscillator. Across the sec¬ 
ondary a known resistance R and the 
speaker under test are connected in 
series. An a.c. peak voltmeter can be 
connected across either R or the 
speaker. R must be either a noninduc-
tive wirewound resistor or a bank of 
composition resistors of a wattage as 
high as the audio power from the am¬ 
plifier. If R were not used, the speak¬ 
er might be burned out with steady 
high inputs. Signals of various fre¬ 
quencies are injected into the amplifier 
and readings at each frequency taken 
across R and then across the speaker. 
Call the voltages across these Eh and 
Es respectively, then: 

, J , RX Es Impedance of speaker =-
Er 

It is important to take a careful 
reading exactly on the bass resonant 
frequency, indicated by a sharp rise in 
the voltage reading across the speaker. 
When all the readings are taken, a 
curve is drawn, which will look like 
Fig. 35, which is a curve of a typical 
4-ohm speaker with a bass resonance 
at 70 cps. 

If the output transformer has been 
chosen to give the optimum load with 
a secondary impedance of 4 ohms, then 
there will be serious mismatching at 
the bass resonant frequency and in the 
extreme treble. It has been my expe¬ 
rience that, since all frequencies are 
equally important, such a speaker 
should be considered to have an av¬ 
erage impedance of 8 ohms. You will 
notice that the rise in impedance is 
much greater in the extreme treble 
than at the bass resonant frequency. 
This has an effect on the reproduction 
when the speaker is coupled up for its 
nominal impedance. 

If you study the figures for triodes 
and tetrodes or pentodes in the tube 
manuals, you will see that the latter 
give more power and less distortion 
than triodes for a given plate supply, 
but this is only when the load is rea¬ 
sonably correct. The optimum load 
gives the optimum power without dis¬ 
tortion, but if that amount of output 
power is required and the load is wrong, 
distortion is excessive. Triodes are not 
as critical as to optimum load, and 
unless the amplifier is driven hard, the 
distortion from this mismatching will 

not be enough to worry about. As it 
is seemingly impossible to produce a 
speaker with constant impedance, a 
speaker assessed at its nominal imped¬ 
ance will give less distortion in the 
extreme highs with triodes than with 
pentodes when the amplifier is driven 
hard; hence the term "pentode qual¬ 
ity.” But as you can now see, this is 
not due to pentodes as pentodes but 
because the wrong load is applied to 
them at high frequencies. There are 
ways of getting over this difficulty, as 
I shall explain in the next article; for 
the moment, my suggestion of doubling 
the nominal impedance will give much 
better general quality. 

Negative Feedback 

There is a good deal of misappre¬ 
hension as to what negative feedback 
can do. In later articles the practical 
application will be discussed in a tech¬ 
nical way; for the moment I shall 
summarize what it can do and what it 
cannot do in terms of the performance 
of a typical audio power amplifier. 
Negative feedback reduces the gain 

of an amplifier. The “feedback factor” 
is that portion of the output volts fed 
back to the input. It is usually given 
the Greek letter beta, ß. Obviously ß 
cannot be greater than unity, and if 
there is no feedback then it equals 0. 
If the gain of the amplifier is expressed 
in db, then ß can be expressed in db. 
If we call the amplification of the 
amplifier A, without feedback, then 
the amplification after feedback is 
A/(l + ßA). You may find this formu¬ 
la in textbooks with the sign in the 
denominator negative, but if it is neg¬ 
ative feedback then ß carries a nega¬ 
tive sign itself, so my formula is finally 
correct. If in this formula you call A 
distortion or output tube plate resist¬ 
ance, these parameters are reduced by 
the same amount. So negative feed¬ 
back reduces gain, distortion, and the 
effective plate resistance of the output 
tubes. 

Reducing gain seems a futile sort of 
thing to do but it is quite important. 
In the absence of feedback the ampli¬ 
fier will have a certain frequency re¬ 

sponse, and it will tail off in the bass 
and treble. If, now, negative feedback 
is applied, it will be clear that less 
voltage will be fed back in the bass 
and treble simply because the output 
voltage is less, so there will be less 
loss of gain at each end of the fre¬ 
quency response and the feedback am¬ 
plifier will show a wider flat response 
than the original. It sounds wonder¬ 
ful, which is why it is used so fre¬ 
quently, but now creeps in a very se¬ 
rious liability. 
Change of phase occurs in every 

tube and every RC coupling. With tri¬ 
ode output stages more amplification 
is needed than with tetrodes or pen¬ 
todes, perhaps even to the extent of 
having to provide an extra stage to do 
it. At any rate the phase change in a 
multi-stage amplifier can become so 
progressively great that the negative 
feedback is changed into positive feed¬ 
back and the amplifier becomes un¬ 
stable. 

Take only the bass roll-off in an or¬ 
dinary RC amplifier. This usually re¬ 
sults from a short time-constant in the 
interstage couplings and inadequate 
bypass capacitors. A generously de¬ 
signed amplifier not only uses large 
plate-grid capacitors but large bypass 
capacitors and a time-constant is 
chosen to avoid bass roll-off. Now it 
can be shown mathematically and ex¬ 
perimentally that the conditions which 
cause bass roll-off cause large phase 
change. If, therefore, negative feed¬ 
back is used to compensate bass loss, 
phase change may convert it into posi¬ 
tive feedback. An indifferent amplifier 
can therefore be made better only by 
using limited feedback, and the final 
result will be less good than an orig¬ 
inally well designed amplifier without 
feedback. 
Remember this golden rule at all 

times : negative feedback is of real 
service only to an amplifier that is 
very good without feedback. 
Unfortunately a further complica¬ 

tion now arises. Suppose you want to 
use a lot of feedback to reduce the 
output plate resistance (and conse¬ 
quently improve the damping factor). 

Fiq. 36. The ideal curve of a multi stage amplifier to give a level response from 
50 to 15,000 cps with 30 db of negative feedback and a safety margin of 10 db (to 
guard against instability following heavy transients) is shown by the solid line 
below. The dashed line shows the response of a well designed amplifier with-
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Your gbod amplifier has a fine bass re¬ 
sponse, even if it has several stages of 
amplification. Let us suppose that it 
is flat down to 20 cps and then rolls 
off to 2 cps. The phase shift at the 
lowest frequencies will be so great 
that you cannot use the amount of 
feedback you would like, and the am¬ 
plifier will motorboat. The ideal am¬ 
plifier for use with negative feedback 
must be provided with a response 
which absolutely cuts off all frequen¬ 
cies below a certain useful point. There 
are parallel arguments for the treble 
end, too, which need not be considered 
at this stage; I need only say that 
your basic good amplifier must have a 
level and undistorted response (within 
reason, of course) between the pre¬ 
determined limits, and then cut off 
abruptly in both bass and treble by in¬ 
cluding suitably designed step circuits. 
(See Fig. 36.) Then, and only then, 
you can apply negative feedback and 
make a fine job better. 
Negative feedback cannot increase 

the undistorted output of any power 
stage. If an amplifier without feed¬ 
back gives, say, 10 watts with 2% dis¬ 
tortion, application of negative feed¬ 
back may reduce the distortion to 
0.5% but if, as a result of the de¬ 
creased gain you boost the input in 
the hope of getting more than 10 
watts with 2% distortion you will find 
it is not possible. A simple demon¬ 
stration will prove this. 

Use an audio oscillator to drive your 
amplifier and with a resistive load on 
the output transformer secondary to 
equal the speaker impedance marked 
on the transformer, connect an oscillo¬ 
scope across the load. Set the oscil¬ 
lator to any frequency you like, but 
1000 cps is a very safe one. Any am¬ 
plifier ought to be able to handle that 
frequency without distortion. Discon¬ 
nect the feedback circuit. If there is 
variable feedback, so much the better. 
Using a sine-wave input, adjust the 
volume control until the tube picture 

is just not flat-topping, and note the 
height of the trace above the datum 
line. If you increase the input or turn 
up the volume control, the sine wave 
will now take on a flat top, getting 
a wider flat as you increase the signal 
to the output stage, but the trace 
won’t get any higher. 
Now connect the feedback circuit. 

The flat top will disappear because 
you have reduced the gain of the am¬ 
plifier and so the output stage is not 
overloaded. You can increase the input 
until the flat top is on the point of 
appearing again, and if you have vari¬ 
able feedback you can increase the in¬ 
put still more and cut out the flat top 
by increasing feedback. But you can’t 
heighten the trace. In other words, 
you can’t get more power out of the 
tubes. 

It is sometimes rather difficult to 
spot the divergence from a pure sine 
wave of the trace on a small tube. The 
fed-back distortion cleans up the wave 
shape but when maximum undistorted 
power is reached and further input or 
volume (gain) is applied there will be 
a very slight increase of height with 
feedback and the waveform will look 
sinusoidal; actually, however, the sides 
of the wave will be slightly straighter, 
implying some distortion. Without 
feedback the change in waveform is 
rather gentle until flat-topping starts, 
and it may be thought that the ampli¬ 
fier is performing better than it really 
is. With feedback the shape is seen to 
change quite suddenly. Feedback, 
therefore, reduces distortion before 
overloading starts, but the overload 
point is reached suddenly, from a prac¬ 
tical point of view, with no greater 
output than that obtainable from an 
amplifier without feedback. 
The characteristics of the power out¬ 

put stage will be discussed more fully 
in the next article. For the moment it 
need just be pointed out that negative 
feedback, by reducing the effective 
plate resistance of the output tubes, 

provides a more favorable load imped-
ance/plate resistance factor, thus im¬ 
proving the speaker damping factor 
and making tetrodes and pentodes 
more like triodes without impairing 
their better power efficiency. 
The other point to be mentioned 

here is that the power output figures 
given in the tube manuals presuppose 
the use of a pure resistive load, and 
the load lines drawn on the character¬ 
istic curves are straight lines. The dis¬ 
tortion can, therefore, be computed by 
simple graphical methods. But the load 
formed by an output transformer and 
speaker is not a pure resistive load but 
a reactive one. This has to be shown 
on the curves as an ellipse. The impli¬ 
cations of this may not be quite clear 
to you for the moment, but it does 
mean that a reactive load reduces the 
undistorted output from the stage as 
compared with that obtained with a 
pure resistive load 

Performance Requirements 

All these factors I have described 
have to be taken into account when 
considering the accuracy of my 3, 6, 
and 11-watt postulates. These are peak 
undistorted outputs and the mean out¬ 
put will be considerably less than that. 
But we have no room for distortion on 
peaks when providing realistic sound 
reproduction; it must be undistorted 
all the time. To provide a safety mar¬ 
gin to take care of all the extraneous 
sources of distortion the simplest way 
is to use a bigger output stage and the 
margin I would suggest is 100%. So 
my figures for the three types of 
speakers first mentioned are, roughly 
7, 15, and 25 watts. 
The danger is that with the extra 

power you may be tempted to run the 
volume a little louder than necessary 
and get distortion on peaks. Many 
equipments sound bad because they 
are overdriven, not because they are 
inherently bad. 

Part 10. Practical recommendations on selection of 
tubes and circuits to be used. 

Before discussing the sorts of tubes 
that will give undistorted outputs of 
from 7 to 25 watts, I should like to 
make a ‘'heretical” observation. We 
all know that negative feedback great¬ 
ly improves an amplifier, both as to 
damping factor and distortion, and so 
feedback, used wisely or otherwise, is 
written into the constitution. Associ¬ 
ated with this is usually a specification 
of fantastically low intermodulation 
distortion for the output the tubes are 
supposed to give, according to the 
tube manuals. These claims may be 
quite right, and I will agree that they 
can be proved right, but it calls for 
- pretty good engineering, and tubes 
right on the top of their form. Now 
comes my heresy, for speaking as an 

engineer I ask "is this pretty good 
engineering absolutely necessary?" 
The reply can be that as a matter of 
satisfaction to the engineer it is nec¬ 
essary, and if a manufacturer has to 
produce the maximum results at the 
minimum cost it is also necessary and 
that is why he hires engineers to do 
the design work. But quite a lot of 
people like to build their own ampli¬ 
fiers, and I should like to emphasize 
that the semi-technical amateur is 
really up against it when he tries to 
get the maximum possible from a 
given output stage. 

It is much easier to design roughly 
for twice or three times the ouput you 
would normally require, use just a 
little feedback (to avoid any possibil¬ 

ity of low-frequency instability) and 
keep the volume down, for your 
roughly designed amplifier will sound 
pretty bad if going all out. Put it this 
way—design for a 50-watt amplifier 
and call it a 25 and don’t try and get 
more from it. Under these conditions 
it would have to be a fairly bad ampli¬ 
fier to sound other than good at ordi¬ 
nary room level. 

Later on in this part I shall give the 
circuit of a 20-watt output stage of an 
amplifier I made and sold for some 
years. I don’t make it any more, for I 
have enough to do with speakers 
alone, but that amplifier was produced 
in 1948 in response to an insistent de¬ 
mand for something better than usual. 
It was most carefully designed, and 
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its 20 watts fed into one of my ordi¬ 
nary 215 speakers were enough to fill 
lecture theaters with an audience of 
200. But ... it was designed for home 
use, and I suppose in the average 
home its peak output was on the order 
of 5 watts. Then it sounded very good 
indeed, and I am told even today that 
it sounds cleaner than many highly 
respected amplifiers incorporating all 
the latest developments. There is 
nothing mystically wonderful in the 
design; it is just working well within 
its possible maximum output, even 
when the output tubes are getting 
tired after many years’ use. 
This, however, is by the way, and 

no fit subject for engineers and would-
be engineers. Let us seriously consider 
the selection of tubes for output pow¬ 
ers of 7 to 25 watts. Seven watts can 
be obtained from a single tube, but 
the advantages of push-pull operation 
are so manifold that it is invariably 
used in high-fidelity amplifiers. 

Selection of Tubes 
The first decision is, therefore, that 

two tubes will be used in class A or 
AB push-pull, but there is no general 
agreement as to which tubes should 
be used, or how they should be used. 
It is an easy matter to skim through 
the data sheets in the tube manuals 
and note that some particular pair of 
tubes gives x watts at y% distortion, 
but to depend on this is rather like 
visiting a foreign country with no 
knowledge of the language beyond 
what you will find in a phrase-book. 
That will enable you to get around in 
a limited sort of way, but you won’t 

get the utmost pleasure from your va¬ 
cation abroad. So, if you want the best 
amplifier, you must learn a little of 
the language of electronics. Only then 
can you judge critically the various 
circuits in the textbooks and maga¬ 
zines and the amplifiers shown to you 
in the dealer’s store. 
Some of what follows has formed 

the basis of many articles and text¬ 
books over the past 30 years. I am 
sorry to have to put it in, for diagrams 
of tube characteristics have been re¬ 
peated ad nauseum, but you must 
know how to get the right answer. I 
have cut out all the padding and got 
down to the skeleton; but the skeleton 
may have more bones than you 
thought. I think the comparative ta¬ 
bles will enable you to determine the 
best tubes for your particular require¬ 
ments without having to refer to other 
texts, and as some tubes are better 
than others, you should know wherein 
they are better. 
The tubes considered are of two 

main types, those with plate or plate 
plus screen dissipation of 12 or 25 
watts. Note the distinction between 
plate dissipation and output power; 
dissipation indicates the power con¬ 
sumed (d.c.) within the tube itself to 
produce audio power (a.c.) to drive 
the speaker. The ratio between the 
audio output power and the total d.c. 
input power, including, the power dis¬ 
sipated within the tube, is the effi¬ 
ciency of the stage. This is rarely 
greater than 30-50%, so two tubes 
each of 12 watts dissipation are usu¬ 
ally needed for 10 to 12 output watts 
and two 25-watt tubes tor powers up 
to 25 watts. Higher efficiencies can be 

Table 1. Data on 19-35 watt tubes, used singly (A) and in push-pull pair (B). 
For triode operation, screen grids are tied to plates through 100-ohm resistors. 

Connected as: 

6L6 KT88 ELM 8550 

Pentode Triode Pentode Triode Pentode Triode Pentode Triodo 

Plate volts . 250 

250 

170 

14 

6000 

2500 

22,500 

10 

6.5 

250 

490 

20 

4700 

6000 

1700 

6 

1.3 

250 

250 

160 

15 

6300 

2200 

22.500 

9 

7.25 

250 400 

315 600 

19 38 

... 5500 

2750 4500 

1450 .... 

6 7 

2.2 5.8 

(A) 

250 

250 

120 

13.5 

11,000 

2000 

15,000 

10 

10 

375 

370 

18.9 

8000 

3000 

8 

6 

250 

250 

14 

11,000 

1500 

12,000 

7 

12.5 

Screen grid volts. 

Cathode bias res. (ohms) 

Peak a.f. grid volts 

Transconductance Mmhos> 

Load res. (ohms). 

Plate res. (ohms). 

Distortion (%). 

Power output (w.) . 

Cmnected u: Tetrode Triode Tetrode Triode Pentode “Ultra-
Linear” 

Triode 
Pentode 
self- fixed 
bias) bias 

"Ultra-
Linear” 

Triodo 

Plate volts 

Screen grid volts 

Peak a.f. volts 
(grid to grid) 

Load res. (ohms, 
plate-to-platei 

Distortion 

Power output (w.). 

270 360 

270 270 

28 41 

5000 9000 

2 4 

18.5 24.5 

400 

90 

3000 

3 

15 

250 390 

250 275 

36 70 

4000 8000 

4 6 

17 30 

250 400 

40 80 

2500 4000 

2 3.5 

4.5 145 

375 

375 

59.5 

3400 

5 

35 

(B) 

430 430 

425 425 

45 77.5 

6600 6600 

.8 1.3 

20 37 

400 430 

58 64 

5000 10,000 

3 <1 

16 14 

400 400 

300 275 

53 46 

4500 3500 

4 3 

41 55 

450 

450 

96 

3300 

2.5 

70 

450 

92 

4000 

2.5 

28 

obtained by special techniques, which 
will be described in some detail later 
in this article. 
Most people seem to want greater 

outputs than 10 watts, so my treat¬ 
ment of characteristics curves will be 
restricted to 25 watt tubes, but the 
same basic principles apply to the 
smaller ones. 

As to tubes that are available, it is 
a surprising thing that very few are 
available. In the old days British man¬ 
ufacturers had a wide range of triodes 
ranging from 12 to 250 watts plate 
dissipation, and some of them were 
very good, consistent, and reliable. 
Most of these have disappeared since 
the advent of the beam power tetrode. 
In the U. S. the 2A3 (now available 
in standard octal base as the 6B4G) is 
hardly ever used, and it is a sardonic 
commentary on audio usage that 
whereas the beam tube was developed 
to give greater stage efficiency, it is 
now mis-used by being triode con¬ 
nected to overcome the disadvantages 
of beam tubes, real or alleged, simply 
because the beam power tube has sup¬ 
planted the triode. This development 
is not only illogical, it is also techni¬ 
cally unsound, for the highly compe¬ 
tent designers of tubes know how to 
design tubes for a specific purpose. 
The beam power tube is designed to 
be used as a beam power tube, a tri¬ 
ode as a triode. 

One real advance in output tube de¬ 
sign is found in the Dutch Philips-
Mullard EL34 and the American 
Tung-Sol 6550 pentodes. These are in¬ 
tended for “distributed load” or “Ul¬ 
tra-Linear” operation, but I am quite 
sure it won't be very long before some 
writer comes out with an amplifier 
design using these very same pentodes 
as triodes. 

In Table 1 I have displayed side-by-
side the characteristics of the more 
popular tubes. The parameters of 
single tubes are given so that you may 
assess the basic attributes of each 
type, while the power output and dis¬ 
tortion of push-pull pairs gives you 
the data you require for various plate 
supply voltages. The table shows some 
interesting facts. 
The KT66 made its appearance in 

the U. S. as a result of publicity given 
to the Williamson amplifier circuit. 
This circuit did not have any novel 
features, and the elaborate balancing 
controls included only contributed to 
getting the maximum undistorted out¬ 
put from an output stage of somewhat 
limited capabilities. There are other, 
and simpler, ways of getting the de¬ 
sired results. I have had my own 
opinion of the circuit—lack of stabil¬ 
ity—confirmed by many competent en¬ 
gineers, but it “caught on" because at 
the time it was described it seemed 
to behave better than many contem¬ 
porary American amplifiers. In the 
process the tube specified by the au¬ 
thor came to be endowed with special 
properties, but reference to the table 
(which has been compiled from the 
data issued by the manufacturers) 
shows that the 6L6 is a rather good 
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match. It should be remembered that 
the 6L6 was not designed to work on 
plate voltages as high as 400, so its 
power output is somewhat limited; 
but the 807 has the same characteris¬ 
tics and can be used safely up to 600 
volts. If you must build a Williamson 
amplifier then the tube to use is an 
807. As an amplifier manufacturer in 
Britain before World War II I had 
experimented with precursors of the 
Williamson circuit and decided then 
the tube for me was the 807. In regu¬ 
lar production, however, I used 6L6’s 
as pentodes, for even 20 years ago it 
was well known by engineers that 
feedback over several stages was li¬ 
able to introduce very-low-frequency 
instability through phase-shift. High 
performance amplifiers were best ar¬ 
rived at by using as few stages as 
possible, and this implied the utiliza¬ 
tion of the beam power pentodes. 
Feedback took care of the high output 
impedance. 

Another suitable tube that should be 
mentioned at this point is the 5881. 
This can be considered to be a single-
ended 6L6 with about 20 per-cent 
more plate dissipation. Plate voltages 
as high as 400 volts may be employed. 
Table 1 also shows that as compared 

with the 6L6 or the KT66 the new 
power pentodes are a great step for¬ 
ward, either as pentodes or triodes. 
The transconductance is about twice 
as good as the prewar beam tubes, 
which means higher efficiency as an 
input voltage—power output convert¬ 
er. It also means greater power out¬ 
put for a given plate voltage. It would 
be unfair to say that the EL34 is bet¬ 
ter or worse than the 6550, for every-
things depends on the way it is used. 
The EL34 usage is described by the 
Mullard Co. as of the “distributed 
load" or “Ultra-Linear” type. To get 
the best out of these newer tubes in¬ 
volves special techniques, which will 
shortly be described. 
The power output figures of Table 

1 are without negative feedback. As I 
pointed out in Part 9, feedback can¬ 
not increase the power output of a 
tube but it can reduce the distortion. 
The figures in Table 1 for distortion 
can be reduced with feedback, but you 
cannot get more power output. If you 
use feedback, you will find that up to 
the figure given in the table, the pow¬ 
er output for a pair of tubes contains 
less distortion with feedback, but the 
moment you go past that figure, the 
distortion with feedback will be great¬ 
er than without. It is a characteristic 
of negative feedback that up to the 
optimum point of power output the 
gain in quality is substantial, but the 
moment you cross the threshold the 
results are terrible. The overload point, 
is reached very suddenly. 
If you fancy KT66's in push-pull 

triode operation you can’t get more 
than 14% watts at the maximum 
rated plate voltage advised for the 
tube. You can get more with 807’s as 
triodes because the tube will just 
about stand 600 volts as a triode. Or 
you can use 6550’s. But if you really 

«> 

want substantially higher powers than 
those shown in Table 1, then you must 
use four tubes in push-pull parallel. If 
you don’t want to do that, then you 
must give up the idea of having a tri¬ 
ode amplifier. 
Output tubes with 12 watts plate 

dissipation are detailed in Table 2. 
The 6V6 you all know, and a pair is 
used in almost every 10-watt amplifier 
on the market. The KT61 is quoted 
because it is used in an imported Brit¬ 
ish amplifier, although the tube was 
never designed for hi-fi amplifiers. Its 
very high transconductance is ex¬ 
plained by its intended use immedi¬ 
ately after the detector diode of a 
mass-produced radio set. It gives rea¬ 
sonable power output of a quality as¬ 
sociated with such equipment. It does 
this very successfully, but is surpassed 
by the Mullard EL84, as can be seen 
at once by looking at the data for 
push-pull pairs. What Table 2 does 
show is that the triode addict is very 
badly served, for he cannot get more 
than 6 watts from a pair of any of 
them. The only 12-watt solution I 
know is the 25-year-old British PX4 
triode, for which there is no American 
equivalent, but the tube is fitted with 
a British 4-pin base, has a 4-volt fila¬ 
ment, and so calls for non-standard 
tube sockets and power transformers. 
A pair gives 13.5 watts with 2.5% dis¬ 
tortion. 

The two tables list nearly every out¬ 
put tube that can interest us (I did 
not include the 5881, a tube which I 
like, for its characteristics are similar, 
if a little better, than the 6L6). But we 
must also face the fact that these fig¬ 
ures are for average tubes with a re¬ 
sistive load. In practice, the inductive 
load of a speaker system will result in 
less output for a given distortion or 
the same output for more distortion, 
although the discrepancy will not be 
as great with triodes as with tetrodes. 
But for a clearer idea of what really 
goes on inside a tube recourse must 

Fig. 37. Oscillograms illustrating 
the effects of negative feedback. 

usually be made to the tube’s charac¬ 
teristic curves as published in many 
tube manuals. 

Characteristic Curves 
I have no wish to use up a lot of 

space on this matter, for the material 
has been printed over and over again, 
but a few notes will not come amiss. 
Fig. 38 shows the plate volts—plate 
current curves of a 6L6 connected as 
a triode, the sort of curves you see in 
the tube manuals. To these I have 
added a 25-watt dissipation curve to 
indicate the limit of the tube’s han¬ 
dling capacity. The load line XOY has 
a gradient representing 2500 ohms, 
and to prove this I have extended it 
dotted to cut the voltage and current 
axes; you will notice it cuts the hori¬ 
zontal axis at 500 volts and the verti¬ 
cal at 200 ma., and 500 volts/0.2 amp 
=2500 ohms. 

If the distance OX, representing a 
signal swing from —15 to 0 volts on 
the grid, equals the distance OY, 
which represents a signal swing from 
—15 to —30 volts, there will be no sec¬ 
ond harmonic distortion. If these two 
distances are not equal, there will be. 
If the ratio of OX to OY is 11 to 9, 
the distortion will be 5%, which is 

Fig. 39. Composite 
characteristics of a 
pair of 6L6's in class 
A push-pull. The 
point "O" is the op¬ 
erating point, through 
which passes the bas¬ 
ic composite charac¬ 
teristic labeled '*—45 
volts" and marked as 
a solid line. Other 
composite character¬ 
istics are shown as 
solid lines. The load 
line XOY represents a 
load of 3000 ohms as 
recommended in Table 
1. For the meaning 
of the load Une AOB, 
representing a 10.000-
ohm load, see text. 
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usually reckoned a suitable figure for 
second harmonic distortion (but 5% of 
third harmonic would sound very bad 
indeed, our ears being what they 
are!). You can mark off a rule of stiff 
paper, starting 1,2,3 etc. from a cen¬ 
ter point O, eleven millimeters apart 
on the left and nine millimeters apart 
on the right, which will enable you to 
pick the right load line position for 
5% distortion, by putting the center 
zero of the rule on the mean grid volt¬ 
age curve. Swinging the rule about 
point O on the 6L6 curve will indicate 
that you can’t dodge that 5% distor¬ 
tion anyhow. If you moved the oper¬ 
ating point O from the —15 volt curve 
to the —30 volt curve you only need 
to look at Fig. 38 to see that the dis¬ 
tortion would become excessive owing 
to the crowding of the characteristic 
curves. And before I go on to the next 
step, remember that precisely the 
same rules apply to the curves of the 
tube when used as a tetrode. The 
curves have a different shape, but the 
“family” of curves is subject to the 
same considerations. 

But, of course, you have heard that 
push-pull operation cancels out second 
harmonic distortion. Why should it do 
this? If you imagine the load line 
XOY bent upwards in its lower half 
so that it runs roughly parallel to the 
dissipation curve, you can also see 
that it would cut the grid voltage 
curves in a much more regular man¬ 
ner, and so reduce distortion. This is 
what, in effect, happens with push-
pull operation, and is illustrated by 
Fig. 39, which shows two 6L6’s in 
class A triode push-pull. This diagram 
is simply two Fig. 38’s joined back to 
back, with the 400-plate-volt ordinates 
(the operating point) coinciding. The 
dotted families of curves are those of 
Fig. 38, but new solid lines (composite 
“curves”) take up positions exactly 
between the corresponding pairs of 
curves of the two single tubes. These 
solid lines are the characteristics of 
the combined pair, and are cut by the 
load line XOY. This is the equivalent 
of the load line XZ shown in the up¬ 
per half of the diagram, being that 
imaginary curved load line I men¬ 
tioned before. I have also drawn the 
load line AOB, which will give a 
greater power output than XOY, but 
this particular value was chosen to 
show a considerable trespass into the 
region greater than 25 watts dissipa¬ 
tion, so the tubes would be overloaded 
on large signal inputs. 

In practice the position of the load 
line affects the distortion at third and 
fourth harmonics as well as second. 
The.amount of distortion of each har¬ 
monic can be calculated from data on 
the diagram, but the easiest way to 
check this point is to refer to the dis¬ 
tortion charts given in many tube 
manuals, where distortion harmonic 
and total is frequently given for any 
value of load line with related power 
output. 
When the load is a speaker, as it 

must be if we are to get any sound 

from the audio power generated, the 
load is partly resistive, partly induc¬ 
tive, and partly capacitive. In prac¬ 
tice, the capacitive component is not 
usually considered important (al¬ 
though capacitances are shown in so-
called equivalent circuits of loud¬ 
speakers). The reactance of the induc¬ 
tive component depends on the fre¬ 
quency and combining the resistive 
component with the reactance involves 
consideration of the phase of the re¬ 
actance. The inductive load line is el¬ 
liptical, and the major axis can be 
considered to coincide with the zero 
current ordinate of Fig. 39. Combining 
this with the pure resistive load line 
will produce an elliptical load result¬ 
ant whose major axis is at an angle 
with respect to the original major 
axis, but not at the same angle as the 
resistive load line. To explain how this 
comes about would involve a fairly 
long mathematical discussion, but a 
little reflection will indicate that at 
certain frequencies the load on the 
output stage will be seriously out even 
if the slope of the major axis has been 
set for minimum distortion. As tet¬ 
rodes and pentodes are more critical 
as to exact loading for maximum 
power output than triodes, the bias 
against the former has resulted in the 
fairly widespread belief that only tri¬ 
odes can be considered for really true 
fidelity. 

Triodes, Tetrodes and Pentodes 

This belief is founded on misappre¬ 
hensions as to what is involved. The 
accuracy of load for tetrodes and pen¬ 
todes is only of importance when the 
maximum possible "un.distorted” pow¬ 
er is needed, and early in this part I 
have suggested that for normal listen¬ 
ing fewer watts than many people say 
they want is all they really need. On 
the other hand it is undeniable that 
the high plate impedance of tetrodes 
and pentodes does not give a good 
damping factor, and if feedback hadn’t 
been invented, then the triode would 
be absolutely essential for the best 
results. But feedback can reduce the 
plate impedance of a pentode to a fig¬ 
ure comparable with that of a triode 
—provided you remember my warn¬ 
ing that feedback is not a cure-all for 
every amplifier ailment. 
A triode amplifier can sound very 

good indeed without any feedback at 
all. It can be made better with feed¬ 
back, but triode amplifiers as well as 
those using beam power tubes can be 
badly designed and made to sound re¬ 
spectable by adding as much feedback 
as possible. In the process low-fre¬ 
quency instability can be set up, due 
to the excessive phase shift caused by 
several voltage amplifier stages, for 
the basic disadvantage of triode out¬ 
put tubes is that they need plenty of 
volts applied to the grid to get the 
maximum output power. The perform¬ 
ance of a well designed triode ampli¬ 
fier without feedback can be paral¬ 
leled by using a pentode output stage 
with feedback across the output stage 

only. I made such amplifiers more 
than 20 years ago, when the beam 
power tube was still a novelty, and 
they sounded pretty good. 
Also, using output tetrode or pen¬ 

todes, the smaller amount of voltage 
amplification required usually saves 
one stage in the whole amplifier, so if 
feedback is applied across the whole 
amplifier, more can be used with pen¬ 
todes than with triodes because of the 
smaller phase shift. I state in all seri¬ 
ousness that it is possible to design an 
amplifier with pentode output tubes 
with at least as refined a performance 
as one with triodes and, provided cer¬ 
tain steps are taken to deal with the 
pentodes in a special way, the results 
can be better than any triode ampli¬ 
fier, for with at least one stage fewer 
the distortion over the whole amplifier 
can be less and the stability greater. 

Practical Amplifier Circuit 
Fig. 40 gives the circuit layout of 

my own amplifier referred to earlier 
in this part. It can be shown that if 
the screen voltage on a beam power 
output tube is held constant, whatever 
the input, the distortion is much less. 
If you examine the data sheets for the 
6L6 you will find that curves are given 
for various values of screen voltage. 
The plate characteristics alter as 
screen volts are changed. At the same 
time you will find, from the tube man¬ 
ual data, that values are given for 
plate and screen current for zero sig¬ 
nal and maximum signal. The plate 
and screen supplies originate in the 
rectifier tube and have to pass through 
the resistances of the smoothing choke 
and the output transformer primary 
winding. There is a voltage drop 
across these resistances, the drop de¬ 
pending on the current. Since both 
plate and screen currents change as 
the input grid volts change, the volt¬ 
ages on the plates and screens of the 
output tubes also change. Change of 
plate voltage is by no means as criti¬ 
cal as change of screen voltage, and if 
the latter can be held constant, the 
almost chaotic conditions under which 
the output tubes have to work can be 
reduced to regulated order. 
There are various ways by which 

the supply voltage can be regulated, a 
usual method involving a gas tube 

Fig. 38. Plate characteristics of the 
6L6 connected as a triode. A 2500-ohm 
load line has been added to the curves 
along with a line denoting the maximum 
plate dissipation power of 25 watts. 
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Hi-fi performance is now possible with piezoelectric 
cartridges. Although the author's discussion is more 
or less confined to ceramic units, all data presented 
applies equally as well to crystal-type cartridges. 

UNTIL a relatively recent date the common piezoelectric phonograph 
cartridge, which mainly took the 

form of a Rochelle salt crystal, seemed 
completely out of contention for high-
fidelity use. Its treble response was 
poor, compliance low, resistance to 
heat and humidity inadequate, etc. In 
the last few years, however, improve¬ 
ments in the piezoelectric cartridge 
have made it suit¬ 
able for high-fidel¬ 
ity reproduction. 
Much of the im¬ 
provement has been 
due to use of a ce¬ 
ramic element, ba¬ 
rium titanate, in 
place of Rochelle 
salt. At the same 
time, improved Ro¬ 
ch e 11 e salt car¬ 
tridges, such as those of Ronette and 
Fenton, have also appeared on the 
market. Highly impervious to heat and 

humidity, the modern piezoelectric 
pickup compares well with magnetic 
types in terms of frequency response, 

compliance, tracking pressure, and dis¬ 
tortion. 
In addition, piezoelectric cartridges 

have the advantage of much higher 
output than magnetic ones, about .5 
to 1 volt on a recording made at the 

N A R T B standard 
recording level of 7 
cm. per second peak 
velocity, thus elim¬ 
inating the need for 
preamplification and 
thereby reducing 
problems of hum 
and turntable rum¬ 
ble. Magnetic pick¬ 
ups only produce 
from 2 to 3 milli¬ 

volts up to about 50 millivolts. Hum 
is also less of a problem with piezo¬ 
electric pickups because, unlike mag-

Editor's Note: Lite most topics on hi-fi reproduction, there are always pros and 
cons to the subject. It is a known fact that both ceramic and crystal cartridges can 
be designed to provide extremely good hi-fi performance, comparable in many respects 
to magnetic units. On the other hand, needle talk on some is greater than magnetics 
and, because of their high impedance, are not as likely to be used with transistor 
circuits as the magnetic type, with its low impedance. Both types of piezoelectric 
cartridges, utilizing built-in compensation, do not require any special preamplifier and 
while the crystal cartridge has a greater output than the ceramic type, both can be 
operated directly into a power amplifier requiring one-half volt for full output. 
Ceramic cartridges today are much alike in regard to quality performance. However, 
crystal units vary widely between different manufacturers. 

Although most of the technical data used in Figs. 4 through 9 is based on the Sono¬ 
tone 3T-8 ceramic cartridge, all facts and figures can be applied, in principle, to all 
other ceramic and crystal units. 

Fig. 2. An approximation of actual recorded velocity. See text. 
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usually reckoned a suitable figure for 
second harmonic distortion (but 5% of 
third harmonic would sound very bad 
indeed, our ears being what they 
are!). You can mark off a rule of stiff 
paper, starting 1,2,3 etc. from a cen¬ 
ter point O, eleven millimeters apart 
on the left and nine millimeters apart 
on the right, which will enable you to 
pick the right load line position for 
5% distortion, by putting the center 
zero of the rule on the mean grid volt¬ 
age curve. Swinging the rule about 
point O on the 6L6 curve will indicate 
that you can’t dodge that 5% distor¬ 
tion anyhow. If you moved the oper¬ 
ating point O from the —15 volt curve 
to the —30 volt curve you only need 
to look at Fig. 38 to see that the dis¬ 
tortion would become excessive owing 
to the crowding of the characteristic 
curves. And before I go on to the next 
step, remember that precisely the 
same rules apply to the curves of the 
tube when used as a tetrode. The 
curves have a different shape, but the 
“family” of curves is subject to the 
same considerations. 

But, of course, you have heard that 
push-pull operation cancels out second 
harmonic distortion. Why should it do 
this? If you imagine the load line 
XOY bent upwards in its lower half 
so that it runs roughly parallel to the 
dissipation curve, you can also see 
that it would cut the grid voltage 
curves in a much more regular man¬ 
ner, and so reduce distortion. This is 
what, in effect, happens with push-
pull operation, and is illustrated by 
Fig. 39, which shows two 6L6’s in 
class A triode push-pull. This diagram 
is simply two Fig. 38’s joined back to 
back, with the 400-plate-volt ordinates 
(the operating point) coinciding. The 
dotted families of curves are those of 
Fig. 38, but new solid lines (composite 
“curves”) take up positions exactly 
between the corresponding pairs of 
curves of the two single tubes. These 
solid lines are the characteristics of 
the combined pair, and are cut by the 
load line XOY. This is the equivalent 
of the load line XZ shown in the up¬ 
per half of the diagram, being that 
imaginary curved load line I men¬ 
tioned before. I have also drawn the 
load line AOB, which will give a 
greater power output than XOY, but 
this particular value was chosen to 
show a considerable trespass into the 
region greater than 25 watts dissipa¬ 
tion, so the tubes would be overloaded 
on large signal inputs. 

In practice the position of the load 
line affects the distortion at third and 
fourth harmonics as well as second. 
The.amount of distortion of each har¬ 
monic can be calculated from data on 
the diagram, but the easiest way to 
check this point is to refer to the dis¬ 
tortion charts given in many tube 
manuals, where distortion harmonic 
and total is frequently given for any 
value of load line with related power 
output. 
When the load is a speaker, as it 

must be if we are to get any sound 

from the audio power generated, the 
load is partly resistive, partly induc¬ 
tive, and partly capacitive. In prac¬ 
tice, the capacitive component is not 
usually considered important (al¬ 
though capacitances are shown in so-
called equivalent circuits of loud¬ 
speakers). The reactance of the induc¬ 
tive component depends on the fre¬ 
quency and combining the resistive 
component with the reactance involves 
consideration of the phase of the re¬ 
actance. The inductive load line is el¬ 
liptical, and the major axis can be 
considered to coincide with the zero 
current ordinate of Fig. 39. Combining 
this with the pure resistive load line 
will produce an elliptical load result¬ 
ant whose major axis is at an angle 
with respect to the original major 
axis, but not at the same angle as the 
resistive load line. To explain how this 
comes about would involve a fairly 
long mathematical discussion, but a 
little reflection will indicate that at 
certain frequencies the load on the 
output stage will be seriously out even 
if the slope of the major axis has been 
set for minimum distortion. As tet¬ 
rodes and pentodes are more critical 
as to exact loading for maximum 
power output than triodes, the bias 
against the former has resulted in the 
fairly widespread belief that only tri¬ 
odes can be considered for really true 
fidelity. 

Triodes, Tetrodes and Pentodes 

This belief is founded on misappre¬ 
hensions as to what is involved. The 
accuracy of load for tetrodes and pen¬ 
todes is only of importance when the 
maximum possible “undistorted" pow¬ 
er is needed, and early in this part I 
have suggested that for normal listen¬ 
ing fewer watts than many people say 
they want is all they really need. On 
the other hand it is undeniable that 
the high plate impedance of tetrodes 
and pentodes does not give a good 
damping factor, and if feedback hadn’t 
been invented, then the triode would 
be absolutely essential for the best 
results. But feedback can reduce the 
plate impedance of a pentode to a fig¬ 
ure comparable with that of a triode 
—provided you remember my warn¬ 
ing that feedback is not a cure-all for 
every amplifier ailment. 
A triode amplifier can sound very 

good indeed without any feedback at 
all. It can be made better with feed¬ 
back, but triode amplifiers as well as 
those using beam power tubes can be 
badly designed and made to sound re¬ 
spectable by adding as much feedback 
as possible. In the process low-fre¬ 
quency instability can be set up, due 
to the excessive phase shift caused by 
several voltage amplifier stages, for 
the basic disadvantage of triode out¬ 
put tubes is that they need plenty of 
volts applied to the grid to get the 
maximum output power. The perform¬ 
ance of a well designed triode ampli¬ 
fier without feedback can be paral¬ 
leled by using a pentode output stage 
with feedback across the output stage 

only. I made such amplifiers more 
than 20 years ago, when the beam 
power tube was still a novelty, and 
they sounded pretty good. 
Also, using output tetrode or pen¬ 

todes, the smaller amount of voltage 
amplification required usually saves 
one stage in the whole amplifier, so if 
feedback is applied across the whole 
amplifier, more can be used with pen¬ 
todes than with triodes because of the 
smaller phase shift. I state in all seri¬ 
ousness that it is possible to design an 
amplifier with pentode output tubes 
with at least as refined a performance 
as one with triodes and, provided cer¬ 
tain steps are taken to deal with the 
pentodes in a special way, the results 
can be better than any triode ampli¬ 
fier, for with at least one stage fewer 
the distortion over the whole amplifier 
can be less and the stability greater. 

Practical Amplifier Circuit 
Fig. 40 gives the circuit layout of 

my own amplifier referred to earlier 
in this part. It can be shown that if 
the screen voltage on a beam power 
output tube is held constant, whatever 
the input, the distortion is much less. 
If you examine the data sheets for the 
6L6 you will find that curves are given 
for various values of screen voltage. 
The plate characteristics alter as 
screen volts are changed. At the same 
time you will find, from the tube man¬ 
ual data, that values are given for 
plate and screen current for zero sig¬ 
nal and maximum signal. The plate 
and screen supplies originate in the 
rectifier tube and have to pass through 
the resistances of the smoothing choke 
and the output transformer primary 
winding. There is a voltage drop 
across these resistances, the drop de¬ 
pending on the current. Since both 
plate and screen currents change as 
the input grid volts change, the volt¬ 
ages on the plates and screens of the 
output tubes also change. Change of 
plate voltage is by no means as criti¬ 
cal as change of screen voltage, and if 
the latter can be held constant, the 
almost chaotic conditions under which 
the output tubes have to work can be 
reduced to regulated order. 
There are various ways by which 

the supply voltage can be regulated, a 
usual method involving a gas tube 

Fig. 38. Plate characteristics ol the 
6L6 connected as a triode. A 2500-ohm 
load line has been added to the curves 
along with a line denoting the maximum 
plate dissipation povrer oi 25 watts. 
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Table 2. Comparative data pertaining to beam power pentodes with plate dissipa¬ 
tions of 12 watts. Part (A) is for a single tube, part (B) is for a push-pull pair. 

Cenneefed as: 

IVI KTI1 KU4 

Pentode Pentode Triode Pentode Triode 

Plate voKs . 250 

250 

12.5 

4100 

5000 

8 

45 

250 

250 

4.3 

10.500 

6000 

8 

4.3 

IK) 

250 

5.5 

9800 

5000 

5 

7 

250 

250 

6 

11,300 

5200 

10 

5.7 

250 

8.3 

3500 

9 

1.9 

Screen volts 

Peek i.f. grid volts . 

Transconductance i^mhosi . 

Load resistance (ohms) . 

Distortion ;%). 

Power output (watts) . 

Piste volts. 

Screen volts . 

285 

285 

38

8C00 

3.5 

14 

275 

275 

10,000 

65 

11 5 

(Bi 

350 

23 

6000 

2 

6 

300 

300 

28 

8000 

4 

17 

300 

28 

10,000 

2.5 

5.2 

Peek s.f. volts (grid-to-grid). 

Load resistance (ohms) . 

Distortion (%). 

Power output (wattsi 

shunted across the supply. This oper¬ 
ates by providing a variable leak so as 
to keep the total current drawn from 
the supply constant; but it is not neces¬ 
sary to regulate the plate voltage; 
only the screen voltage is important. 
In Fig. 40 I use a 6J5 tube connected 
in a 'special way so that it acts as an 
automatic variable resistance in series 
with the screen supply, and has the 
effect of maintaining the screen volt¬ 
age absolutely constant whatever the 
variation in plate or screen current. 
A separate 6.3 volt winding on the 
power transformer must be provided 
for the heater of this tube, since the 
whole tube is “hot” with respect to 
ground. 

Other refinements will be noticed in 
the circuit. The screen supply is taken 
to a potentiometer, the ends of which 
are connected directly to the screens. 
By this means the output tubes can be 
balanced perfectly by slight compen¬ 
sating changes of screen voltage. In 
practice all that is needed for balanc¬ 
ing is to connect a voltmeter across 
the whole of the output transformer 
primary winding. The potentiometer is 

adjusted until the meter shows zero 
reading indicating that there is no 
out-of-balance current in the trans¬ 
former. This adjustment takes care of 
almost any pair of tubes; there is no 
need for buying them in matched 
pairs, and if only one tube has to be 
replaced at any time, the “set zero” 
adjustment is all that is needed. 
Each output tube is provided with 

screen and plate suppressor resistors, 
connected directly to the tube sockets, 
and an r.f. bypass capacitor to each 
plate. These form supersonic oscillation 
filters, for the output stage is very effi¬ 
cient and could oscillate at r.f. if pre¬ 
cautions such as these were not taken. 
Such oscillation is not audible (al¬ 
though sometimes visible when smoke 
comes from the speaker) but it can 
ruin the response of an otherwise fine 
amplifier. Associated with these two 
filters are series grid resistors. Again 
these should be connected directly to 
the tube sockets. The phase splitter is 
the conventional split load device, 
frowned on by some engineers, but I 
have always found it to be very reli¬ 
able. The plate load is shown as two 

Fig. 40. Schematic diagram of the Hartley 20-watt audio amplifier with stabilized 
voltage supply to screens of the power output tubes. For discussion, refer to text. 

resistors. These need not be separate 
(in production this was found conven¬ 
ient) but what is more important is 
that the total plate resistance must 
equal the total cathode resistance. 
Similarly the output coupling capaci¬ 
tors and following grid resistors must 
be equal. Their exact value is not im¬ 
portant; they must match. 
If 807’s are used to get maximum 

power, then, owing to the heat from 
the tubes (which have the plate con¬ 
nection on the top of the bulb) and 
the operating conditions, the 470 w<fd. 
plate bypass capacitors have a very 
rough time of it and should be at least 
2000 volt ceramics. Alternative tubes 
are 6L6 and 5881, and the r.f. capac¬ 
itors can be the ordinary molded mica 
type. 

Apart from the voltage control com¬ 
plication in the power supply, the cir¬ 
cuit is very simple indeed, with the 
minimum number of stages. Because 
of this I have been able to apply as 
much as 28 db of feedback without 
running into trouble with low-frequen¬ 
cy instability. The response is +1 db 
at 20 cps, —1 db at 50,000 cps and 
dead flat in between. Intermodulation 
distortion is negligible (almost un¬ 
measurable) up to 15 watts, and only 
1% at 20 watts. These figures may 
appear to be unimpressive, compared 
with some claims, but they are factu¬ 
al. Twenty watts is developed with an 
input of 1 volt r.m.s. 
The now famous “Ultra-Linear” 

output stage was first described by 
Hafler and Keroes (Audio Engineer¬ 
ing, Nov. 1951) and used conventional 
pentodes with taps on the output 
transformer connected to the screens 
of the tubes, thus distributing the load 
between plates and screens. This 
forms a hybrid sort of output stage, 
for the devisers of the circuit found 
that in altering the ratio of screen 
load to plate load from zero (pentode 
operation) to unity (triode operation) 
a point was reached when most of the 
disabilities of the pentode disappeared 
and the output stage took on the char¬ 
acteristics of triodes, without losing 
the high efficiency of the pentode. In a 
practical sense, therefore, the high 
power output and stage efficiency of 
pentodes is retained, but the tubes, 
from a low plate impedance and 
damping factor point of view, behave 
like triodes, and with a carefully de¬ 
signed amplifier, the distortion is less 
than can otherwise be obtained. The 
latest development of this circuit has 
been described by Hafler in Radio & 
Television News (June 1956) and 
need not be repeated here. 

The design cannot be applied indis¬ 
criminately, for the amplifier as a 
whole has to be considered carefully. 
The design of the output transformer 
is critical, and only components speci¬ 
fied for use with particular tubes 
should be used. The authors’ original 
article suggested that a new tube was 
really wanted to get the best from the 
scheme, and such tubes are now avail¬ 
able in the Mullard EL34 and the 
Tung-Sol 6550. — 
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Learn Radio-Television 
Servicing or Communications 
by Practicing at Home 

in Spare Time 
N. R. I. SENDS kits with which you prac- , 
tice building circuits common to Radio 
and TV sets. You LEARN-BY-DOING 
to locate Radio-TV troubles. As part of 
N.R.I. Servicing Course, you build Vacuum 
Tube Voltmeter and AC-DC receiver. Use 
VTVM to conduct experiments, 
earn extra money fixing 
sets in spare time. 

RADIO-TV BROADCASTING (see above) offers 
important positions as Operators and Technicians. 
RADIO-TV SERVICING Technicians (see below) 
needed in every community. Their services are 
respected, their skill appreciated. 

Fast Growing Field Offers You 
Good Pay, Success, Bright Future 

J. E. SMITH 
Founder 

Bigger than ever and still grow¬ 
ing fast. That’s why Radio-TV 
has special appeal to ambitious 
men not satisfied with their 
job and earnings. More than 
4,000 Radio and TV stations. 
More than 150 million home 
and auto Radios, 40 million 
TV sets. Color TV promises 
added opportunities. For the 

trained man, there are good jobs, bright fu¬ 
tures in Radio-TV Servicing or Broadcasting. 

Training PLUS opportunity is the ideal 
combination for success. So plan now to get 
into Radio-TV. The technical man is looked 
up to. He does important work, gets good 
pay for it. Radio-Television offers that kind 
of work. NRI can supply training quickly, 
without expense of going away to school. 
Keep your job while training. You learn 
at home in your spare time. NRI is the 
OLDEST and LARGEST home study Radio-
TV school. Its methods have proved success¬ 
ful for more than 40 years. 

Added Income Soon - $10, $15 
a Week in Spare Time 

Soon after enrolling, many NRI students 
start to earn $10, $15 a week in spare time 
fixing sets. Some pay for their training and 
enjoy extra luxuries this way. Some make 
enough to start their own Radio-TV shops. 
NRI training is practical-gets quick results. 
Easy to understand, well illustrated lessons 
teach you basic principles. And you LEARN-
BY-DOING by practicing with kits of equip¬ 
ment which "bring to life” things you study. 
Find Out What NRI Offers 

NRI has trained thousands for successful 
careers in Radio-TV. Study fast or slow—as 
you like. Diploma when you graduate. Mail 
coupon now. Paste it on a postcard or mail in 
envelope. ACTUAL LESSON FREE. Also 64 
page catalog that shows opportunities, shows 
equipment you get. Cost of NRI courses low. 
Easy terms. NATIONAL RADIO INSTITUTE, 
Dept. 7JD6 , Washington , D. C. 

N.R.I. TRAINED THESE MEN FOR SUCCESS 
sesviciNO 

Name- Age 

job.” JACK WAG-
NER, Lexington, N. C. 

Address. 
— " * I 

VETERANS Approved Under G. I. Bills [ City. -Zone_State-
Accredited Member National Home Study Council 

SEND FOR BOTH FREE 

"There are a number of 
NRI graduates here. I 
can thank NRI for this 

"Doing spare time re¬ 
pairs on Radio and TV. 
Soon servicing full 
time.’’ CLYDE HIG¬ 
GINS, Waltham, Mass. 

"I had a successful 
Radio repair shop. Now 
I ’m Engineer for 
WHPE.” V.W.WORK¬ 
MAN, High Point, N.C. 

"I was repairing Radios 
by 10th lesson. Now 
have good TV job.” 
M. R. LINDEMUTH, 
Fort Wayne, Ind. 

National Radio Institute 
Dept. 7JD6, Washington 16, D. C. 

Mail me Sample Lesson and 64-Page Catalog 
FREE. (No salesman will call. Please write plainly.) 
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EARN 
TOP SALARIES 

BUILD 
AN EXCITING FUTURE! 

READ: 
YOUR CAREER 

IN ELECTRONICS 

A New Ziff-Davis Publication 

This fact-filled volume prepared by the combined staffs of RADIO & TV NEWS and POPULAR ELEC¬ 
TRONICS is written for men who have a stake in the fastest-growing industry in the world—electronics! 
If you’re eager and ready to move into a more advanced, higher-paying electronics specialty or want to begin 
an electronics career, don’t miss this informative 132-page publication. 

IT TELLS YOU 
• what job opportunities are available in electronics 
• how to prepare for a job in electronics 
• bow to get a job in electronics 

CONTENTS 
ELECTRONS, SLIDE RULES AND YOU -Careers in 
Electronics . . . Am I Too Old to Learn Electronics? . . . 
Women in Electronics . . . What About Tech Writing? . . . 
Electronics Stands Guard 

CAREERS IN PROGRESS-1 am an Atomic Engineer 
. . . I Ride the Satellites and Rockets ... 1 Make Electronic 
Brains . . . Thank Me For Safe Air Travel . . . We Make Color 
TV . . . We’re Looking for Tomorrow 

SURVEY OF THE JOB MARKET-Personnel require 
ments of the largest electronic manufacturing firms—number of 

technicians, engineers needed, kind of background required, 
salaries offered, training given and opportunities for advance¬ 
ment. 

COURSES, CREDITS AND DEGREES-Training for 
a Career . . . Home Study . . . College Training . . . Resident 
Schools 

ELECTRONICS IS A PROFITABLE HOBBY-Spare 
Time TV Servicing . . . Use Your Hi-Fi Know-How . . . 
Build Gadgets for Money . . . Kits For Sale . . . Profit from 
P.A. rentals 

BASIC ELECTRONICS-A brief course in the fundamen¬ 
tals of electronics. It gives the beginner a knowledge of the 
terminology and some familiarity with the electronics field. 

Buy a Copy of YOUR CAREER in 

ELECTRONICS 
ON SALE WO Wat ALL NEWSSTANDS—ONLY 75? 
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Hi-fi performance is now possible with piezoelectric 
cartridges. Although the author's discussion is more 
or less confined to ceramic units, all data presented 
applies equally as well to crystal-type cartridges. 

UNTIL a relatively recent date the common piezoelectric phonograph 
cartridge, which mainly took the 

form of a Rochelle salt crystal, seemed 
completely out of contention for high-
fidelity use. Its treble response was 
poor, compliance low, resistance to 
heat and humidity inadequate, etc. In 
the last few years, however, improve¬ 
ments in the piezoelectric cartridge 
have made it suit¬ 
able for high-fidel¬ 
ity reproduction. 
Much of the im¬ 
provement has been 
due to use of a ce¬ 
ramic element, ba¬ 
rium titanate, in 
place of Rochelle 
salt. At the same 
time, improved Ro¬ 
ch e 11 e salt car¬ 
tridges, such as those of Remette and 
Fenton, have also appeared on the 
market. Highly impervious to heat and 

humidity, the modern piezoelectric 
pickup compares well with magnetic 
types in terms of frequency response, 

compliance, tracking pressure, and dis¬ 
tortion. 

In addition, piezoelectric cartridges 

have the advantage of much higher 
output than magnetic ones, about .5 
to 1 volt on a recording made at the 

N A R T B standard 
recording level of 7 
cm. per second peak 
velocity, thus elim¬ 
inating the need for 
preamplification and 
thereby reducing 
problems of hum 
and turntable rum¬ 
ble. Magnetic pick¬ 
ups only produce 
from 2 to 3 milli¬ 

volts up to about 50 millivolts. Hum 
is also less of a problem with piezo¬ 
electric pickups because, unlike mag-

Editor's Note: Like most topics on hi-fi reproduction, there are always pros and 
cons to the subject. It is a known fact that both ceramic and crystal cartridges can 
be designed to provide extremely good hi-fi performance, comparable in many respects 
to magnetic units. On the other hand, needle talk on some is greater than magnetics 
and. because of their high impedance, are not as likely to be used with transistor 
circuits as the magnetic type, with its low impedance Both types of piezoelectric 
cartridges, utilizing built-in compensation, do not require any special preamplifier and 
while the crystal cartridge has a greater output than the ceramic type, both can be 
operated directly into a power amplifier requiring one-half volt for full output. 
Ceramic cartridges today are much alike in regard to quality performance. However, 
crystal units vary widely between different manufacturers. 

Although most of the technical data used in Figs. 4 through 9 is based on the Sono¬ 
tone ST-S ceramic cartridge, all facts and figures can be applied, in principle, to all 
other ceramic and crystal units. 

Fig. 2. An approximation of actual recorded velocity. See text. 
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FREQUENCY IN CPS 

Fig. 4. Response oí ceramic cartridge to RIAA recording. Curves 
2, 3, and 4 were made using the Sonotone 3T-S ceramic unit. 

Cl-CARTRIDGE CAPAC¬ 
ITANCE -490py»<J 

C2-CABLE CAPACITANCE 
lOOppfd 

RI-LOAO RESISfOR 
2 2 MEG. 

Fig. 5. Electrical values for ceramic car¬ 
tridges having the response characteris¬ 
tics shown in Fig. 4. A Sonotone 3T-S is 
used here. Cartridges from other manufac¬ 
turers may vary somewhat in capacitance 
and may thus require different loading. 

netic ones, they contain no inductance 
and therefore are not sensitive to hum 
fields. 

Although preamplification is no long¬ 
er necessary, low-frequency equaliza¬ 
tion is still required, as in the case of 
magnetic cartridges. The type of equal¬ 
ization used, however, is entirely dif¬ 
ferent than for magnetics, as well as 
being simpler on the whole. The out¬ 
put of a high-fidelity piezoelectric 
cartridge can be fed directly to an 
amplifier input intended for a high 
level source such as a tuner, TV set, 
or tape recorder. While the low-fre¬ 
quency response obtained in this way 
may be tolerable, it may be made 
more uniform by proper loading. 

The purpose of this article is to ex¬ 
plain why these pickups require low-
frequency equalization and how this is 
achieved; and to discuss high-frequen¬ 
cy equalization in connection with 
such cartridges. The discussion is 
based on the premise that the pickup 
is used on discs recorded according to 
RIAA standards, now quite generally 
employed in the United States. For 
clarity and complete understanding, it 
is first necessary to review the nature 
of the RIAA curve and the significance 
of the terms “velocity” and "ampli¬ 
tude” in disc recording. 

For constant voltage input, the mag¬ 

netic-type cutter of a disc recording 
machine, without equalization, oper¬ 
ates' at the same velocity for all fre¬ 
quencies. Inasmuch as velocity (V) is 
proportional to groove amplitude (A) 
times frequency (F), that is, V = 
2vAF, amplitude declines as frequency 
goes up. However, this is wasteful of 
gfoove space at high frequencies. Also, 
at high frequencies the small signal 
excursions become comparable in am¬ 
plitude to random imperfections in the 
record groove, which constitute noise. 
Therefore, as an approximation, the 
recording process should use equaliza¬ 
tion which produces constant ampli¬ 
tude over the audio range for constant 
signal input, as depicted by Curve 1 
in Fig. 1. 

From the relationship V =z2^AF, it 
is apparent that velocity varies direct¬ 
ly with frequency when amplitude 
is held constant. Therefore the con¬ 
stant amplitude characteristic, Curve 
1, corresponds to a velocity character¬ 
istic rising 6 db-per-octave, as shown 
by Curve 2. 
Curve 3 shows the RIAA velocity 

characteristic, which, for reasons that 
appear in the last two paragraphs of 
this section, rises less than 6 db-per-
octave. In other words, this is the fre¬ 
quency equalization generally used in 
the recording process. When a mag¬ 
netic cartridge is employed in play¬ 
back, the required playback equaliza¬ 
tion is the complement of Curve 3, 
providing bass boost and treble droop. 
This is so because the magnetic pick¬ 
up, being an inductive device, produces 
a voltage proportional to velocity. 
The piezoelectric pickup, on the 

other hand, responds not to velocity 
but to recorded amplitude. The ampli¬ 
tude of the RIAA recording, curve is 
shown by Curve 4 and is obtained by 
subtracting Curve 2 from Curve 3. 

Thus Curve 4 is the amplitude char¬ 
acteristic corresponding to the RIAA 
velocity characteristic. 

It is sometimes stated that modern 
discs have constant velocity above 500 
cps and constant amplitude below 500 
cps. This statement initially seems at 
odds with Fig. 1, which shows a rising 
velocity above 500 cps and a rising 
amplitude as frequency goes below 500 
cps. The explanation lies in the fact 
that Fig. 1 depicts the equalization 
used in recording, while the statement 
referred to concerns the actual re¬ 
corded level at various frequencies, 
which depends upon the relative in¬ 
tensities of sound energy over the fre¬ 
quency spectrum as well as upon the 
equalization used. This can be made 
clear by reference to Figs. 2 and 3. 
The RIAA recording characteristic 

in terms of velocity is repeated as 
Curve 1 in Fig. 2. Curve 2 shows the. 
hypothetical intensity of sound energy 
at various frequencies produced by a 
musical source. It is known that, gen¬ 
erally speaking, audio energy is great¬ 
est around 400 cps and declines below 
and above this frequency. For a spe¬ 
cific source, the actual curve would 
doubtless have different slopes than 
those of Curve 2 and would be marked 
by peaks and valleys. Nevertheless, it 
would bear a family resemblance to 
Curve 2, which is adequate for ex¬ 
planation purposes. 
Curve 2 has been drawn so that the 

treble slope goes through 500 cps, 
which is taken as a reference level, 
depicted by Curve 3. The net result of 
frequency equalization per Curve 1 
and varying intensity of sound at dif¬ 
ferent frequencies is Curve 4. This is 
obtained by subtracting from Curve 1 
the difference between Curves 3 and 2. 
It may readily be seen that actual re¬ 
corded velocity, as illustrated by Curve 

Fig. 6. The effect of load resistor upon response of a ceramic 
cartridge to RIAA disc. Curves 1. 2. 3. 4 are with Sonotone unit. 

Fig. 7. Effect of a compensating circuit upon response of a 
ceramic cartridge to RIAA recording. All with Sonotone unit. 
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4. tends to be fairly constant above 
500 cps. Hence the designation "con¬ 
stant velocity recording” for frequen¬ 
cies above 500 cps. 
The RIAA recording characteristic 

in terms of amplitude is repeated as 
Curve 1 in Fig. 3. Curve 2, intensity 
of audio energy, is the same as in Fig. 
2 and is drawn to pass through the 
reference level of 500 cps. The net re¬ 
sult of Curves 1 and 2 is Curve 4, 
which represents actual recorded am¬ 
plitude. Below 500 cps, Curve 4 sub¬ 
stantially lives up to the description 
"constant amplitude recording.” 
RIAA recording equalization was de¬ 

signed with a careful view to the rela¬ 
tive intensity of audio energy at vari¬ 
ous frequencies, as produced by typical 
sources of music and other sound. Al¬ 
though it would be advantageous from 
the viewpoint of signal-to-noise ratio 
to have rising recorded velocity in the 
treble range (note that the reference 
here is to recorded level, not equaliza¬ 
tion) an increase in velocity is limited 
by the ability of the playback stylus 
to track properly. Excessive velocity 
produces excessive acceleration forces 
(proportional to frequency times veloc¬ 
ity) which would cause the stylus to 
lose contact with the groove walls 
when the tone arm is adjusted for rea¬ 
sonable vertical pressure, resulting in 
distortion. 

Below 500 cps, it is necessary to im¬ 
pose a limit on recorded amplitude to 
prevent the disc cutter from cutting 
excessively wide grooves, which would 
result in cross-modulation between ad¬ 
jacent grooves and produce distortion. 
On the other hand, .it is necessary to 
consider the playback problems that 
arise for a magnetic pickup if velocity 
drops as frequency declines. A mag¬ 
netic pickup requires bass boost in 
playback which is complementary to 
the RIAA velocity recording equaliza¬ 
tion shown by Curve 3 in Fig. 1. To 
the extent of this boost, the reproduc¬ 
tion of hum and rumble is increased. 
It is therefore desirable to limit the 
velocity droop due to recording equal¬ 
ization as much as possible so as to 
reduce the corresponding need for 
playback boost when using a magnetic 
cartridge. Translating this require¬ 
ment into terms of amplitude, it is de¬ 

sirable that recorded amplitude be 
kept as high as feasible below 500 cps. 
The RIAA curve, taking into account 
the variation of sound energy with fre¬ 
quency, is therefore a compromise be¬ 
tween the need for high recording 
amplitude to minimize magnetic car¬ 
tridge playback problems and the need 
for restricted amplitude to avoid ex¬ 
cessive groove excursions. This com¬ 
promise results in approximately con¬ 
stant recorded amplitude below 500 
cps, and is effected by bass recording 
equalization that falls moderately in 
terms of velocity and rises moderately 
in terms of amplitude with declining 
frequency. 

Playback Equalization 
In the following discussion it should 

be noted that all references to record¬ 
ing characteristics pertain to the 
RIAA (or other) characteristic; they 
do not pertain to actual recorded ve¬ 
locity or amplitude as determined by 
the distribution of audio energy. 
Curve 1 in Fig. 4 shows the play¬ 

back equalization required to achieve 
flat response when playing an RIAA 
recording with a hypothetical pickup 
that produces a voltage directly pro¬ 
portional to amplitude. This curve is 
the complement of the RIAA ampli¬ 
tude characteristic, shown as Curve 4 
in Fig. 1. 

In the case of a piezoelectric car¬ 
tridge, the required treble boost can 
be achieved physically, by proper de¬ 
sign, in the cartridge itself through 
resonance. The required bass droop 
can be achieved electrically by means 
of a suitable load resistor, which acts 
as part of a frequency-discriminating 
voltage divider. 

Curve 2 in Fig. 4 shows the treble 
response of an actual high-fidelity 
piezoelectric pickup, with à ceramic 
element, when playing a constant am¬ 
plitude recording. (The pickup used to 
obtain the data of Figs. 4 through 9 
is the Sonotone 3T-S ceramic unit.) 
The rising characteristic is achieved 
by means of several damped mechani¬ 
cal resonances built into the vibratory 
system of the cartridge. High-fre¬ 
quency response of all types of car¬ 
tridges is limited by resonance of the 
effective mass of the stylus and the 

compliance of the disc material. Re¬ 
sponse falls rapidly at frequencies 
above resonance. Furthermore, the 
high-frequency droop of Curve 2 is 
partly due to “playback losses” that 
normally occur when a typical 33% 
rpm 12" vinyl record is played. These 
losses affect all types of cartridges. 

In the case of magnetic cartridges, 
the manufacturer tries to prevent a 
rise in response at the resonant fre¬ 
quency by means of damping. The 
manufacturer of the high-fidelity pi¬ 
ezoelectric pickup, however, uses res¬ 
onance to achieve the required treble 
boost, with reference to constant am¬ 
plitude recording, as indicated by 
Curve 1. By proper physical design 
and damping of his cartridge, he lo¬ 
cates resonances in the portion of the 
audio spectrum where they will do the 
most good and regulates their ampli¬ 
tude and spread. Curve 4A, obtained 
by subtracting Curve 2 from Curve 1, 
shows the resulting treble response to 
an RIAA recording obtained through 
controlled resonance. 

Curve 3 in Fig. 4 pictures the bass 
droop of the ceramic pickup, with ref¬ 
erence to a constant amplitude record¬ 
ing, when loaded by a 2.2 megohm 
resistor. Fig. 5 indicates the electrical 
values of the ceramic cartridge in 
question, together with its cable and 
load resistor. This particular cartridge 
has a capacitance of 490 ^fd., while 
cable capacitance is assumed to be 
100 /Wd., a reasonable average value. 
The time constant of R,. C,, and C2 de¬ 
termines the shape of Curve 3 in Fig. 
4. The difference between required 
and actual bass droop, respectively 
represented by Curves 1 and 3, deter¬ 
mines bass response, as shown by 
Curve 4B. 
It is important that for a given 

piezoelectric cartridge the correct load 
resistor be used. Too low a value pro¬ 
duces inadequate bass response; too 
high a value, excessive bass. This is 
illustrated in Fig. 6 for the cartridge 
discussed here. It may be seen that a 
2.2 megohm resistor provides the 
closest approach to flat response. If 
the pickup in question is fed into a 
.5-megohm load such as commonly 
found at amplifier inputs intended for 
radio, TV, etc., bass is attenuated more 

Fig. 8. Response of a ceramic pickup when equalized to produce 
an output proportional to velocity. Curves 2, 5 Sonotone unit. 

Fig. 9. Effect of compensating network on response of 
a ceramic cartridge when treated as a velocity device. 
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than 11 db at 50 cps. Even if the load 
resistor is 1 megohm, attenuation at 
50 cps exceeds 6 db. On the other 
hand, a 5-megohm resistor would re¬ 
sult in 4 to 5 db boost over most of 
the bass range. 

Curve 5 in Fig. 6, shown for refer¬ 
ence purposes, is the bass portion of 
the RIAA amplitude recording curve. 
A sufficiently high load resistor would 
provide bass response closely follow¬ 
ing this curve all the way inasmuch 
as at low frequencies the ceramic 
pickup represented in Fig. 6 is quite 
flat in its response to a constant am¬ 
plitude recording if the load resistor 
is large enough. 

Occasionally, considerable effort may 
be involved in getting at and changing 
the existing load resistor, typically .5 
megohm, in a sound reproducing sys¬ 
tem. To the user, the cost of having 
this change made by a technician can 
approach or exceed the cost of the 
pickup itself. In order to obtain good 
bass response without changing the 
input load resistor, one may instead 
follow the expedient of increasing Cs, 
shown in Fig. 5. C2 can be increased 
by wiring a miniature capacitor di¬ 
rectly across the cartridge. Provided 
that the time constant Ri(Ci + C2) re¬ 
mains the same (1300 microseconds 
for the pickup in question), frequency 
response as shown by Curve 4 in Fig. 
4 remains unaffected. 

However, in following this course 
one gets lower output. For example, 
in matching the ceramic cartridge of 
Fig. 5 to a .5-megohm load, it would 
be necessary to use a shunt capaci¬ 
tance (including cable) of approxi¬ 
mately .002 /ifd., resulting in nearly 13 
db attenuation. A 1-megohm load 
would require a shunt of about .0008 
Mfd., resulting in about 7 db loss. Some 
reproducing systems with a good deal 
of gain can easily endure, or may re¬ 
quire, such sacrifices, while other sys¬ 
tems cannot tolerate these losses. In 
the latter cases, if good bass response 
is desired, the load resistor must be 
changed to the correct value. 
Returning to Curve 4 in Fig. 4, it 

may be observed that over-all response 
is quite creditable, staying within ±3 
db between 30 and 11,000 cps. Useful 
response is maintained to 15,000 cps. 
The chief criticism concerns the grad¬ 
ual hump that occurs between about 
100 and 1000 cps. However, this is easy 
to remove by means of a simple com¬ 
pensating circuit, suited to the par¬ 
ticular pickup in question, which ap¬ 
pears in the inset of Fig. 7. Curve 2 
in Fig. 7 is the resulting response, and 
may be compared with Curve 1, which 
is the response obtained when the load 
consists of a 2.2 megohm resistor. 
Curve 2 is very little short of excel¬ 
lent, remaining within ±2 db over the 
range of 30 to 11,000 cps, with useful 
response extending to 15,000 cps. 
The discussion thus far has been 

based on the premise that the piezo¬ 
electric cartridge is used as an am¬ 
plitude-responsive device to play 
recordings made with the RIAA char¬ 

acteristic. Naturally the question 
arises as to how the pickup can be 
used to play recordings having one of 
the other equalization characteristics 
that were in widespread use until 
about two years ago and are encoun¬ 
tered today to a limited extent. 

The writer inclines to the view that 
generally satisfactory adjustment for 
the difference between the RIAA 
curve and other curves can be effected 
by means of bass and treble controls. 
(See the article by Burt Hines, “Do 
You Need a Preamp-Control Unit?” 
Radio & Television News, January 
1956.) However, the fact remains that 
many listeners prefer to obtain nomi¬ 
nally precise equalization by turning 
one or two switches on a preamplifier 
to a setting which is marked as pro¬ 
viding LP, Old AES, 78, European, or 
other equalization. 
To enable the user to take advan¬ 

tage of the multiplicity of equaliza¬ 
tion characteristics afforded by many 
preamplifiers, it is generally necessary 
to convert the amplitude-responsive 
piezoelectric pickup into a velocity-
responsive device. The reason is that 
the phono-input of such preamplifiers 
is usually designed to accommodate 
magnetic cartridges, which respond to 
velocity. 

Converting the piezoelectric pickup 
into a velocity device is simple. It is 
merely necessary to load the cartridge 
with a suitably small resistor, so that 
the time constant of the resistor, car¬ 
tridge capacitance, and cable capaci¬ 
tance (see Fig. 5) results in rising re¬ 
sponse with frequency over all or most 
of the audio range. This is illustrated 
in Fig. 8. 

Curve 1 represents a 6 db-per-octave 
rising velocity characteristic, as well 
as the response of an ideal velocity 
device, magnetic or otherwise, to this 
characteristic. Curve 2 is the response 
of a specific ceramic pickup to Curve 
1 when an infinite load resistor is used. 
The hump in the treble range is due 
to physical resonances, as previously 
discussed. 

Assume that we have a hypothetical 
ceramic pickup with the same capaci¬ 
tance as in Fig. 5 but without res¬ 
onance in the audio range. Its response 
to Curve 1 would be flat. Next, as¬ 
sume that this hypothetical pickup is 
loaded by a 47,000-ohm resistor. The 
resulting response would be that of 
Curve 3, which is a 6 db-per-octave 
rising velocity characteristic except at 
the upper end. Now, by adding Curves 
2 and 3, one can determine the re¬ 
sponse of the ceramic pickup in ques¬ 
tion to Curve 1 when it is loaded by a 
47,000-ohm resistor. Curve 4 shows the 
resulting response. When the ceramic 
pickup is fed into a preamplifier input 
intended for a magnetic cartridge, and 
equalized accordingly, its deviation 
from flat response is as delineated by 
Curve 5. Curve 5 is the difference be¬ 
tween the response of a perfect veloc¬ 
ity device (Curve 1) and the response 
of the ceramic cartridge in question 
when loaded by a 47,000-ohm resistor 
(Curve 4). 

If the load resistor were appreciably 
lower than 47,000 ohms, say 10,000 
ohms, the ceramic pickup in question 
would have a response proportional 
to velocity throughout the audio range 
plus treble emphasis due to resonance. 
Its resulting response, when equalized 
by a preamplifier as a velocity device, 
would be that of Curve 2. The reason 
for selection of a 47,000-ohm load re¬ 
sistor instead of a much higher or 
lower value is to provide a rising char¬ 
acteristic, such as Curve 3, that tapers 
off at the high end and thereby com¬ 
pensates the resonance hump as much 
as possible without unduly impairing 
response in the vicinity of 10,000 cps. 

Curve 5 in Fig. 8 provides quite good 
response. The treble hump gradually 
reaches a peak of only slightly more 
than 3 db and response is maintained 
out to 11,500 cps before it is 3 db 
down. 
Somewhat smoother response, that 

is, a treble hump with about as great 
a peak as in Curve 5 but extending 
over a smaller portion of the spec¬ 
trum, can be obtained by using the 
compensating circuit shown in Fig. 9 
with the ceramic cartridge in question. 
Curves 1 and 2 respectively show re¬ 
sponse when a 47,000-ohm load re¬ 
sistor is used and when the compen¬ 
sating network is used. The network 
can be mounted at the magnetic phono 
input of the preamplifier. 

It is quite possible that a 47,000-
ohm load resistor for the ceramic pick¬ 
up under discussion may give more 
pleasing results than the network of 
Fig. 9, because the broader treble 
hump may compensate more satisfac¬ 
torily for treble deficiencies in speaker 
response, room acoustics, hearing acui¬ 
ty, etc. Only a listening test can de¬ 
cide which is the better method of 
loading a ceramic cartridge. 

Figure 10 shows the circuit recom¬ 
mended by Electro-Voice for convert¬ 
ing its ceramic cartridge into a veloc¬ 
ity device. 

A correctly chosen load resistor, or 
a network such as shown in Figs. 9 
and 10, is the best way of converting 
a piezoelectric cartridge into a velocity 
device. Another method sometimes 
employed is that of Fig. 11, where the 
cartridge output is in series with 
a capacitance small enough to pro¬ 
duce a rising response characteristic 
over thë entire audio range. The re¬ 
actance of C in Fig. 11 is large com¬ 
pared to that of R at all audio frequen¬ 
cies. This method is used in several 
amplifiers on the market that have an 
input marked “ceramic or crystal pho¬ 
no input.” Unfortunately, this method 

Fig. 10. Recommended circuit for convert¬ 
ing the Electro-Voice ceramic cartridge 
Into a velocity device. Refer to article. 
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produces a departure from flat re¬ 
sponse to the full extent of the car¬ 
tridge’s resonant characteristic in the 
treble range. Thus in the case of the 
cartridge used for illustrative purposes 
in this article, response would be that 
of Curve 2 in Fig. 8. 
When Ra is omitted from the com¬ 

pensating circuit in Fig. 9, output 
available from the cartridge is on the 
order of 36 millivolts, referred to the 
standard reference level, which will 
overload many preamplifiers unless 
they have an input designed to accom¬ 
modate high output magnetic car¬ 
tridges. Preamplifiers often cannot ac¬ 
commodate more than 10-15 millivolts. 
To prevent overloading, a suitably low 

Fig. 11. Method used in some amplifiers to 
convert a piezoelectric cartridge into a 
velocity device. This is discussed in text. 

value of Rs should be used; the value 
selected does not appreciably affect 
response of the compensating network. 

For example, a 6800 ohm resistor pro¬ 
duces an output of about 7 millivolts 
from the pickup depicted in Fig. 8. 
This is about right for many pream¬ 
plifiers. 

If a simple load resistor is used in¬ 
stead of a more complex compensating 
network, it is still necessary to guard 
against overloading. To reduce output, 
the single load resistor may be - re¬ 
placed by a voltage divider consisting 
of a potentiometer or two resistors. 

The author wishes to thank Astatic 
Corp., Electro-Voice, Inc., Ronette 
Acoustical Corp., and Sonotone for 
their courtesy in supplying data on 
their high-fidelity piezoelectric car¬ 
tridges. —®— 

A Light Bulb Volume Expander-Compressor 
An inexpensive, easy-to-build, gadget which provides 

added en/oyment when listening to your hi-fi system. 

By W. H. CALDWELL 

THE volume compressor is useful for 
• reducing the dynamic range of 
speech or program material. In re¬ 
cording, too large a signal will cut 
into an adjacent groove, while too 
small a signal will be lost in the sur¬ 
face noise of the record. With tape, 
too strong a signal will saturate the 
tape and may cause “print-through” 
of a strong passage on an adjacent 
layer of tape, while too weak a signal 
will be lost in the background hiss. 
In communication radio transmit¬ 

ters, voice compression helps to over¬ 
ride noise. In high-fidelity broadcast¬ 
ing and recording the trend today is 
away from volume compression, to in¬ 
sure full dynamic range. 
The average listener, however, may 

not want his music too loud, to avoid 
offending the neighbors; nor can he 
have it too soft since ordinary room or. 
street noises will drown out the 
music. 
The volume expander, by the same 

token, is useful for restoring full dy¬ 
namic range to an old record or to re¬ 
ception over a channel where com¬ 
pression has previously been employed. 
A good volume expander-compres¬ 

sor is a useful addition to any audio 
system, provided it doesn’t introduce 
unnecessary distortion and is easy to 
operate. 
The complete circuit of such a de¬ 

vice is shown in the diagram. It uses 
only three components, and connects 

directly between the output trans¬ 
former and the speaker voice-coil. It 
is designed for speaker impedances 
from one to eight ohms and for ampli¬ 
fiers in the 1-10 watt class. 

The operation depends on the char¬ 
acteristics of the #47 pilot bulb. The 
resistance of the bulb increases as 
more power is applied to the circuit; 
however, the thermal heat capacity of 
the filament is sufficient so that its 
resistance remains constant over sev¬ 
eral cycles of audio. This latter char¬ 
acteristic preserves the waveform of 
the audio. Some may find that the at¬ 
tack and decay times are far too long 
due to the thermal lag of the bulb’s 
filament, but the simple gadget is 
worth trying if this characteristic is 
not too objectionable. 

There is only one control to the 
compressor-expander: the potentiom¬ 
eter. This should be mounted near the 
volume control for greater conven¬ 
ience, since a change in the setting of 

Schematic of volume expander-compressor. 

the expander will affect the volume as 
well as the degree of expansion. 

In operation, the lamp will glow and 
also serve as a visual volume indi¬ 
cator. When testing the circuit for the 
first time, set the volume so that the 
bulb glows moderately brightly. Now 
by adjusting the potentiometer, you 
will find there will be a null point 
near the center of its range, where 
the sound will be weakest. This is the 
balance point of the resistance bridge, 
and the greatest degree of compres¬ 
sion will be found just below this 
point, and the greatest degree of ex¬ 
pansion just above this point. 
For moderate compression, turn all 

the way down; for moderate expan¬ 
sion, turn all the way up. 

For use as a squelch circuit, set the 
potentiometer to balance on noise; the 
signal will then unbalance the circuit 
and come through, when present, 
while in the absence of signal the 
noise is blocked-out. This is especially 
useful for playing old scratchy records 
since it not only squelches the scratch, 
but also expands the dynamic range 
of the record. 
In home recording, the compressor 

setting can be used when recording 
and the expander used on playback. 
A few words about the losses of the 

expander. You will need to set the 
volume control higher than usual to 
overcome the losses in this circuit. 
And these losses are greater near bal¬ 
ance where the most effective action 
takes place. If more power is needed, 
it should be added after the expander 
in the form of a power amplifier. 
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A Simplified Automatic Tone 

Two views of the automatic tone compen¬ 
sator. It is built on a small sub-chassis 
which can be put into amplifier chassis. 

Compensator 
By 

ED. C. MILLER 
Tech. Dir., Inland Broadcast Co. 

Details on a one-tube device which automatically boosts 

bass response at low audio levels. It is easy to build. 

SINCE the appearance of the author’s previous article on “The 
Auto-Tone” (Radio & Television 

News, April, 1954, page 54), many let¬ 
ters have been received asking for in¬ 
formation on a less critical and more 
easily built device to provide auto¬ 
matic bass boost at low volume levels. 
This article covers such a circuit, re¬ 
duced to its simplest practical form. 
The unit shown in the photographs 

and schematically in Fig. 1 differs 
from the previous automatic tone con¬ 
trol in many ways besides being of 
much simpler construction. Most sig¬ 
nificant, probably, is that because the 
control tube uses bias increasing in a 
negative direction with the application 
of signal, the control capacitor is in 
series with the plate impedance of the 
control tube, rather than in parallel. 
Fig. 2 is the equivalent circuit, with 
Ri, inserted in place of the plate re¬ 
sistance of the control tube. If capac¬ 
itor C in Fig. 2 is selected so that its 
reactance is large in relation to R.. at 
some frequency under consideration, 
changing the value of R, will have 
little or no effect on the output. But 
if the reactance of C is small in rela¬ 
tion to R.., and R, is at all times less 
than R,„ then changing the value of 
R. will have a marked effect on the 

output at that frequency. As the re¬ 
actance of a capacitor increases with 
a decrease in frequency, maximum 
control will take place at the higher 
frequencies. 

In effect, what we have is a volume 
expander that for a given range of in¬ 
put levels provides more expansion at 
the higher frequencies than at the 
bass frequencies. By proper selection 
of component values, a satisfactory 
expansion rate can be had that will be 
the same rate at all frequencies above 
about 500 cycles, with as much as a 
2 or 3 to 1 reduction in rate at 50 
cycles. 

At first it may seem improper to use 
volume expansion as a type of control. 
Actually, it is one of two choices: 1. 
linear reproduction of the middle and 
high range of audio, with compression 
of the bass frequencies at higher vol¬ 
ume levels; or 2. linear reproduction 
of a particular bass frequency with 
expansion of the middle and high fre¬ 
quencies. The use of the latter method 
adds about 15 db to the dynamic range 
of recording, if it is used with com¬ 
mercial pressings, and a similar 
amount of dynamic range increase in 
radio reception also (to a somewhat 
lesser extent, due to the sharp knee 
of the compression curve on broadcast 

Ri—2.2 megohm, Vz w. res. 
Ri, Rs—470,000 ohm, 
Ri, R"—1 megohm, */z '*'• ***• 
Rs, R?—4.7 megohm, Vz res > 
Rs—15,000 ohm, Vz w. res. 
Ci—500 ppfd., 400 v. capacitor 
Ct, Cs, Ci—.02 pfd., 400 V. capacitor 
Cs—.005 pfd., 400 V. capacitor 
Vi—12AX7 tube 

Fig. 1. Complete schematic of the automa¬ 
tic tone compensator. Parts are standard. 

Fig. 2. Equivalent circuit to that of Fig. 1. 
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transmitters). 
In Fig. 1, Ce is the capacitor that 

determines the amount of effective 
"bass-boost" at low volume levels. Re 
controls the amount of d.c. feedback 

Fig. 3. Measured per¬ 
formance of compen¬ 
sator over a 20 deci-

surface noise of the best LP discs- The 
r.m.s. sum IM distortion of the last two 
stages is, under any circumstances, en¬ 
tirely negligible, being on the order of 
0.2% at three volts output with the 
tone controls in flat position, the vol¬ 
ume control wide open, and a 27,000-
ohm resistor shunted across the output 
terminals. The IM distortion of the 
entire preamp on phono position is diffi¬ 
cult to measure because of the impos¬ 
sibility of leveling the response without 

affecting other factors, but it appears 
to be well under 0.6% with an input 
of about 30 mv. 
I'or some purposes a somewhat 

higher gain on the phono inputs may 
be desirable, and this may be had by 
substituting a 12AX7 for the 12AY7. 
The substitution does not involve any 
compromise whatever, and the only re¬ 
sult is to approximately double the 
gain of the unit on the high-gain in¬ 
put position. A very careful selection 
must, however, be made since many 

12AX7’s are quite microphonie. Dur¬ 
ing the experimental work one case 
was observed in which mechanical 
feedback from the speaker to the 
12AX7 was sufficient to cause singing 
at 500 cps even though the speaker 
cabinet was ten feet from the pream¬ 
plifier! It is probably wise to obtain-
premium tubes (6136 for 6AU6, and 
5751 for 12AX7) for particularly crit¬ 
ical applications. Shock-mounting the 
tubes may also prove helpful. 

A Plug-in “Presence" Equalizer 
By ALLAN M. FERRES 

THE mid-range, or “presence,” equal¬ izer is an interesting addition to any 
home high-fidelity installation. It 

furnishes a boost of up to 6 db at 
3000 cycles without affecting the re¬ 
sponse at the extreme ends of the 
frequency range. This type of equaliza¬ 
tion is often used in film and disc 
recording to emphasize solo voices and 
instruments. When used on speech re¬ 
production, the articulation factor, or 
"understandability,” is increased with¬ 
out producing the annoyance of exces¬ 
sive sibilance. 
In a home reproducing system the 

presence equalizer will not produce as 

Äz— 220,000 ohm, Vz w- res, 
Rt~—100,000 ohm, ^2 V. res, 
Rs—1 megohm reverse log laper or linear pot 
Ci—75 ppfd, mica capacitor 
Ct—100 fipfd, mica capacitor 
CHi—20 hy„ 1} ma. choke (Slancor C-lit} or 

equiv.) 
21—RCd-type phono jack 
Pl-RC A-type phono plug 

Fig. 1. Schematic of the equalizer unit. 

marked an effect as the bass or treble 
controls, but it will tend to highlight 
most solo instruments and for this 
reason it is a worthwhile attachment. 
The presence equalizer described 

here is a simple device which can be 
attached to the existing equipment 
between the equalizing preamp and 
the power amplifier. 

The circuit is simple and uses only 
a few standard, readily available parts. 
As can be seen in the schematic, Fig. 
1, the equalizer is basically a voltage 
divider, the series leg consisting of Rh 
shunted by C,, and the shunt leg, made 
up of a parallel tuned circuit, CH,-C2, 
in series with R. and R3. As CHt-C is 
resonant at 3000 cycles, the impedance 
of the shunt leg is highest at this fre¬ 
quency and the loss in the voltage 
divider is minimum, furnishing the 
mid-range boost. The amount of the 
boost is controlled by the total value 
of R. and R3 in series. The boost is 6 
db when R3 is set at minimum resis¬ 
tance and zero when set at maximum. 
Ci is used to compensate for high-
frequency losses caused by stray and 
cable capacities in the divider circuit. 
The frequency response curves of 

Fig. 2 are obtained when the input 
resistor of the power amplifier is about 
500,000 ohms, the usual value. If the 
input resistor is less than 470,000 
ohms, it should be changed to this 
value. If the resistor is 1.0 megohm, 
a 1.0 megohm resistor can be con¬ 
nected across the output cable of the 
equalizer and no wiring change will 
be necessary in the power amplifier. 
The length of the shielded leads to 

the preamp and the main amplifier 

Two views of author's home-built equal¬ 
izer. It is housed in a small box and 
uses standard, readily available parts. 

should be kept as short as possible 
to reduce the chance of hum pickup 
and uncompensated high-frequency 
loss. 
The construction of the presence 

equalizer can be seen in the photo¬ 
graphs. CH, is mounted on the bottom 
section of the case and wired into 
the circuit with its flexible leads. The 
pot should be wired so that minimum 
resistance is obtained when the control 
shaft is in the full clockwise position. 
The winding-to-core capacitance of the 
Stancor C-1515 choke used in this 
equalizer causes the circuit to resonate 
at 3000 cycles when the choke is 
shunted by the 100 wfd. capacitor. If 
another make of choke is used, the 
value of C3 may have to be changed 
to produce the required resonant fre¬ 
quency. 

The insertion loss varies between 4.8 
db and 10.5 db, depending upon the 
amount of boost. The usual type of 
equipment used in home high-fidelity 
installations has enough spare gain to 
compensate for this loss. 

As the choke is subject to hum pick¬ 
up from the magnetic fields of power 
transformers and tape machine and 
record player motors, the equalizer 
should not be mounted permanently 
until it has been determined that its 
position in relation to such hum-pro¬ 
ducing fields is correct for minimum 
hum. _j™u 
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K Simplified Automatic Tone 

Two views of the automatic tone compen¬ 
sator. It is built on a small sub-chassis 
which can be put into amplifier chassis. 

Compensator 
By 

ED. C. MILLER 
Tech. Dir.. Inland Broadcast Co. 

Details on a one-tube device which automatically boosts 

levels. It is easy to build. bass response at low audio 

SINCE the appearance of the author’s previous article on "The 
Auto-Tone” (Radio & Television 

News, April, 1954, page 54), many let¬ 
ters have been received asking for in¬ 
formation on a less critical and more 
easily built device to provide auto¬ 
matic bass boost at low volume levels. 
This article covers such a circuit, re¬ 
duced to its simplest practical form. 
The unit shown in the photographs 

and schematically in Fig. 1 differs 
from the previous automatic tone con¬ 
trol in many ways besides being of 
much simpler construction. Most sig¬ 
nificant, probably, is that because the 
control tube uses bias increasing in a 
negative direction with the application 
of signal, the control capacitor is in 
series with the plate impedance of the 
control tube, rather than in parallel. 
Fig. 2 is the equivalent circuit, with 
Rt inserted in place of the plate re¬ 
sistance of the control tube. If capac¬ 
itor C in Fig. 2 is selected so that its 
reactance is large in relation to R„ at 
some frequency under consideration, 
changing the value of R. will have 
little or no effect on the output. But 
if the reactance of C is small in rela¬ 
tion to Ra, and R* is at all times less 
than R.„ then changing the value of 
Rb will have a marked effect on the 

output at that frequency. As the re¬ 
actance of a capacitor increases with 
a decrease in frequency, maximum 
control will take place at the higher 
frequencies. 

In effect, what we have is a volume 
expander that for a given range of in¬ 
put levels provides more expansion at 
the higher frequencies than at the 
bass frequencies. By proper selection 
of component values, a satisfactory 
expansion rate can be had that will be 
the same rate at all frequencies above 
about 500 cycles, with as much as a 
2 or 3 to 1 reduction in rate at 50 
cycles. 

At first it may seem improper to use 
volume expansion as a type of control. 
Actually, it is one of two choices: 1. 
linear reproduction of the middle and 
high range of audio, with compression 
of the bass frequencies at higher vol¬ 
ume levels: or 2. linear reproduction 
of a particular bass frequency with 
expansion of the middle and high fre¬ 
quencies. The use of the latter method 
adds about 15 db to the dynamic range 
of recording, if it is used with com¬ 
mercial pressings, and a similar 
amount of dynamic range increase in 
radio reception also (to a somewhat 
lesser extent, due to the sharp knee 
of the compression curve on broadcast 

Ri—2.2 megohm, Vz w. res. 
Rt, Rs—470,000 ohm, y2
Rí, R*—1 megohm, */2 w. res. 
R¡, R?-4.7 megohm, V2 »'• rei ' 
Rs—15,000 ohm, y2 ». 
Ci—500 wfd., 400 V. capacitor 
Ct, Cs, C;—.02 pfd., 400 V. capacitor 
Cs—.005 pfd., 400 V. capacitor 
Vi—12AX7 tube 

Fig. 1. Complete schematic of the automa¬ 
tic tone compensator. Parts are standard. 
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FREOUENCY-CPS the main chassis of 

transmitters). 
In Fig. 1, Cs is the capacitor that 

determines the amount of effective 
“bass-boost” at low volume levels. R, 
controls the amount of d.c. feedback 
from the plate to grid of the control 
tube and, hence, the rate of expansion 
or control. The values shown will give 
an operating range in excess of 20 db, 
with a 1 kc. to 50 cps ratio of about 
2 to 1. 

The principle of operation is as fol¬ 
lows: functions as a diode recti¬ 
fier, providing a negative, filtered d.c. 
voltage on the grid of V1B proportional 
to the amount of applied audio signal. 
As this voltage increases, less current 
flows in Vi«, resulting in a higher plate 
impedance. As this impedance is in 
series with Cr„ the increasing imped¬ 
ance reduces the effectiveness of Co, 
and, hence, provides a more nearly flat 
response to all frequencies at the out¬ 
put. A portion of the voltage present 
at the plate of Vis is applied through 
a voltage divider network to its grid 
return, giving a sort of d.c. negative 
feedback, to control the sensitivity of 
the circuit and, to a certain extent, its 
linearity. 

In order that the level that deter¬ 
mines the amount of control is pri¬ 
marily from the middle and higher 
frequencies, Ct is made small so the 
amount of signal reaching the rectifier 
(Vu) is reduced at the lower frequen¬ 
cies. R, is a limiting resistor, whose 
purpose is to prevent undue loading of 
the input with sudden dynamic in¬ 
creases. C2, Cs, and R, form an RC 
filter network. R:. determines the re¬ 
covery rate (in conjunction with C-, 
Cs, Ct, and Re, Ra and R., the d.c. feed¬ 
back, or expansion rate. Because R: 
must be kept large (because it is ef¬ 
fectively in parallel with R* and the 
plate impedance of Via ), R, is the de¬ 
termining component. 
The unit pictured was built on a 

small subchassis to be mounted under 

Fig. 3. Measured per¬ 
formance of compen¬ 
sator over a 20 deci¬ 
bel range. The dotted 
line is change in hu¬ 
man ear response 
over a similar range 
of intensity. See text. 
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„ , an amplifier. With 
the layout shown, all but three of the 
necessary connections are made by the 
component leads themselves. This sim¬ 
plifies the wiring and also reduces the 
problems of hum and noise. There is 
no reason why this unit could be built 
only in this manner, though. Any 
method where good audio construction 
practices are employed, should be sat¬ 
isfactory. 
It should be remembered that there 

is a minimum loss of 15 db, also, that 
the unit should be inserted in an am¬ 
plifier at a point where there is about 
5.0 volts r.m.s. of audio present during 
normal programming. This circuit 
must follow any equalizers and pre¬ 
cede any tone controls. The volume 
control should be prior to this com¬ 
pensating device, so that manual ad¬ 
justment of the volume level will have 
the same effect as will changes in the 
intensity of particular passages of 
sound from the record or radio. 

The curves of Fig. 3 show the meas¬ 
ured performance of the unit over a 
20 db range. It can be seen how 
closely it follows the change in the 
human ear response over the same 
range (obtained from information sup¬ 
plied by the Acoustical Society of 
America). In taking these measure¬ 
ments, C, is shorted out, so that the 
control frequency and the controlled 
frequency can be the same. In actual 
operation, the controlling frequencies 
are primarily above 500 cycles because 
of the RC circuit used in the input of 

the rectifier. Using different tube 
types and various changes in Co and/or 
Ro, various amounts of control, over a 
wide range of frequencies, can be ob¬ 
tained. 
A switch can be inserted in the 

cathode of V,», if desired, to disable 
the circuit's operation. In this man¬ 
ner, the effectiveness of automatic 
tone compensation can be more easily 
realized by comparison. If the cathode 
of V„ is opened, the plate impedance 
will rise to its maximum, and the re¬ 
sponse of the circuit will be nearly flat 
over the audio range, with an inser¬ 
tion loss of 15 db. Closing the switch 
(grounding the cathode of V,«) will 
leave the response and insertion loss 
unchanged at high volume levels, but 
will increase the insertion loss at the 
middle and high frequencies on low 
volume levels. This, in effect, pro¬ 
vides an increase in the bass boost at 
lower volume levels, compensating for 
the non-linear intensity response of 
the human ear to low-frequency 
sounds. 
This circuit should not be consid¬ 

ered the solution to all audio prob¬ 
lems, but rather as a building block, 
in the continuing search for the repro¬ 
duction of sound in a small, acoustical¬ 
ly imperfect room in our home, that 
will closely resemble the original 
sound as recorded in an acoustically 
treated room, at a much louder sound 
intensity. When considered in this 
light, it performs its function simply 
and inexpensively. —BÖI-

By HAROLD REED 
Research and Engineering. U. S. Recording Company 

Details for constructing a bass boost-bass cut, treble 

boost-treble cut, dual-type tone compensating circi it. 

IN THE schematic diagrams of audio 
■ amplifiers, tone control circuits often 
appear complex and difficult to under¬ 
stand. Like any other electronic net¬ 
work, the circuit can be broken down 
from the seemingly complex configura¬ 
tion to simple equivalent circuits and 
then analyzed and the function of each 
component part clearly visualized. 
Actually the simple circuit of the 

coupling capacitor from the plate of 
one stage of a voltage amplifier to the 
grid of the following stage, in conjunc¬ 
tion with the grid resistor of the driven 

stage, affects the tone or frequency re¬ 
sponse of the amplifier. This circuit is 
shown in Fig. 1A and redrawn for 
analysis in Fig. IB. 
It can be seen that C and R con¬ 

stitute a voltage divider network and 
that the voltage available to the grid 
of V2 is that which appears across R. 
Neglecting the internal capacitances 
presented by the tubes and wiring ca¬ 
pacitances, the voltage across R which 
is available to V2, can be found by solv¬ 
ing the equation E. = Et LR/(R+Xo)], 
where X, is equal to 1/2t/c and / is the 

frequency in the audio range being con¬ 
sidered. This gives the approximate 
value of E.. To find the absolute value, 
still ignoring circuit capacities, we can¬ 
not combine R and X, by simple addi¬ 
tion. The absolute value is equal to 
the equation, E.=Et (R/y/^+X?). If 
the values of C and R are properly 
chosen there will be little attenuation 
at the selected reference frequency in 
the audio band, say between 400 and 
1000 cycles. It can be seen from the 
equation of Fig IB that this is a low-
frequency, or bass-attenuation, net¬ 
work. As the frequency of the signal 
from V, increases, the reactance of C 
decreases and a greater portion of the 
total value of E, appears across R and 
the grid of V2. With decreasing fre¬ 
quency of the signal from Vi, the re¬ 
actance of C increases, causing less of 
the signal voltage, Ei, to appear across 
R and the V2 grid. In other words, 
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of the network shown in diagram, 

sating effect of this network is 
in Fig. 4. 

It is beyond the scope of this 
to mathematically analyze each pos¬ 
sible configuration of Fig. 3. Those 
interested may break the circuit down 
into simpler arrangements for study 
and analysis as explained previously. 
For instance, Fig. 3, assuming that the 
arms of the dual controls are exactly 
at center position of the total resist¬ 
ance of the controls, might be redrawn 
to give the equivalent circuit of Fig. 5 
and so on for each circuit condition. 

For the reader interested in con¬ 
structing the tone compensating net¬ 
work just discussed, parts values are 
shown. Although dual controls for com¬ 
mercial sound reproducing systems are 
usually designed especially for such ap¬ 
plications, the home constructor may 
build a satisfactory network using the 
multi-section controls currently listed 
by International Resistance Co. These 
multi-section controls can be combined 
with the IRC "Q” controls for numer¬ 
ous dual-control combinations. They 
are attached to the single control in the 
same manner as an “on-off” power 
switch is added to a variable control. 
Fig. 5. Example of how the various cir¬ 
cuits can be redrawn for easy analysis. 

5BO 1330 

Fig. 2. Practical application of the cir¬ 
cuit discussed theoretically in Fig. 1C. 

of the signal from V\ is increased, the 
reactance of C becomes smaller and 
smaller and less of the signal voltage 
appears across C and the grid of Fa. 
The resistance, R, is usually made vari¬ 
able so that attenuation at the higher 
frequencies can be varied. For instance, 
if R consists of a 500,000 ohm poten¬ 
tiometer and C is a 270 wdd. capacitor, 
the attenuation from the reference 
point is variable, depending upon the 
setting of R which varies the ratio of 
Xe to R. Loss in db is again equal to 20 
log (EJEC or to 10 log [l+(//A)’L 
As an example, this network as used 

between the triode sections of a 12AX7 
with the output section functioning as 
a cathode follower, as shown in Fig. 2, 
the actual measured attenuation with 
the component part values shown was 
2 db at 1000 cycles, 16 db at 8000 cycles, 
and 24 db at 20,000 cycles when the 
500,000 ohm potentiometer arm was at 
position B. With the potentiometer arm 
at position A, the amplifier response is 
essentially flat over the audio frequen¬ 
cy band. 

High-fidelity amplifiers are usually 
equipped with controls for boosting or 
attenuating both the high and low fre¬ 
quencies. A circuit satisfying these 
operating conditions is given in Fig. 3. 
It consists of four capacitors, a single 
3 megohm potentiometer, and a 500,-
000/50,000 ohm potentiometer. 

It can be seen that this tone compen¬ 
sating network, working between the 
triode sections of a 12AX7 tube, pro¬ 
vided a treble cut of 17 db and a treble 
boost of 16 db at 20,000 cycles. The bass 
control effected a bass cut of 15 db and 
a bass boost of 16 db at 30 cycles. Of 
course, many variations of these control 
settings may be employed so that the 
listener may alter the frequency re¬ 
sponse of the amplifier to suit his par¬ 
ticular taste. A curve of the compen-

there is a greater voltage drop across 
C at the lower frequencies. The at¬ 
tenuation in decibels is equal to 20 log 
EjEi or may be found by using the 
equation db = 10 log [1 + (A//)2]> 
where A is the reference frequency at 
which R and X. are equal and / is the 
operating frequency or frequency at 
which the test is being made, referred 
to A-

Suppose we now reverse the positions 
of R and C as shown in Figs. 1C and 
ID. Ci is the usual interstage coupling 
capacitor and Ki the grid resistor of the 
following stage. This is the familiar 
type of tone control for high-frequency, 
or treble, attenuation. The 500,000 ohm 
potentiometer, Rt, is the volume con¬ 
trol. 

The equation E« = Ei [Xj(R 4- XJ] 
applies and R and C still constitute a 
voltage divider network, but E. appears 
across C instead of across R as oc¬ 
curred in the previous arrangement. 
Now, at low frequencies, the reactance 
of C becomes high and the greater por¬ 
tion of Ei appears across C and the 
grid of Fs. The signal voltage to F2 is 
then determined primarily by R and 
the grid resistor Ri. As the frequency 

27° — 
ppfd. 

Fig. 3. A dual-type tone compensating cir¬ 
cuit. Parts specifications are included. 

“1 330 

—^680 

2rfC 

ATTENUATION (db) = 20 LOG (E0/E¡) OR 

IO LOG [Htf/f)2] 

Fiq. 4. Curve of the compensating effect 
• - Fig. 3. 
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Fig. 1. (A) Frequency-sensitive circuit- -
Equivalent circuit redrawn for analysis. (C and D) Variations of circuit of (A). 
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A Simple Preamplifier 
By CHARLES P. BOEGLI 
Cincinnati Research Company 

and 
RAYMOND H. WILLIS 

Fig. 1. Front panel view of the preampli* 
her. It is housed in a wood case to per¬ 
mit its use on a table top but could, just 
as easily, be used in its chassis form. 

Construction details on a compact, versatile unit that 

provides an equalized low-impedance output of 0.5 volt 

and includes a highly effective tone-control circuit. 

A NUMBER of power amplifiers are now available which require con¬ 
siderably less than one volt r.m.s. to 

drive them to full output. One such 
amplifier was recently described in 
this magazine. The majority of pre¬ 
amplifiers, however, are usually de¬ 
signed to provide an output of one to 
two volts r.m.s., which would overload 
such amplifiers and lead to excessive 
distortion by driving them into the 
clipping region. 

It is possible, of course, to adjust 
the output level of a preamplifier by 
means of a volume control or voltage 
divider so that it will not introduce an 
overloaded condition. Such an expe¬ 
dient, though, is wasteful of gain and 
may lead to a poorer signal-to-noise 
ratio. Also, designing a preamplifier 
for high output may lead to more dis¬ 
tortion than would be the case in a 
low-output unit. Although such dis¬ 
tortion could be reduced by means of 
inverse feedback, it seems silly to de¬ 
sign a preamp capable of delivering 
two or three volts or more when less 
than one volt is required. 
Shown in Fig. 1 is a preamplifier 

designed specifically for those ampli¬ 
fiers requiring about .5 volt of drive 
for full output. It can, of course, be 
used with lower sensitivity amplifiers, 
but cannot drive them to full output.’ 
It is ideally suited for the 13-watt “in¬ 

finite-feedback” amplifier referred to 
previously. 
The output impedance of this pre¬ 

amplifier is quite low—comparable, in 
fact, to that of a cathode-follower. 
However, it should not be used with a 
power amplifier having a very low in¬ 
put impedance (less than 1000 ohms) 
such as the 35-watt "infinite-feedback” 
amplifier described some time ago in 
this magazine. It would be better to 
revamp the input circuit of such an 
amplifier so that it can be used with 
conventional preamps having a high 
output impedance. 

Circuit Design 

Earlier preamplifiers designed by one 
of the authors have always used a 
dual triode with a passive equalizer 
between the two sections, and have 
had a gain (at 1000 cps) of about 14. 
If a 10-millivolt cartridge is connected 
to such a preamplifier, the output sig¬ 
nal will be around 0.14 volt. This is 
a rather inconvenient figure; it is too 
low to be used directly, and if it is 
passed through even a low-mu triode 
with a gain of 15, it attains the value 
of 2.1 volts, which is too high for the 
present purpose. 
On the other hand, a 5879 low-noise 

pentode hás, when properly connected, 
a gain of about 150, and when it is 
followed by an equalizer of the type to 

be shown, the over-all gain is 2.4. The 
output from a 10-millivolt cartridge is 
0.024 volt, which can be passed through 
a medium-mu triode like a 12AY7 
(gain around 25) to obtain a signal of 
0.6 volt. 

With input signals as small as tnose 
delivered by a magnetic cartridge, 
there is little to choose between two 
triodes and one pentode as far as dis¬ 
tortion is concerned; both will be found 
negligibly small. The pentode has the 
advantage of low input capacity, an 
important consideration where the car¬ 
tridge to be used has a high inductance. 
The pentode also permits simplification 
of the power-supply filtering require¬ 
ments, since the signal from the car¬ 
tridge is raised to a level high enough 
to be non-critical before anything in 
the way of equalizing is done to it. 
Fig. 2 shows the circuit diagram of 

the complete preamplifier. The first 
stage is a 5879; the second, one-half of 
a 12AY7. Between these two stages is 
an equalizer switch essentially the 
same as that previously developed and 
considerably improved by Howell. The 
high output resistance of the first 
stage, however, permits the elimina¬ 
tion of the large equalizer input resis¬ 
tor. The first two stages are used only 
when the input-selector switch is 
turned to one of the two available 
phono positions. When the switch is 
turned to a low-gain input position the 
grid of the first stage is grounded. 
Tuners and other sources of signal 

to be connected to the low-gain inputs 
must be able to deliver at least 0.6 volt. 
The last two stages of the preamp have 
no gain; the first is a cathode-fol-
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Fig. 2. Schematic oi preamp. It can be used with one or two record players, an AM-FM tuner, or with two separate tuners. 

lower to which the tape-recorder out¬ 
put is directly connected. A volume 
control of low resistance also follows 
this stage, and the slider of the control 
is attached directly to the tone-control 
circuit. It has been found that with a 
low-resistance volume control like the 
one used here, there is no interaction 
of tone- and volume-control functions. 

The excellent tone-control circuit 
devised by Baxandall is used in exact¬ 
ly the form he recommended, includ¬ 
ing the high-gain pentode. The original 
article details the advantages of a 
pentode over a triode in this circuit. 
The gain of the tone-control stage is 
about 1.0 irrespective of the type of 
tube used in it but the distortion with 
the pentode is less than that resulting 
from the employment of a triode. It 
should be noted that the center tap of 
the treble control is connected directly 
to ground. Inserting a resistor here 
causes considerable loss of perform¬ 
ance and is not recommended. 

The output resistance of the pream¬ 
plifier with tone controls in flat posi¬ 
tion is about 5000 ohms. The frequency 
response consequently remains un¬ 
affected even though very long cables 
are used to connect preamplifier to 
amplifier. As a matter of fact, a 
capacity of 800 wfd. may be shunted 
across the output terminals before the 
response drops as much as 1 db at 
20,000 cps. 

Construction and Performance 

The preamplifier was constructed on 
a 5xl0x3-inch chassis in such a manner 
that it could be slipped into a finished 

wood case and used on a table top. 
Wiring was done mainly on 13-point 
Cinch-Jones terminal strips. Fig. 3 is 
an under-chassis view of the finished 
preamplifier. Except for the equalizer, 
parts tolerances are not critical. For 
the equalizer, resistors should be of 5% 
tolerance and capacitors should be 
checked with a bridge if at all possible. 

Rotating either the input or equalizer 
switch causes no audible clicks in the 

output even with the volume control 
fully open and with one phono input 
unterminated. With the input selector 
on a low-gain position, the hum level 
of the preamp-amplifier combined is 
no greater than that of the amplifier 
alone. On a high-gain position, tube 
noise becomes audible when the vol¬ 
ume control is wide open, but at 
normal settings it cannot be heard, and 
it is at any setting far less than the 

Fig. 3. Under chassis view. Terminal strips make for nectt construction. 
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surface noise of the best LP discs, The 
r.m.s. sum IM distortion of the last two 
stages is, under any circumstances, en¬ 
tirely negligible, being on the order of 
0.2% at three volts output with the 
tone controls in flat position, the vol¬ 
ume control wide open, and a 27,000-
ohm resistor shunted across the output 
terminals. The IM distortion of the 
entire preamp on phono position is diffi¬ 
cult to measure because of the impos¬ 
sibility of leveling the response without 

affecting other factors, but it appears 
to be well under 0.6% with an input 
of about 30 mv. 
For some purposes a somewhat 

higher gain on the phono inputs may 
be desirable, and this may be had by 
substituting a 12AX7 for the 12AY7. 
The substitution does not involve any 
compromise whatever, and the only re¬ 
sult is to approximately double the 
gain of the unit on the high-gain in¬ 
put position. A very careful selection 
must, however, be made since many 

12AX7’s are quite microphonie. Dur¬ 
ing the experimental work one case 
was observed in which mechanical 
feedback from the speaker to the 
12AX7 was sufficient to cause singing 
at 500 cps even though the speaker 
cabinet was ten feet from the pream¬ 
plifier! It is probably wise to obtain-
premium tubes (6136 for 6AU6, and 
5751 for 12AX7) for particularly crit¬ 
ical applications. Shock-mounting the 
tubes may also prove helpful. 

A Plug-in “Presence” Equalizer 
By ALLAN M. FERRES 

THE mid-range, or “presence,” equal¬ izer is an interesting addition to any 
home high-fidelity installation. It 

furnishes a boost of up to 6 db at 
3000 cycles without affecting the re¬ 
sponse at the extreme ends of the 
frequency range. This type of equaliza¬ 
tion is often used in film and disc 
recording to emphasize solo voices and 
instruments. When used on speech re¬ 
production, the articulation factor, or 
“understandability,” is increased with¬ 
out producing the annoyance of exces¬ 
sive sibilance. 
In a home reproducing system the 

presence equalizer will not produce as 

Ri—220.000 ohm. Y2 ». ret. 
Ri—100,000 ohm, ^2 w* 
Ri I megohm reverse log taper or linear pot 
Ci—75 ppfd. mica capacitor 
Ci—100 pptd. mica capacitor 
CHi—20 hy., 15 ma. choke (Stancor Cl 515 or 

equiv.) 
Ji—RCd-type phono jack 
Pi—RCA-type phono plug 

Fig. 1. Schematic of the equalizer unit. 

marked an effect as the bass or treble 
controls, but it will tend to highlight 
most solo instruments and for this 
reason it is a worthwhile attachment. 
The presence equalizer described 

here is a simple device which can be 
attached to the existing equipment 
between the equalizing preamp and 
the power amplifier. 
The circuit is simple and uses only 

a few standard, readily available parts. 
As can be seen in the schematic, Fig. 
1, the equalizer is basically a voltage 
divider, the series leg consisting of R„ 
shunted by Cb and the shunt leg, made 
up of a parallel tuned circuit, CH^C,, 
in series with R, and R,. As CH,-C2 is 
resonant at 3000 cycles, the impedance 
of the shunt leg is highest at this fre¬ 
quency and the loss in the voltage 
divider is minimum, furnishing the 
mid-range boost. The amount of the 
boost is controlled by the total value 
of R, and R, in series. The boost is 6 
db when R, is set at minimum resis¬ 
tance and zero when set at maximum. 
C, is used to compensate for high-
frequency losses caused by stray and 
cable capacities in the divider circuit. 
The frequency response curves of 

Fig. 2 are obtained when the input 
resistor of the power amplifier is about 
500,000 ohms, the usual value. If the 
input resistor is less than 470,000 
ohms, it should be changed to this 
value. If the resistor is 1.0 megohm, 
a 1.0 megohm resistor can be con¬ 
nected across the output cable of the 
equalizer and no wiring change will 
be necessary in the power amplifier. 
The length of the shielded leads to 

the preamp and the main amplifier 

Fig. 2. Frequency response curve of equalizer when input resistor of 
the power amplifier is about 500.000 ohms. See discussion in text. 

Two views of author's home-built equal¬ 
izer. It is housed in a small box and 
uses standard, readily available parts. 

should be kept as short as possible 
to reduce the chance of hum pickup 
and uncompensated high-frequency 
loss. 
The construction of the presence 

equalizer can be seen in the photo¬ 
graphs. CH, is mounted on the bottom 
section of the case and wired into 
the circuit with its flexible leads. The 
pot should be wired so that minimum 
resistance is obtained when the control 
shaft is in the full clockwise position. 
The winding-to-core capacitance of the 
Stancor C-1515 choke used in this 
equalizer causes the circuit to resonate 
at 3000 cycles when the choke is 
shunted by the 100 wfd. capacitor. If 
another make of choke is used, the 
value of C, may have to be changed 
to produce the required resonant fre¬ 
quency. 

The insertion loss varies between 4.8 
db and 10.5 db, depending upon the 
amount of boost. The usual type of 
equipment used in home high-fidelity 
installations has enough spare gain to 
compensate for this loss. 

As the choke is subject to hum pick¬ 
up from the magnetic fields of power 
transformers and tape machine and 
record player motors, the equalizer 
should not be mounted permanently 
until it has been determined that its 
position in relation to such hum-pro¬ 
ducing fields is correct for minimum 
hum. Jmk 

52 HI-FI ANNUAL & AUDIO HANDBOOK 



Garrard models change. Garrard ideals do not . Meaningful new features are added. 
Time-proven features are carefully retained. Gadgets, for the sake of gadgetry, are sternly rejected. 
The all-important fact to remember is that thirty-five years of experience in designing, testing, 
and building fine record players, guide us in offering you the present Garrard models. 

There's a Garrard for 
every high fidelity system 

Model 301 professional 
TRANSCRIPTION TURNTABLE 

Each speed variable! 
Each unit with its own 

performance test report $89.00 

Model TPA/10 transcription tone arm 
—Professional performance, 

jewel-like construction 
and exceptional 

versatility. $24.50 

Model T Mark n 
4-SPEED MANUAL PLAYER 

A superior unit for quality 
budget systems. $32.50 

Model RC98 4-speed super 
AUTO-MANUAL CHANGER 

Continuous + or—variable 
control on all speeds $67.50 

Model RC88 4-speed deluxe 
AUTO-MANUAL CHANGER 

Exclusive pusher platform 
protects your records. $54.50 

Model RC121 4-speed mixer 
AUTO-MANUAL CHANGER 

Fine performance with economy 
and compactness. $42.50 

For Information Write: 
1958 EDITION 

GARRARD SALES CORPORATION, Dept. G987, PORT WASHINGTON, N.Y. 
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EXTENDED RANGE DRIVERS LOW FREQUENCY DRIVERS 

130A,130B 

Deep magnetic gap and 
edgewood copper ribbon 
voice coil for most efficient 
(hence, most accurate) 
reproduction of lowest 
fundamentals. Ideal 
companion to the 175 DLH 
high frequency transducer. 

150-4, 150-4C 

Straight-sided cone with 
linear bellows suspension 
and edgewound copper 
ribbon voice coil gives 
distortion-free reproduction 
from 500 cps downwards. 
Used in the finest theaters 
throughout the world. 

DIVIDING 
NETWORKS 

N2600 Dual-Impedance 
Network 
Crossover ...2500 cps 
Input 
Impedance ..16 ohms 

Output Impedance 
16 or 32 ohms 

N1200 Impedance 
Compensated Network 
Crossover ...1200 cps 
Impedance ... 16 ohms 
Attenuation 

12 db/octave 

The Harlan C39 
Unobtrusive, 
yet unquestionably 
attractive. An 
acoustically efficient 
and highly versatile 
enclosure. Will accept 
practically any 
JBL Signature driver 
or system 

The Harkness C40 
A full-size rear-loaded 
horn m a modern 
lowboy cabinet. 
Exponentially flared 
6 foot horn exploits 
the full bass potential 
of any JBL 12 or 15 
inch driver. 

The C35 Console 
Reflex 
Rigidly constructed, 
pleasing in 
appearance, 
conforming to 
optimum acoustical 
design The C35 has 
long served as a 
standard of 
comparison. Will 
accommodate 12 or 
15 inch Signature 
systems. 

D208, D216 
Rated by many 
independent 
organizations as 
the highest 
quality 8-mch 
speakers 
obtainable. 
Ideal for wall 
mounting or 
limited-space 
installations. 

0123 
One of the most versatile 12 
speakers made. Three-inch 
voice coil and shallow cone 
for crisp high frequency 
definition - powerful 
magnetic structure for solid 
bass response and 
verbatim reproduction of 
transient wave-forms. 

0130, 0131 
The D130 is the basic 
element of any hi-fi system -
later serves as a low 
frequency driver for two-way 
operation. The D131 is a 
12 twin to the D130, 
differing only in diameter. 
Both employ 4 inch 
aluminum ribbon voice coils. 

The Hartsfield / C30 
Built to house the ultimate in 
reproducer components, the Hartsfield is 
internationally recognized as the 
first choice in speaker systems. 

■■no 

HIGH FREQUENCY REPRODUCERS 

ENCLOSURES 

375-537-509 
Driver-Horn-Lens Assembly 
The most outstanding 
high frequency reproducer ever 
offered to the audiophile. 
Used m the Hartsfield and in 
the finest theater systems. 
60 watts above 300 cps. 
flux density 20,000 gauss, 
weight 50 pounds 

Model 075 Ring Radiator 
The only unit 
employing an annular 
diaphragm. The entire 
horn throat is 
driven in exact phase 
relationship -
no phasing plugs 
or other loading 
devices. From 2500 cps 
to beyond audibility 
with unapproached 
linearity. 

175 DLH 
Driver-Horn Assembly 
Powerful driver and 
machined exponential 
horn coupled to a 
14-element acoustic 
lens - precisely 
computed to 
mathematical laws 
of wave refraction. 
1200 cycles upwards 
with uniform 
smoothness and clarity. 

_ 
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High Fidelity Performance with Milliard's 520 

Distortion and Phase Splitter Unbalance 

A Portable Audio Amplifier System 

Measuring Amplifier Damping Factor 

A 3-Channel Amplifier 
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Over-all view of power amplifier. The three fuses are mounted on the left flange while 
the "on-off" switch appears on the right flange. The large housing (which is vented 
at top and bottom) directly behind the tubes covers the output and power trans¬ 
formers and filter choke. The other components are mounted below the chassis. 

The original British-designed, power amplifier was 

conservatively rated at 20 watts. Actual tests 

showed an output of 36 watts with ,2°/o harmonic 

distortion. Maximum output is with .3 volt input. 

CONSIDERABLE international at¬ tention has been focused on a new 
audio output pentode, the EL34, 

recently introduced in England by 
Mullard Ltd., in view of the many 
American power amplifier designs 
based around this new tube. The cir¬ 
cuit described in this article is basical¬ 
ly an “Ultra-Linear” design that was 
originally worked up by Mullard Ltd. 
and published in “Wireless World." 
According to published data, it was 
rated at 20 watts with a total har¬ 
monic distortion of .05% at rated out¬ 
put. Actual tests by American stand¬ 

ards resulted in a rather surprising 
performance in that, instead of 20 
watts output, we were able to obtain 
up to 36 watts with a total harmonic 
distortion of .2%. 

Before going into the actual details 
of this power amplifier, let us review 
the basic requirements of amplifier de¬ 
signs that are important considera¬ 
tions for high-fidelity reproduction. 
Briefly, they are as follows: 
1. Low harmonic and intermodula¬ 

tion distortion 
2. Linear frequency response 

throughout the audible range 

By E. J. PORTO* 

3. Good response to transient sig¬ 
nals 
4. Low phase shift 
5. Low hum and noise level 
6. Enough power output to allow 

peaks to be reproduced without over¬ 
loading 

7. Low output resistance to provide 
electrical damping for the loudspeaker 
system 
8. Stability under feedback condi¬ 

tions 
Amplifier Designs 

A low level of inherent distortion 
can be obtained in a push-pull triode 
output stage operating under virtually 
Class A conditions. It is found that 
with 25-watt pentodes or tetrodes, 
wired as triodes, a power output of 
from 12-15 watts can be easily ob¬ 
tained with harmonic distortion levels 
below 1%, using a supply voltage of 
from 430-450 volts. 
The maximum power output and the 

corresponding distortion vary appre¬ 
ciably with the value of load imped¬ 
ance. Fig. 2 illustrates typical per¬ 
formance of the Mullard EL34 high 
slope output pentode, triode-connected, 
in a push-pull stage operating slightly 
below its rated plate dissipation of 25 
watts. 
Increasing interest is being shown 

in circuits employing distributed load¬ 
ing (“Ultra-Linear” operation) of the 
output stage (Fig. 1). These circuits 
apply negative feedback in the output 
stage itself. In the simplest form, the 
screen grids of the output tubes are 
fed from taps on the primary of the 
output transformer. The stage can be 
considered as one in which negative 
feedback is applied in a non-linear 
manner via the screen grids. The char¬ 
acteristics of the distributed load 
stage are intermediate between those 
for pentode and triode operation, ap¬ 
proaching triode operation as the per-

• International Electronics Corporation, 81 Sprinr 
Street, New York, New York 
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TABLE 1. 
THE MULLARD EL34 TUBE UNDER VARIOUS OPERATING CONDITIONS 

MODE OF 
OPERATION 

Ep 
(volts) 

Triode-connected 400 

Distributed-load 400 
(“Ultra-Linear' ’ ) 

Pentode-connected 330 
(push-pull) 

OPERATING CONDITIONS 

äs Rk Impedance Rg2
ts) (ohms) (P-P, ohms) (ohms) 

IM DISTORTION 
(in per-cent at) 

10 w. 14 w. 36 w. 
470 10K .4 

(each) 

400 470 6.6K 1000 .3 
(each) (each) 

330 130 3.4K 470 1.5 
(common) (common) 

2.0 4.0 
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centage of the primary winding com¬ 
mon to plate and screen-grid circuits 
increases. It is found that under op¬ 
timum conditions about two-thirds of 
the power-handling capacity of the 
corresponding pentode stage can be 
used with greatly reduced distortion, 
while at power levels corresponding 
to triode operation, a similar order of 
distortion is obtained. At the same 
time, the output impedance is reduced 
to a level approaching that obtained 
when a conventional push-pull triode 
stage is used. Such a stage can, there¬ 
fore, be used with pentodes of the 25-
watt class in high-quality amplifiers 
designed for power outputs well in ex¬ 
cess of 30 watts, the over-all power 
efficiency being much greater than 
with triode operation. 

Table 1 is a comparison of triode, 
pentode, and distributed-load opera¬ 
tion for the EL34. For tubes of the 
EL34 type, comparison with triode op¬ 
eration is of most interest. It will be 
seen that distributed-load operation 
enables the power-handling capacity 
to be more than double that possible 
with triode operation while, at the 
same time, distortion in the stage can 
be held to a very low level. Although 
with a common winding ratio of 0.2 
to 1 the distortion level is comparable 
to triode conditions, it has been found 
that appreciable improvement is ob¬ 
tained at higher power outputs if the 
common winding ratio is further in¬ 
creased. 

Fig. 1. Theoretical design tor "Ultra-
Linear" circuitry used in ampliiier. 
The percentage figure is turns ratio. 

From the figures of Table 1, little 
advantage would appear to be gained 
by further approaching triode condi¬ 
tions. There are, however, at least two 
advantages in using a tap at about 
40% of primary turns, particularly 
with the EL34 where a high power 
output is still available. In the first 
place, almost identical performance is 
obtained under cathode and fixed bias 
conditions since with a closer approach 
to Class A triode operation, variations 
in plate and screen grid currents are 
reduced when the stage is driven. Sec¬ 
ondly, as with normal triode operation, 
power output and distortion are less 
dependent on the precise value of the 
load impedance. With a primary tap 

Fig. 2. Performance curvea of two tri¬ 
ode-connected EL34 tube a In puah-pull. 
Refer to text for complete discussion. 

of about 40% of the turns, little 
change in performance is produced by 
a change in the plate-to-plate load im¬ 
pedance of 6000 to 9000 ohms. In addi¬ 
tion the output impedance of the stage 
is still further reduced by the use of 
the larger common winding ratio. 

Circuit Arrangements 

The next-to-the-last-stage of the am¬ 
plifier must be capable of providing a 

Fig. 3. Schematic of Mullard 520 amplifier. All parts are available at local parts jobbers. Maximum current drain for preamp is 40 ma. 

Ri, Rs—I megohm, Vi ». re«. 
Rs, Rs—4700 ohm, Vg ». res. 
Rs, Ris, Ria—2200 ohm, t/j »• re«. 
Rs-100 ohm, 1/2 w. res. 
Rs—100,000 ohm, Vj ». res. 
Ri—390,000 ohm, Vi *• re«. 
Rt—8200 ohm, 1/2 »■ re«. 
Ris—270,000 ohm, >/2 ». res. 
R11, Ris—180,000 ohm, Vi ». res. (Matched 

±5%, Ris to be greater than Ru) 
Ris, Ru-470,000 ohm, t/g *• re«. (Matched 
±3%) 

Ris—8200 ohm, l/g ». res, ±5% (for 16.ohm 
load) 

Ris, Ris-470 ohm, 5 ». wirewound res. ±5% 
(critical value) 

Rio —15,000 ohm, 1/2 », re«. 
Rsi, R11—1000 ohm, 1/2 tv. res. 
Cm—47 ßßfd. disc ceramic capacitor 
Ct—50 oÑ; 12 V. elec, capacitor 
Cs—.05 ßfd-, 400 ». capacitor 
Ci, Cs—8 ßfd., 450 V. elec, capacitor 
Cs—.25 ßfd., 400 V. capacitor 
Ct, Cs—.05 ßfd., 400 V. capacitor 
Ct—220 ßßfd. ceramic capacitor (for 16-ohm 

load) 
Cio, Cis—50 ßfd., 50 y. elec, capacitor 
Cis, Cis—8 ßfd., 500 V. elec, capacitor 
Li—8 hy, 180 ma., 145 ohm filler choke (Thor-

dation T-20-C-54 or VTC H-62) 
Fl, Fi—2 amp fuse 

Fs—250 ma. fuse 
Si—D.p.s.l. switch (Power "on-off”) 
Ti—Power trans. 400-0-400 v. @ 200 ma.; 5 

». @ 3 amps.; 6.3 ». cd. @ 5 amps. (Stancor 
PM-8412 or equiv.) 

Ts—Output trans. ( Any of the following may 
be used: Aero Products Company TO.300, 
6600 ohmi p-io-p, 4-8-16 ohms; Chicago-
Standard Transformer Corp. A-8072, 7600 
ohms p-to-p, 4-8-16 ihms; Dyne Company 
A-420, 6600 ohms p-to-p, 8-16 ohms; Part¬ 
ridge P3878, 6600 ohms p-lo-p, 4-16 ohms) 

V1—EF86 lube (Mullard) 
Vi—ECC83 lube (Mullard) 
Vs, Vs—EL34 lube (Mullard) 
Vs—CZ32 or GZ34 lube (Mullard) 
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LOOP GAIN 

Joop feedback from output/input, in¬ 
stability will occur if the loop gain ex-

THE literature is replete with de¬ signs for amplifiers and preampli¬ 
fiers whose main application is for 

living room use. However, there are 
many instances when the audio enthu¬ 
siast is called upon to furnish an am¬ 
plifier for parties, mobile public-ad-
dress work, and special events. He 
seldom relishes the task of disman¬ 
tling the living room amplifier, pro¬ 
viding suitable enclosures, and rigging 
up the requisite power supplies. It is 
for such applications that the author 
has designed a “universal” system that 
is convenient for such uses besides 
serving as a high quality entertain¬ 
ment or public-address amplifier for 
the home. 

Design Specifications 

The first consideration was the 
rated-power output of the amplifier. 
If the required acoustic power is 
known, the electrical power may be 
found from the relationship: 
Electrical Power = Acoustic Power/ 

Speaker Efficiency. 
It is unfortunate that the t\vo ex¬ 

pressions on the right side of the equa¬ 
tion are not easily established. Let us, 
therefore, make certain preliminary 
assumptions which will lead to expect¬ 
ed power requirements. The average 
orchestral intensity level has been 
found1 to be approximately 75 db above 
10"“ watt per square centimeter 
where 0 db is taken as the level of the 
weakest 1000 cps tone that can be 
heard by a normal ear in a silent 
room. Peak orchestral intensities up 
to 110 db have been measured with 
bass-drum-solo intensities reaching ap¬ 
proximately 113 db. 

The acoustic power required to pro¬ 
duce a level of 75 db depends upon the 
volume and reverberation time of the 
room in which it is to be heard. 
Mitchell2 has prepared data from 
which acoustic power may be deter¬ 
mined if the room dimensions and 
characteristics of the reflecting sur¬ 
faces with'n the room are known. For 
a room 30' x 20' x 10' (such as a game 
room), the acoustic power needed is on 
the order of 10 ’ watts. Assuming a 
speaker efficiency of 5%, the electrical 
power is found to be 10-I/(5 X IO"2) = 
0.0002 watt. If the peak intensity of 
115 db is to be reproduced, 2 watts of 
electrical power will be needed; and, 
with a 6 db margin, an amplifier with 
8 watts of electrical power will be suf¬ 
ficient. Since it is customary to rate 
amplifiers in this power region in mul¬ 
tiples of 5, the amplifier to be de¬ 
scribed was designed for 10 watts out¬ 
put. 

Audio Amplifier 
System 

Matching preamp with operating con¬ 
trols is shown at the left, with the as¬ 

sociated power amplifier unit at the right. 

By 
RICHARD T. BUESING 

Comm. Sec., Tech. Prod. Dept. 
General Electric Company 

Can. be operated, from 6- or 12-volt battery supply or 
from a.c. line. Power amplifier and matching preamp 

provide a 10-watt audio output with low distortion. 

It is recognized that outdoor public¬ 
address work means that the intensity 
level will vary inversely as the square 
of the distance from the source, thus 
demanding more power for large areas. 
With re-entrant horns or compound¬ 
diffraction projectors, conversion effi¬ 
ciencies of 30% to 40% may be ex¬ 
pected as compared to the 5% more 
typical of cone speakers, thus helping 
to compensate for the added power 
required. 

It was decided, at the outset, that 
no compromise in performance would 
be tolerated ih order to achieve a com¬ 
pact and economical design. Since the 
best ears can perceive frequencies 
from 16 to 22,000 cps at intensities 
near the threshold of pain, there is no 
reason to exceed this bandwidth and 
very little reason to attempt to equal 
it. It was decided to hold to broadcast 
practice and design the main amplifier 
with a frequency response of 30 to 
15,000 cps ±1 db from a 1000 cps ref¬ 
erence. 
Bandwidth and power output speci¬ 

fications, in themselves, are relatively 
easy to meet until a distortion speci¬ 
fication at rated power output is set. 
With a total harmonic distortion on 

the order of 1%, few critical listeners 
are offended, thus 1% over the 30 to 
15,000 cps band was chosen as the de¬ 
sign specification. The intermodula¬ 
tion distortion compared to 1% har¬ 
monic distortion is approximately 4%. 
It is extremely important, in any am¬ 
plifier design, not to be content with 
measuring the single-frequency distor¬ 
tion at the output. Internal feedback 
and non-linearities may cause cancel¬ 
lations that yield meaningless results 
when only the output is measured. It 
can be shown philosophically and dem¬ 
onstrated experimentally that two 
stages whose harmonic distortions are 
3% may result in a measured distor¬ 
tion of, say, 1% at the output. The 
r.m.s. of the individual stage distor¬ 
tion, however, indicates the true per¬ 
formance of the amplifier. This is the 
reason for measuring the intermodula¬ 
tion, which takes into account the sum 
and difference products of each stage. 

Finally, it was desired that the hum 
and noise level at the output of the 
main amplifier be at least 70 db below 
rated output. 

In the preamplifier, it was deemed 
desirable to include four controls: 
"Loudness/Volume,” “Treble,” "Bass,” 
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centage of the primary winding com¬ 
mon to plate and screen-grid circuits 
increases. It is found that under op¬ 
timum conditions about two-thirds of 
the power-handling capacity of the 
corresponding pentode stage can be 
used with greatly reduced distortion, 
while at power levels corresponding 
to triode operation, a similar order of 
distortion is obtained. At the same 
time, the output impedance is reduced 
to a level approaching that obtained 
when a conventional push-pull triode 
stage is used. Such a stage can, there¬ 
fore, be used with pentodes of the 25-
watt class in high-quality amplifiers 
designed for power outputs well in ex¬ 
cess of 30 watts, the over-all power 
efficiency being much greater than 
with triode operation. 
Table 1 is a comparison of triode, 

pentode, and distributed-load opera¬ 
tion for the EL34. For tubes of the 
EL34 type, comparison with triode op¬ 
eration is of most interest. It will be 
seen that distributed-load operation 
enables the power-handling capacity 
to be more than double that possible 
with triode operation while, at the 
same time, distortion in the stage can 
be held to a very low level. Although 
with a common winding ratio of 0.2 
to 1 the distortion level is comparable 
to triode conditions, it has been found 
that appreciable improvement is ob¬ 
tained at higher power outputs if the 
common winding ratio is further in¬ 
creased. 

Fig. 1. Theoretical design for "Ultra-
Linear" circuitry used in amplifier. 
The percentage figure is turns ratio. 

From the figures of Table 1, little 
advantage would appear to be gained 
by further approaching triode condi¬ 
tions. There are, however, at least two 
advantages in using a tap at about 
40% of primary turns, particularly 
with the EL34 where a high power 
output is still available. In the first 
place, almost identical performance is 
obtained under cathode and fixed bias 
conditions since with a closer approach 
to Class A triode operation, variations 
in plate and screen grid currents are 
reduced when the stage is driven. Sec¬ 
ondly, as with normal triode operation, 
power output and distortion are less 
dependent on the precise value of the 
load impedance. With a primary tap 

Fig. 2. Performance curve* of two tri¬ 
ode-connected EL34 tube* In puih-pull. 
Refer to text for complete dl*cu»ion. 

of about 40% of the turns, little 
change in performance is produced by 
a change in the plate-to-plate load im¬ 
pedance of 6000 to 9000 ohms. In addi¬ 
tion the output impedance of the stage 
is still further reduced by the use of 
the larger common winding ratio. 

Circuit Arrangements 

The next-to-the-last-stage of the am¬ 
plifier must be capable of providing a 

Fig. 3. Schematic of Mullard 520 amplifier. All part* are available at local part* jobber*. Maximum current drain for preamp 1* 40 ma. 

Ri, R*—1 megohm, Vi w. res. 
Rt, Rs—4700 ohm, Vi w. res. 
Rs, Ra, Ris—2200 ohm, V2 res ' 
Ri—100 ohm, Vj w. res. 
Re—100,000 ohm, V2 w. res. 
R?—390,000 ohm, V2 rti-
Rs—8200 ohm, V2 >. res. 
Rio—270,000 ohm, */j >. res. 
R11, Ris—180,000 ohm, ». res. (Matched 
±5%, Rn to be greater than Ru) 

Ris, Ru—470,000 ohm, ^2 ret- (Matched 
±5%) 

Ru—8200 ohm, fes. ±5% (for 16-ohm 
load) 

Rn, Rut— 470 ohm, 5 w. wirewound res. ±5% 
(critical value) 

Rio—15,000 ohm, V2 •'» ***• 
Rn, Ru—1000 ohm, Vi w. res. 
Ci-t—47 ßßfd. disc ceramic capacitor 
Cs—50 ßfd., 12 V. elec, capacitor 
Cs—.05 ßfd., 400 y. capacitor 
Ci, C»—8 ßfd., 450 y. elec, capacitor 
Cs—.25 ßfd., 400 y. capacitor 
Ce, Ci—.05 ßfd., 400 y. capacitor 
Ct—220 ßßfd. ceramic capacitor (for 16-ohm 

load) 
Cie, C11—50 ßfd., 50 y. elec, capacitor 
Cis, Cis—8 ßfd., 500 y._ elec, capacitor 
Li—8 hy, 180 ma., 145 ohm filter choke (Thor-

darson T-20-C-54 or UTC H-62) 
Fi, Fs—2 amp fuse 

Fs—250 ma. fuse 
Si—D.p.s.t. switch (Power "on-oft") 
Tr— Power trans. 400-0-400 y. @ 200 ma.; 5 

t. @ 3 amps.; 6.3 y. cJ. @ 5 amps. (Stancor 
PM-8412 or equir.) 

Tn—Output trans. (Any of the following may 
be used: Aero Products Company TO-300, 
6600 ohms p-to-p, 4-8-16 ohms; Chicago-
Standard Transformer Corp. A-8072, 7600 
ohms p-to-p, 4-8-16 ohms; Dyna Company 
A-420, 6600 ohms p-to-p, 8-16 ohms; Part¬ 
ridge P3878, 6600 ohms p-to-p, 4-16 ohms) 

V t—EF86 tube (Mullard) 
Vt—ECC83 tube (Mullard) 
Vs, V1—EL34 tube (Mullard) 
Vs—GZ32 or GZ34 tube (Mullard) 
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Fig. 4. Loop gain, frequency response, and phase characteristics. Over-all fre¬ 
quency response at 36 watt operation is flat, 30 to 20,000 cycles-per-second. 

TABLE 2. 
SUMMARY OF PERFORMANCE CHARACTERISTICS OF THE 

POWER AMPLIFIER 

Power output: 
Frequency response: (at 36 watts) 
Harmonic distortion: (at 400 cps) 
IM distortion: (40 to 10,000 cps, 4:1 ratio) 

Hum and noise: 
Sensitivity : 
Damping factor; 

36 watts ; 30 to 20,000 cps 
within 1 db from 20 to 20,000 cps 
.05% at 20 watts, .2% at 36 watts 
.8% with peak corresponding to 36 
watts sine-wave power 

— 89 db (relative to 36 watts) 
.3 volt for 36 watt output 
50 

well, balanced push-pull drive of ade¬ 
quate amplitude and low distortion 
content. With the EL34 the maximum 
drive voltage required is approximately 
2 X 25 volts r.m.s. Input voltage re¬ 
quirements are similar for triode, pen¬ 
tode, or distributed-load operation. 

Bearing in mind the need to insure 
stability when feedback is applied over 
the whole amplifier, the circuit should 
contain the minimum number of 
stages in order to reduce phase shifts. 
If the function of phase splitting and 
amplification can be combined in the 
next-to-the-last-stage, so much the 
better. This can be conveniently 
achieved by using a cathode-coupled 
form of phase splitter. A high degree 
of balance is possible with this circuit, 
combined with a low distortion level 
at maximum drive to the output stage. 
By using a high-impedance double tri¬ 
ode, an effective gain of about 25 
times can be obtained simultaneously. 
This, combined with a preceding high-

gain stage, enables a high over-all 
sensitivity to be obtained, even when 
a large amount of negative feedback is 
used. A high sensitivity in the main 
amplifier enables the output voltage 
requirements of preamplifier and tone 
control circuits to be reduced, thereby 
enabling low distortion to be more 
easily achieved in these circuits. It 
should be remembered that circuits 
preceding the main amplifier must be 
capable of handling, without appre¬ 
ciable distortion, voltages which are 
much greater than those necessary to 
load the amplifier fully. 
With the use of such tubes as the 

EF86, which is particularly suited for 
use in a. high-sensitivity input stage 
due to its low hum and noise levels, 
it is found that when feedback is ap¬ 
plied, input sensitivities of 100 to 300 
millivolts for 36-watt output can be 
achieved while keeping hum and noise 
levels extremely low. 
In an amplifier employing single¬ 

Fig. 5. Harmonic distortion and Input/output character1 stlc» of the amplifier. 

loop feedback from output/input, in¬ 
stability will occur if the loop gain ex¬ 
ceeds unity at frequencies for which 
the total phase shift around the loop 
becomes either 0° or 360° and so ren¬ 
ders the feedback signal in-phase with 
the input. The conditions for negative 
feedback imply a phase change of 180° 
so that instability is approached as the 
additional phase shift in the amplifier 
and feedback network approaches 180°. 

It is, therefore, necessary to control 
the amplifier characteristics over a 
frequency range greatly in excess of 
the designed working band. As the de¬ 
gree of feedback increases, control be¬ 
comes more difficult and is usually 
limited by the leakage inductance, 
self-capacitance, and primary induc¬ 
tance of the output transformer. It is 
quite difficult in practice to provide a 
constant and high level of feedback 
over the whole audible range in a 
3- or 4-stage amplifier where the main 
feedback loop includes the whole cir¬ 
cuit and the output transformer. An 
adequate margin of stability in such 
circumstances is very difficult to ob¬ 
tain. Thus it is more usual to find 
that the effective feedback decreases 
towards the upper and lower audible 
frequencies. The Mullard 520 circuit 
is especially designed and engineered 
to maintain a constant degree of feed¬ 
back throughout the audible range. 
The performance of any high-qual¬ 

ity amplifier is, ultimately, dependent 
on the quality of the output trans¬ 
former. The use of distributed-load 
conditions does not modify the essen¬ 
tial requirement of a first-class com¬ 
ponent; on the contrary, ,the output 
transformer may be a more critical 
component since precise balance of 
primary windings must be maintained. 
We can summarize by stating that 

with the introduction of distributed-
load operation using the Mullard EL34 
output pentode we can design efficient 
high-quality amplifiers with very high 
power handling capacities to repro¬ 
duce the widest dynamic range of mod¬ 
ern program sources. 

Construction Details 

The plate-to-p!ate loading of the 
output stage is 6600 ohms and with a 
feed voltage of approximately 440 at 
the center-tap of the output trans¬ 
former primary the combined anode 
and screen-grid dissipation of the out¬ 
put tubes is 28 watts per tube. With the 
particular screen - grid-to-plate - turns 
ratio used, it has been found that im¬ 
proved linearity is obtained at power 
levels above 15 watts when resistors on 
the order of 1000 ohms are inserted in 
the screen-grid feeds. The slight re¬ 
duction in peak power-handling capac¬ 
ity which results is not significant in 
practice. Separate cathode-bias re¬ 
sistors are used to limit the out-of¬ 
balance d.c. current in the output 
transformer primary; the use of fur¬ 
ther d.c. balancing arrangements in 
the output stage has not been consid¬ 
ered necessary primarily because of 
the uniform characteristics of the 
EL34. It is necessary, in this type of 
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output stage, that the cathodes be by¬ 
passed to ground even when a com¬ 
mon cathode resistor is used. 
The power supply is conventional 

and uses a Mullard GZ32 or GZ34 in¬ 
directly-heated, full-wave rectifier with 
capacitor input filter. 
The driver stage uses a Mullard 

ECC83 twin-triode and fulfills the com¬ 
bined function of phase splitter and 
driver amplifier. It is of the cathode-
coupled type and enables a high de¬ 
gree of push-pull balance to be ob¬ 
tained. 

The first stage is a high-gain pen¬ 
tode voltage amplifier using an EF86 
low-hum pentode. High-stability car¬ 
bon resistors are used in plate, screen¬ 
grid, and cathode circuits and give ap¬ 
preciable improvement in measured 
background noise level as compared 
with ordinary carbon resistors. This 
stage is d.c.-coupled to the input grid 
of the phase splitter in order to mini¬ 
mize low-frequency phase shift in the 

amplifier and improve low-frequency 
stability when feedback is applied. 

Despite the high degree of negative 
feedback used in the present design, 
an adequate margin of stability has 
been achieved. Complete stability is 
maintained under open-circuit condi¬ 
tions in this circuit. An increase in 
feedback of at least 10 db, obtained by 
reducing the value of Rm, should be 
possible before signs of high-frequency 
instability occur. The loop gain, over¬ 
all frequency response, and phase shift 
characteristics of the whole amplifier 
are shown in Fig. 4. 
The harmonic distortion of this am¬ 

plifier at 400 cps, measured without 
feedback under resistive load condi¬ 
tions, is shown in Fig. 5. The distor¬ 
tion curve towards the overload point 
is also shown for feedback conditions. 
At the 20-watt level the distortion 
level without feedback is well below 
1% and with feedback applied falls to 
below 0.05%. Harmonic distortion at 

400 cps reaches 0.2% at approximate¬ 
ly 36 watts output. The loop gain 
characteristics are such that at least 
20 db feedback is maintained from 15 
to 25,000 cps. 
Measurement of intermodulation 

products has been made, using a car¬ 
rier frequency of 10,000 cps, and a 
modulating frequency of 40 cps, with 
a ratio of 40 to 10,000 cps amplitudes 
of 4:1. With the combined peak am¬ 
plitude of the mixed output at a level 
corresponding to the peak sine wave 
amplitude at 36 watts r.m.s. power, 
intermodulation products expressed in 
r.m.s. terms totaled 0.8% of the 10,000 
cps carrier amplitude. 

The sensitivity of the amplifier is 
approximately 0.3 volt for 36 watts 
output. The background level in this 
amplifier was 89 db below at 36 watts, 
measured with a source resistance of 
10,000 ohms. 

-30-

By NATHAN O. SOKAL 
Massachusetts Institute of Technology DISTORTION & PHASE-SPLITTER 

UNBALANCE 
IN PUSH-PULL AMPLIFIERS 
ALMOST all of the published material on high-fidelity audio amplifiers 
stresses the need for precise balancing 
of the phase splitter used in push-pull 
amplifiers. Various authors have their 
pet phase-splitters; the one most com¬ 
monly used is the split-load circuit 
shown in Fig. 1. The cathode and plate 
resistors, Rk and Rl, are usually 
matched within 1 per-cent, as are also 
the following grid resistors, R,i and 
R,-. The purpose of the matching is to 
get exactly equal a.c. voltages of op¬ 
posite phase from the two outputs of 
the phase splitter. This precise bal¬ 
ancing is quite useless and unneces¬ 
sary—and even tends to defeat its own 
purpose. Why? Let us examine the 
reasons behind the balancing. 

Push-pull connection of the output 
tubes cancels even-harmonic distortion 
Fig. 1. A widely used split-load phase 
splitter. The pairs of resistors are usually 
matched to within plus/minus one per-cent. 

generated by the tubes if their grid 
drives, plate loadings, and d.c. oper¬ 
ating conditions are the same. This, 
then, is the reason behind the desire 
for equal drive on the tubes. However, 
the reasoning is based on the assump¬ 
tion that the output tubes have iden¬ 
tical transfer characteristics. In actual 
practice, this is likely to be far from 
true. An idea of the range of charac¬ 
teristics from one tube to another of 
the same type can be had from the 
JAN specifications for the 6L6, a pop¬ 
ular audio-output tube. A brand-new 
6L6 can have a between 5200 and 
6800 micromhos (under standard test 
conditions) and the “end of life” is 
considered to be when the drops to 
4500 micromhos. There can be a differ¬ 
ence in g™ of as much as 40 per-cent 
between two "good” 6L6’s. Of course, 
they are not all that bad, but you get 
the idea. 

It is true that d.c. balancing of the 
output tubes tends to equalize their 
characteristics, but this is only a par¬ 
tial correction. The result of the re¬ 
maining difference between the tubes 
is simply that the even harmonics are 
not completely cancelled. (It should 
also be noted that for exactly the same 
reason, the driver tubes can add still 
more noncancellation to that caused 
by the output tubes.) The net effect 
of all this is that the “push” and “pull” 
halves of the amplifier can easily have 
gains differing by 50 per-cent. What, 
then, is the sense of equalizing the 
phase-splitter outputs to within 1 per¬ 
cent? 

Now, if you want more nearly per¬ 
fect cancellation of distortion (and it 
could be a moot point), what you can 
do is make the phase-splitter outputs 
enough unequal to compensate for the 
unequal gains of the “push” and “pull” 
halves of the amplifier. This can be 
done by making one of the phase-split¬ 
ter loads adjustable, as shown in Fig. 
2. The “a.c. balance” potentiometer is 
then set to give equal a.c. currents in 
the output tubes. (This is approxi¬ 
mately the condition for best cancella¬ 
tion of distortion.) The results of this 
setup on an “Ultra-Linear Williamson” 
amplifier are shown in Fig. 3, where 
harmonic distortion of a 1 kc. input is 
plotted against power output for two 
conditions : 

1. Equal resistors in the phase-split¬ 
ter (dotted curve) 

2. Potentiometer set for a.c. current 
balance in the output tubes (solid 
curve) 
In both cases the direct currents were 

(Continued on page 65) 

Fig. 2. Adjustable phase splitter. The "a.c. 
balance" potentiometer is set to give 
egual a.c. current in the output tubes. 
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THE literature is replete with de¬ signs for amplifiers and preampli¬ 
fiers whose main application is for 

living room use. However, there are 
many instances when the audio enthu¬ 
siast is called upon to furnish an am¬ 
plifier for parties, mobile public-ad¬ 
dress work, and special events. He 
seldom relishes the task of disman¬ 
tling the living room amplifier, pro¬ 
viding suitable enclosures, and rigging 
up the requisite power supplies. It is 
for such applications that the author 
has designed a "universal” system that 
is convenient for such uses besides 
serving as a high quality entertain¬ 
ment or public-address amplifier for 
the home. 

Design Specifications 

The first consideration was the 
rated-power output of the amplifier. 
If the required acoustic power is 
known, the electrical power may be 
found from the relationship: 
Electrical Power = Acoustic Power/ 

Speaker Efficiency. 

Audio Amplifier < 
System 

By 
RICHARD T. BUESING 

Comm. Sec., Tech. Prod. Dept; 
General Electric Company 

Matching preamp with operating con¬ 
trols is shown at the left, with the as¬ 

sociated power amplifier unit at the right. 
It is unfortunate that the t\vo ex-

Can be operated from. 6- or 12-volt battery supply or 
from a.c. line. Power amplifier and matching preamp 

provide a 10-watt audio output with low distortion. 

pressions on the right side of the equa¬ 
tion are not easily established. Let us, 
therefore, make certain preliminary 
assumptions which will lead to expect¬ 
ed power requirements. The average 
orchestral intensity level has been 
found1 to be approximately 75 db above 
10"“ watt per square centimeter 
where 0 db is taken as the level of the 
weakest 1000 cps tone that can be 
heard by a normal ear in a silent 
room. Peak orchestral intensities up 
to 110 db have been measured with 
bass-drum-solo intensities reaching ap¬ 
proximately 113 db. 

The acoustic power required to pro¬ 
duce a level of 75 db depends upon the 
volume and reverberation time of the 
room in which it is to be heard. 
Mitchell’ has prepared data from 
which acoustic power may be deter¬ 
mined if the room dimensions and 
characteristics of the reflecting sur¬ 
faces withm the room are known. For 
a room 30'x 20'x 10' (such as a game 
room), the acoustic power needed is on 
the order of 10^ watts. Assuming a 
speaker efficiency of 5%, the electrical 
power is found to be 10’7(5 X 10’’) = 
0.0002 watt. If the peak intensity of 
115 db is to be reproduced, 2 watts of 
electrical power will be needed; and, 
with a 6 db margin, an amplifier with 
8 watts of electrical power will be suf¬ 
ficient. Since it is customary to rate 
amplifiers in this power region in mul¬ 
tiples of 5, the amplifier to be de¬ 
scribed was designed for 10 watts out¬ 
put. 

It is recognized that outdoor public¬ 
address work means that the intensity 
level will vary inversely as the square 
of the distance from the source, thus 
demanding more power for large areas. 
With re-entrant horns or compound¬ 
diffraction projectors, conversion effi¬ 
ciencies of 30% to 40% may be ex¬ 
pected as compared to the 5% more 
typical of cone speakers, thus helping 
to compensate for the added power 
required. 

It was decided, at the outset, that 
no compromise in performance would 
be tolerated ih order to achieve a com¬ 
pact and economical design. Since the 
best ears can perceive frequencies 
from 16 to 22,000 cps at intensities 
near the threshold of pain, there is no 
reason to exceed this bandwidth and 
very little reason to attempt to equal 
it. It was decided to hold to broadcast 
practice and design the main amplifier 
with a frequency response of 30 to 
15,000 cps ±1 db from a 1000 cps ref¬ 
erence. 
Bandwidth and power output speci¬ 

fications, in themselves, are relatively 
easy to meet until a distortion speci¬ 
fication at rated power output is set. 
With a total harmonic distortion on 

the order of 1%, few critical listeners 
are offended, thus 1% over the 30 to 
15,000 cps band was chosen as the de¬ 
sign specification. The intermodula¬ 
tion distortion compared to 1% har¬ 
monic distortion is approximately 4%. 
It is extremely important, in any am¬ 
plifier design, not to be content with 
measuring the single-frequency distor¬ 
tion at the output. Internal feedback 
and non-linearities may cause cancel¬ 
lations that yield meaningless results 
when only the output is measured. It 
can be shown philosophically and dem¬ 
onstrated experimentally that two 
stages whose harmonic distortions are 
3% may result in a measured distor¬ 
tion of, say, 1% at the output. The 
r.m.s. of the individual stage distor¬ 
tion, however, indicates the true per¬ 
formance of the amplifier. This is the 
reason for measuring the intermodula¬ 
tion, which takes into account the sum 
and difference products of each stage. 

Finally, it was desired that the hum 
and noise level at the output of the 
main amplifier be at least 70 db below 
rated output. 
In the preamplifier, it was deemed 

desirable to include four controls : 
“Loudness/Volume,” “Treble,” "Bass,” 
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Complete schematic diagram oi the power amplifier and rectifier circuit portions of the portable high-quality audio system. 

and microphone “Mixer.” Provision 
for equalization of the "New Ortho¬ 
phonie,” AES, LP, and European 78 
recording curves was made, but only 
the “New Orthophonie” equalization 
was incorporated. 

With the current controversy over 
loudness controls, it was decided that 
a “universal” amplifier should have 
provision for operating the front panel 
control either as a loudness or volume 
control, hence the circuit to be de¬ 
scribed. 

The treble control was designed for 
either boost or droop, the mid-position 
being flat. This allows “shading” the 

equalization more closely for differ¬ 
ences in room acoustics, playback level, 
and other recording curves. The bass 
control was designed for boost only, 
since bass droop is used so seldom. 
When bass droop is desired, the opera¬ 
tion of the loudness control as a vol¬ 
ume control removes the Fletcher-
Munson compensation and gives the 
illusion of bass droop. 
Microphone mixer controls are gen¬ 

erally of multi-element or multi-stage 
design and were not felt to be suffi¬ 
ciently economical of space to warrant 
their use in this application. A new 
and novel mixer-fader circuit (Patent 

Applied For) was developed for this 
use. 

Again in the preamplifier, it was the 
designer’s purpose to provide a circuit 
with negligible distortion, 1.0% har¬ 
monic distortion being considered tol¬ 
erable. Hum and noise 70 db below 
full output was the accepted goal. 
In order to meet the requirements 

set forth in the first paragraph, it was 
mandatory that both amplifier and 
preamplifier be capable of being op¬ 
erated from primary sources of 117 
volts a.c., 6 volts d e., or 12 volts d.c. 
The following step was to deter¬ 

mine an acceptable packaging arrange-
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A Top view of the power ampli¬ 
fier with top and side panels 

removed. The audio output trans¬ 
former can be clearly seen near 
the center of the chassis, while 
the power transformer is at the 
left. The four amplifier tubes, 
the electrolytic filter capacitors, 
and impedance selector switch 
are also visible on the chassis. 

Underside of the power am-
plifier unit. Note the use of the 
ground bus Immediately to the right 
of the line of four tube sockets for 
the amplifier tubes. All components 
are rigidly mounted so that the vi¬ 
bration to which a portable unit of 
this type may be subjected does 
not cause any serious problems. 

ment. Ease of service and portability 
were of paramount importance. For 
minimum chassis currents and induced 
hum into the low-level stages, two sep¬ 
arate chassis for the main amplifier 
and preamplifier were chosen, thus 
also giving flexibility in mounting and 
operating the units. For vehicular use, 
the main amplifier could easily be 
trunk mounted; and, for home or party 
use it would be advantageous to have 
only the preamplifier at the operating 
position. 

The Output Stage 

Once the power output of an ampli¬ 
fier has been determined, the next step 
in the design is to select the output 
stage. A push-pull arrangement was 
chosen so that even-order harmonics 
would be cancelled, there would be no 
d.c. saturation in the core of the out¬ 
put transformer, and two small tubes 
of modest power requirements could 
be used rather than one large tube. 
Among the tubes that could have been 
used are the 6V6, 6L6, 807, 6146, etc. 
The available data for the 6V6 in the 
tube manuals show that 14 watts at 
3.5% harmonic distortion may be ex¬ 
pected with plate and screen voltages 
of 285 volts and zero signal plate cur¬ 
rent of 70 ma. It is true that each of 
the other tubes could produce the 
same power output at less distortion 
but with greater input power require¬ 
ments. Since it is seldom wise to send 
a man to do a boy’s job the may be 
expensive to feed), 6V6GT’s were se¬ 
lected. Bear in mind that the 14 watts 
are referred to the primary, thus al¬ 
lowing an output transformer whose 
efficiency is 70% or greater. 

The circuitry which evolved with the 
use of the push-pull stage is relatively 
simple and straightforward; certain 
fundamentals being important and 
having been adhered to in this design. 
Since high G„ tubes operating at high 
currents always draw some grid cur¬ 
rent and since this current is general¬ 
ly not a linear function of grid voltage, 
hence causing distortion and limiting 
power, the grid resistors were kept to 
as low a value as possible, consistent 

with minimum loading on the phase 
inverter. The cathodes were biased 
with separate resistors rather than a 
single resistor of half the value. This 
arrangement tends to equalize the plate 
currents when two tubes, whose char¬ 
acteristics are slightly different, are 
used. These resistor values were care¬ 
fully chosen to yield minimum distor¬ 
tion when the output stage was loaded 
via the output transformer to be de¬ 
scribed and when driven by the phase 
inverter—before the feedback loop was 
closed. This latter point is an impor¬ 
tant one which is often overlooked. In 
designing a feedback amplifier, the 
safest avenue to follow is to design 
the best possible amplifier without 
feedback and then apply just enough 
feedback to meet the design specifica¬ 
tions. It is generally much wiser to 
apply 10 db of feedback to reduce 3% 
distortion to 1% than to apply 20 db 
to reduce 10% to 1%. 

A bleeder in the screen circuit was 
used to improve regulation. (Note that 
the constant plate current curves 
shown for beam power tubes assume 
constant screen voltage.) 

The Output Transformer 

After the output stage is selected, a 
device to couple it to the load must be 
selected. With a push-pull stage, a 
transformer is the logical choice, but 

a decision about the method of apply¬ 
ing feedback must be made before the 
transformer can be specified. Among 
the more practical and popular meth¬ 
ods of forming the feedback loop are; 
feedback from the plate of the output 
stage, from the load winding, and from 
a tertiary winding. 

If feedback is taken from the plate 
of the output stage, the points to which 
the feedback can be applied are fixed 
by the number of stages. Also, the 
load presented by the feedback loop to 
the output stage must be very large 
with respect to the load resistance re¬ 
ferred to the primary. Furthermore, 
the output stage “B+” must be very 
well filtered since it can be shown that 
as the feedback increases, the hum in 
the output will approximate the pow¬ 
er-supply ripple. 

Feedback, in any case, follows the 
relationship : e.„>/e<„ = A/f-AB 
where : e.„, = output voltage 

e<„ = input voltage 
A = forward gain of the amplifier 

without feedback 
. B = portion of the output signal ap¬ 

plied as feedback 
The term "A B” is a complex vari¬ 

able and must never equal 1+ jO if 
the amplifier is to be stable. Thus, the 
limiting conditions for the design of 
the feedback amplifier are (a) all of 
the coupling networks in the ‘‘A B” 
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Photo of preamplifier unit with top cover removed. Rear panel is toward reader. 

circuit are of the minimum phase¬ 
shift type, (b) all of the amplifying 
elements in themselves unilateral, and 
(c) all of the circuit parameters pos¬ 
sess a value independent of time. 
Condition (a) implies a formal rela¬ 
tionship between the amplitude trans¬ 
mission characteristic and the phase¬ 
shift of output relative to input of the 
network. Practically, the phase-am¬ 
plitude characteristic must be con¬ 
trolled one octave above and below 
the signal-channel passband for every 
10 db of feedback, plus an octave for 
margin. 
When the feedback is taken from 

the load-winding of the output trans¬ 
former, rather stringent requirements 
are placed on the transformer. If the 
passband of the forward amplifier is 
30 to 15,000 cps, the phase-amplitude 
characteristic of the feedback loop 
must be controlled from 4 cps to 
120 kc. 
In order that the load winding 

be required to pass only the signal 
frequencies, tertiary feedback was 

selected. Thus the signal circuit is 
sampled and the distortion products 
appearing in the transformer are fed 
back. Also, the hum voltage appear¬ 
ing at the output is reduced by a con¬ 
stant factor as the feedback is in¬ 
creased. 

Transformer Design 

The output transformer specifica¬ 
tions must be quite rigid since it must 
be considered as another circuit pa¬ 
rameter. The following are the more 
important items to be specified. 

1. Since the transformer can deliver 
only about two-thirds of the available 
volt-amperes to the load, the reactance 
of the primary inductance at the low¬ 
est frequency to be amplified must be 
approximately twice the primary load 
impedance. 
2. The leakage inductance of the 

primary to tertiary must be low in or¬ 
der not to load the primary; and, the 
tertiary surge impedance must be 
much smaller than the tertiary load. 
The first resonance of the tertiary 

must be at or above the highest fre¬ 
quency in the feedback loop. 
3. The turns ratio of tertiary to 

primary must be as close to “B” as 
possible. 
4. The electrostatic coupling be¬ 

tween windings must be kept to a 
minimum. Operating one side of the 
tertiary at ground potential is an im¬ 
portant step in this regard. 
The Chicago Transformer PSC-150 

or PCO-150 (see parts list), although 
designed for p.a. work, has been found 
very satisfactory for use in this "uni¬ 
versal” amplifier. 

Phase Inverter-Voltage Amps 
The output stage was fed from a 

split-load phase inverter despite the 
fact that the plate and cathode cir¬ 
cuits are at different impedance levels, 
thus offering the possibility of differ¬ 
ent amplitude-frequency characteris¬ 
tics between plate and cathode cir¬ 
cuits. These differences are distinct 
and measurable but are, for all prac¬ 
tical purposes, undistinguishable even 
to critical listeners. 

Feedback was applied to the cathode 
of the second voltage amplifier.' A 5879 
was triode-connected to serve as a 
low-noise first voltage amplifier and 
completed the tube complement for 
the main amplifier. The input required 
for 10 watts output was chosen as 0.5 
volt r.m.s. 
All ground connections were made 

to a ground bus connected to chassis 
ground only at the input. As a further 
precaution against hum, the heaters 
were biased at +50 volts d.c. to mini¬ 
mize heater-to-cathode leakage. The 
bias was applied to the arm of a 100-
ohm potentiometer across the twisted 
pair used to feed the heaters. Adjust¬ 
ing this potentiometer for minimum 
hum enables one to reduce the output 
from 10 to 20 db over an unbiased ar¬ 
rangement. 
Both a.c. and d.c. power supplies 

were needed as indicated on the am¬ 
plifier schematic. A d.p.s.t. “on-off” 
switch energizes either type of power 
supply, depending upon the input cable 
used. Other connections to adapt the 
amplifier for a.c. or d.c. use are made 
to terminal board TB,. It is important 
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Complete schematic diagram of the preamplifier-equalizer unit oi the portable high-quality audio system. 

to note that the cables for mobile use 
are AWG No. 10 for both the “A” hot 
and ground returns. The fuse block 
and fuse must have low d.c. resistance 
to eliminate excessive voltage drops 
between the battery and power supply. 

Preamp-Equalizer Stages 
The input stage (V.) for the pre¬ 

amplifier was designed around a tri¬ 
ode-connected 6AU6. Several tubes are 
suitable as low-level amplifiers, but 

the 6AU6 shows little variation from 
tube to tube and the noise level re¬ 
ferred to the first grid is consistently 
in the range from 5 to 7 microvolts. 
The second stage, V7, was designed as 
a feedback-type equalizer. It is com¬ 
mon to provide high-frequency equal¬ 
ization by varying the load on the 
magnetic pickup; and the low frequen¬ 
cies are often equalized by placing 
combinations of RC networks in shunt 
with one of the low-level stages. The 

author prefers to take advantage of 
the distortion-reducing and gain-sta¬ 
bilizing properties of feedback equal¬ 
ization, hence the plate-to-grid feed¬ 
back shown around V7. Resistor 
from the plate of V« was included to 
isolate the feedback loop from varia¬ 
tion in the plate resistance of V«. The 
compensating network comprising 
Css, Cm, Cm, and Rx is for the “New 
Orthophonie” curve and provides equal¬ 
ization within 1.2 db of the standard 
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curve from 30 cps to 15 kc. The chart 
shown on the schematic diagram for 
the preamplifier lists the parameters 
for equalization of the LP, AES, and 
European 78 curves. It is important, 
in wiring V7, that pins 2, 6, and the 
center post on the tube socket be 
grounded if low hum is to result. 
Inasmuch as a “universal” preamp 

would be universal only if a micro¬ 
phone input were provided, the circuit 
to be described was incorporated. The 
first half of V» is used as a conventional 
voltage amplifier feeding the second 
half which is a cathode follower. The 
low impedance output is coupled by 
Ca to the arm of the mixer control 
Ä,». The output of the equalizer (or 
from the auxiliary source) is high im¬ 
pedance and is further isolated by Äs». 
With the arm of Rw at the high end 
(counterclockwise), the low impedance 
output from V, is in shunt with R„ 
and the high impedance of the equal¬ 
izer stage is shorted out, applying 
only the microphone signal to the 
tone control stage. If R» is turned 
fully clockwise, the output from V» is 
connected to ground, allowing the full 
equalizer output to be coupled to the 
tone control stage. Any intermediate 
position of the arm of Älo results in 
mixing of the two signals in propor¬ 
tion to the position of the arm. Hence, 
the signal from the microphone may 
not only be mixed with the auxiliary 
and equalizer stages, but may be faded 
from one to the other with only a 
single control. Greater microphone 
sensitivity may be had by substituting 
a 12AX7 for V, and replacing R^ by a 
3300-ohm resistor. Should a micro¬ 
phone input not be desired, Ä10 may be 
wired as shown in the inset and Ä» 
may be shorted out. Transfer contacts 
on J. are used to disconnect the equal¬ 
izer when an auxiliary input, such as 
a tuner or TV, is used. If space is no 
problem, a switch may be used instead. 

The tone controls were designed 
around standard circuitry and the first 
half of V« was used to compensate for 
the insertion loss of the tone controls. 

The loudness control was selected so 
that it could also be used as a volume 
■control should that function be de¬ 
sired. S» is a d.p.d.t. slide switch which 
disconnects the frequency-sensitive 
components C^, Cm, and C». The loud¬ 
ness control is coupled to the second 
half of Vs through R^ which isolates 
the plate-to-grid feedback around V». 
The output stage is a conventional RC 
coupled amplifier, whose output im¬ 
pedance is reduced by feedback, rather 
than a cathode follower since greater 
voltage output at lower distortion is 
then possible. 
The interconnecting cable between 

the preamplifier and main amplifier 
was made as shown on the preampli¬ 
fier schematic. Twisted-shielded pairs 
are used both for the heater and signal 
circuits. The heater-lead shield is 
grounded to the preamplifier ground 
bus and the signal-circuit shield is 
grounded at the main amplifier. Only 
one ground lead connects the units. A 
ground jack was provided on the pre¬ 
amplifier for the purpose of connect¬ 
ing an external earth ground (seldom 
necessary) or to the phonograph mo¬ 
tor frame (frequently necessary). 

Both units were housed in steel en¬ 
closures to minimize the effects of 
stray magnetic fields. The preampli¬ 
fier was constructed on an aluminum 
chassis to minimize chassis currents. 
The frequency response and har¬ 

monic distortion measurements were 
made with a Hewlett Packard Model 
206A audio oscillator and Model 330B 
distortion analyzer. 
The frequency response of the main 

amplifier is flat within 0.7 db from 30 
to 15,000 cps. The harmonic distortion 
is 1% or less above 45 cps. Since the 
1% specification selected originally is 

exceeded only below 45 cps and since 
few recordings carry these frequen¬ 
cies, the design was not altered to fur¬ 
ther improve the low end. The hum 
and noise is 72 db below 10 watts 
output. 

The intermodulation distortion was 
measured with an Altec Lansing TI401 
generator and TI402 intermodulation 
analyzer using frequencies of 60 and 
2000 cps mixed 4:1. The preamplifier 
IM is 1% while the main amplifier 
IM is 5% at 10 watts output. 

The preamplifier characteristics are 
shown in the accompanying curves. 
The harmonic distortion is less than 
1% at all frequencies. The level re¬ 
quired at the auxiliary input for the 
rated 1 volt r.m.s. output is 2.2 volts 
r.m.s. when the mixer circuit is used 
or 1 volt r.m.s. when modified for use 
without the microphone. The hum and 
noise level is 72 db below 1 volt at the 
output. At the phono input, .022 volt at 
1000 cps is required for 1 volt output 
with the mixer while .010 volt will 
drive the preamplifier to 1 volt output 
when modified for use without the 
microphone. 

Listening tests, using a G-E mag¬ 
netic cartridge and a G-E Al-400 
speaker in a distributed port enclosure, 
were extremely gratifying. The vio¬ 
linist’s fingers sliding on the strings; 
the clear, vibrant ring of the chimes; 
and the staccato roll of the snare 
drum all point out that a simple, 
straightforward, and universal ap-
approach can result in a pleasing de¬ 
sign. 
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Phase Splitter Unbalance 

(Continued from page 59) 

Fig. 3. Distortion vs powet output for an 
"Ultra-Linear Williamson" with balanced 
and adjusted phase splitter. The feedback 
loop was opened in order to obtain data. 

balanced. It can be seen that adjust¬ 
ing the phase-splitter reduced the dis¬ 
tortion by as much as 700 per-cent. 

The 807 tubes used in the amplifier 
might be considered a “matched pair” 
They both passed a tube-checker test, 
and indicated gm's were within 8 per¬ 
cent of each other. The feedback loop 
was opened to take the data, and a 
regulated power supply was used. 

The "a.c. balanced” condition corre¬ 
sponds to a minimum alternating cur-

Fig. 4. A 100-ohm resistor is inserted in 
the common plate lead of the output tubes 
to observe the a.c. balance or unbalance. 

rent in the common plate lead or com¬ 
mon cathode lead of the output tubes. 
The easiest way to observe the condi¬ 
tion is with an oscilloscope connected 
across a small resistor (say 100 ohms) 
in the common plate lead as shown in 
Fig. 4, and a sine-wave input to the 
amplifier. (Caution—the scope chassis 
will be “hot”.) 

Another way to observe the balance 
condition is to connect an a.c. meter 
or a headphone in the common plate 
lead through a step-up transformer, 
instead of the 100-ohm resistor shown 
in Fig. 4. Balance is indicated by min¬ 
imum meter indication or minimum 
sound in the headphone. 
In summary we can say : 1. If you 

are satisfied to accept the distortion 
likely to occur if the phase-splitter 
uses matched resistors—then you don’t 
have to bother matching them, and 2. 
If you seriously want the low'er distor¬ 
tion implied by the effort made to 
match the phase-splitter resistors— 
then you should not match them, but 
should make their ratio adjustable, as 
in Fig. 2. -®-
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Measuring Amplifier 
Damping Factor 

Described, here are two methods that may be used 

to measure the damping factor of an audio amplifier. 

THE KNOWLEDGE of what your am¬ plifier’s damping factor is has become 
more important recently. With high-
efficiency speakers it was usually felt 
that the higher an amplifier’s damper 
factor the better this would be for the 
speaker in damping out undesired res¬ 
onances. However, with the advent of 
high-quality, low-efficiency speakers, 
and especially with such speakers 
mounted in infinite baffles or other 
such enclosures that do not add to the 
bass response, the use of an amplifier 
with too high a damping factor is un¬ 
desirable. This would result in over¬ 
damping the speaker and reducing its 
output, especially at the bass end. Per¬ 
haps the day is not too far away when 
speaker manufacturers will specify op¬ 
timum damping factors for their 
speakers when used in specific en¬ 
closures. Several values might be given 
for different types of listening tastes. 
The amplifier manufacturers have al¬ 
ready started the ball rolling by pro¬ 
viding, in some cases, a variable damp¬ 
ing control that allows the user to set 
the damping factor at whatever value 
he requires. 
At present most speaker manufac¬ 

turers are quite reluctant to quote any 
optimum damping factors for ampli¬ 
fiers to be used with their loudspeak¬ 
ers. This is partly due to the fact that 
not enough experiments have been 
done along these lines and also that 
the results obtained at various damp¬ 
ing factors is so subjective. Some 
listeners might like the way their 
speakers sound with one certain damp¬ 
ing factor, others might prefer an¬ 
other value. 

Typical values of amplifier damping 
factor depend, in the main, on the out¬ 
put circuit used. For example, with 
push-pull triodes without feedback the 
damping factors are in the range of 2 
to 4. With push-pull beam power 
• See "Control of Amplifier Damping Factor" 

by David Hailer in the July. 1955 issue. 

tubes the damping factor is apt to be 
less than this unless negative feedback 
is used. With large amounts of negative 
feedback, tetrode damping factors may 
run as high as 10. Recent designs using 
triodes with feedback or “Ultra-Lin¬ 
ear" stages with feedback may have 
damping factors from 10 to 30.* 
The measurement of an amplifier’s 

damping factor is quite simple. This 
article will describe two methods of 
measurement. 

Variable Resistance Method 
To use this method a signal voltage 

is introduced into the input of the am¬ 
plifier to be checked. This signal may 
come from an audio generator or even 
from the a.c. heater supply of the am¬ 
plifier itself. Next the load is removed 
from the output terminals and the out¬ 
put voltage is measured with a suitable 
audio voltmeter. The input signal 
should be kept well below the overload 
point of the amplifier and below that 
point that might cause arc-over in the 
unloaded output transformer. Then a 
low value variable resistor (the author 
uses a 15-ohm wire-wound unit) is 
connected across the output terminals 
and this is adjusted until the voltmeter 
reading falls to one-half the unloaded 
value. Under these conditions the volt¬ 
age across the variable resistor is equal 
to the voltage across the actual output 
impedance of the amplifier. See (A) of 
diagram. Now the variable resistor is 
removed and its resistance is carefully 
measured. This value of resistance is 
equal to the output impedance (tech¬ 
nically, the effective source imped¬ 
ance) of the amplifier. If this resist¬ 
ance value is simply divided into the 
nominal output impedance of the am¬ 
plifier (the value frequently marked 
on the amplifier itself), the result is 
the damping factor. For example, in 
the diagram shown assume that the 
value of the variable resistor is 1 ohm 
and that the measurement is being 

Equivalent circuit* for two method* deicribed above for measuring damping factor. 

made on the 8-ohm tap of the ampli¬ 
fier, the damping factor is 8/1, or 8. 

If it is found that the output voltage 
of the amplifier should rise when the 
load is applied, then this indicates that 
the amplifier has a negative damping 
factor. The resistance value that 
causes the loaded output voltage to be 
doubled is equal to the negative im¬ 
pedance of the amplifier. 
Several problems may be encoun¬ 

tered in using this method. One is that 
with amplifiers having very high damp¬ 
ing factors, it might be difficult to ad¬ 
just and to measure the very small 
values of resistance required to make 
the voltage drop to one-half. Another 
problem occurs when very low resist¬ 
ances are shunted across the output 
terminals of an amplifier; the primary 
impedance of the output transformer 
falls and the plate current through the 
output tubes may be excessive. In one 
case where this method was used, the 
plates of the output tubes became dan¬ 
gerously red. Another method that 
will yield the same answer but with 
none of the drawbacks is described 
below. 

Voltage Regulation Method 

To use this method a signal is ap¬ 
plied to the amplifier and an output 
voltage measurement is taken with no 
load connected. Let us call this no-
load voltage Esl. Next, a resistor with 
a value equal to the nominal output 
impedance is connected to the output 
terminals of the amplifier. The ampli¬ 
fier is now properly matched. Then, a 
second voltage reading is taken under 
these fully loaded conditions. Call this 
full-load voltage Eri.. The damping fac¬ 
tor of the amplifier is simply equal to 
the full-load voltage divided by the 
difference between the no-load and the 
full-load voltage, or ErdiE^L — Erd. 
This may be recognized as the inverse 
of the regulation formula. As a mat¬ 
ter of fact the damping factor of an 
amplifier is a measure of its regulation. 
If, for example, the output voltage 
falls only a very small amount when 
the circuit is loaded, its regulation is 
good (low) and its damping factor is 
high. 

To show that this method gives the 
same results as the variable resistance 
method, consider (B) of the diagram. 
Assume that the same amplifier with 
its 8-ohm output tap and its 1-ohm 
output impedance mentioned before is 
used. Assume further that the no-load 
voltage measures 4.5 volts. There is no 
drop across the 1-ohm output imped¬ 
ance with no current flow. With the 
8-ohm load connected, the full-load 
voltage will fall to 8/9 the no-load 
voltage, or 4 volts, in the simple series 
circuit. The damping factor then is 
4/(4.5 — 4), or 8. This is the same value 
that was obtained with the first meth¬ 
od described above. 

Obtaining the damping factor, using 
either of the methods described, may 
help you to evaluate the performance 
of your loudspeaker system and it will 
certainly give you one more important 
characteristic of your amplifier. -|gj-
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Designed, for three-way speaker systems, this triple 

channel high-fidelity amplifier has variable electronic 

crossovers and provisions for electrostatic loudspeakers. 

HERE is an amplifier, designed par¬ ticularly for three-way speaker sys¬ 
tems, that incorporates two popu¬ 

lar innovations in the high-fidelity 
field. They are the use of "electronic” 
crossovers and electrostatic tweeters. 
The former amounts to resistance¬ 
capacitance crossover networks pre¬ 
ceding individual amplifier channels 
for each speaker. Two crossovers are 
involved. The upper is fixed at 5000 
cps while a choice of four—188, 375, 
550, and 800 cps—is available for the 
lower crossover. The crossover switch 
also permits two-channel operation 
using the 5000 cps crossover and sin¬ 
gle-channel operation for conventional 
amplifier use. 
The high-frequency channel of the 

amplifier was designed for two series-
connected Isophon electrostatic speak¬ 
ers. Selling at a low price, informa¬ 
tion regarding these speakers may be 
had from Arnhold Ceramics, Inc., 1 E. 
57th St., New York 22, N. Y., the U. S. 
distributor. 

Electrostatic speakers are not as 
easy to connect to a regular amplifier 
as one might wish. They are high-
impedance devices, require d.c. polar¬ 
izing voltage, and are limited to fre¬ 
quencies above 5000 cps. If a separate 
amplifier, limited to the high-frequen¬ 
cy range, is used to drive these speak¬ 
ers, however, they may merely be con¬ 
nected between plate and ground. The 
output transformer, as a coupling de¬ 
vice, is eliminated. This easily justi¬ 
fies an “electronic" crossover for sep¬ 
arating electrostatic speaker output. 
Reasons for using separate ampli¬ 

fiers for the low- and mid-range 
speakers in a three-way speaker sys¬ 
tem are quite different. First of all, 
there is the advantage of eliminating 
the conventional crossover network 
between the amplifier and speaker. 

Such networks are physically large 
and usually expensive, especially when 
the crossover frequency is quite low. 
They interfere with speaker damping 
and transient response in the region of 
the crossover frequency. At best they 
are only approximate since the builder 
or purchaser seldom knows the exact 
speaker impedance at the crossover 
frequency. The resistance of the cross¬ 
over coils constitutes a small power 
loss. Second, with separate amplifier 
channels, the problems of speakers 
with different impedances or efficien¬ 
cies are eliminated. Since attenuation 
in the speaker or crossover circuit, 
such as with L-pads is not required, 
amplifiers for the more efficient speak¬ 
ers operate at a lower power and, 
therefore, lower distortion level. Last 
of all, there is the advantage for elec¬ 
tronic crossovers in the case of chang¬ 
ing the crossover frequency. It is only 
necessary to change four % watt re¬ 
sistors. 
The added cost of a separate ampli¬ 

fier channel to drive the mid-range 
speaker need not be great. With such 
a limited frequency range, an inex¬ 
pensive output transformer and mod¬ 
erate output power will suffice. A 
common power supply further reduces 
the cost. 

Individual Amplifier Channels 

The high-frequency channel is de¬ 
signed especially for the operation of 
electrostatic speakers. Two of the 
speakers in series have an impedance 

in the range of 7000 to 10,000 ohms. 
This is a good load for a 6AK6. The 
combination of a pentode with cathode 
degeneration plus some voltage feed¬ 
back results in a fairly constant power 
output for varying load. This is desira¬ 
ble in that the speakers have a capaci¬ 
tive element whose impedance will 
vary with frequency. The primary 
winding < f a small output transformer 
is used to supply plate voltage to the 
6AK6. Since the signal is not coupled 
through the transformer, an inexpen¬ 
sive transformer of any impedance will 
be suitable. 

Referring to the schematic, Fig. 2, 
the network of Ct, Ct, Rt, and Ä» de¬ 
termines the frequency range over 
which the channel operates. The value 
of Ct attenuates the low-frequency re¬ 
sponse but has negligible effect on the 
crossover characteristic. The cathode¬ 
follower is used to provide a low 
source-impedance to the crossover net¬ 
work. 

In the range of 200 cps to 10 kc., 
the mid-range channel has a low dis¬ 
tortion output of 8 watts and a maxi¬ 
mum of 15 watts. A split plate-cathode 
phase inverter is used. Since balance 
of the push-pull stage is necessary 
for low distortion, a pot is placed in 
the cathode side of the inverter. Us¬ 
ing an intermodulation analyzer, the 
author cut the low-level distortion in 
half by the use of this pot over that 
with fixed matched resistors. About 
50,000 ohms of the pot is used. Either 
a linear 100,000 ohm or a 500,000 ohm 
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TWEETER 

1/2 I2AT7 

1/2 I2AT7 
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1/2 I2AT7 

tri R52 

R5S 

C20 

5V4 

Ri, Ru, Ru—56,000 ohm, 1 

Rit, Rr. 

to 8 

6V6 

@ 4 amps. (min.) 

Ru—43,000 ohm, y2 *• ± 5% 

AUDIO 
INPUT ■WAW 

6AK6 

ELECTROSTATIC 
SPEAKERS 

R 50 
R5i 

PREAMP 
POWER 

Ru, Ru, Ru—2 megohm audio-taper pot 
;—100,000 ohm linear or 500,000 ohm 

Ru 
Ru 
Ht 

■5-pin plug 
-Any tingle-ended output tränt, (tee text) 

’510 ohm, y2 ***• 
■8.2 megohm, y2 w. ret. 
■12,000 ohm, l/2 w. ret. 

V9—12AU7 tube 

5 y. @ 2 amps.; 6.3 Y. 
Vh Vi—12AT7 tube 
Vt, Vi, V»—6AU6 tube 
V t—6 AR6 tube 
Vt, Vi, Vit, Vu—6V6 tube Ru, Rm—10,000 ohm, y2 w. 

Ru—33,000 ohm, y2 w. res. 

Ft—3 amp. fute 
Ft—y2 amp. fute 
SOt—5-pin tube tocket 
SOt—Octal tube tocket 

Rm, Ru-47,000 ohm, y2 w. res. 
Rh—100,000 ohm, y2 w. ret. 
Ru, Rm, Ru, Rm—510 ohm, 2 w. ret. ± 5% 
Rm, Rti—270,000 ohm, y2 >. ret. 

SWITCH POSITIONS 

I - SINGLE 
2-Dual 
3- 188 ] 

6-800 J 

Ri, R», Ru, Rti, i 
Rti, Ru-470,000 ohm, H7V.A.C. 
l/2 w. res. 

Rt, Ru, Ru—820 ohm, y2 w. 

Cm, Cu, Cm—.05 ßfd., 600 *. capacitor 
Cii-Cm, Cu-Csi—40/40 ßfd., 450 r. elec, ca¬ 

pacitor (upright can type) 
Cti-CurCM-Cu—10/10/10/10 ßfd., 450 y. elec, 

capacitor (upright can type) 
CHt—100 ma. choke 
Jj—Phono jack 

Ru, Ru—47,000 ohm, y2 w. ret. ± 5% 
Rn, Rm, Rm—68,000 ohm, l/2 w. ret. ±5% 
Rn, Ru—200,000 ohm, y2 w. ret. ±5% 
Rio, Ru—150,000 ohm, y2 w. res. ±5% 
Rti, Ru—220,000 ohm, y2 ». ret. ±5% 
Ris, Río—680,000 ohm, V2 *• rt*. ± 
Ris, Ru, Ru—22,000 ohm, y2 w. ret. 

Ri, Ru, Rti, Ru, Ru—100,-
000 ohm, y2 w. ret. 5% 

Rt, Ru, Ru, Ru—330,000 ohm, y2 
w. res. ±5% 

Rs, Ru, Ru—1500 ohm, Y2 >. 
Ri, Ru, Ru—220,000 ohm, y2
Rt, Rtt, Ris—560,000 ohm, y2

240«. *3* b A-WAW» 

audio-taper pott (see text) 
Ci, Cs—.001 ßfd., 200 y. capacitor 
Ct—600 ßßfd. mica capacitor ± 5% 
Ct—180 ßßfd. mica capacitor ±5% 
Ci, Cu, Ch, Cu—.01 ßfd., 400 y. capacitor 
Ct—.001 ßfd., 400 y. capacitor 
Ci—8600 ßßfd. mica capacitor ± 5% 
Cs—2600 ßßfd. mica capacitor ±5% 
Ct—170 ßßfd. mica capacitor ± 5% 
Cit^51 ßßfd. mica capacitor 5% 
C11—100 ßßfd. mica capacitor ±5% 
Cu—.05 ßfd., 400 y. capacitor 
CJt, Cn—10 ßfd., 50 y. elec, capacitor 
Cu—.02 ßfd., 200 y. capacitor 
Cn—.1 ßfd., 200 y. capacitor 
Cm—2400 ßßfd. mica capacitor ±5% 
Cu—730 ßßfd. mica capacitor ±5% 
Cm -4 7 ßßfd. mica capacitor ± 10% 
Cu, Cu—-22 ßfd., 400 y. capacitor 
Cm, Cm—50 ßfd., 50 y. elec, capacitor 

BALANCE 

Ru, Ru—1000 ohm, y2 w. ret. 
Ru—100,000 ohm, 2 >. res. 

Tt-Output trans., 8 watts, 10,000 ohms 
ohms 

Tt—Output trans. “ Ultra-Linear” type for 
tubes (Aero or Dyna) 

Ts—Power trans. 600 or 650 y. @ 175 
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audio taper pot gives this at half ro¬ 
tation (providing the counterclockwise 
end of the 500,000 ohm pot is used). 
Separate cathode resistors for the out¬ 
put tubes reduce unbalanced d. c. flow 
in the output transformer when tubes 
of unequal emission are used. Here 
again, the values of C,, Cm, Cm, Cu, 

and Cu restrict low-frequency re¬ 
sponse. If this channel is to be used 
much below 150 cps, the values of 
these capacitors should be increased. 
Two dual RC crossover networks, one 
each for lower and upper limits, are 
placed between a cathode-follower and 
a 6AU6 amplifier. The mid-range chan¬ 
nel has 8 db of feedback coupled 
through Rk. This resistor is bypassed 
by Cu to control ringing. The inter¬ 
modulation was measured using test 
frequencies of 250 and 6000 cps and 
found to be 1% at 1 watt and 5.3% 
at 5 watts. 
The low-frequency channel is, other 

than for the crossover network, capa¬ 
ble of full audio range operation. For 
added gain, a 12AU7 amplifier-phase 
inverter is used. It offers low distor¬ 
tion and a stage gain of about 5.. A 
balancing pot is also used in this 
channel. The output stage is of the 
“Ultra-Linear” type using 6V6’s. Again, 
separate cathode resistors are used. 
About 12 db of feedback is employed. 
Using test frequencies of 60 and 6000 
cps, mixed 4 to 1, the intermodulation 
measured .6% at 5 watts and 4.5% 
at 8 watts. 

Crossover Networks 

Crossover networks with a 12 db per 
octave slope are widely used and ac¬ 
cepted. With "electronic” crossovers a 
network of two resistors and two ca¬ 
pacitors, such as shown in Fig. 3B, will 
produce a characteristic that in a 
couple of octaves reaches a 12 db per 
octave slope. 

The characteristic of a single RC 
network, such as shown in Fig. 3A, is 
curve A in Fig. 5. Note that there is 
3 db attenuation at the frequency F. 
This is the frequency where the re¬ 
actance of the capacitor equals the re¬ 
sistance of R. At each crossover fre¬ 
quency of the amplifier, the response 
of each channel should be 3 db down. 
This is because, by definition, the 3 db 
point is the half-power or 70 per-cent 
of maximum voltage point. 

This characteristic curve is based on 
the use of constant input voltage to 
the network and no load. With net¬ 
works using resistances in the 25,000-
ohm to one-megohm region, cathode 
followers can meet these conditions 
satisfactorily. If a cathode follower 
were connected between two identical 
RC networks, a characteristic as 
shown by curve B in Fig. 5 is obtained. 
This curve shows twice the attenua¬ 
tion of curve A, and is, therefore, 6 db 
down at F. The 3 db point, by calcu¬ 
lation, occurs at .63F. If the values of 
the capacitors are multiplied by .63, 
the curve is shifted to the right, as in 

Fig. 2. Complete schematic diagram 
of three-channel audio power amplifier. 

CROSSOVER 
FREQ. 
200 
350 
400 
500 
600 
800 
1000 

Ct 

15.015 
8580 
7510 
6000 
5000 
3750 
3000 

C« C„ 
(Capacity in M^fd.) 
4550 4211 
2600 2400 
2275 2110 
1820 1650 
1520 1400 
1140 1050 
910 825 

C,, 

1276 
729 
638 
510 
425 
320 
255 

Table 1. Calculated values of capacitors for various fixed crossover frequencies. 

curve C, so that the 3 db point is at F. 
This allows accurate comparison of the 
two characteristics. 
If two RC sections are directly 

joined without the cathode-follower 
between, the characteristic curve (if 
moved to the right to place the 3 db 
point at F) will fall between curve A 
and curve C, depending on the ratio 
of the impedance of the second section 
to the first. Calculations were made 
for the ratios of 1, 2, 3.3, 5, and 10. The 
characteristic for the ratio of 1, where 
R„ equals RM and C» equals Cn, is 
shown as curve D. The ratio of 3.3 is 
shown as curve E. Since it is only 
about 2 db away from the ideal and 
since higher ratios introduce other 
problems, this ratio is used in the cal¬ 
culations for the crossover networks 
of this amplifier. For this ratio, the 3 
db point is at .53 of the frequency 
where X« equals R. For a low-pass 
network, calculations must be made 
on the basis of Xc equals R at the 
crossover frequency divided by .53, or 
in other words, at 1.89 times the cross¬ 
over frequency. 
The low-pass network of Fig. 3B is 

the crossover network of the low-fre¬ 
quency channel. Ideally, the resistors 
should be fixed and the capacitors 
varied to change the crossover fre¬ 
quency. Over the limited range in¬ 
volved in this amplifier, 188 to 800 cps, 
the capacitor may be held fixed and 
the resistance varied. A frequency of 
375 cps is taken as a median point and 
values for the capacitors are deter-

Flg. 3. RC low-pass networks. See text. 

Fig. 4. (A) RC high-pass network. (B) 
Combined high- and low-pass networks. 

mined for the best resistance values, 
which are set at 100,000 and 330,000 
ohms for Ä« and R^, respectively. To 
change the crossover frequency, other 
resistors ranging from about one-half 
to twice these values are switched in. 
In the schematic, Cm and Rm, which 
precede the low-pass network, are used 
to provide d.c. isolation and a grid 
return. 
For the high-frequency channel, a 

high-pass network, as shown in Fig. 
4A, is necessary. Its characteristic is 
the reverse of curve E and is shown 
as curve F in Fig. 5. The 3 db point 
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Fig. 6. Measured 
frequency response 
curves of three-
channel amplifier. 

occurs at 1.89 times the frequency 
where X, equals R. Therefore, for a 
crossover at 5000 cps, calculations must 
be made on the basis of Xc equals R 
at 5000/1.89 or 2646 cps. Using resis¬ 
tances of 100,000 and 330,000 ohms for 
R, and Ra, the capacitors Ci and C, are 
600 M*fd. and 180 w4d. 

For the mid-range channel both low-
pass and high-pass networks are nec¬ 
essary. To prevent a fixed loss the 
high-pass network precedes the low-
pass network. The resultant network 
is shown in Fig. 4B. The resistors are 
the same as those in the corresponding 
networks in the other channels. From 
the foregoing discussion showing the 
frequency where Xc equals R at either 
1.89 or .53 times the crossover fre¬ 
quency, depending on whether it is a 
low-pass or high-pass network, one 
finds the capacitor values will be quite 
different for corresponding networks 
even though equal resistances are 
used. The second half of Fig. 4B is a 
low-pass network for the 5000 cps 
crossover. Using resistances of 100,000 
and 330,000 ohms, capacitor values are 
170 and 51 wdd. For the first half, the 
high-pass network of the lower cross¬ 
over, identical resistor values to those 
used in the low-frequency channel are 
used. Capacitor values for C- and Cs 
are 8600 and 2600 MMfd. 

For two-channel operation the se¬ 
lector switch disables the mid-range 
channel and allows the low-frequency 
channel to operate up to 5000 cps. This 
circuit becomes a single-section RC 
network. This is for the sake of sim¬ 
plicity and cannot be considered se¬ 
rious since the efficiency of cone speak¬ 
ers at high-frequencies drops off when 
operated from a nearly constant volt¬ 
age source such as the output of the 
low-frequency channel. For single¬ 
channel use, the low-pass network is 
disconnected and the other two chan¬ 
nels disabled. The "B-plus” drain of 
the high-frequency channel can be re¬ 
moved by disconnecting the tweeter 
plug. Pins 1 and 5 are shorted on the 
plug. 

Naturally, for exact crossover fre¬ 
quencies, the resistors and capacitors 
used in the networks must be accu¬ 
rate. It is not so important that the 

crossover frequency be exactly as de¬ 
sired. Rather, the component accuracy 
is important so that corresponding 
high- and low-pass networks will have 
3 db points at the same frequency. Re¬ 
sistors with a 5% tolerance are satis¬ 
factory, particularly if all are of one 
brand and obtained at one time and 
place. A batch of resistors manufac¬ 
tured at the same time are almost al¬ 
ways very close to each other in 
resistance. For maximum stability, 
mica capacitors should be used. Hand 
picking and measuring is most desir¬ 
able. Otherwise, 5% tolerance capac¬ 
itors should be used. In some cases it 
will be necessary to parallel standard 
values to obtain the proper value. 

If the amplifier is to be used with a 
speaker system that is not subject to 
change, the selector switch can be 
eliminated and fixed values used. The 
resistances shown for a 375 cps cross¬ 
over, namely, 100,000 and 330,000 
ohms, can be wired in directly and 
capacitors, as listed in Table 1, used 
for other frequencies. These are cal¬ 
culated values. For best results the 
capacitors should be within five per¬ 
cent of these values. For a higher 
crossover, the use of fixed frequencies 
has the advantage of permitting the 
use of physically smaller capacitors. 
The frequency response of each 

channel was measured and is shown in 
the response curves of Fig. 6. The 
low- and mid-range channels were 
measured with resistive loads at a 
level of 5 watts. The high-frequency 
channel output was measured across 
a 100-ohm resistor connected between 
the low side of the speakers and 
ground. Thus, the measurement was 
with the electrostatic speakers con¬ 
nected. 
The amplifier is constructed on a 

10" X12" aluminum chassis. Small 
brackets were made to hold the bal¬ 
ancing pots beneath the chassis. 

If an intermodulation distortion me¬ 
ter is available, adjust the balance 
pots for minimum distortion at about 
a one watt level. Those without dis¬ 
tortion meters may adjust the pots for 
equal a.c. signals at the plates of the 
6V6’s. If no measuring equipment is 
available, the balancing pots may be 

eliminated with these two changes: 
RM and R^ both 100,000 ohms plus or 
minus 5%, and R«» is 56,000 ohms. 
No power switch or master gain 

control are included since these func¬ 
tions can be provided by a preampli¬ 
fier. The four-prong Jones plug per¬ 
mits heater and “B-plus” connections 
for a preamplifier. It can be elim¬ 
inated or changed to an octal socket, 
which is quite popular for this pur¬ 
pose. 

Many of the surplus TV power trans¬ 
formers on the market are ideal for 
this amplifier. If an extra 6.3 volt 
winding is available, wire it to the pre¬ 
amp power plug. If the regular 6.3 
volt winding has a center tap, use it 
and omit Rn and R^. 
Because the individual channel am¬ 

plifiers have considerable gain, care 
must be taken in the wiring to avoid 
hum and noise. Use good quality re¬ 
sistors and wire all ground points to¬ 
gether. 

The two electrostatic speakers are 
wired in series. Single-conductor 
shielded cable is good for connecting 
the speakers to the amplifier. Unless 
coaxial cable is used, this intercon¬ 
necting wire should be less than 15 
feet. While no enclosure is needed for 
the electrostatic speakers for acous¬ 
tical reasons, something is necessary 
to hold them in position. The author 
built a small thin cabinet that posi¬ 
tions the two speakers with a horizon¬ 
tal angle of approximately 45° between 
them. 

It should be possible to set the chan¬ 
nel gain controls once and not alter 
them again. Adjust the mid-range gain 
first to get a suitable volume level, 
the low-range next, and finally the 
high-range. The control for the weak¬ 
est channel should be at maximum 
with the others adjusted as required. 

One problem with the mid-range am¬ 
plifier showed up when an efficient 
horn-type mid-range unit was tried, 
namely, an audible hiss introduced in 
the 6AU6 (Vs) stage. Therefore, if the 
builder plans to use an efficient mid¬ 
range unit, he may want to make the 
following circuit changes: Replace the 
6AU6 with a 6AV6 triode, eliminate 
Ra and Cu; change R^ to 2700 ohms 
and change Rx> to 39,000 ohms. These 
changes are optional and have no ef¬ 
fect on over-all performance other 
than to reduce the small hiss that can 
be heard in the horn unit during pe¬ 
riods of no signal. 
The author has found the two elec¬ 

trostatic speakers to be highly satis¬ 
factory. With switches on the ampli¬ 
fier and speaker cabinet to switch 
from a conventional to an “electronic” 
crossover, a small but immediately no¬ 
ticeable improvement with separate 
amplifiers for the woofer and mid¬ 
range speaker is noted. The construc¬ 
tion of this amplifier, which originally 
was undertaken as an experiment to 
determine the usefulness of these two 
innovations, has turned out to be a 
worthwhile improvement to the au¬ 
thor’s home music system. -®-
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EiecMrfOfcz, 
NEW Ultra-Sonax and Super Sonax Very High 
Frequency Drivers, Diffraction Hornsand 
Revolutionary E-V Avedon Throat Design 

No other manufacturer gives you very high frequency drivers 
combining all the customer benefits of these unique new 
Electro-Voice models. Today’s folded horn and phase loaded 
speaker systems with their low first-octave response require 
flat, extended high range response beyond the very limit of 
audibility if essential musical balance is to be achieved. These 
very high frequency drivers, employing the time-tested dif¬ 
fraction principle and the new Avedon throat design, over¬ 
come range and sensitivity limitations, function without 
distortion at the highest ranges. 

All three models—T35, T35B and T350 — have 180° dis¬ 
persion patterns, program capacities of 50 watts, peak 100 
watts, voice coils one inch in diameter and 16 ohms impedance. 
Chart shows other characteristics of each model. 

Frequency Response 
RETMA Sensitivity 

Rating: 
Magnet Weight: 
Gauss 
Size: 

Horn: 
Pot Diameter: 
Depth: 

Shipping Weight: 
Net Price: 

± 2 db 2 kc—19 kc 

57 db 
7 oz. 
13,500 

5% in. long X 2 in. wide 
2^ in. maximum 
3% in. overall 
3 lbs. 
$35.00 

±2 db 2 kc—18 kc 

54 db 
4 oz. 
9,000 

3 in. overall 
3!4 lbs. 
$22.00 

±2 db 2 kc—2Ikc 

60 db 
1 lb. 
20,000 

7H in. longx2H in. wide 
3Vi in. maximum 
4^ in. overall 
W lbs. 
$60.00 

The Avedon Throat Design 

The unique throat design illustrated here overcomes a problem 
common in conventional high frequency drivers. This is dia¬ 
phragm deformation at high velocities, occurring at frequen¬ 
cies above 5 kilocycles. Piston action is destroyed, the phase 
is shifted and the result is destructive interference. 

Figure A-This shows how sound disperses 
equally in all directions from a single point 
source. 

These Electro-Voice VHF drivers solve the diaphragm dis¬ 
tortion problem with a longer sound path from the center 
of the diaphragm. This restores proper phase relationship. 
This is important above 12 kilocycles, where sound must 
be taken from the center of the diaphragm and from the 
outer edge simultaneously. The diagram shows E-V’s Avedon 
construction. 

The Hoodwin Diffraction Horn 

This is the Electro-Voice development which is used in all E-V 
horns to disperse sound equally in all lateral directions from a 
single point source. This is especially important in stereo¬ 
phonic reproduction to preserve the undistorted depth and 
width of the original sound. Diffraction horns insure balanced 
levels of both right and’ left stereo speakers. These drawings 
tell the diffraction horn story: 

Electro Voice manufactures the most complete high-fidelity product family... 
speakers, speaker systems, speaker enclosures, amplifiers, preamps, tuners, 
phono cartridges, do-it-yourself enclosure kits and microphones. Available at 
leading high fidelity distributors. 

But in Figure C, if the distance between the 
two sources is !6 wavelength or greater, the 
sound from the two sources will be consider¬ 
ably out of phase for points off the axis, result¬ 
ing in decreased sound pressure. 

Figure E shows representative horns, illustrat¬ 
ing that horns must have a certain length, as 
well as cross sectional area along this length 
and at the mouth to load the driver diaphragm 
down to the lowest frequencies to be repro¬ 
duced. The lower we go, the longer must be 
the horn and the greater the mouth area. 

In Figure B two sound sources are shown. On 
the axis, at point “x" double the sound pow¬ 
er results as the resultant pressures are in 
phase. 

Figure D will show the deficiencies in horns of 
wide lateral dimensions compared to the 
wavelength being emitted. Any horn mouth 
can be considered as a group of small point 
sources of sound. They must beam the sound 
down the axis by their very nature. 

Figure F shows that narrowing the horizontal 
area and extending the vertical dimension of 
the horn mouth preserves the loading area 
necessary for good low end response, dis¬ 
perses the sound perfectly in the horizontal 
direction where it is so necessary, and keeps 
interfering reflections off the floor and ceiling. 



LOUDSPEAKERS AND ENCLOSURES 

The Distributed Port Loudspeaker Enclosure 

Bass Reflex — Design or Accident 

Loudspeaker Damping and Tonal Response 

Ionic Cloud Tweeter 

Corona Loudspeaker 
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Laboratory model of enclosure 
with holes forming "distributed 
port" clearly visible. 

LOUDSPEAKER 
ENCLOSURE 

The performance of a "distributed port" enclosure is 

evaluated, along with useful general information on 

the low-frequency performance of quality loudspeakers. 

By ADELORE F. PETRIE 

Audio Products Engineering 
General Electric Company 

THERE are three main requirements that a loudspeaker enclosure should 
fulfill: (1) it should prevent inter¬ 

ference between the front and back 
radiation from the loudspeaker, (2) it 
should improve low-frequency re¬ 
sponse, and (3) it should improve low-
frequency power output capability. 

A loudspeaker acts as a dipole ra¬ 
diator. The sound coming from the 
back of the loudspeaker is 180° out-
of-phase with the sound coming from 
the front. This means that there will 
be cancellations and additions at vari¬ 
ous frequencies when a loudspeaker is 
operated without some sort of baffle. 
The amount of cancellation or addi¬ 
tion depends on the difference in dis¬ 
tance which the sound has to travel 
when coming from the back and front 
of the loudspeaker and the frequency 
involved. 
In other words, a loudspeaker acts 

like the piston in an air pump. With¬ 
out some sort of baffle around the 
piston (loudspeaker), the air displaced 
in front of the piston will merely cir¬ 
culate around to the back without 
building up any useful pressure. Fig. 1 
shows what happens to the low-fre-

at 50 cycles-per-second must be 52 db 
louder than those at 1000 cycles-per-
second in order to be heard. Therefore, 
it is necessary to check the low-fre¬ 
quency acoustic power output capa¬ 
bility (sound pressure or intensity— 
not power input) of a loudspeaker 
system at a tolerable level of distor¬ 
tion to see if it is sufficient for appli¬ 
cation. 
The acoustic power output capabil¬ 

ity of a loudspeaker is limited by the 
maximum sound pressure that the 
loudspeaker can produce without run¬ 
ning into distortion. At low frequen¬ 
cies this pressure is determined by the 
maximum distance that the loud¬ 
speaker cone can move before it is 
limited mechanically or magnetically 
and by the enclosure used. It makes 

acoustic power output capability in a 
given enclosure depends on cone ex¬ 
cursion, it is interesting to note that 
the stiffness of the cone suspensions or 
the fundamental cone resonance of the 
loudspeaker has little effect on the 
power output capability of the loud¬ 
speaker system (providing the linear¬ 
ity of the stiffness is not changed). 

"Infinite Wall" Baffle 
The previously mentioned interfer¬ 

ence problems may be completely 
eliminated simply by preventing the 
sound from the back of the loudspeak¬ 
er reaching the front. One means of 
doing this would be to mount the 
loudspeaker in a hole in a large wall, 
see Fig. 2. This is known as an “infi¬ 
nite wall” type of enclosure. Because 

quency response of a good 12" loud¬ 
speaker when it is operated without 
any baffle. 
It is desirable that the low-fre¬ 

quency response of a loudspeaker 
system extend down to the lowest fre¬ 
quency that is contained in the pro¬ 
gram material normally fed into it. It 
is also necessary that the response be 
smooth so that the tonal balance of 
the program is maintained. A gentle 
slope in bass response is permissible 
since this may be offset by additional 
bass boost in the driving amplifier. 
However, this boosting wastes power 
and may severely limit power output. 

It- is not enough for a loudspeaker 
to have smooth response and wide 
range. Due to the fact that the ear is 
insensitive at low frequencies, a loud¬ 
speaker system must also have suffi¬ 
cient power output capability to make 
the frequencies it reproduces audible 
to the listener. For example, sounds 

no difference in this discussion whether 
the cone movement is limited by mag¬ 
netic distortion in the flux gap or me¬ 
chanical distortion in the cone suspen¬ 
sions. The important fact is that every 
loudspeaker has some definite maxi¬ 

Fig. 1. Response of a typical high-quality 
12-inch loudspeaker without any baffling. 

mum cone movement. The amount of 
sound pressure this cone movement 
produces at low frequencies is deter¬ 
mined by the characteristics of the 
loudspeaker enclosure. Because the 

this is a simple enclosure which is 
comparatively easy to analyze and ac¬ 
tually may be realized in practice, it 
can be used as a standard reference 
for comparison when evaluating othen 
types of enclosures. 

With this type of baffle, obviously 
there is no interference between the 
front and back radiation—they are 
separated by a wall “infinite” in size. 
The low-frequency response of a loud¬ 
speaker in this type of baffle depends 
on the size of the speaker, its effi¬ 
ciency, the damping factor of the 
amplifier driving the speaker, and the 
low-frequency resonance of the loud¬ 
speaker in the baffle. Fig. 2 shows the 
response of a typical high-quality 12" 
loudspeaker in this type of enclosure. 
(Note: In order to eliminate the am¬ 
plifier from this discussion, the fre¬ 
quency response curves shown in this 
article are plotted with a constant 
voltage input to the loudspeaker.) 
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This particular loudspeaker had a 
fundamental resonance of 50 cycles-
per-second when mounted to the wall 
baffle. Note that this fundamental res¬ 
onance was not apparent in the re¬ 
sponse curve. Instead of a resonant 
rise, the response was gently sloping 
off in the region around resonance. 
This is characteristic of all high-effi¬ 
ciency loudspeakers when driven from 
a feedback amplifier or other low im¬ 
pedance source. The electromagnetic 
coupling is so great that the amplifier 
shunts the resonant circuit, causing it 
to be overdamped (low "Q”). This 
makes for good transient response, but 
requires some sort of compensation to 
bring the low-frequency response up 
to where it should be. 

In order to show the effect of effi¬ 
ciency on response, the efficiency of 
this loudspeaker, in an "infinite wall" 
type of baffle, was reduced by demag¬ 
netizing it in steps and thus plotting 
a family of response curves (Fig. 3). 
Curve A shows a high efficiency loud¬ 
speaker. curve E, shows a low-effi¬ 
ciency loudspeaker. With similar con¬ 
struction, each time the 200-cycle re¬ 
sponse was reduced by 3 db, it was 
equivalent to reducing the magnet 
weight by one-half. This is the reason 
why loudspeakers of high efficiency 
often seem to lack bass response un¬ 
less the bass end is compensated in 
some way (either in the amplifier or 
the enclosure). 

Fig. 4 shows the acoustic power out¬ 
put capability (P„) of this loudspeaker 
in the "infinite wall” baffle for 5 and 
10 per-cent harmonic distortion. (Note: 
The average sound pressures that the 
loudspeaker systems shown in this ar¬ 
ticle can produce throughout a typical 
living room are approximately 3 db 
below the recorded levels, which are 
measured 18" in front of the loud¬ 
speakers in a "dead” room.) 

Fig. 4 also shows the corresponding 
electrical input to the voice coil (E^). 
Note that the power at higher fre¬ 
quencies is limited, not by distortion, 
but by the maximum heat dissipation 
rating of the voice coil. 

Note also that the electrical input 
to the loudspeaker must be greatly re¬ 
duced at very low frequencies to pre¬ 
vent driving the loudspeaker into se¬ 
vere distortion. Rumble coming from 
the turntable and/or the record will 
often drive a loudspeaker into distor¬ 
tion, even though the rumble itself is 
too low in frequency and amplitude to 
be heard by the listener. To eliminate 
this difficulty it is usually desirable to 
have a sharp cut-off low-frequency 
filter somewhere in the system. 

Fig. 2. Response ot a typical high-quality 
12" «peaker in an "Infinite wall" baffle. 

If the loudspeaker in Fig. 4 were 
less efficient, it would handle more 
electrical input at low frequencies; 
however the maximum acoustic output 
at low frequencies would be the same 
and, due to lower efficiency, the maxi¬ 
mum acoustic output would be less in 
the region where the power is limited 
by the voice coil dissipation. 

"Distributed Port" Enclosure 

The "distributed port” enclosure is 
a reflex type of enclosure in which the 
back radiation is added to the front 
radiation at low frequencies. By this 
means it improves both the low-fre¬ 
quency response and the power output 
capability. It differs from most reflex 
enclosures in that the response and 
impedance characteristics are con¬ 
trolled by the addition of a specific 
amount of acoustic resistance. 
There is no interference between 

the front and back radiation at high 
frequencies due to the fact that the 
reflex action has an-inherent high-fre¬ 
quency cut-off of back radiation. In 
the useful low-frequency range, a con¬ 
trolled amount of back radiation is 
added to the front radiation, increas¬ 
ing the output and power handling 
ability. 
At very low frequencies (usually 

sub-audio) there is cancellation be¬ 
tween the front and back radiation 
and air is merely pumped from the 
front to the back of the loudspeaker. 
This characteristic is common to all 
loudspeaker enclosures which utilize 
both front and back radiation, and 
makes it even more desirable to use a 
"rumble” filter, as mentioned pre¬ 
viously. 

Fig. 5 shows the low-frequency re¬ 
sponse of a typical high-quality 12" 
loudspeaker in three "distributed port” 
enclosures. Also shown, is the "infinite 
wall” response for comparison. Note 
the large increase in output and the 
smoothness of response at low fre¬ 
quencies, where the reflex action oc¬ 
curs. Adding the correct amount of 
damping in this design matches the 
impedance of the enclosure to that of 
the loudspeaker. This means maxi¬ 
mum power output from the enclosure 
and broadband response (low “Q”). 
Putting this damping in the form of a 
“distributed port”—a fixed number of 
holes spread over a definite area—as¬ 
sures the permanent accuracy of the 
damping. 
Fig. 6 shows the acoustic power 

handling ability (P«) of these same 
“distributed port” enclosures. Note the 
great increase in the undistorted 
sound pressure that these enclosures 
are capable of delivering at low fre¬ 
quencies. Note that, at some frequen¬ 
cies, the larger enclosures will handle 
less voltage input (E„) than the 
smaller ones, although the sound pres¬ 
sure (Pa) produced by the larger en¬ 
closures is greater. This is due to the 
fact that they are more efficient than 
the smaller enclosures at these fre-
auencies. 

Dimensions for constructing three 
“distributed port” enclosures are given 
in Fig. 7. (The 6-cubic foot unit is 

Fig. 3. Effect of magnet size on the re¬ 
sponse of a typical high-quality 12" loud¬ 
speaker (made by demagnetizing In steps). 

available commercially as the G-E 
Al-406 loudspeaker enclosure.) 
The G-E Al-400 loudspeaker, used 

for all curves in this article, features 
a styled protective front plate, making 
the use of a grille cloth unnecessary 
in many installations. To take full ad¬ 
vantage of this feature, the speaker 
should be mounted on the front sur¬ 
face of the speaker mounting board. 
If a grille cloth is required for styling 
purposes, the material used must hot 
impair the transmission of high fre¬ 
quencies. Suitable materials are woven 
plastic or fabric having a light porous 
weave. The grille cloth should be 
mounted in a manner which will not 
allow vibration of the cloth against 
the cabinet. When grille cloth is used, 
the speaker is attached to the rear 
surface of the speaker mounting board. 
Use plywood at least %" thick for 

the 3- and 6-cubic foot sizes and at 
least %" thick for the 10-cubic foot 
size. Preferred plywood thickness is 
%". Line the back, bottom, and one 
side of the 3-cubic foot enclosure with 
1" of Fiberglas or similar soft acoustic 
material. Line the bottom and two 
back sides of the 6- and 10-cubic foot 
enclosures with 2" of Fiberglas or 
equivalent. Glue all joints. Make front 
or back removable, if the speaker is to 

Fig. 4. Power output capability ot a typi¬ 
cal high-quality 12" loudspeaker in an 
"infinite wall" type speaker enclosure. 

Fig. 5. Frequency response of a 12" 
speaker in several "distributed port" en¬ 
closures. The "Infinite wall" response under 
same condition is shown for comparison. 

1958 EDITION 75 



Fig. 6. Power output capability of a high-quality 12-inch loudspeaker in "distributed port" 
enclosures of various sixes. (A) 3-cubic feet, (B) 6-cubic feet, and (C) 10-cubic feet. 

be mounted on the inside surface of 
the mounting board. The 2" x 4" brace 
is to keep the speaker from setting up 
vibrations in the front panel, which 
will subtract from the low-frequency 
output. 
The shape of the enclosures may be 

altered to suit the needs of the user as 
long as the internal volume and the 
configuration of the front panel are 
maintained. 

Loudspeaker Characteristics 

The curves presented here are ac¬ 
curate only when the loudspeaker used 
has characteristics which are similar 
to those of the G-E Al-400 loudspeak¬ 
er. However, the general characteris¬ 
tics indicated are typical of all loud¬ 
speakers and must be kept in mind 
when choosing or designing a loud¬ 
speaker, or enclosure, or associated 
equipment. 

The important characteristics of the 
Al-400 "woofer” for enclosure design 
include: Nominal diameter—12 inches; 
Effective cone diameter—1014 inches; 
Free air resonance—60 cycles/second; 
Mass of moving system (exclusive of 
air load)—25 grams; BL (force con¬ 
stant)—12,000,000 gauss cm; and Mag¬ 
net weight—14 oz. Alnico V. 
Fairly similar types are the G-E 

1201-A and 1203-A loudspeakers. 
Using loudspeakers of larger diam¬ 

eter than 12" in these "distributed 
port” enclosures will, in general, im¬ 
prove the power handling ability but 
result in a poorer low-frequency re¬ 
sponse. A smaller loudspeaker will 
give correspondingly better low-fre¬ 
quency response and poorer power 
handling ability. A larger loudspeaker 
should not be used with the 3-cubic 
foot enclosure and a smaller loud¬ 
speaker should not be used with the 
10-cubic foot enclosure. 

Room Effects 

It should be noted that the curves 
presented in this article were taken 
under conditions which did not include 
reflections and resonances usually 
found in the listening environment. 
This is desirable because the effect of 
a room on the performance of a loud¬ 
speaker system is usually independent 
of the system used. These same effects 
also color the music as the listener 
hears it when live performers are in 

the room and therefore are not neces¬ 
sarily harmful. 
Every hard object of appreciable 

size in a room sets up reflections. The 
most important objects to be consid¬ 
ered at low frequencies are the walls, 
ceiling, and floor. Standing waves are 
set up in a room at frequencies where 
the distances between parallel sur¬ 
faces are equal to %, 1, 1%, 2, etc. 
wavelengths. These standing waves al¬ 
ways build up high pressure points at 
the walls which cause them. The im¬ 
pedance match between the loud¬ 
speaker and the room is best at these 
high pressure points. For this reason, 
the best place for a loudspeaker sys¬ 
tem is the corner of the room where 
efficient coupling is made to all room 
resonances. 
In most rooms, the only resonance 

which might be objectionable is the 
standing wave between the floor and 
ceiling, which usually occurs between 
60 and 80 cycles-per-second. Coupling 
to this resonance may be reduced by 
placing the loudspeaker enclosure in 
the corner, but off the floor (half way 
up the wall is best). This is usually 
objectionable appearance-wise. An 
equally good solution is to damp the 
resonance by applying sound absorb¬ 
ing material to the ceiling. To absorb 
these frequencies may require pad-

Fig. 8. (A) Response of a typical high-qual¬ 
ity 12" loudspeaker in a 6-cubic foot "dis¬ 
tributed port" enclosure in the comer of 
a "live" room, illustrating the effect of 
standing waves and reflections on response. 
(B) Response of a typical back-loaded fold¬ 
ed comer hom enclosure of equal size 
measured under the same conditions as (A). 

ding up to 8" thick, or hung 8" below 
the true ceiling. 

Fig. 8A shows the response of a fl-
cubic foot "distributed port” enclosure 
placed in a corner of a live room. 
Curve B shows the response of a typi¬ 
cal back-loaded folded corner horn en¬ 
closure of equal size under the same 
conditions. These curves were origi¬ 
nally run to answer those who feel 
that horn enclosures have a "corner” 
on response in the corner of a room. 
However, it shows very nicely the ef¬ 
fects of room resonances on two dif¬ 
ferent loudspeakers. 

Fig. 7. Mechanical details on three "distributed port" enclosures of (A) 10-cubic 
foot, (B) 6-cubic foot, and (C) 3-cublc foot volume. Refer to text and Fig. 6 above. 
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Bass Reflex 
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Over-all view of the author's home "entertainment center" which includes a TV set 
and bookshelves in addition to the amplifier and speaker enclosure. A grille cloth 
covers front of enclosure and entire unit was painted to match living room decor 

By 
ROBERT C. SANFORD 

Asst. Editor, Bell Laboratories Record 
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Practical design data on such enclosures is rare—the author 

offers workable information for various sizes of speakers. 

WHETHER you are a hi-fi addict or 
just happen to like good clean bass 
reproduction, the least expensive 

and certainly the simplest type of 
speaker enclosure for home construc¬ 
tion is a bass-reflex or “phase-invert¬ 
er” type; all it amounts to is a box 
with a hole in it. Having a fairly good 
15-inch speaker on hand, and being in 
the process of rebuilding a radio-TV -
phono combination and putting it into 
a new cabinet, the author, decided to 
build a bass-reflex. 

With access to one of the best tech¬ 
nical libraries, it was just a matter of 
looking ’up the details as to the size, 
shape, and location of the port, and 
the size and shape of the enclosure. 
This beautiful day-dream was quickly 
shattered because, instead, some au¬ 
thorities treat a bass-reflex as a Helm¬ 
holtz resonator, some as a special type 
of resonator, and others, not wishing 
to commit themselves, simply ignore it! 

Reputable authorities in the acous¬ 
tic field as well as several writers of 
magazine articles disagree widely on 
the principles involved, the descriptive 
equations, the equivalent diagrams, 
and even the symbols. Nowhere could 
the author find a simple down-to-earth 
explanation with a workable equation. 
Some of the equations advanced by 
various writers are not even dimen-
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sionally correct; others, while dimen¬ 
sionally correct, have no logical basis. 
Most important, they don’t work. After 
pages of “design” information, each ex¬ 
planation ends up with, “for best per¬ 
formance, tune the port.” Why bother ? 
You might as well build a box, cut a 
hole in it, measure the response, and 
try again until it’s right. 
This is no way to build a speaker 

enclosure. So, with absolutely no 
qualms, the author worked out his 
own explanation, equivalent diagram, 
and equation using his own symbols. 
Undoubtedly they will not agree with 
those of certain authorities but they 
are bound to agree with some of the 
others! The important thing is, the 
equation works. For those who just 
want the facts, Table 1 gives all the 
information; for those who want more 
—read on. 
A loudspeaker, with or without a 

Fig. 1* Measuring loudspeaker resonance. 

baffle, is a mechanism that converts 
electrical energy into mechanical mo¬ 
tion, which in turn is converted into 
acoustic energy. A speaker has quite 
a low impedance; coupled to an output 
amplifier tube through a matching 
transformer, it sees the high plate im¬ 
pedance of the tube. Thus, a speaker 
is fed from a high-impedance source 
and is essentially a constant-current 
device. To measure the impedance, 
feed the speaker from an audio signal 
generator through a high series re¬ 
sistance, Fig. 1. With a constant cur¬ 
rent through it, the voltage measured 
across the speaker will go up or down 
with the impedance. Fig. 2 was plot¬ 
ted for the author’s speaker, using a 
v.t.v.m. and a b.f.o. output of 10 volts 
through 200 ohms. 

The electrical resistance, inductance, 
and capacitance are of little impor¬ 
tance at low frequencies; the mass of 
the cone, voice coil, and their supports 
and the compliance of the supports de¬ 
termine the resonant frequency. One 
other quantity is viscous friction set 
up by the cone moving through the 
air. It is low at low frequencies, in¬ 
creasing with frequency until the dia¬ 
phragm circumference approximates 
the wavelength, and then stays nearly 
constant. 

The current is the same throughout 
a series electric circuit and induct¬ 
ance is the controlling factor because 
it tends to keep the current constant. 
Current through a capacitance can be 
changed at will, so capacitance offers 
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a "compliance” to current. In a series 
mechanical circuit, mass offers resist¬ 
ance to change in position or motion 
while a restoring element or spring 
supplies compliance. Mass, then, is 
analogous to inductance and compli¬ 
ance is analogous to capacitance. Vis¬ 
cous friction is the mechanical ana¬ 
logue of resistance. 
Fig. 3 shows how these quantities 

are coupled to the electric circuit. The 
voice coil is part of the electric circuit 
and is mechanically coupled to the 
cone and its supports. There is no 
electromagnetic coupling as is shown 
in some equivalent diagrams. At me¬ 
chanical resonance, the cone excur¬ 
sions become quite large, indicating 
minimum mechanical impedance, yet 
at the same time the measured elec¬ 
trical impedance becomes a maximum. 
Why the discrepancy? The answer is 
the voice coil moving in a magnetic 
field. As it moves, it induces a coun-
ter-e.m.f. in itself, reducing the effec¬ 
tive applied voltage. This is equivalent 
to raising the voice-coil impedance. 
Minimum mechanical impedance pro¬ 
duces maximum voice-coil motion and 
therefore maximum electrical im¬ 
pedance. When mechanical impedances 
are translated into their electrical 
equivalent, they are inverted and re¬ 
sult in a parallel electrical circuit, 
Fig. 4. The effect of mass is now 
analogous to that of capacitance while 
compliance acts as inductance. 

Another way of looking at it is : with 
a constant current, a higher impedance 
produces a higher voltage and there¬ 
fore more power is used. More elec¬ 
tric power means more movement of 
the cone. In either case, higher im¬ 
pedance goes with more cone move¬ 
ment so the impedance is a measure 
of the sound pressure output. Whether 
or not a given sound pressure at a 
given frequency is audible is deter¬ 
mined by your ear. For example, the 
sound pressures at 30 and 120 cycles 
represented by Fig. 2 are about the 
same, yet the 30-cycle note sounds 
much weaker. The idea of a bass¬ 
reflex is to damp the speaker resonant 
peak and boost the frequencies below 
the peak. 
If the speaker is placed in a com¬ 

pletely enclosed box, the air inside the 
box will act as a spring, tending to re¬ 
duce the cone movement. This is 
shown in Fig. 3 as an additional series 
compliance. Translated into the elec¬ 
trical circuit of Fig. 4, it acts as an¬ 
other inductance in parallel, raising 
the amplitude and frequency of res¬ 
onance. See Fig. 5. 

If we now cut a hole or port in the 
box, the springiness of the enclosed air 
will be reduced. The mass of air in 
the port acts as a virtual diaphragm; 
this, together with the compliance of 
the enclosure, forms a second tuned 
circuit. The enclosure compliance is 
common to both the speaker and port 
tuned circuits. This time, however, 
the compliance instead of the mass is 
the driving element. There is a time 
lag between motion of the air near the 
speaker and of the air mass in the 
port because of the compliance, or 

‘'squeezeability,” of the enclosed air. 
At the port resonant frequency the 
time lag is that of a half wave and 
the virtual diaphragm moves in the 
same direction as the speaker cone. 
This “phase inversion” results in 
sound from the port being in-phase 
with that from the speaker while at 
the same time the speaker is heavily 
damped to reduce its output. 

The effect of the port is equivalent 
to adding mass and viscous friction in 
parallel with C in Fig. 3 or inductance 
and resistance in series with 1/C in 
Fig. 4. At the frequency where the 
port and compliance resonate, the im¬ 
pedance across the circuit in Fig. 4 
will be very low. If this is the fre¬ 
quency at which the speaker resonates, 
the low impedance of the series res¬ 
onant circuit will shunt that of the 
speaker, holding down its normal res¬ 
onant impedance rise. 

The resulting curve, Fig. 5, shows 
two smaller peaks, one above and one 
below the speaker resonânt frequency. 
The frequency of the dip between the 
two peaks is that of the enclosure and 
port; for a given volume and port 
area, this frequency will be the same 
irrespective of the speaker used. The 
speaker does, however, affect the am¬ 
plitude at the dip and the amplitude 
and frequency of the two peaks. Above 
resonance the speaker-tuned circuit is 
capacitive, Fig. 4, while the port-tuned 
circuit is inductive. As the frequency 
is lowered, the reactances approach 
each other in value and eventually be¬ 
come equal; this produces the upper 
peak. Below this, the shunting effect 
of the port-tuned circuit predominates 
and causes the dip. At still lower fre¬ 
quencies, the reactances of the two 
tuned circuits are reversed, producing 
the lower peak. It is this lower peak 
that extends the low-frequency range. 
The small peak at the bottom of the 
dip is the result of placing the speaker 
and port as far apart as possible. It 
is a form of overcoupling of the tuned 
circuits. 
Apparently, a complete mathemati¬ 

cal description of the impedance of a 
speaker system involves Bessel func¬ 
tions of the first and second kind. 
However, over the frequency range to 
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Fig. 2. Voltage measured across voice coll 
when the speaker is fed as shown in Fig. 1. 

Fig. 3. Coupling of the mechanical elements. 

Fig. 4. The equivalent electrical circuit. 

be considered, the impedance approxi¬ 
mates that of a simple resonant cir¬ 
cuit. No matter how it is produced, 
resonance always occurs when two 
elements provide equal amounts of 
opposing types of reactances. For a 

Table 1. Basic formulas for determining cabinet dimensions and sizes of port areas. 

Fs - Ape above 2irR/X as 1 
Xms = A dpcw 
XC8 =A2p C^/Vw 
All values in mechanical ohms where A is the port area and R is the equiv¬ 
alent radius V A/rr, both in square meters, p is the air density in kilo-
grams-per-cubic meter; c is the velocity of sound in meters-per-second ; V 
is the enclosure volume in cubic meters ; w is 2tt£ ; and d is the thickness of 
the enclosure wall at the port in meters. 

f " 2v V dV - 54 7 4 V(d + 1.13 VÃ) 
V = _ 2992A _ 
~ F(d + 1.13 VA) 

and: 

A = .64VT1 PVd FV ,-+ -ß- * öß < 1-63V2P + 5.12Wd 

where: f is in cycles-per-second; k=54.7, and all dimensions are in meters 
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speaker system, the reactances can be 
expressed in three different units: 
electrical ohms, mechanical ohms, or 
acoustic ohms. The author chose to 
work with mechanical ohms because 
dimensionally they are easiest to 
handle. 

Using dimensional analysis and com¬ 
mon sense, the author came up with 
values for the viscous friction, mass 
reactance, and springiness (reciprocal 
of compliance) reactance in mechan¬ 
ical ohms that agreed with most of 
the texts. Setting the reactances 
equal, the equation for resonance was 
derived : 
/= (c/2>r) VA/dV 

or, in a more familiar form: 
/ = l/(2xVÃc7dV) 

where A is the port area, V is the en¬ 
closure volume, d is the thickness of 
the enclosure wall at the port, and c 
is the velocity of sound. 

But, this is the equation most au¬ 
thorities give for a Helmholtz res¬ 
onator! Such a resonator is usually 
spherical so that no two surfaces are 
parallel, the inside surfaces are 
smooth, and the largest dimension of 
the port is considerably less than the 
smallest dimension of the enclosure. 
The dimension d usually refers to the 
length of a small tube extending from 
the resonator and form;ng the port. 
All these criteria are disregarded in 
a conventional bass-reflex, so it cannot 
be a typical Helmholtz resonator. Be¬ 
sides, the equation doesn’t work for 
practical enclosures. 
What to do? Further reading 

brought to light the fact that a res¬ 
onant column such as an open-ended 
organ pipe is slightly shorter than the 
sound wave producéd. The length must 
be modified by an “end correction.” If 
the pipe is open on both ends, the end 
correction must be doubled. The value 
□f the end correction varies according 
to how the pipe is terminated, but for 
a pipe ending in an infinite baffle 
(flanged pipe) it is considered by most 
authorities to be 0.85 times the ra¬ 
dius; for both ends, this becomes 1.7 
times the radius. Since the wall thick¬ 
ness of a bass-reflex enclosure corre¬ 
sponds to the length of the exit tube 
of a Helmholtz resonator, it was as¬ 

sumed that a "finagle factor” was 
needed. 
The thickness now becomes d' = d 

+ 1.7K where R is the equivalent ra¬ 
dius of the port area, or V A/r. Un¬ 
fortunately, the calculated frequency 
does not agree with that measured 
for an actual enclosure. Some port 
areas were tried as were the values of 
areas and resulting frequencies from 
published articles. Something was still 
wrong with the equation. 

Considerable thought went into the 
problem and it was finally decided that 
the end correction was too small. The 
value for a pipe presupposes that the 
radius will be small in comparison 
with the length. If the pipe is short¬ 
ened almost to nothing, certainly to 
less than the radius, the end correc¬ 
tion becomes the major factor. What 
would be the limiting value? Assum¬ 
ing the thickness to be negligible, it 
seemed logical that the maximum 
value of the end correction should be 
1.0, or equal to the radius. Since both 
sides of the port have to be considered, 
the “finagle factor” should be 2.0. The 
enclosure that resulted is shown in 
the photograph, page 77. The port 
area is 50 square inches; checking 
back from the measured curve, this 
gives a “finagle factor” of 1.96, ap¬ 
proximating the value of 2.0, well 
within the accuracy of the measuring 
equipment. The final equation is: 
f = 54.7 VA/Vírf + l.lSVÃ) 

with all dimensions in meters. 
Since the cabinet had already been 

constructed, finding the proper port 
area was next. As can be seen from 
the equation, the lower the frequency 
of resonance, the larger the volume or 
the smaller the port. The port size 
affects the “Q” of the port-tuned cir¬ 
cuit but not in any easily determined 
way. The “Q,” in turn, affects the 
amplitude at the dip and the ampli¬ 
tude and frequency of the peaks. A 
generally accepted rule is that the 
port area should be nearly the same 
as that of the speaker. This is OK for 
small speakers but the enclosure gets 
unwieldy for large speakers because 
as the port area goes up, the enclosure 
volume must also go up to maintain 
the same resonant frequency. A good 
rule to follow is to make the port area 

Table 2. Approximate dimensions calculated for a few of the more popular speaker 
sizes. As mentioned in text, no allowance was made for thickness of cabinet wall. 

SPEAKER A (square inches) 
6’ 19.65 
8’ 33.25 
10" 51.50 
12" 78.50 
15' 123.00 

'REQ VOLUME (in cubic feet) 
(cps) ’ 6-INCH 8-INCH 10-INCH 12-INCH 15-INCH 
50 4.201 5.365 6.800 8.380 10.520 
60 2.911 3.805 4.720 5.815 7.160 
70 2.140 2.796 3.468 4.272 5.360 
80 1.640 2.140 2.660 3.270 4.110 
90 1.290 1.690 2.097 2.585 3.245 
100 1.050 1.370 1.702 2.095 2.630 

A, in square inches, equal to the 
speaker resonant frequency when the 
speaker area, in square inches, is 
greater than the resonant frequency. 

Ordinarily, the best procedure is to 
buy the speaker you want, decide on 
the value of A, and then find the 
volume required. Once the volume is 
known, you can decide on the shape 
of the enclosure to fit your needs. In 
finding A, use the active speaker area. 
This is the area out to, but not includ¬ 
ing, the first corrugation at the cone 
edge. The author’s 15-inch speaker has 
an active diameter of only 12.5 inches. 
Once the port area is determined, the 
required volume can be found by : 
V = 2992A/P(d + 1.13VÃ) 

again with all dimensions in meters. 
Just a note at this point. The vol¬ 

umes of the enclosures discussed have 
been calculated from chosen values 
of port areas. In order that the port 
areas would be the same as speaker 
areas, typical values of active cone 
diameters were selected for several 
sizes of speakers and the active cone 
areas calculated. 

Since speakers vary widely in con¬ 
struction, the active diameters and 
hence the calculations are only ap¬ 
proximate. Moreover, all the data in 
Table 2 was calculated using a value 
of zero for the diameter, the thickness 
of the cabinet wall. From the equation 
for volume it is obvious that the 
thicker the cabinet wall, the smaller 
will be the volume required. 

While the data given in the table is 
a close approximation of the correct 
volumes, it is not a substitute for indi¬ 
vidual calculations. Each particular 
speaker and enclosure must be calcu¬ 
lated individually. 
Because the author’s enclosure is 

part of a TV set and bookcase com¬ 
bination, %-inch plywood was used to 
keep the weight down. Three-quarter-
inch or one-inch plywood is preferable. 
The builder’s enclosure should be rec¬ 
tangular with at least one long front 
dimension. Don’t make the depth too 
shallow, but try to avoid having any 
two dimensions the same. The author’s 
is 20 X 22 X 30 inches inside. Use both 
glue and screws to put it together. 
Internal braces should be placed diag¬ 
onally across each surface to reduce 
vibration. 
The speaker and port should be 

at the ends of the long side, and it 
doesn’t matter whether the enclosure 
is upright or on its side. If it is up¬ 
right, move the port up from the floor 
a few inches. Don’t use a shelf inside 
because this divides the volume into 
two acoustically-coupled resonators 
and will necessitate a return to cut-
and-try methods to determine the 
shelf and port size. To avoid unwanted 
box resonance, from the parallel sur¬ 
faces, line the inside with some soft 
sound-absorbing material. The author 
used cotton because it is cheap and 
light, but better materials are availa¬ 
ble. Finally, don’t forget to subtract 
the volume occupied by the speaker, 
braces, and soundproofing. -®-
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Loudspeaker Damping 

Fig. 1. Photograph 
showing the AR-1 Acoustic 
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By 
GEORGE L AUGSPURGER 

Audio Research Laboratories 

Suspension System speaker enclosure. 

Recommendations for the proper setting of variable 

damping control for various types of speaker systems. 

AGREAT DEAL of material has been written about loudspeaker 
damping—the significance of crit¬ 

ical damping, the relationship of 
speaker efficiency to optimum damp¬ 
ing, the use of variable damping to 
reduce distortion, and so on. Somehow 
in the excitement over this new tech¬ 
nique a general impression has arisen 
that the only audible effect of juggling 
damping factors is a shift in apparent 
bass efficiency. 

This is generally true in practice be¬ 
cause most amplifiers are designed so 
that the damping control regulates 
only the range below 400 cps or so. 
Some circuits even include corrective 
filters to help compensate for the 

Fig. 2. (A) Measured Impedance and (B) axial 
response of actual system. (From Langford-
Smith. "Radiotron Designer's Handbook.") 

MEASURED CURVES OF ACTUAL SYSTEM 

change in bass efficiency as damping is 
varied. This change, however, is not 
necessarily the smooth sort of varia¬ 
tion one gets with tone controls. It is 
related to the impedance curve of the 
speaker system used and by looking at 
some simplified curves we can get a 
general idea of what happens. 
Knowing the response curve of a 

given speaker system with constant 
voltage drive and its impedance curve 
as well, it is easy enough to get a 
rough idea of what will happen with 
various damping factors by setting up 
two other general cases. The first is 
the constant current system 
where driving voltage follows imped¬ 
ance, and the second is the negative 
impedance (—Z) system in which 
driving voltage is inversely propor¬ 
tional to impedance variations. 

Fig. 3 is a common family of curves 
for a loudspeaker in an infinite baffle. 
Fig. 3A is the impedance curve and 
3C might be the axial response of the 
same speaker driven by a constant 
voltage source. This is the same thing 
as saying that the amplifier has good 
regulation, or low internal impedance, 
or a high damping factor. Factors 
from 5 to infinity fall in this general 
classification. 

Since impedance below 500 cycles is 
almost purely motional, the curve of 
Fig. 3A is also representative of rela¬ 
tive cone travel. With a constant volt¬ 
age source, the increased cone move¬ 
ment at resonance tends to offset the 
loss due to poor acoustic coupling and 
the response is reasonably smooth. 

But if the speaker is driven from a 
constant current source, curve Fig. 3B 
is the acoustic response. A constant 
current source is an amplifier with 
very high internal impedance, poor 
regulation, and a damping factor of 
about 0.1 or lower. The output voltage 
rises with impedance, the cone is 
driven harder at resonance, and a 
ubiquitous boom is heard throughout 
the listening room. Notice that even 
in these simplified examples, the peak 
of Fig. 3B is not the sort of thing one 
can flatten out with tone controls. 
What happens if the output voltage 

follows an inverse relationship with 
impedance changes? This is the situa¬ 
tion of Fig. 3D where damping has 
been shifted to the negative region 
and amplifier internal impedance is 
less than zero. In the case of extreme¬ 
ly inefficient speakers, the amplifier 
impedance may be made negative 
without even reaching the curve of 
Fig. 3C, much less the 6 db-per-octave 
slope of Fig. 3D. 
Although most enclosed cabinet 

speakers are designed to work with 
damping factors from 9 to 20, some 
will not reach the point of smoothest 
bass until damping becomes quite low. 
The AR-1 Acoustic Suspension System 
(Fig. 1) has an optimum factor of one. 
What figure is best for a given system 
depends upon acoustic damping, max¬ 
imum impedance variation, magnetic 
flux density, and all sorts of things. 
The Hartley speaker, for example, has 
an insignificant impedance peak in its 
“Boffle.” Obviously, wide variations in 
damping factors will have little effect 
on its response. 
Things become more interesting 

when we investigate the effects of 
variable damping on bass-reflex type 
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systems such as the Jensen “Bass Ul¬ 
traflex” cabinet of Fig. 6. The family 
of curves for vented systems is shown 
in Fig. 4. The fly in the ointment here 
is that while impedance is still related 
to cone movement, the acoustic output 
of the system is not. Too low a damp¬ 
ing factor will peak the response of 
the system about a half octave above 
vent resonance, giving a nice “thunky” 
effect. Running the source impedance 
into the —Z region, however, has con¬ 
sequences even more weird. The up¬ 
per impedance peak is “damped out” 
all right, but the main system res¬ 
onance is completely out of control. 

An interesting point in connection 
with these bass-reflex curves is that 
the — Z system gives more audible bass 
than the constant current circuit. 
While for an enclosed cabinet speaker, 
a negative damping factor may effec¬ 
tively swamp out resonances, when 
used with a reflex system the cham¬ 
ber resonance is accentuated instead. 
A horn-type system would be ex¬ 

pected to have high acoustic damping 
and small variations in impedance. 
When this holds true, electrical damp¬ 
ing has little to do with frequency 
response, as can be demonstrated ex¬ 
perimentally. Commercial horns, how¬ 
ever, employ acoustic resonance to ex¬ 
tend their bass response below the 
horn cut-off frequency and this res¬ 
onance is reflected in the impedance 
characteristics of the system. Fig. 5 
is the Jensen “Imperial” which uses a 
“reactance annulling” principle to de¬ 
liver usable bass below 35 cycles. 
The Klipsch-type horns with en¬ 

closed back chambers have impedance 
curves similar to that of an infinite 
baffle and react somewhat the same 
way to variations in damping. Most of 
these large units are designed to work 
under conditions approximating con¬ 
stant voltage input. Paul Klipsch sug¬ 
gests a damping factor of 4 or more 
for his speakers, and reports that any 
attempt to use constant current feed, 
or negative damping factors, invari¬ 
ably deteriorates the performance of 
the system. 
Smaller rear-loaded horns such as 

the Klipsch “Rebel” and Electro-Voice 
“Aristocrat” have impedance curves 
more akin to reflex cabinets. Unless 
the response of Figs. 4B and 4D are 
what you want, damping should be set 
at the figure recommended by the 
manufacturer. 

In spite of the instructions fur¬ 
nished, many users try to adjust the 
damping control to the kind of bass 
response they happen to like. The 
illustrations given should explain why 
an audiophile with this philosophy is 
unlikely to find satisfaction. More¬ 
over, the curves shown are merely 
representative and greatly simplified; 
the relationship between impedance 
and acoustic output for any given 
speaker may vary rather sickeningly 
from these graphs. Fig. 2 shows the 
impedance and frequency response of 
an actual system. 
It must be remembered that the or¬ 

dinary listener has no idea of the im-

Fig. 3. (A) Impedance, (B) response with 
constant current, (C) constant voltage, and 
(D) negative impedance sources oi signals. 

Fig. 4. Curves corresponding to Fig. 3 per¬ 
taining to speaker installed in a bass-re-
ilex rather than completely closed cabinet. 

pedance curve of his speaker system 
and has probably never looked closely 
at the instructions to see what damp¬ 
ing factor is recommended. In this 
situation, it is no wonder he is con¬ 
fused by a damping control. Things 
haven’t been helped by some salesmen 
who twist the control to minimum 
damping—“Hear that bass come out 
now?”—and mumble something about 

the amplifier automatically adjusting 
to speaker impedance. 

A variable damping control is valu¬ 
able because different speakers do 
work better with different damping 
factors, but once the proper source 
impedance has been established, the 
damping control should be hidden and 
forgotten until the speaker system is 
changed. -®-

Fig. 5. Jensen "Imperial" horn-type system 
uses "reactance annulling" for low bass. 

Fig. 6. Jensen "Bass Ultraflex" speaker 
enclosure of the modified reflex type. 

I 
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Ionic Cloud 
Tweeter 
RECENTLY, Electro-Voice, Inc., in¬ troduced a radically new high-fre¬ 

quency tweeter, the “lonovac”. This 
is an ionic cloud transducer which uses 
a small quartz cell in which corona dis¬ 
charge is set up. As a result of the chang¬ 
ing ionization of air in the cell, sound 
waves are set up directly in the air with¬ 
out the need for the conventional dia¬ 
phragm used in ordinary tweeters. 
At a recent demonstration of this 

unit, originally shown in this country 
by the DuKane Corp, of St. Charles, 
Illinois, the tweeter appeared to be re¬ 
markably clean without noticeable peaks 
or unnatural coloration. This unit 
could be very favorably compared with 
some of the better electrostatic tweeters. 
With the tweeter horn mounted with 
its long dimension vertical, good hori¬ 
zontal dispersion of highs occurred. 
The response curve of this unit is 

within 2db from 2000 to 40,000 cycles. 
The low frequency limit is set only by 
the horn dimensions. The recommended 
crossover point is 3500 cycles. The 
tweeter is capable of handling 50 watts 
of program material, 100 watts on peaks. 
Shown inside the open housing above 

are the r.f. link coils to which are fed 

Inside the shield case of new tweeter. Pencil points to quartz cell, heart of unit. 
17 watts of 20 me. amplitude modu¬ 
lated r.f. from a companion modulated 
oscillator and power unit. It is this 
unit, with its 2 per-cent distortion, that 
limits quality of the output. Extensive 
shielding prevents interference. Since 
there is quite a bit of heat produced at 
the electrodes within the cell, it is ex¬ 
pected that these would have a life 
“only as long as a permanent phono 
stylus.” Replacement is quite simple, 
though, since the little cell mav be 
changed as a unit. Principle of operation eJ |he

Corona Loudspeaker 

IT HAS been known for many years that corona, a byproduct of high volt¬ 
age, is accompanied by a movement of 
air away from the discharge point. TV 
service technicians and experimenters 
know this from their work with high 
voltage. Reasoning that any source of 
wind might also be a potential source 
of sound, since sound is a sort of a.c. 
wind. Dr. David Tombs, a New Zealand 
bom engineer, constructed a special ap¬ 
paratus to study the phenomenon more 
closely and to find a method of modu¬ 
lating the corona winds. 
Starting with a pair of electrodes, 

one of which was sharply pointed and 
the other blunt, it was found that a 
corona wind moves away from the 
sharp point only. The next step was 
to mount a smooth ring coaxially 
around the sharp electrode, in the ex¬ 
pectation that it might be made to act 
as a grid to control the corona cur¬ 
rent, and hence the corona wind. The 
inventor found that with a grid po¬ 
tential of "the same order of voltage 
as the sharp electrode” there is a posi¬ 
tion of the grid with respect to the tip 
of the sharp electrode “at which com¬ 
paratively small changes of the grid 
potential produce a maximum effect on 
the intensity of the corona wind . . .” 

The amount of sound produced by a 
single corona triode is very faint, so 
that it becomes necessary to parallel 

or stack a number of them. The first 
small model was constructed with a 
needle spacing of one-half inch, and 
with an area of a quarter of a square 
foot, as shown in the photograph. 

The frequency response of the “Co¬ 
rona Loudspeaker” is much smoother 
than that obtained with cone type 
speakers, and it is expected that in its 
perfected form it will be essentially 
flat from zero to or beyond the upper 
limit of audibility. Even in its present 
form there is no audible resonant fre¬ 
quency at the low end. 
Patent applications have been filed 

on the "Corona Loudspeaker," and ex¬ 
clusive rights for North America have 
been assigned to the Televex Co. 
Audio engineers who have seen and 

heard the "Corona Loudspeaker” even 
in its present elementary form are 
considerably impressed with its possi¬ 
bilities, and some have expressed the 
opinion that it may well be the “loud¬ 
speaker of the future.” However, you 
will not be able to buy one next week, 
and possibly not for another year or 
so, since further research and devel¬ 
opment are required to determine all 
the optimum parameters, both me¬ 
chanical and electronic, before it can 
be produced commercially. But when 
it does reach the market, the "Corona 
Loudspeaker” should prove to be a con¬ 
tender in the hi-fi sweepstakes. -SO-— 
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PRECISION MECHANICAL DESIGN 

ROOM-BALANCED PERFORMANCE 

Exterior and interior 
elements, even the 
cleats, fit snugly with¬ 
in close tolerance “rab¬ 
beted” grooves. Gluing 
and screwing of each 
piece results in reliab¬ 
ly air-tight, permanent 
joints. No nails used. 
No pencil markings 
necessary. Mitering and 
plenty of glue blocks 
and bracing for truly 
rigid construction. 

FOOLPROOF ASSEMBLY 

All pieces are pre-cut and pre-drilled... 
engineered to go together quickly. All 
you need is a screwdriver! Baffle board 
is pre-cut . . . blank plugs and adapters 
supplied for easy installation of addition¬ 
al components -as your system expands. 
Your KwiKit includes all required hardware, 
Pl*Stic wood, glue, sandpaper, TufHex insu¬ 
lation, easy-to-follow instructions and... spe¬ 
cial attention is given to packaging of KwiKits 
to insure safe, intact delivery to your door. 

KwiKit acoustic design and tilted baflle com¬ 
bine direct speaker radiation and compen¬ 
sated rear horn loading in a way that blends 
bass, middle and treble ranges perfectly . . . 
for uniform response throughout the listening 
areas of a room. 

Why you need every tenture of these 

I /Zf«'' 
UNIVERSITY 
FOLDED-HORN ENCLOSURE 

KwiKits 

MODEL KEN® 2 

I 
Because... in performance, 

writ 1 0 For 12 speakers & systems $44.75 
KEN* I ° «211/2 * * 29 2 H j -” w,r 

writ 1C Fo 12 15 speakers isystems $59.50 
KEN" 13 1 899 0 X 29 W X35/4 H IsUM KfN IS $1 50 User Net 
Adapter tor r^nt.ne ir speakers m KEN 

HEAVIER CONSTRUCTION 

Heavy %* first grade, fully cured lum¬ 
ber for top, bottom, sides and back ... 
not flimsy wood commonly used in 
“kits.” Bigger, sturdier — as much as 
30% heavier than others in the same 
price class. Eliminates spurious reso¬ 
nances so detrimental to achieving 
richer, cleaner bass reproduction. 

PLACE ANYWHERE IN ROOM 

Underside view shows how 
advanced design, self-con¬ 
tained folded horn extends 
to the front oí the cabinet, 
projecting low frequencies 
out into the room . .. not 
back into a corner, 
splashed against the walls. 
Small slot in base is resis¬ 
tively controlled vent 
which equalizes woofer dia¬ 
phragm excursions in com¬ 
pression chamber. KwiKits 

are therefore independent of room furnishings, 
shape or placement and can be used against a 
flat wall, in a corner . . . even up in the air I 

PROFESSIONAL RESULTS 

There’s no end oí decorative treatment you 
can give your KwiKit enclosure. Genuine 
Korina veneer is same as used in fine 
furniture, and provides a beautiful finish. 
Decorative front mouldings have been de¬ 
signed to complement and enhance your 
presett decor. Exquisite, textured grille 
fabric is equally at home in settings of 
any period and is acoustically correct 
to prevent high frequency attenuation. 

KWIKITS...THE PERFECT COMPLEMENT FOR P.S.E.* 

A-Hole cut out for HF-206. 
B-Blank plug supplied 
when tweeter isn't used. 
C-Adapter supplied cut out 
for UXT-5. 
D-Blank plug supplied. 
E-Adapter supplied cut out 
for 4409. 
F-Adapter supplied cut out 
for H-600 horn. 
G-Takes 312, UXC 123, 
Diffusicone-12, UXC-122, 
Diffaxials. 6200, 6201 wide-
range speakers and C-12W 
woofer. 

MODEL KEN-12 
takes any 12" wide-range or woofer cone 

speaker and any tweeter or mid-range speakers. 

University's Progressive Speaker Expansion Plan 

REMEMBER... if you like to build your own 

and save money too, the KwiKit is made to 

order for you... SEE YOUR DEALER TODAY I 

»-Hole cut out for HF-206. 
B-Blank plug supplied 
when tweeter isn’t used. 
C-Adapter supplied cut out 
for UXT-5. 
D-Blank plug supplied. 
E-Adapter supplied cut out 
for C-8W or Diffusicone-8. 
F—Adapter supplied cut out 
for 4109. 
G-Adapter supplied cut out 
for H-600 horn. 
H-Takes 315-C, 6303, 
Diffusicone-15 Diffaxials, 
and C-15W, C-63W woofers. 

MODEL KEN-15 
takes any 15" wide-range or woofer cone 

speaker and any tweeter or mid range speakers. 

I and B-Blank plugs 
supplied. 
C-Takes 312, UXC-123. 
□iffusicone-12. UXC-122 
Diffaxials, 6200, 6201 wide-
•ange speakers and 
3-12W woofer. 

MODEL KEN-15 
takes any 12" wide-range or woofer cone speaker 

when 12" adapter board (optional) is us«d. 
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Special Pre-Publication Offer to Readers of 

HI-FI ANNUAL 
Accept a Charter Subscription to America's 

Newest, Most Exciting Hi-Fi Magazine 

8 MONTHS OF HI Fl & MUSIC REVIEW FOR ONLY $2 
This is your invitation to become a Charter Subscriber to 

HI-FI & MUSIC REVIEW—the most ambitious publishing 

project in the history of high fidelity! 

Five years in the making, this new Ziff-Davis monthly will 

bring a completely fresh approach to the pleasure-filled 

world of hi-fi music and sound. 

Whether you're a beginner in hi-fi or an old hand . . . 

whether you've never before explored hi-fi or know it 

intimately . . . whether your system is custom built or home 

assembled . . . whether you prefer Bach or Basie . . . here 

at last is the magazine for you—specifically designed for 
your needs, wants and tastes! 

HI-FI & MUSIC REVIEW will take you behind the scenes 

at recording studios and concert halls. You will learn what 

hi fi equipment really is, how to recognize a truly hi fl 

recording, how to select and best place a system for the 

acoustics of your home. You'll learn of amazing new devel¬ 

opments coming off the drawing boards—parts and com¬ 

ponents that will help you reproduce sound exactly as it was 

intended to be heard—by the composer and recording artist. 

You'll tour the world of music. Composers and musicians, 
conductors and arrangers in both the classical and jazz 
fields will discuss their works, their new plans. A panel of 
experts will analyze the best of the 1,500 recordings and 

tapes released- each month. You will learn how to build a 

fine record collection, make your own tapes. From jazz 

groups to string quartets ... the mood music of Gleason to 

military bands ... the New York Philharmonic to the big 

band of Kenton . . . Beethoven . . . Brubeck . . . Chopin . . . 

Erroll Garner. . . Mantovani . . . Scarlatti . . . Satchmo . . . 

Stereo Tape or 33/3 RPM—whatever in the incredible world 

of music and sound most interests you—vou'll find it in 
HI-FI & MUSIC REVIEW. 

In January, 1958, the first big issue of HI-FI & MUSIC 

REVIEW will make its debut. It will be a lavish publication, 

printed on the finest glossy paper, bound in laminated cover 

stock. Because of its costly production, HI-FI & MUSIC 

REVIEW will be published in a limited edition — is certain to 

become a sought-after collector’s item. 

A special allotment of first-edition copies will be put 

aside for Charter Subscribers only. Because the publishers of 

HI-FI & MUSIC REVIEW believe that you—as a reader of 

THE HI-FI ANNUAL -are exactly the kind of 
man who will best appreciate a magazine of this scope 

and caliber—you are cordially invited to become a Charter 

Subscriber to HI-FI & MUSIC REVIEW at this special rate: 

8 MONTHS FOR ONLY $2 

This exceptional offer brings you HI Fl & MUSIC REVIEW 
at a savings of more than 28% over newsstand costs (35c 
per issue). More important, it assures you of getting every 
issue from Volume I, Number 1. 

If you act now, your name will be entered on our list of 

Charter Subscribers and you will receive a handsome Charter 

Subscription Certifícate. 

So act today—fill out and mail the special application 

form below. 

•EXTRA BONUS! 
Save us the cost of billing by en¬ 
closing payment with your order 
and you'll receive I extra issue free! 
That makes 9 big issues of HI FI & 
MUSIC REVIEW for only $2.00. 
An exceptionally fine buy! 

MONEY-BACK GUARANTEE 

You are entitled to a full refund on 
the unused portion of your sub¬ 
scription if you aren't completely 
satisfied with HI FI & MUSIC 
REVIEW at any time, or for any 
reason. 

-CHARTER SUBSCRIBER APPLICATION-

Ziff-Davis Publishing Co. 
HI Fl & MUSIC REVIEW 
64 East Lake Street 
Chicago 1, Illinois 

Please enter my Charter Subscription to HI Fl & MUSIC REVIEW starting with Volume I, 
No. 1, to appear in January'1958—at the special rate of 8 months for only $2. Also 
send me my Charter Subscription Certifícate. 

□ payment enclosed* □ please bill me 
*(/ extra issue—making 9 in all.) 

name. 

address. 

city.zone.state. 
HFA 
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Two views of the Viking FF75, a basic tape 
deck which can be used in all home systems. 

A Compatible Tape Deck 

A Tape System 
You Can Build 

. AiH JUvMy i 

Part I. This basic tape deck can be used 

by the hi-fi builder for a monaural or 

stereo record-playback installation. 

By JOHN L. Mac ALLISTER 

Viking of Minneapolis 

IN A MATTER of years tape equipment and, specifically, "tape recorders” have graduated from the realm of mys¬ 
tery into the category of "assemble-it-yourself” compo¬ 

nents with which the audiophile feels completely at home. 
Tape decks and their associated electronic components 

are now available from many manufacturers. The audio¬ 
phile can purchase one of these basic decks and add the 
necessary preamplifiers and recording amplifiers ad lib or 
hook the deck up to the preamps and amplifiers he already 
has in operation. 

One of the most flexible of these component tape decks is 
the Viking FF75P which retails at $71.50. It is basically a 
tape transport for playback (both full- and half-track) only 
and can be used with most present-day high-fidelity preamps 
and power amplifiers without the need for additional accès 
sory equipment. 
Many of the high-fidelity preamps now being marketed 

provide a preamplifier input equalized expressly for tape. 
Any of these units may be used with this tape deck. Simi¬ 
larly, some amplifiers provide a means of adjusting roll-off 
and attenuation to provide almost any desired character¬ 
istic. These may be adjusted to provide the equalization 
characteristic indicated in Fig. 1. Preamplifiers with fixed 
equalization to compensate for the various disc recording 
characteristics require modification for use with NARTB 
recorded tapes. 

For the user who does not have a preamplifier, the com¬ 
pany’s PB60 unit is available. It is specifically designed to 
be used for this purpose and provides exact equalization 
for NARTB recorded tapes. Its output can be introduced 
at the input of a power amplifier. 
Considering the cost of this new tape deck, it is obvious 

that it was not intended to compete with the more expen¬ 
sive units available today. It does, however, provide many 
of the features of better quality units. It has negligible 
flutter and wow; provides a frequency response of 40 to 
14,000 cps (±3 db) at a tape speed of 7.5 ips; and is easily 
86 

adaptable to many varied modes of operation. 
It can be used for monaural playback, monaural record 

and playback, stereophonic playback, and stereophonic rec¬ 
ord and playback by simply adding the necessary heads 
and the required erase and recording bias. In this respect 
the deck may be considered to be "compatible.” 

This and succeeding articles will cover in detail the design 
and construction of the various electronic units required to 
convert this tape deck to its many possible modes of opera¬ 
tion. In addition, the mechanical problems of installing the 
additional heads, for these various operations, will be dis¬ 
cussed. » 
“Dynamu” heads, manufactured by the Maico Company, 

a Minneapolis concern, are used exclusively on all of the 
FF75 series decks. This head, one of the best in the indus¬ 
try, is characterized by a very short flux gap. This Short 
gap, .00015 (.15 mil), provides for full playback response 
at frequencies to 14,000 cps (±3 db) at a tape speed of 7.5 
ips. The electrical specifications for the record-playback 
and erase heads are given in Table 1. 

The Tape Transport 
In the interest of economy and. for the purpose of provid¬ 

ing maximum over-all rigidity of the assembly, the motor¬ 
board on which the deck is mounted consists of a single 
stamping of 16 gauge steel. The thickness of the steel pre¬ 
vents local distortion which would affect performance. The 
deck itself measures only 12%"x8%" and requires little 
mounting or shelf space. The 7" tape reels extend approxi¬ 
mately an inch beyond the sides and bottom of the deck. 
The motor is ordinarily a very critical component of a 

tape drive system. On this item alone a manufacturer can 
spend almost as much as he chooses. The ultimate in 
linearity is the hysteresis synchronous motoi found in 
transports designed for professional use. Such a motor is 
desirable in that the output is completely linear, i.e., it 
suffers no interpole variations in rotor'speed as does an 
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Fig. 1. Playback equalization required ior the FF75 tape deck. 

ordinary induction motor. Also its speed is absolutely con¬ 
stant when operating within its load limits. However, the 
cost of such a motor alone would make the compatible 
deck much too rich for our average man’s high-fidelity 
budget. So, like other manufacturers of popularly priced 
decks, we must compromise on the universally used four-
pole induction motor—proven in turntables and tape trans¬ 
ports for many years—but characterized, unfortunately, by 
certain inherent problems of flutter and speed regulation. 

At this point, however, Viking departs from heretofore 
accepted practice. The motor is mounted on a separate 
motor platform and this entire assembly is floated on re¬ 
silient, vibration-absorbing, rubber shock-mounts. This is 
the first important point of departure. The second is in 
the capstan drive itself. Instead of a roller or conventional 
belt drive, the capstan is driven through a slender, resilient 
synthetic belt, leaving the motor free to move within the 
restricted orbit of the shock-mounts. Actually, any other 
type of drive would be difficult under this circumstance; 
however, the advantage is two-fold. The resilience of the 
belt in this case is matched to the inertia constant of a 
very heavy capstan flywheel (approximately one and a 
half pounds). The effect is to provide a filter for smooth¬ 
ing out the interpole variations in motor speed, the most 
common source of flutter. It is equally effective in the 
elimination of irregularities due to motor or fan unbalance. 

The capstan, as in any tape equipment, is a very critical 
component. The capstan on the Viking FF75 is ground to 
a tolerance of 1/10,OOOth of an inch. An eccentricity of as 
little as 5/10,OOOth of an inch here would result in notice¬ 
able flutter. The same critical limitations apply to the 
capstan bearings and to the capstan roller. 

Long Term Accuracy 

One disadvantage of the induction motor that is not 
easily eliminated is that of long-term accuracy of tape 
speed. Through rather careful check and selection of mo¬ 
tors, where necessary, the accuracy in this respect is held 
within 2 per-cent o- about 1.2 seconds per minute. While 
not accurate enough for cueing or synchronizing effectively, 
this is not sufficient to appreciably affect pitch. It should 
be pointed out that the error, whatever it may be, is a 
positive or negative error consistent for a given deck. 

The consolette shown here consists of the standard Viking 
tape deck mounted in a special cabinet obtainable from 

Viking. It is the model 400 and nets for $14. 

Shift Mechanism 
The shift mechanism involves only a few moving parts— 

all flat steel stampings, reinforced when necessary. In the 
center position, both the feed reel and takeup reel brakes 
are engaged and the capstan pressure roller is released. 
The capstan continues to turn but the tape does not feed. 

In the “forward” position, the supply reel brake is per¬ 
mitted to drag slightly, the takeup reel brake is released, 
and the pressure roller engages the capstan, causing the 
tape to feed. The takeup reel is belt-driven from the cap¬ 
stan flywheel but provides sufficient slippage so that only 
a moderate and uniform tension is exerted on the tape. In 
the “rewind” position, the supply reel is shifted a few 
thousandths of an inch engaging a drive ring on the motor 
pulley, providing a brisk rewind. Actual rewind time is 
114 minutes for a standard 7" reel. 

The “fast forward” mode on the FF75 deck is a compar¬ 
atively recent development. Actually this mode, which 
has been characterized as "gentle fast forward,” is not 
really a “fast forward” in the general sense of the word. 
It provides for tape transport at four to five times normal 
speed yet offers maximum protection for the new thin-base 
recording tapes currently enjoying widespread popularity. 

In order to adapt the basic tape deck to the other modes 
of operation mentioned earlier, the deck is modified merely 
by the addition of the appropriate head or heads and 
bracket components. The heads are supplied complete with 
output connector jacks and can be installed with simple 
hand tools. Only minor disassembly of the deck is involved 
and adjustments entail nothing more, in most, instances, 
than careful azimuth alignment. 
The over-all performance of the deck is given in 

Table. 2. 

Table 1. Specifications on the "Dynamu" heads used with deck. 

RECORD-PLAYBACK HEAD 
Track width.090" 
Gap length.00015" 

(effective gap can be considered 
as .0002") 

Impedance ......... 2000 ohms @ 1000 cps 
Frequency response.30 to 15.000 cps @ 7.5 ips 
Head output (average recorded music 
tape).2.5 mv. 

Recommended preamplifier gain . . 55 db 
Driving current (recording) .... 0.06 ma. @ 6000 cps 
Recommended bias current (recording) 0.6 ma. 

ERASE HEAD 
Track width.125" 
Gap length.008" 
Inductance.30 mhy. 
Recommended erase bias frequency 60 to 70 kc. 
Recommended erase current . . . 12 to 14 ma. 

Table 2. Over-all performance of the Viking FF75 tape deck. 

Frequency response . . . . 

Slgnal-to-nolse ratio . . . . 

Flutter (average). 
Total harmonic distortion . . 

Tape speed . 

Maximum reel size . . . . 

40 to 14.000 cps ± 3 db, 7V4 ips 
40 to 7000 cps at 3% ips 
45 db or better (This characteristic 
can be adversely affected by lo¬ 
cation of transformers or other 
sources of strong magnetic fields 
within 12 inches of the head or 
heads) 
0.2 per-cent oi' less 
Less than 1.0 per-cent with NARTB 
recorded tape and NARTB com¬ 
pensated preamplifier 
7V4 ips (3% ips available by 
changing bell to smaller groove 
on motor pulley) 
7" 
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equalization characteristics, are now 
available. A preamplifier designed ex¬ 
pressly for a tape system, such as the 
Viking PB60 preamplifier described 
here, may be purchased for $29.50 
as a plug-in-and-play accessory. 
Next, let’s look at the equalization 

characteristic which is required. 

The NARTB Standard 
Most manufacturers of tape heads 

provide a response curve which, except 
for slight departures in frequency 
range or linearity, has the general con¬ 
formation shown in Fig. 1. This, it 
should be pointed out, is the over-all 
record and playback characteristic of 
the head, based on constant current 
recording on tape, and subsequent un¬ 
equalized playback of the tape. 

To obtain this curve a sine wave is 
applied to a given head at constant 
current and at selected chromatic test 
frequencies. The output is recorded on 
tape. The same head is then used with¬ 
out equalization to play back the re¬ 
corded track. The head output at these 
several frequencies serves for plotting 
the curve shown. 

This curve at 7.5 ips, it will be seen, 
can be divided into three segments. It 
shows a rising characteristic from ap¬ 
proximately 30 cycles, a short plateau 
of approximately flat response, and a 
descending response characteristic 
thereafter. Secondary curves (shown 
dotted) indicate the performance of 
the same head at 3.75 ips and 15 ips, 
respectively. 
The 6 db-per-octave rise displayed 

over the first segment is typical of all 
record-playback heads. The increase 
results from the fact that with the 
current held constant, doubling the 
frequency results in doubling the volt¬ 
age at the head. This, therefore, is 
merely a uniformly rising character¬ 
istic. The point of departure between 
representative heads is the plateau at 
which the response levels off. This can 
be described as the region of maximum 
response and is determined almost en¬ 
tirely by the length of the head gap 
and the tape speed. 
The head output then decreases very 

sharply as the frequency becomes such 
that the length of the head gap ap¬ 
proaches the length of a wavelength 
on the recorded tape. There are some 
lesser contributing factors such as 
losses due to eddy currents, PR losses, 
etc., but, in general, this falling off 
in response can be termed a “wave¬ 
length” loss. 
One other irregularity or loss ap¬ 

pears on this curve, i.e., the falling off 
below approximately 50 cycles. This is 
customarily referred to as a "wrap¬ 
around” loss. It begins at the frequen¬ 
cy where the length of a wavelength 
on the recorded track exceeds the 
length of the head itself. This too can 
be compensated for, but may well be 
ignored, since it represents only a neg¬ 
ligible loss at the commonly usable 
audio frequencies above 30 cycles. 

Prior to the adoption of the NARTB 
standard, tape recorder manufacturers 

Playback Preamplifier 

Part 2. To obtain quality reproduction from your tape unit 

you will need a playback preamp. There are three choices— 

either buy or build your own unit or add proper equalizing 

network to your present preamp. Here are all the details. 

THIS PART covers the playback pre¬ amplifier required for a custom-type 
home tape recorder designed for play¬ 

back only. Such a preamplifier must in¬ 
corporate the proper equalization cir¬ 
cuits for commonly available prere¬ 
corded tape. 

If stereophonic playback is the final 
goal, two preamplifiers, one for each 
channel, will be required. If record 
and playback are desired at the outset, 
it would not be necessary to use a sep¬ 
arate preamplifier as described herein^ 
Instead, the user should build the com¬ 
bined record-playback preamp and bias 
oscillator that will be described in next 
article. 

The Preamplifier 

Two, or possibly three, alternatives 
are provided in the matter of a pre¬ 
amplifier. The first, and possibly most 
attractive, alternative would be to use 
an existing phono-preamplifier provid¬ 
ing it has an unused equalization posi¬ 
tion that can be altered to give the 
required equalization setting. 
Let’s take, as an example, the man 

who owns an all-purpose phono-pre¬ 
amplifier which provides adequate gain 
for tape, but doesn’t include correct 
equalization for NARTB recorded tapes. 
The prospect of modifying this ampli¬ 
fier for use with tape would certainly 
be the most attractive of the three al¬ 
ternatives to be suggested. 

First, however, let’s delineate the re¬ 
quirements for a good tape preamplifier 
to make sure this phono-preamplifier 
will be suitable. In playback of record¬ 
ed music tapes the head output will 
average approximately 1 to 3 mv. (A 
head manufacturer is apt to rate his 
product at 5, or even 10 mv., but this, it 
must be realized, is with tapes recorded 
to saturation.) A one-volt output will 
be required from the preamplifier in 
order to drive the average music system 
amplifier to normal output. This, in 
itself, represents a gain of approximate¬ 
ly 50 db. It will be shown also, that at 
least an additional 25 db of gain will be 
dissipated in a properly designed equal¬ 
izing network. Thus, the net require¬ 
ment is for approximately 75 db of gain 
before equalization. This gain can be 
provided by a pentode voltage ampli¬ 
fier, followed by a single triode, or by 
three triode stages. Two triodes usually 
fall just short of the mark. 
The second possibility would be to 

construct a suitable preamplifier using 
the circuitry suggested in the article. 
All of the components except the 
transformer (Ti) are readily available 
at electronic supply houses. 

The third, and possibly simplest way, 
would be to purchase a tailor-made 
unit. Excellent general purpose ampli¬ 
fiers featuring NARTB tape equaliza¬ 
tion, in addition to the various phono 

Although this is the commercial 
version, your home-built unit could be 
made to look and operate much like this one. 
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Fig. 1. Record playback response characteristic of Dynamu 75-1 
tape head. (Constant current recording, unequalised playback.) there was no standardization, this varied widely in industry. 

solved the problem of equalization in 
accordance with their own individual 
preferences. The most common prac¬ 
tice was to halve (approximately) the 
equalization requirement, as shown in 
Fig. 2, attenuating the middle range 
by a factor of fifty per-cent in re¬ 
cording and the balance during play¬ 
back. This entails a minimum of cir¬ 
cuitry; the same equalization network 
suffices for both recording and play¬ 
back. The disadvantage, however, is 
that such a system provides a smaller 
dynamic range, since it does not pro¬ 
vide for pre-emphasis at the higher 
frequencies to compensate for the de¬ 
creasing retention characteristic of the 
tape itself at these frequencies. As a 
result, the tape is likely to be over¬ 
loaded at the lower frequencies in an 
effort to obtain sufficient high-frequen¬ 
cy response. 
The NARTB standard has been thor¬ 

oughly covered in the article “Why the 
NARTB Curve for Magnetic Tape?” 
(in Radio & TV News, June 1955 issue) 
and is too involved for explanation 
here, but briefly it amounts to this. It 
was decided that the optimum means 
would be to compensate for the “wave¬ 
length loss,” as well as the high-fre¬ 
quency deficiencies of the tape itself 
during the recording process, and to 
compensate for the 6 db-per-octave 
rise to the region of maximum re¬ 
sponse during the playback half of the 
cycle. This provides flat response for 
the over-all record and playback cycle, 
and at the same time provides maxi¬ 
mum dynamic range. 
Actually the current NARTB stand¬ 

ard, as established, applies only to 
tapes recorded at a speed of 15 ips; 
however, at 7.5 ips it is only necessary 
to increase the pre-emphasis slightly 
at frequencies above 3000 cycles. 

In the preamplifier, therefore, it is 
necessary only to compensate for the 
6 db-per-octave slope from 30 to 2500 
cycles. The preamplifier response char¬ 
acteristic which accomplishes this 
function is shown in Fig. 4. 

Equalization for Existing Units 

The actual circuitry employed in 
various commercial preamplifiers is too 
varied to permit individual treatment, 
but if schematics are available for ref¬ 
erence it is not difficult to trace the 
circuit for a given switch setting, re¬ 
move existing equalization compo¬ 
nents, and replace them with an RC 
network having the proper values. 

Practically all commercial preampli¬ 
fiers of recent vintage fall into one of 
two types; amplifiers employing tri¬ 
odes (or double triodes) such as 12AX7, 
6F5, 12AY7, 6AV6, or 6AT6 tubes, or 
amplifiers employing pentodes such as 
the 5879, 6J7, or 6AU6 tubes. Fig. 3A 
shows the RC network required to pro¬ 
vide a 6 db-per-octave equalization 
characteristic using triode amplifiers, 
and Fig. 3B shows the RC components 
required for pentodes. The tables pro¬ 
vided beneath these diagrams indicate 
the correct component values for given 
values of plate load resistors common¬ 
ly used. 

It should be pointed out that if an 
inverse feedback loop is employed, the 

effect of an equalizing network insert¬ 
ed within that loop is not practical 
unless the feedback loop itself is re¬ 
designed or removed. Similarly, in 
some preamplifiers equalization is de¬ 
rived by means of frequency discrim¬ 
inating feedback loops. In such cases 
it is more practical to build the pre¬ 
amplifier described here than to atr 
tempt redesign of the equalization cir¬ 
cuit. 

Building a Preamplifier 

The preamplifier circuit, shown in 
Fig. 6 and described here, is equivalent 
to that of the Viking PB60, designed 
for use with the Viking decks and, con¬ 
sequently, the "Dynamu” heads. How¬ 
ever, since the equalization is variable 
over approximately a 14 db range at 
10,000 cps, the same circuit can be 
used satisfactorily for any of the cur-
rently-available heads. 
A type 5879 pentode amplifier was 

selected as most suitable for the first 
amplifier stage because of its inherent 
low noise level and freedom from mi¬ 
crophonics. Following this pentode am¬ 
plifier stage, one section of a 12AX7 
double triode is employed as a voltage 
amplifier. The other section of the 
12AX7 tube is used as a cathode-fol¬ 
lower output stage. 

Construction 

Since the preamplifier must operate 
from a very low signal level and pro¬ 
vide high gain, good design and careful 
construction are essential. The input 
circuitry must be completely isolated 

Fig. 3. (A) Equalization for a triode am¬ 
plifier and (B) for a pentode amplifier. 

tel in 
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Fig. 4. Response characteristics of PB60 preamp. Broken lines indicate range of unit. 
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Fig. S. Internal view of the commercial version. Your home built unit can dupli¬ 
cate this design but. as suggested in article, the housing should be made larger. 

and shielded from the a.c. components. 
One hundred per-cent shielding must 
be employed if the preamplifier is to 
operate satisfactorily in proximity to 
the tape deck. 

A photograph of a Viking PB60 pre¬ 
amplifier with shield cover removed is 
shown in Fig. 5. Individual shield and 
chassis elements are shown in Fig. 7. 
A conventional stock-chassis and panel 
layout could be used as well in dupli¬ 
cating the circuit; however, the metal 
work shown here is not extensive and 
the design should be given considera¬ 
tion by the home-builder. The design 
was dictated primarily by the require¬ 
ment for a minimum size package, 
total shielding, and, of course, adapt¬ 
ability to economical production. The 
home-builder using this same design 
would do well to "let-out” the dimen¬ 
sions somewhat, increasing the height, 
width, and length of the preamp 
by as much as an inch. The over-all 
construction and wiring would be 
somewhat simplified as a result. This 
would also eliminate the need for se¬ 
lecting components such as the power 
transformer and filter capacitors on 
the basis of physical size as well as 
electrical characteristics. The same 
general arrangement should be used, 
however. It will be noticed that in this 
design the chassis itself provides a part 
of the shielding, isolating the power 
supply components from the input and 
interstage amplifier circuitry. 
Operating convenience would dictate 

the use of an a.c. switch on either the 
equalization control or the gain con¬ 
trol. To do so, however, would neces¬ 
sitate bringing a.c. leads into proximity 
with the input stage and would in¬ 
crease the hum level by several db. 
The amplifier should therefore be op¬ 
erated from a switched outlet, such as 
is usually provided on commercial 
high-fidelity amplifiers. 
A number of wiring precautions are 

prerequisite. All filament leads must 

be tightly twisted and run along the 
non-critical side of the chassis, away 
from the tube sockets, resistors, and 
capacitors. It should be noted that the 
circulating a.c. currents in the shield¬ 
ing have a pronounced effect if capac¬ 

itors or signal circuit wiring are so 
dressed as to lie close to a gap in the 
shielding. Such a gap occurs, for ex¬ 
ample, along the sides of the internal 
chassis where a gap is formed between 
the chassis and the case. 
Only one ground is permissible and 

this must be at the cathode of 5879 
amplifier tube. All other grounds with¬ 
in the amplifier should terminate at 
this same point. For example, if the 
outside shield of the input cord is 
grounded where it enters the case, the 
resultant ground loop increases the 
hum voltage 6 to 10 db. Be sure that 
rubber covered shielded wire is used 
between the input connector and the 
grid of the 5879 stage. The input con¬ 
nector can be eliminated entirely, of 
course, by bringing the rubber-covered, 
shielded lead directly to the grid, 
grounding the shield at the cathode 
of this stage. 
A Mumetal shield may be provided 

for the 5879 as well as the standard 
metal shield. The precaution is worth 
2 to 3 db of added signal-to-noise ratio 
at the least. Remember that wide dy¬ 
namic range requires high signal-to-
noise ratio. The time and effort spent 
in these little niceties of construction 
will be well compensated for by im¬ 
proved performance. 
The required 6 db-per-octave com¬ 

pensation is affected by the plate im-
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pedance, the 0.01 Mid. capacitor C3 and 
the 25,000 ohm potentiometer B,. The 
use of a potentiometer permits varia¬ 
tion of the actual compensation char¬ 
acteristic within limits of approximate¬ 
ly 8 db above and below the NARTB 
response curve at 10 kc. 

The blocking capacitor C« in the out¬ 
put of the cathode-follower section of 
the 12AX7 can be a critical component 
under certain conditions. The cathode 
follower has an effective output im¬ 
pedance of 400 ohms, but with the 
0.047 pfd. capacitor shown, is intended 
for operation into a relatively higher 
impedance, such as the input to the 
typical high-fidelity amplifier. Under 
this condition, it provides all the ad¬ 
vantages of a low-impedance line, yet 
the instantaneous voltage appearing 
across this line appears merely as a 
voltage to a high-impedance input. 
Thus, there is no problem of matching 
impedances. If, however, this 400-ohm 
cathode follower is to be fed to a low-
impedance input, such as a coupling 
transformer in a broadcast console, it 
is necessary to short out C« entirely, or 
replace it with a capacitor having a 
value of at least 25 ^fd. An electro¬ 
lytic capacitor of such value installed 
at this point would be inserted with 
the positive side of the capacitor at the 
cathode level. 
Feeding into a high-impedance am¬ 

plifier input, C« can be shorted out or 
omitted entirely if a blocking capacitor 
is provided in the amplifier input cir¬ 
cuitry. If such a capacitor were not 
provided, however, the d.c. voltage ap¬ 
pearing across the cathode-follower 
stage would be applied to the grid of 
the amplifier. 
The power supply is of typical de¬ 

sign and requires no specific considera¬ 
tion. The transformer chosen, how¬ 
ever, should provide very nearly the 
exact voltages indicated. 

Performance Check 
A listening test using a recorded 

music tape should suffice to show 
whether the preamplifier is functioning 
properly. Connect the output of the 
preamplifier to an unequalized (flat 
response) input on the power ampli¬ 
fier. Preferably, use a shielded lead no 
longer than 36" to connect the input of 
the preamplifier to the tape playback 
head. If the preamplifier is operating 
properly, the gain control should per¬ 
mit adjustment of the gain from zero 
to full amplifier output playing stand¬ 
ard recorded music tapes. The com¬ 
pensation control should permit ad¬ 
justment above and below the desired 
high-frequency response. 
If a signal generator and vacuum¬ 

tube voltmeter are available, the fol¬ 
lowing test procedure will result in 
conclusive performance data. Using a 
100-cycle signal (the region of maxi¬ 
mum preamplifier gain), adjust the 
signal input level to 0.002 volt. The 
preamplifier output should read ap¬ 
proximately 2 volts at a maximum set¬ 
ting of the gain control. 
Insert a shorting plug in the pre¬ 

amplifier input connector and again 
measure the output. This reading, 
representative of the residual hum, 
should not be greater than .025 volt. 
To determine the NARTB equaliza¬ 

tion setting for the compensation con¬ 
trol, apply a .002-volt, 100-cycle signal 
at the input of the preamplifier and 
adjust the gain control to provide an 
output of 15 db. Apply a 10 kc. signal 
of the same value and adjust the 
equalization control to provide a read¬ 
ing 15 db below zero reference. Plot a 
curve, if desired, using frequencies of 
100, 500, 1000, 5000, 10,000, and 20,000 
cycles-per-second. The curve obtained 
should correspond closely to that indi¬ 
cated in Fig. 3. 

One of the most persistent questions 
asked by new enthusiasts is, “If I add 
a bias oscillator can my playback pre¬ 
amplifier be used for recording as well 
as playback?” 

This is not practical because of the 
almost diametrically opposite equaliza¬ 
tion characteristics required. The 
switching circuitry necessary to make 
a dual purpose record-playback ampli¬ 
fier is so extensive that the construc¬ 
tion of a complete, integrated, record¬ 
playback and high-frequency bias unit 
is infinitely more practical. Those who 
intend ultimately to build such a unit 
will still find the preamplifier described 
here to be a useful adjunct to their 

Basic playback preamplifier with shield 
removed and various parts identified. 

tape systems, however, since it may 
then be used with a third head in an 
erase-record-monitor head configura¬ 
tion for simultaneous monitoring di¬ 
rectly from the recorded track. 

Fig. 7. Mechanical details of metal work. There are three parts involved; shield, 
chassis, and a cover. Since these three parts must fit together many of the dimen¬ 
sions on the diagram have been purposely omitted. Variations in sizes of com¬ 
ponents would also change specific locations of mounting holes. Make sure that 
all parts will fit before proceeding too far. The method of mounting the Irans-
i°™er is for the Viking unit. The bracket flanges are simply bent around the 
shield. The rectifier tube socket is so mounted that the base of the tube itself 
sticks through the shield to the opposite side. Use W  metal spacers to mount 
socket away from the shield. Both phono jacks are mounted on a single Bakelite 
base. Metal brackets are then used to mount to the chassis. To avoid possible hum 
pickup the filament leads between the two amplifier tubes are run through the two 
holes (E) to the opposite side of the shield. These two holes should be placed as 
close to the heater pins of their respective tubes as possible. As mentioned in the 
article, the mechanical details shown below are for the commercial unit but can 
be duplicated at home. Increasing over all size would make construction easier. 
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The Record-Playback P 

Front and rear views of commercial ver¬ 
sion oi circuit described. It can easily 
be duplicated by the home constructor. 

tape. If a monitoring head is to be 
added, a playback preamplifier will be 
required. 
The purpose of the erase head is 

Part 3. Complete construction details on a record-playback 
preamp including a bias-erase oscillator which can be 
used with any tape deck thdt employs " Dynamu" type heads. 

IT IS SAFE to assume that sooner or later, anyone who has a playback 
only system will wish to convert it 

to one which permits recording as well 
as playback. Such a system will utilize 
the same deck, but now equipped with 
an erase head as well as the original 
record-playback head. It also requires 
a record-playback preamp, consisting 
of an amplifier channel which may be 
switched to provide either a recording 
or playback function, and an erase¬ 
bias oscillator. The specific head re¬ 
quirements and the construction of a 
suitable record-playback preamplifier 
are covered in this article. 
The Viking FF75 tape deck, like any 

other presently available tape decks 
for this purpose, may be obtained as a 
complete, pretested unit equipped with 
heads of a desired configuration. The 
FF75R and FF75RM models are typi¬ 
cal. However, one of the purposes of 
this series was to begin with the basic 
single-head deck and explain the evo¬ 

lution of the various modes of opera¬ 
tion, and the components required. 
The system, as described, can be used 
with other tape decks providing the 
head equalization is properly adjusted 
and that it is compatible as far as 
adding the extra heads is concerned. 
The simple, single-head assembly 

provided on the FF75 playback deck is 
shown in Fig. 1A. It consists of a head 
mounting bracket and a single head. 
This head, incidentally, serves with 
equal effectiveness for both recording 
and playback. Fig. IB shows the same 
head and bracket assembly, but with 
an erase head added. The FF75 deck 
so equipped becomes an FF75R. The 
addition of the erase head is the only 
modification necessary to convert the 
basic playback deck for recording. 
The three-head assembly, shown in 
Fig. 1C, differs only in that the bracket 
permits addition of a second record¬ 
playback head for simultaneous moni¬ 
toring from the recorded track on the 

merely to remove any previously-
recorded track from the tape before 
the tape passes over the record-play¬ 
back head. In some recorders the 
erase function is contributed by an or¬ 
dinary Alnico bar magnet over which 
the tape passes. This device effective¬ 
ly removes the previously recorded 
track from the tape, but the uniform 
polarization of the tape results in no¬ 
ticeable hiss upon playback. The more 
usual practice, therefore, is to use a 
head quite similar to a record-play¬ 
back head, but with a considerably 
longer gap, and to drive this head 
from an ultrasonic alternating current 
generator, i.e., an erase oscillator. 
The erase head used with this deck 

has heavier pole pieces than the rec¬ 
ord-playback head, and a gap length 
of 0.007" as compared to the 0.00015" 
gap length of the Dynamu record¬ 
playback head. Also, the pole pieces 
are wider, covering a track width of 
0.125" as compared to the 0.090" re¬ 
cording track. Thus it can be seen 
that the erase head can be expected to 
fully cover the previously recorded 
track, erasing the tape before it 
reaches the record head. To accom¬ 
plish this, the erase head must be 
energized with a driving current of 
approximately 13 ma. from the ultra¬ 
sonic erase oscillator. 

Fig. 1. Mounting head assemblies for playback, record, big», and monitoring operations, available Individually or in a group. 

PLAYBACK HEAD ASSEMBLY ERASE HEAD ADDED ERASE, RECORD. MONITOR HEAD ASSEMBLY 
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The Erase-Bias Oscillator 

One of the first considerations in the 
design of the erase-bias oscillator is 
that of selecting a bias frequency. An 
immediate prerequisite is that the 
bias frequency must be at least four 
to five times that of the highest fre¬ 
quency which is to be recorded. This 
is due to the fact that the erase oscil¬ 
lator has one function other than sup¬ 
plying current to the erase head. Dur¬ 
ing recording, a small portion of this 
same high frequency current is added 
to the signal applied to the record 
head. This is called a bias current, 
hence the name, erase-bias oscillator. 
The function of this current, added to 
the signal current, is to promote lin¬ 
earity of the flux pattern on the tape. 
It establishes the need, however, for a 
four or five to one bias-to-signal fre¬ 
quency ratio in order to avoid inter¬ 
action of harmonics of the highest 
recorded frequencies with this bias 
frequency. 
The immediate inference is that a 

frequency of 100 kc. or more should 
be selected, to permit recording of fre¬ 
quencies to 15,000 cycles, or more. 
This is entirely practical in commer¬ 
cial duplicating equipment or for ex¬ 
acting professional applications. At the 
home recordist’s level, however, an 
erase bias frequency of this order is 
impractical for two reasons. First, a 
100 kc. frequency takes on many of 
the characteristics of radio frequency. 
The shortest of leads between the os¬ 
cillator and the heads are essential. 
Second, presently available erase 
heads are not easily driven at this fre¬ 
quency. Excepting such luxuries as 
double-gap erase heads, complete era¬ 
sure becomes increasingly difficult as 
the erase frequency is increased. 

Therefore, it can be stated that un¬ 
less bulk-erasure is employed to bring 
tapes down to their virgin noise level 
prior to recording, a bias frequency of 
60 kc. to 70 kc. is as high as is prac¬ 
tical. This bias frequency permits re¬ 
cording audio frequencies as high as 
12,000 cps without exceeding 2% dis¬ 
tortion. 

Equalization 

Fig. 2, curve A, shows the response 
curve required for recording. This, as 
is the response characteristic for play¬ 
back, curve B, is that required for 
over-all equalization to the commonly 
accepted NARTB standard. 

It is immediately apparent that the 
two equalization characteristics (play¬ 
back and record) are practically di¬ 
ametrically opposite. Thus, the switch¬ 
ing circuitry employed must select 
equalizing circuit components as well 
as switch the input and output cir¬ 
cuits for record and playback. 

As stated in the previous article, the 
NARTB equalization characteristic 
requires pre-emphasis of the high fre¬ 
quencies during the recording process. 
This is necessary to compensate both 
for the recording characteristics of the 
tape itself and the losses which occur 
in playback. 

Fig. 2. Approximate record and playback egualizaticn characteristics of unit. 

Fig. 3. Effect of equalizing networks, record operation. See discussion in text. 

Fig. 4. Top chassis view of preamp with cover removed. All of the major com¬ 
ponents are Identified. Of particular Interest is the position of the side flanges. 
Both flanges are mounted 1V4" in from the edge of the chassis. These flanges 
are welded in the commercial version. For home construction, they can be 
soldered, riveted, or bolted. The cover, which is not described in detail, com¬ 
pletely encloses the top and both sides of the chassis. It is perforated for 
ventilation. It is shaped to fit the contour of the rear flange as shown in the 
over-all view on page 92 and in the mechanical diagram of the metal com¬ 
ponents. The only reason for this indentation is to permit the assembly of this 
unit as close to the tape deck as possible, without interfering with the fan in 
the tape deck. This indentation is not necessary if compactness is not re¬ 
quired. The a.c. input, shown as a chassis receptacle, could be omitted if 
the a.c. power-line cord is connected directly into the preamp's power circuit. 
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Details on chassis and side flanges. Note 
that two side pieces have second W  flange 
with two holes in each, used to secure a 
perforated metal cover over the preamp. 

An equalization factor of 6 db-per-
octave is possible using an ordinary 
single-section RC network. It will be 
recalled that one such network sufficed 
in the design of the preamplifier de¬ 
scribed last month. A similar network, 
Rs» and Ce, (see Fig. 5), serve for play¬ 
back equalization in the preamp de¬ 
scribed here. The compensation re¬ 
quired during recording, however, is 
too great to be attained with a single 
network and is too complex to be so 
easily achieved. 
Actually three separate networks 

are involved. The additive effect of 
these networks is shown in Fig. 3. 
These curves, incidentally, are pro¬ 
vided merely to illustrate the method 
of equalization. They are approximate, 
inasmuch as they are not based on 
measured data. 

The first network consists of C~, R„ 
Cu, and Ri», and peaks at approxi¬ 
mately 350 cps, resulting in an approx¬ 
imation of the curve shown in Fig. 3A. 
This is, in effect, a frequency discrim¬ 
inating voltage divider network, de¬ 
creasing the signal applied to the grid 
of the third amplifier stage at fre¬ 
quencies in the region of approximate¬ 
ly 350 cycles. 
Cu and R» at the cathode of the 

second triode section peak at approxi¬ 
mately 500 cycles and act to change 
the response curve to that shown in 
Fig. 3B. 

Finally, the network consisting of L t 
and Ck, at the cathode of the third 
triode section resonates at a frequency 
of 16,000 cycles. This results in a 
sharp drop in the impedance in the 
cathode of that stage with an equiva¬ 
lent increase in gain at frequencies in 
the 16,000 cycle region. This produces 
the ultimate curve shown in Fig. 3C. 
No novelty is involved in these 

equalizing networks, they are proven 
circuits commonly employed in one 
form or another to obtain the required 
effect. The individual contributions of 
the circuit components are outlined 
here merely to satisfy the typical 

home experimenter who would rather 
know how it works than merely know 
that it works. The over-all compen¬ 
sation characteristic, it will be noted, 
serves not only to provide the pre¬ 
requisite gain at the high-frequency 
end of the audio band, but also pro¬ 
vides a rising characteristic below 100 
cycles which compensates for the 
wrap-around loss which occurs at low 
frequencies, where the wavelength on 
the recorded track exceeds the width 
of the head. 

Circuit Description 

The complexity of the record-play¬ 
back preamplifier described here 
should not be minimized. The switch¬ 
ing circuit, for example, requires care¬ 
ful wiring. Because of the extensive de¬ 
coupling networks and the equalization 
circuits, this preamp is more difficult to 
wire than an ordinary audio amplifier. 
Properly wired, however, and properly 
checked out as to bias adjustments, 
etc., this preamp is capable of pro¬ 
fessional quality recording as well as 
playback. 
The erase and bias-current adjust¬ 

ing networks are of the proper value 
for use with the Dynamu heads. If 
the same preamplifier is to be used with 
heads other than the Dynamu units, 
circuit modifications would be essen¬ 
tial both to provide the correct erase 
and bias currents and the proper 
equalization characteristics as well. 

The preamplifier is provided with its 
own self-contained power supply. The 
bias-oscillator consists of a 12AV7 
tube in a push-pull oscillator circuit. 
The related circuit components are 
those calculated to provide operation 
in the desirable frequency range be¬ 
tween 60 and 70 kc. In the event a 
higher frequency is desired, it can be 
obtained by decreasing the value of 
capacitors C,-. and C^. If other values 
are substituted, however, they must be 
substituted in pairs, maintaining a bal¬ 
anced condition. Linearity and good 
waveform are essential if distortion is 

to be kept to a minimum. The oscilla¬ 
tor output is adequate to provide the 
required 13 ma. current to the erase 
head. The voltage appearing here is 
then attenuated by the adjustable bias 
control R 18 and series resistor R» to 
provide a bias current of 0.8 ma. to the 
record-playback head when recording 
(record-playback switch in record po¬ 
sition). With this switch in the play 
position, plate voltage is removed from 
the oscillator. 
The possibility of employing bulk¬ 

erasure in certain modes of operation 
will be of interest, particularly with 
respect to stereophonic recording 
which will be discussed in the next part. 
It should be noted that the erase head, 
although a part of the deck itself, 
forms the inductive load for the erase¬ 
bias oscillator. In the event that the 
preamp is to be used with a deck 
which is not equipped with an erase 
head, a 30 mhy. choke (or a spare erase 
head) must be substituted as a loading 
coil. This may necessitate some jug¬ 
gling of the resistance value of Ro to 
provide the desired bias current of 0.8 
ma. to the record head. This bias cur¬ 
rent value, incidentally, is one of the 
critical prerequisites to full-fidelity re¬ 
cording. 
Two input connectors are shown. 

The first of these must be a shorting¬ 
type microphone connector and is used 
primarily for recording from a micro¬ 
phone. A total gain of 62 db is pro¬ 
vided after equalization; sufficient to 
justify use of a professional type mi¬ 
crophone. The high-level input pro¬ 
vides a gain of 32 db and serves for 
recording from flat-response, radio, 
phono, or similar sources. Equalization 
is fixed in either case. The gain, or 
recording level, is adjusted by means 
of Rx. 
The playback preamplifier output is 

derived from the third amplifier stage, 
a portion of which supplies a voltage 
through Cw. This voltage is rectified 
by a germanium diode CK705, and ap¬ 
plied to the eye indicator tube which 
serves as the recording level indicator. 
The same recording signal voltage is 
fed also to the output jack where it is 
available for “earphone” monitoring 
of mike pickups, or may be used to 
drive the music system in the conven¬ 
tional manner when recording from 
radio, phono, etc. 
With the record-playback switch in 

the play position, the shielded cable 
from the record head is switched to 
the input of the preamp. At the same 
time, the recording compensation net¬ 
works are removed from the active 
circuits and the single network con¬ 
sisting of Ræ and Ce is substituted. 
This provides the 6 db-per-octave at¬ 
tenuation shown in Fig. 2B. 

Resistor R2 and capacitor C^ at the 
input to the first amplifier stage are 
wired directly at the grid and cathode 
tube socket terminals and provide an 
effective filter for the 60-cycle buzz 
which can result from the sync pulses 
transmitted by television stations. This 
particular type of interference is eas¬ 
ily differentiated from power supply 
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ripple or hum because of its raspy 
sound. It succumbs easily, however, to 
the filtering effect of this simple net¬ 
work. 

Mechanical Construction 
Box-type construction was dictated 

by the requirement for minimum size 
and the over-all requirement for a 
shape which would lend itself to cab¬ 
inet installation along with the tape 
deck. A view of the unit with cover 
removed is shown in Fig. 4. The power 
supply and the not-so-critical erase¬ 
bias oscillator are contained in one 
end, the critical amplifier stages are 
at the other end, as far from the 

power supply as possible. The middle 
section of the box is utilized for the 
less critical wiring associated with the 
6E5 indicator tube, the a.c. switch, 
gain and equalization controls, and the 
record-playback switching circuitry. 
This switch consists of two decks 

with four switch sections per deck. 
The switch is special to the extent 
that it is ordinarily available only with 
%-inch spacing between decks. New 
screws, shaft, and spacers must be 
added to provide 1-inch spacing,, this, 
in order to eliminate the possibility of 
spurious oscillation. 

All low-level signal leads must be 
run with rubber covered shielded wire. 

Be certain that the shielding is not in¬ 
advertently grounded to the chassis at 
any point, since this would nullify the 
effectiveness of the single ground 
point. This ground is completed at a 
silver-plated screw midway between 
the two input connectors. The silver-
plated screw is not an essential. It is 
mentioned only to point up the neces¬ 
sity for thorough and careful handling 
of the ground circuits. Cutouts at the 
corners of the end chassis permit wires 
to be run from the center section to 
the end chassis. 
The erase head and record-playback 

head leads are rubber covered shielded 
wires, terminated with plugs which fit 

Fig. 5. Complete schematic diagram of the record-playback preamplifier and the companion bias oscillator unit. 

Ri, R?, Rio, Ru, Rm, Ra—100,000 ohm, Vi >. 
ret. 

R¿—1000 ohm, Yi res ‘ 
Rs, Rs, R11, Ru, Ru, Ru, Rss—220,000 ohm, Yi 

w. res. 
Rs—330,000 ohm, Y2 w*-
Re, Ru—36,000 ohm, Yi reí. 
Ru—47,000 ohm, 1 w. res. 
Ris—50,000 ohm log taper pot (Bias Adj. 

Control) 
Rit, Rm—22,000 ohm, Yi ret ’ 
Rib—4.7 megohm, Yi rei ‘ 
Ri?, Rs?—2200 ohm, 1 w. ret. 
Rif, Rio, Ris—1 megohm, Yi reí. 
Rss—2700 ohm, Yi reí. 
Ra—250,000 ohm audio taper pot 
Rs?, Rso—3 300 ohm, Yi *• reí. 
Ra—68,000 ohm, 1 w. res. 
Rm—10,000 ohm, Yi rej. 
Rss, Rss—470,000 ohm, Yi tv. res. 
Rss—1800 ohm, Yi >• reí. 
Rs/,—33,000 ohm, 1 w. res. 
Ru—5000 ohm linear taper pot 
All fixed resistors to be ± 10% 
Cia-Cib—15/15 ßfd., 475 v. elec, capacitor 

CtA-Cin-Ci<—30/30/20 ßfd., 250/250/25 *. 
elec, capacitor 

Cs—1000 ßfd., 15 v. elec, capacitor 
Cs, Cs—25 ßfd., 25 v. elec, capacitor 
Ce, C?, Ce, Ct, C10—.05 ßfd., 400 v. capacitor 
C11—.25 ßfd., 400 v. capacitor 
Cis—.1 ßfd., 200 v. capacitor 
Cis, Cis, Cis, Cie—.01 ßfd., 200 v. capacitor 
Cn, Cu—500 ßßfd., 400 v. ceramic capacitor 
±10% 

Cis—500 ßßfd., 400 y. disc ceramic capacitor 
Cto—750 ßßfd., 400 V. disc ceramic capacitor 
Cti—250 ßßfd., 400 v. disc ceramic capacitor 
Css—100 ßßfd., 400 v. disc ceramic capacitor 
Css—1000 ßßfd., 400 v. disc ceramic capacitor 
Cts—50 ßßfd., 400 y. disc ceramic capacitor 
Ti*—Power trans. 250-0-250 v. @ 15 ma.; 

6.3 V. @ .6 amp.; 6.3 v. @ 1.2 amp. 
Ts*—Bias oscillator coil (Viking Part filo. 

D501 ) 
CRi—1N66/CK705 germanium diode (Ray¬ 

theon) 
SRi—Selenium rectifier bridge, 300 ma., 25 

volts r.m.s. max. input, bridge center hole 
mounting 

Li*—10 mhy. iron-core choke 
Si—Dual-section selector switch, 4-poles per 

sec., non-shorting type, I" spacing between 
sections 

Si—S.p.s.t. rotary switch 
SO1—Female a.c. receptacle, chassis-mounting 

type 
J1, Js—Phone tip jack 
Ji—Mic. jack, single-contact, insulated type 
V¡—12AX7 tube 
V.—12AU7 tube 
Vs—12AV7 tube 
V;—6X4 tube 
V¿—6E5 tube 
• Note: All parts thus indicated are special and 

may be obtained, along with an escutcheon 
of the type shown in the photograph, from 
Viking of Minneapolis, 3520 E. 43rd Street, 
Minneapolis 6, Minn. 

Miscellaneous parts: 
1—Escutcheon 
1—Male a.c. receptacle, round pins, chassis¬ 

mounting type 
1—117-volt line cord with female receptacle 
molded on 
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the phono jacks used for head con¬ 
nections at the back of the deck. 
These, incidentally, present a trouble¬ 
some soldering job for the home build¬ 
er. The issue is circumvented by buy¬ 
ing a 36-inch patch cord, complete 
with molded-on plugs and cutting it 
near-center to provide two leads of 
proper length. With 70 kc. bias this 
length should be not more than 18 
inches. The shielded leads are anchored 
at the back of the preamp chassis with 
a flat cable retaining clip. 

Keep resistor and capacitor leads 
short. Use sleeving wherever danger of 
shorting exists. Don’t use tie-points 
with ground lugs. Instead run grounds 
to an insulated tie-point and thence to 
the common ground. During construc¬ 
tion, note the location of signal and 
oscillator leads. You may have to re¬ 
dress them slightly during the final 
checkout. 
Testing of the unit after wiring 

should logically begin with a check of 
voltages appearing at the test points 
indicated on the schematic diagram. 
Note that readings marked “A” are 
obtained ir, the record condition and 
readings marked “B” are taken in the 
playback condition. 

Using an oscilloscope, check to see 
that the erase-bias oscillator is operat¬ 
ing. The frequency, using the D501 
transformer, should be between 60 kc. 
and 70 kc. 
The 6E5 indicator tube should be 

operative, but fully open when the 
switch is in the record position and the 
gain control at maximum. If the eye is 
partially or fully closed, oscillation in 
the amplifier stages is indicated. 
Plug in the erase and record head 

shielded leads at the proper jacks on 

BASED on questions asked at various Audio Fairs and stereo sound dem¬ 
onstrations, any discussion of ster¬ 

eophonic sound should begin with a 
clarification of the terms "stereophonic 
sound” and “binaural sound,” which 
are often used interchangeably. Ac¬ 
tually, they represent slightly different 
recording techniques. Through common 
usage, however, one generic term “ster¬ 
eophonic sound,” is rapidly becoming 
applicable to either. 

Specifically, binaural recording ap-

the deck and clip a ground lead from 
the preamp chassis to the deck. The 
erase head jack should be grounded to 
the deck. The record head jack should 
not be grounded. During this adjust¬ 
ment procedure the cover should be 
removed from the deck permitting 
access to the head connections. 
To determine the erase head cur¬ 

rent, insert a 100-ohm resistor in series 
with the head at the deck. With the 
preamp in the record condition, an 
a.c. voltage reading of 1.2 to 1.4 volts 
should be obtained across this resistor. 
Too low a reading indicates that the 
bias frequency is too high. Change 
capacitors C 17 and Ci«, if necessary. 
Place the same 100-ohm resistor in 

series with the record-playback head. 
Adjust Rn to provide a reading of 0.8 
volt. Change the value of series resis¬ 
tor Ra if necessary to obtain this exact 
value. 

Now, place the record-playback 
switch in the play position and put on 
a music tape or other recorded tape. 
Adequate listening volume should be 
provided, with high impedance phones 
plugged in at the output jack or with 
this jack connected to the music sys¬ 
tem. 
No azimuth adjustment of the re¬ 

cord-playback head is required unless 
it has been loosened at any time, or 
removed from the bracket. In that 
case, loosen the head retaining nut 
slightly and alternately adjust the two 
azimuth alignment screws until maxi¬ 
mum output is obtained. Actually, azi¬ 
muth alignment should be done using 
a very-high-frequency continuous-tone 
tape and an oscilloscope. 

The erase head is not critical as to 

alignment. If it has just been installed, 
align it by plugging in the record¬ 
playback lead at the erase head jack, 
use a continuous tone or music tape 
and merely rotate the head for maxi¬ 
mum volume. Since the erase head has 
a very wide gap, very little high-fre¬ 
quency response will be obtained. 

The equipment is then ready for use 
as a recorder. With phono, radio, or 
mike inputs the eye indicator should 
close entirely as the gain is advanced. 
The best fidelity and dynamic range 
is provided at a setting that causes 
the eye to close not more than half 
way on peaks. Distortion will occur if 
the eye closes entirely. 
If noticeable hum is encountered, 

check all ground leads carefully. Check 
to be certain that the record head jack 
is not grounded at the deck, and that 
the erase head is grounded. With a 
short clip lead, momentarily ground 
the cable shields and ground tie-points 
throughout the preamp. For minimum 
hum, the level control should be set 
fully clockwise during playback. 
One more precaution, be sure to 

place the record-playback switch in 
the play position after finishing a re¬ 
cording. An erase head has neither 
conscience nor judgment about what it 
erases. 
As pointed out in the article, the 

unit described is a commercial prod¬ 
uct. For those who would rather pur¬ 
chase an assembled instrument, it is 
available from Viking. It is known as 
the RP61 and is priced at $77 50. For 
those who need an erase head for con¬ 
version to the two-head unit (Fig. IB) 
it is available for $7.65 The three-
head unit (Fig. 1C) is priced at $27.00 
complete. 

Stereophonic Operation 
Part 4. Concluding article covers conversion of basic deck 

to permit recording and reproduction of stereophonic tape. 

plies to recordings wherein two micro¬ 
phones are spaced a distance equiva¬ 
lent to that separating the human ears, 
and separated by a disc or sphere 
roughly equivalent to the size of the 
human head. In many cases, coupling 
equivalent to the auditory coupling be¬ 
tween the human ears is actually intro¬ 
duced between the microphones in an 
effort to obtain the truest binaural ef¬ 
fect. A binaural system in this strict 
sense of the word is shown in Fig. 1A. 
As will be seen, the output of the left¬ 

hand and right-hand microphones is 
recorded on separate tracks, is played 
back in turn through separate ampli¬ 
fiers, and is listened to using independ¬ 
ent earphones powered by the left-hand 
and right-hand amplifiers respectively. 
Thus, it is apparent that the left and 
right ears, respectively, will hear the 
program material with the exact time¬ 
relationship and balance with which it 
arrived at the microphones. 
A binaural tape recorded in this 

manner can be played back over a dual-
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channel amplifier system, but using 
speakers spaced at some given distance 
instead of the earphones shown, and 
much of the same listening quality 
will be preserved. In other words, bin-
aurally recorded tapes are adaptable 
for use with stereophonic loudspeaker 
systems. 
A complete stereophonic system is 

diagrammed in Fig. IB. In stereophonic 
recording the microphones are spaced 
fairly far apart, the exact distance de¬ 
pending upon the size of the musical 
group being recorded and, to some ex¬ 
tent, the hall acoustics and other fac¬ 
tors. The audio channels are kept en¬ 
tirely separate as in binaural record¬ 
ing, and spaced speakers are used for 
playback. Here again, earphones can 
be used for playback without adversely 
affecting the program reproduction, al¬ 
though there is no valid reason for 
doing so since the recording process did 
not involve this discrete spacing. 
Whether a given recording is bin¬ 

aural or stereophonic in origin makes 
little difference in the end result. 
Music so recorded and played back 
through separate high-quality music 
systems, takes on an auditory depth or 
spatial effect which lends amazing 
presence and realism. This is particu¬ 
larly true with respect to orchestral 
groups or symphonies having widely 
dispersed sound sources. It is evident 
even in the reproduction of single 
source instruments such as piano and 
voice, because of the reflections which, 
to an extent, fortify the sound as we 
normally hear it in an auditorium or 
concert hall. 
Both stereophonic and binaural sound 

are terms which, loosely used, have be¬ 
come somewhat interchangeable. For 
the sake of brevity, both recording 
modes will be grouped together and 
considered as “stereophonic” through¬ 
out this article. 

Tape is ideally suited to the record¬ 
ing and reproduction of stereophonic 
material. Present recording practice 
calls for the recording of two 90 mil 
tracks along either side of a standard 
%" tape. In monaural recording, one of 
these tracks is recorded in either direc¬ 
tion. In stereophonic recording these 
two tracks are recorded simultane¬ 
ously. 

Either binaural or stereophonically 
recorded tracks can be mixed by paral¬ 
leling the two stereophonic pickup 
heads or the output of the preampli¬ 
fiers, applying the mixed signals to a 
single amplifier and speaker. Played 
through a single music system, such a 
tape effectively becomes a monaural 
music source, in every way equivalent 
to a standard monaural recording. 

Conversely, a monaural tape can be 
played through a stereophonic system 
using both amplifier channels, provid¬ 
ing what can be considered as “pseudo-
stereophonic” performance, but it will 
not provide any of the directional sense 
or depth which characterizes stereo¬ 
phonically recorded tape. The gain, 
such as it is, is merely the elimination 
of the single-point sound source. 

The "Dactron Steradapter" kit. an in-line stereo adapter for tape recorders, 
developed by the International Magnetic Electronics Co. of Minneapolis, Minn. 

"Staggered” and "Stacked” Modes 

Stereophonic tape recordings are 
commonly available in either of two 
types of recording. Fig. 2B shows the 
head configuration used for so-called 
staggered recording. Here ordinary sin¬ 
gle record or playback heads are spaced 
exactly 1’4" apart, one covering the 
upper half of a standard %" tape, and 
the other the lower half of the same 
tape. It follows logically that if the 
same head arrangement and the exact 
spacing of heads is employed in play¬ 
back as was used in recording the ma¬ 
terial, the two channels will be heard in 
their original balance and time rela¬ 
tionship. With in-line heads, as shown 
in Fig. 2C, the same condition applies, 
except that the heads instead of being 
separated by a finite spacing are lo¬ 
cated one above the other. 
Champions of both the stacked and 

staggered modes of stereophonic re¬ 
cording and playback are not lacking. It 
is argued that slight differences in spac¬ 
ing between a given playback head as¬ 
sembly and that used in the original 
recording process will destroy the bal¬ 
ance of the program material. Actu¬ 
ally, the very slight difference encoun¬ 
tered is roughly equivalent to that of 
moving three or four seats one way or 
the other in the concert hall. A per¬ 
fectly valid objection to the staggered 
head style of recording is the fact that 
cut-and-splice editing of staggered 
tapes is almost impossible. 

Stacked or, if you prefer, in-line 
heads, on the other hand, have one fun¬ 
damental disadvantage. Because of the 
unavoidable close coupling between 
heads, the stacked head provides a very 
high degree of crosstalk, i.e., a signal 
voltage appearing at a given instant in 
either head, sets up a ghost image in 

the adjacent head. This is no disad¬ 
vantage in stereophonic recording or 
playback since the program material in 
both heads is almost identical. It does, 
however, set. up an immediate obstacle 
to use of either one of the stacked 
heads for monaural recording or play¬ 
back. 

The actual crosstalk ratio can be 
minimized with effective Mumetal 
shielding, but is a considerable factor 
in any case; usually on the order of 30 
to 45 db signal ratio. Thus, in record¬ 
ing, the signal impressed on the desired 
channel would appear as an unwanted 
ghost track on the adjacent channel. 
Similarly, in using one head section for 
playback from a standard half-track 
dual recorded tape, the program mate¬ 
rial from the adjacent channel would 
appear in the output at a level approx¬ 
imately 30 to 45 db down from the de¬ 
sired material. 

Because of this crosstalk character¬ 
istic inherent in stacked heads, it is 
normal practice to provide an addi¬ 
tional single-track head for use with 
monaural tapes. In the Viking "uni¬ 
versal” stereophonic head assembly this 
additional head is placed on the lower 
track and spaced at the standard stag¬ 
gered head spacing of 1’4" as shown in 
Fig. 2C. Thus it serves not only for 
the recording and playback of mon¬ 
aural tapes, but for playback of stag¬ 
gered stereophonic tapes as well. Such 
a head arrangement is considered ad¬ 
vantageous in that for the man who 
already owns a library of staggered 
recorded tapes, it provides a means for 
utilizing these along with those of the 
new tapes which are being released 
only in the staggered configuration. 
Similarly, it permits the user to choose 
program material on the basis of its 
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merit alone, without regard to the 
mode used in recording. 
Even though it is probably a safe 

assumption that the stacked or in-line 
head will eventually become an indus¬ 
try standard, staggered head assem¬ 
blies presently enjoy one distinct ad¬ 
vantage. They are generally cheaper 
and easier to acquire. Stacked heads 
are more expensive to manufacture 
because of the very precise three-di¬ 
mensional alignment of the cores which 
must be accomplished within the head 
itself prior to encapsulation. In stag¬ 
gered head assemblies this spacing and 
azimuth alignment of the individual 
heads is accomplished by adjusting, in¬ 
dividually, the position of the heads on 
the mounting bracket. 

In previous articles of this series it 
was shown how the basic Viking FF75 
deck could be changed over to an 
erase-record deck merely by installa¬ 
tion of the proper head assembly com¬ 
ponents. It is possible to purchase 
stereophonic models of the Viking deck, 
factory assembled and tested, as well 
as decks with any desired head combi¬ 
nations. However, it is possible to con¬ 
vert the basic deck to any of the other 
modes of operation merely by adding 
the required head assemblies. Fig. 2A 
shows the simplest monaural playback 
head assembly available from the com¬ 
pany. Fig. 2B shows the unit with a 
staggered mounting bracket and two 
identical half-track heads, suited for 
playback of staggered tapes or, using 
the lower head only, for playback of 
monaural tapes. The owner of the sin¬ 
gle-head deck can convert to this head 
assembly by purchasing an additional 
75-1 record-playback head at a cost of 
$9.00 and a D340 bracket at $1.50. 

Note that this head arrangement 
does not permit space for an erase head 
to the right of the offset erase-record 
head. In this case, the tapes must be 
bulk erased prior to recording. 
Fig. 2C shows the “universal” stereo¬ 

phonic head assembly which provides 

Fig. 1. Binaural (A) and stereophonic (B) systems of recording and playback. 

Fig. 2. Basic monaural head assembly 

for playback of stacked tapes using the 
stacked heads, and playback of stag¬ 
gered tapes utilizing the upper of the 
stacked heads in combination with the 
single offset head. Crosstalk from the 
unused head section in this case cannot 

and stereophonic derivations. See text. 

be detected under normal conditions 
and can be considered as having negli¬ 
gible effect. The offset head scans the 
lower track and is therefore available 
for monaural recording and playback. 
The owner of the basic deck can 

Fig. 3. Partial schematic of record-playback preamp showing circuit changes for stereo recording. 
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convert to this head configuration by purchasing the same 
D340 bracket and a 75-S2 stacked head assembly at $33.25 
The original head is moved to the offset position on the 
bracket. À D368XA tapelifter and pressure pad assembly 
should be added at a cost of $4.60. 

Fig. 2D shows a head configuration which has grown out 
of demands for a head arrangement which would permit 
stereophonic playback (or recording) using stacked heads 
and which would also permit monaural erase-record opera¬ 
tion. To convert the basic deck to this configuration it 
would be necessary to add a D340E bracket ($2.30), the 
75S-2 head assembly ($33.25), and a 75-5 erase head ($7.65 . 
The original head serves in the center, position. The tape¬ 
lifter and pressure pad assembly is essential. 

Using the head configuration of Fig. 2D, the record-play¬ 
back preamplifier (in the previous article) is merely con¬ 
nected to the erase and record-playback heads in the normal 
manner for monaural erase-record operation. For stereo¬ 
phonic playback, it is preferable that two properly compen¬ 
sated preamplifiers be connected to the output jacks pro¬ 
vided for the stacked heads. The record-playback preampli¬ 
fier could, of course, be used in either of the stereophonic 
channels, if desired, eliminating the cost of one playback 
preamp. This, however, would involve the risk of acci¬ 
dentally erasing a valuable stereo tape. 

As part of the installation procedure, of course, each of 
the heads must be carefully rotated on the axis of its 
mounting screw to provide maximum volume and then must 
be azimuth aligned, adjusting the two azimuth adjustment 
screws provided for each head until maximum volume is 
obtained. This alignment should normally be made using 
a high-frequency alignment tape or a music tape which has 
fairly consistent high-frequency output. 

It should be noted that in-line heads are recommended 
only when used with pressure pads. This is due to the fact 
that a slight deformity of the tape can result in momentary 
loss of contact with one or the other of the head pole pieces 
resulting in momentarily reduced output. A tapelifter and 
pressure pad mechanism is available as an accessory. The 
pad assembly and tapelifter lifts automatically as the con¬ 
trol is moved into the “stop,” “fast forward,” or “rewind” 
positions and holds the tape in contact with the heads when 
the control is in the “forward” position. 

The tapelifter mechanism is desirable in any case in re¬ 
cording applications. Since it lifts the tape from the head 
in fast forward and rewind, it prevents accidental erasure 
of a tape in the event the operator forgets to switch the 
record-playback amplifier out of the “record” position upon 
completion of a recording. 

Amplifier-Speaker Requirements 

For stereophonic playback of recorded tapes, the basic 
preamplifier, power amplifier, and speaker system required 
for a monaural system can be exactly duplicated. The pre¬ 
amplifier function Is adequately served by the Viking PB60, 
described in a previous part Power amplifiers with only a 
few watts of power will provide acceptable performance, 
but high-fidelity amplifiers capable of handling from 30 to 
60 watts of power will sound immeasurably better. 

It is a common misconception that a stereophonic system 
eliminates the need for high-quality amplifiers and repro¬ 
ducers. Actually, the same fundamental requirements still 
apply. It is true that stereo reproduction has such brilliance 
and such a pleasing “new" sound that even an ordinary 
table radio or phono reproducer can be utilized as a means 
to an end. However, the same program material sounds 
infinitely better when reproduced with solid, well-damped 
amplifiers and true high-fidelity speakers. 

It should be remembered that well-recorded tape provides 
a dynamic range of over 100 to 1. It takes adequate ampli¬ 
fier power, a low signal-to-noise ratio, and good speakers 
to fully utilize this range. 

Speaker arrangement is a matter of personal taste and is 
affected by the individual room requirements. Both speakers 
should be arranged along one wall or, if preferred, in cor¬ 
ners at one end of the listening area. The distance between 
the speakers should be less in a small room than in a large 
listening area. Normally, howevdr, a spacing of from 6 to 15 
feet will prove most desirable. To be completely technical, 

the ideal spacing would depend upon the microphone place¬ 
ment during recording, the size of the musical group being 
recorded, and on the acoustical properties of the room in 
which the recording was made. Manufacturers often state 
the microphone placement used for a given recording, but 
not with the expectation that it will be cause for rearrange¬ 
ment of furniture. 

Incidentally, there is no real necessity for using matched 
amplifiers and speakers for stereo reproduction. If the sys¬ 
tem is to be used for monaural as well as stereo operation, 
however, it is logical that the best amplifier and the most 
adequate speaker be placed in the left-hand position. This 
is for two reasons. Properly set up, the left-hand channel 
(lower track on tape) feeds the left-hand speaker system. 
Thus in using the equipment for monaural recording and 
playback you automatically utilize the best amplifier and 
speaker system. 

Stereophonic Recording 

The same stacked or staggered head assemblies which 
serve for playback may be used for stereophonic recording. 
This fact will be of particular interest in those fortunate 
areas where stereophonic FM-AM broadcasts are available. 
It should be noted, however, that using present Viking 
equipment or, for that matter, any recorder which does not 
provide full-track or dual-track erase heads, bulk erasure 
is essential. This has the advantage, however, of insuring 
minimum noise level. Bulk erasers range in price from 
$15.00 to $50.00 or more. In its simplest form, the bulk 
eraser is a heavy a.c.-powered electromagnet to which a 
full reel of tape is thoroughly exposed. With the current 
still applied, the reel is slowly removed from the field. 
Careful and thorough bulk erasure will reduce tape noise 
to the lowest possible degree and is completely acceptable 
for most applications. 

In stereophonic recording it is advisable that both heads 
be biased from the same bias source. This refers to the 
ultrasonic bias voltage discussed in connection with the 
record-playback preamplifier described in previous part. 
If entirely independent bias oscillators are employed, as 
would be the case if two independent record-playback pre¬ 
amplifiers were used, the difference frequency of the two 
bias oscillators would appear on the recorded tracks as an 
audible beat frequency. This, of course, is the result of the 
crosstalk characteristic of the heads and, to some extent, 
would be a problem even with the isolation provided by a 
staggered head arrangement. 

To overcome this it is necessary to supply bias to the two 
recording heads from only one of the record-playback pre¬ 
amplifiers. Circuit alterations are indicated in Fig. 3, which 
shows the essential portion of the Viking RP61 record¬ 
playback preamplifier circuit. In the right-hand channel 
amplifier, the bias oscillator is merely disabled by removing 
the 12AV7 oscillator tube, and the series resistor, R», is 
disconnected at switch Si. That terminal on the switch is 
then bridged, using shielded cable, to the same switch ter¬ 
minal on the left-hand channel record-playback preampli¬ 
fier. In thus doubling the load on the left-hand channel 
oscillator; it will be necessary to readjust the bias adjust¬ 
ment potentiometer, Ri«. It will-also be necessary to substi¬ 
tute a 27,000 ohm resistor for the 56,000 ohm resistor, R,. 
Note, also, that since bulk erasure is used, both erase head 
leads should be removed. The left-hand channel lead is 
replaced with a 30 mhy. choke in order to provide a suit¬ 
able load for the oscillator. As in monaural recording a 
bias current of .8 ma., should be applied to each of the 
record-playback heads during recording. The method for 
determining this critical current is described in previous 
article. 
The RP61 record-playback preamplifier described here 

and in the preceding issue is, of course, adaptable to either 
monaural or stereophonic recording from microphones as 
well as from radio or phono inputs. The over-all recording 
amplifier gain of 60 db plus is adequate to justify use of 
better-than-average microphones having a frequency re¬ 
sponse characteristic of 60 to 12,000 cps or better. Dynam¬ 
ic microphones of this type are generally available in the 
$40.00 to $60.00 price range and are well worth the in¬ 
vestment. -®-
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from Tape 
to Tape 
Single Deck 

the expense involved does not justify 
the purchase or rental of a second ma¬ 
chine. This article will describe means 
whereby a single recorder may be used 
to make a duplicate recording. 

To effect rerecording on a single ma¬ 
chine, two problems must be solved. 
These are : 1. An additional tape must 
be transported at constant speed with 
supply reel braking and takeup facili¬ 
ties, and 2. The additional tape, the 
old tape from which a record is de¬ 
sired, must be pulled past a playback 
head to pick off its recorded signals. 

The general idea is illustrated in 
By JAMES A. McROBERTS Fig. 2, which outlines the problem. We 

will now consider, in detail, how the 
Preserve your priceless recordings by making new tapes of 

the material. You can do it on your standard home machine. 

separate phases are solved. 
Dual Tape Transportation 

If we set up a recorder and thread 

Fig. 1. Method lor rerecording tape on 
two separate machines. Reler to article. 

Fig. 2. Simplified diagram illustrating the 
basic idea ol duplicating a magnetic tape 
utiliiing a single recording machine 
equipped with auxiliary head. Details in text. 

NUMEROUS occasions may arise making the duplication, or re¬ 
recording, of a magnetic tape de¬ 

sirable, or necessary, or both desirable 
and necessary. An irreplaceable tape, 
or perhaps a valuable tape becoming 
noisy due to wear, are common ex¬ 
amples. 
No particular problem exists if a 

second recorder is available having the 
same tape transport speed. Even the 
“same speed” requirement may be 
waived if the machine that records the 
tape will be used in playing it later. 
Of course, the recorder that picks up 
the old material must be similar in 
speed to the recording that it picks up. 
As Fig. 1 shows, the output of the 
“pickup” recorder “A” feeds the input 
of the “record” recorder “B” that does 
the job of making the new tape or re¬ 
recording. Naturally, the impedances 
of the two machines (output of “A” 
and the input of “B”) must be nearly 
the same or an impedance matching 
network is needed. An additional ma¬ 
chine may not be available, or perhaps 

Fig. 3. A horizontal plan of a dual tape transport mechanism. Tape 1 is the 
original tape while Tape 2 is the new recording being made of material on Tape 1. 

a tape through it in the customary 
manner for recording, then the capstan 
and its roller govern the linear speed 
at which the recorded tape is wound 
on the takeup reel. Therefore, if we 
place another reel on top of this take¬ 
up reel, and key it to the lowermost 
reel, the added upper reel will pull a 
tape on it at the same linear speed as 
the bottom reel pulls its tape on to 
itself and winds that tape up. Thus, 
if the reel (bottom record takeup reel, 
see Fig. 3) is of the same spool diame¬ 
ter as the reel on top of it (the play¬ 
back takeup reel), then tape 1 (the 
top tape being played back for re¬ 
recording) will travel at the same 
speed linearly as the bottom tape (on 
which the rerecording is being per¬ 
formed) which latter tape is capstan 
controlled. Hence, the two tapes travel 
linearly at the same speed. 

Fig. 3 shows also a form of a brake 
on the supply reel for the uppermost 
supply reel. This brake is a piece of 
rather rough cardboard laid on top of 
the lower reel after the “new” tape 
has been threaded. It provides some 
additional braking of the top reel over 
the bottom. A pressure pad brake 
could have been arranged against this 
reel’s rim as an alternative measure. 
The paper “brake” plus the braking 
inherent in the machine (applied to 
the supply reel turntable) is quite 
sufficient for all practical purposes. 
The old or master tape is threaded 

past an auxiliary pickup (playback) 
head—more later about it—onto the 

100 HI-FI ANNUAL i AUDIO HANDBOOK 



takeup reel. See Figs. 2, 3, and 4. The 
takeup reel must turn at the same 
angular speed as the bottom takeup 
reel as previously mentioned. The 
spindle on all recorders will project 
far enough through the top of the bot¬ 
tom reel to position the top reel but 
will not force it to revolve. This revo¬ 
lution is forced by the insertion of a 
key in the key spaces on the standard 
reels. Two pieces (halves) of a tooth¬ 
pick form a good keying device as 
shown in Fig. 6. The problem of pull¬ 
ing tape 1 at the same speed as tape 2 
is now solved completely. 

The Auxiliary Head 

As Fig. 3 shows, the top tape is 
pulled past an auxiliary playback 
head. This head is connected to the 
input of the recorder as indicated in 
Fig. 2. If the auxiliary head is proper¬ 
ly chosen, no impedance matching will 
be required—simply plug into the high 
or the low impedance input to the 
recorder, usually the high impedance 
or microphone input. A matching net¬ 
work may be used if such is necessary. 

In choosing the head, see that it has 
tape guides. If no guides are furnished 
as an integral part of the head, then 
they must be fashioned to hold the 
tape in position vertically against the 
head. Also, check to see that the head 
is either a lower track or an upper 
track head as the old recording(s) re¬ 
quire. 

In selecting the position for the 
auxiliary head, the warp must be con¬ 
sidered. Fig. 5 illustrates correct and 
incorrect warping. Some types of heads 
do not require warping but do need 
pressure pads. Naturally, the pads are 
additional cost and trouble. If needed 
you must fit them in the same manner 
as for ordinary playback service. 
Preferably purchase a head that will 
tend to hold the tape tight against 
itself by the warp method. 
The mountings for the head used in 

this particular machine were fashioned 
from small brackets procured at the 
local dime-store. The top of the ma¬ 
chine’s head cover provided a handy 
support, as is shown in the photo. 
All adjustments of the head except 
the azimuth adjustment could be ob¬ 
tained by the joints in the hardware. 
The azimuth adjustment was secured 
by the forming of the thin metal 
brackets—thin enough for bending but 
still sturdy enough so that excessive 
vibration would not be encountered. A 
wingnut is preferable to a plain nut 
where it can be used since it is easier 
to tighten or loosen. 
The vertical adjustment of the head 

must be such that the tape will lie 
against it with normal tension ap¬ 
plied; the tape guides will do very 
little work if this vertical adjustment 
is properly made. The head must be 
adjusted so that the tape will lie flat 
against the contour of the head, par¬ 
ticularly the gap. The top of the tape 
should not exert more pressure against 
the head than the bottom of the tape; 
bouncing will result if this alignment 

Fig. 4. Typical setup for rerecording with a single, standard tape recorder. 

is not correct. A further adjustment 
is making the gap at right angles to 
the direction of travel of the tape. 
Loss of volume, the loss of high note 
volume particularly, will result if this 
setting is incorrect. Monitoring the 
output with headphones while adjust¬ 
ing the head will tell the correct ad¬ 
justment—the greatest volume with 
all other things equal is the correct 
adjustment point. 
Now the sound is all electrical in 

the case of this type of recording. 
There is no guide post except the over¬ 
load indicator, which may be rather 
crude. For this reason, the output 
should be monitored with a pair of 
headphones. Pay particular attention 
to the lower passages. The overload 
indicator will tell you if the higher or 
louder passages are too strong. 
At the start of the recording, one 

hand should be placed on the record 
level control. The level may be too 
great or too little at the beginning and 
must be adjusted. If'you do not pre¬ 

Fig. 5. The correct and incorrect warping 
of recording tape around playback head. 

pare yourself, the reels may require 
rewinding and starting the process 
over again. 

A standard test tape record has been 
rerecorded in such a manner with sat¬ 
isfactory results. No tonal differences 
could be observed between the original 
and the rerecording which indicated 
relatively constant speed. The quality 
will depend to an extent on the align¬ 
ment of the head, which must be per¬ 
formed with care, as much care as the 
main heads of the machine. -®-

Fig. 6. Closeup showing the toothpick "key" on take-up reel. Refer to article. 
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Complete schematic diagram of the tape recorder amplifier. It may also be used as a two-channel audio mixer for p.a. applications. 

lows complete mixing flexibility. Thus, 
two inputs are available for crystal or 
other high impedance microphones. 
Two additional inputs tor high-level 
signals provide for FM-AM tuners, TV 
audio, phono signals, or other sources. 
With two mixer channels, independent 
control of each channel level is possi¬ 
ble. It is apparent that recorded mu¬ 
sic can be introduced as “background” 
for a microphone pickup; cross-fades 
and similar professional mixing tech¬ 
niques are possible, to list a few of 
countless examples. 

Referring again to the circuit, the 
5879 stage now functions as one micro¬ 
phone preamp with Six in the "Record” 

position. An additional 5879 is simi¬ 
larly used for the second microphone 
preamp. Series grid resistors are 
added to avoid rectification of strone 
broadcast carriers which can occasion¬ 
ally prove troublesome in high-gain 
amplifiers. (See the short item “FM 
Interference” by Ken Maxwell on page 
122 of the February 1951 issue of this 
magazine.) 

The two high-level inputs are intro¬ 
duced through sections Sw and Sm of 
the function switch. R, and Ru serve 
as the mixer gain controls. These con¬ 
trols feed individual grids of the mixer 
tube, the common plate load produc¬ 
ing electronic mixing without inter¬ 

action or crosstalk. The output of the 
mixer is parallel-fed to two indepen¬ 
dent output amplifiers. 
The 12AX7 amplifier-cathode fol¬ 

lower circuit now functions as the 
monitor amplifier. A recording level 
meter and a headphone output jack 
are added to the cathode follower for 
this application. Notice that only the 
mixer gain controls determine the 
level supplied to the meter and head¬ 
phones. Additionally, the normal am¬ 
plifier output is available with an out¬ 
put gain control affecting this output 
signal only. 
A 12AT7 is used for the record am¬ 

plifier section. A screwdriver-adjusted 
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takeup reel. See Figs. 2, 3, and 4. The 
takeup reel must turn at the same 
angular speed as the bottom takeup 
reel as previously mentioned. The 
spindle on all recorders will project 
far enough through the top of the bot¬ 
tom reel to position the top reel but 
will not force it to revolve. This revo¬ 
lution is forced by the insertion of a 
key in the key spaces on the standard 
reels. Two pieces (halves) of a tooth¬ 
pick form a good keying device as 
shown in Fig. 6. The problem of pull¬ 
ing tape 1 at the same speed as tape 2 
is now solved completely. 

The Auxiliary Head 

As Fig. 3 shows, the top tape is 
pulled past an auxiliary playback 
head. This head is connected to the 
input of the recorder as indicated in 
Fig. 2. If the auxiliary head is proper¬ 
ly chosen, no impedance matching will 
be required—simply plug into the high 
or the low impedance input to the 
recorder, usually the high impedance 
or microphone input. A matching net¬ 
work may be used if such is necessary. 

In choosing the head, see that it has 
tape guides. If no guides are furnished 
as an integral part of the head, then 
they must be fashioned to hold the 
tape in position vertically against the 
head. Also, check to see that the head 
is either a lower track or an upper 
track head as the old recording(s) re¬ 
quire. 

In selecting the position for the 
auxiliary head, the warp must be con¬ 
sidered. Fig. 5 illustrates correct and 
incorrect warping. Some types of heads 
do not require warping but do need 
pressure pads. Naturally, the pads are 
additional cost and trouble. If needed 
you must fit them in the same manner 
as for ordinary playback service. 
Preferably purchase a head that will 
tend to hold the tape tight against 
itself by the warp method. 
The mountings for the head used in 

this particular machine were fashioned 
from small brackets procured at the 
local dime-store. The top of the ma¬ 
chine’s head cover provided a handy 
support, as is shown in the photo. 
All adjustments of the head except 
the azimuth adjustment could be ob¬ 
tained by the joints in the hardware. 
The azimuth adjustment was secured 
by the forming of the thin metal 
brackets—thin enough for bending but 
still sturdy enough so that excessive 
vibration would not be encountered. A 
wingnut is preferable to a plain nut 
where it can be used since it is easier 
to tighten or loosen. 

The vertical adjustment of the head 
must be such that the tape will lie 
against it with normal tension ap¬ 
plied; the tape guides will do very 
little work if this vertical adjustment 
is properly made. The head must be 
adjusted so that the tape will lie flat 
against the contour of the head, par¬ 
ticularly the gap. The top of the tape 
should not exert more pressure against 
the head than the bottom of the tape; 
bouncing will result if this alignment 

Fig. 4. Typical letup for rerecording with a single, standard tape recorder. 

is not correct. A further adjustment 
is making the gap at right angles to 
the direction of travel of the tape. 
Loss of volume, the loss of high note 
volume particularly, will result if this 
setting is incorrect. Monitoring the 
output with headphones while adjust¬ 
ing the head will tell the correct ad¬ 
justment—the greatest volume with 
all other things equal is the correct 
adjustment point. 
Now the sound is all electrical in 

the case of this type of recording. 
There is no guide post except the over¬ 
load indicator, which may be rather 
crude. For this reason, the output 
should be monitored with a pair of 
headphones. Pay particular attention 
to the lower passages. The overload 
indicator will tell you if the higher or 
louder passages are too strong. 
At the start of the recording, one 

hand should be placed on the record 
level control. The level may be too 
great or too little at the beginning and 
must be adjusted. If'you do not pre¬ 

Fig. 5. The correct and Incorrect warping 
of recording tape around playback head. 

pare yourself, the reels may require 
rewinding and starting the process 
over again. 

A standard test tape record has been 
rerecorded in such a manner with sat¬ 
isfactory results. No tonal differences 
could be observed between the original 
and the rerecording which indicated 
relatively constant speed. The quality 
will depend to an extent on the align¬ 
ment of the head, which must be per¬ 
formed with care, as much care as the 
main heads of the machine. 

Fig. 6. Closeup showing the toothpick "key" on take up reel. Beier to article. 

1958 EDITION 101 



A Professional Tape Recording Amplifier 
for Home 
Hi-Fi Systems 

construction, of a versatile recording and The design and IN A SHORT period of years, tape recorders have come to play an in¬ 
creasingly important role in the 

home audio system. A few years back, 
tape recorders were found only in re¬ 
cording studios, broadcast stations, 

playback amplifier for use with inexpensive tape decks to 

produce quality tapes at low cost. Audio mixer is provided. 

By 
MAURICE P. JOHNSON 
Facilities Engr., Station WAAM 

Over-all view of the author's home-built 
"professional-type" tape recorder amplifier 
designed to improve home music systems. 

and other professional establishments. 
Today, by contrast, there are record¬ 
ers available in all price ranges, with 
the result that they are being used at 
all levels of audio system complexity, 
including the home music system. 

There is little need to emphasize the 
convenience of recording as offered by 
the tape recorder in conjunction with 
the home audio outfit. The advan¬ 
tages of recording broadcasts, such as 
those aired by fine-music FM stations, 
for future use are obvious. The senti¬ 
mental aspects of recording the voices 
of children, friends, or others need not 
be expounded. In short, it is apparent 
that a tape recorder is a valuable ad¬ 
junct to any home sound system. 

It is, of course, possible to buy com¬ 
mercial recorders in many price ranges 
and of varying degrees of excellence. 
However, there are many audio fans 
who enjoy constructing their own 

has been directed toward a design in¬ 
volving a relatively small cash outlay. 

The design of the amplifier is predi¬ 
cated, to a large degree, by the re¬ 
cording heads and transport mecha¬ 
nism involved. An inexpensive Pentron 
TM- 56 mechanism was selected as 
typical of the commercially available 
tape transports. Naturally, one of the 
others might have been equally satis¬ 
factory. 

Specifications on the TM-56 include 
3.75 and 7.5 inches-per-second tape 
speeds, and a flutter of 0.3% at 7.5 
ips. Speed stability, wow, and flutter 
determine the mechanical limits of 
tape fidelity, with values below 0.5% 
considered necessary for quality re¬ 
sults. The inexpensive mechanism 
compares favorably with more expen¬ 
sive units in this respect. One profes¬ 
sional broadcast tape recorder, as an 

with a gap of .0005" is used, thereby 
becoming the limiting factor on the 
frequency response. Such heads as the 
Brush "Redheads” with .00025" gaps, 
or Dynamu heads with .00015" gaps 
are theoretically capable of more ex¬ 
tended high-frequency response. How¬ 
ever, with the existing heads on the 
Pentron, and proper equalization, it 
should be possible to obtain reason¬ 
ably flat response from 50 to over 
10,000 cps, at the 7.5 ips speed. This 
range compares quite favorably with 
professional machines operating at this 
speed. Distortion-free response be¬ 
yond 10 kc. makes the use of profes¬ 
sional speeds of 15 or even 30 ips al¬ 
most essential. Other factors such as 
beats and intermodulation between 
high audio frequencies and the super¬ 
sonic erase and bias oscillator serve to 
complicate the design for extremely 

high-fidelity systems. From such a 
constructor’s point of view, there are 
two general assemblies in the tape re¬ 
corder. The tape transport mechanism 
is a mechanical device requiring close 
tolerances and careful fits, as well as 
ingenious design. As such, it is not 
easily duplicated by the home con¬ 
structor. Fortunately, tape transport 
mechanisms of good quality are readi¬ 
ly available so that the job of assem¬ 
bling a custom tape recorder can be 
confined to the construction of a suit¬ 
able amplifier. Such an amplifier will 
be discussed in this article. While the 
unit described is capable of providing 
high-fidelity performance, emphasis 

example, is rated at 0.2% r.m.s. com¬ 
bined flutter and wow at 7.5 ips speed. 
Thus, it is seen that the mechanical 
abilities of the inexpensive transport 
need not be a limiting factor in the 
design of a high-fidelity tape outfit. 
The heads furnished in production 

models of the TM-56- have removable 
pole pieces, so that single-track or 
dual-track heads may be interchanged 
as desired. Single-track heads were 
used during development work on the 
project, so that tapes could be record¬ 
ed on the TM-56 and played on an 
RCA RT-11A broadcast recorder for 
quality and equalization checks. 
A combined record-playback head 

high frequency response. 
In general, at 7.5 ips speed, the over¬ 

all characteristic of the head without 
equalization is as shown on next page. 
At this speed, it will be noticed that 
peak response is obtained in the vicinity 
of 1 to 3 kc. Because the head is a mag¬ 
netic device, lower frequencies fall off 
in direct proportion to frequency, the 
slope being independent of the tape 
speed. Another way of stating the 
same thing is to say that the response 
falls off at a rate of 6 db per octave. 
At high frequencies, however, the 

roll-off is determined to a large de¬ 
gree by tape speed as well as the head 
gap. The individual head thus enters 
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into the design problem. Frequency 
response curves of magnetic heads are 
covered in detail in such texts as 
Oliver Read's "Recording and Repro¬ 
duction of Sound,” or “Magnetic Re¬ 
cording” by S. J. Begun, for those 
interested in a more complete analysis. 
It should be noted, however, that in 
this case the relative levels at 50 cps 
and at 10 kc. are approximately 20 db 
below the response at 2 kc. This un¬ 
equalized head response indicates the 
nature of equalization which must be 
introduced in the amplifier. 

Progressing to the amplifier itself, 
now that the nature of the problem 
has been considered, it was decided 
that the design should be as flexible 
and versatile as practical, in order to 
cope with almost any recording situa¬ 
tion which might arise. To this end, 
the amplifier was designed for three 
definite purposes : namely, a record 
amplifier, a playback amplifier, with 
the third application of mixer ampli¬ 
fier for public address work included 
without adding complexity to the cir¬ 
cuit. Several stages have been made 
multi-purpose by incorporating a five-
section transfer "function” switch. 
Discussing the playback amplifier 

first, it is necessary to provide a high 
gain circuit, with low noise and hum 
levels to amplify the feeble tape sig¬ 
nals to levels sufficient to feed into the 
usual home high-fidelity audio system. 
Bass boost must be included, with a 
turnover at 1000 cps, and a maximum 
boost of 20 db at 50 cps. Examination 
of the circuit will reveal four stages 
devoted to this function. 
The record-playback head is con¬ 

nected to a low-noise pentode pream¬ 
plifier stage, with function switch Su 
in the “Play” position. This 5879 stage 
is designed for maximum gain, in the 
interests of a high signal-to-noise ra¬ 
tio. The preamplifier stage is coupled 
to the playback gain control. R«. Sec¬ 
tion ,Si< of the function switch inserts 
the bass boost equalizer, consisting of 
C, and Rs shunted across the preamp 
plate load. The equalized signal is fur¬ 
ther amplified by a triode mixer stage, 
then applied to the following 12AX7 
output tube. One triode is used for 
additional voltage gain, while the re¬ 
maining half of the dual triode serves 
as a cathode follower to furnish a low 
impedance output at a signal level of 
over one volt. 

It should be noted that the only fre¬ 
quency compensation in this entire 
chain is that produced by the shunt 
equalizer, C, and Rs. In fact, with the 
equalizer removed, the response of the 
playback amplifier is flat within ±1 
db from 20 to 20,000 cps. Such con¬ 
venient methods of equalization have 
the advantages of easy adjustment or 
modification to conform to the needs 
of a particular head. For example, 
the values of the shunt equalization 
components given are correct only for 
the .0005" gap recording head. If it is 
desired to use a head with a .00025" 
gap, the value of C, should be reduced 
to .01 or .02 /ifd. If a head with a gap 

Recording head characteristics shown at 7.5 ips tape speed with no equalization 
provided. This curve is based on data supplied by the Pentron Corporation and is 
taken with the Pentron 9T-3M head and the 3-M Company's "Scotch" #111-A tape. 

Over all response of the tape recorder amplifier at two different input levels. 

of .00015" is employed, C. should be 
further reduced to .005 or .008 /d'd. 

The playback amplifier is straight¬ 
forward, but the record amplifier be¬ 
comes a bit more complex. The first 
aspect to be considered concerns the 

input facilities to be provided. Some 
simple recorders provide a single mixer 
channel, but greater flexibility is a de¬ 
cided asset. Two mixer channels are 
obviously needed. A high-level and a 
low-level input for each channel al-

Rear view shows 2 separate input jacks (left) and 2 paralleled output jacks (center). 
The Iones connectors carry signals to the tape heads and a.c. power to the tape deck. 
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2AX7 

C22 
2 AU 7 

!R26 U VAWA 

I2ÛX7 

<00000^ WAAAAa 

H OUTPUT 

117 V.A.C< 

note: function switch shown in "play" position 

VI V2 V5 

•20/20/20 ßfd., 25 v. elec, capacitor 
1O/1O ßfd., 350 v. elec, capacitor 

(EXTERNAL» 
ERASE-HEAQ 

R29 
WAVA. 

Cz-Cs-C. 
Ct-Cto-

RECORO-RLAy 
HEAD 

(EXTERNAL) 

Rso, Rai—4700 ohm, 1 w. res. 
Raa—3300 ohm, Vi •*. f**« 
Rai—1 megohm, fa rei * 
Ras—820 ohm, Vi w. res. 
Rj»—47,000 ohm, Vi w. res. 
Ras—1 megohm audio pot 

Ca, Cr, Cat—.1 ßfd., 400 v. capacitor 
Cs, Cu—.03 ßfd., 400 v. capacitor 
Ci, Cas, Cig—10 ßfd., 25 v. elec, capacitor 
Cs-Cn-Cai-Cas—IO/1O/1O/1O ßfd., 450 v. elec. 

capacitor 
Cg—100-400 ßßfd. trimmer capacitor 
Cio, Car, C79—.05 ßfd., 400 v. capacitor 
Cia—.01 ßfd., 400 v. capacitor 
Cii—,25 ßfd., 400 v. capacitor 
Cis—250 ßßfd., ceramic capacitor 
C16—.004 ßfd., 600 v. capacitor 
C17, Cig—500 ßßfd. ceramic capacitor 

Ri, Rtt—33,000 ohm, Vi tv. res 
Rt, Ras—2 megohm, fa tv. 
Ra, Ra—2700 ohm, fa Fef. 
Ri, Ras—2.2 megohm, 1 w. res. 
Rs, Ras—470,000 ohm, 1 w. res. 
Rs, Rio, Rar—250,000 ohm audio pot 
R7, Ria, R37—1500 ohm, Vz *• tret. 
Rg—10,000 ohm, 1/2 tes. 
Rg, Rat—47,000 ohm, 1 re. res. 
R11—680,000 ohm, VS res. 
Rit—-33,000 ohm, VS R*« Fej 
Ru—470,000 ohm VS tv. rc t. 
Ris—470 ohm, VS tes. 
Ris—8200 to 47,000 ohm, VS tes, (tee text) 
Rn—100,000 ohm, 1 w. ret. 
Ria—39,000 ohm, 1 w. ret. 
Rit—68,000 ohm, VS tes. 
Rio, Rti, Rat—100,000 ohm, VS tv. tes. 
Rtg—2700 ohm, 1 w. res. 
Rat—10,000 ohm, 1 re. res. 

Caj—80 ßfd., 450 v. elec, capacitor 
Cti—10 ßfd., 450 e. elec, capacitor 
Sia, Sin, Sic, Sid, Sie—3-pos., 5-sec. ceramic 

function switch (Centralab Pal-2015) 
St, Sa, St—S.p.s.t. bat-handle toggle switch 
Mi—Rectifier type db or vu meter (tee text) 
Li—20 mhy. variable powdered-iron-core coil 

(TV linearity or width coil can be used) 
Lt—Osc. coil (Pcntron 321-4 or equiv.) 
Ti—Power trans., 350 v. @ 40 ma.; 5 v. @ 

2 amps.; 6.3 v. @ 3 amps, (encased type) 
J1, Js—Shorting type microphone connector 

(Amphenol Series 75) 
Ji, Js, Ji—Phono jack 
Js—Phone jack 
CHi—8 hy., 40 ma. filter choke (encased type) 
SOi—117 volt power-line socket 
PLi—6.3 volt pilot light 
Vi, Vs—5879 tube 
Vs, Vs—12AX7 tube 
Vt—12AT7 tube 
V6—12AU7 tube 
Vr— 5W4 tube 

Complete schematic diagram of the tape recorder amplifier. It may also be used as a two-channel audio mixer for p.a. applications. 

lows complete mixing flexibility. Thus, 
two inputs are available for crystal or 
other high impedance microphones. 
Two additional inputs tor high-level 
signals provide for FM-AM tuners, TV 
audio, phono signals, or other sources. 
With two mixer channels, independent 
control of each channel level is possi¬ 
ble. It is apparent that recorded mu¬ 
sic can be introduced as “background” 
for a microphone pickup; cross-fades 
and similar professional mixing tech¬ 
niques are possible, to list a few of 
countless examples. 

Referring again to the circuit, the 
5879 stage now functions as one micro¬ 
phone preamp with Si. in the “Record” 

position. An additional 5879 is simi¬ 
larly used for the second microphone 
preamp. Series grid resistors are 
added to avoid rectification of strone-
broadcast carriers which can occasion¬ 
ally prove troublesome in high-gain 
amplifiers. (See the short item “FM 
Interference” by Ken Maxwell on page 
122 of the February 1951 issue of this 
magazine.) 

The two high-level inputs are intro¬ 
duced through sections S,c and Si» of 
the function switch. R, and R^ serve 
as the mixer gain controls. These con¬ 
trols feed individual grids of the mixer 
tube, the common plate load produc¬ 
ing electronic mixing without inter¬ 

action or crosstalk. The output of the 
mixer is parallel-fed to two indepen¬ 
dent output amplifiers. 
The 12AX7 amplifier-cathode fol¬ 

lower circuit now functions as the 
monitor amplifier. A recording level 
meter and a headphone output jack 
are added to the cathode follower for 
this application. Notice that only the 
mixer gain controls determine the 
level supplied to the meter and head¬ 
phones. Additionally, the normal am¬ 
plifier output is available with an out¬ 
put gain control affecting this output 
signal only. 

A 12AT7 is used for the record am¬ 
plifier section. A screwdriver-adjusted 
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gain control, R™, determines the level 
fed to the recording head, and is used 
to coordinate the level read by the me¬ 
ter and that being supplied to the 
head. The two triodes of the 12AT7 
are connected as conventional voltage 
amplifiers, plus the addition of high 
frequency pre-emphasis to produce the 
necessary tape equalization. The par¬ 
allel combination of Rn and C» provide 
high frequency boost. The capacitor 
acts as a high-pass filter, with an in¬ 
herent slope of 6 db per octave. The 
shunt resistor limits the loss at low 
frequencies. The variable capacity per¬ 
mits the turnover to be adjusted. 

Additional high peaking is accom¬ 
plished by an LC circuit added to the 
cathode of the output stage. The stage 
normally operates with some degen¬ 
eration, because of the configuration 
of Ru, Ris, and R^. The coil and ca¬ 
pacitor form a series circuit in shunt 
with Rw, thus producing considerable 
gain at the resonant frequency. 

Because high-frequency response is 
determined by the individual head, the 
high-frequency equalization is made 
variable in three ways. As stated, ca¬ 
pacitor C, determines the turnover 
frequency of the high boost circuit, 
hence it affects the response in the 
vicinity of 2 to 5 kc. The inductance 
of the cathode coil determines the fre¬ 
quency of resonance. Normally, it is 
tuned to approximately 10 kc., but the 
variable iron core permits shifting this 
frequency as needed to control the re¬ 
sponse at the extreme high frequency 
end. The shunt resistor across the 
resonant circuit (R»l controls the am¬ 
plitude of the peaking. Larger values 
of resistance give a higher “Q” with 
consequent greater amplitude at res¬ 
onance, but at the expense of increased 
loss in the normal gain of the stage. 
Likewise, smaller values of resistance 
will reduce the peaking, and increase 
the over-all stage gain. For example, 
with B« at 8200 ohms, there will be a 
boost of about 8 db at 10 kc. This 
should suffice for very narrow gap 
heads. A value of 47,000 ohms will 
boost 10 kc. about 15 db, and will be 
adequate for .0005" head gaps. 
It should be pointed out that the 

Under chassis view of amplifier. Note ground bus which is used as maior tie-point. 

total high peaking is limited by the 
permissible distortion. This is based 
on the fact that the harmonic distor¬ 
tion is increased by the high-frequency 
boosting required for equalization as 
compared to that inherent in a nor¬ 
mally flat system. One additional 
means of high boost, which may be in¬ 
cluded, is that of resonating the rec¬ 
ord head at the desired high frequency 
by connecting a suitable capacity 
across the head, if needed. 

It is suggested that any individual 
constructor make some frequency runs 
on the head used and adjust the com¬ 
pensation networks as necessary to 
obtain desired flat response. Of course, 
the tape should be recorded with the 
amplifier under discussion so that the 
over-all equalization can be checked. 
With proper adjustment of these vari¬ 
ables which determine the equaliza¬ 
tion, it should be possible to record 
any good microgroove record and pro¬ 
duce playback quality which is indis¬ 
tinguishable from the record itself. 

Quality recording should, of course, 
be done at the 7.5 ips speed. However, 
the 3.75 ips speed is available for less 
critical applications, such as spoken 

material. Switch S2 is closed at the 
slow speed, to add additional capacity 
to the series resonant circuit, thereby 
lowering the frequency of resonance, 
to produce boost to help compensate 
for the increased roll-off at this speed. 

The recording output stage is cou¬ 
pled to the record head through the 
resistor Rw, passing through section 
Sid of the function switch. Also neces¬ 
sary for tape recording, of course, is a 
suitable source of bias and erase volt¬ 
age. This requires a supersonic oscil¬ 
lator which produces a symmetrical 
a.c. waveform. A 12AU7 standard 
push-pull oscillator is used for this 
purpose. This simple oscillator will 
produce better than 40 db erasure at 
normal tape saturation. The bias volt¬ 
age is a factor in the response and dis¬ 
tortion of the recorded tape and should 
be rather carefully determined. This 
can be varied by choice of the value 
of Cu. The voltage should be at least 
that which produces maximum level 
when a 1 kc. signal is recorded on the 
tape. Professional machines obtain 
less distortion by using higher bias 
levels, as great as twice this value. 

Low-frequency equalization characteristic» of the playback 
amplifier (A) and high-frequency equalization characteris-

( A) A comparison of head characteristics and over-all equal¬ 
ization curves. (B) The resultant over-all record-playback 
transfer curve of "professional-type" recorder amplifier. 
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Which tape type 
are you? 

Whatever your tape recording require¬ 
ments, there’s a “Scotch” Brand Magnetic 
Tape to fit your own special needs. A complete 
line to choose from — six famous tapes — and 
each gives you the protection of built-in dry 
lubrication to reduce recorder head wear. 

“Scotch” Brand guards your machine from 
harm by impregnating these tape coatings with 

silicone, the dry lubricant. Continually relubri¬ 
cating the tape’s surface, this silicone causes 
“Scotch” Brand Magnetic Tapes to pass 
smoothly and evenly over your recorder’s head. 
Head wear is appreciably reduced, “wow”, 
“flutter” and “squeal” are almost eliminated. 
Hear the difference yourself. Try one of these 
popular tapes on your machine soon. 

I WANT WEATHER BALANCE! “Scotch" Brand Extra 
Play Magnetic Tape No. 150 is made for use in extremes 
of temperature and humidity. Ideal for all-weather out¬ 
door recording. Made with super-tough polyester backing, 
this tape gives you 50% extra playing time. Super-potent 
oxide extends 150 Tape's frequency at high end, with 
more uniform response and crisper tones. 

I WANT HIGHER FIDELITY! Boon for the musician and 
music lover is “Scotch" Brand High Output Magnetic 
Tape No. 120. With this tape you enjoy music with 
greater dynamic range, freedom from distortion on signal 
peaks and 133% more output for brilliant sound repro¬ 
duction. A must for hi-fi fans. Acetate backing. 
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I WANT ECONOMY! All-purpose ‘Scotch” Brand Mag¬ 
netic Tape No. 111 gives you just that — flawless sound 
reproduction at low cost. Has acetate backing and 
“Scotch” Brand’s unique built-in dry lubrication. Rec¬ 
ommended for all general recording needs. 

I WANT EXTRA PLAYING TIME! Enjoy new freedom 
from reel change with “Scotch” Brand Extra Play Mag¬ 
netic Tape No. 190. Get 50% more tape on a standard¬ 
size reel — as much recording time as 1 VS reels of stand¬ 
ard tape — plus brilliant sound, thanks to a new, high 
potency oxide coating. 

I WANT SUPER STRENGTH! Tough tapes are “Scotch” 
Brand Magnetic Tape Nos. 111AM and 120AM. Their 
recording characteristics are similar to Nos. Ill and 120, 
but these super-strong tapes are coated on weather-bal¬ 
anced 1 VS mil polyester backing — the toughest made. 
Especially suited for irreplaceable recordings. 

PICK THE MAGNETIC TAPE BEST FOR YOUR NEEDS 

Tape Number 
and 

Description Stability Strength 

longwave 
Length 
Output 

Short Wave 
length 
Output 

Recording 
Time 

111 
General Purpose Good 

Very 
Good Good Good Normal 

111AM 
General Purpose Best Best Best Good Normal 

120 
High Output Good 

Very 
Good Best Good Normal 

120 AM 
High Output Best Best Best Good Normal 

190 
Extra Play Good Good Good Best Extended 

150 Extra Play 
Weather Balanced Best 

Very 
Good Good Best Extended 

The term “Scotch” and the plaid design are registered trade¬ 
marks for Magnetic Tape made in U.S.A, by MINNESOTA 
MINING AND MFG. CO., St. Paul 6. Minn. Export Sales 
Office: 99 Park Avenue, New York 16, N. Y. © 3M Co., 1957 
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TOP CHASSIS LAYOUT 

Component layout in top-chassis view. 

For the usual adjustment, the erase 
voltage will be approximately 180 volts 
at 35-50 kc. oscillator frequency, with 
the recording bias approximately 100 
volts. The final section of the function 
switch, S.s, applies plate voltage to the 
oscillator tube when needed for re¬ 
cording. 

The third use for the amplifier is as 
a two-channel mixer for public ad¬ 
dress applications. This feature was 
included without extra circuitry by 
making the function switch a three-
position affair. For mixer uses, the 
mid-position of the switch acts to dis¬ 
able the erase oscillator and record 
amplifier output, while activating all 
input connections. Output is taken 
from the monitor amplifier. The head¬ 
phone monitor position and level me¬ 
ter are both useful for this applica¬ 
tion and a signal of over one volt can 
be furnished to a p.a. power amplifier. 
The low impedance output of the 
cathode follower permits separating 
the mixer and the power amplifier by 
many feet without frequency attenua¬ 
tion. 

Construction 
The developmental amplifier, as con¬ 

structed, is shown in the photographs. 
In this case, an aluminum chassis, 
11 X 7 X 2 inches in size with front 
panel measuring 13 x 7 inches, proved 
to be of adequate size. All operating 
controls were brought out to the 
panel, with emphasis on a reasonably 
symmetrical layout. Microphone inputs 
are also available at the front panel, 
fitted with Amphenol series 75 short¬ 
ing type connectors. The shorting con¬ 
nectors serve to ground the unused in¬ 
puts to prevent hum pickup or open 
grid howls. 

The a.c. power switches for the am¬ 
plifier and the tape transport motor 
are arranged together with the pilot 
light and monitor phone jack at the 
upper left of the panel. The level indi¬ 
cating meter is at the center, with the 
function switch, equalization switch, 
and microphone input connectors fill¬ 
ing the space to the right on the front 
panel. 

The gain controls are evenly spaced 
along the lower section of the panel. 
From right to left, the controls are: 
mixer gain for channel one, mixer gain 
for channel two, monitor output gain 
control, and finally, a playback roll¬ 
off control. This latter control is used 
to reduce high-frequency response 
when playing noisy tapes, if desired. It 
consists of a one-megohm tone con¬ 
trol, with switch, and a .01 Mfd. capac¬ 

itor in series, connected between grid 
and ground of the 12AX7 cathode fol¬ 
lower stage. The switch is included to 
remove the control completely from 
the circuit when not in use. However, 
the roll-off was found unnecessary in 
the great majority of cases; conse¬ 
quently, it is not included in the cir¬ 
cuit diagram. 
The exact tube and component 

placement on the chassis is not entire¬ 
ly obvious from the photographs, and 
reference to the figure will clarify 
this. 

This layout proved satisfactory from 
a wiring standpoint. However, a few 
precautions might be pointed out to 
assist those persons who may wish to 
duplicate the unit. A ground bus is 
used, with all grounded components 
going to this bus rather than to the 
chassis. The bus, in turn, is tied to the 
chassis at one point only to help pre¬ 
vent ground loop difficulties and hum 
problems. 
The power transformer and filter 

choke were of the metal encased type 
and no hum field troubles were en¬ 
countered from this end. Shielded wire 
was used for all input leads and those 
going to the function switch. 
The encased power transformer and 

choke can be approximated in the 
UTC hermetic sealed “H" series. The 
H-81 transformer and the H-71 choke 
will be suitable. Where economy is 
desired, at the expense of some shield¬ 
ing, the Merit P-3150 transformer and 
C-2976 choke will suffice. 
The J. W. Miller Company, Los An¬ 

geles 3. Calif., makes an excellent os¬ 
cillator coil for 60 kc. operation, which 
is catalogued as the No. 1887-A. 

Radiation from the erase oscillator 
might prove troublesome, and it might 
be wise to assemble this stage in a 
small “Minibox” or other shielded sub¬ 
assembly which may then be attached 
to the main chassis. 
Input and output leads are dressed 

close to one another because of the 
single record-reproduce head. The 
switching system disables all circuits 
whenever they are unused and no dif¬ 
ficulties were experienced. 
The recording level is monitored by 

a rectifier-type decibel meter. A sur¬ 
plus telephone-type db meter was used 
and proved satisfactory. It was neces¬ 
sary to build out the meter slightly to 
reduce its loading effect on the circuit. 
One of the small inexpensive vu me¬ 
ters currently available for recording 
would be better suited, particularly 
since the meter ballistics are adapted 
for audio work. 

Connections for the a.c. as well as 
the erase and record head are made 
with small Jones plugs at the rear 
chassis lip. A separate ground lead 
should be used between the chassis 
and the motor frame. High level in¬ 
puts, as well as the output connec¬ 
tions, are made with conventional RCA 
phono connectors. The amplifier is 
mounted in a metal cabinet for pro¬ 
tection and, more important, for com¬ 
plete shielding. 

The upper diagram shows a modification 
of the circuit for improved playback 
equalization. The lower diagram will 
yield improved recording equalization. 

The frequency response of the origi¬ 
nal design with Pentron heads and 
the original equalization will be with¬ 
in ±2 db from 50 to 10,000 cps, and 
may be acceptable for many uses. 
However, in the light of recent trends, 
the equalization may be made to con¬ 
form more closely to the NARTB 
standards by a few minor changes. 
Some boost in the extremely low 

bass is added below 100 cycles during 
recording in the NARTB technique. 
This can be accomplished by adding 
an RC boost circuit between the low 
end of Ra and ground. This is shown 
as the .01 Mfd. capacitor and shunting 
resistor in the schematic diagram. 
To correct the playback curve to 

conform to the NARTB standard, the 
value of Ct should be fixed at .03 or 
.033 Afd. and resistor R* replaced with 
a variable control, with linear taper, 
range of 0-10,000 or 0-25,000 ohms. 
This control may be located on the 
panel as the extreme left control 
marked, in the original front panel 
photo, “Playback Roll-off.” This will 
replace the original roll-off control 
which was not found necessary, as ex¬ 
plained in the article. 
This playback equalization circuit 

will provide better adjustment of the 
curve slope from 100 to 10,000 cycles 
and, in particular, permits adjusting 
the high end to closer conformity with 
the NARTB curve. The NARTB 
standard shows the boost at 50 cycles 
to be about 23 db above the level at 
1 kc., and 10 kc. to be about 10 db 
down referred to 1 kc. This is a total 
slope change of about 33 db over this 
range. With R, made variable, the 
over-all slope varies from about 24 to 
35 db change over this region. 
The cathode boost and adjustable 

Cs-Rn network will permit adequate 
adjustments to the high-frequency re¬ 
cording curve to match the new stand¬ 
ard. 
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THE IDEA of stereophonic repro¬ duction has had time, since it 
was first introduced, to get ar¬ 

ranged, re-arranged, and tried in all 
kinds of variations. Many types of 
program material can be enhanced by 
good stereophonic presentation but 
some kinds, particularly solo voices 
and solo instruments, do not sound 

' to Hi-Fi Stereiiihonics 

quite natural in this medium. So let 
us consider what we really want a 
stereophonic system to do for us and 
how various approaches to the prob¬ 
lem achieve or fall short of the objec¬ 
tives. 

What Should Stereo Do? 

By NORMAN H. CROWHURST 

Details on a new system for recording and reproducing 
The arguments leading to the intro¬ 

duction of stereophonic sound are well 
known by now: the fact that we have 
two-ear or binaural perception where-

tape which provides a spatial effect by filtering. 

as a microphone or loudspeaker system 
using only one channel can only convey 
monaural perception. In making lis¬ 
tening comparisons between live pro¬ 
gram material and reproduced sound, 
a big difference can be noted between 
the original sound in live program 
material and the reverberant sound in 
the building. However, as soon as the 
same program material is recorded and 
reproduced, this difference disappears 
and the reverberant sound becomes 
confused with the original sound. 
The fact that our binaural percep¬ 

tion enables us to detect separately 
the direction of the original sound and 
the direction of the reverberant echo 
in the original production is quickly 
understood. The problem is to over¬ 
come this deficiency in reproduced 
sound. Another thing, related to this, 
that we expect stereophonic sound to 
do for us, is to enable us to pinpoint 
solo sources of sound, such as a sing¬ 
er’s voice or a solo violin, and at the 
same time to appreciate a widespread 
source of sound, such as a full or¬ 
chestra. 
Some even claim that stereophonic 

sound should enable us to pinpoint the 

individual instruments in a full or¬ 
chestra. People who expect this of 
stereophonic reproduction should try 
sitting in an average concert hall and 
attempting the same thing with a live 
performance. They will find that this 
particular requirement is not as simple 
as it seems. You certainly get an im¬ 
pression of a widespread source of 
sound but, while the whole orchestra 
is playing, it is difficult to locate the 
precise position of the violins and wind 
instruments by ear alone. This being 
the case, it seems somewhat unreason¬ 
able to expect a stereophonic system 
to do for us what the live performance 
fails to do. 
Two methods of attacking this prob¬ 

lem are already well known, the stere¬ 
ophonic system and the binaural sys¬ 
tem. In the binaural system a dummy 
head, with two microphones in the 
positions normally occupied by human 
ears, is placed in the auditorium at a 
position which is intended to represent 
the listener’s head. The program ma¬ 
terial picked up by these two micro¬ 
phones is then recorded on separate 
channels and, in due course, is played 

to the listener who hears the sound 
in headphones connected to these sepa¬ 
rate channels. 

Limitations of Binaural 
The limitations of this system are 

obvious. In the first place listening 
with headphones is quite unlike listen¬ 
ing with one’s ears free, whatever the 
quality of the headphone reproduction, 
and quite apart from the discomfort 
of wearing headphones for long peri¬ 
ods of time. It is true that a remark¬ 
able sense of direction is achieved 
this way because the phasing of sound 
presented to the two ears is identical 
with the phasing and intensity of 
sound received at the microphones in 
the dummy’s head. So the impression 
of direction, and various other effects 
such as reverberation coming from dif¬ 
ferent walls of the building, are ac¬ 
curately conveyed. 
A further limitation exists in the 

fact that the dummy’s head remains 
still during the recording, whereas the 
listener may wish to turn his head 
slightly, as he would during a live 
performance, to concentrate his at-
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Fig. 1. How multi-microphone pickup oí 
a solo instrument produces an unnatural 
effect. The side microphone, being only a 
little farther from the source, will pick up 
almost the same level. When the effect of 
studio reverberation is taken into account, 
the difference in level is negligible. 

Fig. 2. Block diagram of electronic "arti¬ 
ficial reverberation" that has been claimed 
to produce the same effect as stereo¬ 
phonic reproduction with a single channel. 
See article for a discussion of technique. 

tention on a particular instrument or a 
particular source of sound. When he 
turns his head, of course, the dummy 
does not, and so the sound field rotates 
with his head instead of remaining as 
it was, which is quite an unnatural 
experience. 

Broadly speaking, the stereophonic 
approach appears to have more prac¬ 
tical potentialities although it may 
lack some of the capability of realism 
possessed by binaural approach. The 
stereophonic approach aims at re¬ 
creating a directional sound field so 
the listener is free to move his head 
or occupy different positions just the 
same as he was in the original pro¬ 
duction. The weaknesses of the stere¬ 
ophonic system appear in the problems 
imposed to recreate the original sound 
field. 

The classic presentation of the idea 
represents the recording studio with 
a line of microphones all along one 
wall, each microphone picking up 
sound at that position on the wall and 
recording it on a separate channel. 
The playback end then reproduces 
through a line of loudspeakers on a 
corresponding wall of the auditorium 
and the theory is that the sound wave 
incident at the wall of the studio will 

be reproduced at the corresponding 
wall of the auditorium. Having made 
this assumption, which is not quite 
correct as we shall see in a moment, 
the theory then goes on to say that we 
don’t need a large number because, in 
fact, a smaller number produces quite 
a good approximation. The usual num¬ 
ber is three. The latter fact has been 
experimentally verified. 

Limitations of Classic Stereo 

The fallacy in this multiple channel 
approach rests in the fact that the 
incident sound wave at each micro¬ 
phone possesses directionality, but the 
microphone must be either omnidirec¬ 
tional or directional. Whichever is 
used, it cannot be sensible to the direc¬ 
tion in which the incident sound wave 
strikes. Similarly the corresponding 
loudspeaker on the wall of the audi¬ 
torium cannot reproduce the wave with 
directional discrimination. This means 
that the directional properties of the 
original sound waves are not repro¬ 
duced, only the relative phase differ¬ 
ences at selected points along the wall. 
Pursuing this argument, it is readily 
seen that complete reproduction of 
the directional characteristics of the 
original sound field is quite impossi¬ 
ble. This is why stereophonic repro¬ 
duction fails to satisfy on some kinds 
of program material. 
Suppose, for example, a violin is 

playing in a studio with three micro¬ 
phones spaced at 7-foot intervals, mak¬ 
ing a distance between the left and 
right microphone of 14 feet. If the 
violin is immediately in front of the 
center microphone and, say, 10 feet 
away from it, then it will be about 12 
feet from each of the side microphones. 
(See Fig. 1). This is quite normal 
proportioning of a studio in which 
such a recording will be made. Dis¬ 
regarding for a moment any rever¬ 
beration in the studio, which adds fur¬ 
ther complications, the intensity of 
sound recorded on the two side chan¬ 
nels will only be some 2 db lower than 
that recorded on the center channel. 
When it is reproduced in the audito¬ 
rium the intensity difference is not 
sufficient to pinpoint the source of 
sound as being opposite the center 
loudspeaker. Whatever directional ef¬ 
fect is produced is caused by the 
phase, or time, difference which “fa-

Fig. 3. Block diagram of system for play¬ 
back of program for "Perspecta" sound 
coded stereophonic presentation. See text. 

vors” the center speaker. But despite 
this, the unnatural similarity in level 
from three sources gives the impres¬ 
sion of a larger-than-normal violin. 
An expanded solo human voice 

sounds even more unrealistic and it is 
this property of the conventional stere¬ 
ophonic presentation that seriously 
mars its realism. 

It has been shown that the apparent 
breadth of stereophonic presentation 
is due principally to the presence of 
multiple sound sources. On more than 
one occasion, during a demonstration 
of stereophonic sound, the loudspeak¬ 
ers have been changed over so as to 
operate from a single channel and on 
at least one occasion the demonstrator 
was oblivious to this fact! He went 
on discussing the merits of reproducing 
sound in its correct intensity and 
phase relationships, quite unaware 
that each loudspeaker was, in effect, 
reproducing the same intensity and 
phase relation. 
It should be noted, however, that 

changing from a single channel pre¬ 
sented over three speakers, to proper 
stereophonic over the same speakers, 
makes an audible difference and that 
the change is undoubtedly an improve¬ 
ment. It gives an illusion that more 
closely resembles the original, espe¬ 
cially in its directional effects. 

Past experience has taught us that 
much of our appreciation is psycholog¬ 
ical: the first radio transmission was 
“almost lifelike”, because we could 
recognize the voice. When something 
better came along, we realized the 
deficiency of what we had hitherto 
thought good. That story has been 
repeated over and over. But mean¬ 
while, our ears do a very good job of 
overlooking the deficiencies! 
Besides comparing single channel 

with stereophonic, over the same 
speaker grouping, some have experi¬ 
mented with dividing the frequency 
spectrum and delivering either differ¬ 
ent parts of the spectrum or different 
response characteristics to each speak¬ 
er. This too can improve realism in 
some instances. The snag with this 
idea is that an arrangement that im¬ 
proves the presentation of one segment 
of the program material is detrimental 
to another. 
Besides pointing up the weakness 

of multiple channel reproduction, the 
comparisons just discussed also revea’ 
a possibility for improvement in two 
directions—cost and realism. With re¬ 
gard to cost, since a single channel 
reproduced over multiple sources can 
sound almost as realistic as separate 
channels reproduced over the same 
loudspeakers, there appears to be little 
point in using multiple channel re¬ 
cording. 
How, then, shall we improve real¬ 

ism ? The principal thing we want 
stereophonic sound to do is to discrim¬ 
inate between different kinds of sound 
and sound coming from different direc¬ 
tions. With the aid of multiple loud¬ 
speakers, I suggest—and I am aware 
that this will sound like heresy—this 
can best be achieved by varying the 
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combined intensity of the different 
units used. 

For a solo, for instance, it is obvi¬ 
ously desirable to reproduce the point 
source of sound over one loudspeaker 
suitably placed to represent the sound. 
For a full orchestra with its full-
bodied wide area source, the three 
loudspeakers reproducing the same 
channel simultaneously will give a 
very good impression of realism. More 
of this.idea in a moment. 

"Single Channel" Stereo 

There is one more system that we 
should discuss. Various methods are 
adopted to add artificial reverberation 
to a single-channel presentation. The 
latest recurrence of this idea appears 
in a system that re-inserts the same 
program material electronically after 
introducing a time delay on the order 
of 10 milliseconds (see Fig. 2). The 
purpose of the 10-millisecond delay is 
to introduce this much equivalent re¬ 
verberation electronically. The result¬ 
ing sound, which is then reproduced 
over a single-channel loudspeaker sys¬ 
tem, is alleged to possess the charac¬ 
teristics of this much reverberation, 
added to the original program mate¬ 
rial and the claim is made that the 
reproduction is much more “alive”. 
This reminds one of various claims 

made for microphones and loudspeak¬ 
ers which have a peaky response. Usu¬ 
ally such products are advertised as 
adding a "crispness” or “liveness” to 
the reproduction. This is a euphemism, 
calling attention to the emphasis placed 
on the particular peak frequencies. It 
is quite true that such reproduction 
does add character to the original pro¬ 
gram material. Sometimes by careful 
selection of program material this 
added character may appear to im¬ 
prove the reproduction, but more often 
it will spoil it by producing a repeated 
resonance that can become annoying. 
The result depends, to some extent, on 
the spectral distribution of sound in 
the program material. 

Our “electronic reverberation sys¬ 
tem” does practically the same thing 
—only more so. To see just why, we 
need to appreciate the difference be¬ 
tween the electronic remixing and the 
acoustic intermingling of reverbera¬ 
tion that takes place in a room: it’s 
all a matter of phase. The point to 
realize is that the question of phase 
involved in acoustics is not only a time 
difference, it is also a space difference. 
The reverberant comnonents of the 
wave are traveling in different direc¬ 
tions, to which our ears are sensitive, 
at least in the original performance. 
On the other hand, using the elec¬ 
tronic mixing it is only possible to in¬ 
clude the effect of time difference in 
the phase of the recombined signals. 
No account can be taken of direction. 
This means that, assuming our time 

delav is exactly 10 milliseconds, or one 
hundredth of a second, frequencies 
having a period in exact multiples of 
one hundredth of a second will become 
additive and produce peaks, while fre¬ 
quencies which are odd half multiples 

of this interval will partially cancel 
due to the fact that the phase rela¬ 
tionship is opposing. If the two signals 
are recombined at exactly the same 
level, frequencies at these latter points 
would disappear entirely, but by re¬ 
mixing at slightly different levels the 
response will become wavy as shown 
in Fig. 7. 

The addition of this electronic ster¬ 
eophonic device will modify the fre¬ 
quency response from its original level 
characteristic to the wavy or peaky 
one shown in Fig. 7, which naturally 
will sound more “live,” in the same 
way that microphones and loudspeak¬ 
ers having a peaky response are said 
to be more "live.” This is certainly 
no approach to true stereophonic re¬ 
production. We must use a system 
capable of giving a phase difference 
in space. 

Coded Stereophonic 

Utilizing a completely different prin¬ 
ciple, which achieves a synthetic ster¬ 
eophonic sound from single channel, 
is a system developed for the motion 
picture industry under the tradename 
Perspecta sound. This system utilizes 
a fact, mentioned a little earlier in 
this article, to produce what seems to 
promise the best approach to stereo¬ 
phonic realism thus far achieved. With 
Perspecta sound, the channels not in 
use when a solo performance is being 
presented, are reduced to a level suf¬ 
ficiently below the one being used not 
to be heard at all. On other occasions 
the single-channel sound can be ap¬ 
plied to the individual loudspeaker 
systems in varying combinations of 
intensity so as to achieve any effect 
desired. 
At this point, many readers will 

probably react the way I did when the 
system was first described to me : 
“This is a ‘poor man’s’ stereophonic, 
enabling economy in recording, but it 
cannot possibly sound as good.” That 
it can and does produce more realistic 
sound than the so-called “true” stereo¬ 
phonic is something that has to be 
heard before it can be believed. 

The system, as used for motion pic¬ 
tures, employs three loudspeaker sys¬ 
tems positioned in the usual manner 
behind the motion picture screen. Dis¬ 
tribution of the single-channel audio 
is controlled by three subaudible con¬ 
trol frequencies. In the case of the 
Perspecta sound system, the frequen¬ 
cies are 30, 35, and 40 cycles for the 
left, center, and right channels re-

Fig. 7. The reason 
why the arrangement 
of Fig. 3 sounds more 
"live". This is the 
kind of frequency re¬ 
sponse it produces 
The relative db val¬ 
ues will depend on 
the levels at which 
delayed signal is 
mixed with the 
undelayed signal. 

Fig. 4. Equipment, in addition to that of 
Fig. 3, required for preparing "Perspecta" 
presentation from original program material. 

Fig. 5. Control frequency amplifiers (one 
required for each frequency). The starred 
capacitors are trimmed to tune the ampli¬ 
fier to the required frequency, 30, 35, and 
40 cycles. The 1 megohm resistor is used 
to adjust the gain of the amplifier. If it 
is turned too far, the amplifier will oscil¬ 
late at the control frequency for which 
it is set. Control frequency inputs parallel 
on the control frequency output of Fig. 10. 
Control connects to control stage. 

Fig. 6. Control frequency oscillator for 
use in system of Fig. 4. Starred capac¬ 
itors are trimmed to give required fre¬ 
quency for each channel. The 5000 ohm 
variable resistor is set to give minimum 
harmonic (very important) by turning up 
until oscillation commences, then backing 
off, until minimum condition of stable 
oscillation is found. The 10,000 ohm pot 
can be used as a control for recording the 
control frequencies in preparing the com¬ 
posite program material. Refer to article. 

spectively. These control frequencies 
are mixed with the single channel 
audio and recorded at a level approxi-
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Fig. 8. Control stage (3 required). Audio 
drive is taken from the circuit of Fig. 10 
the three units being paralleled at this 
point. Control comes from the appropri¬ 
ate circuit of Fig. 5. Refer to the article. 

Fig. 9. Power supply circuit to provide all 
operating voltages needed for Figs. 5. 6, 8. 10. 

mately 20 db below the peak level of 
the audio. This ensures that, if the 
same sound track is reproduced over 
a normal theater system, the control 
frequencies are inaudible. In the Per-

specta reproducer, however, filters re-
movè these control frequencies and 
ensure that they do not get into the 
reproducing chain at all. 

Fig. 3 is a block diagram of the sys¬ 
tem used for playback, while Fig. 4 
shows the additional features neces¬ 
sary for making the original record¬ 
ing. The control frequencies are sep¬ 
arated, amplified, rectified, and then 
used to control variable-gain stages 
feeding the three separate channel 
loudspeakers. This means that only 
three separate power amplifier and 
loudspeaker systems are necessary— 
not three complete amplifier chains, 
so there is a considerable saving in 
cost, especially the cost of recorded 
material, because the whole recording 
is made on a single channel. 
In the system used for the motion 

picture business the bandpass chan¬ 
nels provided for control frequencies 
are fairly complicated in design, be¬ 
cause of the necessity for accommo¬ 
dating variations in the control fre¬ 
quency. This is necessary because of 
differences in speed at which the pro¬ 
jector may run, because of power line 
variations throughout the country, 
which may upset the intended syn¬ 
chronous running speed. 

A Home Version 

In order that you can hear it for 
yourself, and try making your own re¬ 
cordings, data is given so the reader 
can make up the essential electronic 
parts of the system. The complicated 
filtering provided for theater use is 
unnecessary, because your own tape 
recorder will probably run at a con¬ 
sistent speed. This means that a sim¬ 
pler circuit arrangement can be used 
for the elements making up the sys-

Fig. 10. Low- and high-pass filters and phase splitter for the circuits of Figs. 
3 and 4. The composite program is connected to the terminal marked "input." 
Control frequency output connects to the three control frequency inputs on the 
circuit of Fig. 5. Audio drive connects to the control stages of circuit of Fig. 8. 

tern and Figs. 5, 6, 8, 9, and 10 show 
schematics for the various blocks in the 
diagrams of Figs. 3 and 4. From this 
information any reader should be able 
to put together a system of his own. 
The procedure will then consist of 

first making a recording of the pro¬ 
gram material that you wish to ar¬ 
range for this presentation. If de¬ 
sired, material already recorded on 
discs can be used, the program being 
taken directly from the disc, or alter¬ 
natively an FM broadcast can be re¬ 
corded on tape, and later re-recorded 
with these control frequencies on. 
Whichever program source is used, it 
should first be obtained in some re¬ 
corded form so that it can be played 
through and notations made as to the 
desired effects. After the sound has 
been played through a time or two on 
a single channel and you have made 
up your mind as to what changes you 
want to add with the Perspecta sys¬ 
tem, you are now ready to record in 
the control tracks on your tape re¬ 
corder. 

For this kind of presentation the 
general method is as follows : adjust 
the control frequencies so as to antici¬ 
pate any particular feature of the pro¬ 
gram. For example, if a solo singer 
or solo instrument is going to come 
in, decide which loudspeaker you will 
use to feature this solo and bring this 
one to full intensity by fading up its 
control frequency so that the solo ap¬ 
pears to be coming from this point as 
a center. If there is background music, 
you adjust the control frequency level 
for the remaining two speakers to op¬ 
erate at a little lower level than the 
main speaker, which gives a general 
spread but concentrates the attention 
on the Joudspeaker with the soloist. It 
is surprising how realistic this kind 
of presentation can be. Then, when a 
full orchestra comes in, all loudspeak¬ 
ers are operated at equal level. 
The extraordinary thing, until you 

think a little more about the princi¬ 
ples of stereophonic sound, is that the 
change caused by adjusting the dis¬ 
tribution of sound prior to the solo 
part, drum break, violin, or whatever 
it may be, is not noticed until the solo 
actually begins. The fact that the gen¬ 
eral distribution of the sound changes 
around does not impress itself. Nor is 
one readily conscious of the fact that 
the dominant background music also 
comes from the same loudspeaker as 
the solo, unless the other loudspeakers 
are cut out entirely, so as to give the 
effect of single channel once again. 
The reason behind the improved 

sense of realism that can be achieved 
by this method, which at first strikes 
one as being completely contrary to 
true principles, is to be found in the 
fact that the sense of direction, which 
our hearing can give to sounds, is 
based principally upon transient 
sounds. 
In point of fact, the best demon¬ 

strations of so-called true stereophonic 
have been faked to do the same thing. 
The gain in the separate channels is 
“panned” to emphasize the desired ef-
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feet and the impression received is not 
just due to simple simultaneous three-
channel communication. 

If you carefully analyze your sense 
of direction, you will find that it is 
extremely difficult to tell the direction 
of a continuous tone, whether it be 
organ music, orchestral music at full 
volume, or an oscillator, when repro¬ 
duced over a loudspeaker. Any form 
of continuous tone, or group of con¬ 
tinuous tones reproduced in music, 
sets up a whole pattern of standing 
waves in the room, as shown in Fig. 
11. This means that the intensity pat¬ 
tern throughout the room is extremely 
complicated, and you will find that, if 
you move your head in a room where 
a loudspeaker is reproducing a tone 
from an oscillator, the apparent direc¬ 
tion of the sound source changes quite 
quickly with a small head movement. 
It is difficult to identify the sound 
with the loudspeaker emitting it. 

However, as soon as you put some 
form of more live program material 
through the same loudspeaker you are 

Fig. 11. Standing wave pattern set up 
by single tone reproduced from a loud¬ 
speaker in a room. At the positions marked 
"X," the dotted lines indicate the apparent 
direction of source w sich can be adjudged 
by the points of maximum and mini¬ 
mum instantaneous pressure, indicated by 
solid and open circles. See the article. 

much more conscious of its position. 
You will find, by careful analysis, that 
this is due to the transient nature of 
the program material. It is with the 
sharp wavefronts that you identify di¬ 
rections and not the continuous tones 
which follow them. This fact is what 
enables the Perspecta principle to op¬ 
erate so effectively to produce what 
proves to be, in fact, a more satisfac¬ 
tory illusion of stereophonic sound 
than the classic method employing 
three or more channels. 

It would seem likely that this sys¬ 
tem. or one using a similar principle, 
will ultimately be accepted as provid¬ 
ing the best and most economical ap¬ 
proach to realism in reproduced sound. 
As it will be some time before such a 
system is developed commercially and 
recorded material is available, doubt¬ 
less some readers will want to try it 
for themselves, following the method 
outlined. ~®~ 

Answers to readers' questions about the "Perspecta" 

coded stereo system 

AFTER the previous article appeared in radio * tv news, we received a 
steady flow of letters with questions 

about the various aspects of the coded 
stereo system. 
Some readers wrote in asking for 

complete details, wanting chassis size, 
layouts, details of components, parts 
lists, blueprints, etc., for the complete 
system. Others have wanted to get de¬ 
tails about the theater system that 
was mentioned in the article. 

The theater system has been quite 
extensively used and whatever data is 
available for release to anyone out¬ 
side (or inside) the motion picture in¬ 
dustry, can be obtained by applying to 
Perspecta Sound, Inc., 711 5th Ave., 
New York. 22, N. Y. 

At the outset it should be made clear 
that the system, some details of which 
were suggested in the previous article, 
had not been built. The theater sys¬ 
tem works perfectly well, using the 
same principles. Individual parts for 
the system, schematics for which were 
given in the previous article had been 
built, sometimes for other purposes. 
But the entire system had not been 
put together as a coded stereo system. 
The data put forward was given for 
the benefit of people who want to ex¬ 
periment and thus help forward the 
development of such a system, either 
for their own interest or as a contri¬ 
bution toward ultimate progress for all 
of us. 
Question 1. How do you make sure 

none of the low audio frequencies op¬ 
erate the control, and that the control 
frequencies are not heard? 

This question arises out of calling 
the control frequencies “sub-audio.” 
The “sub-” here is used in two senses : 
it means the control frequencies are 
lower in frequency than the band nor¬ 

mally used for amplifying audio, at 
least in this system; and also that they 
are below the level that will allow 
them to be audible. Additionally, high-
pass and low-pass filters are used in 
the system to separate the frequencies, 
so as to insure that not enough residual 
audio gets into the control circuits to 
upset their action, on the one hand, 
and that the control frequencies do not 
get through into the audio channels 
and produce an audible tone on the 
other hand. 

In the theater system, the control 
frequencies of 30, 35, and 40 cycles are 
at least 20 to 26 decibels below the 
maximum audio level. This, however, 
is to allow for the possibility of a Per¬ 
specta track being played in a theater 
not equipped for this kind of sound, 
and which might therefore reproduce 
these frequencies at their recorded in¬ 
tensity. This margin proves adequate 
to insure the control frequencies are 
inaudible, even without filtering. 
But when filtering is provided to 

eliminate the control frequencies from 
the audio, they can be operated at a 
somewhat higher level without risk of 
this kind of interference. 
Some are probably going to object 

here that 30, 35, and 40 cycles are def¬ 
initely within the audio range, so how 
can they be called sub-audio? 

In application to theater systems it 
was found that most theaters failed to 
reproduce anything appreciably below 
70 cycles. Consequently, nothing is 
lost by introducing a high-pass filter 
that cuts off everything below 70 cy¬ 
cles, so we can use frequencies down 
there for control purposes. 

In the living room we have a further 
factor to help us in the same direction 
Unless your living room is at least a 
50 foot cube (which is rather large for 
a living room!) you cannot possibly 

hope to develop even one complete 
wave of 20 cycle frequency in the 
room. It is true such a frequency 
might be audible if reproduced, but the 
theory about reproducing it is very 
different from practice. 

Despite the stress that has been laid 
on requiring response down to 20 cy¬ 
cles, satisfactory fidelity for the living 
room can be achieved easily by repro¬ 
ducing down to 50 cycles. This only 
requires a living room with the dimen¬ 
sion of a 20 foot cube to produce one 
complete wave. Most living rooms are 
even smaller than this! 

Question 2. How do you set up the 
control frequency oscillators and tune 
the control frequency amplifiers? 
The circuits originally given showed 

the components which set the frequen¬ 
cy marked with an asterisk. These 
have to be adjusted by trying different 
values until the frequency comes out 
right. 

The first thing to do is to set up the 
control frequency oscillators. The fre¬ 
quency for 30 cycles can be found by 
means of an oscilloscope. If you don’t 
have an oscilloscope it would be good 
to arrange to borrow one for an eve¬ 
ning, or some suitable time, from your 
local service shop. Many service shops 
have an oscilloscope which they seldom 
use and will be glad to lend if they are 
satisfied you know how to use it. 

Getting a 30 cycle frequency is very 
easy with an oscilloscope, using the 2 
to 1 Lissajous pattern. Forty cycles 
gives a 3 to 2 pattern. This is using 
line frequency as a time base. Almost 
all modern oscilloscopes have a muti-
ple switch for selecting horizontal de¬ 
flection : the internal time base, the 
line time base, or an external connec¬ 
tion. Using the "line” position of this 
switch, and applying the output from 
your control frequency oscillator to the 
normal vertical scope input, will pro¬ 
duce the Lissajous patterns shown in 
Fig. 1 when the frequencies are cor¬ 
rect. 
Adjusting the values of the capac¬ 

itors will alter the rate at which the 
pattern moves until you can get a 
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steady or stationary pattern. Then you 
have the right frequency. 
Having set up the 30 cycle and 40 

cycle control frequency oscillators, the 
next step is to set up the correspond¬ 
ing control frequency amplifiers. This 
can be achieved by a similar method. 
Turning the gain adjustment up to the 
point where they oscillate, the fre¬ 
quency is adjusted in the same manner. 
Then the gain adjustment is turned 
down until they just do not oscillate. 
Finally set the gain of each control 
frequency amplifier so that the same 
input from the corresponding control 
frequency oscillator gives you the same 
output voltage from each. 

Now you have a tool for setting up 
the 35 cycle frequency, which is not 
quite as easy as the 30 and 40 cycles, 
because there is not a convenient Lis¬ 
sajous pattern. Adjust the frequency of 
the 35 cycle oscillator until it gives an 
equal output from both the 30 cycle 
and 40 cycle control frequency ampli¬ 
fiers, showing there is equal leak-
through each way. (This output should 
be considerably less than when the cor¬ 
rect frequency of 30 or 40 cycles is ap¬ 
plied to its own amplifier, of course.) 

Finally you can set up the 35 cycle 
control frequency amplifier by aligning 
it until it gives a maximum output on 
the 35 cycle oscillator. 
This is quite a convenient way of 

setting up the frequencies without 
needing to have “reference standards,” 
which is the method used for the mo¬ 
tion picture system. 
Question 3. How about using more 

than three channels to get greater real¬ 
ism, say 4 or 5? What control frequen¬ 
cies should I use? 

If you want to extend to, say, five 
channels, the best frequencies to 
choose would be down to 20 and 25 cy¬ 
cles. If you want six you can also go 
up to 45 cycles. The 45 cycle Lissajou 
pattern, that would be used on the 
oscilloscope to align the frequency, is 
fairly simple, as shown in Fig. 2. The 
20 cycle pattern is easy, but 25 cycles 
is not. The author suggests making 
the 20 cycle oscillator and amplifier 
first and then fitting the 25 in as a 
midway point between 20 and 30, in 
the same way as 35 was fitted in be¬ 
tween 30 and 40. 
Using a combination ranging from 

20 to 40 cycles would have the advan¬ 
tage that would not encroach any more 
on the audio frequency range than the 
three channel system. As you might 
run into difficulties in satisfactory re¬ 
cording of 20 cycles, it may be a good 
thing to use this channel for the posi¬ 
tion of the loudspeaker that you con¬ 
sider least Important. 

Question 4. Is it possible to add elec¬ 
tronic reverberation effect with this 
system? 
This question touches on the vast 

potentialities of a system of this type. 
As originally set up, this coded system 
just produces an equivalent of three-
channel stereo. But it would be equal¬ 
ly possible to utilize additional control 
channels for the purpose of adding 
artificial reverberation, in variable 

quantity, to suit the program. This 
opens a new vista of versatility in re¬ 
production. Possibly, if you use five 
channels, the extra two, utilizing may¬ 
be the frequencies 20 and 25 cycles for 
control purposes, could be used to con¬ 
trol reverberation distributed by two 
more speakers in a position behind the 
listener from the main three speakers. 

This reverberation could use a sec¬ 
ond pickup. In the case of tape, this is 
quite easy to do, by putting a second 
pickup head so the tape passes it a 
fraction of a second later than the ex¬ 
isting one. 
The output from the second head 

could be delivered to another pream¬ 
plifier and the control frequencies 
picked off by the first head applied to 
control the output from the second 
preamplifier feeding the reverberation 
loudspeakers. A block diagram of this 
idea is shown in Fig. 3. 

Question 5. Can the control frequen¬ 
cy oscillators and amplifiers be made 
so the frequency can be adjusted with 
a trimmer, instead of having to be set 
by a trial and error method? 
Trimmer capacitors only come in 

values up to about 2000 micromicro¬ 
farads (.002 microfarad), but the tun¬ 
ing capacitors for these circuits are in 
the region of .1 microfarad. So any of 
the available trimmer capacitors would 
be totally inadequate as a means of 

Fig. 1. (A) shows a 30-cycle Lissajous 
figure. (B) shows a 40cycle pattern. 

(A) (Bl 

Fig. 2. (A) shows a 20-cycle Lissajous 
figure. (B) shows a 45-cycle pattern. 

Fig. 3. Block diagram showing method 
employed to Introduce reverberation. 

frequency adjustment. 
The only way to overcome this would 

be to use one of the phase shift oscil¬ 
lators where the frequency is adjusted 
by varying one or more of the compo¬ 
nents in the circuit. I have developed a 
simple circuit for this purpose which 
gives quite good waveform and re¬ 
quires a lower plate current supply 
than the original circuit. This helps 
with the design of the power supply 
for the system. 

Question 6. Are there any steps that 
can be taken to reduce the cost of this 
system, or to improve its performance? 
This question really summarizes 

what many readers have asked in dif¬ 
ferent ways, and with different spe¬ 
cific suggestions. Editorial limitations 
prevent my going into any detail to an¬ 
swer these here. The high-voltage sup¬ 
ply, as given in the original article, 
was only just sufficient for the require¬ 
ments of the system as described. But 
several readers are interested in ex¬ 
tending the system to include ideas of 
their own, and then they run into dif¬ 
ficulties in getting enough "B+” sup¬ 
ply conveniently. 

Accordingly, to help this problem, I 
have gone over most of the sections of 
the system and redesigned them using 
different tubes and circuits, making 
very small plate current demand. As 
it is not practical to devote the large 
amount of space that would be re¬ 
quired, we are preparing this informa¬ 
tion so it can be sent out on mimeo¬ 
graphed sheets, to give the readers 
who are interested in pursuing the 
matter further the information they 
will need. 

It still is not practical to give com¬ 
plete constructional details—chassis 
layout, drillings, detailed parts lists, 
and data of that nature, because of the 
variety of ways in which individual 
readers want to build this thing. But 
the data offered in this way will be 
sufficient for any reader who can work 
from a schematic, and will include de¬ 
tails on setting up the complete sys¬ 
tem, to make it work, and answers to 
many questions that have been asked 
about different aspects of the system, 
that we do not have space to answer 
here. As a reader service, we are mak¬ 
ing this data available for a nominal 
cost of $1. This should be sent directly 
to the author at 150-47 14th Rd., 
Whitestone 57, N. Y. 
Some of these changes will reduce 

cost. But it is still an experimental 
system. The real possibilities in cost 
reduction would come if and when it is 
designed for the consumer market. 
Then the whole system would be pack¬ 
aged into one unit, like a TV chassis, 
and the author foresees thé possibility 
of this taking place in a unit that will 
not cost very much more than a single 
channel system of today. Coded stereo 
recordings need cost no more than the 
equivalent program time in single 
channel. But whether this all comes 
about is not entirely a matter of “en¬ 
gineerability,” so we cannot prognos¬ 
ticate in this realm. 

1958 EDITION 115 



By JOSEPH CHERNOF 

A simplified and improved circuit 

SINCE publication of the author’s article, “The Poor Man's 3D Con¬ 
verter,” in the November, 1954 is¬ 

sue of Radio & Television News, a 
number of interesting comments have 
been received from readers who have 
constructed and experimented with the 
unit. 
On the basis of this material and 

other work, a new unit has been devel¬ 
oped which has proved to be a con¬ 
siderable improvement over the orig¬ 
inal. An internal power supply has 
been added and provisions have been 
made for utilizing the unit to supply 
power to a separate preamp or tuner 
in a custom installation. Separate audio 
inputs are provided to accommodate 
both low-and high-level audio signals. 
The bass predominant channel gain 
has been reduced to bring it more in 

line with that of the treble predomi¬ 
nant channel. Feedback has been 
added to the input preamp stages 
to improve their frequency response 

Fig. 1. Block diagram of the complete "3D" 
system. Although dual output amplifiers 
and speakers are required, ordinary units 
will work as well as high-fidelity equipment. 

and linearity. Low-frequency per¬ 
formance of the unit has been im¬ 
proved by using larger coupling capaci¬ 
tors. Capacitor C> has been made 
larger to provide a smoother crossover 
for the bass and treble channels. 
The original “3D” converter was 

designed to provide the audio experi¬ 
menter with a means of capturing the 
illusion of depth and liveness asso¬ 
ciated with true stereophonic or bin¬ 
aural sound at a fraction of the cost 
and complication involved in assem¬ 
bling either one of these two systems. 

The "3D” converter attempts to con¬ 
vert ordinary monaural sound, as sup¬ 
plied from phono pickup or tape, to 
simulated stereophonic sound. This is 
accomplished by electronically separat¬ 
ing the single sound input channel into 
two separate output channels, suffi¬ 
ciently different in phase and frequen¬ 
cy structure from each other to simu¬ 
late, say, the sound output of a sym¬ 
phonic orchestra as picked up by two 
separate microphones on a live record¬ 
ing stage. 
The two sound output channels from 

the converter are followed by two sep¬ 
arate external amplifiers and speaker 
systems so that recombination of the 
synthetic stereophonic sound takes 
place only at the ears of the listener 
as is the case with true binaural or 
stereophonic sound. 
A block diagram of the complete 

“3D” system is shown in Fig. 1. While 
dual output amplifiers and speakers 
are required, very ordinary units used 
in this system will give results superior 
in most respects to a high quality 
monaural sound system. One possibili¬ 
ty would be to use the audio section of 
a good console radio or TV set for 
the second sound channel. 
The schematic diagram of the im¬ 

proved unit is shown in Fig. 2, with 
typical operating voltages indicated on 
it. The first two stages utilize both 
sections of a 12AX7 twin-triode in a 
conventional preamp circuit. Ample 
gain is available for a magnetic car¬ 
tridge or other low-level signal source. 
No attempt is made to incorporate any 
specific means of equalization since a 
complete "3D” system will have a mul¬ 
titude of tone and volume controls on 
the various units to accomplish this. 
The output of the preamp stages is 

fed through the master gain control, 
R>- High level input signals from a 
crystal or ceramic cartridge or tuner 
are fed in at this point. In this con¬ 
nection, the jumper between terminals 
2 and 3 of Ji, a 4-terminal Jones bar¬ 
rier strip, is removed. From the master 
gain control, the amplified input signal 
is coupled to the grids of triode sec¬ 
tions V2a and V2B which comprise the 
bass and treble predominant channels 
respectively. Each channel has its own 
gain control. 
The phase and frequency structure 

of the original signal are modified by 
means of selective feedback in each 
of the two channel amplifiers to pro¬ 
vide the desired stereophonic effects. 
The separate outputs of V« and V2B 
are coupled to individual cathode-fol-
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lower triode sections, Ku and V3a, to 
provide isolation and also to permit the 
follow-up amplifiers to be located at 
some distance from the converter. 

The power supply is conventional in 
design, using a 6X4 rectifier and a 
Triad R-7A' power transformer. Very 
heavy filtering and decoupling net¬ 
works are used. Since the total “B” 
current drain of the unit is very low, 
less than 6 ma., filter resistors are 
used rather than chokes. 
As shown in the accompanying pho¬ 

tos, a 15-pin male Winchester connec¬ 
tor is mounted on the rear of the unit. 
The a.c. power is supplied through the 
associated female connector. This ar¬ 
rangement allows the unit to plug into 
a complete sound assembly, with a 
common "on-off” switch for several 
units. It also provides a handy outlet 
for “B” or filament power to be taken 
out of the unit to operate an external 
preamp or tuner as well as a very 
flexible means for connecting input 
signals into the unit for a custom in¬ 
stallation where all wiring is to be 
concealed. Conventional parts and con¬ 
struction are used throughout except 
that disc ceramic capacitors are used 
instead of tubulars to conserve space. 
Readers who have wondered whether 

or not stereophonic sound is for them 

Under chassis view of unit. Construction is conventional and no problems should 
be encountered by the builder. Disc ceramic capacitors are used to conserve space. 

can make the experiment with this 
equipment without investing a fortune 
in stereophonic head and pickups, dual 
amplifiers, and double speaker sys¬ 
tems. While no claims are made that 

this “3D” converter is anything but a 
simulated stereophonic system, it will 
provide a fairly good idea of the type 
of performance that you can expect 
from a true stereo setup. -®-

Ri—4700 ohm, Y2 ref* 
Rs, Ris, Ra—500,000 ohm audio taper pot 
Ra, Rn, Rte—220,000 ohm Y2 w. res. 
Ris, Ris, Rts, Reo—47,000 ohm, Y2 w. res. 
Ris—2000 ohm, Y2 w. res. 
Rio—22,000 ohm, 2 w. res. 
Rti—680,000 ohm, Y2 w. res. 
Rts—13,000 ohm, 2 w. res. 
Rts, Rti—2.2 megohm, Y2 w. res. 
Ris—10,000 ohm, Y1 res ' 
Ct—J pfd., 400 v. capacitor 

Ct, Ci—.047 pfd., 200 y. capacitor 
Cs—.003 pfd., 400 v. disc ceramic capacitor 
Cs, Ct—2 pfd., 600 y. bathtub capacitor 
Cs, Cis—.03 pfd., 400 y. disc ceramic capacitor 
Ci—230 ppfd., 400 v. disc ceramic capacitor 
Ct—23 pfd., 30 y. bathtub capacitor 
Cto, Cu—.01 pfd., 400 y. disc ceramic capacitor 
Cit, Cie—8 pfd., 430 y. elec, capacitor 
Cis, Ch—.003 pfd., 400 v. disc ceramic 

capacitor 

Cis—.02 pfd., 400 y. disc ceramic capacitor 
Cn, Cis—.1 pfd., 400 y. tubular capacitor 
Ti—Power trans. 3OO-O-3OO y. @ 30 ma.; 3 y. 

@ 2 amps.; 6.3 y. c.t. @ 2 amps. (3 volt 
winding not used. Triad R-7A) 

Jr—4-terminal barrier strip (Jones) 
V,—1214X7 tube 
Vt—12AT7 tube 
Vs—12AU7 tube 
Vs—6X4 tube 

iq. 2. Schematic diagram and parts list covering an improved "3D" converter. Standard, easily obtainable parts are used throughout. 
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to right, the relative positions of the 
various instruments interchange. This 

All Transistor 
Hi-Fi Amplifier 

Completely battery operated, this combination preamp, for magnetic 
cartridges, and power amplifier will provide quality reproduction. 
Although the power output is quite low, only about three-quarters 
of a watt, the unit's output is sufficient for ordinary home listening. 

Fig. 1. The completely assembled transistorized amplifier housed in its Plexi* 
glas case. From left to right the dials on the front control the volume, bass, 
and treble. The jacks, from left to right, are for output to an 8-ohm speaker 
system and input from a General Electric variable reluctance pickup cartridge. 

THE two most popular types of proj¬ ects for the electronic hobbyist are 
those involving either transistors or 

high-fidelity equipment. Up until now 
however, transistors have been notori¬ 
ous for their lack of uniformity and 
transistor articles frequently contain 
statements like, “Resistor R- should be 
selected for best results,” or "It is ad¬ 
visable to try several transistors, and 
choose the one giving the best perform¬ 
ance.” For this reason, transistor ap¬ 
plications in hi-fi equipment have been 
largely limited to preamplifiers that 
must be followed by conventional tube 
amplifiers so that the many advan¬ 
tages of transistors are not fully real¬ 
ized. 
Recently the General Electric Com¬ 

pany announced a complete line of low 
cost audio transistors with very close 
control on the parameters so that 
complete interchangeability is possi¬ 
ble, even in push-pull output stages 
which formerly required high priced 
matched pairs. With these new tran¬ 
sistors and present circuit design tech¬ 
niques, it is now practical to build a 
completely transistorized high-fidelity 
amplifier of sufficient output for ordi¬ 
nary home listening. The complete 
amplifier, including magnetic cartridge 
preamplifier and tone controls, is 
shown in Fig. 1. No attempt was 
made toward extreme miniaturization 
in the author’s model, but the com¬ 
pactness typical of transistorized 
equipment is obvious. The circuit dia¬ 
gram of the complete unit is shown in 
Fig. 5. 

One of the most popular pickups 
among high-fidelity equipment owners 
is the G-E "variable reluctance” unit 
and this preamplifier circuit was de¬ 
signed to work with it. To obtain 
proper high-frequency equalization, the 
manufacturer recommends that the 
cartridge be loaded down with 6200 
ohms and that 18 db of bass boost be 
used to compensate for recording 
characteristics. This combination will 
compensate for the RIAA characteris¬ 
tic, which is used by virtually all rec¬ 
ord manufacturers, and be sufficiently 
close compensation to give acceptable 
performance with older recordings. 
In the case of this circuit, proper car¬ 
tridge loading is accomplished by 
means of resistor B,. This 3900-ohm 
resistor, operating in conjunction with 
the low input impedance of the first 
transistor, V,, provides a circuit with 
proper response. 
The preamplifier consists of two 

RC-coupled, grounded-emitter amplifi¬ 
ers with frequency selective feedback to 
give the required bass boost and turn¬ 
over frequency. There are many pos¬ 
sible methods of biasing transistor am¬ 
plifiers, each with its own advantages 
and disadvantages. 

If a wide range of transistor current 
gains is to be tolerated with stable 
performance at high temperatures, it 
is necessary to use the circuit shown 
in Fig. 3A. In this type of biasing, the 
emitter current (and hence collector 
current) is essentially determined only 
by the voltage at the base and the 
resistance in series with the emitter. 

By 
HUGH R. LOWRY 
Application Specialist 

Semiconductor Products Dept 
General Electric Company 

Although this type of biasing is ex¬ 
tremely stable, good low-frequency 
response requires a very large bypass 
capacitor around the emitter resistor, 
which adds considerably to the cost 
and little to the performance. Since 
this transistor hi-fi amplifier was not 
intended to be operated under ex¬ 
treme environmental conditions and 
the new G-E transistors have close 
control on current gain, it is possible 
to use a simpler form of biasing as 
shown in Fig. 3B. In this type of bias¬ 
ing the base current is determined by 
the collector voltage and the resist¬ 
ance between collector and base. This 
type of biasing is extremely degenera¬ 
tive. For example, consider the situa¬ 
tion where the collector current in¬ 
creases, causing a drop in collector 
voltage. A decrease in collector volt¬ 
age reduces the current flowing into 
the base which, in turn, reduces the 
collector current, thereby counteract¬ 
ing the original increase in collector 
current. 

It might appear at first glance that 
this type of biasing would not only be 
degenerative for d.c. drifts, but would 
also degenerate the signal being am¬ 
plified. This would be true if the a.c. 
load impedance was high in compari¬ 
son with the 18,000 ohm collector re¬ 
sistor. 

If the load is the input to another 
transistor, as is usually the case, the 
input impedance of the following tran¬ 
sistor is low compared to the collector 
resistance and little a.c. degeneration 
takes place. Since tubes are voltage-
operated devices, the usual method of 
bass boost is to use voltage feedback 
from the second plate to first cathode. 

The input to the first transistor is 
almost a current source (low im¬ 
pedance cartridge plus large series re¬ 
sistance), and it is better to use 
current feedback rather than voltage 
feedback. A signal proportional to the 
output current is taken from the small 
resistor in the emitter of the second 
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lower triode sections, Vax and Van, to 
provide isolation and also to permit the 
follow-up amplifiers to be located at 
some distance from the converter. 

The power supply is conventional in 
design, using a 6X4 rectifier and a 
Triad R-7A power transformer. Very 
heavy filtering and decoupling net¬ 
works are used. Since the total “B” 
current drain of the unit is very low, 
less than 6 ma., filter resistors are 
used rather than chokes. 
As shown in the accompanying pho¬ 

tos, a 15-pin male Winchester connec¬ 
tor is mounted on the rear of the unit. 
The a.c. power is supplied through the 
associated female connector. This ar¬ 
rangement allows the unit to plug into 
a complete sound assembly, with a 
common "on-off” switch for several 
units. It also provides a handy outlet 
for "B” or filament power to be taken 
out of the unit to operate an external 
preamp or tuner as well as a very 
flexible means for connecting input 
signals into the unit for a custom in¬ 
stallation where all wiring is to be 
concealed. Conventional parts and con¬ 
struction are used throughout except 
that disc ceramic capacitors are used 
instead of tubulars to conserve space. 
Readers who have wondered whether 

or not stereophonic sound is for them 

Under chassis view of unit. Construction is conventional and no problems should 
be encountered by the builder. Disc ceramic capacitors are used to conserve space. 

can make the experiment with this 
equipment without investing a fortune 
in stereophonic head and pickups, dual 
amplifiers, and double speaker sys¬ 
tems. While no claims are made that 

this “3D” converter is anything but a 
simulated stereophonic system, it will 
provide a fairly good idea of the type 
of performance that you can expect 
from a true stereo setup. —®-

R?-4700 ohm, >/2 v. res. 
R,. Rn, Rn—500,000 ohm audio laper pol 
Rn, Rn, Rte—220,000 ohm >/2 w. res. 
Rn, Rn, Rn. Rm—47,000 ohm, >/2 w. res. 
Rn—2000 ohm, >/2 w. rer. 
Rm—22,000 ohm, 2 v. res. 
Rn—680,000 ohm, >/2 ». res. 
Ris—15,000 ohm, 2 w. res. 
Ris, Rsr—2.2 megohm, >/2 ». res. 
Ris—10,000 ohm, '/2 »- res. 
Cr—.5 pfd., 400 ». capacitor 

Ct, Ct—.047 pfd., 200 ». capacitor 
Cs—.005 pfd., 400 V. disc ceramic capacitor 
Cs, Ct—2 pfd., 600 V. bathtub capacitor 
Cs, Cis—.03 pfd., 400 ». disc ceramic capacitor 
Cr—250 ppfd., 400 v. disc ceramic capacitor 
Cs—25 pfd., 50 r. bathtub capacitor 
Cu, Cn—.01 pfd., 400 ». disc ceramic capacitor 
Cis. Cu—8 pfd., 450 ». etec. capacitor 
Cis, Cu—.005 pfd., 400 ». disc ceramic 

capacitor 

Cis—.02 pfd., 400 r. disc ceramic capacitor 
Cn, Cit—.1 pfd., 400 V. tubular capacitor 
Ti—Power trans. 300-0-300 *. @ 50 ma.; 5 v. 

@ 2 amps.; 6.3 v. c.t. @ 2 amps. (5 volt 
winding not used. Triad R-7A) 

J,—4-terminal barrier strip (Jones) 
Vi—12AX7 tube 
Vs—12AT7 tube 
Vs—12AU7 tube 
Vs—6X4 tube 

and parts list covering an improved "3D" converter. Standard, easily obtainable parts are used throughout. 
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By JAMES J. BROPHY 

Build this inexpensive, two-tube receiver which provides 

Í i 

Binaural Receiver 

an interesting "3-D" effect with AM-FM station simulcasts. 

IN MANY cities regularly scheduled stereophonic sound programs are 
broadcast over standard AM stations 
for one channel and the station’s FM 
affiliate for the other channel. Pro¬ 
gram listings in the local newspaper 
generally identify these broadcasts. 
Using such program material, the ex¬ 
perimenter can easily experience the 
thrill of “3-D” sound with simple 
equipment costing far less than the 
two-channel tape systems now becom¬ 
ing popular. 
Standard AM and FM receivers can 

be used if they are placed several feet 
apart facing the listener. For the 
maximum effect, however, earphones 
should really be used so that each ear 

hears only one channel. If one does 
not care to provide earphone outputs 
on his receivers, the simple two tube 
set diagrammed can be constructed. 
While it is far from high fidelity, the 
“presence” generated by the stereo¬ 
phonic effect must be heard to be 
fully appreciated. 
Wearing an inexpensive magnetic 

headset (ours dates from crystal set 
days), the listener can literally "point” 
to the various solo instruments in an 
orchestra, notice that the string sec¬ 
tion is down front, while the percus¬ 
sion group is in the rear, etc. Occa¬ 
sionally one gets the feeling that he is 
sitting in the middle of the orchestra 
itself. If the headset is reversed left 

Complete schematic of receiver designed to be used with magnetic headphones to pro¬ 
vide a true binaural effect. Author built his receiver using available junk box parts. 

to right, the relative positions of the 
various instruments interchange. This 
“presence” effect gives the simple sys¬ 
tem a high-fidelity sound it can’t pos¬ 
sibly have. 
As shown in the circuit diagram, 

the receiver employs a superregener¬ 
ative slope detector for FM and a re¬ 
generative receiver for AM, each fol¬ 
lowed by a single stage of audio am¬ 
plification. Dual triodes are used, so 
that the tube complement totals two, 
exclusive of power supply. The circuit 
is quite non-critical and reasonable 
departures from components and tube 
types given are permissible. Our set 
was constructed in its entirety from 
parts supplied by the junk box. 

The circuit is conventional in every 
respect, except perhaps for the use of 
both a regenerative and superregen¬ 
erative detector in the same envelope. 
We used this arrangement out of curi¬ 
osity to see how well it might work 
and absolutely no difficulty was en¬ 
countered. There is no apparent in¬ 
teraction between the two detectors 
and no interference between them. 
Obviously, separate tubes could be 
used to simplify the parts layout prob¬ 
lem somewhat. 
Superregeneration is controlled by 

variation of plate voltage of the de¬ 
tector. Some adjustment of the one-
turn antenna coupling loop should be 
made to make this control operate 
smoothly. The set can be spotted in 
the FM band by squeezing or stretch¬ 
ing the self-supporting coil. As usual, 
r.f. leads should be kept as short as 
possible, but all other wiring may be 
any convenient length. An outdoor di¬ 
pole antenna is recommended for best 
results. 

Plate feedback in the regenerative 
detector is supplied by a tickler wind¬ 
ing on a standard broadcast coil. As 
usual, the proper polarity of feedback 
voltage must be obtained in order to 
make the detector oscillate. The tick¬ 
ler connections should be interchanged 
if proper operation is not achieved on 
the first try. Here, again, plate volt¬ 
age variation controls regeneration. A 
short outside antenna will be sufficient 
in most instances. 
The audio stages require little com¬ 

ment other than that magnetic ear¬ 
phones must be used in order to pro¬ 
vide a d.c. path for the plate current. 
Individual volume controls in the grid 
circuits may be desirable to balance 
the sound levels of the two channels, 
but the regeneration controls accom¬ 
plish this reasonably well. Another 
frill might be a switching arrange¬ 
ment in the outputs so that one could 
listen to either channel with both ears. 
Comparison of the effect obtained in 
this case with that given by the stereo¬ 
phonic connection is most remarkable. 

Demonstration of this little set to 
both technical and non-technical 
listeners generally elicits some com¬ 
ment as “how can all that music come 
from two tubes?” The slight effort 
required to construct the receiver is 
more than repaid the first time the 
"3-D” effect is heard. -lãL 
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All Transistor 
Hi-Fi Amplifier 

Fig. 1. The completely assembled transistorised amplifier housed in its Plexi* 
glas case. From left to right the dials on the front control the volume, bass, 
and treble. The Jacks, from left to right, are for output to an 8-ohm speaker 
system and input from a General Electric variable reluctance pickup cartridge. 

Completely battery operated, this combination preamp, for magnetic 
cartridges, and power amplifier will provide quality reproduction. 
Although the power output is quite low, only about three-quarters 
of a watt, the unit's output is sufficient for ordinary home listening. 

THE two most popular types of proj¬ ects for the electronic hobbyist are 
those involving either transistors or 

high-fidelity equipment. Up until now 
however, transistors have been notori¬ 
ous for their lack of uniformity and 
transistor articles frequently contain 
statements like, "Resistor R- should be 
selected for best results,” or “It is ad¬ 
visable to try several transistors, and 
choose the one giving the best perform¬ 
ance.” For this reason, transistor ap¬ 
plications in hi-fi equipment have been 
largely limited to preamplifiers that 
must be followed by conventional tube 
amplifiers so that the many advan¬ 
tages of transistors are not fully real¬ 
ized. 
Recently the General Electric Com¬ 

pany announced a complete line of low 
cost audio transistors with very close 
control on the parameters so that 
complete interchangeability is possi¬ 
ble, even in push-pull output stages 
which formerly required high priced 
matched pairs. With these new tran¬ 
sistors and present circuit design tech¬ 
niques, it is now practical to build a 
completely transistorized high-fidelity 
amplifier of sufficient output for ordi¬ 
nary home listening. The complete 
amplifier, including magnetic cartridge 
preamplifier and tone controls, is 
shown in Fig. 1. No attempt was 
made toward extreme miniaturization 
in the author’s model, but the com¬ 
pactness typical of transistorized 
equipment is obvious. The circuit dia¬ 
gram of the complete unit is shown in 
Fig. 5. 

One of the most popular pickups 
among high-fidelity equipment owners 
is the G-E "variable reluctance” unit 
and this preamplifier circuit was de¬ 
signed to work with it. To obtain 
proper high-frequency equalization, the 
manufacturer recommends that the 
cartridge be loaded down with 6200 
ohms and that 18 db of bass boost be 
used to compensate for recording 
characteristics. This combination will 
compensate for the RIAA characteris¬ 
tic. which is used by virtually all rec¬ 
ord manufacturers, and be sufficiently 
close compensation to give acceptable 
performance with older recordings. 
In the case of this circuit, proper car¬ 
tridge loading is accomplished by 
means of resistor R,. This 3900-ohm 
resistor, operating in conjunction with 
the low input impedance of the first 
transistor, V,, provides a circuit with 
proper response. 
The preamplifier consists of two 

FC-coupled, grounded-emitter amplifi¬ 
ers with frequency selective feedback to 
give the required bass boost and turn¬ 
over frequency. There are many pos¬ 
sible methods of biasing transistor am¬ 
plifiers, each with its own advantages 
and disadvantages. 

If a wide range of transistor current 
gains is to be tolerated with stable 
performance at high temperatures, it 
is necessary to use the circuit shown 
in Fig. 3A. In this type of biasing, the 
emitter current (and hence collector 
current) is essentially determined only 
by the voltage at the base and the 
resistance in series with the emitter. 

By 
HUGH R. LOWRY 
Application Specialist 

Semiconductor Products Dept 
General Electric Company 

Although this type of biasing is ex¬ 
tremely stable, good low-frequency 
response requires a very large bypass 
capacitor around the emitter resistor, 
which adds considerably to the cost 
and little to the performance. Since 
this transistor hi-fi amplifier was not 
intended to be operated under ex¬ 
treme environmental conditions and 
the new G-E transistors have close 
control on current gain, it is possible 
to use a simpler form of biasing as 
shown in Fig. 3B. In this type of bias¬ 
ing the base current is determined by 
the collector voltage and the resist¬ 
ance between collector and base. This 
type of biasing is extremely degenera¬ 
tive. For example, consider the situa¬ 
tion where the collector current in¬ 
creases, causing a drop in collector 
voltage. A decrease in collector volt¬ 
age reduces the current flowing into 
the base which, in turn, reduces the 
collector current, thereby counteract¬ 
ing the original increase in collector 
current. 

It might appear at first glance that 
this type of biasing would not only be 
degenerative for d.c. drifts, but would 
also degenerate the signal being am¬ 
plified. This would be true if the a.c. 
load impedance was high in compari¬ 
son with the 18,000 ohm collector re¬ 
sistor. 

If the load is the input to another 
transistor, as is usually the case, the 
input impedance of the following tran¬ 
sistor is low compared to the collector 
resistance and little a.c. degeneration 
takes place. Since tubes are voltage-
operated devices, the usual method of 
bass boost is to use voltage feedback 
from the second plate to first cathode. 

The input to the first transistor is 
almost a current source (low im¬ 
pedance cartridge plus large series re¬ 
sistance), and it is better to use 
current feedback rather than voltage 
feedback. A signal proportional to the 
output current is taken from the small 
resistor in the emitter of the second 
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transistor and fed back through a fre¬ 
quency sensitive network to the base 
of the first transistor. The perform¬ 
ance of the preamplifier is shown in 
Fig. 2, and it can be seen that it is 
comparable in every respect to con¬ 
ventional tube preamplifiers. 

As a matter of interest, the .05 /dd. 
capacitor was replaced with a 6 Mfd. 
unit and the response of the preamp 
was found to be ±0.25 db from 20 to 
20,000 cycles. Over-all response to the 
voice coil jack was within about ±2 
db over the same frequency range. 

Tone Controls 
It might be argued that perfect re¬ 

production of music only requires that 
the amplifier compensate for record¬ 
ing characteristics and no additional 
frequency compensation is necessary. 
In practice, however, it is necessary 
to include tone controls so that differ¬ 
ences in loudspeakers, room acoustics, 
listening levels, and individual prefer¬ 
ences can be accommodated. 
The tone controls used in this am¬ 

plifier provide independent bass and 
treble control without interaction and 
both have a 1000 cycle turnover fre¬ 
quency. The action of the tone con¬ 
trols is easily understood if they are 
considered as current transfer net¬ 
works rather than voltage transfer 
networks as in vacuum tube ampli¬ 
fiers. The output current from the 
second transistor goes to the volume 
control where part of it is shunted to 
ground and the rest goes to the junc¬ 
tion of the 0.02 Mfd. and 0.2 ^fd. ca¬ 
pacitors and the center arms of the 
potentiometers. At 1000 cycles the 
equivalent circuit of the tone controls 
is very simple, as shown in Fig. 4A. 
At this frequency, the current is di¬ 
vided so that 10/llths of the current is 
shunted to ground and 1/llth goes on 
to the next transistor. The low-fre¬ 
quency equivalent circuit for the “bass 
boost” condition is shown in Fig. 4B. 
With the movable arm of the poten¬ 
tiometer near the top, the 0.02 ¿dd. 

capacitor is bypassed and more of the 
current is shunted into the 10,000 ohm 
resistor as the impedance of the 0.2 
pfd. capacitor rises at low frequencies. 
The high-frequency equivalent cir¬ 

cuit of the tone control is shown in 
Fig. 4C for the “treble cut” condition. 

Depending on the potentiometer set¬ 
ting, most of the higher frequencies 
will be shunted to ground as com¬ 
pared to a 1000 cycle signal. With the 
potentiometer arm at the top, the 
higher frequency current would by¬ 
pass the 10,000 ohm resistor and a 
treble boost would be achieved. An 
exact analysis of this type of tone 
control is somewhat complicated since 
the performance depends on the vol¬ 
ume control setting and the input im¬ 
pedance of the following transistor 
stage. Listening tests indicate that 
the performance is quite adequate and 
the frequency characteristics at an 
average volume control setting are 
shown in Fig. 6. It will be noted that 
the tone controls are not absolutely 
symmetrical but this is of little con¬ 
sequence since the extreme boost or 
cut settings are seldom used. 

Driver and Output Stages 

The next three transistors comprise 
a linear amplifier and driver stage for 
the power amplifier. The biasing is 
much the same as for the preamplifier 
stage with the exception that the load 

Fig. 3. (A) Biasing method suitable for ex¬ 
treme environmental conditions and (B) for 
use when unit is operated in normal places. 

Fig. 4. (A) A 1 kc. equivalent circuit. (B) 
low-frequency equivalent circuit, and (C) 
the equivalent circuit at high frequencies. 

resistances are lowered to accommo¬ 
date the larger current swings at the 
collector. Negative feedback is used 
from the collector of the driver stage 

Ri—3900 ohm, Yg w‘ T*s. 
Rs, Rs, Ris—220,000 ohm, >/2 w. res. 
Rs, Rs, Rss, Ris—18,000 ohm, >/2 ». res. 
Rs—4700 ohm, Yg ». res. 
Ri—220 ohm, >/2 ». res. 
Rs—100,000 ohm, 2 ». audio taper pot. 
Rs, Ris—30,000 ohm, 2 ». linear taper pot. 
Rw, Ris—1000 ohm, Yg ». res. 
Ru—10,000 ohm, Yg ». res. 
Rn—160,000 ohm, Yg ». «»• 
Ris—3 megohm, Yg »• res. 
Ris—300 ohm, Yg »• res. 
Rss—3 ohm, Yg ». res. 
Rsi—100 ohm, Yg ». res. 

Ris, Rss—10 ohm, Yg »• res. 
Ci, Ct—23 pfd., 12 v. elec, capacitor 
Cs, Ct, Cie—3 ptd., 12 V. elec, capacitor 
Cs—.03 pfd. capacitor 
Cs, Cis—30 pfd., 23 V. elec, capacitor 
Cs—.02 pfd. capacitor 
Cr—.2 pfd. capacitor 
Cs*—.008 pfd. capacitor 
Cis*—.08 pfd. capacitor 
Cis—.0047 pfd. capacitor 

*These are design values. .01 pfd. and .1 ßfd. 
can be used tor Cs and Cn respectively without 
seriously affecting performance. 

J l, Is—Phono jack 
T1—Interstage trans., 3000 to 3000 ohms 

cenlerlapped (Argonne Transformer Type 
AR-300) 

Ts—Output Irans., 123 ohms cenlerlapped Io 
8 ohms (Argonne Transformer Type AR-
301) 

Vi, Vs, Vs, Vs, Vs—"p-n-p" junction transis¬ 
tor (General Electric 2N190) 

yt, Vi—"p-n.p“ junction transistor (General 
Electric 2N188A) 

. 5. Complete schematic diagram of the transistorised amplifier-preamp unit. All parts are readily available al distributors. 
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Top view of early version of amplifier (left) and preamp-tone control chassis (right). 

Fig. 6. Frequency response of the tone controls used with transistorized amplifier. 

to the base of the third transistor. 
This type of feedback makes the out¬ 
put voltage proportional to the cur¬ 
rent flowing into the third transistor, 
which is precisely what is desired 
since the tone controls were designed 
from a current transfer basis. Feed¬ 
back applied to the base also lowers 
the input impedance of the third tran¬ 
sistor so that it is small compared to 
the 10,000 ohm resistor in series with 
the signal. A low input impedance, 
controlled by the feedback network, 
helps to make the amplifier perform¬ 
ance independent of transistor varia¬ 
tions. 
The driver transformer acts as a 

phase inverter and impedance match 
for the push-pull output stage. In 
order to prevent crossover distortion 
in a transistor push-pull class B am¬ 
plifier, it is necessary to supply a 
slight forward bias to the transistors. 
This bias is provided for by the cur¬ 
rents of the various transistors flow¬ 
ing through Rx, a 5-ohm base biasing 
resistor. The 10-ohm resistors in the 
emitters of the transistors provide a 
slight amount of degeneration and 
also prevent thermal runaway due to 
heating of the transistors. Under “no-
signal” conditions the current drain of 
the output stage should be 3 to 4 ma. 
One aspect of transistor output 

stages that sometimes confuses de¬ 

signers familiar with vacuum tube cir¬ 
cuits is that no attempt is made to 
match the output transformer im¬ 
pedance to the transistors. A little 
thought will soon indicate the reason 
for this. If, as in this amplifier, it is 
desired to obtain undistorted peaks of 
two watts from a 12-volt supply, the 
peak current drawn by each transistor 
must be 333 ma. In order to get 333 
ma. from a 12-volt source, the load on 
each transistor must be 12 volts/333 
ma. or 40 ohms. The collector-to-
collector load will be four times this, 
or 160 ohms. Therefore the impedance 
of the output transformer is deter¬ 
mined only by the supply voltage and 
the desired output power. 

If the transformer were designed to 
match the approximately 30,000 ohm 
output impedance of the transistors, 
maximum efficiency would be obtained 
but the undistorted output power 
would be limited to a few milliwatts. 
The transistors used in the output 

stage are designed to have a gain 
which is constant from low collector 
currents up to collector currents of 0.2 
or 0.3 ampere, so that there will be no 
distortion of the amplified signal. 
These transistors are measured and 
classified at the factory so that any 
two transistors with the same RETMA 
type number will give excellent per¬ 
formance in push-pull circuits. 

Bottom view of chassis. Use of punched boards facilitates the wiring operation. 

At the present time there are very 
few transformers on the market ade¬ 
quate for high-quality transistor am¬ 
plifiers. Most so-called transistor 
transformers are designed with minia¬ 
turization as an objective so that the 
frequency response is severely limited. 
The driver and output transformers 
used in this amplifier were developed 
by the New England Transformer Co. 
(distributed by Argonne) specifically 
for this application, and these trans¬ 
formers (or those having equivalent 
quality) should be used for best results. 
In a class B amplifier the current 

drain varies with the output signal so 
a well regulated power supply is a 
“must” for this amplifier. A very con¬ 
venient source of 12 volts for experi¬ 
mental work can be obtained from a 
car battery or some of the miniature 
storage batteries now available. Alter¬ 
natively, a regulated 12-volt supply 
working from the power line may be 
used. 

Construction 
One extremely desirable feature of 

transistor circuitry is that the layout 
is noncritical since all circuits operate 
at a low impedance level and the tran¬ 
sistors are small and can be mounted 
in any position. The author chose to 
construct the circuits using pre¬ 
punched terminal cards and ratchet 
terminals available from the Alden 
Products Company, Brockton, Mass. 
The components (including transis¬ 
tors) are mounted on one side of the 
boards and the wiring is done on the 
other side. All the circuits used in the 
amplifier were constructed on two 
2’£"x414" punched terminal cards. 
These cards were fastened by brackets 
(also available from Alden) to the 
main chassis which holds the trans¬ 
formers and potentiometers. The ad¬ 
vantages of this method of construc¬ 
tion are that it is rapid, rugged, and 
the final chassis has the “professional" 
look of printed wiring. Transistor 
sockets were used in the original de¬ 
sign, since it was desired to make 
interchangeability tests. Sockets are 
not really necessary, however, and the 
transistors might just as well be sol¬ 
dered directly into the circuit since 
each transistor is backed up by a full 
year’s warranty when used within 
ratings. 

Other possible methods of construc¬ 
tion include conventional point-to-
point wiring op a metal chassis, use of 
etched circuit boards, and wiring on 
terminal boards. The exact choice of 
layout and size will depend on the 
location of the amplifier. The com¬ 
pact size and negligible heat dissipa¬ 
tion of this amplifier make it possible 
to install the amplifier in a speaker 
cabinet, bookshelf, or even in the base 
of a record changer. 

Although small in size, this ampli¬ 
fier definitely is not small in perform¬ 
ance. It may not be the amplifier to 
rattle the windows of the houses in 
the next block, but the output power 
and quality leave little to be desired 
for ordinary listening in your apart¬ 
ment or home. —50— 
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Significantly better—of course—because it 
features a new feedback system in the proven 
Acro-Developed. Ultra-Linear circuit that 
sets a new standard of stability in amplifier 
performance. 

Significantly better-the heart of the 60 watt 
Ultra-Linear II amplifier is the Acrosound 
TO-600 output transformer which provides a 
degree of feedback unaffected by the im¬ 
pedance of the speaker system. 

Significantly better-the Ultra-Linear Ham 
phfier is supplied in kit form with all critical 
wiring preassembled on a rugged printed 
circuit board . simple construction requires 
only 2 hours’ assembly time. 

Significantly better in every way: 

RATED POWER OUTPUT-60 watts 

IM DISTORTION—less than 1% at 60 
watts 

HARMONIC DISTORTION —Less than 
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ponents. $109.50 wired and assembled 
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A view of the widely available General 
Electric 2N107 "p-n-p" junction transis¬ 
tor showing the internal construction. 

Negative Feedback 

Transistor Amplifiers 
By HUGH R. LOWRY 

Manager, Application Engineering 
Semiconductor Products Dept. 

General Electric Co. 

Complete design, data for transistor negative feedback 

audio amplifiers with high-fidelity characteristics. 

VACUUM-TUBE audio amplifiers in¬ corporating negative feedback have 
always been a popular item with 

the electronic hobbyist since there is a 
wealth of material in the literature 
giving design procedures and showing 
typical circuits which can be modified 
if desired. 

This situation is not true with tran¬ 
sistor audio amplifiers because, until 
recently, most of the engineering ef¬ 
fort has gone into developing circuits 
that will produce the maximum avail¬ 
able gain from a transistor. This fype 
of circuitry gives unsatisfactory re¬ 
sults from transistor audio amplifiers 
since the frequency response tends to 
be limited, the distortioh high, and 
the performance extremely dependent 
on the characteristics of the individual 
transistor. 

This article will describe how to de¬ 
sign simple transistor negative feed¬ 
back audio amplifiers that have char¬ 
acteristics good enough for even the 
"golden eared” group of audio en¬ 
thusiasts. Before getting into actual 
circuits, however, it would be best 
first to review briefly a few basic facts 
about transistor circuits. 
The first important point about 

transistors is that their input impe¬ 
dance is quite low. As shown in Fig. 
1, the input impedance is approxi¬ 

mately Z,„ = (14-/3) h„ ~ (14-/3) 
30 
y where ß is the grounded-emitter 
current gain. Beta (ß) is normally in 
the range of 30 to 100 making the in¬ 
put impedance roughly 1000 to 3000 
ohms. With such a low input imped¬ 
ance, a transistor makes an excellent 
current adder. If two signals are fed 
from a source impedance high in com¬ 
parison to the input impedance, the 
input current into the transistor will 
be essentially equal to the sum of 
these two currents. 
The second fundamental is the con¬ 

cept of a current divider as shown in 
Fig. 2. If a current source is fed into 
a network consisting of an impedance 
Z, and Z., the output current will be 
■ . Z, equivalent to -=—- _ -. An example Z/i I ¿2 

of these two principles is the analysis 
of the low-frequency response of the 
circuit shown in Fig. 3. 

Here a transistor biased in the con¬ 
ventional manner is being fed from a 
transistor amplifier with a 3900 ohm 
load resistance. The equivalent circuit 
for low frequency may be approxi¬ 
mated as shown on the right on Fig. 
3. This equivalent circuit consists of 
a current source which is feeding into 
the parallel combination of a gener-
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don't miss these 

AUTHORITATIVE 
ANNUALS 

FOR YOUR JOB 
OR HOBBY! 

COLOR TELEVISION 
-1957 

Accurate guide to the entire 
field of color TV. Experts give 
detailed “do’s” and “don’ts”, 
practical ideas and guidance 
for servicing sets and circuits 
. . . buying and operating lat¬ 
est makes. Photos, schematics, 
diagrams, clear explanations, 
up-to-date material. 

134 pages. $1.00. (#1) 

ELECTRONIC 
EXPERIMENTER’S 
HANDBOOK’--

ELECTRONIC EXPERIMENTER’S 
HANDBOOK-1957 

Exciting “how-to” manual for 
electronic experimenters, hob¬ 
byists and inventors! Shows 
how to build over 46 electronic 
devices . . . hi-fi, ham, radio 
control, outdoor gadgets, photo 
aids, home worksavers, toys. 
For beginners as well as ad¬ 
vanced experimenters. 

194 pages. $1.00. (#3) 

PHOTOGRAPHY 

PHOTOGRAPHY DIRECTORY 
& BUYING GUIDE-1957 

World's most complete hand¬ 
book of photo products! Lists 
over 5,000 products, 1,000 il¬ 
lustrations: cameras, lenses, 
lighting equipment,'darkroom 
gear, meters, films, etc. Shows 
latest prices, specifications. 
Extra features: “Where to Sell 
Your Photos,” Directory of 
Photo Schools. 

202 pages. $1.00. (#4) 

POPULAR PHOTOGRAPHY 
COLOR ANNUAL-1957 

Largest collection of color 
photos ever published! Superb 
color prints by top pros ». . 
story behind each photo . . . 
latest on darkroom color work 
. . . inside facts by master pho¬ 
tographers on how they work 
.. . and much more. The photo 
event of the year. 

172 pages. $1.00. (#5) 

1957 EDITION 

HI-FI 
OUIDE AND YEARBOOK 

HIH GUIDE & 
YEARBOOK—1957 

Most complete basic guide to 
high fidelity! Offers up-to-the-
minute professional advice on 
features, prices and perform¬ 
ance of tuners, phonographs, 
amplifiers, speakers, enclo¬ 
sures, tape, records. Money¬ 
saving tips, ideas and guid¬ 
ance on how to build and 
assemble systems and pack¬ 
ages. 162 pages. 75«. (#2) 

1957 PHOTOGRAPHY 

ANNUAL 

PHOTOGRAPHY ANNUAL 
-1957 

A selection of the world’s 
greatest photographs. Includes 
over 225 striking prints . . . 
notes on every photo . . . tips 
from professionals . . . inter¬ 
views . . . symposium on light¬ 
ing . . . and many other, fea¬ 
tures. 250 pages. $1.00. (#6) 
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cartridge 
pat. pend. 

from Holland 

Ro nette Superfluid* TX-88 

• Requires no preamp, however, when used with preamp 
performance exceeds expensive magnetic pickups. 

• Response: flat from 30 to 24000 cps. 
• IM distortion negligible even at very high velocities 

because of extremely small moving mass. 
• Ronette exclusive Stylomatic* design permits quick and 

positive styli replacement with no tools whatsoever. 
• No hum problems —no turntable pull. 

• With 1 and 2.5 mil sapphire styli. 
• Diamond styli available. 

Ask your dealer about the new 
Ronette TX-88, or write for catalog. 

ACOUSTICAL CORP., 190 Earle Ave., Lynbrook. N. Y. 
__• trade mark 

new hi-fi 

A new, wide range hi-fi cartridge with characteristics and 
performance that are years ahead of known 
standards in today's recording industry. Tropic powered, 
the Ronette TX-88 features highest compliance, 
perfect tracking which assures longest record life. 

HI-FI ACCESSORIES Check these features 
in the new 

MULTIPLE REMOTE SPEAKER SWITCH 

Constant imped¬ 

ance twitching 

device. Simplifies 

installation of one 

to six speakers in 

Hi-Fi or PA sys¬ 

tem. 42 combina¬ 
tions of operation. 

For use with any 

size speaker and any speaker imped- $2.64 
anee. Gold embossed plate MS-6. Com. nct

pleto with simple wiring instructions. 

HI-FI CROSSOVER 

$5.37 

NETWORK 
High pass filter net¬ 

work permits range of 

amplifier to be ex¬ 

tended by addition of 

high frequency speak¬ 

er. Prevents low fre¬ 

quencies from reach¬ 

ing the high fre¬ 

quency speaker, there¬ 

by eliminating the 

major source of dis¬ 

tortion in a two 

speaker system. Uni¬ 

versal can be used 

with 8 ohm or 16 ohm speaker sys¬ 

tems. Facilitates the addition of a 
high frequency speaker. Model CN-5. 

ORDER FROM YOUR DISTRIBUTOR 

1350 SPORTS CARSW..'. 1 

ON SALE NOW 

buyers guide for all available 
sports cars—for limited production 
cars—for plastic sports car bodies! 

plus: a complete SERVICE 
DIRECTORY ... which lists deal¬ 
ers and garages that specialize in 
sports car repairs and spare parts. 

ELECTRONICS MANUFACTURING CORP 
» » I 0 W I N • NEW IORI 

DON’T MISS: 

1958 SPORTS CARS 
ILLUSTRATED DIRECTORY 
On sale now—only $1 

ator resistance and input impedance 
of the transistor. Since the input im¬ 
pedance of a transistor is equal to 
il -F- 3) times the impedance of the 
emitter circuit, the emitter resistance 
must be multiplied by (1 + ß) and the 
bypass capacitor will be divided by 
11 + 3). The formula for the trans¬ 
fer function is shown in Fig. 4 and it 
can be seen that if Ä (1 + ß) is much 
larger than the generator resistance, 
the low-frequency 3 db point is deter¬ 
mined only by the generator resist¬ 
ance. current gain, and the emitter 
bypass capacitor. In other words, the 
emitter bypass capacitor is not by¬ 
passing the emitter resistance, but is 
bypassing a resistance equal to the 
generator resistance divided by 1 + p. 
Fig. 5 shows the calculated frequency 
response of this circuit and it can be 
seen that even with a 25 Mfd. bypass 
capacitor, the low-frequency response 
is down 3 db at 150 cycles. 
The third fundamental is the con¬ 

cept of the gain of a servo type ampli¬ 
fier. This is shown in Fig. 6. Assuming 
that the feedback network, denoted 
by H. does not load the circuit, the 
gain is equivalent to G divided by 1 
-T GH. With loading included, the 

, 1 — H r GH n 
gam is equal to LfTTThJ. 
These fundamentals will now be ap¬ 

plied to the problem of high-fidelity 
audio amplifiers. To start off with, con¬ 
sider the case where a transistor is 
desired as a linear amplifier to work 
into a conventional vacuum-tube am¬ 
plifier. It is also assumed that a vari¬ 
able reluctance pickup is to be used, 
that the supply voltage is 50 volts, and 
also that the emitter bypass capacitor 
be eliminated in order to obtain the 
best possible low-frequency response. 
A circuit that would meet these specifi¬ 
cations is shown in the diagram Fig. 7. 

The biasing is done with a resist¬ 
ance from collector to base and with 
the circuit shown, the collector-to-
emitter bias voltage will be about 2.5 
volts. The items of interest would be 
the current gain, the voltage gain, and 
the input resistance. If the circuit is 
analyzed as a servo-amplifier, assum¬ 
ing that the feedback current and in¬ 
put current are added without inter¬ 
action. the equivalent circuit is shown 
in Fig. 8. The feedback factor will be 
equal to the load resistance divided 
by the load resistance plus the feed¬ 
back resistance. Putting this into the 
formula of a servo-amplifier with 
loading, the current gain is seen to-
be essentially the feedback resistance 
divided by the load resistance. At this 
point, the readers who are familiar 
with transistor circuitry are probably 
wondering how good these approxima¬ 
tions are since, as is well known, a 
transistor is a bi-lateral device, there 
will be a forward transmission through 
the feedback loop as well as other 
considerations that must be included 
in an exact analysis. The degree of 
approximation can be seen from a 
comparison of the input resistance 
using the approximate and exact 
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formulas as are shown in Fig. 10A. 
The approximate input resistance is 

equal to the current gain plus one 
times htt. Using this formula, the in¬ 
put resistance comes out 90 ohms. The 
exact expression for input resistance 
for this type of circuit is given in 
Shea’s ‘‘Principles of Transistor Cir¬ 
cuits” and is shown on the right hand 
side of Fig. 10A. A numerical evalu¬ 
ation of this formula gives the input 
impedance as 86.5 ohms as compared 
to 90 ohms from the approximate for¬ 
mula. In order to obtain the correct 
high-frequency roll-off with a reluc¬ 
tance cartridge, it should be loaded 
down with about 6200 ohms. Thus the 
circuit shown in Fig. 7 has 6200 ohms 
in series with the signal and it is ob¬ 
vious that the difference between 86.5 
and 90 ohms is of little significance in 
the design of this amplifier. The ex¬ 
pression for voltage gain for this am¬ 
plifier is shown in Fig. 10B and is 
approximately equal to the feedback 
resistance divided by the input resist¬ 
ance which in this case is about 16. 
One final point concerning this type 
of amplifier is that a radio-frequency 
type transistor such as the G-E 2N168 
should be used because the output 
capacitance of a so-called p-n-p audio 
transistor is very high and if an audio 
transistor were used with a 50,000 
load resistance, the high-frequency 
gain would begin to fall off at roughly 
5000 to 10,000 cycles. 

The simple amplifier, just described, 
is not suitable when followed by an¬ 
other transistor amplifier. If the next 
stage is a transistor, the input imped¬ 
ance of the following stage is very 
low and there would be essentially no 
a.c. feedback in the amplifier. There 
will, of course, be d.c. feedback to 
stabilize the operating point. 

A configuration suitable for tran¬ 
sistor amplifiers is shown in Fig. 9. 
This circuit consists of two KC-coupled 
grounded emitter stages with negative 
current feedback from the emitter of 
the second transistor to the base of 
the first transistor. It is desirable to 
linearize the current gain with feed¬ 
back since the input (reluctance pick¬ 
up plus 6200 ohms series resistance) 
is essentially a current source. If the 
feedback capacitance is on the order 
of 5 Mfd. the frequency response will 
be flat down to 20 cycles. By using a 
small capacitor, however, it is possible 
to effectively decrease the feedback at 
low frequencies and produce a bass 
boost. To compensate for the RIAA 
recording characteristics, the response 
of the preamplifier should have a 500-
cycle turnover frequency with the re¬ 
sponse leveling out again near 50 
cycles. 

Using the servo-amplifier analogy, an 
analysis of the configuration of Fig. 9 
yields the expression of Fig. 11. The 
turnover frequency is determined by 
the time constant of the feedback cir¬ 
cuit and the low-frequency response 
plateau is a function of the open loop 
current gain. The performance of an 
actual circuit is shown in Fig. 12 and 
it can be seen that it is comparable to 
conventional vacuum-tube circuits. 
1958 EDITION 

ALL ON ONE, COMPACT CHASSIS 

FISHER FM-AM TUNER 
FISHER AUDIO CONTROLS 

FISHER 30-WATT AMPLIFIER 

THE FISHER "500" 
AN FM-AM TUNER of extreme sensitivity, a Master Audio Control, and power¬ 
ful 30-watt amplifier —laboratory engineered and professionally combined on 
a single, compact chassis. Simply add a record player and loudspeaker and 
you have a complete high fidelity system. THE FISHER ”500" is the simplest and 
most economical manner in which to acquire matched components —true to the 
twenty year FISHER tradition for quality. Chassis Only, $249.50 

Mahogany or Blonde Cabinet, $19.95 

Outstanding Features of THE FISHER "500" 
■ Extreme sensitivity on FM and AM. ■ Meter for micro-accurate tuning. ■ Full wide¬ 

band FM detector for maximum capture ratio. ■ Powerful, 30-watt amplifier; handles 

60-watt peaks. ■ Uniform response, 16 to 32,000 cycles. ■ 4 inputs, including 

separate tape playback preamp-equalizer. ■ 4, 8 and 16-ohm outputs match all 

existing speakers. ■ Recorder output ahead of volume and tone controls. ■ 7 Con¬ 

trols, including 9-position Channel Selector (AM, FM, AES, RIAA, IP, NAB, TAPE, 

AUX 1 and AUX 2), Loudness Contour (4-position), Volume, Bass, Treble, AC-Power, 

Station Selector. ■ Beautiful die-cast, brushed brass escutcheon ano control panel. 

■ Pin-point, channel indicator lights. ■ Smooth, flywheel tuning. II Largest, easy-

to-read, slide-rule dial, with logging scale. ■ High efficiency FM and AM anten¬ 

nas supplied. ■ 18 tuned circuits. ■ 14 tubes plus 2 matched germanium diodes. 

■ SIZE: 13H" x 13H" X W  h. Prices Slightly Higher in the Far West 

Write today for complete specifications. 

HER RADIO corp 21-41 44th DRIVE L. I. CITY 1, N. 
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LOCK ’EM OUT 
FOREVER 

The 
Arch-Enemies 

of 

High Fidelity 

with the 

dealers everywhere. 

. . . Why not start your system with 
a professional-type TURNTABLE? The 
Starlight—with its Silent-as-the-Stars 
operation, its Strobescope-Monitored 
control of all speeds from 16 to 83 
RPM—actually costs no more than 
many record-changers designed to do 
a dozen jobs only one of which is the 
important job of spinning the record! 

You see, Starlight's patented drive 
assembly and oversize precision-
built motor does only one thing . . . 
drive the turntable! And does it with 
micrometric exactness, adding noth¬ 
ing to the music—no wow, no flutter, 
no rumble! In fact, the small amount 
of these three "enemies” in Starlight 
is difficult to measure even with the 
finest laboratory instruments! 

. . . And Remember 

You simply have no need for an auto¬ 
matic device that gives these arch¬ 
enemies—wow, flutter and rumble— 
a free hand since 90% of all high 
fidelity recordings are at 33*6 RPM 
with up to 30 minutes or more on 
each side! So, get the most out of 
your expensive record collection — 
settle for nothing less than perfection 
right at the beginning. 

See your Merest dealer for a demon 
afrailan or write 1er illustrated brochure. 

METZNER 
ENGINEERING CORPORATION 

1041 N. SYCAMORE AVE., Dept. ZDA 
HOLLYWOOD 38. CALIF. 

Fig. 19 

ference between transistor and tube 
circuits being that current feedback is 
used with transistors and voltage feed¬ 
back with tubes. The use of current 
feedback in transistor amplifiers re¬ 
quires very few extra components and 
the performance advantages far out¬ 
weigh the time taken in design. 

REFERENCES 

1. Lo, Endres, Zawels, Waldhauer d 

FREQUENCY 

Fig. 20 

Cheng: “Transistor Electronics,“ Prentice-
Hall. 

i. Lowry, Hugh R.: “All Transistor Hi-Fi 
Amplifier,“ Radio & Television News, No¬ 
vember 1956. 

Two charts shown here 
indicate power gains 
that are obtained with 
commonly used tran¬ 
sistors at various pow¬ 
er outputs with a 12-
volt supply. The chart 
above is Class B push-
pull amplifiers and 
the chart below is for 
class A single-ended cir¬ 
cuits. Note higher out¬ 
put powers available 
from those transistors 
with "A" designations. 
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formulas as are shown in Fig. 10A. 
The approximate input resistance is 

equal to the current gain plus one 
times hu. Using this formula, the in¬ 
put resistance comes out 90 ohms. The 
exact expression for input resistance 
for this type of circuit is given in 
Shea’s “Principles of Transistor Cir¬ 
cuits” and is shown on the right hand 
side of Fig. 10A. A numerical evalu¬ 
ation of this formula gives the input 
impedance as 86.5 ohms as compared 
to 90 ohms from the approximate for¬ 
mula. In order to obtain the correct 
high-frequency roll-off with a reluc¬ 
tance cartridge, it should be loaded 
down with about 6200 ohms. Thus the 
circuit shown in Fig. 7 has 6200 ohms 
in series with the signal and it is ob¬ 
vious that the difference between 86.5 
and 90 ohms is of little significance in 
the design of this amplifier. The ex¬ 
pression for voltage gain for this am¬ 
plifier is shown in Fig. 10B and is 
approximately equal to the feedback 
resistance divided by the input resist¬ 
ance which in this case is about 16. 
One final point concerning this type 
of amplifier is that a radio-frequency 
type transistor such as the G-E 2N168 
should be used because the output 
capacitance of a so-called p-n-p audio 
transistor is very high and if an audio 
transistor were used with a 50,000 
load resistance, the high-frequency 
gain would begin to fall off at roughly 
5000 to 10,000 cycles. 

The simple amplifier, just described, 
is not suitable when followed by an¬ 
other transistor amplifier. If the next 
stage is a transistor, the input imped¬ 
ance of the following stage is very 
low and there would be essentially no 
a.c. feedback in the amplifier. There 
will, of course, be d.c. feedback to 
stabilize the operating point. 

A configuration suitable for tran¬ 
sistor amplifiers is shown in Fig. 9. 
This circuit consists of two FC-coupled 
grounded emitter stages with negative 
current feedback from the emitter of 
the second transistor to the base of 
the first transistor. It is desirable to 
linearize the current gain with feed¬ 
back since the input (reluctance pick¬ 
up plus 6200 ohms series resistance) 
is essentially a current source. If the 
feedback capacitance is on the order 
of 5 Mfd. the frequency response will 
be flat down to 20 cycles. By using a 
small capacitor, however, it is possible 
to effectively decrease the feedback at 
low frequencies and produce a bass 
boost. To compensate for the RIAA 
recording characteristics, the response 
of the preamplifier should have a 500-
cycle turnover frequency with the re¬ 
sponse leveling out again near 50 
cycles. 

Using the servo-amplifier analogy, an 
analysis of the configuration of Fig. 9 
yields the expression of Fig. 11. The 
turnover frequency is determined by 
the time constant of the feedback cir¬ 
cuit and the low-frequency response 
plateau is a function of the open loop 
current gain. The performance of an 
actual circuit is shown in Fig. 12 and 
it can be seen that it is comparable to 
conventional vacuum-tube circuits. 
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FISHER FM-AM TUNER 
FISHER AUDIO CONTROLS 

FISHER 30-WATT AMPLIFIER 

THE FISHER "500" 
AN FM-AM TUNER of extreme sensitivity, a Master Audio Control, and power¬ 
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a single, compact chassis. Simply add a record player and loudspeaker and 
you have a complete high fidelity system. THE FISHER “500" is the simplest and 
most economical manner in which to acquire matched components —true to the 
twenty year FISHER tradition for quality. Chassis Only, $249.50 
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F 

Recognized 
F as the finest high 

power output pentode, 
up to 100 watts in push-

pull. Designed specifically for High 
Fidelity and produced by°precision 
craftsmen with these design features: 

Golden grids 
Linear characteristics. 
Low drive voltage 
Clean crisp output. 

OTHER Milliard TUBES 
designed specifically for High Fidelity: 

EL37 High-power pentode, 69 W PP 
EL84/6BQ5 Miniature output pentode, 20 W PP 
EF86/6267 Low-noise input pentode 
ECC81/12AT7 Low-noise medium/z dual triode 
ECC82/12AU7 Low-noise low/x dual triode 
ECC83/12AX7 Low-noise high/x dual triode 
EZ80/6V4 Miniature rectifier cathode type, 90 ma. 
EZ81/6CA4 Miniature rectifier cathode type, 150 ma. 
GZ34 Bantam rectifier cathode type, 250 ma. 

Mullard 
Available at all leading distributors. 
For detailed technical data and ap¬ 
plication information write: 

I Mullard] 

INTERNATIONAL ELECTRONICS CORP. 
81 Spring Street, New York 12, N. Y. 

World's Most Complete Range of audio tubes 
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By adding a resistor in shunt with 
the capacitor, a more positive control 
over the low-frequency plateau can be 
obtained. For example, for a 500-cycle 
turnover frequency the impedance of 
the capacitor at 500 cycles should be 
equal to R¡. A 50-cycle low-frequency 
plateau is obtained if the resistor 
shunting C is made equal to 9K-. 

The biasing methods used in the am¬ 
plifiers described thus far are suitable 
for BC-coupled amplifiers where the 
collector voltage is considerably small¬ 
er than the supply voltage. A problem 
arises, however, on the biasing of a 
driver stage which is transformer-
coupled to the output stage. With a 
transformer load in the collector cir¬ 
cuit, a biasing resistor from collector 
to base is no longer d.c. degenerative 
since the d.c. resistance in the col¬ 
lector circuit is small. One possible 
circuit for a small signal amplifier fol¬ 
lowed by a driver stage is shown in 
Fig. 13A. This type of biasing will sta¬ 
bilize the collector current of the 
driver stage, but a large bypass capac¬ 
itor must be used for good low-fre¬ 
quency response as explained earlier. 
A better type of circuit is shown in 
Fig. 13B. The base of the driver stage 
is directly connected to the collector 
of the preceding stage and the emitter 
current of the driver stage is deter¬ 
mined by the voltage at the base and 
the resistance in the emitter circuit. 
For the circuit shown, the bias current 
in the driver stage would be 4 ma. The 
biasing resistor to the base of the first 
stage is connected to the emitter of 
the driver stage rather than to the 
collector of the first transistor. This 
type of biasing by current feedback 
makes the bias points more stable 
than if each transistor were biased 
separately as in Fig. 13A. The reduc¬ 
tion in the number of components by 
using direct coupling is also quite ap¬ 
parent. Perhaps the most important 
advantage of the direct-coupled circuit 
of Fig. 13B is that there are no capac¬ 
itors to produce phase shift at low 
frequencies and possible instability. 
With this direct-coupled circuit it is 
possible to add another amplifier stage 
and use feedback around all three 
stages. A typical circuit of this type 
is shown in Fig. 14. The resistor from 
the collector of the driver stage to the 
base of the first stage makes the out¬ 
put voltage proportional to the input 
current which is very desirable. It is 
not necessary to use a d.c. blocking 
capacitor with the 5-megohm feed¬ 

back resistance since the d.c. flowing 
through the resistor will not appre¬ 
ciably affect the bias point. 

If the driver transformer has a 5000 
ohm primary impedance, the over-all 
current gain of the amplifier will be 5 
megohms/5000 ohms or 1000 as calcu¬ 
lated by the formula in Fig. 8. De¬ 
pending on the frequency response of 
the transformer, it may be necessary 
to add a capacitor from the collector 
of the last transistor to ground in or¬ 
der to prevent high-frequency oscilla¬ 
tions. High-frequency oscillations oc¬ 
cur because the high-frequency phase 
shift produced by three cascaded 
stages is enough to make the feedback 
at high frequencies positive rather 
than negative unless precautions are 
taken. 

Class B Push-Pull Outputs 

The design of driver and push-pull 
stages depends on the desired power 
output so it is necessary to start with 
the final stage and work backwards. 
In the majority of applications, the 
output power is specified so a design 
will usually begin at this point. The 
circuit of a typical push-pull class B 
output stage is shown by Fig. 18. 

The voltage divider, consisting of re¬ 
sistor R and the 47-ohm resistor, gives 
a slight forward bias on the transistors 
to prevent crossover distortion. Usual¬ 
ly about 1/10 of a volt is sufficient to 
prevent crossover distortion and, un¬ 
der these conditions, the no-signal total 
collector current is about 3.0 ma. The 
8.2 ohm resistors in the emitter leads 
stabilize the transistors so they will 
not go into thermal runaway when the 
junction temperature rises to 60° C. 
Typical collector characteristics with 
a load line are shown in Fig. 15. It can 
be shown that the maximum a.c. out¬ 
put power without clipping using a 
push-pull stage is given by the for¬ 
mula : 

I mar E e 
P°" = 2 

Since the load resistance is equal to 
Er 

Rl = j and the collector-to-collector 
impedance is four times the load re¬ 
sistance per collector, the output pow¬ 
er is given by the formula: 

Thus, for a specified output power and 
supply voltage the collector-to-collec-
tor load resistance can be determined. 
For output power on the order of 50 
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I + 2*RCf 
2»Rg RCf 
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FOR 

Rg TI *2rRCf 

R(l+3) 2rRg 
I ♦ --Cf 

R(l+ß)»R,L l+ß . 

mw. to 750 mw., the load impedance is 
so low that it is essentially a short 
circuit compared to the output imped¬ 
ance of the transistors. Thus, unlike 
small signal amplifiers, no attempt is 
made to match the output impedance 
of transistors in power output stages. 
The power gain is given by the 

formula 
D _ . P... I.1 Rl Power Cam = -=— = , — 

ain I in Kin 

Since is equal to the current gain, J in 
beta, for small load resistance, the 
power gain formula can be written as: 

where: R... — collector-to-collector 
load resistance 

Rt-t = base-to-base input re¬ 
sistance 

ß = grounded-emitter cur¬ 
rent gain 

Since the load resistance is determined 
by the required maximum undistorted 
output power, the power gain can be 
written in terms of the maximum out¬ 
put power by combining equations 
(*the previous equations) to give: 

P.G. = ^-

Class A Driver Stages 

For a required output power of 250 
mw., the typical gain for a push-pull 
output stage would be on the order of 
23 db. Thus the input power to the 
output stage would be about 1 to 2 
mw. The load resistance of a class A 
driver stage is then determined by the 
power that must be furnished to the 
output stage and this load resistance 
is given by the equation: 

R - B ' 
Rl 2P. 

For output powers on the order of a 

V« R »0Rl

Vca «2 5V 
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E I CÜCÁAjJAyVtÁZlAí/ SPEAKER ENCLOSURES 
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The best looking, best engineered, and 
easiest-to-build economically priced kit we 
have ever seen! 

The handsome wood finish of its St. Regis 
Panelyte top has grain and beauty sealed in. 
Not even a lighted cigarette can harm it. 
Users will thrill to the superb tone of 

Jensen’s new Bass Ultraflex* design (richness without booming, 
and without damping the highs). Fully illustrated 4-page manual 
gives easy-to-follow step by step instructions. 

The “Californian” enclosures are available as factory built 
cabinets or pre-finished kits. Top and bottom of kits are all finished 
—no painting, varnishing, sanding or covering required. 
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DSE-1 DSE-IK 

DSE2 

FACTORY 
BUILT 

The Californian Jr.... 
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DSE-2K 

$32.SO 

AVAILABLE 
TWO WAYS 

The Californian... 
24x29x15 inches deep 
For 12* or 15' speaker 
AUDIOPHILE NET 
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♦ TM of Arcos l*rnd Co. 
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few milliwatts, the load resistance is 
not negligible in comparison to the 
output impedance of the transistors, 
therefore, more exact equations must 
hn hcai4 zíotnrmino nA\i;nr rrain 

charts for determination of transform¬ 
er impedances and typical power gains 
for class A driver stages and class B 
push-pull stages. Their use can be 
Kzicf 11 V*»» txzz^*iLr i wzv fknAiirrU r» 

LOCK ’EM OUT 
FOREVER 

The 
_ Arch-Enemies 

of 
High Fidelity 

with the 

dealers everywhere. 

. . . Why not start your system with 
a professional-type TURNTABLE? The 
Starlight—with its Silent-as the-Stars 
operation, its Strobescope-Monitored 
control of all speeds from 16 to 83 
RPM—actually costs no more than 
many record-changers designed to do 
a dozen jobs only one of which is the 
important job of spinning the record! 

You see, Starlight’s patented drive 
assembly and oversize precision-
built motor does only one thing 
drive the turntable! And does it with 
micrometric exactness, adding noth¬ 
ing to the music—no wow. no flutter, 
no rumble! In fact, the small amount 
of these three "enemies" in Starlight 
is difficult to measure even with the 
finest laboratory instruments! 

. . . And Remember 

You simply have no need for an auto¬ 
matic device that gives these arch¬ 
enemies—wow, flutter and rumble— 
a free hand since 90% of all high 
fidelity recordings are at 33 Vá RPM 
with up to 30 minutes or more on 
each side! So, get the most out of 
your expensive record collection — 
settle for nothing less than perfection 
right at the beginning. 

See your nearest dealer for a demon 
stration or write for illustrated brochure. 

METZNER 
ENGINEERING CORPORATION 

1041 N. SYCAMORE AVE.. Dept. ZDA 
HOLLYWOOD 38. CALIF. 

Fig. 19 
Fig. 20 

ference between transistor and tube 
circuits being that current feedback is 
used with transistors and voltage feed¬ 
back with tubes. The use of current 
feedback in transistor amplifiers re¬ 
quires very few extra components and 
the performance advantages far out¬ 
weigh the time taken in design. 

REFERENCES 

1. Lo, Endres, Zawels, Waldhauer & 

Cheng: “Transistor Electronics,“ Prentice-
Hall. 

2. Lowry, Hugh R.. “All Transistor Hi-Fi 
Amplifier,” Radio & Television News, No¬ 
vember 1956. —(W-

Two charts shown here 
indicate power gains 
that are obtained with 
commonly used tran¬ 
sistors at various pow¬ 
er outputs with a 12-
volt supply. The chart 
above is Class B push-
pull amplifiers and 
the chart below is for 
class A single-ended cir¬ 
cuits. Note higher out¬ 
put powers available 
from those transistors 
wUh "A" designations. 
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i out a Rg 
• IN ’ Rg*R(l4-/5) 

I + 2*RC( 
2»Rg RCf 

1 * Rg+R(l+£) 

» OUT 
i IN 

FOR 

Rq l*2rRCf 

R(l +0) 2rRq 
1+ --Cf 

mi+R)»RgL i+R . 

mw. to 750 mw., the load impedance is 
so low that it is essentially a short 
circuit compared to the output imped¬ 
ance of the transistors. Thus, unlike 
small signal amplifiers, no attempt is 
made to match the output impedance 
of transistors in power output stages. 
The power gain is given by the 

formula 
_ . Pout Io* Rl Power Cam = -,— = _ , _ ■ Pin Jin Kin 

Since -f— is equal to the current gain, / in 
beta, for small load resistance, the 
power gain formula can be written as: 

_ „ ÍR,-. \ 
P.G.=ß2l^\ 

where: R,., = collector-to-collector 
load resistance 

Rb-t = base-to-base input re¬ 
sistance 

ß = grounded-emitter cur¬ 
rent gain 

Since the load resistance is determined 
by the required maximum undistorted 
output power, the power gain can be 
written in terms of the maximum out¬ 
put power by combining equations 
(“the previous equations) to give: 

P.G. = 
2ß2E\ 

Rb-bPovt 
Class A Driver Stages 

For a required output power of 250 
mw., the typical gain for a push-pull 
output stage would be on the order of 
23 db. Thus the input power to the 
output stage would be about 1 to 2 
mw. The load resistance of a class A 
driver stage is then determined by the 
power that must be furnished to the 
output stage and this load resistance 
is given by the equation: 

R — E ' 
Rl 2 P. 

For output powers on the order of a 

v« ~ R eßRL

Vc, «2 5V 

PRE-FINISHED KIT only $40.50 

The best looking, best engineered, and 
easiest-to-build economically priced kit we 
have ever seen! 

The handsome wood finish of its St. Regis 
Panelyte top has grain and beauty sealed in. 
Not even a lighted cigarette can harm it. 
Users will thrill to the superb tone of 

Jensen’s new Bass Ultraflex” design (richness without booming, 
and without damping the highs). Fully illustrated 4-page manual 
gives easy-to-follow step by step instructions. 

The “Californian’ enclosures are available as factory built 
cabinets or pre-finished kits. Top and bottom of kits are all finished 
—no painting, varnishing, sanding or covering required. 

Atk r**' rartt DMrlbuter or write Of FT. RA lor FREE Catalog 

* A* completely described in August Radio & TV News 
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More highs, more lows — 
anil smoother all the way. 
The perfect full range 
speaker 

AVAILABLE at 
leading dealers 
THROUGHOUT the U.S.A. 

•Wntr for li .tfli t What thv Polym< t itl'd 
Con«* M« an to You 

HARTLEY 
PRODUCTS CO. 
Dept. 98 321 East 1t2ad Street 

.New Yerk 51, N. Y. • LU dlow 5-421* 

few milliwatts, the load resistance is 
not negligible in comparison to the 
output impedance of the transistors, 
therefore, more exact equations must 
be used to determine the power gain 
of a class A driver stage. From four-
terminal network theory, after mak¬ 
ing appropriate approximations, it can 
be shown that the voltage gain is 
given by the formula : 

where: = grounded base input im¬ 
pedance. 

The current gain is given by the for¬ 
mula: 

a 
A'~ 1 —a + Rih.t 

where : h.b — grounded base output ad¬ 
mittance 

The power gain is the product of the 
current gain and the voltage gain, thus 
unlike the formula for high power out¬ 
put stages, there is no simple relation¬ 
ship between required output power 
and power gain for a class A driver 
amplifier. 

Design Charts 

Figs. 16, 17, 21, and 22 are design 

charts for determination of transform¬ 
er impedances and typical power gains 
for class A driver stages and class B 
push-pull stages. Their use can be 
best understood by working through a 
typical example. It will be assumed 
that it is desired to design a driver 
and push-pull amplifier capable of de¬ 
livering 1 watt with a 12-volt supply. 
Using Fig. 16, for 1 watt of undistort¬ 
ed output power, the required collec-
tor-to-collector load resistance is 200 
ohms. From Fig. 21 using a typical 
2N187A, the power gain is 20 db. In 
numerical terms, a power gain of 20 db 
is 100. Therefore, the required input 
power to the driver stage would be: 
Pin = 1000/100 or 10 mw. From Fig. 
17, for 10 mw. of undistorted output 
power, the load resistance is over 5000 
ohms. From Fig. 22, assuming a 2N191 
driver transistor, the power gain is 38 
db. The typical power gain of the two 
stages using a 2N191 driver and 
2N187’s in the output would be 58 db. 
The secondary impedance of the driv¬ 
ing transformer should be 3000 ohms 
center-tapped. The secondary imped¬ 
ance of the output transformer should 
be selected to match the impedance of 
the load. 

APPROXIMATE 
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A necessity for any hi-fi system is a 
set of tone controls to compensate for 
room acoustics, loudspeaker differ¬ 
ences, listening level, and individual 
preferences. One acceptable circuit has 
been described in the literature1'“ and 
is shown in Fig. 19. The detailed op¬ 
eration is described in the reference 
but briefly at 1 kc. the incoming cur¬ 
rent divides so 10/llth is shunted to 
ground and 1/llth goes on to the next 
stage. The low- and high-frequency 
response depends on the potentiometer 
settings and can be analyzed on a cur¬ 
rent transfer basis. With the compo¬ 
nent values indicated, the perform¬ 
ance of the tone controls is shown in 
Fig. 20. This performance is quite 
comparable to tone controls used with 
vacuum tubes. 
A circuit incorporating all design 

procedures herein described is shown 
in Fig. 23. This amplifier will produce 
more than enough undistorted output 
power for average listening levels in 
the home. 
It can be seen that incorporating 

negative feedback in transistor ampli--
fiers is quite simple with the main dif-

Eleanor Steber, famous Metropolitan Opera Soprano listens to H. H. SCOTT high fidelity 
components in the living room of her New York apartment. 

why did Eleanor Steber 
choose H. H. Scott high fidelity 

for her own home? 

Miss Steber chose the H. H. Scott Stereo Tuner 
(Model 330C) because- of its many features. 
AM and FM sections are separate . . . you 
can listen to them individually or together 
for stereophonic broadcasts. It’s really two 
tuners in one. Silver-sensitive circuits bring 
in any station no matter how weak it is.' 
AM reception is so good it sounds like FM 
on most stations! 

★★★★★★★★★★★★★★★★★★★★★★★★★★ 

< H. H. Scott, Inc., 

* 111 Powder Mill Road, Maynard, Mass. 

* Rush me your new catalog HF6and com-
★ píete technical specifications on the new 
* H. H. Scott line for '57'. 

* NAME_ 

Í ADDRESS_ * 

Miss Steber chose the H. H. Scott ‘99’ 22 Watt 
Complete Amplifier because of the tremendous 
versatility it gives your hi-fi system. At your 
command the ‘99’ plays records, tapes (direct 
from tape heads), TV . . . sound from any 
source. You can connect both a changer and 
a turntable to the ‘99’, choosing between 
them with a switch on the front. Another 
new feature is the convenient switch, also 
on the front, allowing you either to choose 
between two speakers or to play both. 

Miss Steber chose the H. H. Scott 710 Strobo¬ 
scopic TUrntable because it is so accurate, with 
its fine speed adjustments, that you can 
obtain correct pitch and sing or play an 
instrument along with the record. The ex¬ 
clusive acoustical suspension system abso¬ 
lutely eliminates rumble and motor noise. 

True, H. H. SCOTT components cost a 
little more, but the many engineering ad¬ 
vances, the superb performance, the hand¬ 
some styling are worth the small additional 
initial expense. 

Export Dept; Telesco Irternationai Corp. 
36 West 40th Street, New York City, New York 
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LOCK ’EM OUT 
FOREVER 

The 
Arch-Enemies 

of 
High Fidelity 

with the 

dealers everywhere. 

. . . Why not start your system with 
a professional type TURNTABLE? The 
Starlight—with its Silent as the-Stars 
operation, its Strobescope-Monitored 
control of all speeds from 16 to 83 
RPM—actually costs no more than 
many record changers designed to do 
a dozen jobs only one of which is the 
important job of spinning the record! 

You see. Starlight's patented drive 
assembly and oversize precision-
built motor does only one thing . . . 
drive the turntable! And does it with 
micrometric exactness, adding noth¬ 
ing to the music—no wow. no flutter, 
no rumble! In fact, the small amount 
of these three “enemies” in Starlight 
is difficult to measure even with the 
finest laboratory instruments! 

. . . And Remember 

You simply have no need for an auto¬ 
matic device that gives these arch¬ 
enemies—wow, flutter and rumble— 
a free hand since 90% of all high 
fidelity recordings are at 33% RPM 
with up to 30 minutes or more on 
each side! So, get the most out of 
your expensive record collection — 
settle for nothing less than perfection 
right at the beginning. 

See yeur nearest dealer fer a demon 
stration er write for illustrated brochure. 

METZNER 
ENGINEERING CORPORATION 

1041 N. SYCAMORE AVE.. Dept. ZDA 
HOLLYWOOD 38. CALIF. 

Fig. 19 

ference between transistor and tube 
circuits being that current feedback is 
used with transistors and voltage feed¬ 
back with tubes. The use of current 
feedback in transistor amplifiers re¬ 
quires very few extra components and 
the performance advantages far out¬ 
weigh the time taken in design. 

REFERENCES 

1. Lo, Endres, Zawels, Waldhauer d 

Fig. 20 

Cheng: "Transistor Electronics," Prentice-
Hall. 

I. Lowry, Hugh R "All Transistor Hi-Fi 
Amplifier," Radio & Television News, No¬ 
vember 1956. —RAI— 

Two charts shown here 
indicate power gains 
that are obtained with 
commonly used tran¬ 
sistors at various pow¬ 
er outputs with a 12-
volt supply. The chart 
above is Class B push-
pull amplifiers and 
the chart below is for 
class A single-ended cir¬ 
cuits. Note higher out¬ 
put powers available 
from those transistors 
with "A" designations. 

L 
32 36 40 

POWER GAIN—DECIBELS 
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A TWO-TRANSISTOR PREAMPLIFIER 

THOSE who have been looking for a compact preamp to be used with mag¬ 
netic pickups will be interested in the 
circuit diagrammed in Fig. 1. This unit 
can also be used as a preamp in con¬ 
junction with the transistorized power 
amplifier whose construction details are 
given on page 138. 

This unit was specifically designed for 
the hobbyist or the experimenter who 
wants to obtain some basic knowledge of 
transistor operation. Obviously, quality¬ 
wise, it does not compare with vacuum¬ 
tube type preamplifiers. 

Although its frequency response does 
not follow any of the more commonly-
used recording characteristics, it will 
provide fairly good performance when 
used as a preamp between a magnetic 
cartridge and many power amplifiers. 

One problem arises, however, when 
this circuit is used with a wide-band 
power amplifier and that is with regard 
to background noise due to the transis¬ 
tors. If the power amplifier incorporates 

a tone control so that the high-fre¬ 
quency response can be cut off, transis¬ 
tor noise can be reduced to a negligible 
figure. Some means of varying the vol¬ 
ume output is necessary. 

All of the component parts required 
for the preamp can be mounted on an 
aluminum chassis measuring as little as 
3" X 4" X 1" if parts are selected care¬ 
fully with an eye to small size. By 
building the unit in a small space, the 
preamp can be installed under the tone 
arm of many record playing setups. 
Hum pickup is, in most cases, sufficiently 
low to permit this installation technique 
if desired. 

All of the parts needed to build this 
preamp are standard and may be ob¬ 
tained at any well-stocked parts house. 
If the builder wishes to take advantage 
of the convenience of a packaged cir¬ 
cuit, Lafayette Radio, 100 Sixth Ave., 
New York 13, N. Y. is offering the pre¬ 
amp as a kit (KT-71) for $8.95 com¬ 
plete. -

SAVE Vi — PAY PART ßj PART- HAVE FUN 
Assembling the SCHOBER 

ELECTRONIC 
ORGAN in KIT form 

Now you can afford a real, full concert organ, just 
like those made by the foremost organ manufac¬ 
turers. Because over 1/2 the cost is saved when you 
assemble it yourself. And it's REALLY EASY: only 
24 separate units, all with printed circuits, and 
detailed-to-the-smallest-step instructions. In addi¬ 
tion, you purchase each of the 24 kits when you are 
ready for it — and can afford it. 
You'll get a real kick out of putting the Schober 
Electronic Organ* together — and then sitting down 
and pulling the stops for Strings, Trumpets, Clar¬ 
inets. Diapasons, Flutes, etc. Electronic Percussion 
optional; chimes available. _ 

Compact CONSOLE 
One of the many exclusive features of this excep¬ 
tional organ is the handsome console, in a wide 
variety of finishes. It is equally at home in a tradi¬ 
tional or modern setting, and takes little more space 
than a spinet piano. 

Free Literatur 
Complete descriptive booklet and price list are 
available on request. And, f you wish to hear the 
glorious pipe organ tone of the Schober Electronic 
Organ, a 10" long-playing demonstration recording is 
available for $2. This is refundable when you order. 
Write today and see what a fine instrument you can 
get at such a great saving 

The SCHOBER ORGAN CORP. 
2248-Q Broadway, New York 24, N. Y. 

•Designed by Richard H. Dorf 

DYNAKIT DYNAKIT DYNACO 
PREAMPLIFIER KIT 

• Easy to build with printed 
circuit construction and fac¬ 
tory mounting of critical parts. 

• Lowest noise with de heater 
supply and low noise com¬ 
ponents. 

• Precise equalization with 1 % 
components. 

• Superior performance with 
new feedback circuitry. 

• Only $34.95* for perform¬ 
ance unequalled at any price. 

MARK III 60 WATT 
AMPLIFIER KIT 

• Famous Dynaco circuitry us¬ 
ing new KT-88 tubes. 

• Only 3 hour construction time 
with pre-assembled printed 
circuit board. 

• Less than 1 % IM at 60 watts, 
.05% at average listening 
levels. Hum 96 db below 60 
watts. 

• Uses Dynaco transformer — 
the finest obtainable — plus 
other premium grade parts. 

• $79.95* net including pro¬ 
tective cover. 

SUPER-FIDELITY 
OUTPUT TRANSFORMERS 

• Patented para-coupled wind¬ 
ings for maximum undistorted 
bandwidth. 

• Designed for stability in 
feedback circuits. 

• Models available from 10 to 
100 watts for all applications. 

• Model A-430 ($29.95* net) 
permits conversion of Wil¬ 
liamson amplifiers to 50 watts 
using EL-34 or KT-88 tubes. 

•Prices slightly higher in the West All items available from your Hi-Fi dealer 

Detailed free literature available from DYNA COMPANY, 617 N. 41st STREET, PHILA. 4, PA. 
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siMvi can ue increased up as nign as 
30,000 ohms with a little sacrifice in 
high-temperature operation. 

« & MUSIC REVIEW 

Complete details on page 84! 
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“TAB” 
OUR TWELFTH YEAR 

That’s a Buy 111! 

OUTPUT 
CAPACITOR 

INPUT 
TRANSFORMER 

BETTER HI-FI BY 

COMPONENTS-ACCESSORIES 

AMPLIFIERS 

DYNAMIC ELECTRONICS-NEW YORK, INC. 

SEND FOR IT 

featuring the 
world's largest 
stocks of systems 
& components 

PRICED AS LOW AS $39.50 
"QUADNAURAL" SPEAKER SYSTEMS 

RECORD COMPENSATORS 
RUMBLE FILTERS 
HI-PASS FILTERS 
LOW-PASS FILTERS 
SPEAKER SELECTORS 
TRI-SET COUPLERS 
MOLDED-ON CONNECTORS 
DUO-JACK ADAPTERS 
FILTER-TENNA 
Sold by botter distributors everywhere! 

for everything in hi-fi 
GET THE MONEY-SAVING 1958 

ALLIED CATALOG 

Here’s your complete money-saving guide 
to Hi-Fi. Own a fine custom quality Hi-Fi 
music system at no more than the cost of 
an ordinary phonograph. See dozens of 
allied-Recommended complete Hi-Fi sys¬ 
tems, plus the world’s largest selection of 
components (amplifiers, tuners, changers, 
speakers, enclosures and accessories). 
Want to build-your-own?—see our exclu¬ 
sive Hi-Fi knight-kits. For everything in 
Hi-Fi—for everything in Electronics, get 
the FREE 1958 ALLIED Catalog. 

ALLIED RADIO HLNCENTER 
ALLIED RADIO CORP. Dept. VV-8 

100 N. Western Ave., Chicago 80, III. 

□ Send FREE 1958 ALLIED Catalog 

Name. 

Address_ 

City_Zone_State. 

Conversely, if the reader desires 
high-temperature operation but needs 
less gain, he can reduce the load re¬ 
sistance to 6000 or 7000 ohms. 

If six volts is not convenient, the 
preamps will operate with good results 
from 4.5 volts or even 3 volts. 
The preamps here are limited in 

their quality of reproduction mainly 
by the components. Distortion is low, 
since the transistor is operated in a 
low-distortion area. That is, it is low 
right up to the point of clipping. 

where it will clip sharply. 
The frequency response is deter¬ 

mined by the transformer and the ca¬ 
pacitors. The size of the capacitors 
has been determined to allow ade¬ 
quate low-frequency response. 

The amplifiers have been ■ used for 
tape recording with good results, and 
for public address work with equally 
gratifying results. The author believes 
that you’ll be pleased with these sim¬ 
ple, useful floating-base mike pre¬ 
amps. -®-

Transistorized Audio Amplifier 
A COMPACT, transistorized audio am¬ plifier designed to operate a speaker 
in class B push-pull, transformer-cou¬ 
pled, *4 watt power output is easy to 
build and relatively inexpensive. 

Transformer coupling between the 
transistor amplifier stages provides im¬ 
pedance matching and allows the use of 
fewer stages for the same over-all gain 
than RC interstage coupling. 

The circuit itself is built around three 
of the General Electric 2N107 junction 
transistors of the “p-n-p” type. The am¬ 
plifier is powered by four 1 volt pen-
lite cells and operates in push-pull class 
B. Frequency response is from 100 to 
8000 cps with an over-all power gain in 
excess of 50 db. 

The three transistors are connected in 
a grounded-emitter type circuit which 
provides sufficient power to operate a 
good quality 4W to 6” PM speaker with a 
3.2 ohm voice coil. 

The transformers required for this 
construction are of the type especially 
designed for transistor circuitry. An 
important feature of such components 
is their high inductance and low d.c. re¬ 
sistance. Input impedance of this cir¬ 
cuit is 1000 ohms. For high impedance 
inputs a matching transformer is re¬ 
quired. For magnetic inputs a preampli¬ 
fier is needed. 

Since a feedback loop is employed, 
the necessary precautions in regard to 

phasing must be employed. Follow the 
color coding of the transformers care¬ 
fully. Should oscillation occur after 
completion, reverse the black and green 
wires of the output transformer. The 
transformers, which are the only special 
components required to build this am¬ 
plifier, are manufactured by Argonne 
Electronics Mfg. Co. 

For those who wish to avoid the trou¬ 
ble of shopping for individual compo¬ 
nents, Lafayette Radio, 100 Sixth Ave¬ 
nue, New York 13, New York has a kit, 
Model KT-69, available for SI7.95. 

The primary purpose of this kit is for 
the experimenter, student, or anyone 
who wants to obtain some working 
knowledge of transistor operation. For 
all practical purposes, considering the 
price, a vacuum tube-type power ampli¬ 
fier would be more advisable. — 

PRINTED IN U.S.A. 

A Over-all view of the 
transistorized au¬ 

dio amplifier. Here, it 
is built breadboard 
style on a chassis 
measuring 3" x 4" x 1", 
although any arrange¬ 
ment of parts will do. 

Complete schemat¬ 
ic diagram of audio 
amplifier. It uses three 
of the new G-E 2N107 
transistors and two spe¬ 
cially-designed transis¬ 
tor type transformers. 
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A TWO-TRANSISTOR PREAMPLIFIER 

Fig. 2. 

CK722 

Fig. 1. 
‘Designed by Richard H. Dorf 

DYNAKIT DYNAKIT DYNACO 
PREAMPLIFIER KIT 

•Price» slightly higher in the West All items available from your Hi-Fi dealer 

Detailed free literature available from DYNA COMPANY, 617 N. 41st STREET, PHILA. 4, PA. 

in KIT form 

Compact CONSOLE 

Free Literatur 

The SCHOBER ORGAN CORP 

control so that the high-fr«< 
response can be cut off, transis-

a»iv 
OUTPUT 

a tone 
quency 

• Patented para-coupled wind¬ 
ings for maximum undistorted 
bandwidth. 

• Easy to build with printed 
circuit construction and fac¬ 
tory mounting of critical parts. 

• Lowest noise with de heater 
supply and low noise com¬ 
ponents. Designed for stability in 

feedback circuits. 

PART-HAVE FUN 
he SCHOBER 

ONIC 

MARK III 60 WATT 
AMPLIFIER KIT 

SAVE % - PAY PART 
Assembling 

ELECT 
ORGA 

One of the many exclusive features of this excep¬ 
tional organ is the handsome console, in a wide 
variety of finishes. It is equally at home in a tradi¬ 
tional or modern setting, and takes little more space 
than a spinet piano. 

Now you can afford a real, full concert organ, just 
like those made by the foremost organ manufac¬ 
turers. Because over 1/2 the cost is saved when you 
assemble it yourself And it’s REALLY EASY: only 
24 separate units, all with printed circuits, and 
detailed-to-the-smallest-step instructions. In addi¬ 
tion, you purchase each of the 24 kits when you are 
ready for it — and can afford it. 
You’ll get a real kick out of putting the Schober 
Electronic Organ - together — and then sitting down 
and pulling the stops for Strings, Trumpets. Clar¬ 
inets. Diapasons. Flutes, etc. Electronic Percussion 
optional; chimes available. 

• NO SPECIAL 
SKILLS Zr 
NEEDED ~ 

SUPER-FIDELITY 
OUTPUT TRANSFORMERS 

• Models available from 10 to 
100 watts for all applications. 

• Model A-430 ($29.95* net) 
permits conversion of Wil¬ 
liamson amplifiers to 50watfs 
using EL-34 or KT-88 tubes. 

• Precise equalization with 1% 
components. 

• Superior performance with 
new feedback circuitry. 

• Only $34.95* for perform¬ 
ance unequalled at any price. 

Famous Dynaco circuitry us¬ 
ing new KT-88 tubes. 
Only 3 hour construction time 
with pre-assembled printed 
circuit board. 
Less than 1 % IM at 60 watts, 
.05% at average listening 
levels. Hum 96 db below 60 
watts. 
Uses Dynaco transformer — 
the finest obtainable — plus 
other premium grade parts. 
$79.95* net including pro¬ 
tective cover. 

THOSE who have been looking for a compact preamp to be used with mag¬ 
netic pickups will be interested in the 
circuit diagrammed in Fig. 1. This unit 
can also be used as a preamp in con¬ 
junction with the transistorized power 
amplifier whose construction details are 
given on page 138. 

This unit was specifically designed for 
the hobbyist or the experimenter who 
wants to obtain some basic knowledge of 
transistor operation. Obviously, quality¬ 
wise, it does not compare with vacuum¬ 
tube type preamplifiers. 

Although its frequency response does 
not follow any of the more commonly-
used recording characteristics, it will 
provide fairly good performance when 
used as a preamp between a magnetic 
cartridge and many power amplifiers. 

One problem arises, however, when 
this circuit is used with a wide-band 
power amplifier and that is with regard 
to background noise due to the transis¬ 
tors. If the power amplifier incorporates 

tor noise can be reduced to a negligible 
figure. Some means of varying the vol¬ 
ume output is necessary. 

All of the component parts required 
for the preamp can be mounted on an 
aluminum chassis measuring as little as 
3" X 4" X 1" if parts are selected care¬ 
fully with an eye to small size. By 
building the unit in a small space, the 
preamp can be installed under the tone 
arm of many record playing setups. 
Hum pickup is, in most cases, sufficiently 
low to permit this installation technique 
if desired. 

All of the parts needed to build this 
preamp are standard and may be ob¬ 
tained at any well-stocked parts house. 
If the builder wishes to take advantage 
of the convenience of a packaged cir¬ 
cuit, Lafayette Radio, 100 Sixth Ave., 
New York 13, N. Y. is offering the pre¬ 
amp as a kit (KT-71) for $8.95 com¬ 
plete. 

Complete descriptive booklet and price list are 
available on request. And. f you wish to hear the 
glorious pipe organ tone of the Schober Electronic 
Organ, a 10" long-playing demonstration recording is 
available for $2. This is refundable when you order. 
Write today and see what a fine instrument you can 
get at such a great saving._ 
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“TAB” 
OUR TWELFTH YEAR 

That’s a Buy HI! 
Headquarters for HiFi 
Complet» HiFi Packages 
Individual or Components 

All At Great Savings To Youl 
Write to "TAB" B4U Buy HIFilll 

We Carry All Lines 
DYNACO—EICO—AMPEX—FISHER 
Bogen—Pickering—Grammes—Scott 

HARMAN KARDON— G. E.—FAIRCHILD— 
CABINART 

Bozak—University—Altec—Electro Voice 
STROMBERG—STEPHENS—KARLSON— 

HARTLEY—AR 
Thorens—VM—Miratwin—Webcor—Garrard 

REVERE—WHARFDALE—LEAK-
BELL & HOWELL 

Reko Kut—Sonotone—Techmaster—Pentron 
We Buy! Sell & Trade as Weill 

C "T4B" 84 YOU BUY HiFi!!! 
Write for HIFI Catalog 

"TAB" SPECIALIZES UBUILD HIFI KITSI* FOR 
THE BEST DEAL SEE "TAB" B4U BUY HIFII 
10 Watt—Amp A Preamp 
ARKAY A12.$22.95 
GROMMES LJK. . 24.95 

12 Watt—Amp A Preamp 
A-'KAY FL 10 $28.95 
EICO HF 12. 34.95 
QVAL KIT 2000. 28.50 

30 Watt—Amp A Preamp 
ARKAY FL30 $49.95 

50 Watt-Amp A Preamp 
EICO HF 52 . $69.95 
TM 19 K. 79.95 

20 Watt—Power Amp 
TM 15 A $49.95 

20 Watt—Amp A Preamp 
BOGEN KDB2O DF . $69.50 
EICO HF2O 49.95 
ELMAT HF20 53.50 
GROMMES 61 PGK 59.50 

Preamps 
ICO HF6 
ICO HF 61A 
ECISE UPAIN 

$29.95 
24.95 
19.95 

50 Watt—Power Amp 
DYNA MARK II. $69.75 
REGENCY HF5O K. 74.50 
EICO HF 50 57.95 

60 Watt 
EICO HF 60 $72.95 
P- ECISE UPAIP 24.95 
TM16SP 24.50 
TM17P 19.95 

• We build or rebuild all kits at low cost! 
Professional Wired 50 Watt Dyna Mark II 

SPECIAL! SPECIAL! SPECIAL! 
NEW PREAMP & 60 WATT HIFI AMPLIFIER 

U-Ruild-It Preamp & Amplifier "'TAB'' 
Model 60. 20 to 40000 cycles at 60 
watts with minimum distortion. Bass 

I ».J * Trefile Tone Controls. 5 point Record 
Selector. Phono-Pickup Selector. Slxnal 
Selector. Ta"e Recorder input, 25 lb. 

Hi-Fi Output Transformer feeds 4. 8 or 16 ohm speakers 
& electrostatic units also. 2 power out'ets. The New¬ 
est. Latest and Finest design easily built with profes-
slonal look. ___ 
HIT .   $69 
Cover G-ill Cabinet. 
Model 60 Assambled >8S

Latest G.E. PHONO CARTRIDGES 
Original Boxed. Money Back Gtd. 

« 4GO4O or 4GO41 Sin^e Sapphire, .each $6 
4GO5O OOI or .003 (SS)* 
4C052 Golden Treasure (DS>*.517 
4G053 Golden Treasure (DD>*.$27 

\ 4GO61 or 4G063 Sinqle Diamond each $15 
’ 5- Sapphire; D: Diamond 

REGISTERED FIRST QUALITY 
REPLACEMENT NEEDLES—DIAMOND 6 SAP¬ 
PHIRE SOLD ON MONEY BACK GUARANTEE 

THE BEST HiFi 50WATT AMPLIFIER 

PHONO Replacement NEEDLES 
All Makes and Cartridges LP & 78 

“TAB” TESTED GTD MATCHED TUBES for HiFi 

2A3 1.2S 6B4G 1.39 
5U4GB .59 6L6 1.19 
6A5G 2.9“ 6SN7 .72 
6AN8 99 6U8 98 
6AQ5 .79 6V6GT .90 

12AU7 .7«-|FCe«2 
12AX7 .79 ECC83 
EL34 3.4r 5879 
EL37 2.4 5881 
KT66 3.49 8550 

05 
19 
20 
B5 
19 

NEW IMPROVED "TAB" HI-FI SPEAKERS 

MODEL F12H3X 

IO to 15OOCPS 25W $118 

15 TRIAX. 25 Watt 20-20.000 Cycles. 
MODEL F15H3X ! 

FINEST HI-FI RECORDING TAPE 
1200 Ft.—7" Reel (f 4 AR Lof» 
Money Back Gtd. ^1,90 of 12 

out out. 

Highest duality controlled plastic base 
tape made >••• new ERIN-Sheen process. 

New l*t Quality "My'ar" 2400 Ft.-7" Reel Femi 
ERIN Processed Recording Tape 0 $4.49; 3 for $1: 

Fig. 4. Disassembl¬ 
ed view of transis¬ 
torized crystal mic¬ 
rophone preampli¬ 
fier. 

Fig. S. Underside 
view of the tran¬ 
sistorized dynam¬ 
ic mike preamp. 

This type of circuit unfortunately 
has one disadvantage. If your tran¬ 
sistor doesn’t have the right amount 
of cut-off current, you may find your¬ 
self operating too close to either end 
of the load line, and thus clipping will 
occur. Much the same thing will hap¬ 
pen if the input capacitor is leaky. 
Also, operating the transistor consid¬ 
erably above room temperature will 
increase the cut-off current and push 
the bias point into saturation. 

Because of this last condition, the 
amplifiers described here should not 
be run above about 100° F. 

The 2N105 transistor was chosen for 

these amplifiers because of the excep¬ 
tional uniformity from transistor to 
transistor. The cut-off current does 
not vary much from one unit to the 
next, in contrast with other transistor 
models. In the author’s experience, 
other, more popular, lines of transis¬ 
tors have not only showed very bad 
uniformity from one transistor to the 
next, but also have aged rather rap¬ 
idly. Since aging always involves 
changes in cut-off current and gain, 
it is clear that these transistors are 
to be avoided. 
It may be that recent vacuum bak¬ 

ing and hermetic sealing techniques 

Fig. 6. A cardboard chassis was used for dynamic mike preamp. 
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A TWO-TRANSISTOR PREAMPLIFIER 

THOSE who have been looking for a compact preamp to be used with mag¬ 
netic pickups will be interested in the 
circuit diagrammed in Fig. 1. This unit 
can also be used as a preamp in con¬ 
junction with the transistorized power 
amplifier whose construction details are 
given on page 138. 

This unit was specifically designed for 
the hobbyist or the experimenter who 
wants to obtain some basic knowledge of 
transistor operation. Obviously, quality¬ 
wise, it does not compare with vacuum¬ 
tube type preamplifiers. 

Although its frequency response does 
not follow any of the more commonly-
used recording characteristics, it will 
provide fairly good performance when 
used as a preamp between a magnetic 
cartridge and many power amplifiers. 

One problem arises, however, when 
this circuit is used with a wide-band 
power amplifier and that is with regard 
to background noise due to the transis¬ 
tors. If the power amplifier incorporates 

a tone control so that the high-fre¬ 
quency response can be cut off, transis¬ 
tor noise can be reduced to a negligible 
figure. Some means of varying the vol¬ 
ume output is necessary. 

All of the component parts required 
for the preamp can be mounted on an 
aluminum chassis measuring as little as 
3" X 4" X 1" if parts are selected care¬ 
fully with an eye to small size. By 
building the unit in a small space, the 
preamp can be installed under the tone 
arm of many record playing setups. 
Hum pickup is, in most cases, sufficiently 
low to permit this installation technique 
if desired. 

All of the parts needed to build this 
preamp are standard and may be ob¬ 
tained at any well-stocked parts house. 
If the builder wishes to take advantage 
of the convenience of a packaged cir¬ 
cuit, Lafayette Radio, 100 Sixth Ave., 
New York 13, N. Y. is offering the pre¬ 
amp as a kit (KT-71) for $8.95 com-
píete. -®-

SAVE '/j — PAY PARTLY PART-HAVE FUN 
Assembling the SCHOBER 

ELECTRONIC 
ORGAN in KIT form 

Now you can afford a real, full concert organ, just 
like those made by the foremost organ manufac¬ 
turers. Because over V? the cost is saved when you 
assemble it yourself. And it’s REALLY EASY: only 
24 separate units, all with printed circuits, and 
detailed-to-the-smallest-step instructions. In addi¬ 
tion, you purchase each of the 24 kits when you are 
ready for it — and can afford it. 
You'll get a real kick out of putting the Schober 
Electronic Organ* together — and then sitting down 
and pulling the stops for Strings, Trumpets, Clar¬ 
inets. Diapasons, Flutes, etc. Electronic Percussion 
optional; chimes available._ 

Compact CONSOLE 
One of the many exclusive features of this excep¬ 
tional organ is the handseme console, in a wide 
variety of finishes. It is equally at home in a tradi¬ 
tional or modern setting, and takes little more space 
than a spinet piano. 

Free Literatur' 
Complete descriptive booklet and price list are 
available on request. And, if you wish to hear the 
glorious pipe organ tone of the Schober Electronic 
Organ, a 10" long-playing demonstration recording is 
available for $2. This is refundable when you order. 
Write today and see what a fine instrument you can 
get at such a great saving 

The SCHOBER ORGAN CORP. 
2248-Q Broadway, New York 24, N. Y. 

•Designed by Richard H. Dori 

DYNAKIT DYNAKIT DYNACO 
PREAMPLIFIER KIT 

• Easy to build with printed 
circuit construction and fac¬ 
tory mounting of critical parts. 

• Lowest noise with de heater 
supply and low noise com¬ 
ponents. 

• Precise equalization with 1% 
components. 

• Superior performance with 
new feedback circuitry. 

• Only $34.95* for perform¬ 
ance unequalled at any price. 

•Prices sli. 

MARK III 60 WATT 
AMPLIFIER KIT 

• Famous Dynaco circuitry us¬ 
ing new KT-88 tubes. 

• Only 3 hour construction time 
with pre-assembled printed 
circuit board. 

• Less than 1 % IM at 60 watts, 
.05% at average listening 
levels. Hum 96 db below 60 
watts. 

• Uses Dynaco transformer — 
the finest obtainable — plus 
other premium grade parts. 

• $79.95* net including pro¬ 
tective cover. 

higher in the West • All items available from 

SUPER-FIDELITY 
OUTPUT TRANSFORMERS 

• Patented para-coupled wind¬ 
ings for maximum undistorted 
bandwidth. 

• Designed for stability in 
feedback circuits. 

• Models available from 10 to 
100 watts for all applications. 

• Model A-430 ($29.95* net) 
permits conversion of Wil¬ 
liamson amplifiers to 50 watts 
using EL-34 or KT-88 tubes. 

Hi-Fi dealer 

Detailed free literature available from DYNA COMPANY, 617 N. 41st STREET, PHILA. 4, PA. 
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WHEN the ARI speaker system first made 

its appearance on the hi fi market, our 

published specifications were sometimes 

greeted with skepticism; for a speaker to per¬ 

form as claimed, particularly in such a small 

enclosure, was contrary to audio tradition. 

Now, two years later, the AR-1 is widely ac¬ 

cepted as a bass reference standard in both 

musical and scientific circles There is general 

understanding of the fact that, due to the pat¬ 

ented acoustic suspension design, the small size 

of the AR-1 is accompanied by an advance in 

bass performance rather than by a compromise 

in quality. 

The AR-2 is the first application of the acoustic 

suspension principle to a low-cost speaker sys¬ 

tem. Prices are $89 in unfinished fir cabinet, 

$96 in mahogany or birch, and $102 in walnut. 

We would like to suggest, as soberly as we in¬ 

vite comparison between the AR-1 and any 

existing bass reproducer, that you compare the 

AR-2 with conventional speaker systems which 

are several times higher in price. No allowances 

at all, of course, should be made for the AR-2's 

small size, which is here an advantage rather 

than a handicap from the point of view of 

reproducing quality. 

Literature is available on request. 

ACOUSTIC RESEARCH, INC. 
24 Thorndike St., Cambridge 41, Mass. 

Transistor 
Mike Preamps 

Two simple, easily built preamplifiers for connecting 

a crystal or dynamic microphone to your hi-fi system. 

OFTEN the hi-fi enthusiast has some reason or other to connect a micro¬ 
phone to his hi-fi set-up. Some pre¬ 

amplifiers have provision for crystal 
mike input, but few can take a me¬ 
dium- or low-impedance mike. For 
this reason many are stymied. A good, 
cheap, simple mike preamp would be 
welcomed by these people. 
Transistors seem a "natural" for 

this application, since there is no need 
for bulky, fragile, hot vacuum tubes, 
no hum problems, no need for high 
plate voltage, and no wasteful fila¬ 
ment power. Accordingly the two pre¬ 
amps described here were designed 
and built. Several models of each have 
been built and used, and the design is 
considered free from flaws. The cir¬ 
cuit is so simple that few if any mis¬ 
takes can be made in wiring it, even 
by the most inexperienced constructor. 
The parts are small enough to fit al¬ 
most anywhere. 
Since a battery is used there must 

be some “on-off” switch. The reader 
is free to design his own “on-off” 
switch, terminal arrangement, and 
physical layout, to suit his own needs. 
Two of the amplifiers built by the 
author are shown here, but don’t feel 
restricted to these types of housing or 
connections. Any reasonable layout 

will do. Be sure only to keep the input 
lead shielded. 

The Circuit 
The circuit is particularly simple 

because of the bias arrangement, 
known as a “floating base bias.” Note 
that, because of the 10 /<fd. capacitors 
in each of the two circuits (Fig. 2) no 
direct current flows through the base. 
At first thought it might appear as if 
we would be biasing the transistor at 
cut-off, but this is not so. Actually 
the collector is passing current just 
equal to (^ + l)7r„ where ß is the 
grounded-emitter current gain, and Z.» 
is the transistor cut-off current. This 
is made a little clearer by the col¬ 
lector family of the transistor, Fig. 3. 
Actually, Fig. 3 is not accurate for the 
2N105, the transistor used, but was 
drawn merely to point out the action 
involved. 

In Fig. 3, the current axis has been 
expanded considerably, so we can in¬ 
vestigate the transistor at very low 
bias currents. Note, first, that the line 
corresponding to zero base current is 
not as low as we can go. If we send 
the base a bit positive, it will send a 
small current into the base. Normally, 
the base of a p-n-p transistor is biased 
negative, so current can normally flow 
out. 
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There is nothing particularly mag¬ 

ical about the value zero for base cur¬ 
rent. We can get useful amplification 
on either side of the zero line. 

The lowest point we can go on Fig. 
3 (the bottom line) corresponds to a 
collector current of just /,«. At this 
value, the base current is the same, 
and the emitter passes no current. Be¬ 
cause of the physics of the collector 
junction, no smaller current than Ic, 
can be passed with reasonable voltage 
biases. 

Fig. 3 corresponds to a very small 
portion of the transistor family—note 
that collector currents are in the range 
under half a milliampere. For many 
purposes, the difference between cut¬ 
off (the lowest we can go) and zero 
base current can be ignored—however 
not here. 

A load line of 10,000 ohms has been 
placed on Fig. 3, showing the opera¬ 
tion of the amplifier. A six-volt bat¬ 
tery is used as a supply. The operating 
point is determined by the load line 
and the line of zero base current. 

This explains the basis of the float¬ 
ing base bias. The d.c. collector cur¬ 
rent is just the cut-off current times 
approximately the transistor current 
gain, or /„(fl + l) with the base left 
floating. The signal comes into the 
base via a capacitor in each circuit, 
and varies the bias point slightly on 
either side of the zero base current 
point. The result is an amplified sig¬ 
nal appearing across the load, as rep¬ 
resented in Fig. 3 by moving slightly 
up and down the load line. 

Rr—10,000 ohm, >. res. 
Ci—10 pfd., 6 V. elec, capacitor 
Ct—.05 pfd., 200 v. capacitor 
Si—S.p.s.t. toggle switch 
Ti—Input trans. (Argonne AR-100, see text) 
Bt—6 volt battery (see text) 
Vi—2N105 “p-n-p” transistor (see text) 

Fig. 2. Floating base bias preamps for 
(A) crystal and (B) dynamic microphones. 

Fig. 3. View of collector family, showing 
gain below curve for zero base current. 

are timeless on 

SOUNDCRAFT TAPES 

DuPont Trade Mark 

Ageless "Mylar” base and ageless plasticizer-free 
Soundcraft oxide coating-these are the reasons 
why lifelike sound is yours forever, only with 
Soundcraft "Mylar” base tapes. Because no other 
tapes offer comparable quality, a Soundcraft product 
is inevitably the choice of those who immortalize 
historic events, masterworks in music, or the sound 
in a great Cinemascope film! When you record sounds 
worth saving...enjoy their re-creation...their 
re-living...on Soundcraft "Mylar" base tapes! 
Write for free booklet ! Buy these Soundcraft tapes; 

Louis i 

"Satchmo” 

Armstrong 

sounds 
of our time 

REEVES SOUNDCRAFT CORP.. 10 E. 52 St.. N.Y. 22. N.Y. West Coast: 338 N. LaBrea, L A. 36. Cal. 
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“TAB” 
OUR TWELFTH YEAR 

That’s a Buy I ! I ! 
Headquarters for HiFi 
Complete HiFi Packages 
Individual or Components 

All At Great Savings To Youl 
Write to "TAB" B4U Buy HiFilll 

We Carry All Unes 
DYNACO—EICO—AMPEX—FISHER 
Bogen—Pickering—Grommes—Scott 

HARMAN KARDON—G.E.—FAIRCHILD— 
CABINART 

Bozak—University—Altec—Electro Voice 
STROMBERG— STEPHENS—KARLSON— 

HARTLEY—AR 
Thorens—VM—Miratwin—Webcor—Garrard 

REVERE—WHARFDALE—LEAK-
BELL & HOWELL 

Reko Kut—Sonotone—Techmaster—Pentron 
We Buyl Sell & Trade as Well! 

C "T4B" B4 YOU BUY HiFi!!! 
Write for HIFI Catalog 

"TAB" SPECIALIZES U 
THE BEST DEAL SEE 
/O M'ait— Amp A Preamp 
ARRAY A12 $22 95 
GROMMES LJK. 24.95 

12 Watt—Amp A Preamp 
A KAY FL 10 $28 95 
EICO HF 12 34.95 
QVAL KIT 2000 28.50 

20 Watt—Amp A Preamp 
BOGEN KDB20 OF $69.50 
EICO HF2O 49.95 
ELMAT HF20 53.50 
GROMMES 61 PGK 59.50 

Preamps 
EICO HF61 $29.95 
EICO HF 61A 24.95 
PRECISE UPAIN 19 95 

• We build or rebuild all h 
Professional Wired 50 W 

BUILD HIFI KITSI* FOR 
■TAB" B4U BUY HIFII 
30 Watt-Amp A Preamp 
ARKAY FL30 $49.95 

50 Watt—Amp A Preamp 
EICO HF 52 $69.95 
TM19K. 79.95 

20 Watt—Power Amp 
TM 15 A $49 95 

50 Watt—Power Amp 
DYNA MAÜK II. $69.75 
REGENCY HF50 K 74.50 
EICO HF 50 57.95 

SPECIAL! SPECIAL! SPECIAL! 
NEW PREAMP & 60 WATT HIFI AMPLIFIER 

U-Build-It Preamp & Amplifier ••TAB" 
Model 60. 20 to 40000 cycles at 60 
watts with minimum distortion. Bass 

I f * Treble Tone Controls. 5 point Record 
Selector. Phono-Pickup Selector. Signal 
Selector. Ta"e Recorder input, 25 lb. 

Hi-Fi Output Transformer feeds 4. 8 or 16 ohm speakers 
& electrostatic units also, 2 power out'ets. The New¬ 
est. latest and Finest design easily built with profes¬ 
sional look. 
KIT $69 
Cover G-ill Cabinet $7.50 
Model 60 Assembled. $85 

Latest G.E. PHONO CARTRIDGES 
Original Boxed. Money Back Gtd. £9 4GO4O or 4GO41 Single Sapphire each $6 

AAIL 4GOSO OOI or .003 (SS)« $7 
I 4CO52 Golden Treasure IDS'*.$17 

*G053 Golden Treasure (DO)’.$27 
4GO61 or 4G063 Sinqle Diamond each $15 
* 5* Sapphire; D: Diamond 

REGISTERED FIRST QUALITY 
REPLACEMENT NEEDLES—DIAMOND & SAP¬ 
PHIRE SOLD ON MONEY BACK GUARANTEE 

PHONO Replacement NEEDLES 
All Makes and Cartridges LP & 78 

One Diamond $7.Two Diamonds $16 
Diamond & Sap $9 . Two Sapphire $2.39 
One SAPPHIRE LP or 78 $1.49 

Please send cartridge name and number 

THE BEST HiFi 50WATT AMPLIFIER 
LATEST MOST COMPACT DESIGN. PRINTED CIRCUIT 

LARGEST OUTPUT & POWER TRANSFOMER 
TAB • MODEL 50A. 20 to 100.000 CYCLES 

FULL 50WATTS AT LOWEST DISTORTION LEVEL 
REPRODUCES LOWS & HIGHS WITH TRUE 

REALISM & PRESENCE 
USES LATEST CIRCUITS & TUBES: 6AN8. TWO EL34, 

5U4GB MARK50A <PEC’AL KIT ««8 
MARK50A WIRED & TESTED COMPLETE $68 

HiFi FM-AM TUNER COMPLETE CTD. <59 
HiFi 12WATT Amp & PRE-AMP CASED GTD. $39 

"TAB" TESTED GTD MATCHED TUBES for HiFi 
2A3 1.2S 6B4G 1.39 12AU7 .7r IFCC$2 1.05 
5U4GB 59 6L6 1.19 12AX7 7€ ECC83 1.19 
6A5G 2.9Q 6SN7 .72 EL34 3.4r 5879 1.20 
6AN8 .99 6U8 .98 EL37 2.4 5881 2 85 
6AQ5 .79 6V6GT p0 KT66 3.49 6550 4.19 

NEW IMPROVED "TAB” HI-FI SPEAKERS 
With Inbuilt Ne wo-k Ticonal Alnico 5 Plus 
Magnet. 4 to 8 ohms V.C. 
IS TRIAX. 25 Watt 20-20.000 Cycles. 
MODEL F15H3X $35 
12 TRIAX. 20 Watt 40-20.000 Cycles 
MODEL F12H^X $27 
12 C9«* 20 Wa’t 3518 "'n Cvs «22 
Sonotone CAI2 COAX 4O-14OO3CycS19.il 
18 Woofer 10 to 1SOOCPS 25W $118 

FINEST HI-FI RECORDING TAPE 
1200 F» —7" Reel $ Ar Lots 
Money Back Gtd. X ■ of 12 

Highest miality controlled plástic base 
tape made ’• new ERIN-$heen nruccRs. A48/A 
Precision coated At Slit. Gtd. Constant (CxTWl 
out out. Splice Free. Freo. 7« • IPS yÿ&Sÿ'Œfgfâf 
4O-15KC Oxide Wnd In. 3 FOR $1.50 
New l«t Quality "My'ar" 2400 Ft. 7” Reel Ferro-
F.RIN Processed Recortling Tape ® $4.49; 3 for $12 

Fig. 4. Disassembl¬ 
ed view of transis¬ 
torized crystal mic¬ 
rophone preampli¬ 
fier. 

Fig. 5. Underside 
view of the tran¬ 
sistorized dynam¬ 
ic mike preamp. 

This type of circuit unfortunately 
has one disadvantage. If your tran¬ 
sistor doesn’t have the right amount 
of cut-off current, you may find your¬ 
self operating too close to either end 
of the load line, and thus clipping will 
occur. Much the same thing will hap¬ 
pen if the input capacitor is leaky. 
Also, operating the transistor consid¬ 
erably above room temperature will 
increase the cut-off current and push 
the bias point into saturation. 

Because of this last condition, the 
amplifiers described here should not 
be run above about 100° F. 

The 2N105 transistor was chosen for 

these amplifiers because of the excep¬ 
tional uniformity from transistor to 
transistor. The cut-off current does 
not vary much from one unit to the 
next, in contrast with other transistor 
models. In the author’s experience, 
other, more popular, lines of transis¬ 
tors have not only showed very bad 
uniformity from one transistor to the 
next, but also have aged rather rap¬ 
idly. Since aging always involves 
changes in cut-off current and gain, 
it is clear that these transistors are 
to be avoided. 
It may be that recent vacuum bak¬ 

ing and hermetic sealing techniques 

Fig. 6. A cardboard chassis was used for dynamic mike preamp. 
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will eliminate the aging headache by 
driving out the offending oxygen and 
water vapor, but still the manufactur¬ 
ing tolerances must be considered. The 
2N105 is one of few transistors avail¬ 
able today that meets the strict re¬ 
quirements as to cut-off current and 
gain uniformity demanded by the 
floating base amplifier. 

Construction 

As mentioned earlier, the physical 
layout of the amplifiers is up to the 
reader. The only requirement is that 
the input from the mike be shielded 
to keep down hum due to stray 60-
eycle fields. The amplifier itself, run¬ 
ning from a battery, is otherwise com¬ 
pletely free from hum. 

Figs. 1 and 4 show views of one of 
the author’s units, designed specifical¬ 
ly for the Astatic JT-30 crystal mike 
shown with it. Fig. 2 A is the sche¬ 
matic of this amplifier. 
The input connector not only makes 

electrical contact but holds the micro¬ 
phone as well. A standard male chassis 
connector was used with a female¬ 
adapting ring. A push-to-talk switch 
was used, because of the intended use 
of the amplifier. 
The transformer (Argonne AR-100) 

and the battery holder (as well as the 
other parts) are available from Lafay¬ 
ette Radio, 165-08 Liberty Ave., Ja¬ 
maica 33, N. Y. All the parts required 
fit very easily into the box shown 
(IC A type 29435). 
The dynamic mike preamp (Fig 2B) 

was wired directly to the mike (Lafay¬ 
ette type PA-19). See Figs. 5 and 6 
for details. It was made in a mailing 
box of cardboard; the holes for the 
toggle switch and output connector 
were punched out with a knife. This 
was strictly a "rush” construction job, 
and no care was taken in trying for 
neat wiring, etc. Nevertheless, the 
unit gave good performance until the 
case broke from wear. For a perma¬ 
nent amplifier, the author recommends 
something slightly stronger than card¬ 
board! 
With some microphones it might be 

possible to mount the transistor and 
other small parts right inside the mike 
case, eliminating all hum problems. In 
some installations, it may be practical 
to fasten the amplifier to the mike 
stand with some kind of clip. Alter¬ 
natively, it could be built right inside 
the high-fidelity installation, even 
drawing power from the amplifier. 

The 10,000 ohm load resistor in the 
circuit was chosen to provide adequate 
amplification with little chance of hav¬ 
ing trouble with high-temperature op¬ 
eration. On some microphones of low 
sensitivity, the preamp described here 
may not have enough gain. The author 
has not had any trouble along this 
line, but microphones have varying 
sensitivities, and possibly the reader 
has one partially dead, or otherwise 
insensitive. In that case, the load re¬ 
sistor can be increased up as high as 
30,000 ohms with a little sacrifice in 
high-temperature operation. 

leading high fidelity manufacturer... tells you 

HOW TO AVOID A COSTLY MISTAKE 

IN YOUR HIGH FIDELITY SYSTEM 

Here are three decisions you must make 
—wisely—if you are building a high fi¬ 
delity system. 

1. Shall I buy a changer nr a turntable? No matter 
what other components you choose, you cannot 
hope to achieve high fidelity reproduction unless 
your records are played on a quality turntable. The 
eight reasons why this is so are discussed and illus¬ 
trated in our new colorful booklet offered in the 
coupon below. Get a copy — you’ll find it helpful. 

2. Which make turntable ehall I chooaa? Check 
all the specifications, features and the reputation 
of every brand. Then listen to a Rondine at your 
dealer! You’ll find that Rek-O-Kut Rondines are 
unquestionably ahead on every count. For the art 
of crafting a turntable as enduringly silent as 
Rondine — is enjoyed by Rek-O-Kut alone — and 
acquired as the result of being the leading designer 
and manufacturer of equipment for broadcast 
studios. 

3. Which Rondin» model «hall I choose? The 
Rek-O-Kut Catalog tells you how to select the 
Rondine turntable suitable for your particular sys¬ 
tem. Whether you choose the Rondine, Rondine 
Deluxe or Rondine Jr. — You can be sure of last¬ 
ing satisfying performance! 

•59” 

Rondine Deluxe, Model 
B-12H- 3-speed and hystersia 
synchronous motor $129.95 

Rondine, Model 
11-12 — 1 speed and cus¬ 
tom Kek O-Kut induction 
motor. $84.96 

REK-O-KUT 

Rondine Jr.—2-speed and custom Kek ()-Kut motor 

$59.95 Model L 34—33-1 3 & 45 rpm 
Model I.-37—33-1 3 & 7H rpm 

The closest approach to free cartridge sus| Tension'. 
Provides better compliance . finer tracking . . . and 
lower resonance than any other tone arm available 
today! Micrometer gramweight permits adjustment 
for correct stylus pressure without use of a scale! 

Rak-O-Kut bat»t available In Walnut and Blonde 

THESE AIDS FREE. SEND COUPON! 

St rol* Disc 

Booklet — Turntable or 
Record Changer which 
shall I buy0

J Catalog 

YOUR CHANCE TO BECOME A 
CHARTER SUBSCRIBER 

TO AMERICA’S NEWEST, 
MOST EXCITING HI-FI MAGAZINE, 

Complete details on page 84! 

REK-O-KUT COMF’ANY, INC. 
38-19 108th Street, Corona 68, New York 

Name_____ _____ * 

Add rw- —■ ____________ 

City----Zone_S ■ ■ i. 
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BETTER HI-FI BY 

ftatM 
CTRONICS 

CO M PO NENTS-ACCESSORIES 

AMPLIFIERS 

Monufocfured By 

DYNAMIC ELECTRONICS-NEW YORK, INC. 

PRICED AS LOW AS $39.50 
■•QUADNAURAL” SPEAKER SYSTEMS 

TRADE MARK REGISTERED 

RECORD COMPENSATORS 
RUMBLE FILTERS 
HI-PASS FILTERS 
LOW-PASS FILTERS 
SPEAKER SELECTORS 
TRI-SET COUPLERS 
MOLDED-ON CONNECTORS 
DUO-JACK ADAPTERS 
FILTER-TENNA 
Sold by better distributors everywhere! 

.Zone_State. City. 

featuring the 
world's largest 
stocks of systems 
& components 

free! 
SEND FOR IT 

for everything in hi-fi 
GIT THE MOHEY-SAVIHG 1958 

ALLIED CATALOG 

Here’s your complete money-saving guide 
to Hi-Fi. Own a fine custom quality Hi-Fi 
music system at no more than the cost of 
an ordinary phonograph. See dozens of 
allied-Recommended complete Hi-Fi sys¬ 
tems, plus the world’s largest selection of 
components (amplifiers, tuners, changers, 
speakers, enclosures and accessories). 
Want to build-your-own?—see our exclu¬ 
sive Hi-Fi knight-kits. For everything in 
Hi-Fi—for everything in Electronics, get 
the FREE 1958 ALLIED Catalog. 

ALLIED RÀDIO HMMCENTER 

ALLIED RADIO CORP. Depl. VV-8 

100 N. Western Ave., Chicago 80, III. 

□ Send FREE 1958 ALLIED Catalog 
Name—---

Address--

Conversely, if the reader desires 
high-temperature operation but needs 
less gain, he can reduce the load re¬ 
sistance to 6000 or 7000 ohms. 

If six volts is not convenient, the 
preamps will operate with good results 
from 4.5 volts or even 3 volts. 
The preamps here are limited in 

their quality of reproduction mainly 
by the components. Distortion is low. 
since the transistor is operated in a 
low-distortion area. That is, it is low 
right up to the point of clipping, 

where it will clip sharply. 
The frequency response is deter¬ 

mined by the transformer and the ca¬ 
pacitors. The size of the capacitors 
has been determined to allow ade¬ 
quate low-frequency response. 

The amplifiers have been • used for 
tape recording with good results, and 
for public address work with equally 
gratifying results. The author believes 
that you’ll be pleased with these sim¬ 
ple, useful floating-base mike pre¬ 
amps. -®-

Transistorized Audio Amplifier 
A COMPACT, transistorized audio am¬ plifier designed to operate a speaker 
in class B push-pull, transformer-cou¬ 
pled, U watt power output is easy to 
build and relatively inexpensive. 

Transformer coupling between the 
transistor amplifier stages provides im¬ 
pedance matching and allows the use of 
fewer stages for the same over-all gain 
than RC interstage coupling. 

The circuit itself is built around three 
of the General Electric 2N107 junction 
transistors of the “p-n-p” type. The am-
pl i fier is powered by four 1 11 volt pen-
lite cells and operates in push-pull class 
B. Frequency response is from 100 to 
8000 cps with an over-all power gain in 
excess of 50 db. 

The three transistors are connected in 
a grounded-emitter type circuit which 
provides sufficient power to operate a 
good quality 4" to 6" PM speaker with a 
3.2 ohm voice coil. 

The transformers required for this 
construction are of the type especially 
designed for transistor circuitry. An 
important feature of such components 
is their high inductance and low d.c. re¬ 
sistance. Input impedance of this cir¬ 
cuit is 1000 ohms. For high impedance 
inputs a matching transformer is re¬ 
quired. For magnetic inputs a preampli¬ 
fier is needed. 

Since a feedback loop is employed, 
the necessary precautions in regard to 

phasing must be employed. Follow the 
color coding of the transformers care¬ 
fully. Should oscillation occur after 
completion, reverse the black and green 
wires of the output transformer. The 
transformers, which are the only special 
components required to build this am¬ 
plifier, are manufactured by Argonne 
Electronics Mfg. Co. 

For those who wish to avoid the trou¬ 
ble of shopping for individual compo¬ 
nents, Lafayette Radio, 100 Sixth Ave¬ 
nue, New York 13, New York has a kit, 
Model KT-69, available for SI7.95. 

The primary purpose of this kit is for 
the experimenter, student, or anyone 
who wants to obtain some working 
knowledge of transistor operation. For 
all practical purposes, considering the 
price, a vacuum tube-type power ampli-
fier would be more advisable. —¡301— 

A Over-all view of the 
transistorized au¬ 

dio amplifier. Here, it 
is built breadboard 
style on a chassis 
measuring 3" x 4" x 1". 
although any arrange¬ 
ment of parts will do. 

<— Complete schemat¬ 
ic diagram of audio 
amplifier. It uses three 
of the new G-E 2N107 
transistors and two spe¬ 
cially-designed transis¬ 
tor type transformers. 

PRINTED IN U.S.A. 
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★ Amplifiers ★Pre-amplifiers ★Tuners ★Kits 

Hew! PG SERIES * HI-FI AMPLIFIERS * PRE-AMPLIFIERS 

20 PG 20 Watt Amplifier—New styling and exceptional performance ... the best buy 
in the medium priced field. Has greater flexibility of controls and advanced circuitry 
built around the highest quality components. It features feedback throughout, separate 
turnover and roll-off record compensators, new loudness control, wide range bass and 
treble controls, rumble and scratch filters, and six inputs including tape head. 

Net 89.50 

15 PG8 15 Watt Amplifier—New advanced styling with a full set of controls for 
exceptional flexibility. Simple efficient flat compact design features modern feedback 
circuitry, record compensator, loudness control, wide range bass and treble controls, 
rumble and scratch filters, and six inputs, (one for tape head.) Net 69.50 

10 PG8 Amplifier— New compact flat design. Features include built in pre-amplifier, 
record compensator on phono channel, 5 inputs, bass, treble and loudness controls, 
plus rumble and scratch filters. Net 55.00 

207A Pre-Amplifier— Ideal control unit for the Grommes 221A or 260A basic amplifier. 
True flexibility is obtained from 10 separate controls. Circuit features feedback 
throughout for low distortion and wide frequency response. Has cathode follower 
output. Self powered for use with any basic power amplifier. Net 69.50 

221A 20 Watt Basic Amplifier- New amplifier with features for the most expensive 
systems. Exclusive circuitry, high gain, special output transformer and variable 
impedance control for exact speaker matching result in performance that will satisfy 
the most critical listener. Ideal for broadcast or recording monitoring; can be used 
in pairs for binaural or in multiples with crossover to separately drive 2 or 3 way 
speaker systems. Use with 207 pre-amp. an unbeatable combination. Net 69.50 

LJ-6 10 Watt Amplifier— Highest value in the low priced field. Features include built 
in pre-amplifier, record conpensator on phono channel, 4 inputs, bass and treble 
controls. Unique arrangement of bass control in volume control circuit enables 
volume control to be used as a loudness control. Net 39.50 

THE PREMIER LINE FOR 1958 
Premier 212 Pre-Amplifier A deluxe equalizer pre amplifier control center designed for 
those who want the ultimate in high fidelity. Self powered with DC filaments for use 
with any high quality basic power amplifier. Extreme flexibility from 13 front panel 
controls. Exclusive features are 6 position separate turnover and roll-off record 
compensators, calibrated bass and treble controls with true flat positions, presence 
control, low frequency balance control, feedback around each stage, and 8 inputs 
which include 2 phono channels and equalized tape head input. The 212 and the 260 
basic amplifier make the finest combination obtainable. Net 129.50 

260A 60 Watt Basic Amplifier— New advanced circuitry with stability built around 6550 
output stage gives performance far superior to ordinary power amplifiers. Circuit 
features cascode first stage direct coupled to cathode coupled phase inverter; regu¬ 
lated screen and bias voltage supply. Special models available for recording and 
laboratory work. Requires pre-amplifier such as Grommes 212 or 207A. Net 159.50 

MATCHING HI-FI FM-AM TUNERS 

GRT-3 FM-AM Tuner— A matching FM-AM Tuner for Grommes amplifier and pre-amplifiers. 
Tuning simplified by flywheel drive, tuning meter and AFC on FM. Has tuned RF stage 
on FM and AM, dual limiters, wide band IF coils with high sensitivity, Foster Seely 
discriminator and cathode follower audio output. Net 135.50 

GRT-100 FM-AM Tuner—New low cost matching FM-AM Tuner for Grommes amplifiers. 
Tuning simplified by flywheel drive, tuning meter and AFC on FM. Circuit has 
grounded grid RF stage on FM, dual limiters, wide band IF coils with high sensitivity 
and Foster Seely discriminator. Net 99.50 

See the Grommes New Line at all better 
High Fidelity Dealers or write. Grommes, DIVISION OF PRECISION ELECTRONICS INC. 

Keut! GROMMES "Little Genie" HI-FI KITS 

LAYER BUILT COLOR GUIDE 

Just Released 

61PG-K—20 Watt Amplifier with built-in 
pre-amplifier. Net 59.50 

See how the "LITTLE GENIE" does it before you build another kit 

207A-K — Hi-Fi Pre-amplifier (Self-Pow¬ 
ered) Feedback circuit with 10 controls. 

250-K—50 Watt Basic Amplifier for use 
with a pre-amplifier (such as 207A-K). 

'It's so simple . . . it's like magic!" 

EASY TO FOLLOW INSTRUCTIONS 

Do it the "LITTLE GENIE'S" way . . 

LJ6-K— (Little Jewel) 10 Watt Amplifier 
with built-in pre-amplifier. Net 24.95 

DEPT. HA-7, 9101 KING STREET FRANKLIN PARK, ILLINOIS 



if you think 

that all brands of 

recording tape are alike ... 


