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For over eleven years AUDIO magazine and
its predecessor, AUDIO ENGINEERING, have

been considered the authority on all things
pertaining to high fidelity - amplifiers, pre -

amps, phono systems, tape recording and
playback amplifiers, loudspeaker systems
and enclosures, and so on - and many of the

ideas and innovations first presented to
readers in the pages of the magazine have
become so well accepted by the serious audio

experimenter to the extent that they have
been incorporated in commercially built
equipment. For example, to name a few, the
"Standard" speaker system - originally pre-

sented in 1949, has been the pattern for

Foreword

dozens of factory -built models using the radiation from both sides of the cone in a room corner housing; the loudness control - now

de rigueur in all good amplifiers - first ap-

peared in IE in 1948; the Baxendall tone
control was popularized in this country by
several articles about it in the magazine, and

now all the components are available to
manufacturers in printed -circuit form for
economical construction of the finished
product.
The large majority of AUDIO'S readers are

hi-fi enthusiasts. Many of them wait from
month to month for something new to construct - some apparently build every amplifier or preamp described. The three previous

Audio Anthologies have each brought in a
single volume most of the basic hi-fi material
for the preceding 30 -month period, and this

Fourth Audio Anthology carries on this
tradition.

The continued interest of our readers
makes it possible - even pleasant - to strive

to bring them the latest and most reliable
of hi-fi information. And their continued
clamor for this additional compilation of hi-fi

articles has been our inspiration in its preparation. To all of these readers we respectfully dedicate this Fourth Audio Anthology.

C. G. McPROUD, Editor
AUDIO

Mineola, N. Y.
August, 1958

How to Plan Your Hi-Fi System
C. R. TIEMAN
The author offers a method for making comparative listening tests in order to evaluate performance of audio equipment on a quantitative basis as a logical means for choosing components.
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and interests. Naturally, these different
FREOUENCY IN CYCLES PER SECOND
interests as expressed by different advisors can be mutually conflicting, and could be grouped about as follows: the feels that the symphony concert must he
he has not been able to establish his own "sound engineer," the "music critic," duplicated in the home in both tonal
standards or recognize his own particu- and the "interested listener." The "sound range and volume. He requires the 30- to
lar needs. The measures of system ef- engineer" is the fellow who, above all, 80 -watt system, while the average single
fectiveness are related to personal tastes. needs a variety of gadgets so that he can speaker home system will be well served
The purpose of a plan is to provide exercise complete control over the signal with a 10- to 20 -watt system.
the system which most nearly satisfies and compensate for any situation. In adThe "interested listener" is the one
the listener's interests at a minimum cost. dition, he may require a multiplicity of who aspires to have a musical system of
We all have heard of the fellow who. inputs to his amplifier to give him flexi- a quality that is much better than is
after spending much time, effort, and bility in changing from tuners to micro- afforded by the average commercial radio
money to acquire a suitable system some- phones, or to any one of several record- and TV equipment, but he borrows from
how fails to be satisfied; and after a ers. He enjoys the thrill of being able the "sound engineer" and the "music
while, has actually acquired enough to shape or modify the musical output critic" for what they can contribute to
equipment to assemble several systems. to taste. Individuals in this category tend his listening pleasure. He wishes to use
If your aim is not to "tinker," then sonic to emphasize the importance of the am- his system to satisfy his personal needs
time spent in planning a system will pay plifier, preamplifier, and the auxiliary which may range from a dance party or
circuits; but so far as listening is con- background music, to occasional serious
off handsomely in the long run.
Regardless, whether we wish to design cerned, frequently their needs are satis- attention to musical masterpieces.
circuits or assemble a system from com- fied with an 8 -inch speaker of moderate
pleted components, we first must estab- quality.
Importance of Individual Taste
The second fellow is the perfectionist
lish some planning objectives or goals
Because high fidelity means different
toward which to work. The second step who demands the ultimate in performis to choose individual components which ance and scrutinizes each individual unit things to different people, the first thing
will satisfy these objectives at a mini- to make sure that it is the best available that a hi-fi sales agent will want to dismum of cost. The first and most impor- within the state of the art. These people cover when you visit his shop, is what
tant step is to set one's sights: if you emphasize the importance of hearing your individual tastes are, and what you
aim too high, the budget suffers directly; every last note and overtone the music expect to do with the proposed system.
and if you aim too low, the results will offers. The are impatient with the slight- Naturally, he will get to the point reultimately be unsatisfactory. Within the est noticeable distortion, and ask for ac- garding the size of your proposed
confines of the space here, we will spend curate compensation for both the record- budget, for he can cite systems that can
most attention on the first step in plan- ing and the ear; some are concerned be assembled for less than $100, as well
ning, that of getting the objectives or with the effects of the temperature and as those which will cost over $1,000.
To the salesman, one may quite innogoals outlined to satisfy personal tastes. humidity of the room in which the music
High fidelity means different things to is played. Occasionally a few perfec- cently state that he would just like to
different people, and a "good" system tionists tend to join a cult of "fanatics" have a simple system that accurately refor one person may be a "bad" system who demand improvements beyond what produces what the microphone picked up
for another. We may all have seen at the ear is able to hear. Another subclass in the first place. To this remark, an exleast three kinds of enthusiasts which of the "music critic" is the person who perienced hi-fi "expert" may present a

.
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disquisition on why this is very difficult,
if not impossible. In addition, one expert

proclaimed that some persons do not
want to hear music as it originally
sounded, but they prefer the modifications that are afforded by the electronic
system. The guiding principle, they say,

is: "let your ear be the judge," and if
you get the impression that the original
orchestra is present as the recording is
played, then the system is "good"-this
is the feeling of "presence." Some experts further assert that accurate quantitative analysis of sound reproduction
for the listener is futile, because the listening pleasure derived from the sound
system is largely subjective, and is

purely a matter of personal taste.
Standard practice for evaluating system performance is to make a series of
listening tests to ascertain the differences
in the ways in which the same recording
can sound from different systems. If the
local hi -fl shop does not have some arrangement whereby different systems

may be compared, then the beginner
would be faced with some rather difficult choices, for it is virtually impos-

sible in the final analysis to evaluate
listening performance from advertising
literature.

After a few listening tests, one can
readily appreciate the advantages as

step in understanding one's needs and

son of different systems against each

planning objectives is to learn something about what the ear actually hears.
The hearing characteristic of the aver-

other. The facilities of several hi-fi shops

age listener is shown in Fig. 1. These
curves are called the Fletcher -Munson
curves of equal loudness, and they illustrate how the ear-the physical termination of the hi-fi system-acts for various

sound levels and various frequencies.
Note particularly that as the loudness
level of sound is decreased, the sensitivity of the ear at low frequencies

changes with respect to the mid -frequency range: a sound at 0 db at 1000
cps is just as loud to the ear as a sound

at 30 cps having an intensity 60 db
greater. This is a factor of 1,000,000 in
terms of acoustic power. However, the
same two frequencies at the 100 db level
both have the same loudness insofar as
as the ear is concerned.
This characteristic of hearing plays a
very important part in the hi-fi system,
for it means that at a reduced level of
sound a given musical selection will appear to lose its low tones; conversely,
boosting the volume will increase the ap-

parent intensity of the lower tones.
For high fidelity reproduction we wish
to maintain a balance between the highs
and lows so that the sound resembles the
original production to get the feeling of
"presence." But the original, such as a
symphony orchestra, may in the concert
hall be at a level of 80 to 90 db. In the
home, the level is normally reduced to a
range from 60 to 70 db; hence, the home
system must accentuate the lows by a
substantial amount-almost 20 db for a
35 -cps note-to compensate for the ear's

well as the limitations of the subjective
method of measuring listening pleasure
or system performance. Qualities seem
to be present in some systems that are
not adequately described by the specifications. I found it virtually impossible
at the outset to make any judgments on
the basis of a few isolated demonstrations and without some coaching regard- characteristics.
ing what features were good or bad. The
Accentuating this loss of low, tones
untrained ear can overlook a variety of with reduced volume is the reduction in
desirable as well as undesirable features performance of many components at low
in a system. Without some experience, frequencies, and the difficulty of radione can readily become confused when ating such waves from speakers and their
evaluating system performance by play- enclosures. Some speakers, for instance,
ing recorded music because one is ex- may have a characteristic drop in power
posed to a myriad of sounds in rapid radiated below 100 cps, so that by the
succession that cover a wide range of time the signal gets to 35 cps the radifrequencies and volumes, and a wide ated power is off by 10 to 20 db.
range of waveforms. Certainly, peculiThe rule "let your ear by the judge"
arities or idiosynchrasies of the speaker, is a fundamental one, but one that should
enclosure, amplifier, or turntable could he exercised with considerable caution
be missed by the beginner; and poor per- and understanding of the way the ear
formance could be judged as adequate. reacts.
Experience and some instruction are, inThe basic need for control over the
deed, needed.
level of volume, and the amplification of
Because we rely on the ear to such a the low frequencies in relation to the
great extent, we must consider the ear as highs is certainly established experimenmuch a part of the entire system as the tally if you conduct several listening
amplifier or the speaker. It is the ear tests. Adequate control over "selective"
that is either sensitive or insensitive to amplification is ordinarily provided by
certain tones, or levels of volume. There the "bass" and "treble" controls of the
is no point in paying attention to sounds preamplifier or the first few stages of
that only the dog or the canary can hear, amplification.

or that can be detected on an oscillo-

scope. The hi -ft equipment transforms

the signals derived from a tuner or a

Value of Listening Tests

recording into acoustic waves which ex-

The principal value of a series of listening tests lies in simultaneous compari-

cite the listener's ear. Hence, the first
6

are such as to allow one to synthesize a
wide variety of systems simply by throwing a few switches. With such a facility,

one may listen to systems ranging from
the least to the most expensive.
For the purpose of planning, we
recommend that one should approach the

first series of listening tests in such a
way as to establish his own preferences
rather than attempt to make a selection
of equipment. This author believes that
component selection should be deferred
until one has firmly in mind the standards of performance he feels are worth
the cost in time and money. Only when
one has an idea of the performance he
seeks can he assemble a system in which
the components make their full contribution and are still held to the minimum
cost..

As a practical matter one is usually
acquainted with what might be
caled the "lower level" of performance
well

because of familiarity with TV and
radio. Based on this starting point, the
tests described here were initiated to determine the best system performance
available, and how various high fidelity
systems compared with the best. Wide
ranges of price and performance were

found, and technique was sought to
place them in a suitable line of succession for comparison. Assembled amplifiers ranging from $100 to $150 gave
very high quality performance; speakers
and their enclosures ranged from less

than $40 to over $700, and the tonal
range and generally pleasing quality of
the sound varied widely. Turntables, on
the other hand were almost universally

of one make and model in the places
visited, so there was no 'particular choice
Evilable in this item.
The techniques used to determine personal preference commensurate with the
pocketbook was to make use of the several amplifiers recommended as best by
the salesman, and then substitute speakers and enclosures to make up successive
systems, because the speakers displayed

the widest range of price and performance. We are, in effect, attempting to
match the hi-fi equipment to the ear at
best we can within budget restrictions.
Stressing the need for listening tests,
and the inability of technical specifications to convey a measure of listening
performance, one consultant asserted,
"Now, in these multiple speaker units
you will notice more depth of tone, a
quality which we cannot adequately describe by our instruments, but which is,
nevertheless present. That depth is a
psychological effect caused probably by
the sound coming from an area rather
than from a point source."
Although not always the case, it is
usually true that the systems with higher

price tags gave a higher level of per -

formanee. How much quality is gained
by an additional outlay of money is important for the planner to have in mind
before becoming obsessed with any one
particular system, or with the struggle
to achieve the ultimate.
After reviewing several synthetic systems, one begins to realize that high quality audio reproduction can be
achieved. In fact, some of the more advanced systems will give a performance
that is virtually indistinguishable from
the original. The second significant point
is that the cost of a high -quality system

ance. The region of high-fidelity begins
with an over-all rating of about 6. The
over-all rating was derived from three

TAKE I
COMPARISON OF SPEAKERS AND AMPLWIERS - TEST Na.
TOTAL

ENCLOSURE AND SPEAKER
Cost
Type Cont Spkr No.

COST

1

41.60

A

18.00
18.00

2

0.00

59.60
63.00

A

18.00

3

A

18.03

4

54.50
76.50

72.50
94.50

5

57.60

75.50

54.00
40.00
20.50
27.00

A

A

18.00

I

PERFORMANCE RATINGS
M. F. M. F.Oreral I
L. F.
7

6

8

El

6

8

8

5

8

8

7

6

8

8

6

8

8

7.2
7.2

72.00

6

8

8

7

58.00

5

8

7

38.50

5

8

7

45.00
43.00
97.50

5

6

7

25.00
79.50

5

8

7

7.5

A

18.00

6

A

18.00

7

A

18.00

8

A

18.03

9

A

18.03

10

A

18.00
18.00

11

6

8

8

12

114.00

132.00

7

9

9

8

50.00

13

74.50

124.50

8

9

8

8.8

6.5
6.5
6.5
6.5
7

K

originally been estimated. The choice of

Williormon-type oneililier ($190.03), 'acted clemger ($68.1:0), and
magnetic pickup not changed during test

be costly.

Speakers tested included single -cone extended -range models. and
tem- and three-way integral models.

Enclosure types: A is bras reflex in kit form, ...Minh/wed plywood

K is Karlson-ton, in kit Ione.

Although the actual measures of performance of a hi-fi system are subjective, the person who has gained a limited amount of listening skill should be
in a position to make comparative tests
and to place his subjective reactions on
a quantitative basis. If such crude measures can be made, then one can rate dif-

ferent systems. With these ratings together with the cost data, one can then
construct the "cost-effectiveness" curve
which can be an invaluable aid to system
planning. In the beginning we recommend that the rater confine his attention
to the general impression of "listening

pleasure" or "presence" and take up

low -frequency response and

graphical for in Figs. 2 and 3. These
curves show a distribution of points up
and down the scale of performance or
effectiveness, plotted against the costs of
the respective speakers and enclosures.
The performance generally rises with
cost. The total system costs could be de TAKE II
COMPARISON Of SPEAKERS AND ENCLOSURES - TEST No. 2

quencies, and the third for the highs.
available for home listening. The combinations between these extremes are

many, and the measures that can be
taken to reduce the costs of the systems
of highest quality are not exhausted in
these two initial tests. For instance, one
would like to see whether a system could
be assembled having a performance be-

tween 9 and 10, but at a substantially
lower cost than those listed in the tables.
By using the "do-it-yourself" kits for the
more complex systems, if they are available, such costs can be reduced; but one
may be forced to forego the styling and
fine finish of the speaker enclosure and
the auxiliary cabinets. Cost reduction by
a factor of two is a reasonable expectation.

At this point, one may have enough
information to stir his enthusiasm, but
not enough to be sure of his precise needs
so that the system can be laid out. There
is

ENCLOSURE AND SPEAKER
Type (Finished Unit)

TOTAL
COST

freedom

from distortion, one for medium freThe two curves show the extremes

is likely to be a little more than had
components that will lie ahead will be
rather delicate because the mistakes can

separate components, one to evaluate

PERFORMANCE RATINGS
M. F. Overall
L. f . M. F.

(a) With (amplifier and peony at 3190.00. Speakers include two- and
Ihree-sway type
9

9

8.5

9

9

8.5

9.3

still another step the beginner may

take before making any major decisions.

This step is not essential for one who

has made up his mind but is recom-

mended for those who wish to develop
better judgment. This step is to construct an "interim system" which will
permit the experimenter to observe over
a period of time the factors of importance to him which affect the perform-

BACK -LOADED MORN

244.50

7

Initial tests of this kind are sufficient

BACK -LOADED HORN

276.00

7

to convice some "interested listeners"

CORNER MORN

300.00

10

9

9

CORNER HORN

720.00

10

10

10

10

INFINITE BAFFLE (Dual Spkn)

100.00

8

9

9

8.3

lay aside all thoughts of intermediate

INFINITE RAFFLE (Terra -way)

126.00

5

8

9

7

ance of the system. With a judicious

steps and plan for the highest standards
of performance that are possible.

(b) With amplifier and pose, at $203.00.
10

8

10

9.5

choice of components, one could apply
any items purchased for the secondary
system to the more advanced one. This
experimental approach has the advan-

more detailed refinements at a later time.

that the systems of moderate quality are
adequate for the purpose, but others will

INFINITE BAFFLE (5 Splcrt)

256.00

7

9

INFINITE BAFFLE (9 Spkts)

450.00

9

10

10

54. choollor (568.00) and magnetic pickup used Proughout.

8

by adding the amplifier and
changer costs in each case. The most expensive system was $978, while the least

6

costly was $296, but the lower figure
could have been reduced by using less
expensive amplifiers without affecting

tage of allowing one to study his re ( Continued on page 14)

rived

10

acoustical performance.

The distribution of points shown is

4

2

0

100

50

0

150

200

S - COST OF SPEAKER AND ENCLOSURE

Fig. 2. Curve of cost vs. performance as

constructed from the data
covering

the

test of the
systems.

in Table I,
least costly

Typical Test Results

The results of two tests are tabulated

in Tables I and II, and are plotted in

peculiar to only one rater. If some other
rater was to evaluate the same systems,
be would probably place the points in
different positions, but he would most
likely get curves of about the same shape
after averaging the points. In conferring
with other listeners, however, the most
expensive system was consistently rated
as the top in quality. This unit was arbitrarily scored as 10, thereby establishing

a standard at the top of the scale. At
the lower level, the table model radio
and a radio phonograph were scored at
about 3 and 3.5 respectively, but these

scores are not shown in the data or

8
(.1

6

4

2

4

2

0
0

200

400

600

800

S - COST OF SPEAKER AND ENCLOSURE

Fig. 3. Curve of cost vs. performance con-

curves. These tatter ratings set a lower structed from the data in Table II, coverlimit or standard of "low-cost" perform- ing the test of the most costly systems.
7

System Simplicity in Audio
R. G. CHAPLICK

The trend toward duplication-or even triplication-of controls in

a

high fidelity system is looked upon by this author as unnecessary, useless, and inconvenient. Furthermore, he tells you what to do about it.

FM TUNER

OWOFF TUNING

THE MAJOR AIM of this article is to
advocate "system simplicity" and to
show that it can be employed to improve an audio system. Components recently featured in audio magazines show
a trend towards increasing complexity.
Although these gadgets are impressive
looking, they require great skill to manipulate the myriads of knobs, My opinion is that many systems have overgrown

DISC
REPRODUCER

PASSIVE DISC
EQUALIZER

FIXED
PRELIMINARY
AMPLIFIER
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FIXED
MIXER

GAIN

HEARING
CONTOUR

FIXED
I

COMPENSATION

POWER

AMPLIFIER

CHARACTERISTICS

ON/OFF

L
ONE ON/OFF SWITCH

and that the average audio enthusiast
can achieve superior results by system

FOR ALL EQUIPMENT
FIXED

TAPE
REPRODUCER RECORDER

simplification. Before system simplicity
can be discussed intelligently, the object

L

of an audio system should be known.
My definition of a good music system is
one that reproduces sound realisticallyneither adding nor taking away, "Hold-

CROSSOVER

NETWORK

MIKE GAIN LINE GAIN
FIC

0' ON/OFF

LOUDSPEAKER
SYSTEM

ing, as it were, a mirror up to nature."
There must be no overemphasis of high or
low frequencies. Concert -hall realism is

not achieved by shaking windows with
low frequencies or by hurting ears with
high frequencies. I must add to the discussion of a good sound reproducing sys-

tem, the plea that the listener attend as
many live concerts as possible. Reproduc-

tion of sound may be pleasing but can
never be more "real" than the actual performance. Moreover, the listener should
have more opportunities to "keep his ear

calibrated" by comparing the output of
his system with "the real thing."
The current trend in the purchase of
audio equipment is the selection of individual components by the audiofan
who then assembles them into a system.

Fig. 2. Block diagram of ideal arrangement for an audio system.

Figure 1 is a block diagram of a system
produced in this manner. This procedure has many disadvantages. First, there
is no assurance that the components are
electrically compatible. Second, there are
too many controls which nullify or duplicate each other, Third, there are just too
many controls. My conclusion after four
years of buying or building components

is that he who wishes to assemble a
good system should obtain the guidance
of a professional electro-acoustic engineer, one who can criticize objectively,
who can test a system thoroughly, and
who is not interested in selling any par-

ticular brand of equipment. The latter

PREAMPLIFIER

DISC REPRODUCER

ON/OFF

RUMBLE FILTER

0

LOUDNESS CONTROL
TURNOVER

FM TUNER

ON/OFF

95
TUNING

0

ROLLOFF
SELECTOR

TREBLE

VOLUME

TAPE
REPRODUCER RECORDER

,

0

LOUDS PEAKER

L__r

ON/OFF

LEVEL CONTROLS

ON/OFF

MIKE GAIN LINE GAIN
Zr-

0

0 ON/OFF

Fig.
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system engineering.
The ideal simplified system should be
defined before I tell how my own system
was simplified and improved. The general

objective is to reproduce sound realistically at any level. The frequency response

will cover the audible range, the power

output will be adequate for the needs
of the listening room, and the distortion
will be inaudible. Controls and adjustments will be kept to a minimum, and
where equalization is needed, fixed passive networks will be employed. From
these generalities a block diagram (Fig.
2) of the ideal system can be made.
devised the audio system described in the

SYSTEM

OUTPUT BALANCE

to prevent many errors and to provide

With the advice of the consultant, I

POWER AMPLIFIER
BIAS ADJUST
93.

INPUT BALANCE

BASS

requirement is the most important. Then,
a new system can be engineered to meet
any needed specification, or an existing
system can be simplified and improved.
In either case the consultant will be able

1. Block diagram of system before simplification.

_ _

following paragraphs. Component circuit diagrams are omitted since conventional circuits are used. The number of
controls was reduced to a minimum.
Broadcast control room techniques were

employed, and each unit was equipped

with its own power supply and fuse.
Individual parts of a unit were oriented
for minimum hum. Standard telephonic
techniques were employed in designing

the wiring of the units. Source output

voltages were set at fixed valves to meet
input requirements of the Control Unit.
The stepped Hearing Contour Compen-

sator reduces the level by an amount

shown on the compensator setting. The
single gain control is therefore usable
over its entire rotation, not just the first
ten or twenty degrees.
An audio system is divided into three
parts : sources, sinks, and controls. In

high- and low -frequency loudspeakers

and to set the equalization for loudspeaker and room acoustics. This equalization is permanent since room acoustics
change very little from day to day.

Compensator performs in fixed calibrated

Controls

A commercial preamplifier was reworked into a "Control Unit." Two of

turn, each of the three parts has sub-

the sources listed above were mixed by

divisions whose specifications and method of simplification now can be discussed
individually.

preliminary amplifier at the proper

means of a resistive network into the
levels according to the output voltage
of each. Because each source has its
own power supply, its output signal can

Sources

be removed by simply cutting off the

Disc Reproducer. Disc reproduction is
designated exclusively for 331/3 rpm LP

power. Thus the selector switch could be
eliminated. However, a switch was pro-

discs in manual operation. Since all of
of the program material which interests
me is available on LP discs, only a single

turntable speed is needed. I frequently
wonder why turntable manufacturers do
not produce a good single speed, 331/3 -

rpm turntable. Elimination of the unwanted speeds, pulleys, and idlers is a
form of simplification. A good quality
magnetic cartridge completes the disc
reproducer.

FM -tuner. The tuner has tax. and a
tuning indicator. Only two controls are
necessary-the on -off switch and the tun-

ing control. The output voltage was set
at an average peak level of 0.5 v. rms.
Equalized high -quality headphones can
be plugged in for night listening.
Tape Reproducer -Recorder. This unit
has NARTB equalization. Two gain con-

trols are used in the "record" mode of
operation : One in the "microphone"
channel, one in the "line" channel. A
VU meter is used. There is no gain con-

trol in "playback." Provision for both
tape and input monitoring by headphone
or loudspeaker is made. An Ampex 600
meets these requirements.
Sinks

Power Amplifier. The frequency response of the basic amplifier is flat
within ± 1 db from 20 to 20,000 cps.
When the adult human ear is shown to
hear beyond 20,000 cps, then I'll start
worrying about extending the frequency
response. Fixed compensation for loudspeaker characteristics have been added.
The amplifier is designed to furnish onehalf the 25 -watt maximum power at 0.6
v. rms input, allowing three decibels of
reserve power for possible overswing.

The internal generator impedance has
been adjusted by test for optimum damping of the associated loudspeaker system.
A pulse from an RC circuit was used in
this test, and the amount of inverse feedback was varied until best damping was
secured.

Loudspeaker System. A warble oscillator and a calibrated microphone were
used to set the proper balance between

nately to original sounds and then to the
same sounds recorded and reproduced.
Most of this testing was made with the
orchestra of the Metropolitan Opera in
New York and the U. S. Navy Band in
Washington, D. C. The Hearing Contour

vided for tape playback to eliminate a
feedback 'loop during recording. Tape
recording may be monitored by headphones or by loudspeaker.

Preliminary amplifiers with separate
high- and low -frequency controls for
disc equalization have a common fault.
Although the low -frequency control is
intended to effect only the low frequencies it also effects the highs, and vice
versa in the case of the high -frequency
control. Therefore, unless accurate calibration has been made of all possible
combinations of those controls, front
panel markings are far from accurate.
Disc equalization has been simplified to
a one -knob control. Five equalization
curves based on published curves of representative disc manufacturers are suffi-

cient for all discs (old records being
taboo). Circuits were designed to switch
resistors rather than capacitors to minimize the effect of switching transients.
The RC values were calculated and then
corrected by frequency measurements to
yield the proper equalization. The "Rumble Filter" was removed entirely since a

transcription turntable is used and unreasonable "bass boost" is avoided.
The main feature of the control unit
is the replacement of conventional "bass"
and "treble" controls by a "Hearing -Con-

tour Compensator." The Hearing -Contour Compensator improves the realism
of high -quality sound reproduction by
compensating for the difference in level
between the music produced in the concert hall and that reproduced at a necessarily lower level in the living room. It
compensates for the variations in human
hearing sensitivity to sounds of different
loudness. The variations in hearing have

steps of 0, 10, 20, 30 and 40 db. These
figures indicate the difference in db between original and reproduced program
levels. Appropriate attenuation is de-

signed into the compensator. In case
speech is reproduced, music equalization
is completely wrong, since speech should

be reproduced at about the same level
as it was originally produced. For speech
reproduction a switch is provided which

retains the attenuation but removes the
compensation.

It is important to digress at this point
in order to speak again of the value of
frequent listening to good orchestras
under good concert hall

conditions.

Many "hifi" fans will find this an illuminating experience; a few may be discouraged and some will staunchly maintain that the orchestral sounds are much

inferior to those reproduced by their
"hifi" systems. This will prove the revised adage "be they ever so homely there

are no ears like your own."
The number of controls in the system
was reduced from twenty-one to ten.
CONTROLS
Before Simplification

FM tuning control
Rumble filter
Turnover
Rolloff
.j

After Simplification

FM tuning control
Disc equalizer

Selector

Volume

Gain

Loudness

Hearing Contour
Compensation

2 level controls
Bass

Bias adjust
Input balance

Output balance
Line gain
Microphone gain
5 on/off switches

Line gain
Microphone gain

4 on/off switches

This simplification of my audio system
has had several broad results. I now have

a positive knowledge of the average
acoustic output of my speaker, whether
at full volume or low, and the balance is
correct for every level. There is no dependence on acoustic memory and no
extreme overemphasis. Reproduced music

sounds close to that I hear in the concert

been measured and have been found quite

hall. The use of the Hearing Contour

uniform for persons of normal hearing.
They are shown in the Fletcher -Munson
Curves of equal loudness. The principle
of the Hearing -Contour Compensator

Compensator permits the use of the following operating technique. After a
source is selected, a suitable listening room loudness level is chosen. The Com-

operation is based on a study of the

pensator is adjusted to the necessary

Fletcher -Munson

setting (- 10, - 20 phms, etc.) to furnish
this loudness level. The gain control is
then rotated clockwise fully, fading in

differences

between

Curves, rather than on contour at any
one acoustic level. Averages have been
selected based on a series of subjective
tests which included listening alter-

the desired sound smoothly with no

acoustic shock to the listeners.
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Adequate Audio Power
in the Home
JAMES MOIR

A discussion of the factors affecting the power required for satisfactory reproduction of typical program material and the methods of calculating it.
power figure being twice the ruts power
figure. As there is a fixed ratio between

the two ratings there appears to be no

ESTIMATIt',E OF THE AUDIO POWER re-

good reason for departing from the practice of quoting the rms power output the

quired to produce adequate loud-

ness from the domestic loudspeaker
are characterised by a very wide diver-

standard practice in other engineering

gence of opinion even among authorities,

figures ranging from 100 milliwatts to

Measuring the Power

50,000 milliwatts (50 watts) having been
quoted by different writers. It is interest-

There need be no ambiguity in measuring the power output of an audio amplifier for sinusoidal test signals can be em-

ing to examine the problem and to attempt to produce some reliable data.
As a preliminary it is necessary to clear

our ideas as to what is meant by the
`audio power' for it is evident that the
same basic power may be expressed in
several ways. Thus the same amplifier
may be quoted as having an output of
ten or twenty watts both figures being
accurate statements of the performance.
Expressing the Power

In a mains frequency power circuit
the supply voltage and current have the
substantially sinusoidal waveform of
Fig. 1 and without ambiguity the power
dissipated as heat in a resistance load of

It ohms will be givenby (0.707 V)'/R
where V is the peak value of the applied voltage. To eliminate the necessity
of always multiplying the meter indication by 0.707, commercial meters used
in the heavy engineering field are scaled

to indicate, not the peak value, V, but
the rms (root mean square) value v=
0.707 V. Within the usual engineering
tolerances the value of voltage or current will be indicated quite accurately
by ordinary commercial meters and the
n ailing will be independent of the
physical size of the meter.
The multiplying factor, 0.707 applies
only to a sinusoidal waveform but in the

Fig.

1. Relation of peak and rms values
of voltage for a sine wave.

same peak voltage as the speech wave.
It should be appreciated that this is not
the rms power in the speech wave but
a figure which nay he perhaps ten times
higher.

On sinusoidal waveforms the rms
only be one half (ie
(0.707)i = 0.5) the peak power and thus
the same amplifier may be rated in either

power will

peak power or rms power, the peak
0.20 SEC

relating peak and rms values that can
be applied to such irregular waveforms
and thus the output of an amplifier may
be expressed either in terms of its peak

power, V'/R, or as rms power (0.707

the power specification is meaningless
unless the distortion level is also quoted.

However our present interest is not
in what power an amplifier can deliver
but in what power it does deliver when
used in the home. This is a much more
troublesome problem, for speech and
music waveforms are irregular, and
have a high ratio of peak to rms power
due to the intervals between words or
phrases when no signal is present. Heating (a function of the rms voltage 0.707
0.21 SEC

"00" AS IN POOL

0.09 SEC.

0.10 SEC

"O" AS IN TONE

0.14 SEC

0.25 SEC

0.15 SEC

w

'A" AS IN TALK

0.26 SEC

A" AS IN FATHER

communications field sine waves are generally confined to test equipment, speech
and music signals having the much

"sp.kier" waveform indicated by Fig. 2.
There is no equivalent numerical factor

ployed and special meters are not required, though it should he noted that

0.24 SEC

0.:5 SEC
A

5.17 SEC

IN TAPE

0.'.8 SEC

E

AS IN TEEM

V) °/R the later figure being the power

dissipated as heat in a resistor of R
ohms by a sinusoidal voltage having the
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Fig. 2. Waveforms of typical vowel sounds. (From Fletcher, "Speech and Hearing.")

sult supported by similar tests in Amer-

TABLE I

which indicated a preference for
levels about 8-9 phon lower than the
ica

Preferred Maximum Sound Level
db above 10
watts cm2
Public
Musicians
Men

Women

Dance Music

78
75
75

78
74
73

Speech

71

71

Symphonic Music

Light Music

B.B.C. results suggest.

Programme
Engineers

V) is of little consequence in either

amplifiers or loudspeakers and in consequence it is more reasonable to measure

the peak values of signal voltage and
express the speech power in terms of
its peak value, 1-'/R.
The measurement of the peak voltage

of such irregular waveforms is by no
means easy. Pointer -type meters of any
kind have movements of sufficient inertia to prevent them reading peak val-

ues and the indications may easily be
in error by a factor of ten times. Large
well damped meters of high nominal
accuracy invariably have heavy moving
systems and are particularly inaccurate
when used to "measure" audio voltages.
Measurement; using pointer -type instruments of the programme voltage across,

into a loudspeaker are therefore completely valueless. Three types of instru-

ment are in current use for measuring
sound power, the sound -level meter, the

high-speed level recorder and the cathode-ray oseillograph.
The sound -level meter -has the disad-

88
79
79
74

Men

Women

90
89
89
84

87

84
83
77

Engineers

88
84
84
80

What Constitutes Adequate Loudness

Difference of opinion as to what eonstitutes "adequate loudness" is responsible for considerable discrepancies be-

tween writers' estimates and the im-

portance of clearing the air will be fairly
obvious when it is realised that a difference of 10 db in specifying the maximum

loudness level thought to be desirable
will result in a change in the required
amplifier output power of ten times.
Published figures seem to indicate that
the differences of opinion embrace a
power range of something nearer 40 db
(a power difference of 10,000 to 1) so
it is absolutely necessary to have our
thoughts clear on this point.
At first sight it appears reasonable to

approach the prohein by reviewing the
volume ranges encountered in original
speech and music on the assumption

that "a perfect reproduction" will re-

quire the same volume range. The most
difficult case, an original performance
by a large symphony orchestra may in-

vantage of a pointer -type meter but volve a power ratio of 80 db (100 million
to 1) but this range is generally only
are closely specified the error due to encountered for a few tenths of a second

as the mechanical constants of the meter

instrument inertia may be roughly estimated. A typical meter may give read-

ings that are below true peak by 20
db, the error being small when the signal

is steady and rising to 20 db on speech
signals where the gaps between words
and sentences may be comparatively
long.

The high-speed level recorder employs
a tube -operated servo system to drive the

pointer and will generally indicate val-

ues that are 5-10 db below true peak
readings.

in several hours, a more frequently occurring range being nearer 74 db.
At the receiving end it is reasonable
to assume that the listener should adjust his volume control to bring the
minimum signal to somewhere near the
room noise level and as an average value

for the domestic noise level is about 40
phon it implies that peak levels in the
region of 114 db (or phOn) are required.
Though this appears to be a very reasonable deduction, experience suggests
that it is wise to make a check and this
has been done both in England and in
America. The B.B.C. have made a very

The cathode-ray oscilloscope nas no
significant error due to inertia and can
indicate true peak values on the most careful study of the sound levels precomplex waveform. but care must be ferred by their monitoring staff and by
taken to operate with sufficient bright- the general public and Table I lists some
ness to show up the faint high-speed of their data taken from a paper by
traces characteristic of peaks of short Somerville and Ward.
In these tests the listeners were produration.
Failure to indicate whether peak or vided with a high -quality reproducer
rms power is being quoted and the use system of ample power handling caof unsuitable power measuring equip- pacity and were asked to set the loudness
ment undoubtedly accounts for differ- to the level they considered preferable.
ences of from 10 to 100 times in the The acoustic level at a point about 18
amount of power thought to be necessary inches from the listener's head was then
for domestic reproduction. This is a checked with a standard type of sound large error but even greater discrepan- level meter. It is surprising to note that
cies can occur if the maximum loudness none of the listeners wished to have
sound levels greater than 90 phon a reis not carefully specified.

Sound levels approaching 114 phon
occur in concert halls and there is not
the least evidence that these are anything
but satisfying, but the available evidence

does suggest that these levels are not
optimum in the home. The reason for
this difference is not clear, but in the
writer's experience a level of 110 phon
sounds "louder," though "smaller" and
more oppressive in a small room than
the same level in a concert hall.

A major discrepancy between the

various estimations of "power required"
may thus be attributed to the choice of
maximum loudness thought desirable. An
estimate based on the very reasonable
assumption that concert -hall loudness

levels are necessary in the home will
suggest a power some at least 20 db
(100 times) higher than another estimate based on achieving only the maximum preferred loudness level of 90 phon.
As it will be seen from Table I that the
general public only require a maximum
loudness level of about 80 phon, a "logical" engineering estimate of the power
necessary will be about 30 db (1000
times) higher than is really required.

This preference for lower levels in
the home is providential because some
consideration for the neighbours is
necessary. In flats, terraced houses or
houses built in pairs, a house -to -house
insulation of 55-60 db can be achieved
fairly easily by simple building techniques but science and the average

builder are not yet in close touch, with

the result that 4'-50 db is the figure
more usually achieved in semi-detached

pairs of houses having a 9 -in. party
wall. Peak sound levels in the region of
110 phon will result in the neighbours
enjoying your choice of programme at
a level of 70-80 phon and while this may

be just tolerable in the early evening
when their own noise level is in the
same region as your own it must become

a little annoying to them when later in
the evening their own noise level has
dropped to something nearer 30 phon.
Acoustic Power Requirements

The next steps in the enquiry are to
make an estimate of the actual acoustic

TABLE II
Maximum Loudness Levels produced by
typical sound sources in domestic surroundings.

Small Upright Piano

Maximum in normal playing
Player asked to play a "loud"
selection

Player asked to play "as loudly
as possible"
Speech

Boy normal speech
Man
"

- 72 db
- 82 db
- 90 db
- 60 db
- 65 db
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TABLE III
Acoustic Power required to produce given
loudness levels in a room of 1540 ft and
reverberation time of 0.5 sec. Computed
from Eq. (7) of Appendix.
80 db .00036 watt
.36 milliwatts)
90 db .0036
13.6 milliwatts)
100 db .036
110 db .36
(

120 db 3.6

power required to produce the loudness

levels thought necessary, and then to
examine the electro-acoustic conversion
efficiency of loudspeakers for this will
enable the electrical power requirements
to be predicted.
The actual acoustic power required to
produce acceptable loudness levels is
very small indeed. A first approximation

0.5 second it suggests that the power
shown in Table III will be required for
levels of 80-120 db, the power required

for 100 db being computed from the

difficult to translate the acoustic power
requirements into electrical power to be
provided by the amplifier.

equation directly, and being modified

Electro-acoustic Efficiency of

by a factor of ten for each 10 db change
in level. The suggested maximum re-

Loudspeakers

quirement of 90 db is reached with an
acoustic power of only 3.6 milliwatts, a
figure that is in substantial agreement
with the power deduced from that produced by a human speaker at maximum
output.
Objection has been raised

to any

formula that suggests that the power
required is inversely proportional to the
reverberation time, on the score that the
bursts of energy in speech are so short
that room reflections do not have time

There is very little published data on
the conversion efficiency of loudspeakers,

partly because of the difficulty of meas-

urement but also because any single
figure can be misleading and liable to
misinterpretation. In these measurements to be described, the figure quoted
as the efficiency was determined by meas-

uring the electrical power input to a

to reinforce the direct sound from the
to the figure can be obtained by con- speaker. It has therefore been suggested

loudspeaker operating on ordinary programme in the normal living room and
simultaneously measuring the loudness
level in the room. Care was taken to observe steady values and from this data

that the power required should be computed on the assumption that the loudness is entirely due to the direct sound.
The calculation is not difficult but it
does require a knowledge of the polar

Electrical power
With domestic approval a sound -level

sidering the data on the acoustic power
required for normal conversation. The
most reliable data, that of Sivian, Dunn,
and White indicates that the instantaneous maximum power rises to about 700
microwatts (0.7 milliwatt) when making
an impassioned speech to a large audience.. About 5 per cent of speakers will
produce powers five times higher than
the figure quoted, making their acoustic
output 3-5 milliwatts. Declamatory
speech of this kind would be intolerably
loud in domestic surroundings, rather
suggesting that the maximum acoustic
power required for any purpose is not
likely to rise much above 5 milliwatts.
Data is available on the acoustic output
of most of the common instruments but
it is not particularly useful as an indieation of domestic requirements as all

the figures refer to tests in which the
instrument was played as loudly as possible. A concert grand, played loudly, has
a power output of about 350 milliwatts
but experience suggests that even a small
upright piano can be intolerably loud in
a small room. In my own room a small

upright piano played by a moderately
competent player produced the loudness

levels shown in Table II and it is perhaps significant that normal playing gave
maximum levels of 72 phon with a level
of 90 phon reached when the player was
asked to produce the absolute maximum

output. It should be noted that readings
were taken when the sound level was
reasonably steady and the absolute peak
leYels are therefore likely to exceed the
meter readings by only 4-8 phon.
Calculation of Sound Power Requirements

diagram of the loudspeaker over the
frequency range.
A sound wave leaving the speaker will
diverge in the form of a solid cone with

Electrical Power required to produce a loudness level of 80 db from three typical
speakers.

A -17 -in., 17,000 gauss magnet.
B -12 -in., high-fidelity type, 14,000
gauss.

C -8 -in., radio receiver type, 8,000 gauss.

A
B

C

Sound
Level
db

80
80
80

Voice
Coil
Power
raw

9.5
55

240

meter, oscilloscope and oscillator were
set up in the dining room as shown in
Fig. 3 and several listening and watching sessions enjoyed. As a first check
some co-operative members of the family

TABLE IV

Speaker

the acoustic power output was calculated.
The efficiency is the ratio
Acoustic power x 100.

Electroacoustic

Efficiency,
percent

3.8
.66
.15

the speaker at the apex but the angle
of divergence will be a function of frequency, being greatest at low frequen-

cies (180 deg. if the speaker is in the
centre of one wall) and decreasing as
the frequency increases until it is down
to something near 25 deg. at 5000 cps.
There is therefore some difficulty in fix-

ing an effective average angle for the
whole of the audio frequency range.
Power, loudness and intelligibility are
not linearly proportional to bandwidth,
a fact that increases the difficulty in
fixing an average angle for the whole

were asked to adjust the loudness to
their liking and as it was found that
the levels chosen were in good agreement with those obtained by the B.B.C.
(Table I) it was assumed that nothing
was seriously amiss. The procedure then
employed for the power measurement
tests was to set up the CRO and sound level meter in close proximity to enable
both meter and CRO to be viewed simul-

taneously and to mark the tube face
each time the meter peaked to .80 db.
After a few attempts it was possible to
draw two parallel lines on the tube face
defining the maximum deflections produced when the sound -level meter reached

this figure. A Promenade Concert provided valuable test material, as it was
possible

to watch the meter on one

phrase and check the CRO deflection
when the phrase was repeated a second
or so later. Music also has the advantage
that complex tones are held for sufficient

time to provide a steady deflection on
the meter, thus eliminating any argument about the contribution of the

frequency range. In spite of these difficulties it has been claimed that power requirements computed on the assumption

In the appendix it is shown that the
there is no gain in loudness from
acoustic power required to produce a that
the
reverberant
sound, do give good
sound level of 100 db can be computed
from

P = .0000116 V/T watts

where V is the room volume and T is
the reverberation time. Applied to one
of my own rooms having a volume of
1540 cu. ft. and a reverberation time of
12

agreement with measurement.
The earlier discussion suggests that the

maximum acoustic power required in
domestic surroundings is only in the

region of 3-5 milliwatts but in the absence of data on the electro-acoustic
efficiency of typical loudspeakers it is

Fig.

3. Schematic arrangement used for
audio power measurements.

used by most high fidelity enthusiasts
10

I,

16

1.0.

a.0

9
8
7

If concert -hall levels of 110 db
were required in domestic enclosures a
power of 55 watts would be necessary
but this speaker would have to call for
help from at least four of its fellows if
this power was to be handled.
db.

6

40"
.S

5

4

only requires an input of about 55 milli watts to produce a sound level of 80 db
and a power of 0.55 watt to produce 90

c0`9

3

2

Though a horn loaded unit was not
tested it is known that electro-acoustic
efficiencies of 20-40 per cent can be

1.0

9
8
7

40

6
5

4
3

2

reached, enabling the concert hall level
to be obtained for an input of about 11/a
watts. As evidence of this, some recent
measurements in a 700 -seat theatre having a volume of 120,000 cu. ft. showed
that the feature film was being regularly
run with a maximum electrical input to
the loudspeakers of less than one watt.
The 18 -in. speaker is shown to have

an efficiency twenty times that of the
cheap radio speaker but this is insufROOM VOLUME OAK FT.

Fig. 4. Curves of power required for two
sound levels in relation to room volume.

reverberant sound to the total loudness.
Audience applause is equally effective
for this purpose. The room was in semidarkness and a bright trace employed to
avoid missing sharp peaks of short
duration.
Having defined the CRO deflection
characteristic of a sound level of 80 db,
the CRO was then switched to the cali-

brated oscillator and the rms voltage
corresponding to the deflection noted:
Three hours checking with three different

loudspeakers provided some interesting
data which is reproduced in Table IV.

As the input power to each of the
speakers was adjusted to produce an
acoustic level of 80 db in the room, it
is assumed that the acoustic power produced is the same for all, a reasonable
but not a precision conclusion, in view
of the different frequency characteris-

After reviewing the results obtained
it appears that there is great opportunity for difference of opinion in estimating the power required to produce
adequate loudness in small rooms. An
experimenter measuring the power that
gives him adequate loudness will find it
to be in the region of 50. milliwatts if
he uses a CRO, perhaps 5 milliwatts if
he uses a high -quality rectifier voltmeter,

and something less than 1 milliwatt if
he has an rins-reading thermal meter. A
devotee of Aristotle preferring medita-

tion rather than experiment might be
excused if he based his calculations on
the assumption that the loudness level
found desirable in concert halls would
prove to be equally desirable in the
home. He would then produce a figure

approaching 40-50 watts, but if this

was thought to be insufficiently impressive, he could with all honesty quote the

same power as 80-100 watts peak, i.e.
peak volts times peak current. A differ-

ficient to justify its use where cost is of
importance, for acoustic power can generally be produced more cheaply by the

ence in estimate as great as 100 watts to
.001 watt must be a record for an honest
difference of opinion in the engineering

combination of a small speaker and a
large pentode, than by an expensive

field.

Though the reason is probably psy-

speaker and a small triode.
It is convenient to have available for
ready reference curves relating to room
volume, sound level, and electrical power
required. Figure 4 provides this information based on the assumptions that
I The acoustic power is computed from
Eq. (7).

chological the preference for reduced

tion of Fig. 5 is approximated in all

standard exponential relation between
sound -energy density and the time interval

2. A loudspeaker efficiency of 1 per cent
is obtained.
3. The optimum reverberation time relaeases.

In the majority of rooms above 2000
cubic feet the reverberation times of
Fig. 5 are approximated, but in smaller
houses current constructional methods
appear to give a reverberation time of
about half a second almost regardless
of the furnishing scheme.

maximum loudness levels in the home is

not understood and should form an interesting subject for further study.
APPENDIX

If it is assumed that "loudness" is related to the steady-state sound intensity
the power required to produce any specified intensity can be computed from the

during which power is being supplied to
the enclosure. The sound -energy density
any time
in ergs/cc
power is turned on, is given by

'

, c.t.

Si"-,

vt4M4

E8

-

electrical input to the speaker on the
assumption that the acoustic power output is given by Eq. (7) in the Appendix,
corrected to a sound level of 80 phon.
Speaker A is a large 18 -in. cone

4Vaf )ter

(1)

csescas".

(Continued on following page)

tics inherent in speaker units of such

widely varying quality. Column 3 indicates the power in the voice coil computed on the assumption that the effective resistance of the voice coil is equal
to its (1.e. resistance. Column 4 contains figures for the electro-acoustic
efficiency computed from the measured

the

4P
CSa

....-

ORC"151"'

SPEECH

speaker having a 21/2 -in. voice coil work-

ing in a gap having a flux density of 17,000 gauss. Speaker B is a standard type

of unit typical of the better quality

12 -in. high-fidelity units, while speaker

C is typical of the cheaper 8 -in. units
included in radio receivers.
Speaker B, typical of the units being

Fig.

5. Curve showing optimum reverberation time

in

relation to room volume.
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where

P= rate of emission of the source,
ergs] sec.

C = velocity of sound, em/see.

= total surface area of absorbing

ADEQUATE

AUDIO POWER
(Continued from preceding page)

surfaces, sq. ems.
a:, average .coefficient of absorption
of all surfaces.
= total volume of room, cu. ems.
When steady state conditions are reached,

theoretically after infinite time, but practically after T sees. where T is the reverberation time of the enclosure, the bracketed term is equal to unity and the sound
energy density is given by
41'

involving tile reverberation time T and the

volume of the enclosure V rather than $
and a and this can be obtained from the
normal Sabine relation for reverberation
time T =kV/Sct, from which Sa = kr/T
Substituting kV/T for Sa in Eq. (2) gives
(3)

from which the source power in Ergs/sec.
is given by

V

(6)

= 4.1 x 10-10 V/T

or converting to ft. units

P=1.16x10-s V/T=.0000116 -r watts (7)
each 3 db increase in intensity that is considered necessary. The threshold of pain is
reached at an intensity level of about 120
db requiring a power 100 times that given
by the equation and presumably fixing the

absolute maximum value of power that
anybody might ever consider necessary.
REFERENCES

Somerville and Ward, "Listeners sound level preferences," B.B.C. Quarterly,
Jan. 1949.

(4)

If some standard intensity is adopted, the
arithmetic is simplified and as 100 db is

ments." J. Acous. Soc. Am., Jan. 1931.

quirements more closely and to develop

a better understanding of actual rather
than fancied needs; it may also serve
to stimulate more interest in still better
performance. Another experimental approach is to take advantage of the free
home trials offered by local shops. As
much as you may like a piece of equipment in the store, sometimes it may not
"wear well" at home.
A little rummaging around in the attic

in my own case produced components
that were adequate for the interim ap-

proach. For the dance party requirement, there developed a need for power

output-undistorted-that was well beyond the ability of the secondary system.
The audience was found to absorb substantial amounts of acoustic power, and
in addition, create an ambient noise level
which had to be overcome by the speaker
output. The lack of low -frequency tones
in the secondary system became appar-

ent because the lows often carry the

rhythm needed for dancing. For listening to concert music, the volume level
had to be reduced to keep peace in the
family, so the loss of lows was again
accentuated. The lack of extreme highs
caused no comparaable deep concern, so
the extended high -frequency coverage
will be included in the final system if it
can be gained for a modest cost.
If you have been able to establish a
standard of performance that the hi-fi
system must eventually meet, then it is
14

4x107T

x /04 x /6 x /0-4 x x /0-4

Chinn and Eisenberg, "Sound intensity
preferences of Broadcast listeners,"

P=CkVE
4T

,olsti lilted Irwin img,.

P=

the power required will be doubled for

It is more convenient to have a relation

HOW TO PLAN

value in Eq. (4) and including all constants,
the acoustic power in watts required from
the source to produce a maximum intensity
of 100 db is given by

For any loudness level other than 100 db

CS(1

E= 4PT
CkV

a convenient figure this will be inserted.
It corresponds to a sound intensity of Ws
watts/sq. cm. and a sound energy density
of 3 x 10-4 ergs/cu. cm. Substituting this

Proc. I.R.E., Sept. 1945.
Sivian, Dunn, and White, "Absolute amplitudes and spectra of musical instru-

time to turn attention toward the second
step in the planning cycle, that of selecting the individual components in such a
way that the over-all cost is minimized
without sacrificing the performance
standard. In principle, at least, the be-

ginner could extend the technique of
listening tests so as to arrange the components to suit his need. We know of no
better way to choose a speaker, but selecting a particular amplifier depends to
some extent on how much the experimenter borrows from the "sound engineer" and the "music critic." Many would

be satisfied with a simple substitution
test using the chosen speaker and enclosure, and make use of a home trial. Se-

lecting an amplifier in itself can be a
detailed study the scope of this discussion; in fact, much has already been
written on this subject.
Thus, if one can arrive realistically at
some conclusions regarding his requirements in relation to what he can afford,

the task of selecting the units for the
system is reduced to manageable proportions; and one's limited energies and

funds are not misdirected into unproductive channels. These two approaches
are advocated as aids to planning: The
comparative evaluation of system performance by actual listening tests, and
the improvement of personal judgment
through experience with an experimental
or interim hi-fi system.
1£

Building Simplicity into the
Hi-Fi System
ROSS H. SNYDER

Interconnection of the many elements of a hi-fi system demands some clear thinking if
complete satisfaction is to be obtained. In particular, the method of connecting a tape
recorder in the system for most convenient operation is outlined clearly by the author.

HIGH-FIDELITY COMPONENTS for home

entertainment systems have been
developed in such numbers and va-

riety that rigorous application of good
uver-all systems' design has been almost
impossible. The popularity of high-fidel-

or loudness control (or both), and separate bass and treble tone controls.
These control boxes are usually connected to power amplifiers which have,
themselves, at least a gain control, and
sometimes another set of tone controls
and selectors. These are happily rare
now that the basic "flat" amplifier is the

With a basic flat amplifier, adjustity equipment has increased at such a norm.
of the main amplifier gain control
pace that designers of components of all ment
required only at the time of installakinds have been faced with the necessity is
tion,
and it is supposed to be set by the
of building in a sort of makeshift uni- installer
so as to provide correct gain
versality which made it possible, in gen- for the audio
control box with which
eral, for the purchaser of an assemblage it is used. There
is a tendency for many
of these components to plug together a users to adjust the
amplifier gain
system which would function, but usually so that the controlpower
box volume control
at something less than optimum.
is rotated about one-third at comfortable room level. Those control boxes
Knobs
Too Many
The commonest defect of an assembled

system is multiplicity of controls, many
of which perform duplicate functions.
The likelihood of imperfect performance
is great when such systems are operated
by people whose interest is mainly in the
music, not in the equipment upon which
it is played. Typically, a radio tuner will
have on its face a control for the selec-

which contain loudness controls are usucontributing considerable "bass
boost" at this rotation, and this effect is
removed only when thunderous volume

ally

is being delivered into the living quarters by the equipment. The function of

the loudness control should be to remove

all artificial bass boost at a sound level
equal to that which would be heard if
the listener were in the room where the
tion of FM, AM, Phonograph, Tape, recording was made. Complete instrucTV, etc. It will also have a volume con- tions on this adjustment are more and
trol. Frequently such a tuner is selected more being included in the Instruction
especially because it has relatively few Manuals which accompany high -quality
controls, and is connected into an elab- equipment, and if the listener is so
orate audio control box, which will pos- minded, the facility for proper funcsess phonograph inputs, phonograph tioning of his loudness control is at
equalizer controls, power switch, volume

hand.

GAIN
LINE
INPUT

0

---o

RECORD
AMPLIFIER

AMPLIFIER

RECORD

RECORD

EQUALIZER

HEAD

CONTROL

The Maximum Hum Control

But the handling of cascaded volume

controls, one on the tuner and one on
the control box, for example, is not so
simple. The way is always open, if not
for the high-fidelity enthusiast in the
family who is responsible for the pur-

chase and installation of the equipment.
at least for other members of the family
to adjust the equipment for maximum
hum, or for maximum distortion. A tendency will be found, for example, to operate the volume control on the tuner at a
medium setting, and then, upon interruption, for the listener to turn the volume
down temporarily at the audio control
box. Following the interruption, the
listener may find it most convenient to
raise the volume level again, this time
using the tuner control. Thus, those amplifier tubes which follow the tuner volume control, may well be driven far into
distortion, while the volume level of

sound in the room is not particularly

high, having been reduced by the control
box knob. If the knob on the control box

is a loudness control, this function will
also be disturbed. On the other hand, if
the procedure is reversed, and the level
of sound reduced at the tuner, then later

raised at the audio control box, the
"maximum hum" situation will exist.

The level of sound through those ampli-

fier stages which exist after the tuner

volume control, but before the audio con-

trol box volume control, may be sufficiently reduced as to be comparable to
the internal hum level, and raising the
amplification with the control box knob
after the unnecessary reduction will result only in an increase of hum and unpleasantness. The remedy is, of course,
to eliminate one of the volume controls,
or at least to remove it to a screwdriver

adjustment at the back of one of the

PLAYBACK
AMPLIFIER
EQUALIZER

1

PLAYBACK
HEAD

CATHODE
FOLLOWER

components, and to leave in the hands
of the listener only a single knob for the
control of level. In this manner, adequate level in lines between components
may be set at the time of installation, for
the best compromise between low distortion and good signal-to-noise ratio. The

difficulty of predicting what amplifier will
OUTPUT TO
AUDIO SYSTEM

be used with a tuner of given design is,
of course, the reason for incorporating

the control into the tuner in the first
Fig.

1. Block diagram of a typical high -quality tape recorder designed for home use.

place. The thought was that it's better
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high -impedance load,

which may be

bridged across a number of available
points inside the audio control system,
and requires no more than 0.5 volts rms

FM TUNER
SECTION

to drive the recorder to maximum re-

AM TUNER
SECTION

LOUDNESS

CONTROL

CATHODE

TONE
CONTROLS

CATHODE
FOLLOWER

F OLLOWER

OUTPUT TO
POWER

AMPLIFIER

PHONO
PREAMP

With Eq'r
Control

0
OUTPUT TO
TAPE RECORDER

Fig. 2. Block schematic of one model of deluxe FM -AM tuner with magnetic phono preamplifier

cord level. This is a simple requirement
to meet, although consideration for it
has often been omitted from commercial
components. The output from a typical
magnetic recorder is of low internal
source impedance, and relatively high
level, which will adequately drive any
of many possible points in the audio control system.
There are several typical arrangements for tape recorder connection. Fig.
2 illustrates a widely sold deluxe FM/

AM tuner with magnetic phonograph
preamplifier and tone control, designed
to function not only as a tuner, but also

and tone controls.

to provide more controls than necessary,
rather than to eliminate one which may

be needed. But it was a bad thought.
Volume controls, as an industry practice, probably should be left off radio
tuners, unless these tuners also incor-

porate phonograph preamplifiers and

tone controls, and are intended to serve
as complete control centers as well as
tuners. If unnecessary controls are pro-

vided, the installer ought to remove
them. More than one maunfacturer follows good practice in this, and others
should, for the greater convenience of

users and for less opportunity for unpleasant sound in the home. Only those
few listeners who wish to eliminate all
functions from their systems excepting

radio, and who wish no tone controls
of any kind will need gain control on
the basic tuner. Those may be of sufficient technical skill to devise a convenient volume control for themselves.
"How Many Selecton?"

The duplication of selector controls ap-

pears to be a harder problem. On those
radio tuners which are designed as an
adjunct to an audio control box, there
is no justification for the provision of
anything other than an AM -FM control, possibly with broad and sharp positions on AM, and AFC or no -AFC positions. Incorporation of selector positions

for phonograph, tape, TV, and other

sound sources may appropriately be provided only on tuners which also possess
magnetic phonograph pickup preampli-

boxes, but only into the tuners which

as an audio control center. At least four
input jacks are provided, one of which
is intended for tape. An output is also

are designed as combined audio control
centers and tuners. The very least which
we should ask is that the knobs on the

designated for connection to the tape

front panel of these tuners should be
arranged so that if the a.c. switch and
volume control are removed, the panel

recorder. The signal which is delivered

for recording to the tape recorder

even though some are superfluous or
rendered functionless, in order to preserve balanced appearance; it should be
made possible to preserve both good appearance and good operation.
The Underfed Tape Recorder

As the high -quality magnetic tape re-

corder becomes a staple in the list of
components in a high-fidelity home system, a provision for its incorporation in
simple plug-in form becomes a necessity.
The logical place for the incorporation
of plugs which are intended to connect
to the tape recorder input and output is

for the recorder, but it also produces

a tape which is artificially heavy in bass.

The output to the tape recorder could

hardly have been located at a worse position. So far as proper level and proper
equalization for the production of a flat
tape recording are concerned, the tape
recorder jack might better be connected

in the audio control box, or into the

tuner which is intended to function as
an audio control center.
A block diagram of a typical high -

between the loudness control and the
selector switch. A cathode follower

quality magnetic tape recorder is shown
in Fig. 1. In those recorders which use
a common magnetic head as both record
and playback, the selector switch is so

would be advisable, of course, as isolation, and in order to assure that the load

of the tape recorder and the capaci-

ganged as to perform essentially the

tance of the interconnecting cable would

not affect the over-all performance of
the system, or of the recorder.

same function as that shown. Typically,
the line input of the recorder presents a

fiers, and are designed to function as
combined

tuners

and

audio control

AM TUNER
SECTION

boxes. The ultimate simplification in
control is probably provided by those
tuners which have been designed for

VOLUME

two -channel stereophonic service, and
bring each of the two outputs, AM and

FM TUNER
SECTION

FM, to separate jacks. for delivery to

the audio control box. Such tuners may
readily be connected into audio control
boxes so that selection of phonograph.
AM, FM, tape, etc., may be made on one
knob on the audio control box, and there
only. Realistically, no selector controls
other than those for AM or FM should

be incorporated into tuners which are
designed as adjuncts to audio control
16

TONE
CONTROLS

CATHODE
FOLLOWER

CATHODE
FOLLOWER

OUTPUT TO
POWER

AMPLIFIER

CONTROL

PHONO

0
PU
TAPE

MAGNETIC
PHONO PREAMP

1 With Equalizer
Control

is,

unfortunately, unsatisfactory. The user
may reasonably be supposed to be listening, over his loudspeaker, at the same
time he is producing a tape recording.
The tuner selector may, then, be set for
FM, for example, the loudness control
adjusted to comfortable level. The output to the tape recorder, then, located
after the gain control, is extremely low
in level, and is exaggerated in bass, because of the effect of the loudness control at these low listening levels. Typical
peak voltages obtained from this array
will measure around 50 millivolts. Not
only does this provide inadequate drive

remains balanced and symmetrical.
Many home high-fidelity system owners
insist that all knobs be left on the panel,

OUTPUT
TO
TAPE RECORDER

Fig. 3. Arrangement of popular -priced FM/AM tuner with phono preamp and tone controls.

The Case Of The Howling Tape Recorder

With the configuration of Fig. 2, however, still another source of unpleasantness for the listener is offered. Assuming that a recording has been made, the
listener may now switch the selector control on his tuner to the fourth position,

into which the output of the tape recorder has been plugged. Referring to
Fig. 1, if the tape recorder selector
switch has been left in the "record"

position, a feed -back path is created

from loudness control through cathode follower to tape recorder input, to tape

twice through an amplifier which is not
perfectly flat.

the output to the tape recorder is of

adequate level, but has been subjected to
"tone control" whose purpose is pri-

marily that of adjusting the sound for
most comfortable listening, rather than
for flatness. There is good reason for
tone controls, of course. But a flat signal should nevertheless be presented to
the tape recorder. Tone controls are for

playback, and not for recording. It should
be assumed that the listener will wish to

adjust his tone controls, every time he
listens,

for conditions which exist at

the moment, and which may not always

be the same. To feed a signal through
the same set of tone co.itrols twice is to
"double" the effect of the tone controls

PHONO

0

PU

0

,
\
Sr

MD

lop

upon playback. On only one generation,
with such a process, a 12 db-per-octave
bass boost slope may be obtained, or a
very sharp high -frequency cut-off be introduced.

WSW

WNW

If the tone controls had been set for only

little departure from the nominally
"flat" position, the results would have
a

been even worse.
Figure 6 illustrates a high -quality com-

mercial audio control box which proDouble Dipped Tone Controls

Even if the "tone controls" are set at
the "flat" position, which often is not
marked accurately on the control panel,

this position usually is a little off true
flatness. Typical of the "flat" position
on tone control systems is the curve
shown at (A) in Fig. 5. This curve, it
is true, is "± 2 decibels from 50 cycles
to 8,000 cycles." But, suppose the tape,
which has been recorded to this degree of
"flatness," is now
the system shown in Fig. 4. Even though

the tone controls be left unaltered, the
playback curve differs from flatness by
twice the amount of Curve A, forming
Curve M. This, flat now only by ± 4

decibels from 50 to

8,000 cycles, is

sharply rolling off at both low and high
frequencies, with severe "bumps" in response. Small deviations from flatness in
the tone control system, which are en-

tirely negligible so far as the original
function of the controls is concerned,
now become major sources of unpleasantness, which may be blamed upon the

tape recorder, even though, in this example, the tape recorder was assumed to
be perfectly flat in frequency response.

vides the tape recorder with a flat signal
of adequate level. With this control box,
the possibility remains for feedback, if
the listener chances to select "tape" on
the control box before switching the recorder to "playback," but all other considerations of good practice are observed. The general configuration of the

commercial system in Fig. 6 is shown

in Fig. 7. Great flexibility in the ar-

rangement of loudness or volume controls, tone controls, sharp high or low
cut-off filters, and so forth, may easily

be designed without essentially changing
this arrangement. Only the feedback
problem remains.
High Fidelity Unlimited

Figure 8 shows an ideal configuration

for incorporating a tape recorder into
a high -quality home music system.
Whether the arrangement for this connection is made in a tuner which is designed also as an audio control center,
or in a deluxe audio control box is unimportant. The provision for placing the
tape recorder in series with the circuit is

the key to the removal of any possibility of feedback "howl." A low impedance -source signal to the tape re-

corder line should be provided-cathode
followers work well. A jack should be
provided for this outplit. If, then, no
connection were normally provided between this and the jack which is to bring

PHONO

back the output of the tape recorder,

PREAMP

the possibility for series insertion of the
recorder exists. A simple jumper may
be provided as standard equipment, to

With Eq'r
Control

LOUDNESS

CONTROL
CATHODE
FOLLOWER

TAPE

1

FREQUENCY IN CYCLES PER SECOND

0

TV

3

W

TUNER

O

\

1
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of course, if the listener is careful always to turn his tape recorder switch

corder an artificially unbalanced signal,
since the volume control is not a loudness control, but it does have the same
fault as the tuner of Fig. 2 in being likely
to be so used as to present a very small
signal to the input of the tape recorder,
due to the listener's having set his volume control for comfortable listening,
rather than for adequate level for recording. This configuration also possesses,
still, the possibility of feedback "howl."
Figure 4 outlines the configuration of
a popular deluxe one-piece power amplifier and audio control box. In this case,

115.

44)

8

loudness control. The result is usually a
loud howl. This effect can be avoided,

that in Fig. 2. This unit does not have
the fault of presenting to the tape re-

..--...%,,

...:40.1......

/411111.-\
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recorder output, to selector switch, to

to "playback" before he changes the position of his tuner selector control, but
it would surely be good design to prevent so likely a cause for unpleasantness.
Figure 3 is of a lower cost tuner than

/' -

5

Fig. 5. Curves showing additive effect
when signal passes

TONE
^CP
CONTROLS

SHARP

Ur

POWER

CUTOFF -4>

AMPLIFIER

FILTERS

Ig

OUTPUT
TO

LOUDSPEAKER

0
OUTPUT TO
TAPE RECORDER

Fig. 4. Block diagram of deluxe one-piece power amplifier and audio control unit.

be removed when the tape recorder is
installed. With this connection the tape
recorder is either left on at all times
when the system is being used, or the
tape recorder may be provided with a
means of automatically connecting its
input to its output, directly, when the
recorder is turned off. Such an arrangement is offered as standard equipment
on some tape recorders which have been
designed for home use, and is available
as a factory modification on others.
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eral wires. None of these procedures is
beyond the skill of a typical hi-fi technical enthusiast, but probably ought to
be undertaken only by his serviceman
if the listener is one of the many thousands of newcomers to the field whose

Hi-Fi Surgery

When the owner of a high fidelity system, on which he may have spent many

hundreds of dollars, buys his tape recorder, it is too late for corrective action

by the manufacturer of his tuner or of
his audio control box. If the machine is
to function well as a unit, some sort of
"corrective surgery" is going to be

interest lies mainly in the music and

not in the knobs and gadgets.
A tuner like that illustrated in Fig. 2
might be modified in either of two ways.
A single wire will be found which leads
from the jack marked "output to tape
recorder" to a certain pin on one of the

needed. This may range from simply unsoldering one connection from its present

location, and soldering it to a new one,
all the way up to the incorporation of an
additional tube, and the changing of sev-

tubes. This wire may be unsoldered from

the tube, and transferred to the selector
9. Schematic of cathode follower stage
which can be added to a tuner or control unit
to provide suitable coupling to a tape recorder

Fig.
PHONO
PHONO

PREAMP

O

With Equolizer

PU

input.

Control

switch, being soldered to that lug on

TUNER

0

LOUDNESS

TONE
/ILO CONTROLS
AUX 1

CATHODE
FOLLOWER

OUTPUT TO
POWER

AMPLIFIER

CONTROL

O
AUX 2

OUTPUT TO
TAPE RECORDER

Fig. 6. Block schematic of high -quality commercial audio control unit.

the switch which represents the "rotor"
or, if more convenient, to the "top end"
of the loudness control. A more elegant
solution would be to cut the chassis at a
convenient point, to mount a new tube,
such as a 6C4, in a tube socket, and to
connect this newly added tube as a cathode -follower. The wire leading to the
"output to tape recorder" jack would,
then, be connected to the output of the
cathode -follower, while the grid of the
newly added cathode -follower would be

connected to the rotor of the selector
switch. Appropriate values for such a
cathode -follower are shown in Fig. 9.
Connection of the follower to the tuner's
filament supply will probably present

PHONO
PRF AMP

little problem, but the selection of an

With Fitir
LOUDNESS OR

VOLUME /
TONE

CONTROLS

k 4.,
o

CATHODE
OLLOWER

F

%.,

OUTPUT TO
POWER

AMPLIFIER

appropriate connection for the plate
should be done most carefully. A point
on the schematic diagram of the tuner
should be found at which considerable
"decoupling" has already been provided,

and at which a large capacitor is al-

GAIN CONTROL AND TONE CONTROL MAY BE INTERCHANGED IN ORDER, OR GAIN CONTROL MAY BE MADE

DUAL TO MAINTAIN GOOD SIGNAL-TO-NOISE RATIO.
TAPE

RECORDER

Fig. 7. General configuration for control box or tuner control system Possibility of feedback is still
present even with this arrangement.

ready connected. The plate of any cathode -follower should be connected to a
high -voltage d.c. source which is effectively "grounded" for audio signals. In
most cases, it will be found that the follower will function well if its plate is
connected to the same point as the high voltage end of one of the plate resistors
in a low-level audio amplifier stage.

If, in the case of a tuner like that in
Fig. 3, no attempt is made to install a
cathode -follower,
PHONO
PREAMP

With Eq't
Control

(JUMPER PROVIDED WHEN
TAPE RECORDER REMOVED)
LOUDNESS OR
VOLUME

Ft/ AM
TUNER

Slr

CATHODE
FOLLOWER

TONE
CONTROLS

CATHODE
FOLLOWER

OUTPUT TO
POWER
AMPLIF IER

CONTROL

IN
TV TUNER
OR OTHER
SOUND
SOURCE

OUT

TAPE RECORDER

(Autornoticolly connects input
to output when turned off)

Fig. 8. Ideal configuration for incorporating a tape recorder into a high -quality home music system.
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care must be taken

that the wire which carries the signal
to the tape recorder is of the "low -capacitance" shielded type, and that the
input impedance of the tape recorder is
not so low as to "load" the volume control unduly. Otherwise, some distortion
could occur, and if the wire were of high

capacitance, the high -frequency response
of the system could be impaired.

The audio control box illustrated in
Fig. 6 offers the possibility of simple
wiring changes in order to effect the
"series" configuration of Fig. 8. It is
possible to lift the connection between
the cathode -follower and the loudness
Continued on page 281

The Care and Treatment of
Feedback Audio Amplifiers
W. B. BERNARD, CDR., USN

Anyone who has noticed a lack of stability in his Williamson -type amplifier
may have wondered what caused it and how it could be corrected. The author
gives the reasons and describes the methods taken to eliminate the troubles.
!raped:Ince or less-we may eliminate the

consideration of over-all current feed
back and the additional complications
which it entails. We may still make use
of negative current feedback inside the
main feedback loop by such means as

INVERSE OR NEGATIVE FEEDBACK has be -

come widely accepted in the design
of audio amplifiers. It may safely be
said that it is incorporated in all output
amplifiers of quality manufactured at
the present time. This widespread use

unbypassed cathode resistors. Having de-

cided that negative voltage feedback is
what we need in our amplifier we must
consider how much we need and how
we should apply it.

results from the benefits that can be produced by its application. This discussion
will be limited mainly to the application

of inverse voltage feedback to audio
amplifiers. This type of feedback acts Fig. 1. Typical plate family of a 6L6
to reduce the output impedance of an with 1/15 of its output fed back to the
amplifier in addition to reducing the
input.
distortion and noise produced. It also
extends the frequency response of the to less than 2000 ohms. Observation of
amplifier.

the curves will show that the power -outThe gain of an amplifier with voltage put capabilities of the tube have not
feedback is given by the equation A1= been diminished and a comparison with
where A is the raw gain of the curves for a triode -connected 6L6 will
1 -BA'
show that it is much more linear, and
amplifier (gain in the absence of feed- regardless of the load placed on the tube

back), and B is the percentage of the the tetrode with inverse feedback has

output voltage that is fed back. Distortion

is reduced by the same proportion and.
if the input signal is increased to make
up for the loss of gain, the noise introduced by the amplifier is also reduced
by the same factor. The loss of gain is a
small price to pay for the benefits derived since voltage gain is easily obtained.

The output impedance of an amplifier
with inverse voltage feedback is given

superior characteristics. Inverse feedback applied to the triode will make the
plate characteristics more linear but

they can do nothing to increase the
power capabilities of the tube.

In practice the amount of feedback
that is needed to reduce distortion reduces the output impedance to a satisfactory value. There are opinions which
diverge from this view but they are seem-

-

We may say that reducing the distor-

tion to 1 per cent IM just before we
drive the output grids to clipping level
is a reasonable standard for high fidelity
purposes. There may be some argument
with this standard, but it is very close
to what is generally realized in the better amplifiers today. In the usual circuits

this calls for about 20 db of inverse
feedback. In a properly designed amplifier the major portion of the distortion

will be produced in the output stage;
therefore, any useful feedback system
will include the output stage. Internal
feedback loops which do not include the

output tubes should not be counted as
being effective in reducing the total dis-

tortion. Such figures are most useful
for advertising purposes.
At this point we may mention briefly
two other feedback systems. The output

ingly in the minority and are divided

is the between those who think that the usual
amount of voltage feedback does not
plate resistance of the output tube, it. is sufficiently reduce the impedance, and
the amplification factor of the output those who think that it reduces the imtube, B is the portion of the output volt- pedance too much. From the standpoint
age fed back, and A, is the amplification of standardization both of these views
of the amplifier between the point where create difficulties because it seems that
the feedback voltage is inserted and the all that it is reasonable to expect of a
grid of the outut tube. In the case of speaker manufacturer is that he will
pentodes and tetrodes where IA may be strive to produce a speaker which will
up to 200 or 300 it can be seen that a give a uniform acoustic output over a
very small amount of feedback will give given freuency range when the speaker
a tremendous reduction of output im- is furnished a uniform voltage input.
pedance. Figure 1 shows the result of
If we are satisfied that the amount
applying 1/15 of the output of a 6L6 of inverse voltage feedback which we
to the grid of the tube. The plate resist- are going to apply will give us a usable
ance is reduced from about 25,000 ohms output impedance-one fifth of the load
by the equation Zr -1 RBA'

Feedback Methods

Rp

Fig.

time

2. Typical coupling circuit with one
constant and its circle diagram
showing phase shift.
19

tube cathodes are sometimes returned
to the ends of a secondary or tertiary

frequency extremes _4 is no longer a
positive real number. It becomes complex
and may lie in any of the four quadrants.
B may also change phase and magnitude

winding on the output transformer which

is so phased that the voltages produced
in this winding oppose the grid to cathode signal voltages. This connection is
very effective in reducing distortion and
output impedance, but has the disadvan-

with frequency. If AB becomes 1 or
greater in magnitude and is a positive
real number the amplifier will be subject to oscillation.
This situation may be avoided by insuring that the phase shifts around the

tage that special output transformers
are required. It is generally used with
some type of over-all feedback system
because if over 6 to 10 db of feedback
is applied by this method the voltage
required from the driver stage becomes
difficult to furnish without encountering

entire feedback loop do not add up to
180 deg. until the quantity BA is less
than one.

The difficulty of achieving the above
requirement for stability will depend
upon the design of the amplifier. At
very low frequencies each RC coupling
circuit may be considered as one time
constant, and a resistor shunted by an
inductance may also be considered one
time constant. The output transformer.

appreciable distortion in the driver stage.

The screen grids of the output tubes
may be tapped up on the primary of the
output transformer in the Ultra -Linear
connection. This connection slightly reduces the output power available from
a given set of tubes for a specified voltage supply condition, but it also allows
the screen voltage to be increased so that

this loss in power output capabilities
may be recovered. This system is also
usually used with some over-all feedback

system since only 5 or 6 db of feedback
may be applied thereby, and because it
does not reduce distortion by the same
factor that it reduces gain. It is useful,
however, to reduce the output impedance

of the tubes at very high frequencies
when phase shifts in other parts of the
circuit reduce the effectiveness of the
over-all feedback loop for this purpose.
This connection also requires a special
transformer and such transformers are
now available at about the same price
as equivalent transformers without the
screen taps.
Over-all voltage feedback is custom-

arily obtained from the plates of the
output tubes or from the secondary of
the output transformer. Although some
commercial amplifiers have been produced which take the feedback voltages

from the plates of the output tubes,
such systems have very serious disadvan-

tages. First they do not remedy any defects in the output transformer response
or distortion characteristics. Second, they
place severe requirements upon the

power -supply filtering and the balance
between the halves of the primary of the

output transformer if they are not to
increase the hum in the output of the
amplifier. This situation results because

such a system acts to reduce, at the
plates of the output tubes, any signal
that is not present in the amplifier ahead

of where the feedback voltage is introduced. If there is any hum voltage present at the center tap of the output trans-

may be considered as one time constant

at low frequencies. At very high freFig. 3. Circle diagrams for circuits having

more than one time constant within the
feedback loop.

duce a voltage in the secondary of the
transformer unless the currents are
equal and the halves of the transformer
primary are exactly balanced.
A special case of feedback is the connection of a network from the plate to
the grid of a single stage. Such a system

shift which may reach a maximum of
90 deg. Figure 2 shows the circle diagram

representing the action of one time con-

does not reduce the gain of the stage

stant. When the phase shift is 90 deg.

around which it is connected but reduces
the gain of the previous stage by reduc-

loop containing two time constants is

the output voltage is zero so a feedback

ing the load resistance into which the
previous stage works. Because such a
system may offer an abnormally low

stable because the gain approaches zero

load to the previous stage it may produce

within the feedback loop. If we have
three equal time constants within the
loop the voltage gain around the loop
will be reduced by a factor of 8, or 18

more distortion in the driver stage than
it reduces in the output stage. In a high quality amplifier it should not be used
where the signal voltage exceeds a volt
or two.

Finally we may consider the system
where the feedback voltage is taken
from the secondary of the output transformer. This has the advantage that in
addition to reducing noise and distor-

tion in the remainder of the amplifier
it also reduces the distortion and the
variation of frequency response caused
by deficiencies of the output transformer.

when the total phase shift approaches
180 deg. Figure 3 shows the results of
having a larger number of time constants

db, when the phase shift is 180 deg. In
this case we could have about 12 db of
inverse feedback and a safety margin of
6 db to allow for changes of gain due

to aging of components and replacement of tubes. With four equal time con-

stants the loss in voltage gain at 180
deg. phase shift is 4, or 12 db. This
allows 6 db of feedback and 6 db for a

safety factor. Since we may have as

It has the disadvantage that the amount
of feedback which can be applied may
be more limited by the considerations

many as five time constants in an amplifier we must look for some solutions to

feedback voltage is taken from the primary of the output transformer.

mentioned earlier.

of stability than is the case when the

the phase shift -gain problem if we are
to apply the 20 db of feedback that we

Remedies

former, the feedback will act to reduce the
amount of hum at the plates of the tubes

Possibility of Oscillation

to less than the amount at the center.
Therefore, there will be hum currents
flowing in the halves of the output -

When we previously considered the
feedback gain equation we were think-

transformer primary. These currents are
out of phase but even so they will pro -

A is positive and B is negative thus
making - AB a positive number. At

20

quencies a resistor shunted by a capacitance is one time constant. At very high
frequencies the output transformer is a
much more complex device and if the
speaker -system impedance increases so
that the transformer may be considered
to be operating unloaded it may be considered to be roughly the equivalent of
two time constants.
Each time constant represents a phase

ing of the mid -frequency situation where

What remedies are available to reconcile the conflicting requirements of dis-

tortion reduction and of maintaining
stability? The first and easiest method
which we can adopt is to stagger the
values of the time constants of the vari-

ous stages. Thus in the case of a three time -constant circuit if we design so

that one of the time constants is ap-

proaching 90 deg. when the other two
are just past 45 deg., let us say one circuit at 80 deg. and two at 50 deg., we
will have system which will allow the
application of 20 db of feedback with
almost 10 db of safety margin.
Since the Williamson type amplifier
is a very popular type, let us study it
in detail. An analysis of the circuit in
Fig. 4 shows that it has three time constants at low frequencies-two RC coupling circuits and the output transformer; therefore we should be able to
maintain low frequency stability with

o
1

H

20 db of feedback.
Because it is much easier to obtain

AWk`

response at low frequencies by the use
of RC circuits than by means of transformers it is evident that we should have
the longer time constants in the RC coupled stages. We should try to approach
a 10 -to -1 ratio between the time constant
of at least one of the RC stages and the
transformer primary inductance -plate to
plate load combination. Such a long RC
constant is difficult to obtain in the out-

put stage of the Williamson since the
output tubes are operated at a high plate
dissipation which requires that the grid

leak resistors be kept low in value to
prevent the tubes from running away
from the effects of ion currents or grid
emission. The size of the coupling capacitors is similarly limited by the consider-

ations of leakage and physical size. The
time constant in the output grids is made
about 1/40 sec. and the constant of the

driver grid circuit is made about 1/8
sec. Exact calculations on the low -frequency characteristics of the amplifier
are complicated by the fact that the pri-

mary inductance of the output transformer may change appreciably with a

change of signal level; therefore, the
time constant of the transformer will
change with signal level.
At very high frequencies the problem
of insuring stability is much more complicated because we have five time con-

44.6A6/ -
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Fig. 4. Simplified schematic of a Williamson -type amplifier. Network shown dotted
in plate circuit of first tube will change amplitude and phase response.

necessary to design the other stages so
that the response of the whole circuit
is down considerably before the reso-

nant frequency of the transformer is
reached. It is for this reason that it is
necessary to have a transformer with

two of the RC time constants somewhat

longer than those of the transformer
and give special treatment to the other
one. A step circuit connected from the
plate of the input amplifier to ground,
shown dotted in Fig. 4, can be added.

a

feedback amplifier.

Such a network will cause the first
stage to have an amplitude and phase
response as shown in Fig. 5. This re-

Although feedback will compensate
for a great deal of loss within the band
pass of an amplifier, an examination of
the basic feedback gain equation will
show that such a loss comes off the top
of the amplification. That is, when the
"raw" gain of the amplifier is reduced

sponse coupled with the response of the
other two resistance -coupled stages can
give a system that is just barely stable.
A little margin of safety can be realized
by making B a complex quantity with
phase characteristics the opposite of
those of A. This may be done by shunt-

good high -frequency response in order

to obtain satisfactory operation in

the over-all gain remains almost constant

and the gain reduction due to feedback
and with it the distortion reduction are
diminished almost as much as the raw
gain. For this reason the benefits of the
feedback will be lost to about the same

extent that the raw gain is lost. With
such a limitation it is desirable to make

ing all or part of the feedback resistor
with a capacitor. In Fig. 4 all of the resistor is shown shunted.

Testing Procedures

Since very few individual experiment -

stants to deal with, two of which are
tied to the characteristics of the output
transformer. Even if it were easily possible there would be no advantage of
making all the other time constants
shorter than those of the transformer,
since it is possible that the transformer
alone could give 180 deg. phase shift
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be connected across the load and the
audio oscillator connected to the input
of the amplifier. The oscillator should

be adjusted to furnish a small signal

Fig. 6.

'Scope pattern showing ringing

on 10,000 -cps square wave.

ers or hobbyists who build audio amplifiers have phase meters or access to them
and very few have audio oscillators with
a range of 1 to 100,000 cps, the preceding information is of interest mainly for

background purposes. With the minimum equipment which one should have
available in order to adjust high-fidelity

and the oscilloscope should be set up so
that a trace of a convenient size is visible on the screen. Next the feedback network should be connected. If the amplitude of the trace on the 'scope screen is
reduced you have everything hooked up
correctly. If the amplifier goes into violent oscillation at some medium frequency it is necessary to reverse either

the primary or the secondary leads of Fig. 9. Capacitor across output emphathe output transformer. If instead of sizes overshoot of amplifier, even with
Fig. 4 network in place.
achieving a reduction of height of the
trace when the transformer connections
are correct you get very high frequency
oscillations you have an amplifier which of 4700 ohms and .001.14 is connected
is unstable with the amount of feedback from the plate of the first tube to ground
used and the amount of feedback should the waveform of Fig. 8 is produced.
be reduced until steps are taken to in- There is a slight overshoot on the leadcrease the stability of the amplifier.
ing edge of the wave. This overshoot is
It may also happen that the amplifier emphasized when a .05-tif capacitor is
is unstable at low frequencies which will
be evidenced by motorboating, whicti
may either be spontaneous or be dependent upon being initiated by some tran-

sient. In this case also the amount of
feedback should be decreased until the
amplifier is stable so that means of increasing the margin of stability can be
explored.

Taking the high -frequency troubles
first; after stability has been restored
by decreasing feedback a 10,000 -cps
square wave should be applied to the
input of the amplifier. The wave form
Fig.

7. When small capacitor is added

across output circuit, oscillation increases.

systems the practical aspects of the stability problem can be worked out. This
minimum of equipment consists of an
audio oscillator which produces sine and
square waves at frequencies up to 10,000
cps and an oscilloscope which will display these waveforms. Most oscilloscopes
have response up to 100,000 cps and are
thus adequate to reproduce a 10,000 cps
square wave. An oscilloscope with a slow
sweep speed of about two seconds is very
useful for the investigation of the low -

frequency response of the amplifier to
transients, but essentially the same information can be obtained by watching
a meter needle or a speaker cone when
transients are fed into the amplifier. If
only a sine wave oscillator is available
a simple clipper can be built to change
the sine waves to square waves.
Once an amplifier is finished it should
be turned on with a resistance load connected to the terminals and the feedback
loop disconnected. An oscilloscope should
22

shown on the oscilloscope will be likely
to have the appearance of Fig. 6 which Fig. 10. Adding small capacitor across
shows violent ringing on the top of the feedback resistor of amplifier changes
pattern of Fig. 9 to this.
10,000 -cps square waves. A .005 of capacitor connected across the load resistor
gives the waveform shown in Fig. 7. The
capacitor lowers the resonant frequency put across the load as shown in Fig. 9.
of the output and thereby reduces the A 150-twf capacitor across the feedback
stability of the amplifier. Figure 7 shows resistor removes the overshoot as shown
that the amplifier is almost in continu- in Fig. 10. Capacitors up to .05td make
ous oscillation. When the step circuit no appreciable difference when connected
across the load.
The component values listed above
may not be exactly correct in all cases,
but they give a starting point and with
most Williamson -type amplifiers with
quality transformers the correct values
will probably not be too much different
from the ones listed. If the steps listed
above do not cure your difficulties a 47 -

ohm resistor and 0.1-µf capacitor in
series should be connected across the
output terminals. This combination
serves to load the transformer secondary
Fig. 8. Addition of network of Fig. 4 re- at very high frequencies thus reducing
duces ringing appreciably.
the phase shift introduced by the trans -

former.

As the stability of the amplifier is increased the feedback may be increased
until

the

desired amount

has been

reached. The margin of safety remaining may be estimated by connecting ca-

pacitors in the order of .002 to .024
across the output terminals of the am-

able to prevent signals which will drive
the amplifier beyond its dynamic range
from reaching the amplifier input terminals. Despite much talk to the con-

trary there is little likelihood that the
program material played through a highfidelity system will include such signals

since the program material has already

plifier. If a capacitance of .005g or been limited in amplitude and frequency
greater across the terminals does not
cause the amplifier to go into oscillation

at some high frequency, the high -frequency stability is probably satisfactory.

It may be that, in the process of
achieving high -frequency stability and
increasing the feedback, low -frequency
instability has appeared. Because most
amplifiers have less potential phase shift
and also because inferior transformers,
actually decrease the problem of attaining and maintaining low -frequency stability the low -frequency problem is not
likely to be so acute. Generally the in-crease of coupling capacitors and grid
leaks to the maximum desirable values
will take care of the problems.
Figure 11 shows the effect of a transient upon an amplifier which is marginally stable. After more than a second
the oscillations started by the transient
have not nearly damped out. Figure 12
shows the improvement of low -frequency

stability which was accomplished by increasing the time constant of the driver

circuit grids and decreasing the time
constant of the input circuit which is
outside the feedback loop. Figures 13
and 14 show the improvement in overload recovery which were accomplished

by the same changes. Once a stage
within the feedback loop is driven beyond its dynamic range the feedback is
no longer effective because there is little
if any incremental amplification present.
That is to say that additional input
gives little or no additional output:

therefore, if there is no gain there can
be no gain reduction and consequently

range by the previous systems through
which it has been processed. Both disc
and tape recording systems have such
limitations and, although a frequency
modulation transmitter may have excellent transient and frequency response.
it

Fig.

13. Overload recovery of amplifier
in condition shown in Fig. 11.

is likely that most of the program

material will have been through some
line or program amplifiers which have
a response characteristic which is not
better than that of the home equipment.

As a final check of stability the ampli-

fier should be operated with each of
the output tubes removed alternately
to see if oscillation ensues. While one
of the tubes is removed the amplifier
should be driven to saturation at some

Speaker Distortion

It is possible that some of the program
material will be beyond the capabilities

of the speaker system to handle. It is
most desirable to eliminate these signals

before they reach the speaker since a
speaker driven beyond its linear limits
is a copious source of intermodulation.
The limitation of the low -frequency response of a system can best be accomplished by installing a high-pass filter
between the tone control amplifier and
the output amplifier. This filter should

cut off at a frequency no lower than
20 cps and preferably higher if the
speaker system does not have an exceptional low -frequency response. Such a
filter not only prevents program mate-

14. Overload recovery is improved
when changes are made as indicated in
Fig.

Fig. 12.

rial which the speaker cannot handle
from reaching the speaker, but it also
prevents transients which may result
from switching or from interference
from overloading the amplifier. It also

low frequency to see whether or not

increases

quency cycle. As an acid test on my own

low -frequency

stability

in

cases where the tone -control amplifier

gets its plate power from the output
amplifier.

no distortion reduction. It is most desir-

little bursts of high -frequency oscillation

occur at some time during the low fre-

amplifiers I repeat this test with the
load removed, however anyone who does

this should bear in mind that he is risking the output transformer should some
high -amplitude oscillation result.
Although there are simpler amplifiers
which will produce sufficient high-fidelity

audio power to fill a living room, the
Williamson amplifier or the circuits derived from it will give results which
cannot easily be excelled. If your Williamson sounds bad it might he a good

idea to check on its stability because
there must be a great many of them in
the condition of the amplifiers from
which I made the "before" oscillograms.

With just a little work they can he
Fig. 11. Effect of transient on an amplifier which is marginally stable.

Fig.
Fig.

12.
11

Improvement over pattern of
is caused by changing time con-

stant of driver grid circuit.

made as good as the amplifiers from
which the "after" oscillograms were
taken.
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High -Quality
Dual Channel Amplifier
Cdr. CHARLES W. HARRISON, Jr.
A qualitative description of a preamplifier, high impedance R -C dividing network,
and power amplifier that are intrinsically simple-yet capable of great performance.
"Local" feedback is effective in all stages
except the first; however, it is to be observed that the feedback loop never enAHIGH -QUALITY AMPLIFIER must be compasses more than two stages. Unconcapable of passing rigid laboratory ditional stability, low output impedance
measurements, meet all listening and the minimization of distortion is
requirements, and be simple and straight- thereby assured. The type 6J7 input tube
forward in design in the interest of mini- was selected because it is reliable and
mizing performance degradation and quiet in operation. It does not generate
eventual maintenance difficulties.
periodic "frying" noises and the hum
The circuits of the preamplifier, high - level output is acceptably low. In addiimpedance dividing network, and power tion the tube fits a standard octal socket
amplifier described in this paper are not having lugs of sufficient mechanical

fundamentally new; they represent a strength to support one end of a resistor
synthesis of well-known component circuits of recognized excellence.
In general, the playback system was
evolved a "block" at a time after extensive experimentation and listening tests.
Each unit had to "test" well, i.e., possess

or capacitor. The first stage serves exclusively as a voltage amplifier. No equalization is accomplished. It has been the

writer's experience that most preamplifiers featuring a frequency -selective feed-

back circuit for equalization which con-

appropriate frequency response, ade- nects to the cathode end of the bias
quate voltage or power output, low dis- resistor of the input tube generate an intortion and hum level, and then "sound" tolerable hum in any reproducing system

right when used as an integral part of capable of good bass response. This
the sound system. Any unit not meeting statement is sometimes true even when

these criteria was rejected.
complicated d.c. heater supplies are emThe preamplifier shown schematically ployed. It appears mandatory that one
in Fig. 1, consists of a type 6J7 input employ a large bypass capacitor across
tube, followed by two type 6SN7 tubes. the bias resistor. Preamplifiers utilizing

the method of "contact bias" are rejected
because of the excessive intermodulation
distortion developed in such circuits.

(This bias method permits the direct
grounding of the input tube cathode.)
The distortion in the 6J7 stage is low
even without feedback because the signal

voltages rarely exceed 100 my rms. If
desired, the low -distortion input amplifier stage described later may be used,
provided the entire bias resistor is heavily bypassed and the volume control is

replaced by a resistor matching the
pickup impedance.

Frequency correction of 6 db per octave below approximately 500 cps is accomplished by the passive R -C circuit
shown between the 6J7 and first triode of
the following 6SN7. The second triode
furnishes some amplification and permits

the application of negative feedback
around the two stages associated with

this tube. Following the volume control,
a 36 position R -C equalizer appears. The
maximum bass rise or cut is 12 to 15 db.
At high frequencies the available rise is
3 to 5 db, and the cut is approximately
12 db. No interaction exists between the
bass and treble sections of the equalizer.
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Fig. 1. Schematic of the preamplifier described by the author.
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not

resistor marked 50,000-100,000 built-in AES, NAB, RIAA (new orthoshould be selected on the basis of bass phonic) response characteristics. The
The

equalization required. Bass progressively
increases as its value is reduced. The
equalizer is followed by a two -stage am-

of precise preamplifier
equalization which fails to take into ac-

philosophy

count the frequency response of the

plifier, using a second 6SN7. Voltage - pickup, power amplifier, and speaker to
controlled feedback is applied around be employed is a mystery to the writer.
these two stages to minimize distortion System, rather than component engineerand yield low output impedance. A cath- ing is required. As a practical example,
ode bypass capacitor is used in the out- suppose that the AES playback characput stage to eliminate degeneration at teristic is specified for a given recording
this point which would tend to raise the and that this response curve is built into
output impedance. If desired a cathode - the preamplifier. Excellent results will
follower output stage may be added to undoubtedly be obtained provided the
this preamplifier provided the power am- pickup, power amplifier, and speaker
plifier to be used in not high gain; other- are fiat. Now let it be assumed that the
wise hum problems are sure to be en- speaker (high -frequency driver in a dual
countered. If feedback is not required loudspeaker) is down 12.5 db at 12,000

around the first half of the 6SN7, the
second half may be wired as a cathode
follower. With slight circuit redesign,
type 12AY7 low -noise dual triodes could

be used in lieu of the 6SN7 tubes. If an
FM tuner input is required, a two -position shorting -type switch should be installed adjacent to the volume control on
the left.
The hum level of this preamplifier is
extremely low. From experience the author can report that nothing is gained in
this respect by the employment of d.c.
on the tube heaters. It has been found
that less than one-third of the equalizer
positions available are needed in practice
to compensate for the various recording
characteristics in use.

This preamplifier does not feature

cps, which is not at all unusual. The

program material in this frequency region is now attenuated by some 12.5 db
more than required by the AES playback curve. Percussion instruments will
appear to be in the background, a condition not acceptable to a person who en-

joys "high -highs." To approximate the
AES play -back curve for a given sound
system may actually require a preamplifier having essentially fiat response above

500 cps; the high -frequency pre -emphasis used in recording being more or
less offset by the high -frequency rolloff

of the loudspeaker and pickup being
employed. In addition to the factors mentioned above affecting preamplifier

equalization, the influence of listening
room acoustics must be given due weight.

A dual -channel amplifier has several

advantages over a single amplifier for
driving a dual loudspeaker. The use of
a distortion -producing dividing network
at high signal levels is avoided, as is the
power -consuming attenuator normally
required :n the high -frequency channel

to obtain bass and treble balance. The
divided transmission system permits exact impedance matching between amplifiers and speakers and additionally per-

mits one to obtain optimum generator
impedance in driving the bass and treble

speakers. This is generally impossible
when a dividing network is interposed
between an amplifier and dual loudspeaker. This scheme is a good way of
achieving linear transmission of low frequencies (such as emanate from drums,
gun shots, explosions, and thunder)
together with linear transmission of high

frequencies (such as emanate from triangles, castanets, cymbals, and tambourines), without severe modulation of high
frequencies by the low frequencies.
The circuit diagram of an R -C dividing
network employing cathode follower input and output stages is shown in Fig 2.
Two type 12AY7 tubes are used; one in

each channel. The values of capacitors
and resistors shown result in an 800 -cps
crossover. If, for example, a crossover
frequency of 500 cps is desired, the
values of the filter capacitors should be
multiplied by the ratio 800/500. The resistors do not change value. Similarly,
multiplying the capacitor values by
800/1500 yields a crossover frequency
of 1500 cps. Each R -C section of both
filters should be adjusted to be down 1
db at 800 cps (for 800 -cps crossover) by

padding the appropriate capacitor and
resistor so that the total attenuation for
all three sections in cascade is 3 db. The
low -frequency filter provides an attenuation approaching 18 db per octave above
the crossover frequency, and the high frequency filter provides an attenuation
approaching 18 db per octave below the
crossover frequency. By actual measurement on the R -C dividing network constructed by the author, the low -frequency
filter is down 11 db at 1600 cps and the

treble filter is down 11 db at 400 cps.
Thus the attenuation afforded by the
three -section R -C filters is 11 db in the
first octave, the crossover frequency
being taken as reference. The input impedance of the dividing network is extremely high. The output impedance of
each channel is low, permitting the use

of rather long cables to the bass and
treble power amplifiers without deleterious effect on the high frequencies. Ten
volts rms will not over -drive the dividing

Fig. 2 Schematic of the high -impedance R -C dividing network between the amplifier
and the inputs to the two power amplifiers.

network. If the network is used in conjunction with power amplifiers like the
one to be described in the following section the operating level need not exceed
one-half volt. Thus essentially distortion less operation is assured.
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stable with feedback values up to at least

30 db. Many of the popular circuits of
today feature the application of large
values of feedback around "3.5" to 4
stages. This is an invitation to serious
trouble. Marginal stability obtains and
at some signal levels violent subsonic and
supersonic oscillations may be generated.

Even though these frequencies may not
be heard, i.e., they fall outside the audio
spectrum, the power delivering capability of the amplifier is largely consumed.
Thus little "clean" power is available in

the frequency range of interest. This
principle is too frequently overlooked
in practice. The power amplifier will de-

liver a clean signal over its entire frequency range even without feedback.
This is not true of one well known circuit
which utilizes 20 db of feedback. A sine
Fig. 3. Schematic of the power amplifier. Values of R and C in the feedback circuit
are discussed in the text.

A schematic of the basic or power amplifier is shown in Fig. 3. The tubes em-

ployed are 1-6J7, 1-6J5 and 2-5881.
Using tubes selected at random the amplifier is capable of delivering 10 watts
at under 1 per cent intermodulation distortion ; 12 watts at under 3 per cent. An
18 -watt power output is available over
the frequency range 20 cps to 140 kcs
(by appropriate adjustment of the input
voltage) without visible wave form dis-

ments" in that 1.8 amperes at 6.3 volts
is required for cathode heating.
Feedback is applied around the "2.5"
stages; the required voltage being taken
from the secondary winding of the output transformer. The values of B and C
in the feedback circuit must be selected

full power output. It will deliver 12
watts for 0.38 volts rms drive. These performance data are based on the use of 10
db feedback.

The component values, i.e., resistors
and capacitors associated with the 6J7
voltage amplifier, were selected to minimize intermodulation distortion. It was
found desirable to use a voltage divider
to obtain screen voltage and to bypass
the screen to the cathode of the tube. The
bias resistor is almost entirely bypassed;

only a small portion of the total resistance being left unbypassed for the application of negative feedback.
The phase splitter, employing a 6J5, is
an excellent method of coupling a single -

ended plate circuit to a push-pull grid
circuit. (A phase splitter, as well as a
cathode follower, is defined for later
usage as "one-half" stage.) This circuit is
self -balancing, and distortion is low. Any
unbalance effects at high frequencies are
generally negligible.
The output stage features the use of a

Peerless type 256Q 20-20 plus transformer. Note that the bias resistor for
the push-pull type 5881 tubes has a value
of 125 ohms. The 5881 tube is similar to

Western Electric type 350B and are interchangeable. Both have "power fila26

angles!

The writer is of the opinion that an

amount of feedback (usually expressed

otherwise essentially distortionless amplifier does not require the application
of large values of feedback. The use of
20, 40 or 90 db feedback is nonsense.
Values of 10 to 15 db voltage -control
feedback are adequate for two important
reasons:

in db), and C controls the high -frequency ringing, i.e., for the purpose

(a) Instability tendencies are reduced.
(b) The experimentally observed bass

by test. The value of R controls the

tortion (estimated at under 3 per cent of damping out any small oscillations
harmonic distortion). The amplifier is that may appear on the leading edge of
absolutely flat at 12 watts output from a square wave. The equipment needed to
below 20 cps to 55 kcs for constant -volt- determine the proper value of R and
age input, dropping to -2 db at 125 kes;
-5 db at 175 kcs and - 6.5 db at 200 keg.
One half volt rms will drive the unit to

wave input at 60 kc is likely to appear
at the load terminals as a series of tri-

optimum value of C is : a vacuum tube
voltmeter and a sine and square wave
generator. It is customary to load the amplifier by a resistor equal to the nominal
load impedance of the amplifier when
choosing the correct values of R and C,
rather than use the loudspeaker as load.
Optimum generator impedance can be
obtained by varying the value of B in the
feedback path and conducting simultaneous listening tests. As B is increased the
value of feedback is decreased.
This power amplifier is basically
simple and utilizes the minimum number

of stages required to do the job effectively. Although feedback is applied
around "2.5" stages the amplifier is

2A

-"A-

Fig. 4. Power sup-

DPST

ply schematic.

SWITCH

de-

It is interesting to note that the designers of theater sound equipment restrict the use of feedback to the 10 or 15
db level.

There may be protests to the effect
that the equipment described in this arti-

cle is not an "all triode" playback system. It would seem meaningless to insist
on the exclusive use of triodes in amplifiers until records are available bearing

the label "We guarantee all electronic
equipments used in making this recording were fitted throughout with triode

vacuum tubes." Note also that AM,
FM, and TV stations will never measure

up to the standards of the perfectionist
who insists on the utilization of triode
vacuum tubes in every tube application.

TRANSFORMER

117, A.C.

Note that it is of

speaker resonance is minimized.

PEERLESS R -560A

FUSE

conventional
sign.

loss in the frequency region of

SUIG

PEERLAS C -455A
CHOKE

The power supply illustrated schemasically in Fig. 4 is entirely conventional.
It delivers 290 volts d.c. at 200 ma and
6.3 volts a.c. at 6 a. To minimize hum in
the playback system, the heater winding

is operated at a positive potential of
about 29 volts, the center tap of the
winding

being

heavily

bypassed

to

ground. Although often omitted from
commercial equipment, the bypass capacitor is a circuit element vital to the

11111111MININ

Fig. 5. Above, the preamplifier; below,
the power amplifier. "Building block"
construction makes for flexibility.

Fig.

6. Above, the power supply is a

simple and neat construction; below, the
dividing network chassis.

Fig. 7. Above, left, bottom view of the preamplifier with the base plate removed to
show layout of parts and wiring. Fig. 8. Above, right, bottom view of power amplifier with base plate removed.

Fig. 9. Underside

of

dividing

net-

work chassis.

successful operation of this hum reduction scheme. Because of the relatively
low d.c. voltages required for operation
of the preamplifier, R -C dividing network and power amplifier, one may expect that 450 -volt electrolytic filter capacitors, if used throughout the equipment, will have exceptionally long life.
The writer believes in building equipment with the best parts available. All
coupling capacitors should be rated at
600 volts, and if 0.1 pl and less in ca pacitance should have a leakage resist ante of at least 1500 megohms. The bass

and treble controls in the preamplifier
should be of the shorting type and feature silver contacts and steatite insulation. Capacitors used in the equalization
circuits should be 5 -per cent tolerance
silver micas (except possibly in the largest sizes). Resistors in these circuits
should be within 5 per cent of specified
values, or better. Very precise values of
resistance and capacitance are required
in the filters of the dividing network. In
the push-pull portion of the power amplifier the capacitors and resistors used
should be selected for balance. The most
reliable volume controls that can be obtained should be used, in log -taper form.
In general, resistors rated at 1 watt dissipation are adequate, except in the following instances : The 33,000 -ohm resistors in the dividing network are 2 watt
types as is the 2400 -ohm resistor in the
power amplifier, and the 125 -ohm bias
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resistor in the power amplifier is a 10 inches. The arangement of parts may be and R and C selected for 10 db feedback
watt type. It is a good idea to use wire - seen in Fig. 7. If Vector socket -turrets and minimization of ringing, respecwound plate -load resistors in the low - are used the circuit can be built in a tively. The value required for R is 330
signal -level stages. Although a Peerless
transformer and choke are not essential
circuit elements in the power supply, the
writer built and tested the amplifier with
a Peerless 256Q output transformer, and
has no data on how another transformer
type may operate in this circuit! Small
broadcast -type connectors may be used
conveniently for inter -chassis connections where audio voltages are involved.
Four -conductor cables terminating in

male plugs are useful for power connec-

tions and the chassis connectors being
standard four -hole sockets.
The writer's present dual -channel play-

back system consists of a turntable,
pickup and arm, a preamplifier (Fig.1),
an R -C dividing network (Fig. 2), two
identical power amplifiers (Fig. 3), two
power supplies (Fig. 4), and the dual

5 x 10 x 3 inch base. The employment of

ohms, and for C. 0.005 µf. The high -frequency driver in use is a Western Elecpermits one to make the numerous low - tric type 594A having an impedance of
resistance ground connections required 24 ohms. A resistor of 48 ohms is conby the circuit configuration. It is very nected across the voice coil so that the
important to keep ground leads short in impedance of the parallel combination
high gain circuits. The dividing network is 16 ohms. The output transformer of
and power supply fit nicely on a chassis the treble power amplifier is connected
measuring 53/2 x 91/2 x 11/2 inches. The for this load. In this case R is 1500 ohms
orientation of parts in the dividing net- for 10 db feedback, and the optimum
work is shown in Fig. 8. The power am- value of C =1360 µf2.
plifier can be built on a 7 x 12 x 3 inch
A schematic for the 24 volt d.c. field
black -crackle finish steel chassis with
room to spare. A bottom view of this supply required for the operation of the
unit appears in Fig. 9. Since high signal WE 594A driver is not included in this
levels obtain in this circuit a ground bus article because this driver is not genmay be used (grounded to the chassis at erally available. Several other makes of
each end) without development of hum high -frequency reproducers are available
difficulties. The writer finds the use of with permanent magnet fields, however.
a ground bus a constructional advantage.

aluminum material that is not painted

At present four parallel -connected
loudspeaker described in an earlier
paper.1 The equipment corresponding to bass drivers are in use in the bass section
each schematic presented here was con- of the speaker described in reference 1.
structed on separate chassis as shown The driving -point impedance of the arphotographically in Fig. 5 and 6. This ray is 2 ohms. Accordingly, the secondbuilding-block technique was employed ary of the output transformer in the
so that new innovations may be checked bass amplifier is connected for this load,
with minimum constructional labor. The
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control, and to re-route the wire which

variation with the volume control set-

carries the output of the cathode -follower ting, and a point which has not been

BUILDING SIMPLICITY
( Continued fronz page 18)

directly to the "output to tape recorder" subjected to tone control. Usually, this
jack. One of the "AUX" input jacks point occurs immediately after the selecmay have its wire disconnected from the tor switch. If a cathode -follower happens
selector switch, and connected directly to be in the circuit immediately followto the "loudness" control. New labels ing the selector switch, so much the
should be made, showing this last jack better-the output to the tape recorder
as the "totte control input" or such other may then satisfactorily be connected
language as suits the user. With these here, rather than directly to the selector
wiring changes, the cathode -follower out- switch, provided the volume control was
put of the selector switch is connected not placed earlier in the circuit than the
directly to the input of the tape re- point selected for the output to the tape
corder, whose output is then connected recorder. Usually, this configuration will
directly to the volume control, tone con- result in a system which can "howl" if
trols, power amplifier, and loudspeaker. the monitor selector on the tape recorder
The recorder may then be turned on is set at "input" when the control box
whenever the system is in use, so as to selector is set for "tape," but the system
feed all signals through to the amplifier will be capable of making high -quality
and loudspeaker, or it may be equipped tapes, with adequate level, and with flat
with a switch which connects its input frequency response. "Howl" can be posito its own output whenever the recorder tively eliminated only by adopting the
is turned off, so as to be effectively out "series" type of connection for the tape
of the circuit except when in use.
recorder.

A careful examination of the sche-

matic diagram of any equipment to which

a tape recorder is to be connected will

usually reveal a point in the circuit
where level is high, and not subject to
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Stereo Monaural Companion
Amplifier for the "Preamp
with Presence"
LOUIS BOURGET

Built around a new phase-splitter circuit, this stereo amplifier will provide adequate
power for the average installation with better than average performance throughout the entire audio spectrum. The phase splitter itself is worthy of notice, also.
Mon of us have heard the imprest.
sive stereo tape demonstrations
given at virtually every audio exhibit held within the last two years.
Those of us who have long dreamed of
owning a really complete music system
may now take heart. The cost is relatively modest for the features provided
and the entire system may be assembled
progressively so that you may start with
any existing source-say a phonograph

player or AM/FM tuner-and eventually have a complete high fidelity system
accommodating the following input
sources:

1. Phonograph

2. AM/FM tuner
3. Monaural tape
4. Stereo tape

5. AM tuner-for stereo AM/FM
broadcasts in metropolitan areas.

The stereo amplifier with dual speakers or speaker systems is also very effective when used in parallel from a single

preamp for "spreading out" the sound
source. The music appears to emanate
from an area centered between the two
speakers when they are in phase and
operated at the same intensity level.
The bass range is considerably improved

-from better speaker coupling to the
room air and an apparent filling in of

Fig. 1. The complete amplifier system, consisting of the stereo dual -channel power

amplifier, two Miniaturized Preamps with Presence, and the power supply.

only in laboratory type equipment:
1. The output tubes are balanced for
both dynamic and static conditions,
sustaining full power delivery at low

room nodes.

Once you become accustomed to the
versatility and superior sound distribution of a twin -channel system it is unlikely that you will settle for less.
The dual amplifier, shown in Fig. 1
with its power supply and the preamps,
was designed to operate from two Mc Proud preamplifiers ("Miniaturized
Preamp with Presence")1 which have
been modified for playback of commercially recorded tapes. The amplifier incorporates some features usually found

AUDIO, May, 1955.

frequencies.

The amplifier power output (per
channel) is based on the power requirements of the majority of existing speak-

ers (or speaker systems) used in the

2. The phase splitter is balanced for

home, to the extent that the speaker

balance is made at any audio frequency it will be correct for a frequency range wider than the audio
spectrum.

ahead of the amplifier. Power beyond
this requirement could well be a waste
of money. To determine this power in
watts for each half of the double ampli-

3. Hum is of such low order that it

fier led us to test a quantity of loud-

becomes difficult to measure with ac-

speakers.

both dynamic and static conditions.
It is not frequency conscious. When

curacy.
4.

Thermal hiss is low enough to permit

the source material and preamp to
act as the dominant influence without later stages causing masking of

subtle high frequency detail.
5. The tube types used are moderate in
cost and are operated under conditions which should give reasonably
long life expectancy.

will

reach excessive distortion

limits

This study was made over a period of
months and included everything
from eight -inch speakers to large threeway systems using fifteen -inch speakers
for the woofer section. All of the speakers tested could be driven to excessive
distortion levels before the amplifier
capability was exceeded. It is interest six
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Fig. 2. Over-all schematic of one of the dual -channel amplifiers. Both sections are identical, and are built on a single chassis.

ing to note that ten clean watts when
available down to 30 cps proved entirely

adequate to reach one or more of the
following conditions:

1. Limiting distortion of the speaker
suspension system at low frequencies.

2. Excessive distortion with spurious
frequency generation at the middle
and high frequencies.
3. Loudness levels judged intolerable
for home use.
The maximum power rating given by
most speaker manufacturers is not intended as their recommended operating
condition, but may preferably be interpreted in most cases as the danger level
for the speaker mechanism. Fortunately
the human hearing tolerance level is
usually exceeded first except

at ex-

tremely low frequencies and we are not
often tempted to damage expensive reproducers.
To determine the power level at which

suspension limiting takes place is fairly
simple and makes use of a device frequently employed in the test laboratory.

It consists of a dummy resistive load
(of adequate power rating) mounted in
a box with a quick changeover switch
from voice coil to dummy load. Jacks
are also provided for a calibrated oscilloscope and an a.c.-VTVM for rms val30

nes. These are connected iu parallel so

that they remain across the amplifier

Voltage Amplifier and Phase Splitter

The voltage amplifier and three -tube
splitter employ the newer

output on either resistive -load or voice coil position. Comparison of the levels
at which peak limiting occurs provides
the answer at low frequencies. At middle
and high frequencies a simple technique
is used. The ear is remarkably sensitive

proved for TV and governmental equipment. The circuit is shown in schematic
form in Fig. 2.
The first stage is conventional except

to the apparent change in pitch due to
frequency doubling or halving when
overload point is reached for the loud-

for the 0.1-meg. input potentiometers
which are deliberately made less than
the 0.5-meg. input commonly used in

speaker from a sine -wave input source.
Protective ear plugs are desirable here,

many amplifiers. This prevents the con -

ai

you

may

otherwise

exceed

phase

6SN7GTB which has been much im-

the

"threshold of pain" and this is as unwise as welding without goggles. The
human hearing apparatus is also operating in a more discriminating manner
when subjected to sound intensities well
below the maximum tolerance level by
the use of ear protective plugs.
All of this may seem a little beside
the point in leading up to a description
of the dual amplifier but if it were
omitted

many people might wonder

about our manner of drawing such conclusions.

In this dual amplifier either side will
deliver 20 watts before clipping. The
extra power above 10 watts per side
allows for tube aging and is considered
an economy in terms of useN1 tube life
at normal listening levels.

Fig. 3. Simplified schematic of the phase

inverter circuit, which is capable of ex-

cellent balance throughout the
audio spectrum.

entire

trol from becoming a differentiating cir-

cuit at middle and lower settings due
to the RC network, formed by stray
capacitance from wiring and terminals,
which normally cause spiking of square
waves on many amplifiers. The "Preamp
with Presence" (like all modern pre amps) has low output impedance and no
difficulties are posed.

The phase splitter is an improved
variation of circuitry used by the writer
since the late 1940's.2 A cathode follower
provides simultaneous audio signal volt-

age to the cathode of one driver and the
grid of the opposing driver, as shown in
the simplified schematic, Fig. 3. Note
the use of a plate -voltage dropping re-

sistor-well bypassed-in the cathode follower plate circuit. This is important

to establish operation of the follower
on the same part of the dynamic char
acteristie as the phase opposed drivers.
Also observe that the energized -gridand cathode -circuit capacitances of the
drivers (including strays) are effectively
in parallel across the low input impedance of the cathode follower. This means

that the shunt RC product is held to
a small value and is virtually identical
for the two drivers-a condition which
makes it possible to obtain perfectly
balanced driving voltages across more
than the complete audio spectrum. The
phase-splitter balance control is a 10,000 -ohm wire wound potentiometer in
the cathode -to -ground circuit of the
follower. Balance will be obtained with
the arm set about 1000 ohms up from

ground.

Fig. 4. Top view of the amplifier chassis. The jacks at the rear are for the outputs,
while power is fed to preamps from octal sockets toward the front.

high class equipment should be tested
periodically and replaced when neces-

sary. In this amplifier the use of the

improved 6SN7GTB tubes at plate cur-

rents of only 1.3 ma in each triode section serves to insure long trouble -free
performance from a circuit which may
he set precisely for balanced operation.

Balancing the Phase Splitter

If you have no test equipment available, the phase splitter may be balanced

as follows: connect a temporary short
lead from grid to grid of the 6Y6 final

-pull out one of the 6Y6 tubes and

balance for null on low level music. Remove the short and plug the 6Y6 back
in its socket.

While much has been written about
two -tube "self -balancing" phase splitters, some rather important defects are
generally ignored or glossed over. The
phase -inverted side causes the signal

to go through one more tube than the

"direct side." This usually lends to
higher distortion and unequal phase
rotation with attendant balance difficulties at frequency extremes. No one would
be so optimistic as to expect high -quality performance from a final stage with
one flat tube. Obviously the same thing

applies to the drivers. When one tube
is badly off in a pair of phase -opposed
drivers, a self -balancing circuit only
insures that the flat tube will be driven
harder, with inevitable increase of distortion. The answer is simple. Tubes in
Patent 2,618,711 issued November 18,

1952.

Fig. 5. Bottom view of amalifier chassis. Input controls are on front

apron, with

balance controls accessible from top of chassis just below them. Hum balance contrcl
is at center, individual bias controls are just above termincl strips. Filament err.ission
balancing controls, plate cur-ent jacks, and toggle switcn are on right and left aprons.
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RADIO AUX
J3

J6

ages. A cathode current jack and switch
permits comparing the cathode currents.
The common bias control is adjusted to

TAPE AMP
IN

RCDR

4

FROM CATHODE VS
5

-I 1--0-AMAN4-0
FROM C13

.-73
V2

produce 38 ma of cathode current for
the lowest tube's plate current with the
filament control P4 set for zero resistance. If the "high" tube is in the socket
which has the filament control, it is only
necessary to reduce the filament voltage

P1

JI

LOUDNESS

PHONO
V4
GI

Ply VOLUME
200 HI,

J2

UP = NORMAL WITH TONE CONTROLS.
DOWN = SKIPS V2, V3, LOUDNESS AND TONE

slowly until 38 ma plate current is obtained. If the high tube is in the wrong
socket, merely interchange the output

tubes and proceed as described. Obviously we are balancing by means of
reducing the emission of the "hotter"
tube. Extensive testing has verified that
this method results in improved dynamic
balance and sustains the delivery of full
power at low frequencies.
Much credit for the high performance -

Fig. 6. Schematic of modifications to one of the preamps to permit direct connection
from tape head as well as to eliminate tone and loudness controls from the circuit
for recording.

vs. -cost ratio of the amplifier must go
to Triad's Model S -35A output transformer. In this circuit the transformer
holds up remarkably well, down to 20
cps and costs about half of what you
might normally expect to pay for these
results. Figure 4 shows the chassis lay-

The Output Stage

out and Fig. 5 shows the underside

CONTROLS FOR TAPE RECORDING.

TAPE PLAYER
HEAD

The choice of 6Y6 output tubes was
made after testing many different beam
tubes in both triode and pentode connection. These tubes have the advantage
of high power output at moderate plate

supply voltages. In addition, the optimum plate to plate load impedance is
lower than for most beam tubes and
permits better low -frequency performance from a given amount of iron and
copper in the output transformer.
The 6Y6 output tubes are operated at
300 to 325 plate volts and an OD3/-

about 12 ma of gas -tube current flowing
and stabilizes operation.
Improved low -frequency performance

wiring.
Equalization

is assured by both dynamic and static
The 9000 -ohm wire wound resistor
balancing of the output stage. Most and .001-tlf capacitor from plate to
amplifiers-where balance adjustments plate of each output stage, serves to
are provided at all-permit balancing of neutralize any ringing tendency with
only static cathode current values. This the value of negative feedback employed.
is usually arranged as either a variable Feedback is taken from a voltage dicathode bias or grid bias circuit which vider across the voice -coil winding of
permits reducing the plate current of the output transformer and is otherwise
the "high" tube to match the lower tube.

conventional.

Unfortunately this type of balancing
generally leads to even poorer condi-

VR150 gas tube is used as a series dropping device to maintain the screen voltages precisely 150 volts lower than the

tions of dynamic balance at medium and
high level plate current excursions.
In the stereo/monaural amplifier,

The amount of inverse feedback used
is deliberately held to about 10 db. The
amplifier is easily driven to full output
from less than one volt of input signal
so the two volume controls serve mainly

plate supply. The 15,000 -ohm resistor
from screen circuits to ground keeps

pair have identical, fixed bias grid volt -

as "level -setting" devices. These are
linear 0.1-meg. controls and are set

both output tubes in either push-pull

about one quarter of full rotation when
used with the Miniaturized Preamp
with Presence.
Preamp Modifications

While the Preamp with Presence kit
no longer available as a commercial
unit, it is still possible to employ conventional construction

practices and

build the unit without the prefabricated
etched wiring panel and the sheet -metal
chassis parts, although there is more

work involved. However, with a few
modifications to the preamp circuit it
may be made to operate directly from
tape heads, and it is likely that other
types of circuits could be modified simi-

larly to obtain the same results. Figure
6 indicates the changes in the miniaturized preamp. The TAPE position replaces
the FOR (foreign) phono position of the
Fig.
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7. View of two preamps showing modifications, including addition of
switch to the one at the right.

original circuit, and slight changes in the
wiring of section C of Sw, permits connecting both phono and tape head to in -

put jacks permanently with the switching selecting the input as well as changing equalization. Note that another phono
jack has bt en added (J) and that the feed

to the tape recorder has been changed
to operate from the output of the entire

unit-in parallel with the input to the
power amplifier. A pair of resistors has
been added to the radio input to reduce
the signal level fed to the selector switch.

and a DPDT toggle switch has been
added to eliminate the tone and loud-

AMPLIFIER PARTS LIST

(Each amplifier section requires the follow

Fig.

9.

neS s controls when it is desired to record

Underside of
chassis.

power

supply

radio programs or dub from phono-

ing parts; hence two complete sets are re
quire', except for the chassis.)
C,, C,, C,
C C,
0.25 µf, 400 v. paper
10-10-10-50/450-450-450-23.

C,

electrolytic; Sprague

graph records. This change is incorfiers through

C,

rate filter capacitors were employed to
minimize common coupling in the filter

P,

system.

Most TV transformers have

more than one 6.3 -volt filament winding.
In our ease, the two windings were care-

5000 -ohm potentiometer,
wound; IRC NV -2
100 -ohm potentiometer,

turned on and there is no
danger of the tubes heating up ahead
switch is

of the bias supply. Figures 8 and 9

show top and bottom views of the power
supply, and Fig. 10 is the schematic.

While every audiofan or engineer is
entitled to his prejudices, we feel that
the versatility and performance of this
amplifier makes it worthy of considera-

tion for those who plan on having a
complete music system.

R,

R,, R,, R,, R,,
R,
R,

The power supply is designed around

R,

R
Rfl

wound

1000 ohms, 1 watt

RI.
RI7
RIA

R19f B !OP LI

Sw,
T,

Chassis

power

wire wound; IRC W-100
220 ohms, % watt
100 K ohms, 2 watts, 5%
470 K ohms, watt
1500 ohms, 1/2 watt
1.0 megohm, 1,4 watt
3900 ohms, 1 watt, 5%
100 K ohms, 1 watt, 5%
15,000 ohms, 2 watts
9000 ohms, 10 watts, wire
1

R,, R,

V V,
V V,

Power Supply
television

audio taper, IRC Q13-116

P,

P,

almost instant bias as soon as the power

300 -volt, 300 -ma

10,000 -ohm potentiometer,

parallel. The bias supply uses a small

and RC filter network. This provides

a

P,

linear; IRC Q11-114
2 -ohm potentiometer, wire

furnish 120 volts to a selenium rectifier

stereo in addition to playing back stereo
tapes. Figure 7 shows the two preamplifiers together, the one on the right having been modified with the toggle switch.

Sprague 10TM-D1
Closed circuit phone jacks
0.1-meg potentiometer,
linear; IRC Q11-128

J .7,

P,

filament transformer "backwards" to

pointed in only one of the preamps
unless the user plans on recording

.001 µf, 1000 v, paper;

with a pilot lamp and then wired in

fully checked for correct phasing null

Fig. 8. Top view of power supply chassis.

TVL-4723

parallel filter systems.
Separate low -resistance chokes and sepa-

4700 ohms, 1 watt
47,000 ohms, 1 watt
5000 ohms, 5 watts
10,000 ohms, 1 watt
DPDT toggle switch
Output transformer, Triad
S -35A

6SN7GTB
6Y6
OD3/VR-150

10 x 12 x 3 in.

Sockets for 6SN7 's are Vector 10MB12T
(4 required)

transformer which powers both ampli-

POWER SUPPLY PARTS LIST

C C,
C,
TRIAD

/1

C -I3 X

SU4GB

B.

C C,

L L,

F USE

AC
115 VOLTS

ohms; Triad C13 -X
100 K chms, 2 watts

T,

a; 5 volts at 3 a.
Filament transformer, 6.3
v at 1 a.

V,
R3 47

SEL c

Rect.

R4 2400

Sprague TVL 2422 (insulated from chassis)
.01 µf, 400 v. paper
Choke, 3 Hy, 160 ma, 75

R R,
R,
R,
Sw,
T,

6.3 volts o.c.

80-40/475, electrolytic;
Sprague TVL-2850
30-30/150 electrolytic;

47 ohms, 2 watts
2400 ohms. 2 watts
DPST toggle switch
TV power transformer for
300/325 volts d.c. output
at 300 ma ; 6.3 volts at 12
5174GB
50 -ma, 130 -volts selenium

rectifier

Chassis

,y 11 y3 in.

CAN INSULATED
FROM GROUND
SW I

C

MASTER SWITCH

6.3, 1 AMP. ILAMENT TRANSFORMER
'CONNECTED BACKWARDS"

Fig. 10. Schematic of power supply.
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Stereosonic Magnetic Recording
Amplifier
ARTHUR W. WAYNE
Describing a specific amplifier designed for a Ferrograph Tape Deck, but
one which could be adapted fairly easily to accommodate any other type
of stereo deck with heads of similar impedances and drive requirements.
tell the whole story. Even here we don't
play fair, for we talk glibly about

square waves and sine waves, and all
the other sorts of waves, without exnetic recording system are few and plaining that these are functions, part
of a general system of analysis of which
simple. They are:
our familiar audio problems are a very
(1) A tape transport deck

THE BASIC REQUIREMENTS of any mag-

(2)

(a) A loudspeaker and (b)

a

box or baffle for it.
(3) An amplifier
(4) A reasonable amount of intelligence in the use of (1) (2) and
(3).
Requirement (4) is easily disposed
of, as it is obvious that every reader of
AUDIO will more than satisfy it; and of
the remaining three items, the only ones
in reach of the ordinary amateur con-

structor are (2) (b) and (3). So far as
(2) (b) is concerned, suggestions will
be made in Appendix 2 for the construction of a resonant enclosure suitable

for use with one particular make of
speaker only: and, as there are few
amateurs with the necessary facilities

small part indeed. (Even the concept of
a square-cubic t-wave in three dimensions seems a little difficult, and we do
hear in three.)
The FS103 is designed to work with

the "Ferrograph" type C88 stacked head deck, now becoming available in
the U.S.A.; and it has been demonstrated in conjunction with this deck at
various Audio Shows in New York and
elsewhere, where it appeared to arouse
interest. For the amateur who wishes to
experiment, Appendix 1 gives details of
some possible modifications, one or two
of which are in use on versions of the
amplifier manufactured for specialized
purposes. It is not proposed to discuss

the theory of magnetic recording, as

for acoustic determinations, where other this has been fully covered in this jourloudspeakers are preferred, the maker's nal and elsewhere.
recommendations should be sought.
This leaves us with (3) ; and a strictly Over-all Circuitry

practical description of a commercial
amplifier, intended for stereosonic or

single -channel use at will, and eminently
suited for amateur construction, follows.

In the over-all schematic Fig. 2, the
figures and letters in the circles refer to
the tag strips on the underside of the
C88 deck. All function switching on
Ferrograph equipment is provided on
the decks themselves, which makes the

With a genuine high-fidelity output
of 15 watts per channel, rising to 25
watts peak, and a comprehensive tone control system, it provides a quite use- task of the constructor considerably
ful amount of noise for the smaller P.A. simpler than it would be if the switch
operator as well as for the home.
units were incorporated in the amplifier.
The basic amplifier, the Shirley Labo-

At the same time, it renders possible the

was deliberately developed with "listen -

reliable switch banks, those on the C88

ratories Ltd. FS101, shown in Fig. 1 provision of heavier and hence more
ability" in mind, a subtle facet of hi-fi,
not always completely covered by contemporary design. Most modern amplifiers have approximately equal characteristics, but there is no doubt that, to
paraphrase "Animal Farm," some am-

being very substantial. The terminal
strip locations are shown in Fig. 3, and
the spare positions on the switches may

be used for a variety of functions, as
dictated by the will of the constructor.
Where a letter and a digit appear in a
circle, e.g. 3L, OU, this is to be taken
that the letter indicates "L" for the left -

strip and "U" for the upper strip, the
digit referring, of course, to the number
opposite the tag. The circuit description

of the amplifier proper will be of one
channel only, the left one in the diagram,
the second channel being a mirror image
of the first. The transpositions are
obvious.

On replay, the input from the head is
taken, through a standard co -ax socket,
to T the head -lift transformer, and via

J, to the grid of voltage amplifier V a
low -noise pentode. The output from the

anode of this valve is by the way of
C,6, C, R,,, and .1, to the top of P,,
the gain control. C and R,8 supply a
small amount of treble lift, the significance of which will be considered later,
and R and C8 are an RC bass lift network, providing most of the necessary
compensation for the tape losses. Further amplification is by V4, another low -

noise pentode, the output from which is

through C and the tone -control network PrP,-R,,-R,4-R,44-C,,-C,4-C,,-C,-

C. When the controls are at their mid
positions, there is a boost of approximately 2.5 db at 50 cps. In theory, such
a network should be fed from a low impedance source to avoid high frequency
losses, but in fact, the difficulty does not
occur, capacitor C compensating up to
about 45 keps. However, it is very easy
to reduce the source impedance by the
CUJINIILI

MOM

plifiers are more equal than others. Now,

we engineers are a parochial lot, much
given to blinding ourselves by science,

and with a touching faith in figures:
moreover, we labour under the extraordinary delusion, perhaps in company
with the biologists, that these figures
34

Fig.

1. Front panel arrangement of the completed stereo recording and playback
amplifier.
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simple expedient of connecting a 10megohm resistor between the grid of V4

and the junction of C and C. A 47,000 -ohm resistor from the grid of V, to

the arm of P, will tend to prevent any
interaction with Vs. The maximum bass

lifts and cuts are 18 db at 20 cps relative to 800 cps, the treble lift and cut
at 20,000 cps being 14 db and 18 db
respectively.

to -anode load must be altered to 11,000

using existing stocks of different values

ohms, Rs dropped to 75 ohms, and C,
omitted, when the valves will become
self -balancing under most conditions,
owing to feedback in Rs. R, and R, are

off the shelf. The reservoir capacitor,

screen -grid stoppers, to remove a possi-

ble source of unwanted r.f. oscillation
on full drive, the stoppers being considerably more effective in this position
than in the anode leads. Feedback to

Vs4 is another voltage amplifier, with

ensure valve balance may be attained by
the inclusion of an undecoupled resistor

the cathode circuit, phase correction be-

of 150 ohnis in the common H.T. feed
between the junction of R and R and
R, and R,; but it is, however, unnecessary, unless the emissions of V, and V,
are markedly different, in which case
the valves should be changed, anyway.

feedback via potentiometer R, R9 in

ing provided by C. Actually, C is
more in the nature of an insurance
against r.f. when the output tubes are
viciously overdriven, it being quite superfluous under normal conditions. Additional feedback is obtained by the

omission of a bypass capacitor for R.

It is difficult to apply feedback over the

whole of the amplifier because of (a)
the provision of the two inputs at different levels and (b) the equalizing and
tone -control networks; but the circuits
of V4 and Vs are so calculated as to
introduce negligible distortion in these
stages. V34 is d.c.-coupled to V,B, the
phase splitter, which operates with equal

loads, R, and R in the anode and

T the output transformer, must be
chosen with care, as it is a very critical
component, and only the best will do
here. It should not be overlooked that it

has to deliver up to 15 watts on continuous sine -wave drive, rising to 25
watts on peaks, and yet not lose its
inductance under low -signal conditions;
its coupling must be tight, its self capacitance low, and its resonance

points right outside both the audio and
low r.f. ranges, this latter because of the

inevitable stray bias appearing at the
of -phase driving voltages for V, and anode of the V,, when recording: so it
V feeds being via C, and C, and the will be seen that no second-rate comcathode circuits, thus providing the out -

grid stoppers R, and R4. For hair-split-

ting in addition to phase splitting, R,
should be about 12 per cent lower in

value than R, but in practice, very
little difference in output voltage from
the two sides will be observable. V, and

V, are operated in class AB1 with
common cathode resistor R bypassed
by C,. Should it be desired to use the

output valves in pure class A the anode -

0.25 µf, 500 v. paper

C,, Cu

C C,, C,,
C,,, C

C

Cl, CU
Co Cog Cs, C,,

25

25 v. electrolytic

3200 p.,µf, mica or ceramic

C,

C,,, CS.

C,,, GO C,,, C,,
C C
CPI, C 18, V,., C,,,
C

C

C,,, C,,

CM CI,

C,,, C,,,
C,.

C

CLI

C411

Ls

P Ps, P,,
Ps, P P.

.05 pi, 500 v. paper

.012 µf, 500 v. paper
500 µµf, mica or ceramic
30 µµf, mica or ceramic
1000 I.44f, mica or ceramic

.01 pf, 500 v. paper

200 1,4d, mica or ceramic
1500 Rd, mica or ceramic

16 tif, 350 v. electrolytic

3000 µof, Silver Mica

100 ttf, 450 v. electrolytic

60 pf, 450 v. electrolytic
2.5 mh.
10 Hy. 250 ma, 200 ohms

P71 Plif PIP, Pio

2 megohms, audio taper
50,000 ohms, linear, pre-

P,,, Ple

10,000 ohms, linear, pre-
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power supply section, to cater to the
more impecunious reader.

R must be explained at this point.

On the Ferrograph decks, a quick -release device is fitted in the form of a
solenoid, the armature of which normally holds the switches and linkages
"in" when operating. Depression of a
small button on the deck control panel
short-circuits the solenoid coil, so releasing the armature and stopping oper-

ations. R is the limiting resistor for
the solenoid current, the minimum requirement of which is 30 ma., the coil
resistance being 300 ohms.
On RECORD, movement of the deck
control knob to that function automati-

cally disconnects the heads from the
input sockets, and joins the B+ lines to
the oscillators, of which more anon. It
also connects the anodes of the recording

output valves to their respective heads,
amplifier, recording is done, in the case

of low-level inputs, via .7 which is a
except for the provision of a 100 -pi double circuit jack socket. Insertion of
capacitor for smoothing. This is to prevent interaction between the channels at
low frequencies, a point not to be forgotten if the constructor contemplates

the jack changes over both the ground
and live contacts, breaking the first, so
disconnecting the bass equalizing chain

PARTS LIST
B lt Bl,

BOP

Rs, R,,

47 ohms, 1/2 watt, 10%
4700 ohms, 1/2 watt, 10%

BOA, R,,,

130 ohms, 4 watts

BS, B.If

Rs, R R,

0.47 megohms,

1/2

watt,

RH, 1111

set
set

Rm B, An
11,91

B41, BO

to within 5%

R, R,,, B,
Rol, B,,, B44,

47,000 ohms, 1/2 watt, 10%
BCD RH
RIO RI Roo, B,, 1.5 megohms, high stabil-

ity, 5%

B, Bs B,

0.1

RN, 1111,

0.33 megohms,

R, Ra

10%
10,000
10%

Roo

T T,
T T,

megohms,

1/2

watt,

5%

Al

ohms,

1/2

watt,

megohm,

1/2

watt,

15,000
10%

B at BP

1.0

Bp, Bp

0.22 megohms,

10%

10%
22,000
10%

ohms,

1/2
1/2

watt,
watt,

ohms,

10.0 megohms,

1/2

1/2

1/2

watt,

watt,
watt,

10%
10,000 ohms, 15 watts,
wirewound
push-pull output trans-

former, 10,000 p -to -p/15.
Wright & Weaire type
969

Wright & Weaire type
579

T,

Power transformer. Primary as required; secondaries: 300-0-300 v. at 250

2200 ohms, 1/2 watt, 10%
2200 ohms, high stability,

BIN, RIO

240 BSI

R

Ts, T.

10%

B/P BSI, B,.
AI, BS!,

470 ohms, 1 watt, 10%

BOO B71

0.27 megohms, high stability, 5%
47 ohms, 1/2 watt, matched

Bt, BSI

1000 ohms, high stability,
5%

B,,,

Bs, R111 1111, R10

2200 v4d, mica or ceramic

Co

230 ma., it will be seen that the 600 ma.
ripple requirement is not excessively
high. The formulas for calculating both
the impedance of the smoother and the
ripple current in the reservoir are given
in Appendix 1, as well as an alternative

The power pack is perfectly normal,

10%

Ci,

Cu, CO, COP
CH, C,,,
Co

600 ma. As the total current drawn by
the amplifier on RECORD is approximately

together with the bias inputs. On the

Power Supply

R,,

C,,, C, C,,,
C

ponent from the surplus market will be
satisfactory.

too, must be chosen with care, that used
in the commercial equipment being
capable of handling a ripple current of

V
vvv
V V,

V V V V,

ma; 5 v. at 3 amps; 6.3
v. at 8 amps, CT.
EL84

ECC83 (12AX7)
EF86 (Z-729)
6V6
ECC35
GZ34
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Fig.

3. Semi -pictorial diagram of the underside of a Ferrograph tape deck showing
the locations and designations of the terminal or tag strips.

R, and C,, and transferring the grid
input of V, from the secondary of T,
to the tip of the jack. It will be noticed
that the small treble lift capacitor, C,
remains in circuit, when by rights it
should be in use only on replay; but it
was found to be of assistance when recording from certain sources deficient
in top, so the original provision for disconnection has been discarded. Its effect
may be countered quite easily by use of
the treble tone control. High-level inputs, such as those available from tuners

and crystal pickups, are fed into J,,

which is an ordinary single -circuit
socket. When this is in use, the whole of
T', and its associated circuit is completely isolated from the rest of the
amplifier, so avoiding the possibilities of
noise from this stage breaking through.
The tone -controls are effective on RECORD
as well as on REPLAY, and the value of
this feature, unconventional though it

to the standard arrangement of no control on RECORD. The ability to suit the
recording to both the acoustic surroundings and the material being transcribed,

each speed permit a response up to the
theoretical maximum. In accordance with

accepted standards as dictated by the
physics of magnetic recording, nearly
enables satisfactory tapes to be produced all the treble equalization is on RECORD
under conditions which would preclude and most of the bass correction on REthe use of an amplifier with less flexible PLAY the characteristics of the tone
:

characteristics. The more conventional controls give the recommended NARTB
user has only to leave the controls on bass boost on RECORD, while C does the
the "zero" positions to satisfy his fas- same for treble on REPLAY.
tidiousness.
Modulation control is by M, and its
Feed to the head is from V, through associated circuitry, where, if at all
C, and R and R,7 to present constant possible, the meter specified should be
current conditions. A capacitor across used, as its ballistics are ideal. The
the feed resistor as a treble equalizer is arrangement is conventional for a susquite conventional English practice, but tained -peak -reading voltmeter, the delay
the division of both capacitor and re- on peaks being determined by the time
sistor into two is rather unusual. It has constant of C and R. The values

been dictated by the necessity of en- chosen appear to satisfy most conditions,
suring corrections suitable for all tape but there is no reason why the construcspeeds, without adding more complica- tor should not make alterations to suit
tion than is essential. Its effectiveness himself. R and R, bias the meter
is not to be doubted. At 33/4 i.p.s., C down to its zero position, and may be
may he, has been demonstrated again gives the required lift, C,0 hardly hav- replaced by a potentiometer of 500K
and again, the author's experience being ing any effect at all, while at 71/2 and ohms, while P, is for setting the overthat, once an operator has made use of 15 i.p.s., the combined effects of C,, load point on the scale. Directions for
this facility, he will not willingly revert and C,,, together with the head losses at

doing this will be given later. The meters
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are in circuit on both RECORD and REPLAY,

and in the latter position are used only
to ensure balance between the two chan-

nels. Switches S, and S, short-circuit
them when this operation is completed.
Bias Supply

bias section comprises V and
V being a slave oscillator con-

The

Fig.

trolled by V. A two -valve oscillator is
the simplest way of providing the r.f.

5

Top

view of the chassis

with tube sockets

requirements, as the demands of the

Ferrograph "C" decks in this direction
are quite heavy; but other arrangements Construction
are quite feasible and two alternative
As seen in the parts list, certain recircuits are shown in Appendix 1.
Recording bias to the heads is from sistors are 5 per cent high -stability units.
the anode of V via C, R, P, etc., In the commercial equipment, all these,
the rheostats being an essential part of with the exception of R, and R, are
the circuit, as each individual head has 1 per cent, but this is perhaps painting

a bias requirement peculiar to itself. the lily. C, must, repeat must, be of
The values will be found on a label very high insulation, as any leakage here
under the fly -wheel housing under the will result in noisy recording; and R,,,
deck. Erase voltage is supplied by the R,,, C, and C should be chosen to
separate oscillator V,,, and as it is not within 5 per cent. C is to prevent a too
possible to ensure absolute matching of rapid decay of oscillation when the

mounted.

method is to solder a bus -bar consisting
of a piece of #16 s.w.g. wire along the
tube sockets, taking all ground returns

it. The sections are screened from
each other by a partition that divides
to

the underneath of the chassis completely,

while screens isolate each input side-

that is T,, V,, C,,, R,,, C,,, R,,, R,,,

C R, R, C C R,, and J, and the

equivalents of Channel 2 from their
respective amplifiers. The two co -ax
frequency between the two oscillators, RECORD switches are broken, and if shells are joined by a short length of
it is controlled by a grid drive from V,,, switch clicks are objectionable, a 100 - #16 s.w.g. wire, so making them one

via the secondary of T, and P bias ohm resistor may be inserted in series from the ground point of view.

loading being provided by the 2.5 mh with the B+ line. L, may sometimes be
Substitutes for the values in the amcoil L,. The oscillators and power pack replaced by a 1000 -ohm resistor. P,, in plifying chains should not he used, as
are built on a chassis separate from the view of the high gain -85 db or so1- the basic amplifier was 'actually designed
main amplifier.
must be absolutely above suspicion, and around those specified; and this injuncThis completes the description of the the author's unvarying choice is either tion applies particularly to V4 V, V, V
FS103, the construction of which should the Morganite type "A" pot. or the
provide a few week -ends of amusement Clarostat type "H." both of which are
for the competent amateur. It is, in outstanding in the matter of silence. The
essence, a resonably simple piece of ap- group board in Fig. 4 was made up with

paratus to make, needing patience,

a

certain amount of skill, and a fairly
well-equipped workshop; but a hint or
two as to assembly and what may be
expected from the completed amplifier
may not be out of place.

Fig.

ment

4.

of

Arrangecompo-

nents on terminal
board

which

makes for simple
and direct wiring.

the Mullard

low -noise

pentode type

EF8fi, for which the author has found
no really adequate alternative. The oscil-

lators are located on the power pack,
Morganite type "S" resistors, and their which is a separate unit, and no special
neat appearance will be noted. They precautions !red he taken here, except
have excellent characteristics, particu- to see that the coils are under the chassis,
larly in their long term resistance to to prevent undue radiation.
change, an important matter in matched
amplifiers. Figures 5, 6, and 7 show the
top and bottom views of the chassis in Performance
It is difficult to give a figure for pervarious stages of construction.
There must be one ground point, and missible residual hum and noise, as it
one point only, for the whole amplifier; depends on what the individual defines
and this point is where the co -ax inlets as "permissible"; but some idea of the
from the heads are located. The simplest possibilities will be suggested by the
fact that, on the commercial amplifier,
I From the grid of V, to output.
given reasonably smooth mains, with the
grid of V4 short-circuited and with the
ear held close to the speaker, it is literally impossible to detect a trace of hum
even with the bass control at full boost;
'while with the heads connected and P,
lit full gain, the noise level is still much
below

the tape differential. At half

gain, which is generally the maximum
on REPLAY with a properly recorded
tape, the background is nearly at vanish-

ing point. There is no doubt that this
desirable state of affairs is due in large
part to the excellence of the EF86 as a
low -noise amplifier.

The setting -up procedure is not difficult, neither need the test gear be particularly involved, at least for the amateur.

An audio oscillator capable of a range
of 50 cps to 50 kcps, a VTVM, and an
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oscilloscope are the essentials. After

into each channel in turn, and noting

snaking the usual tests and adjustments
on the amplifiers in detail, the speakers

the relationships between the positions

of the respective controls, for equal

signal into both channels simultaneously,

ences, if any, should be small, and large
discrepancies tracked and cured.
The deck should now be switched to
RECORD, and the oscillators checked for
performance. With the oscilloscope connected between the top of P, and
ground, the slider of this control is advanced to the maximum consistent with

indications on the meters. The differ-

can be phased by feeding a 100 cps

and changing round the output leads to
one of the speakers to the position that
makes most noise: but the signal must

be kept to a reasonable level, as the
ripping of speaker cones off the spiders

is not unknown. Next, the grids of V,
and V, are short-circuited, the bass controls tuned to maximum and the volume
controls to full gain, with the treble controls at about 12 o'clock. The interaction
between the channels should be at least
100 db down, and if it is very much

good wave -form, and T, is tuned, by
Fig. 6

means of its adjustable core, to 50 keps.
The classical means of calibration is to
feed a signal of known frequency direct

Un-

der side view of
chassis

ment

to the X plates, while the output from
the oscillator is taken to the Y plats*,

with filawiring in

the timebase meanwhile being rendered
inoperative, and observing the resultant
ellipse or Lissajous figure; but with the
simpler oscilloscopes, it may prove difficult to attain sufficient stability, and it
is far easier to use the .oscilloscope in
the normal way, filling the screen with,
say, four waves from the known source,
then disconnecting this and substituting
the output from the top of P,, adjusting
T, until the same configuration appears.

place.

,

S.

I

4

It takes about a minute to do. P and
P,9 are then set to provide the correct
biases to the heads, after which, further
PIO

adjustment of P, may be needed. The

p9
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factor or low capacitance C. If the

C, the slider of P9 advanced about

half -way, and the core of T, adjusted
until V,= locks in. The slider of P, is
now set as far as it will go without distorting the waveform, and a quick check

made at the various positions already
covered, as some slight further readjustment may be called for. This completes
the preliminary setting up.
The chassis may be of brass, steel or
aluminum, depending on the pocket

and/or the metal -working skill of the
constructor. The one shown in Figs. 5
Fig. 7.

different, the cause should be sought and
cured before proceeding further. A possible source of trouble is a high power -

oscilloscope input lead is transferred to

Bottom view
of completed
amplifier
chassis.

first, a paper capacitor of 1 or 2µf will
sometimes overcome the trouble, while
the cure for the second is obvious.
The connections to the deck may now
wired, and the hold -in solenoid
tested, after the following alterations to
the under -deck connections have been
made. The link between F and G is removed, C on the right tag -strip is joined channel in turn, with the tone controls
be

and 6 is of 20 -gauge steel, and measures
21 x 10 x 2 in. It is fitted with a bottom

cover, thus making a completely enclosed box. Octal sockets are used for
the deck connections, and screening of
the recording feed wires is unnecessary.
Replay leads must be of good quality
nonmicrophonic coaxial, and it is suggested that those supplied with the deck
be replaced, as they are a little on the
short side for custom installation. The
ground connection from the deck chassis

should be entirely separate from the
head cable returns, and is to be taken
to some point on the amplifier chassis

to 4 on the left tag -strip, 5 and 7 on all at 12 o'clock and P, and P,0 ad- remote from the co -ax inputs.
this strip are joined, and the motor justed so that, with 40 volts across the
mains connected to 6 and 7. If all is in
order here, a known good full -width
tape should be played, using each channel separately by manipulation of the
volume controls. If the results are satisfactory, the meters may be balanced. A
1000 cycle signal is injected into each

recording networks, the meters stand at
the 71/2 mark, which represents peak

signal level. Note that this is not a reasonable sine -wave recording signal, but
the maximum permissible instantaneous
peak. Amplifier balance is checked by
feeding signals at various frequencies

(Part II of this article begins on
following page)
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Stereosonic Magnetic Recording
Amplifier
ARTHUR W. WAYNE
Concluding the description of a specific amplifier designed for a Ferro graph Tape Deck, but adaptable to accommodate any other type of
stereo deck with heads of similar impedances and drive requirements.

In Two Parts - Part II

THE FIRST INSTALLMENT of this article

described the amplifier without showing

the derivations of some of the statements made. Here in the Appendix the
author indicates the direction to take in

TRANSMISSION OF THE FEEDBACK
NETWORK EXCEPT AT "RESONANCE" IS
CONTROLLED ONLY BY THE REACTANCE
THE

case further delving into performance and
operation is indicated or desired, suggests
suitable loudspeakers for use with the
equipment, and offers some helpful hints
about operation.

OF CA AND THE RESISTANCE OF RA AND RB.

AT RESONANCE, THE IMPEDANCE OF THE

NETWORK ALONE CAN BE VERY HIGH "INFINITE ATTENUATION" - BUT IS MODIFIED
BY THE SERIES RESISTORS AND ALSO BY THE

APPENDIX 1

SHUNT RESISTORS RC AND PART OF P3.

(1) Although the FS103 ampliti2x gives
professional results, there is no reason why

the experienced amateur should not do a
little experimenting. After all, what is
politely known as development work is
really nothing more than the application
of brute -force -and -ignorance methods to

designs that look well on paper and satisfy

the most esoteric manipulations of the
slide -rule, but sound horrible when built,
or just won't work at all.
One of the more interesting fields for
experiment is in the matter of equalization, where many methods are in use, the
applications of some being rewarding from

Fig.

8. The transmission of the feedback

network except at "resonance" is controlled only by the reactance of CA and
the resistance of RA and RB. At resonance, the impedance of the network
is given by the formula

the points of view of both interest and

results. The twin -T feedback network is
one of these, and the basic circuit is given
in Fig. 8. The whole of the tone control

ZC =

10'

exx fxC(µf)

RECORD, a feedback network is applied be-

In the FS103, the smoothing capacitor =
100 g. Common impedance=
10'
cps =32 ohms ap628 x 50 x 100 at 50

mum, is

proximately.
Ripple current is apprcximately 1.4
times the load current. On RECORD, current
230 ma; ripple current = 230 x 1.4 ma =

network R,,, Rio RtjAt P II P2, C,,, C,,, CIII

C,,, and C, is omitted, and in its place, on

tween anode and grid of V,.
The formula for "resonance," when the
impedance of the network is at its maxi=

159 x 10'
n X t,

where R is in thousands of ohms and C is
in thousandths of microfarads (picafarads)
and the amount of feedback may be iaried

by tapping off the anode load R,,. With
A =220K and C= 68 pf (.068 id), the lift
at around 10,000 cps is about 18 db: but
in the author's opinion, it is too peaked,

alone can be very high-"infinite attenu-

is modified by the series
resistors and also by the shunt resistors
RC and part of P3.

ation"-but

(3) Two out of the many possible oscillator circuits will be found in Fig. 10. In

the oscillator of (A), V is omitted altogether, and V,, is a Mullard EL34. P, is
returned to ground through the Varite

thermistor type V1011, adjustments being
made as before. The EL34 is a power valve
capable of a really remarkable r.f. output,
and the thermistor stabilizes the drive to
the grid, chiefly in the direction of bypassing it when the current increases beyond

322 ma, which figure must be borne in

a predetermined level. In (B) of Fig. 10,
V, is again dispensed with, and a Mullard
ECL82 is substituted for V,,. This is a

ripple currents, as well as being cheaper

largely self-regulating. As the amplitude

mind when choosing the reservoir capacitor.
An alternative power circuit, which
avoids the difficulties associated with high

combined triode -output pentode, the master
oscillator being the triode section. Control
is by grid -leak bias, and the circuit is

and lighter than that of the FS103 is given
in Fig. 9. The capacitors should have a
working voltage of 450 although 350 wv is

of the oscillations increases, the grid
capacitor charges and raises the negative

permissible.

bias, until a state of balance is reached

in which the oscillations are the maximum

and more satisfactory aural results may be
achieved with a bridged -T network. The
reactance of CA gives the small bass boost,
with RA responsible for the levelling -off.
Bass boost on replay is obtained by the
substitution of a series feedback network

consisting of 680K and 180 pf between
anode and grid of V,. However, the lift of
about 25 db at 50 cps compared to 2,500
cps is perhaps too much for American replay standards, and 1.8 meg. will bring
this down to approximately 18 db.
(2) The calculation of the coupling be-

tween the two channels, as represented by
the impedance of the smoothing capacitor,
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Fig.

9. Schematic cf simple power -supply circuit which has a low ripple -current
content.

using stereo for the first time is to give
up listening with the slide -rule but use,
instead, certain rather old-fashioned instruments, a couple of which can be found

in most well-appointed homes. They are
known as ears, and their discrimination is
remarkable-in fact, they are the standard
by which all the other instruments are, or
should be, judged. If stereo sounds better
with one channel slightly louder than the

other, play it so. If the performer seems
to be in the room, with treble up on track

1 and bass kup on track 2, that's where the
controls should be. If it sounds right, it is
right, and don't let any long-haired back room boys-including the author-tell you

it's not. Your ears aren 't perfectly

matched, neither are the two halves of your
room, nor your tastes with the next man's,

and all the controls are for use, not ornament.

In conclusion, acknowledgments are due

to Charles H. Frank Jr. of the Ercona

Corporation, without whose encouragement

-not to say vigorous prodding-the origiFig. 10. Two possible circuits suitable for the bias/erase oscillator.
possible,

taking into consideration the

setting of P,. The pentode section of the
ECL82 is arranged as the slave oscillator,
but with both bias and erase taken from
it, leaving the master oscillator free from

external influences.
(4) Some constructors may consider fitting
bias traps in the head feed circuits, to keep

r.f. off the output plates. It seems a rather
unnecessary refinement, as bias and signal

do go together, but two circuits for the

reactance of 15 ohms total impedance at
400 cps. An inductor of 31/2 mh in series
with 10 ohms is about right.
APPENDIX 3

On the operation of stereosonic repro-

ducers.

An operator, using this type of equipment for the first time, will almost certainly try to achieve perfect balance be-

The suggested choice for loudspeakers

tween channels. Indeed, he is exhorted to
do so, more than one writer on the subject
stating it is mandatory that the gain and
tone controls be ganged for the very purpose. This, in common with many other

no doubt, equally good speakers on the

ing and hi-fi fraternity,
To
forestall righteous anger and condemna-

purpose are given in Fig. 11.
APPENDIX 2.

for use with the amplifier is the Goodmans
Axiom 22 or Axiom 150 Mk. 2. There are,

market, but the author has yet to hear
them. Their response is wide enough to

dispense with crossover systems and tweeters-which can introduce serious problems

in phase shift-and it is characterized by
quite silky smoothness. These speakers

have only one fault-if the amplifier is not
of the best, they proclaim it to the world
unhesitatingly and unequivocally. A resonant enclosure of the dimensions showy in
Fig. 12 gives good results, the separation
and definition being excellent. Note that,
when making power measurements, a re-

sistor as load will not give a picture of
the true output. The amplifiers are designed expressly to work into a loudspeaker

load, and the dummy should consist of a

tion, the author proposes to make a slight
digression.

As was suggested earlier in this article,

engineers are, on occasion, apt to make

Dimensions all external.

7" into boa in 1(" ply.

Material 3,;" blackboard.

Lining is 3 layers of 14"

"A" is a tunnel extending

carpet felt.

ters, without always considering all the

available evidence. If this be not so, how
can one account for the changing fashions

in the Hi-Fi worldI Each new circuit is
equated with the "real thing," and each

subsequent one is so much better than the

last; but it is also the "real thing," a
sort of ultra -real realness. At one time,

10 watts was ample for the average living room; now, according to one concatenate

Fig. 12. Dimensions of a "resonant type"
enclosure suitable for use with Good mans Axiom 22 loudspeaker unit.

Errata to Part I

A few minor (?) errors crept into the

authority admittedly not overmuch given
to understatement, 100 watts is the figure.
And, as mentioned before, we aren't really

drawing for Fig. 2 in Part I of this article,

try as proof of our statements, and raise

of readers who may have been particularly
interested in this unit.

a convenient tool in the manipulation of
partial differentials, while, for statements
about problems in which subjective perception is an important factor, tensors
appear to be the appropriate discipline.
Whichever way the matter is viewed, the

drawn, and should have been shown as indi-

figures are merely a manipulative convenience, and not statements of fact.
Now, the author is a very ordinary engineer, busily engaged in scratching a
modest living in a competitive business;
but he is, also, a professional musician of
vast, literally vast experience. This is not
to say that he is anything but a mediocrity,
even in that profession, but his first public
appearance was at the age of 7, and he is

lutely necessary.

"A"

definitive statements about subjective mat-

Fourier analysis to the dignity of a gospel;
but a Fourier series merely happens to be

11. Two types of bias -trap circuits
which may be employed if considered
desirable, although they are not abso-

3114"

pontifical pronouncements by the engineer-

honest about it. We use co-ordinate geome-

Fig.

nal FS103 would probably never been built.

not going to say how long ago that was:
(off the record, he would be a grandfather
now if his children weren't so lazy!) And
on the strength of long acquaintance with
hi-fi in the raw, his advice to the amateur

and at the end of Part II seems the most
ideal place to bring them to the attention

The jacks J, and J were incorrectly

cated here. The correct jack is typified by

'1

A

0B

Switchcraft MT -332C, although Mallory
4A, 704A, 5, and 705 may be wired to pro-

duce the same results. The lettering refers
to the original diagram.

The resistor in parallel with C. in the
lower left corner of the drawing is lin;
the voltage divider for the cathode of V,,
consists of R at the top and B. at the bot-

tom; and the plate of V should be connected to the line leading from the primary
of T, to capacitor C,..
It is suggested that you make these
corrections on the original drawing.

JE
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High -Quality Treble Amplifier
Cdr. CHARLES W. HARRISON, JR., USN

The author describes a four -watt amplifier which employs a single -ended output stage,
and which is intended for use as a driver for the tweeter of a two-way speaker system
for home use. This unit will considerably decrease the cost of a two -amplifier system.
1.

Introduction

IN A RECENT PAPER' the writer described

a dual -channel playback system consisting of a dividing network and two
identical amplifiers for driving the bass
and treble sections of a dual loudspeaker.
This arrangement is economical when

speaker elements of approximately the
same efficiency are employed, as for example, horn -type speakers for the re-

production of both the low and high

frequencies. When the bass section is
much less efficient than the treble system,
as will be the case when direct -radiator

dynamic loudspeakers are used for bass

and a horn -type speaker for treble, it
becomes entirely feasible to use amplifiers of considerably different power output ratings in a divided amplifier system. For example, if a direct -radiator
bass speaker, in the appropriate baffle,
has a conversion efficiency of 5 per cent,
and the high frequency driver with horn
40 watts
has an efficiency of 50 per
input to the woofer and 4 watts input to
the tweeter will result in the radiation

of 2 watts of acoustic power in each
channel. One will be able to achieve low-

frequency/high-frequency balance' under most circumstances, and simultaneously utilize the power capabilities of the
bass and treble amplifiers. As a practical
matter the proper setting of the 'volume

controls on the amplifiers to obtain the
most pleasing response must be determined experimentally by conducting lis-

tening tests in the room in which the

Fig. 1. Schematic wiring diagram of 4 -watt treble amplifier.

cannot exceed 5 watts, regardless of the
frequency and amplitude of the excita-

tion voltage, insures that the tweeter
diaphragm will not be fractured by the
inadvertent application of low -frequency

signals, or by the development of faults
in the treble amplifier.
The Amplifier

The amplifier is built around the Triad
HSM-79 hermetically sealed, high-fidelity output transformer. This transformer

has a 5000 -ohm primary designed to
carry an unbalanced current of 40 ma,

dual loudspeaker is located.
The purpose of this note is to describe
a simple 4 -watt single -ended amplifier

and secondary impedances of 16, 8 and 4
ohms are available. The guaranteed frequency response is within 1 db from 50

594A, Jim Lansing D-375, or Altec 288B,
when used in a home music reproducing

tion of negative feedback around the

intended for use as a driver for treble
speakers, such as the Western Electric
system, or small auditorium. The fact
that the power output of the amplifier

1 Charles W. Harrison, Jr., "High -quality dual -channel amplifier," Ammo, January, 1956.

2 Balance between the low and high fre-

quencies depends on such factors as the

directive properties of the speakers, crossover frequency, speaker locations, room
acoustics, and the spectral distribution of
the energy in the program material. Consideration of these factors may dictate different power ratio requirements for a given
system.
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cps to 25 kcs.3 The response is greatly
improved particularly at the high end of
the frequency spectrum, by the applica3 Some readers may feel that the low frequency response of the Triad HSM-79
transformer is inadequate. The fact that
the primary winding carries unbalanced
d.c. makes it difficult to achieve high primary inductance. Thus one might antici-

pate degraded low -frequency response compared to the response of high-fidelity output

transformer types designed for push-pull
applications. If the amplifier is to he used
in the treble channel of a dual -channel
playbatk system, it is perfectly satisfactory

-and even desirable-for the frequency
response to begin falling off at approximately an octave below the crossover frequency. The "fusing" of the treble driver
is enhanced by a rolloff in the bass response of the amplifier.

transformer. Two tubes are used in the
amplifier-a 6J7 followed by a 6V6. The
schematic is shown in Fig. 1. Two feedback paths are employed-one from the
plate of the 6V6 to the cathode of the
6J7; the other path is from the second-

ary of the output transformer to the
cathode of the 6J7. These paths are not
independent, i.e., changing the circuit
parameters in one path changes the effec-

tive value of feedback into the other
path.
Performance Data

The performance data presented here
was obtained from measurements made

on an amplifier having circuit values
shown in Fig. 1, with the following exceptions: (a) The .02 -pi input capacitor
was shorted. (b) A 270 -ohm 2w resistor
was used in the cathode circuit of the
6V6 output tube in lieu of the 300 -ohm
2w resistor shown in the drawing. The

measured grid bias was 12 volts. (c)
The interstage coupling capacitor was

0.06 id instead of 0.1 Id as shown.
A 16 -ohm resistor was used to load
the amplifier for all tests.
The component values employed in

the feedback paths result in approximately 20 db loss in gain compared to
the gain of the amplifier without feedback.

Figure 2 is the power curve of the

amplifier. It was obtained by adjusting

the input signal voltage at each fre-

+2

watt except the cathode resistor in the
6V6 circuit. The output transformer

+1

must be connected in the circuit as shown

0
1

2. Amplifier
power curve.

Fig.

2

-3

-4
5

to insure that the feedback is degenerative. Figure 3 shows the completed amplifier, and Fig. 4 shows the component
arrangement.
The Power Supply

4

Many audio hobbyists possess a power

-7
-8
100

10

1000

10,000

pack that may be used to power the

100,000

treble amplifier. The power supply described in a previous article' provides
plate and filament voltages for both the
bass and treble amplifiers in the writer's

FREQUENCY IN CPS
NOTE: 0 db CORRESPONDS TO 4.2 WATTS OUTPUT POWER.

dual -channel playback system. A 10 -watt

resistor of 750 to 1000 ohms is required
to drop the plate voltage to the correct

value of 260 v. This resistor is shown
in Fig. 4. The plate current of the 6V6
does not vary more than 1 or 2 ma from
zero signal to maximum signal, so the
voltage regulation of the power supply
is not too important.
The power requirements of the treble

amplifier are 6.3 v.a.c. at 0.75 a,

and

260 v.d.c. at 45 to 50 ma. The schematic
for a suitable, yet inexpensive power sup-

ply is given in Fig. 5. The transformer
should have minimum ratings of 300
v.d.c. at 60 ma ; 6.3 v.a.c. at 1 a, and
5.0 v.a.c. at 2 a. A 5Z4 is employed as a
full -wave rectifier, and filtering is accomplished by use of a resistance -capacitance network. Such filters are recommended when the current drain does
not exceed 50 ma. When choosing a plate

transformer for use with RC filters it
is important to remember that the power
consumed in heating the filtering re-

Fig. 3. Photograph of completed ampifier.

sistors must be provided by the transformer. If the power supply design is
not carefully executed a transformer of
(Continued on page 46)

quency of measurement until barely visible waveform distortion occurred. The
power output was then computed at that

frequency. Thus Fig. 2 is in reality a
curve showing power output as a func-

tion of frequency for constant distor0 db corresponds to the power
output of 4.2 watts. It is believed that
tion.

approximately 3 per cent harmonic distortion in the amplifier can be detected
by eye, when a good oscilloscope is used
for viewing the output wave shape.
When the input signal voltage is ad-

justed so that the amplifier delivers 2
watts at 1000 cps, the amplifier is fiat
from 30 cps to 80 kes. It is down 2.5 db
at 20 cps and again at 100 kcs, tapering

off to -8 rib at 150 kcs and - 12.5 db
at 200 kcs.

The response of the amplifier to a

20,000 -cps square wave is highly satisfactory; to a 10,000 -cps square wave
the response is perfect.
Constructional Details

The amplifier is easily built on a
5" x 7" x 2" chassis. All resistors are 1

Fig. 4. Arrangement of components in the amplifier.
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Amplifier Uses Cheap
Output Transformer
NATHAN GROSSMAN AND WILLIAM HELLMAN
Pleasant sound does not necessarily mean highest fidelity. It can be obtained with inexpensive output
transformers and by using feedback. The authors show designs for single -ended and push-pull jobs.
THE AUTHORS SET OUT to explore the

possibilities of obtaining high fidelity
from the average service -replacement
output transformer produced by leading

operate satisfactorily with loads of 2500
ohms, and the 6Y6 and 50L6, which will
do likewise with loads of 1500 to 2000
ohms.

transformer manufacturers. These generally sell for about $3.00, with those
intended for higher outputs running up
to about $6.00. They generally have a
primary inductance of 7 to 10 henries

Uniformity of response can be obtained by using inverse feedback in a
proper circuit. For example, 6 db of

tended for single -ended or push-pull
operation.

output stage, down to 100 cps. Twenty
db feedback will flatten out the response
down to 20 cps (see Fig. 2). These re-

depending upon whether they are in-

It is the low load presented by the
primaries of these transformers which

would ordinarily prevent their use in

connection with quality amplifiers. The
gain of the output stage depends upon
the matching of the plate impedance of
the tube used and the impedance produced by the inductance of the primary
of the output transformer. Thus, a tube

with a high plate impedance requires
greater impedance from the primary

inductance for good results. Moreover,
to obtain the same response in the bass
frequencies as in the middle frequencies
also necessitates a high inductance, because the impedance of the inductance
falls off proportionately to the decline
in frequency.

To get the best results from these

transformers then requires that they be
used in conjunction with output tubes
which require relatively low -impedance
loads such as the 6B4 and the 6L6, which

ten out the response of such a transformer, when used with a 6L6 in the

sults are much like those obtainable from

increasing the primary inductance by
like factors.

Such a transformer when used in the

circuit of Fig.

without R, and fed

1

into a resistive load produced the following harmonics : at 100 cps :
Watts

1

2

8.5%
12.0
20.0

2

6.5

From these tabulations several con-

clusions can be drawn. First, for the
reproduction of speech and treble instruments this is a very fine amplifier. Sec-

ond, that the harmonic distortion is reduced roughly by the factor of inverse
feedback. Third, that the difference in
the amount of distortion resulting at the
two frequencies at which the measurecorresponds roughly

to the factor of difference in gain re-

0.50
2.80

0.10
1.60

sions and obtain further improvement a

5th

1

0.80%

.03%

1.20
2.20

0.13%
0.30
0.90

0.01%

2
4

(A)
fre-

1

out feedback. Adding
of feedback
response
of

curve (B).

.04

0.14

two frequencies.
In an effort to follow up these conclu-

quency response of
Fig.
amplifier with-

gives

0.15
0.32

0.12%

4th

20 db

5th

.02
.05

0.28%

3rd

Curve

1.20
1.6

4th

0.49%
0.68
2.00

2nd

original

0.14
0.24
0.52
0.90

5th

the secondary of the output transformer
the following harmonics were produced:

2.

3rd

0.34
0.66

4th

At the same frequency but with the
application of a factor of about 20 db
of inverse feedback through Rs from

Watts

4

6.5

2nd

3rd

2nd

1

shows

44

Watts

feedback in the circuit of Fig. 1 will flat-

Fig.

Fig. 1. The basic circuit employs feedback from
the transformer secondary. Value of R determines feedback.

Under the same conditions but with
an input frequency of 1000 cps the following harmonics were produced :

.065

0.32

sponse without inverse feedback at the

6S J7 was substituted for the 6SF5 in
the driver stage of Fig. 1. The higher
gain of the 6S J7 would permit more
inverse feedback. As the cathode was not

bypassed a further improvement of 25

per cent in gain, and so also in the

amount of inverse feedback, was obtained by connecting the return lead of
the screen bypass capacitor directly to

.04

the cathode instead of the usual connec-

0.16

is

tion

to ground. Since the screen

really acting as the plate of a triode

above tables and compensating for the
increase in feedback, it is estimated that
at the 400 -1000 -cps point at just below

this change in circuitry avoids degener-

ation caused by permitting a.c. from
the screen to pass through the cathode

3 watts there should be less than 1/3

resistor.

inverse feedback can be obtained. However, on checking the over-all response

of
per cent harmonic distortion, and
at the 60 -cps point, after allowance for
the lower frequency, 1.5 per cent harmonic distortion.
Where a tone -compensator stage is
desired and where a variable -reluctance
cartridge is to be used, the circuit shown
in Fig. 5 is suggested. It may be necessary to increase the values of either the
capacitor or the resistor, or of both, in
the decoupling circuits at points A or B
in order to overcome motor -boating,

middle frequencies there was no response

per second.

1

It was further observed that to get

the same amount of inverse feedback at
60 cps as at 400 cps it was necessary to
increase the screen bypass capacitdr
from 0.5 to 8 ILL
By connecting the plate of the output

stage through a resistor and capacitor
to the cathode of the driver stage as
shown. in Fig. 3, a further increase in

which can occur in this amplifier at
a frequency as low as one half cycle

of this arrangement it was found that
with a feedback of only 16 db in the

at 20 cps and that above 800 cps there
was a gradual loss which amounted to
10 db at 12,000 cps. This meant that
there was positive feedback present and
more of it at the treble frequencies. The
squeals which emanated from the loudspeaker when rotating the dial of the
FM tuner showed that there was oscillation. This approach was, therefore.
abandoned.

A 6SH7, which has a higher gain than

a 6S J7, was then substituted, and two
loops of inverse feedback were employed.

The loop through R, in Fig. 4 served to
flatten out the response from the output
transformer and to reduce any tendency
to oscillate. It also produced a sweeter
"feel," much like that of a triode, which
the 6L6 resembled after this reduction
in its gain. A 6AU6 may be substituted

for the 6SH7, but a 6BC5, 6CB6, or

6AG5 cannot be used. as these radiate
badly.

The following factors of inverse feedback were obtained from the amplifier

Fig. 3. Obtaining the feedback path from the
plate of the output tube gave higher feedback
but poorer response.

shown in Fig. 4 while using a Stancor
A-3830 output transformer :
Frequency

1st Loop 2nd Loop
2.8 times
4.2 times

60

400

A pair of 50L6's connected in pushpull were tried in the circuit shown in
Fig. 5. An inverse feedback factor of
about 7 and an undistorted output of
about 3 watts was obtained at 60 cps.
Less inverse feedback was needed for
this result because the push-pull operation cancelled nearly all the 2nd and 4th
harmonics and also the magnetizing
effect of the d.c. in the windings of the
primary of the output transformer. This
latter raised effective input inductance.
The 3-megohm volume control R, permitted the use of a broad -range crystal
cartridge. Capacitor CI and resistor RI
furnished some Fletcher -Munson compensation. Capacitor C, served to overcome losses in the shielded cable from

Total

6.5 times 18.2 times
6.5 times 37.3 times

With this amplifier signals were heard
below 20 cps and a slight loss of amplifi-

cation was measured at 300 kc. The

break-up of the sine wave on the oscilloscope (generally at 3 per cent total harmonic distortion) at 60 cps occurred

at 3 watts, and at 400 cps at about 4

the pick-up to the amplifier and also

watts. Amplifiers which employ large
amounts of inverse feedback show low
distortion up to a point which is con-

to afford some Fletcher -Munson compensation in the treble frequencies. Vari-

ous values of C, should be tried until

siderably below the ratings published in

the most pleasing result is obtained. An
FM tuner with a 1 -volt output could
be used to drive this amplifier to nearly

the tube manuals and beyond which

there is a sharp and very great increase
in harmonic distortion. Based upon the

(Continued On following page)
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Fig. 4. (lef7) The final single -ended amplifier, with two feedback connections, one from the plate of the output tube to the plate of the 6SH7
and the other from the secondary of the transformer to the 6SH7 cathode. Fig. 5. (right) The push-pull version of the amplifier.
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These amplifiers are suitable for home
use where all that is needed is an amplifier capable of delivering 2 watts undistorted at 60 cps with a flat response from
20 to 20,000 cps. (Below 60 cps there is

AMPLIFIER USES
(Continued from preceding page)

Several amplifiers were constructed
in accordance with the circuits in Fig 4,

in which the following transformers
were used with excellent results : Stancor

A-3825; Thordarson T22S60. A Thorvery little program material and most darson'22S74 (costing about $5.00) was
loudspeakers produce a great deal of used in the circuit of Fig. 5 with 6L6's
harmonic distortion.) As a matter of and the following changes: B+, 285
full output. It may be necesary to change
the polarity of the power line to reduce
hum.

fact, with the present higher -efficiency
loudspeakers and loudspeaker housings
an input to the loudspeaker of 2 watts
bass is more than enough to reproduce
symphony music in the average living
room; and continuous operation at this
level is sure to make the neighbors com-

volts ; primary impedance, 5000 ohms ;

125 ohms ;
Rm, 400,000 ohms.
With these changes the undistorted

power output at 60 cps on the oscilloscope was 11 watts. A Stancor A-3830

was also used in a similar amplifier with

the additional change of substituting a
12AX7 for the 12SL7. With the 12AX7
Although it was not tried, it is very it was found necessary to remove the

plain.

probable that by raising the plate voltage output transformer, which was not
in the circuit of Fig. 5 to 135, better than shielded, from the chassis and mount
5 watts undistorted power output can be it on the loudspeaker frame, and also to

obtained at 60 cps. If a transformer connect a 100-Rgf capacitor from the
supplying 6.3 volts is available for the plate of the input half of the 12AX7 to

Fig. 6. A 135 -volt power supply for
pull amplifier.

filaments, 6Y6's can be substituted for ground to cut out high -frequency oscilthe 50L6's. The cathode -bias resistor lation. Despite this, there was a subtle
of the output stage Rs, should then be in- difference in "feel" between the 12AX7
the push- creased to 120 ohms. A B supply of 135 and the 12SL7 in favor of the former.
volts is shown in Fig, 6.

TREBLE AMPLIFIER
(Continued from page 4.3)

Conclusion

The writer is of the opinion that a

high -quality playback system requires
the employment of a dual -channel amplifier. A high-level dividing network
marginal rating for a given job will be cannot operate satisfactorily unless each
overloaded when RC filtering is em- filter section is terminated in a pure
resistance of appropriate value. The

ployed.

The resistor labeled R in Fig. 5 must
be chosen so that 260 v.d.c. is delivered

to the amplifier. One may not be required. Positive heater bias of one -tenth

the plate voltage is provided by the
bleeder network. The bypass capacitor

driving -point impedance of a speaker
is complex and functionally related to
frequency. It may be predominately reactive at some frequency in the pass
band. This accounts in part for the fact
that dual loudspeakers employing highlevel dividing networks do not always

speaker,* which is located in a room of
modest size, the obtainable sound inten-

sity level approaches the threshold of
pain over the entire frequency range of
the speaker.
The availability of a high -quality sin-

transeonductance, such as the Mullard
EL -34 and Tung-sol 6550, which result
in high power sensitivity and low drive
requirements, makes it highly desirable
for transformer manufacturers to produce a line of transformers capable of
carrying the plate current in the primary
winding and that are comparable in
performance to those manufactured for
push-pull application. It should be possible to obtain easily 10 watts of power

grounds the center -tap of the 6.3 v.a.c.
winding to audio frequencies and must sound right. Constructional details covernot be omitted if hum is to be minimized. ing an excellent dual channel amplifier
gle-ended transformer makes it desirable were presented in reference 1. The use output from a single -ended amplifier
to re-examine the utility of single -ended of the treble amplifier described in the employing only two stages. The circuit
amplifiers for high-fidelity applications present article will reduce the cost of is not complicated and there is no rewhen high power output it not a re- the system with no sacrifice in perform- quirement for a phase splitter. Large
quirement. The advent of tubes with high ance. When used to drive the writer's values of negative feedback may be applied and the amplifier will remain unconditionally stable if the output transformer is properly designed. Admittedly,
it is somewhat more difficult to design
a good transformer for single -ended out-

put stages than for push-pull application. But the Triad Transformer Corporation has made a good start in producing the model IISM-79 transformer, and
this should serve as a challenge to other
manufacturers in this field.
* Charles W. Harrison, Jr., "Coupled
loudspeakers," 3rd Audio Anthology, Radio
Magazines, Inc. (1955) pp. 101-105.

Fig. 5. Power supply featuring
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RC

filtering.

Effect of the Cathode Capacitor
on P -P Output Stage
ROBERT M MITCHELL
Because of the fact that some amplifiers use a bypass capacitor across the cathode resistor in the pushpull output stage and some do not, the conclusions reached in this paper should be of considerable interest. Note, however, that these conclusions refer only to Class A amplifiers, while most modern amplifiers are designed to work up into the Class AB region.
i3 one of the results of a balanced stage.

WITH THE CONTINUED INTEREST in

audio circuitry and design, it has
become worthwhile for the audio
engineer to re-examine some of the procedures that formerly were taken largely
for granted. Among these procedures is

The Initial Approach

Figure 1 shows the basic push-pull
output

the use of the by-pass capacitor in a
Class A push-pull output stage. The pur-

with

signal

voltages

switch which will allow it to be inserted

pose of this capacitor seems evident

or removed at will during the course
of measurements. It should be noted

enough, yet the engineer is constantly
finding circuits without this component
and just as frequently finding circuits
with it. To make the matter more puzzling still, he will read one author's admonition that its use is absolutely necessary, and another's that
specifically to be avoided.
In view of this ambiguity of opinion,

circuit

labeled and the bypass capacitor in
question, Ck, shown in series with a

that this is the common type of push pull

circuit, and the entire discussion which
follows is confined to this circuit and
Basic push-pull output stage arranged to switch capacitor in or out of
circuit for measurements described.
Fig.

1.

does not necessarily apply to the "single ended" or "series d.c." type of push-pull
circuit.

The actual amplifiers used in the test
were the UTC W-10 Williamson amplifiers, since these conform almost exactly
to Williamson's circuit. (See Fig. 2.)

it was felt that a test of the differences
would be interesting. The results, which
are not always as anticipated, are
presented in this article, along with

common cathode, it is also true that

First Tests

some evaluation of the outcome. The

push-pull stage.

Another and more serious charge is
that the even -order distortion terms of
all kinds which pass through the cathode
resistor may cross modulate with the
input voltage and thus introduce additional intermodulation distortion terms
which, not necessarily being in phase

The first measurements made were of
total harmonic distortion, using a General Radio Type 1932-A Noise and Dis-

output.
As a representative of the other ("unbypassed") school of thow:ht, Williamson states: ( Wireless World, May

an amplifier using 5881's in the output
stage, and gave very consistent results.

nature of this investigation necessitated
the examination of some of the effects

of balancing techniques in the output
stage as well, and the results of this
phase of the undertaking are also presented here.'

since they appear as in -phase inputs at

each grid, they are

cancelled

in the

with each other, may appear in the

The Problem

Proponents of bypassed cathode operation maintain, among other things,
that since the even -order harmonic terms

which are generated in the output stage
of necessity pass through the common
cathode resistor, they therefore appear
between grid and cathode of both tubes,

1947) "A feature of this arrangement
is that the valves operate with a common unbypassed cathode bias resistor,

as a voltage drop from each grid to the

which assists in preserving the balance
of the stage under dynamic conditions,"
and in the August 1949 issue : "Due to
the use of common unbypassed resistors
for the push-pull stages, the amplifier
is largely self -balancing to signal. . . ."

1 The measurements described here

Here, then, are the two opposing views
on the subject, and the reasons advanced
for each by their respective proponents.
Although the reasons advanced seem to

the period when the author was director
of those laboratories.

be different, it is reasonable to assume
that reduction of distortion is also the
effect desired by Williamson, since this

are thus introduced as signal, and appear in the output. While it is quite true
that these even harmonic terms do appear

were made at the laboratories of the
United Transformer Company during

tortion

Meter, and a

low -distortion

oscillator. The input frequency was 50

cps and measurements were made at
power levels from 4 watts up to overload. These initial tests were made on

The addition of the bypass capacitor
always increased the distortion, regardless of power level. The increase was
very slight, but nevertheless very definite.

The total distortion was small, so it became very difficult to measure, especially

since the distortion of the oscillator itself was of the same order of magnitude
as that of the amplifier. Consequently, it
was decided to measure the performance

without feedback. This change would
increase the distortion, of course, but
would not affect the action of the
capacitor. The results of this test were
similar, with distortion increasing when

the capacitor was used. (See Fig. 3).
These results were obtained consistently
after numerous checks and rechecks, in -
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eluding tests at higher frequencies (500
and 2000 cps). Several curves were
drawn and the data was about to be assembled for write-up when it was decided

to substitute some other type of output

switched in and out of the circuit and

greater relative change in distortion, the

the comparisons made point -by -point on
an A -B basis. Care was taken to prevent
any transient disturbance during connec-

closer the system was to balance, with the
greatest differences in the two conditions

tion or disconnection of the capacitor

justed to produce a minimum of third

tubes and see if there was any difference.
Accordingly, a pair of 1614's was substi-

from being included in recorded data.

tuted and the tests re -run. The results

Results

were as complete a reversal of the trend
as could be imagined! Almost every test
showed lower distortion with the capacitor in the circuit. A typical measurement
is illustrated in Fig. 4. In view of such
conflicting results, it was decided to re -

measure with as many different tube
types and amplifiers as possible. Consequently, the test schedule outlined below
was evolved.

harmonic distortion on a distortion
meter.
(2) The same four were checked for

individual harmonic distortion components on a wave analyzer.
(3) The measurements of (2) were
made with different degrees of current
unbalance.

(4) One amplifier was checked with
four different sets of output tubes, all of
which are directly interchangeable in the

UTC W-10. These four sets included
two pairs of 1614's and one each of
KT66's and 5881's.
(5) The amplifier of

(4) was

checked for intermodulation distortion
with the three tube types mentioned
above.

(6) The amplifier of (4) was examined for transient distortion by the
square wave method, with differing degrees of current unbalance.
(7) All measurements were made
with the 100-µf bypass capacitor

harmonic. This is shown clearly in Fig. 5.

The condition for minimum third harThe outcome of the harmonic distortion measurements of (1) was very inconclusive at low frequencies. The addition of the capacitor either reduced or
increased the distortion depending on
which type of tube was used, and even
varied among tubes of the same type. At
the higher frequencies, however, the

addition of the capacitor quite consistently increased the distortion.

(1) Four different stock amplifiers
with 1614 tubes were checked for total

taking place when the currents were ad-

This ambiguity of results pointed up
the need for a more refined analysis, so
the next step was to measure the individ-

ual harmonic components on a wave
analyzer. A fundamental frequency of
50 cps was chosen, and the second and

monic was also found to occur very close
to that for minimum second harmonic, so

close in fact that the two were practically coincident.

For example, when the currents were
adjusted for minimum unbalance or
minimum third harmonic, addition of the
capacitor produced changes of the order
of two or four to one. When the currents

were greatly out of balance, however,
the addition of the capacitor caused
changes of the order of only 10 per cent

or less, although the distortion terms
were much larger, of course. It was also
found that the condition for minimum

third harmonics were checked, with out-

5.0

put tube currents adjusted to produce

4.5

-®

these four different conditions :

4.0

_al 19.2 09 FEEDBACK -WITH Cla

(1) Minimum unbalanced current
(2) Minimum 3rd harmonic in the
output
(3) Maximum unbalanced current
in one direction
(4) Maximum unbalanced current
in opposite direction
Again the results were indefinite, with
different tube types or different tubes of
the same type giving different results,
and no preponderance of results one way
or the other. Figure 5 shows a graphic
comparison of the results of this test for
two particular pairs of output tubes.
A n interesting, and rather unexpected,

finding was that the capacitor made a
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Fig. 3. Harmonic distortion curves on amplifier of Fig. 2. with and without bypass
capacitor.

unbalanced current was generally not
the condition for minimum harmonic dis-

tortion. This is not surprising, since the
fact that the two tubes are in static balance (d.c. conditions) does not mean
that they are also balanced dynamically
(a.c.

conditions). The purpose of the

balancing arrangement in the "Williamson" amplifier is primarily to minimize
the unbalanced d.c. current in the output

transformer primary, and thereby increase the low -frequency response, while
simultaneously reducing core saturation.
Intermodulation Distortion

The next step was to measure the intermodulation distortion of the amplifier,

and since the method of measurement
was not that most widely used, a brief
discussion of the technique will be of
interest.
Intermodulation distortion occurs when
two or more frequencies interact so as to
produce frequency components which are
Fig. 2. Complete schematic of first amplifier used in these measurements.
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proportional to the product of the input
frequencies. One result of such a relationship is the production of frequencies

must be pointed out, however, that due
to the difference in method of expressing
percentages in the two methods, equiva-

1.6

k_

z

TYPE 1614 -PAIR "A"

lent percentages are not indicative of

Rk ONLY

equivalent degrees of nonlinearity. The
SMPTE values appear relatively high
while the CCIF values appear relatively

1.2

R, and Ck

low for the same nonlinearity.2
In using the CCIF method of measurement two procedures are commonly used.
One is to select two fixed input frequen-

Cr1.0
0.

z

z 0.6

0

cies and measure the distortion as the
power output is varied. The other is to

0 0.6
Cr,

0.4

select a fixed power output level and to

0.2

vary the two input frequencies simultaneously, maintaining a constant difference frequency. The first is rather
9

10

11

12

13

14

VOLTS ACROSS 15 OHMS

Fig. 4. Same measurements as Fig. 3 with

different pair of tubes in the amplifier.

readily accomplished, whereas the second

requires either a special oscillator such

as the General Radio 1303-A, or two
oscillators calibrated with sufficient ac -

These curves are plotted a different scale.
2.0

equal to the sum and difference of the
two input frequencies, or of one input
and harmonics of the other, etc. This

1614

TUBES

0

50 cps
5

SAL

MIN 3

tone (the carrier) is modulated by a low able circuit.

Although this method is an excellent
indication of nonlinearity which generally correlates closely with listening tests,

MAX
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UNBAL

UNBAL

2.0

Ck +ft,

2
2

0
CC

r

NI4 ONLY

1.5

5881
TUBES

1.0

50 Cps

it was found that another method gave
results which sometimes seemed to correlate even more closely. This second
method of intermodulation distortion

measurement also utilizes the fact that
difference frequencies are produced. Irr
this method, generally called the CCIF
method, two high -frequency tones of
equal amplitude and separated in frequency by a fixed amount are applied to

tion, and consequent intermodulation,

between the two oscillators.
The CCIF intermodulation tests were
performed using both methods mentioned
above. When distortion was measured as
a function of power level, the following
relations were taken into consideration:
Since two frequencies are involved, a

duced, and the indication of an ordinary
vacuum tube voltmeter is, therefore, not
valid in determining the power level by
the customary formula P = Et /R. Furthermore, since one wave rides the other,

the peak value of the two waves may

used (and most familiar) method of intermodulation tests, a high -frequency
frequency tone, and the resulting side bands detected and measured by a suit-

nal. without introducing intermodulation
in the mixing circuit.

complex (nonsinusoidal) wave is pro-

1.5

action is the basis of our common system
of amplitude modulation, where the production of such sidebands is a necessary
feature of the process. In the commonly

Fig. 7. Method of connecting two audio
oscillators to provide CCIF type of IM sig-

1-

2
w 0.5

reach a value equal to the algebraic sum
of the individual waves, with the result
that overload can occur for two frequencies when each is only one-half the amplitude required for overload by a single
frequency. (See Fig. 8) Since each wave
is only one-half the maximum amplitude,
it can produce only one -quarter the
power of a single maximum-amplitude
wave. The power available from two such

waves without any possibility of over-

la)
O.

load is,

n
BAL

MIN 3

MAX
UNBAL

MAX
UNBAL

Fig. 5. Comparative distortions with different types of tubes in the output stage
show different results.

therefore, only one-half the

power available from a single -frequency
wave. The curves for the CCIF intermodulation tests are calibrated in terms of
volts as read on an audio -frequency
(Continued on following page)

the device under test. The output is

measured by a wave analyzer tuned to curacy to enable the difference to be
readily distinguished from the dial setf,- f 2f, - f or 2f, - f,, and the distor- tings. The stock oscillator in the UTC
tion voltage is expressed as a percentage laboratories is a decade -type oscillator
of the sum of the two input voltages. with an accuracy of four places, and
Figure 6 shows the two types of inter - consequently is ideally suited to any such
one of the distortion frequencies such as

modulation in graphic form. One notice-

able feature of the CCIF type is the
location of the difference -frequency com-

ponent f, - f,. Since this component is so
far removed from the two input frequencies, there is less tendency for the signal
to mask the distortion as there might be

in the SMPTE method, or in the CCIF
method for the 2f,- f, and 2f,- f, terms.
This difference tone is particularly objectionable when it falls in the region of
maximum sensitivity of the ear (400 to
5000 cps), and is noticeable in amounts
as small as a fraction of one per cent. It

application.
Two such oscillators are used with the
simple mixer -potentiometer circuit shown
in Fig. 7 to provide control of frequency
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Measurement of Non-linear Distortion,
by Arnold Peterson.
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and output of either oscillator and the
over-all voltage output. The isolating
resistor networks prevent any interac2 A discussion of the two methods of
intermodulation distortion measurement
will be found in the General Radio Com-
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Fig. 6. Comparison of frequencies present in two different types of intermodulotion measurements.
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Fig. 10. Effect of capacitor on CCIF intermodulation measurements when difference frequency is varied. (The three pairs

of curves are plotted to different base
lines.)

Fig. 8. Graphic representation of possible

maximum voltage resulting from mixing
two signals of slightly different frequency and of the same amplitude, as in
the CCIF method.

vacuum -tube voltmeter. In accordance
with the above, maximum power level is
equivalent to an output voltage reading
of about 9.3 volts on these curves.
The curves of Fig. 9 were obtained by
maintaining the indicated input frequencies constant, varying the input voltage
up to overload and above, and measuring
the first -order difference frequency.. The
tubes used were 1614's and the difference

frequency was 400 cps. Notice that although the difference in distortion is
slight, it is almost always lower when
the cathode resistor is bypassed. The
same results were obtained with 5881's
and KT -66's.

The curves of Fig. 10 were obtained
by keeping the input voltages constant
and varying the input frequencies. This
was done for three difference -frequen-

CATHODE CAPACITOR
(Continued front preceding page I

quencies from 20 to 20,000 cps. At low
frequencies there was a noticeable rounding of the trailing edges as the unbalance
exceeded 10 ma. (See Fig. 11) These results were obtained with any of the three
types of output tubes.

From the foregoing experiments at
least one curious result stands out : In a
Class A amplifier the use of a bypass
capacitor across the output cathode generally reduces the intermodulation distortion, although it may either decrease
or increase the harmonic distortion.
The decision as to whether or not to
use such a capacitor depends mainly on
the magnitude of the distortion. If it is
very small, then it may be safely left off,
with no possible audible difference. If it
is only moderately low, then the use of
a bypass capacitor is advisable.
All of the foregoing applies to a Class
A amplifier only. In the case of a Class
AB amplifier the bypass capacitor is absolutely necessary if the amplifier is to

perform within the modern limits of
high fidelity performance.

cies, providing a considerable amount of
range overlap as shown. The tubes used
were KT -66's. Again it is seen that the
capacitor effects a slight but definite im-

provement. (Note that each difference
frequency has separate distortion ordinates in Fig. 10).
As a final check the amplifier squarewave response was observed for different
amounts of current unbalance. With un-

BALANCED CURRENTS

balanced currents up to 10 ma in either
direction there was no discernible differ-

tiMTh

ence in the output wave shape as the
capacitor was added or removed at fre-

all
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Fig. 9. Effect of capacitor on CCIF inter modulation measurements at two different areas of the frequency spectrum.

50

11. Effect of current unbalance

on

square waves. Note that only the low
frequency is affected, as indicated by
rounding of trailing edge of wave.

What's All This About Damping?
N. H. CROWHURST

An engineering discussion of the elements entering into the effects of variable damping in an
amplifier when the loudspeaker itself cannot be complemented accurately and completely.

IN RECENT MONTHS, much has been
written about variable damping, ultimate damping, and various aspects of

damping-principally concerning its application to the coupling between an amplifier and a loudspeaker. In an endeavor
to clarify the general understanding of
this subject, let us consider what damping means in a somewhat broader sense.
Let's start, for example, with damping
as applied to musical instruments, where
electronics does not enter into the picture

at all. When a piano string is struck by

the piano hammer, it continues to vibrate

for a considerable period, especially if
the check action is held off by holding
the piano key down. This indicates that

the Q of the resonant system is very
high. It's true that considerable sound

energy is radiated, but in comparison
with the energy stored in the vibrating
string the radiation is small because this
energy is not radiated directly from the
piano string.
In illustration of this fact, the writer
well remembers listening to a piano

sound, but it will not materially damp
the vibration of the string. On the other
hand application of the felt provided on
the check action of the piano to the string

will damp the vibration of the
string almost instantly. Touching the
itself,

string with the finger while it is vibrat-

ing will also damp its vibration quite
rapidly.

A number of other musical instru-

ments could be similarly discussed. The
principal things that we can learn from
a consideration of these phenomena are

two. First, a large surface is required
to radiate sound into the air, because

only in this way can satisfactory acoustic
matching between the vibrating medium

and the air load be achieved; a small

vibrating element such as a string does
not move the air, it rather cuts through
it. Second to produce satisfactory damping. the damping agent must be applied
at a suitable point sufficiently close to
the vibrating medium itself. Although
the vibrating medium is coupled to some

extent to the sounding board, damping
of the sounding board can only damp the

which was not provided with the regular
sounding board. This piano has been de-

movement of the string to the same extent as it is coupled to it. Because the
coupling is what we would term in radio

under electronic control. When this

effected in this manner is , extremely
small.

signed for use with electronic pickups,
so the quality of sound could be entirely

very loose, the damping that can be

Before turning to the discussion of
piano was played without the amplifier
switched on, its music could only be loudspeakers and their damping, let us
heard by putting the ear close to the consider briefly two other analogies that
instrument. Just sitting in the same room will prove useful in helping to visualize
with the piano, one would imagine that the various components that make up
the musician was pretending to play it our problem.
The first is a transmission line. A
rather than actually depressing the keys.
This shows that in the normal type of transmission line .has a characteristic
piano the principal radiation of sound impedance. If the line is terminated by
comes from the sounding board, to which its correct matching impedance all the
it is transmitted from the strings' sup- transmitted energy is absorbed when it
reaches the receiving end, but if the line
ports.
Having realized this fact, consider is not correctly matched some of the

how the vibration of the piano string energy is reflected and travels back along

may he damped. Application of damping the line. Correct matching of the transto the sounding board has very little mission line can be considered as correct
effect. It may be possible, applying some damping, because it will prevent reflecdamping material to the sounding board. tions from occuring.

to considerably reduce the radiation of

sider is a transformer. The particular

properties with which we are concerned
are the primary inductance and the leakage inductances of the transformer,
together with the secondary winding capacitance. For simplicity we will consider the transformer to be of 1:1 ratio.
Figure 1 shows the equivalent circuit of

a transformer, with the elements in
which we are interested shown. The

transformer can be a resonant circuit in
several ways. The primary inductance
can resonate with some capacitance in
the primary circuit; similarly the same
relative inductance can be resonated in
the secondary; or the combined inductance can he resonated with capacitance
part of which is in the primary and part
in the secondary. All of these resonances
are of the same basic type in which the
inductance element being resonated is
the primary inductance, but it is also
possible to resonate the leakage inductance between primary and secondary
with a capacitance either in the primary
or secondary.
Consider the particular case of leakage
inductance resonating with capacitance
in the secondary circuit. Although the
capacitance is physically connected in
parallel with the transformer secondary
winding its effect is very different from
a similar capacitance connected in par-

allel with the primary winding. Short
circuiting of the primary will result in
maximum Q of the tuned circuit, because
any resistance in series with the primary

appears virtually as resistance in series
with the tuned circuit. This is illustrated
in Fig. 2. This kind of resonant circuit
can be damped with either a resistance
in shunt with the secondary winding,
which provides shunt damping for the
tuned circuit, or a resistance in series
with the primary winding which provides series damping for the resonant
circuit

The other analogy that we can con -

Fig. 1. Equivalent circuit of a transformer,
to show possible resonances. For convenience the transformer
is assumed to have
1:1

ratio.

Fig. 2. Rearranged equivalent circuit for resonance between leakage inductance and secondary capacitance.
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with the air behind it which is contained
in the loudspeaker enclosure.
This can constitute a resonant system
which can be analyzed by using the same
mechanical terms for the elements of a
resonant system as would be applicable

MASS

DRIVING FORCE
COMPLIANCE

FROM

VOICE COIL

AIR

ACOUSTICAL

LOAD

OUTPUT

to a vibrating piano string. The mass
of this resonant system consists of the
mass of the moving diaphragm and the
voice coil attached to it, together with
the mass of the small quantity of air
adjacent to it, which can be regarded as
having to move with it. The compliance

consists of the compliance of the diaphragm surround and also the comFig. 3.

Simplified equivalent circuit of acous-

tical action

of

a

loudspeaker.

In this respect a transformer can be
considered as somewhat similar to a

quarter wavelength of transmission line,
when the transmission line to which we
referred previously is incorrectly terminated. If the termination value is too

high, at a distance back along the line
equivalent to a quarter wavelength of
the frequency being transmitted the reflected impedance becomes the inverse
of the terminating impedance, using the
characteristic impedance as a mean.

Back along the line at consecutive

quarter wavelength intervals, the impedance will change alternately between one

that is high and one that is low compared with the characteristic impedance.

Similarly, if the termination instead of
being incorrect in resistive value is incorrect by being a reactance instead of a
resistance, the apparent impedance
measured at quarter -wavelength intervals back along the line will alternate
between inductive and capacitive reactance.

If the line is loss -free, which corresponds with high Q conditions in .a mechanical arrangement, then this transfer of impedance will go on indefinitely
at quarter -wavelength intervals, without changing the relative magnitude of
impedance at each half -wavelength in-

terval. But practical lines introduce a

certain amount of electrical loss, and for
this reason each alternation away from
the characteristic impedance of the line
deviates by a decreasing amount from
this value, and after a sufficiently long
length of line, the measured impedance
will become sensibly equal to the characteristic impedance. However, in such
a line the loss becomes considerable and
a relatively small amount of the transmitted energy will reach the receiving
end.
The Loudspeaker

Having briefly discussed some of the
analogies we can apply, now let's turn
to the consideration of a loudspeaker.
Basically, what we are concerned with
in a loudspeaker is driving a column of
air which communicates with the room
so as to recreate a desired sound field.
Let us first consider the acoustical
arrangement that achieves this. It consists of a loudspeaker diaphragm in con-

tact with the air in front of it (which

communicates with the room) and also
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pliance of the centering spider, if one is
used, together with the compliance of
the air inside the enclosure behind the
diaphragm. This latter will act basically
as a compliance rather like the air inside

a Helmholtz resonator. These are the
reactive elements of the resonant system.

The resistance elements provide damping and prevent it from having a natural
vibration of its own in a well designed
system. These are the viscosity of the air
in the enclosure, the viscosity in the com-

pliance of the surround and centering
spider,

and the radiation resistance

coupled to the diaphragm by means of
the air load which it drives to radiate
energy into the room.

So far we have just considered an

acoustical resonant system. Now we

come back a stage further, to consider a
mechanical -acoustical relationship. This
rather corresponds-but in different proportions-with relationship between the
vibrating piano string and the sounding

board. The piano string is the basic
driving force, but the sounding board

is the element that radiates sound energy
into the air. Similarly in a loudspeaker,

the voice coil is the basic driving force
but the diaphragm is the element that
radiates the sound into the air. So the
coupling between the voice coil and the
diaphragm has to be considered as part
of a loudspeaker system.
In the preceding discussion we considered the voice coil as if it were rigidly

coupled with the diaphragm, but this
idea ignores the fact that the diaphragm
has to be constructed of some material
which cannot be absolutely rigid. The
diaphragm material itself has mass and
compliance distributed over its entire
surface area, and hence all parts of the
diaphragm do not have to vibrate in an
exactly similar manner.
This means that the diaphragm can
behave somewhat after the fashion of a
transmission line. A driving force is applied at the voice coil end of the diaphragm and is transmitted outwards toward the periphery where the surround

is located. It's true that at the lower

frequencies the time taken for the wave

to be transmitted this distance corresponds with a small fraction of a wave

period. But at higher frequencies an ap-

preciable fraction of a wavelength

is

involved and various cancellation effects

can arise which interfere with the frequency response of the loudspeaker.
For this reason a loudspeaker of good

design has the surround viscously
damped, either by choice of suitable con-

figuration for the surround, or by ap-

plication of some impregnation which
will have the desired effect. This will
prevent such cancellation effects due to
transmission of sound waves to and fro
radially in the diaphragm itself before
they get transmitted to the air in contact with it.
There is another fashion in which the
diaphragm can set up resonances of its
own-by setting up local vibration pat-

terns similar to Chladni figures in a

vibrating plate. At higher frequencies
the coupling of the air load to the diaphragm improves, and for this reason
it is easier for the diaphragm to vibrate
in a complex manner than to follow the
driving force as a single element. In this

case the diaphragm does not have to
move as much air, because parts of it
will be traveling inwards while the

other parts are traveling outwards ; this
enables the air to oscillate sideways
across the surface of the diaphragm instead of having to drive in and out as
a single large mass.
These break-up resonances again depend upon the characteristic mass and
compliance of the material of which the
diaphragm is made. They can, however,
be minimized by attention to the construction of the diaphragm, by the introduction of circular reinforcing indentations into the material, and by other
means. However, as regards our damping feature, the important thing to notice
is this : these resonances occur in the dia-

phragm material itself and cannot logically be damped out either by acoustical
damping in the enclosure or by some
form of damping in the voice -coil circuit, because they take place between the
driving force provided by the voice coil

and the loading force provided by the
air. Nothing beyond these limits can affect the behavior of the break-ups.
Resonances

We have now considered the behavior

of a loudspeaker, from the air column
that it has to drive into the room back
to the voice coil, which so far we have
considered merely as a driving force.
The basic resonance at this point consists of the mass of the diaphragm with
all its appurtenances and some of the air

which moves with it, together with the
compliance of the surround and of the
air in the enclosure, acting as a single
resonant arrangement.
The natural frequency of this resonance is usually somewhere between 35
and 125 cps. varying according to the
particular design of loudspeaker and the
size and type of enclosure used. This is
the resonance about which designers are
concerned when they talk about damping
applied in amplifiers. It should be noted
that this is not necessarily the only resonance in a loudspeaker, but it is the
principal one.
We now come to the point where the
transformer analogy is useful. The voice
coil and the loudspeaker magnet system
constitute an electro-mechanical coupling
unit, the purpose of which is to transfer
electrical energy from the amplifier into
energy in the voice coil.

This part of a loudspeaker is essentially similar in basic principles to an

electric motor, in which electrical power
delivered to the terminals of the motor

be reduced to unity, the Q in the electromechanical system will probably be re-

is

duced from its original value of 10 to

damping is the efficiency of this device
as a motor. If the device were 100 per
cent efficient. then whatever we do to the
mechanical -acoustical part of the system
will be completely reflected into the electrical circuit, as measured at the termi-

mechanical resonance had a Q in the

converted into mechanical driving
power at the motor shaft. A question of
some importance in consideration of

nals of the voice coil. But it
known that commercial

is well

loudspeakers

range up to a maximum efficiency in the
region of 20 per cent, some samples being

no better than 5 per cent efficient. This
means that it is impossible to damp a
diaphragm electrically if it is inadequately damped mechanically or acoustically. It is rather like trying to damp

the piano string by means of damping
applied to the sounding board.
Figure 3. shows the basic view from
the acoustical side of the resonant sys-

tem we are considering. The mass, compliance, and radiation resistance may be

about 8.

Of course, if the original acoustical -

region of 2 or 3 it is altogether possible

that careful attention to the electrical
circuit could adequately damp this re-

sonance, but the value necessary would

still be considerably greater than the

value necessary to produce aperiodic
damping, measuring the resonance as an
electrical one in the voice coil circuit.
The analogy with the transformer is
somewhat reversed : in the case we considered, what appeared to be a shunt -

tuned circuit on the secondary of the
transformer was transposed to an apparent series tuned circuit on its pri-

tro-acoustical mechanisms. The basic
resonance in a loudspeaker is a mechanical -acoustical one, and there is really no
substitute for taking adequate care of this
resonance in the mechanical -acoustical

part of the system.

Secondly, if this resonance has not

been adequately cared for in the proper
place, attempts

to

provide electrical

damping in the voice -coil circuit lead
to conflicting requirements. The usual
method of determining critical damping
is by measuring the signal waveform

across the voice coil, when some kind of
transient is applied. It is true that selection of suitable damping will produce a

condition where the waveform applied
to the voice coil appears to have eliminated the resonance; but this has only

provided critical damping for the equiva-

mary ; in the case of the loudspeaker the
equivalent mechanical -acoustical reso-

lent electrical circuit reflected through
the electro-mechanical coupling of the

transfers to appear as a shunt tuned

driving current in the coil has now had
the effect of resonance eliminated from
it; but it does not eliminate the residual

nance looks like a series tuned circuit,
which the electro-mechanical coupling
circuit in the voice coil circuit.

loudspeaker. This merely means that the

this point. Below this frequency the sys-

its coupling efficiency will usually be

resonance that still may be in the acoustical -mechanical part of the loudspeaker.
The claim has been made that
complete neutralization of the voice -coil
resistance, by making the amplifier look

energy radiated is restricted by the compliance, whereas above this frequency it
is mass controlled and the energy radi-

80 per cent ; consequently damping can,
in all probability, be applied with equal
effectiveness either as a shunt resistance

will show that such a method of damping

regarded as three elements in a series
resonant circuit. More energy can be
radiated at the resonant frequency, because the diaphragm moves freely at

tem is compliance controlled and the

ated is restricted by the mass that the

driving force has to move.
Transferring this circuit back to the
electrical side. however, a transformation
occurs similar to that noted in the transformer. The equivalent circuit looks like
a parallel resonant arrangement in series

with the electrical characteristics of the
voice coil. If the voice coil is locked in
position by wedging it, its electrical impedance is simply the voice coil resistance and inductance. However, when it
is allowed to move in driving the dia-

phragm, some of the acoustical resonance gets reflected into the electrical
circuit, and this appears as a resonant
circuit in series with the voice coil inductance and resistance as shown at
Fig. 4.
Only a fraction of the acoustical values

get reflected into the electrical circuit,
because of the limited efficiency of the
electro-mechanical coupling arrangement. Suppose, for example, that the
coupling efficiency is 20 per cent and

that the effective Q of the mechanical acoustical part of the set-up is around
10 after the loudspeaker has been
mounted in its enclosure. This complete
resonant arrangement will be reflected
into the electrical circuit with its series parallel transformation in the same proportions. So we will have a shunt -tuned

resonant circuit having a Q of 10 in

series with the voice coil resistance and
inductance.

Now assume that we apply something
electrically to this circuit to reduce the
effective Q to the point of critical damping, so as to render it an aperiodic circuit. Looking back from the mechanical acoustical side, only 1/5th of this damping effect will be reflected, so that while

This is not the only difference between

the analogy of the transformer and the
electro-mechanical coupling of the loud-

speaker : in the case of the transformer

reasonably high-probably better than

across the secondary or as a series resistance in the primary circuit. If however the transformer were deliberately

made inefficient, for instance by using an

arrangement where the primary and
secondary coils were removed on different limbs of the magnetic core, the

story would be different, and would perhaps be more analogous to the action of

the loudspeaker. Then it will be found

necessary to apply damping to a second-

ary resonant circuit in the secondary

circuit, because the coupling to the primary circuit would become low and it
would be impossible to damp the resonance adequately in the primary circuit.

This is what usually happens in the

electro-mechanical arrangement of a
loudspeaker.
Conclusions

What conclusions can we draw from
this discussion? First, that it is desirable to damp any resonant system in the
"circuit" where the resonance occurs.
This fact is well recognized in radio

circuitry, but appears to have been overlooked somewhat in application to elec-

Fig. 4. The reflected
due

to

components
the acoustical system

have the same resonant frequency and
Q as the acoustical
system, but scaled
down in value, due
to the inefficiency
of
electromagnetic
coupling with mechanical systems.

like a negative resistance, can remove
all distortion introduced by the loudspeaker itself. The foregoing discussion

cannot damp the break-up resonances
that may occur at higher frequencies, if
design of the loudspeaker has not taken
care of this feature. Nor can it com-

pletely damp the fundamental resonance
if the acoustical -mechanical system has

too high a Q.
Further than this a loudspeaker may

introduce distortion due to nonlinearity
of its compliances, or due to nonlinearity
of the law relating deflection of the voice
coil to applied drive current. This non linearity can be due to nonlinearity of
the magnetic flux in the voice coil air

gap. If there are nonlinearities of this
nature, the loudspeaker driving force
will be nonlinear and the driving wave-

form can be distorted. Application of
what has been called ultimate damping
cannot cancel this kind of distortion.
In this article, the author's objective
has not been to discount completely the
advantages of variable -damping amplifiers but rather to clarify many of the
claims that are currently being made and

to enable readers to assess truly the value
of variable damping and to approach the
problem from a correct understanding.
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the Q of the electrical equivalent may
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Electrical Adjustment in Fitting
a New Output Transformer
If you have to replace an output transformer, it is a good idea to check
up on its performance to make sure that you are getting as much out of
your amplifier as you were before the change. Here are the steps to take.
NORMAN H. CROWHURST

THE OUTPUT TRANSFORMER is usually

one of the more reliable components
in an amplifier but occasionally one
will go bad, developing a short circuit

or open circuit, or maybe just shorted
turns; in which case it becomes necessary to effect a replacement. Often, for
various reasons, an exact replacement
is not available: for example, by the
time an output transformer goes bad it
is quite probable that the particular
amplifier is no longer being currently
manufactured;

however

most

trans-

former manufacturers make quite

a

range of

output transformers from
which it should be possible to select one
having the right nominal ratings to suit
the amplifier in hand.

But the fact that two output transformers have the same nominal ratings,
in impedance ratio, power handling
capacity, and frequency response, is no
proof that they will behave equally well
in the same amplifier. When a substitute
transformer is connected into a modern
feedback amplifier it may oscillate its
head off or it may stay stable, but even
when it is stable it is probable that the
response and other aspects of the performance of the amplifier differ from the
original. So it is well to make some
checks and, if necessary, electrical adjustment to get the amplifier performing
approximately according to its original

not stop the oscillation, try substituting values different from the original
by one or two steps in the preferred

amplifier oscillate (perhaps it would be

lowest amount of distortion you expect
to measure from the output of the amplifier. Then measure the distortion in the
output. See Fig. 1.
Most harmonic distortion meters provide a scope output so that the residual
harmonic can be observed on a scope.
Connect a scope to this. When the harmonic distortion meter is set to the calibrate position, so the scope displays the
fundamental, adjust the scope time base
so that a single sine wave is displayed
on the screen. Then, when you switch
over to measure harmonic, the trace on

that something was different would be
a little more obvious). Usually the dif-

orders of harmonic.
This can sometimes be useful in track-

value range. For example if the original
capacitor was 68 micromicrofarads try

a 100 or 150 and then try a 47 or 33.
Usually one of these adjustments will
make the amplifier stable so that measurements can be conducted.
Tests to Make

In most instances however, the new
output transformer will not make the

better if it did, because then the fact

ference in amplifier performance, caused

by the change in output transformer,
is a little more concealed. So set the
amplifier up with a resistance load con-

nected to the output, in place of the

the scope will indicate the dominant
ing down the cause of distortion, but a
more useful aspect is that it checks
whether the reading obtained is actual
harmonic distortion, or hum. When the
scope time base is set this way, so as

usual loudspeaker, and make the following measurements.

to show only a single sine wave of funda-

Distortion Characteristic

a somewhat distorted waveform and having two or more cycles across the screen.
On the other hand hum is evident by the

Set the audio oscillator to 1000 cps
and if necessary use a 1000 -cps filter
between the oscillator and amplifier to
remove any residual harmonics in the
oscillator.

Use a harmonic distortion

meter to check the distortion present in
the output from the oscillator after

mental, harmonic distortion will show
up as a single trace on the screen, with

fact that the trace is unsteady or a number of traces appear vertically displaced
from one another.
From this it is possible to estimate
how much of the measured distortion is
hum and how much is harmonic. Fig. 2

filtering. This must be less than the illustrates this for a typical case : the

specification.
DISTORTION

If Amplifier Oscillates

If the amplifier oscillates with the replacement transformer, the first thing
to do is get it stable. Try a small capacitor from plate to plate, say 100 micromicrofarads. If this makes no difference
to the oscillation except possibly changing its frequency (if this can be observed), then remove the capacitor and
try changing the value of the phase -shift
capacitor already connected in the amplifier. This is the capacitor connected

across one or other of the feedback resistors.

First try removing it and, if this does
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Fig. 1. The arrangement for making a distortion characteristic. First the waveform
going in, at point 1, is checked, then the output waveform, at point 2. The resistors
R1 and P. form an input attenuator, so the level is not too low measure at point 1,
but is right for the amplifier input at the junction of R1 and R2.

watch the scope on the output as the
frequency is swept way up to 20 or 30

drops the 1 percent point to, say, 47
watts, one has to decide whether or not

kc at full output. See that the output this is acceptable.
If there are no other detrimental efwaveform does not "fold over" anywhere
over the frequency range from 20 to fects from the transformer, the difference between 47 and 50 watts is only
20,000 cps (and higher, if possible).
Square Waves
Fig. 2. How to interpret the waveform
displayed on the scope, when the distortion meter is set to measure harmonic
percentage: this waveform represents a

residual with dominant third harmonic,
higher order components, whose
peak -to -peak amplitude is A; the multiple
plus

trace shows that a hum component
also

present,

of

peak -to -peak

is

ampli-

tude B.

amplitude deviation of an individual
trace, represented by A in Fig. 2, is the
peak -to -peak voltage of harmonic dis-

tortion present in the residual output;
the amount by which the whole trace
fluctuates up and down, represented by
B in Fig. 2, is the peak -to -peak hum
voltage present in the residual output.
By estimating the relative components
of each it is possible to deduce the actual

The last but not the least check to
wake with a new output transformer
installed is on the reproduction of square

fier still performs to specification. In
waves. A suitable square wave can be this case steps are necessary to raise the

obtained from a number of sources. output to the full 50 watts.
Some audio signal generators have a
First check that the transformer ratio
provision for changing from sine -wave
to square -wave output. Another useful
piece of equipment that will give square
waves is the electronic switch used for
providing two displays simultaneously
on an oscilloscope screen : by turning
the bias control over to one side and not
connecting any inputs to the input ter-

is correct for the impedance transformation it is supposed to produce. The formula for this has been published a number of times, also charts to facilitate the

tronic switch.

the next step is to determine where the
loss of power is occurring. First check
that the voltage reaching the plates of
the output tubes is according to specification. If the voltage actually reaching
the plates is lower than the specified
value, but the B+ is correct, this indicates that the primary resistance of the
transformer is higher than the original.
The way to overcome this is to boost
the B+ supply a little. This is not too
easy to do as a rule because amplifiers
usually push the B+ supply pretty well

First check the wave shape of the

square wave going into the amplifier.

actually separate them. Remember that
the voltages combine, for measurement
purposes, approximately on a root -mean -

square basis. So, if the output reading is,
say, 0.3 percent and the values of A and

Distortion

calculations. The voltage ratio can be
readily obtained by measuring the primary and secondary voltages with an a.c.

voltmeter using a steady signal of a
minals, the output becomes a square 1000 cps going in from the audio signal
wave whose frequency can be adjusted generator.
by the frequency control on the elecIf the ratio checks as being correct,

harmonic distortion and hum voltage
separately without the use of filters to

B measured on the scope trace are approximately equal, there will be about
0.2 percent of hum and 0.2 percent harmonics. The harmonic can be plotted in
the form of a distortion characteristic
as at Fig. 3.

0.3 db, which no one is ever going to be
able to detect audibly. On the other hand,
it is just possible that a check is required
for some reason to show that the ampli-

to the limit of the components used.
Most modern amplifiers use a capacitor
3. Typical output 'distortion characteristic, obtained with the method illustrated in Fig. 1.
Fig.

input fitter and a few more volts can
usually be achieved by increasing the
reservoir capacitor value. This however
will often exceed the rectifier dissipation
so that it is necessary to double up on

The next thing to check is the distortion at low frequencies, say 60 cps A frequency of about 1000 cps is satis- the rectifier.
and, if possible, on down to 20 cps. factory for this purpose. Then check
Usually there will be difficulties in using the waveform on the output, first with
a harmonic meter down at these fre- the resistance loud still connected and
quencies, partly because it is difficult to then with a loudspeaker load. With a
get the oscillator output sufficiently free resistance load there should be no apof distortion at these frequencies. However, fortunately the amount of distortion likely to be present under incorrect
operation is considerably greater, so it
is satisfactory to check distortion at the

preciable overshoot or ringing as shown

low -frequency end by looking at the

overshoot or ringing even under this

waveform on a scope.

First check that the input waveform
is a satisfactory approach to a true sine
wave and then look at the output waveform (at full power output).

Another low -frequency defect that

change of output transformer can set
up is low -frequency instability or near
instability. Instability will show up on
the scope by a slow up and down movement of the trace. Near instability will
cause the trace to "bounce" when input
to the amplifier is changed or keyed.
Next make a check of distortion at high

frequencies. Using a sinusoidal input,

in Fig. 4. With a loudspeaker load the
waveform will definitely depart from
square due to the reactances in the load,
but there should not be any appreciable
condition.
Correcting Deficiencies

Having outlined the tests to be made
we will now discuss what to do about
rectifying any faults that show up under
each test in turn.
First, if too much distortion shows up
at mid -frequency: what usually happens

in this case is that the distortion characteristic begins to rise earlier than the
amplifier specification shows, as indicated at Fig. 5. If the original rating at
which 1 percent distortion shows is 50
watts and the replacement transformer

(C)

(D)

Fig. 4. Typical waveforms associated with
square wave testing: (a) the input wave;

(b) a typical wave when there is excessive ringing; (c) a waveform like this,
with a resistance load on the output. is
acceptable, and should be the target; (d)
when the loudspeaker is connected, the
waveform should be something like tiis.
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If, for example, a 5U4 rectifier is used,
it would be advisable to use two 5U4's in

checked by the method described in the

parallel with twice the reservoir capacitor. This means an additional filament
supply for the second 5U4, which will
have to be provided by means of a separate filament transformer-using resistance in series if a 6.3 volt transformer
is used with the 5 volt filament, to adjust
the actual filament voltage to exactly 5
volts. This is shown in Fig. 6. Also watch
that the voltage rating of electrolytics is
not exceeded in making this change. Use
new components with higher rating, if
necessary.

If the plate voltage is not lower than
the schematic indicates and the B+ is
normal, it may be that the resistance of
the seeondary winding is too high, causing loss of some of the power. This can
be checked by transferring the resistance
load from secondary to primary. Obtain

a plate -to -plate resistance of the rated
loading value and sufficient dissipation
and connect this across the primary side
and again make measurements of power..
This will check whether the loss is in the
transformer windings or not.

If it is not easy to make this check
because suitable resistances are not at

hand, it is .probably hardly worth going
to the trouble of getting resistances, because there is little you can do about it
except obtain another transformer. Do
not try boosting the B+ voltage in this

the output tubes and, as stated earlier,
the loss of 3 watts in 50 is quite unimportant anyway.
Inadequate Inductance
If distortion shows up at low frequen-

cies the most probable explanation is
that the output transformer has inadequate magnetic core to sustain the low frequency amplification without running
into saturation. However, as explained
in the previous article, distortion at low
frequencies is not always due to saturation of the core.

It can also be aue to inadequate inductance of the primary. This can be

Fig.

5. Typical relationship between the

published

specification for distortion
characteristic, and the measured figures,
when the new output transformer has resulted in loss of efficiency, due to some
cause that should be identified.
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previous article, and if the waveform
displayed proves that the trouble is due
to deficient inductance rather than saturation, it is possible that a change in
output loading may improve the performance at the low -frequency end. It
will, of course, deteriorate the maximum
output power throughout the whole frequency range.

The instability or near instability
also due to difference in primary induct-

ance. It can sometimes be rectified by
changing coupling capacitor values in
the amplifier. The only way to work out
positively what correction is required
here would be to calculate out the stabil-

ity criteria-equivalent to complete design! Trial and error approach is usually quicker.

If the output- transformer comes with
4-, 8-, and 16 -ohm taps try connecting an

8 -ohm load first to the 4 -ohm tap and
then to the 16 -ohm tap, to see whether
the distortion changes at low frequen-

Fig. 6. Additions necessary to typical amplifier to boost B+ voltage. The extra

components are shown in heavy lines.
The extra capacitor should have the same
value as the original C1. Check that ratings are not exceeded.

cies, as compared with the distortion
turnover or clipping point at middle frequencies. If so, it is possible that use of
the amplifier with deliberately incorrect
loading of this nature may produce better results.
However, before deciding to do this,
check the distortion characteristic with

the solution is to change the connection

from the primary: connect the plate
leads to the opposite output tubes; in

this way the secondary connection can
also be reversed in phase and this wiK
usually obviate the effect. In an Ultra the changed load at the middle fre- Linear output stage, the screen leads
quency: you may find it better to live must also be changed when the plate
with the low -frequency distortion, or you leads are reversed.
may try for a better transformer.
High -Frequency Distortion

Ringing and Overshoot

The commonest and most important
Next, if you get distortion at high fre- effect that the change of an output transquencies, it is probably due to some kind former can have on the performance of
of resonance in the output transformer an amplifier shows up on the squarethat should not be there. The straight test. You may wonder why this test was
resonance between primary shunt capaci reserved till last. The reason is that if
tance and leakage inductance may mod- any adjustments have to be made to
ify the frequency characteristic and the satisfy the other conditions the square performance on square waves, but it wave performance will also be modified.
should never prove sufficient to cause If adjustments were made at the outset
distortion of the fold -over variety at to correct the performance on square
the higher frequencies.
waves and then other adjustments prove
Where this occurs it is probably due to necessary to eliminate distortion at low
primary -to -secondary capacitance intro- or high frequency it would only be necesducing a resonance. This is unlikely to sary to conduct the square -wave test all
occur in a transformer with a secondary over again with further adjustments.
impedance no higher than 16 ohms, but This was reserved till last so that when
some output transformers provide for this test is made and the circuit modified
constant -voltage -line distribution with a as necessary the amplifier is complete.
higher impedance output-say 500 ohms.
Ringing or overshoot on the output
Effective capacitance between the pri- under this test shows that the amplifier
mary and this winding can cause trouble has a tendency to peak at some superin a modern feedback amplifier.
sonic frequency. The remedy is the same
Usually some point on the secondary as that described for oscillation at the
has to be grounded as part of the feed- beginning of the article, but more careback arrangement. The point to be ful adjustment is necessary to eliminate
grounded will depend upon the phase of overshoot or ringing than just to kew
signal. Usually the capacitance between the amplifier stable.
primary and secondary causes distortion
First try the effect of different capacibecause the wrong point on the secondary tors across the primary of the output

is grounded. If we ground a different transformer. If any capacitance at all
point on the secondary, however, the across the primary increases the overfeedback will be in the wrong phase, so shoot or ringing then don't connect any.

If thd connection of capacitance across
the primary tends to minimize the overshoot or ringing then choose a value that
produces a minimum overshoot without
causing a rounding of the wave.

alone will have to be relied upon to pro- arrangement itself. It may be necessary
duce the best compromise. Where capaci- to reduce the over-all negative feedback.
tance across the transformer primary However this is a little undesirable be-

across the transformer primary exaggerates the effect, the phase -shift capacitor

excessive. Under these circumstances the back on the outer loop.
To achieve this the feedback resistors
only solution is to change the feedback

improves the situation, various values cause it will result in slightly greater
can be tried in both positions to see distortion, because the over-all feedback
Usually the matter cannot be com- which combination produces the mini- reduces the distortion present in the output. But if the amplifier employs two
pletely rectified just by capacitance on mum overshoot or ringing.
In some instances it will not be pos- feedback loops as many modern amplithe primary of the output transformer,
so the next step to try is adjustment of sible to produce a satisfactory waveform fiers do, it may be possible to introduce
the phase -shift capacitor in the feed- by any combination-always the over- a compromise by increasing the feedback
back loop. Where any capacitance at all shoot or ringing seems to be somewhat in the inner loop and reducing the feedin the outer loop need not as a rule be

changed, because increasing the feedback
in the inner loop alters the effective gain

in the outer loop and so automatically

H

reduces the feedback in the outer loop by
34 db

18 db

GAIN

GAIN

26 db FB

approximately the same amount as the

7. Block schematics illustrating how inner loop feedback is increased. Figure
the distribution of feedback can be modi- 7 illustrates this. Do not try to vary this
fied in a two -loop feedback amplifier:
Fig.

the original amplifier (A)

the

inner more than about 3 to 6 db from the origi-

6

in

_I 12 db

loop gives 6 db feedback, with an attenuation in the feedback of 12 db across a
gain of 18 db; this gives a resultant gain
of 12 db; the over-all gain is controlled

nal operating condition. Even this much
may sacrifice some of the available power
output, due to the fact that the operating
levels in the amplifier are disturbed and

feedback. By increasing the inner -loop
feedback to 10 db (reducing the attenuation in the feedback path from 12 db to
8 db), the output section with feedback
now drops to 8 db gain (B), and the
over-all gain is now only 34 8 = 42 db.
As a result, the outer -loop feedback is
now 22 db instead of 26 db. These figures are approximations based on the
formula A = 1 B, which is not too accurate here; in practice there would be a
change in gain of 3 db feedback on the

It may be well in conclusion to stress
the significance of an error that has been

ATT.

chiefly by the 20 db attenuation in the the same maximum levels cannot be
over-all feedback; with 34 + 12 = 46 db achieved to produce the full output of
total forward gain, this loop gives 26 db the amplifier.

20 db
ATT.
(A)

34 db

18 db

GAIN

GAIN

'

22 db FB

10 db FB

8 db
ATT.

20 db
ATT.
(B)

made more than once on this job. A
transformer can fail to give good results
because it is too good for the amplifier.

If the amplifier was originally built
round a low cost transformer, it will
seldom work as well with a higher quality

job. So don't make the common mistake
of concluding the transformer is not up
to spec. After some careful adjustments
inner loop and of about 2.7 db on the
outer loop, leaving a net change of about in the manner outlined, you will have a
0:3 db (lower). A slight reduction in better amplifier.
outer -loop feedback could offset this.

ARE YOU A

0I 0P 9*

If you're interested in high fidelity music reproduction...if you really
want to be a V.I.P.*, knowledgeable in the newest developments in the

field of audio and high fidelity...then you should read AUDIO - the
original magazine about high fidelity. Subscribe today - and, save
money too!
Enjoy AUDIO for a full year for only $4.00#
Three Years...$10.00#
Two Years...V.0W
Send order and remittance to Department AN -4

Radio Magazines Inc., P.O. Box 629, Mineola, New York
Mailed postpaid in the U.S.A. and Canada. Foreign subscriptions are: $5 for
$10 for 2 years; $15 for 3 years.

*V.I.P. 1

year;

Very Informed Person

57

Which Tube Shall I Use?
GEORGE FLETCHER COOPER

The author presents a lucid yet simplified description of the use of tube characteristic curves
for the selection of the proper tube, from the standpoint of distortion, for a given application.
is

discussed in Ternian and I do not

propose to look it up and copy it down.
IAM ALWAYS READING, and for that A more sophisticated designer will go on
matter writing, articles on how to to worry about grid -plate capacitance,

design this and that, especially in the usual limiting factor in designing

the way of audio amplifiers. My staff of narrow -band r.f. amplifiers. And then
trained statisticians estimates that if all -but we are, for now anyway, audio

the audio amplifiers which have been designers. What are we to dot
designed were set to operate at full
The basic problem of the audio deoutput simultaneously, one in four of signer is to get gain without distortion.
the population would be off to have As you all know, you can trade gain for
their eardrums pierced. One thing, how- distortion by using negative feedback
ever, is scarcely mentioned: although I and you can also trade distortion for
explain why I take feedback round gain by using positive feedback. Not
from end to beginning, and my friend X surprisingly, the bigger the deal the
tells you why he uses only local feed- bigger the headache. Ideally each stage
back, we rarely explain why we chose of an amplifier could then be used to
to use a particular tube in a particular maximum effect, but this really does
place. Oliver Heaviside said somewhere, involve quite a design job.
"Even Cambridge mathematicians de-

serve justice," so I must rapidly plead Tube Data
that we do usually tell you why we
we need in making our choice
chose our output stage tubes. My own ofWhat
tube
type
some fairly simple cripersonal choice for the 20-100 watt out- terion. In theisold
the tube makers
put stage is the EL34, even if it is a gave us a short setdays
of
tube
little harder to get than old faithfuls and a couple of circuits alldata, curves
like the 6L6, just because I have found small sheet of paper: now on a single
no self-reit very easy to drive. Maybe some of the
specting
manufacturer
would
out
newer tubes are even easier, but at the data sheets weighing less thansend
the
tube
moment I have no reason to try to find itself. What we need to do, therefore, is
out.
find some way of summarizing this
The tube at the front end of the to
information
into a form suitable for easy
amplifier may choose itself, too, espe- comparison between
tubes.
cially in portable equipment. My own
Most
of
the
vital
statistics
of a tube
personal feeling is that microphony is seem to be included, for our purposes,
best treated by using the tube you like in a single curve. This is the
curve of
in its ruggedized version and providing transconductance

against bins. From
this curve we can derive a whole mass of
hum is rarely troublesome if the heater other information, and we
can also just
line is lifted up to about 20 volts above
plot
the
curves
for
several
different
tubes
ground and is
some mechanical anti -shock system, while

in the cathode resistor, the bias is held
constant by a large decoupling capacitor
and the grid is returned through a high
resistance to ground. 1 is just the plate
current with no signal applied. To find
the transconductance we differentiate,
giving

a/
aeg

g, =a+ 2t3e0+ 3yegi + .

.

.

(2)

Of course we normally consider the
transconductance to be the limiting value
for very small signals, so that actually
a is the transconductance given in tube

data.

In Eq. (2) we have written down:
dl g
de =

This is just the same as writing down
Iv=f9maep

provided we put in the proper limits.
We know that if e9 = es,., the cut-off
voltage, we must have 1,, = o and if e9 = o

the plate current is 1o. Then
10=

o

grant',"

gr

As I hope you remember, this is just

the area under the g,,, - e9 curve, the
area shown shaded in Fig. 1. Therefore

we can tell the price we must pay in
plate current for any particular trans -

conductance, and thus for any particular
gain. The area under the curve, if it is
of the form shown in Fig. 1, is most

kept balanced. I am
the same sheet of paper without gettempted to rectify the heater supply on
ting
into too much of a muddle. For
rather than use special tubes, but so far

I have never been that desperate. As a some reason the textbook writers have
taken to this rather simple apresult I am pretty free to choose the never
proach so that it is not nearly as widely
tubes right through the amplifier. There known
as it deserves.
are some special considerations to be
First
of all, let us assume that we
taken into account which will not affect
are
working
with pentodes. Then the
most readers: when you are working on
a whole range of equipment, spares in- characteristics of the tube are, for all
ventories must be remembered or you practical purposes, independent of plate
We write down the plate current
find you need more space for spare load.
Ip
as
a function of grid voltage:
tubes than for the operating installation.
/g = + aeg + f3e0° + yet,* + . .
Designers of studio -frequency ampli(1)
fiers usually adopt a figure of merit
In this expression e9 is measured from
based on the ratio of transconductance the normal working point and
represents
to capacitance. Just how you combine the input signal. This corresponds
input and output capacitance depends the practical arrangement in which to
the
on the interstage coupling circuit. This cathode is biased positive by the drop
.
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1. A typical curve of tronsconductonce against grid voltage. At P, the
working point, the grid voltage is taken
to be zero, AO being the voltage of the
cathode above ground. C is the cutoff
point. The area shaded is the standing
Fig.

plate current.

It is worth while also working out
what the distortion actually is: for our
three tubes under the conditions given
we have:

easily found by calculating the area of
the triangle C'AP and then either counting squares or making a rough estimate
of the area of the small wedge on the
left. Remember, when doing this, that
the average tube tolerances are quite
large and do not, I beg you, try to work

g/4a X 100=2nd harmonic distortion hi per cent
1. 6AU6 (0.7/14) x 100= 5.0
2. 68A6 (0.5/16) x 100 = 3.12
3. 6857 (0.275/8) x 100 = 3.44

to 1 per cent, or even 5 per cent. It
just doesn't mean a thing!
What else can we find out from this
graph? Well, let us look again at Eq.
(1), and assume that ep= e cos wt. It is,
by the way, always a good thing to use
cos wt rather than sin wt in harmonic
calculations, because then there are no
minus signs to make the expressions
more awkward. Sinee ep= e cos tot, we

This shows us that we are favoring
the 6BA6 for both distortion and gain.
It also gives us some numbers to compare with the distortion in other parts
of the amplifier, so that we can decide
Fig. 2. A signal drives the grid to a peak

distance of e volts on either side of A,
the reference point. The transconduct-

once varies from a -g to a + g.

have

e r=e' cos'

tut =

2-

the second harmonic to the fundamental

es (1 + cos 264)

becomes g / 4a.

and
cps = es cos' wt =

1

es (3 cos wt + cos 30).

Equation (1) therefore becomes:

4= +

+

(a + Tye') e cos wt
1

1

+-2 Des cos trot +-4

ye' cos 33t +... .
(1.1)

It is, of course, very easy to find this
just by looking at the tube characteristic.

We want to have the largest gain,
that is the largest value of a, for the
smallest value of distortion, which in
this case means the smallest value of
g / 4a. If we take gain/distortion as a
figure of merit we have a'/4g, or since
we are always comparing tubes and need

not keep dividing everything by 4, we

have a2/g as a gain/distortion figure

This equation is correct as long as
we are justified in neglecting anything

of merit.

above the third power of e9. Already,
as you see, the steady component is
affected by the y term and the fundamental is affected by the ft term. These

Practical Example

interactions are actually intermodula-

tion effects in which the signal mixes

with its own harmonics to produce other
harmonics. The more terms we take, the
more likely the editor is to say he
doesn't like mathematics!

If we simplify Eq. (/a) rather more
by assuming that y is zero, which means

taking only second harmonic into account, and then turn to Eq. (2), we
have

g,= a + 2Sep.

(2a)

Now let us differentiate this, giving

dg,=
de,
This means that 13 is a measure of the
slope of the transconductance character-

istic. The ratio of second harmonic to
fundamental in the plate current is
2fie'

/ae = ei3/2a

Let us look at Fig. 2, which is really

only a part of Fig. 1 redrawn. The

signal drives the grid alternately to the

right and the left of A with a total

range of 2e (i.e. the peak -to -peak volt-

age). At P the transconductance is a,
but the range over which the transconductance varies is 2,. The slope of the
transconductance curve is thus 29/2e =
g/e. But this, we have just seen, is 20.
Hence we have g = 2fie and the ratio of

At this point we should, I suppose,
look at some typical tubes. Skimming
through a tube handbook I have picked
out three tubes and have replotted their
characteristics on the same scale, together, in Fig. 3. Choosing a working
point at a bias of -1.2 volts and assuming a swing of ± 0.4 volts, we have for
these three:

if this is our critical point or if we

should be spending more time worrying
about another stage.
Triode Considerations

We have now seen how to assess a
pentode stage for its second harmonic
distortion. Suppose, however, we are
triode users. The answer then is, I'm
afraid, it all depends on the tube maker.
I have found one who provides me with
curves of transconductance vs. grid volt-

age for three different plateloads, for
12AT7, anyway. Sometimes you
only get curves of p. and rp. When that
the

happens you have to do rather more
work.

The gain of a triode stage is
iatt,/(rp + Rz)
so that the effective transconductance is
11/(r,, + R L). It is tedious but not exhausting to tabulate p. and 1.9 for different values of ep, then add RL to each
r') and then work out this effective trans conductance. To bring triodes into our

general net we must do this. I think it
is worthwhile, just because one unified
approach does save quite a lot of thought

and effort in the long run.
While we are talking triodes let us
deal with the effect of a local feedbabk
17.5
1. 6AU6
loop. This is long -hair language for
32
2.68A6
leaving the cathode resistance without
14.5
3. 6857
It would appear, then, that the 6BA6 decoupling. (By the way, just what is
has the highest figure of merit, and that the difference between the long -hair apa ( footmen- 1g (see
Flg. 2)
ductance
1.4
3.5
1.0
4.0
0.55
2.0

atig

the low -gm tube, the 6BS7, although it
produces less distortion than the 6AU6,
does not pay off because it is better to
accept the distortion for the sake of the
extra gain.
One thing will be noted, however. The

(1) 6AU6 AT V92 = 100

6BA6 curve is everywhere above the
6AU6 curve and in fact the current
taken by the 6BA6 is about twice that
taken by the 6AU6. We really should
carry out another check of this sort,
based on equal plate currents. Then we
look at our particular problem and
decide whether economy in current is
important. Very often it is, even if only
because it becomes easier to decouple

(2) 6BA6 AT V92 = 100

the early stages from the power -supply

disturbance originating in the output
stage. In portable equipment every milli-

ampere adds ounces to the weight of
the smoothing components.

Fig.

3. Comparison of three tube types

operating at - 1.6 v. bias with a grid
swing of t 0.4 volts.
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100 .. 200 ohms, so that g,,,,. = 5.0 ma/v
and we can plot this point. By working

out a reasonable number of values in
this way you can quite easily sketch in
the curves shown in Fig. 4. You can do
this for a pentode on the ordinary transconductance curve, and for a triode on
the effective transconductance curve described earlier in this article.
There is

a rather interesting thing

which appears if you draw out this set

of curves very carefully, very large.

When you work out the figure of merit
for a swing from eg=o to e9=- 2.5 for
the tube alone and for the tube with a
100 -ohm cathode resistor, there is a small

Fig.

5. From the deviation of the trans -

advantage in favor of the tube alone. It conductance curve from a straight line
-the chord AB-we can find the third
is less than 10 per cent better, which
harmonic distortion.
not very much, of course. But the feedback does not quite reduce the distortion in the same proportion as it re- viously, the third harmonic.
The transconductance curve contains
duces the gain. Just why this is so is a
rather complicated question which I information about this third harmonic.
I am not going through the mathematics
hope to discuss in another article.
Another point about the RR =100 and in detail, because it is rather lengthy
RK = 200 curves of Fig. 4 is that they and can be regarded as an exercise for
are not, like the tube transconductance the enthusiast. The practical result recharacteristic, straight lines. Of course quires us to refer to the idealized charof Fig. 5. Having chosen our
the practical tube transconductance it- acteristic
working
point P and the maximum
self would have some curvature, but signal amplitude ± e, we draw the chord
adding the feedback seems to introduce AB across the transconductance curve.
some extra curvature. The result is, in At P the transconductance is a. We
fact, to add a third harmonic term. measure the distance PC which we call
Physically this is produced by a mecha- 8. For any input of less than er say e
nism of the following kind: we apply a volts, the third harmonic distortion is

WHICH TUBE?

cosine wave to the grid and produce
some second harmonic in the cathode

(Continued from preceding page)

current. Because the cathode resistor is
not decoupled the cathode voltage contains a second harmonic term. Between
grid and cathode, then, we have a signal
containing both fundamental and second
harmonic. The tube now acts as a mixer,

proach and the egg -head?). We know
that the gain of the stage becomes
p.Rd[RL + rp(p.+ /)/tir]
and we have already decided that
p./(RL + rp) was the effective transconductance, which we will call g,. So the

eP

I am not going to apply this to the
curves of Fig. 4, because it takes pretty
accurate drawing. Looking back to our
second harmonic expression g/4a we see

that if 8=g/12 the second and third
to produce terms of the (2f + f) and harmonics will be equal. You need to
(2f - f) kind, of which the first is, ob- look pretty closely to check on the third
harmonic.

I think we can now get a rough idea
of when local feedback will really be
profitable. Most tubes tend to have

gain becomes:

transconductance characteristics which

sag below the straight line I have been
drawing so glibly. A little cathode feed-

+1

RL/ (-+1 -RK
9m

back produces a curvature in the opposite direction. By careful choice of

always big enough for us
to take (IL+ ./)i.s. =1. After all we shall
Now R. is

the cathode resistor you can get a pretty
good linear characteristic and then, go-

probably use 20 per cent tolerance com-

ponents for RK. We thus have a new

ing push-pull, balance out the second
harmonic. I remember that this worked

transconductance, the effective feedback
transconductance g,f, which is given by

/

out very well indeed with the 5763,
though I have no figures at hand now

1

-=-+gm Rlf

to show the improvement.
Some readers may feel that all this is
just a paper exercise. Maybe so, if you
can afford to buy the wrong tubes. But
if you want to get the best performance
out of something you design yourself it

9m1

Let us look at Fig. 4. To make the
work easier I have drawn a straight line
g,,, characteristic and I have marked the

g, axis in the values of 1/9m. Thus at
eg= o the g,,, is 10 ma/v, and 1/g,=1011

ohms. If we consider the effect of

a

cathode resistance of 100 ohms the value

of 1/g,, is clearly, at this point, 100 +
60

a

Fig. 4. The construction of these curves

is described in the text.

is worth -while to sit down for a few
hours and think before you put your
money on the counter.

Understanding Intermodulation
Distortion
MANNIE HOROWITZ
The author explains the meaning of the term "intermodulation distortion, and describes methods of measuring it. Anyone comparing amplifier specifications is likely to encounter the term, and many want to know what it means.
a

IN PRE-WAR DAYS, when a music lover

referred to high fidelity, he would

tf,

discuss the frequency response of his
amplifier and the associated equipment.

'T

a3
z

Just after the end of the war, high

D

fidelity achieved a broader meaning. The

frequency response was still important.
Harmonic distortion was, however, the

!Pr" Viol

good an amplifier really was.
Amplifier designers were not satisfied
with this for long. They found that there
was little correlation between frequency
response, harmonic distortion, and the

this type of distortion had to be extremely bad to be discernible during the
playing of musical passages.

SMALL

MODULAT ION

nwiltolltrom

significant factor in determining how

listener's approval or disapproval of a
particular high fidelity setup.
Some of the experts turned then to
phase distortion. This type of distortion
exists when it takes longer for an audio
signal of one frequency to pass through
an amplifier than a signal of another
audio frequency. It was soon found that

LARGE

MODULATION

Fig. 3. Wave form of a modulated signal.

2. A sine wave applied to a non-

Fig.

linear portion of the tube characteristic.

tion, IM is due to the nonlinear characteristics of the vacuum tube. This non linearity is shown by the curves which
describe the operation of these tubes. If
a curve for the 12AT7 were plotted, assuming a load resistor of 30,000 ohms
in the plate, the resultant nonlinearity

would be obvious, as in Fig. 1. It can be
seen that a change of -2 volts from the
operating point, -3 v., to -5 v. in grid

potential causes a change of 2.4 ma in
plate current, while a change from -3 v.
to -1 v. causes a plate -current change

of 2.7 ma. If the curve were linear,

a grid voltage change of 2 volts either
way would indicate a plate current
change of 2.7 ma either way. If a 4 -volt
peak -to -peak sine -wave signal were ap-

It was soon found that intermodulation distortion (abbreviated IM) was
closely related to the degree of unpleas-

High frequency superimposed on

low frequency at tube's output.

antness of sound reproduction to the
human ear. Various methods were de-

-

vised to measure the IM distortion factor

8me
I

1

6ina

in amplifiers. Acceptable standards of
measurement were set up by at least one
organization-the Society of Motion Picture and Television Engineers.
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Non -Linear Tube Characteristics

se

Just as in the case of harmonic distor-

1WIf 17

11ft

Resulting high -frequency amplitude variation
due to modulation by low frequency.

Fig. 1. Typical grid -voltage plate -current

characteristic curve. A plate load resist-

ance of 30,000 ohms and a supply of
300 volts is assumed for the 12AT7.

Fig. 4. Result of feeding two signals of different amplitude to the curved portion
of the 12AT7 curve.
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plied to the grid circuit of this tube, one two frequencies are known as the sidehalf would be amplified more than the bands.
other half, as shown in Fig. 2. This disThis same principle of modulation
tortion of the original shape of the wave with sidebands is once again used in
of this signal is due to the nonlinear every superheterodyne radio receiver.
characteristic of the tube.
The 1000 kilocycles (1,000,000 cps =1000
Harmonic Distortion
kilocycles) arriving from the radio staA wave of any shape-square, saw - tion is mixed with 1455 kilocycles (kc)
tooth, or even the distorted wave due created by the local oscillator in the rato the nonlinearity of the tube charac- dio. The result is the creation of the sum
teristic-is made up of the slm of many frequency, 2455 kc, and the difference
sine waves. The distorted wave above frequency, 455 kc. Only the 455-kc side contains not only its original frequency, band is amplified by the i.f. amplifier
known as the fundamental, but also nu- with the 2455-kc sideband being dismerical multiples of that frequency, carded. This process of mixing of the
which are the harmonics. Thus if a 350 - two signals by the first detector in the
cps wave were somehow distorted, it radio is accomplished because of the
would consist not only of the fundamen- nonlinear action of this first tube. If this
tal 350 -cps wave, but also of components tube were perfectly linear as far as its
of 700, 1050, 1400 cps, and so on. These input voltage -output current characterisadded frequencies, referred to as the tics were concerned, there would be no
second, third, and fourth harmonics re- mixing and no 455-kc sideband.
spectively, usually have smaller amplitudes than the fundamental. Adding all Intermodulation Distortion
these harmonics together, in the proper
Extending this theory of modulation
amplitude proportion, will give the origi- to audio equipment, the mechanics of
nal distorted waveform.
intermodulation distortion become obviA pure sine wave consists only of the ous.
fundamental, with no harmonics. ThereIn music, there is always more than
fore it is said to have 0 per cent har- one frequency present. Assume
in the
monic distortion. A distorted sine wave simplest case, that there are only two frecontains a certain amount of these har- quencies available -100 -cps and 5000 monics. The percentage of harmonics in cps. If the amplifier were perfectly linany wave determines the harmonic dis- ear, there would be only two frequencies
tortion, which is expressed in per cent. coming out of the unit -100 and 5000
Obviously, an amplifier with a minimum cps-neither one of which would be
disof added harmonics due to nonlinearity torted or mixed in any fashion. Howis preferred to one with a large number ever, if the amplifier were not perfectly

would narrow down the intermodulation
distortion components considerably.
These components can be further nar-

rowed down when it is observed that
higher order sidebands and harmonics
are outside of the audio range of 20 to
20,000 cps. For this discussion, it will be
satisfactory to use the two fundamentals

and their sidebands as the sole factors
contributing to intermodulation distortion. In the meantime, it should not be
forgotten that this all encompassing feature of IM is that it gives excellent correlation with listening tests.
The exact process for the creation of
a variation in the amplitude of the high frequency wave due to the modulation
bytt lower frequency can be seen in Fig.
4. Here, the high frequency is superimposed on the lower frequency in the grid
input circuit. Due to the nonlinearity of

the grid input voltage to plate output
current characteristic, there is a varia-

tion in the high -frequency amplitude in
the plate circuit of the tube. The result-

ant amplitude of the high frequency
component is shown below the output
wave as a modulated signal. The analysis of this signal is indicated under
MODULATION above.
Testing for Percentage IM Distortion

There are two general standard methods used for measuring intermodulation
distortion. The first, known as the
SMPTE method (Society of Motion Pic-

ture and Television Engineers) mixes
two sine waves in an ampliifier. A low
cps and the 5000 cps would mix, modu- frequency, ranging from 50 to 100 cps
late each other, and there would be the is mixed with a high frequency of about
addition of the sum and difference fre- 7000 cps, and fed together into an amplithem for the finished output.
quencies, namely 5100 cps and 4900 cps. fier. The ratio of the amplitudes of the
Modulation
The amount of these sum and differ- lower frequency to the higher frequency
To the radio man, modulation is not a ence frequencies present would consti- is fixed at 4: 1. The resulting degree of
new concept. The radio station sends out tute the percentage of intermodulatiou modulation determines the percentage
a modulated signal (Fig. 3).
distortion.
of intermodulation distortion present
of these generated components. Since
these harmonics were not present in the
original sine wave fed into the unit, it
is undesirable for an amplifier to create

When an amplitude -modulated signal

linear-as is usually the case-the

100

However, this distortion goes one step

in the amplifier under test.
A second method in use is the CCIF
there is also harmonic distortion present. test (International Telephonic ConsultaThus not only are there 100 cps and its tive Committee). Here, two signals of
harmonics such as 200, 300, and so on; equal amplitude are fed into the amplinot only are there 5000 cps and its har- fier under test. The two signals have a
monics such as 10,000, 15,000, and so on; small difference frequency such as 100
but there are also the sum and difference eps. Thus these signals can be 7000 and
frequencies of these harmonics present 7100 cps or 8300 and 8400 cps, and so
to add more to the intermodulation dis- on. The resulting difference frequency of
tortion.
100 cps due to non -linearity is the measThis process finally ends with the side ure of the percentage of intermodulation
bands, their harmonics and side bands, distortion.
and the harmonics and sidebands of evBoth methods of measurement are useery conceivable combination outlined. ful in their own spheres.
The intermodulation distortion is a
Amplifiers exhibit different amounts of
check on the percentage of all these un- nonlinearity at different parts of the
desirable frequencies present in the out- frequency band. Since the CCIF method
put of an amplifier due to the existence measures the low -frequency distortion
of the two original signal frequencies. component due to the distortion in the
This is not as unwieldy as it might higher frequencies, the nonlinearity at
originally seem. The higher harmonics these higher frequencies of the audio
usually have small amplitudes and may spectrum is observed here.
be considered negligible. This by itself
The SMPTE method utilizes a strong

is analyzed mathematically, it can be further. Since the amplifier is non-linear,
seen that it consists of a high -frequency
carrier, such as 1,000,000 cps with an
audio signal, such as 400 cps, changing
the strength or amplitude of this carrier.
The result is a 1,000,000 -cps wave vary-

ing 400 times a second in amplitude.
When the variation of the 400 -cps is
great in amplitude, the peaks of the
1,000,000 -cps carrier are greater; when
the 400 -cps modulating signal is low in
amplitude, the carrier varies to a smaller
degree. This is the method of transmitting audio waves by radio through the
use of high -frequency carriers.
It can also be found that there are new
frequencies created due to this variation.
Not only are the 1,000,000 cps and the
400 cps being transmitted, but there are
also sum and difference frequencies present. Thus, due to this modulation, four
frequencies are present -1,000,000, 400,
1,000,400, and 999,600 cps. These latter
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low -frequency signal and a weak high frequency component. The difference frequency is of a high order of magnitude.
Thus, this method will indicate the effect
of low -frequency nonlinearity on a high
frequency.

eararmee

Equivalent Sine Wave Power

This derivation assumes the use of the
SMPTE method where two signals with

60 -CPS SINE WAVE SIGNAL

14* (FROM OSCILLATOR

amplitude ratios of 4 to 1 are used.

Assume a signal of 1 volt is superimposed on a signal of 4 volts. The peak
voltage applied would then be 5 volts.
(See Fig. 5.) Since power is proportional to the square of the voltage (P

E2/R), the equivalent power output is

kin
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5. Waveform of a 1 -volt high -fre-

quency signal superimposed in a 4 -volt
low -frequency signal. This is the usual
form of intermodulation test signal.

proportional to (5/4)2 times the power
at the 4 -volt output.

SET LEVEL

VTVM OR
EQUIVALENT

(PO

The real power output is not the peak
power. Both frequencies deliver their in- Fig. 6. (A) Arrangement of generators and amplifier for making IM tests. (B) Simplidividual amounts of power to the ampli- fied schematic of IM analyzer. The percentage of IM distortion is equal to 100 x (out-

fier's output. The true power output is

put voltage set -level voltage).

actually the sum of the powers delivere('

by each frequency component. In th case, the output power is proportional
to (4 volts)2 + (1 volt)2.
However, distortion refers to the peak

power output which is proportional to
52. The ratio of the peak power to the the audio amplifier are the two signals
actual power is 52/(42+ 12) = 25/17, or modulated, with the amplitude of the
1.47. Thus to find the peak power, the high -frequency signal varying in accordactual power indicated on the meter ance with the low frequency. The highwhen making the intermodulation test pass filter in the analyzer eliminates the
is multiplied by 1.47. Amplifiers are low -frequency component and passes
rated at this peak power, commonly only the high frequency which has a
called "Equivalent sine -wave power." low -frequency
variation
amplitude
This refers to the power in a sine wave caused by the distortion in the amplifier.
signal whose peak voltage equals the This modulated signal is used to set the
peak voltage of the IM signal.
reference voltage level for a vacuum -tube
voltmeter. The modulated signal then
Typical IM Analyzer

passes through a detector similar to that
Figure 6 shows a theoretical schematic found in a radio receiver. The resultant
of an IM analyzer and the method by signal is the low -frequency component
which originally modulated the high
which it operates.
(A) shows two signals having an am- frequency. The low-pass filter bypasses

plitude ratio of 4: 1 combined and fed any of the high frequency left after deinto the audio amplifier. Coming out of tection, with the result that only the

modulating low -frequency component is
left. This component is a measure of the
actual amount of intermodulation distor-

tion created by this amplifier. Feeding
this signal to the VTVM, and comparing

this with the original amplitude of the
modulated signal, indicates the percentage of intermodulation distortion.

To specify IM distortion by itself is
not enough. The method used for testing

significant. IM distortion measured
by the SMPTE method below about 2
per cent cannot readily be detected by
the ear. Valves measured by the CCIF
method can not be related directly to
those obtained by the SMPTE method.
To describe fully the distortion present
in an amplifier, both tarmonic and IM
distortion tests should be made.
is
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The Sad Tale of

Half -Watt

a

Resistor
OR

What a ten -cent component can do to your hi-fi ambitions.
WALTHER RICHTER

to output is usually essentially deterRecently an amplifier available in kit

form had been assembled, and it
was decided to check the actual
performance against the specifications.
This particular power amplifier is highly
regarded by Hi-Fi enthusiasts, and had
received quite favorable reviews and
test reports. The amplifier has a rated

mined by the feedback network, rather
than by the actual gain of the amplifier.
An examination of the diagram showed

that feedback was obtained from the
16 -ohm output terminal of the transformer through a series combination of
a 1000 -ohm and a 47 -ohm resistor to the

cathode of the input stage. To produce
50 watts in a load of 16 ohms requires
28.3 volts, and with a series combination

output of 50 watts, and the distortion of 1000 and 47 ohms this would feed
at this output is specified as less than back approximately 1.23 volts to the
cathode of the input stage; the excess
one per cent.
An intermodulation analyzer was con- of 1.5 volt over 1.23 volt would then
nected to the amplifier, and an attempt represent the actual input voltage re-

was made to drive it to full output.
However, it showed that even with 40
watts output the intermodulation distortion exceeded the specifications. Var-

quired between cathode and grid of the
amplifier.

The large discrepancy in the input
requirements immediately

threw sus-

picion on the feedback network. Meas-

ious attempts were made, such as im- urement of the two resistors showed
proving the balance between the plate that the 1000 -ohm resistor was well
currerfts of the output tubes by provid- within tolerance limits, but that the 47ing separate bias for them, all to no ohm resistor was around 100 ohms; reavail. As a matter of fact, in the course placing this resistor with a new 47 -ohm
of a week's experimentation with the resistor not only brought the input reamplifier, the performance kept on de- quirement down to the specified value,
teriorating until at the end of this period but brought the intermodulation disthe distortion was approximately nine
per cent. The situation was indeed becoming desperate.

Up to this time the investigation had
been confined to the measurement of
distortion, since this was considered as
the most important characteristic of the
amplifier. Now it was decided to measure some of the other characteristics,
in

tortion to approximately 0.3 per cent,
therefore well within the specifications.
Not the Whole Story

The story could have ended here. But
a little meditation showed that there

was perhaps more to be learned from
this

incident. The change of the re -

sistance value from 47 ohms to approximately double this value increased the

feedback to about twice the original
value; this was a perfectly logical ex planation for the increased input re quirements. However, as far as distortion is concerned, an increase in feed back should, if anything, decrease the
distortion, rather than increase it (pro vided of course that the amplifier re mains stable with the increased feed back, which it did). There was only one

possible explanation, and one that is
hard to swallow, namely that one of
these two resistors had become non linear. Since it was the 47 -ohm resistor
which had changed its value, naturally
suspicion centered on this resistor. The
suspicious

resistor was set up in

DECADE BOX OR 2000 -OHM
VARIABLE RESISTOR

WHEATSTONE

ANY STANDARD

BRIDGE

POWER TRANSFORME

AC VTVM

VARIAC

z

the hope that such investigations

might throw a light on the deterioration
of the performance. The first additional
characteristic to be checked was the re-

quired input voltage for full output.
The specifications stated that an input
voltage of 1.5 volts is needed to obtain
full power output. Lo and behold, instead of 1.5 volts, a signal of 3 volts
was required to obtain full output. Now
in an amplifier with a large amount of
negative feedback, the gain from input
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110 -V.

WINDING

a

Wheatstone bridge circuit, as shown in
Fig. 1. Note that the resistance placed

SO-CALLED 47 -OHM RESISTOR
(ACTUALLY ABOUT 100 OHMS)

Fig. 1. Test circuit used to demonstrate non -linearity of the offending resistor.

i series with it is exactly of the same

caused by a third harmonic, the ratio per cent from perfection, otherwise the

value as that found in the amplifier cir-

between intermodulation distortion and enjoyment of recorded music would be
harmonic distortion is approximately almost an impossibility.
The investigation and measurements
3.8. The easurement with the Wheatstone bridge method indicated a har- reported here were made in the labora-

cuit, and that the bridge voltage was
made equal to the a.c. voltage which ap-

pears across these two resistors in the
amplifier under full -load conditions. The

unbalance of the bridge was observed
on a cathode-ray oscilloscope as well as
on a vacuum -tube a.c. voltmeter.
This being an a.c. bridge, exact balance is, of course, possible only when the

resistive as well as the reactive components are in balance. However, with
a frequency of 60 cps, and the relatively low resistance values in the bridge,

stray capacitance and inductance have
only a minor effect; if due to these influences a small reactive unbalance remains, it will show itself on the scope,
as an ellipse, and it can usually be balanced out by placing a variable capacitor across one of the four arms. But in
this test, the unbalanced voltage could
not be brought below approximately 80
millivolts, and the trace observed on
the

screen of

the cathode-ray

tube

showed that the remaining unbalanced
voltage was a 180 -cps voltage, in other
words a third harmonic, which could not

he balanced out. This means that with
a

60 -cps sinusoidal current flowing
through this so-called resistor, there appeared across it not only a 60 -cps volt-

ge of approximately 2 volts, as one
would expect, but additionally a 180 -cps

voltage of approximately 80 millivolts,
which is 4 per cent of the 60 -cps voltage. A resistor with a built-in harmonic
distortion of 4 per cent.
Just to make sure, that this startling
result was not by any chance caused by
a faulty method of analysis, the simple
series combination of 1000 ohms and
the suspicious resistor were connected
once more to the intermodulation analyzer, interposing an aplifier of known

monic distortion of 4 per cent, which tory of Mr. E. D. Nunn, President,
would result in 4 x 3.8 =15.2 per cent Audiophile Records, Saukville, Wis.,
intermodulation distortion, according to and in the writer's own laboratory. Mr.
interest and cooperation in sethis paper. With this degree of agree- Nunn's
curing this information is gratefully
ment between the results obtained by acknowledged.
two entirely different methods, there
can 1w no reasonable doubt about the
non -linearity of the resistor.

Over-all Effects

Fur the high fidelity enthusiast the
implications presented by this investigation are positively frightening. In his
eternal quest for the elusive goal, perfection, he is forever replacing good
components with better components. If
the advertisements for the new Super Triple -X amplifier state that it provides
99.44 per cent perfect reproduction, he
cheerfully plunks down 250 dollars or
so, and discards his previous amplifier,
which had 1 per cent distortion and was
therefore only 99 per cent perfect.

Whether he personally can hear this
difference, is probably of less importance than the fact that he can now
brag about his new equipment, and feel
superior to the poor boobs who haven't
the new Super -Triple -X. So what, if a
resistor goes bad in the Triple -X and
the distortion goes up to 1, 2, or 3 per

cent f You still can brag and feel superior about "having the best" (which
naturally means the most expensive).
This writer can, of course, not speak
for others, but he knows definitely that
he can not hear the difference between
1 and 2 per cent distortion, as a matter

of fact, suspects that it would take 4
or 5 per cent before he would notice
it, and a good deal more before it would

and very low distortion between the become disagreeable. He considers himanalyzer and the series combination. The self quite fortunte, not to be cursed
voltage applied to the two resistors in with a so-called "Golden Ear," but
series was considered as input voltage,
the voltage across the defective resistor makes good use of his "Tin Ears" to
was considered as output voltage. This enjoy thoroughly his library of 800 or
simple network now showed an inter - so LP records (mostly classical), many
modulation distortion of 15 per cent. of which undoubtedly have more than
(Evidently between taking the resistor a modest 3 per cent distortion built
out of the circuit and completing these right into them. So he can not help but
measurements, further deterioration had feel a little bit sorry for those who actaken place.) I the April, 1948, issue tually can hear 1 per cent distortion,
of the Proceedings of the IRE, W. J. because this evidently not only puts
Warren and W. R. Hewlett published a
paper entitled "An Analysis of the Intermodulation Method of Distortion
Measurement". In this paper it is shown

severe limitations on the amount of pro-

gram material available to them, but
puts them at the mercy of every component in their system, from 10 -cent re-

that if the distortion is due to a non - sistors to 40 -dollar output transformers,
linearity of the transfer characteristic all of which must he in perfect condiof a network or an amplifier, a well de- tion. It is, however, highly probable and
fined relation exists between harmonic fortunate that most of us do not posand

intermodulation

distortion.

The

sess the kind of ears that detect with

paper shows that if the non -linearity is agony a deviation of 2, 3, or even 5
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Compensation for Amplitude Responsive Phono Pickups
R. H. BROWN

Because of different internal impedance and a different method of generating the output voltage,
compensating circuits used with capacitance, crystal, and ceramic pickups differ from those used
with magnetics. Before designing networks for crystal and ceramic types, however, make sure that
they need compensation-most are designed with correct characteristics to feed into "flat" amplifier.
RECORD WEAR soon becomes a matter

for grave concern to many owners
of high-fidelity phonograph equipment. When the crisp clarity of a favorite recording gives way to a comparative dullness aggravated by high -frequency distortion, components of the
playback system are sometimes suspected of deterioration before record
wear is discovered to be the cause of the
difficulty. Some hi -fl fans would be un-

willing to face up to the cost per play
based on the number of times a record
can be played before high -frequency
loss and distortion due to wear become
appreciable. An increase in record life
of six times, or better, is possible with
use of a capacitance pickup, for capacitance pickups are available which require somewhat less tracking force than
some magnetic cartridges and have less
than one -sixth as much dynamic mass

istic shown by the solid line, A, in Fig. 1.
This characteristic approximates that

shown by the dashed line, B, which is
constant velocity up to 50 cps, constant
amplitude from 50 cps to 500 cps, constant velocity between 500 cps and 2120
cps, and constant amplitude beyond 2120
cps. The dotted curve, C, shows the out-

put that would be obtained from an

RIAA test record with an uncompensated amplitude -responsive pickup. Each

of these curves has been arbitrarily adjusted to zero level at 1000 cps. The inverse of C is the frequency characteristic

of an appropriate amplitude compensation circuit for RIAA recordings. This
characteristic has a 12.5 db treble boost
to compensate for the constant -velocity

recording between 500 cps and 2120
cps, and it also has a 6-db-per-octave

sensitive type, is considerably different
from that required for the more popular
velocity -sensitive pickups. Consider the
problem of obtaining correct compensation for the RIAA recording character-
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generator output. C, is bass pre -emphasis
compensation capacitor. Cy is crossover
control capacitor. R, and R, provide treble

ilar analysis for the other important recording characteristics one obtains the
I
data given in the first four columns of
I - 0111147. J ./D410/114111. F...
Table 1.
Figure 2 shows a schematic of a circuit which will provide correct compensation for an amplitude sensitive pickup.
In this circuit, e represents the audio
Fig.). A-RIAA reoutput signal of the pickup, or a subcording charac- sequent amplifier stage. With a capaci(velocity
teristic
tance pickup e comes from the associpresentation). Boscillator -converter, or a subsevelocity charac- ated
quent stage; r represents the internal

o. 61.1. 1.11 Moo rglo.
111. Ci. wad C3, ow Flo. 7.

15

erator supplying signal to compensation
circuit. r is internal series resistance of

cut below 50 cps to compensate for the
constant -velocity recording below that

as the stylus tip.
The compensation required for a capacitance pickup, or any other amplitude -

Fig. 2. Amplitude compensation circuit.
e is open -circuit output voltage of gen-

non

resistance in series with

e.

For the

Weathers oscillator -converter r is about
45,000 ohms. C, in connection with the
resistance (r + R, + R5) provides 6-dbper-octave compensation for bass pre -

emphasis. The maximum treble boost
ratio G is equal to (r + R, + R,) / (r 4-

R1), from which it follows that R, /
(r R1) is equal to (G - 1). Values of

this parameter for the important record-

ing characteristics are given in column
five of Table I.

C, controls the frequency at which
the treble boost reaches half its maximum value. To obtain a design equation

treble compensation. If any resistance is
placed across the output of the compen-

sator, the values of the resistors connected to S, must be chosen so that their
parallel combinations with this load re-

for C, one may express the parallel sistance are equal to the design values
combination of R, and C, in terms of
its series equivalent and then determine
the value of C, for which the total impedance in series with e is midway between the low -frequency value (r + R, +
R,) and the high -frequency value
(r + R,). Using the abbreviation K for
(r + R,) / R,, one obtains for the condition on C, which provides that one-half

for R,. To avoid a high -frequency loss
of more than one db at 15,000 cps,the
total of the capacitance to ground (1)
at the output of the source of the signal
fed to the compensator, (2) in the com-

pensator itself, (3) at the input of the
load connected to the compensator, and
(4) in any connecting cables, must not

be greater than 5(r + R,)/rRip.f (time
constant of five microseconds). 'Where
short leads are possible the compensator
could in some cases be connected directly
between an amplifier input and the oscillator -converter of a capacitance pickup.

The insertion loss of the compensator is
given by B in column two of Table I.
A completely isolated amplitude compensator with level control and cathode
follower output is described in Fig. 4.
The output from this circuit is ample to
drive power amplifiers requiring a highlevel input. The decoupling filter in the
circuit allows B + to be taken from an
associated

power

without

amplifier

motorboating difficulties. Provision for
tone controls could be made by adding

another stage of amplification, or by
TAILS 11

3. Basic amplitude compensator. S
is a three -gang, four position, shorting type selector switch. See Table II for
values of Ci, CI, R1, and R.
Fig.
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using a high -mu twin triode with the
tone control circuit between the two amplifier sections and the compensator cir-

cuit between the input connection and
the level control. For the latter arrangement the values of the resistances connected to S, would need to be redetermined. It is evident that the capacitance
pickup offers advantages of simplified
compensation and preamplification circuitry in addition to the advantage of
greatly reduced record wear.
Ceramic Pickup Compensation

The ceramic (and crystal) pickups
are also amplitude -responsive, but in
most instances they are designed to work
into specific load impedances which re-

sult in a close adherence to the current
standard recording characteristic, the
RIAA. However, it may be that the ser
wishes a different curve from his equipment. The same circuits that work with
the capacitance pickups will also work
with ceramics, but it must be remembered

that the latter already have built into
them the rolloff characteristics of the
RIAA curve. Thus white the low -frequency response may be corrected as
shown, the user should remember that
there is already some rolloff, and that
if he wishes less rolloff than this he will
need to provide high -frequency boost;
conversely, for more rolloff, he will need
to provide additional losses.

The same circuitry will obtain with
both types of pickups, but it is only important that the "built-in" rolloff be
kept in mind. Considerable experimentation may be required to end up with the
desired result, but the principle., are the
same and the final response can be tailored to suit without much trouble.

By abbreviating the radical with the sym-

bol J one obtains the following simple
expression for the time constant of R,
and C, in terms of fen:

R,C,=J
Values of J and R,C, are tabulated in
columns seven and eight of Table 1.

Table II gives representative values
for compensation circuit components as
determined from the design parameters
of columns four, five, and eight of Table

I. A fixed value for C, gives the compensation circuit of lowest cost and also
the greatest ease of construction. A de-

sign should be chosen for which R, is
always at least three times r to avoid
loss of signal within the source of e.
Complete Circuit

A suggested compensator circuit is
shown in Fig 3. In this circuit S, con-

trols the bass pre -emphasis compensa-

tion. S, and S, together control the

Fig. 4. Compensator

preamplifier for amplitude -responsive pickups. S should be a
three -gang, four -position shorting switch. Compensator switch positions are: (1) LP;
(2) RIAA; (3) AES; (4) London. All components in the compensator circuit (connected
to terminals of S) should be ± 5 per cent.
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A Versatile Bass -Treble
Tone Control
CHARLES T. MORROW
This bass -treble tone -control circuit, containing only resistors, capacitors, and switches, provides control not only over the amount of equalization but also over the frequency at which the response starts up or down.
ASS -TREBLE EQUALIZERS Or tone con-

trols are appropriately used in a

and it can be seen that enough choice is
possible for most ordinary situations, al-

high-fidelity amplifier to compensate
for loudspeaker deficiencies, or, if a more
specialized equalizer is not available, to
compensate for recording characteristics. They are occasionally useful when
a radio program is improperly equalized

though there might be some virtue in
extra switch positions for elevated and

substitute for loudness controls, although
the author has never been tempted to try
to compensate for ear characteristics.

is discussed, formulas will be given, and

depressed plateaus at 12 db, or a change

to a plateau between 6 and 12 db. The
reader may prefer to select his own 3-db

frequencies. For this reason, after the
at the studio. They may be used as a operation of the specific equalizer circuit

In general, it is more important to
control the frequency at which boost or
attenuation begins than the maximum
equalization at the high or low end of
the spectrum. Most tone controls incorporated into commercial amplifiers control primarily the maximum equalization.

The circuit of Fig. 1 has been in use
in the author's home amplifier for the
past two years and provides both types
of control. Four two -gang rotary
switches

are used-preferably of the

shorting type. The circuit also uses fifteen resistors and eight capacitors exclusive of the input coupling capacitor. For

non -dimensional

curves for bass and

treble separately. From these the reader
should be able to design his own equalizer. A brief derivation involving complex algebra is given in Eq. (6), which
the reader may ignore if he chooses.
Bass Equalization

Examination of the left half of the circuit of Fig. 1 shows that it consists of a

diagram shows nominal values for commercial components.
For a selection of a 3-db frequency of
300

cps and a

6-db-per-octave bass

droop, the bass equalizer reduces to the
circuit of (A) in Fig. 3, where the total
resistance R, = 0.1 megohms approximately, k= 1/20, and f,= 300 cps.
If a 6 db depressed plateau is chosen,
the bass equalizer reduces instead to the
circuit of (B) in Fig. 3b, which includes
a capacitive voltage divider which starts
to take over in the region of the nominal
3-db frequency and has 6 db more loss
than the resistive divider.
If "out" or flat response is chosen, the
circuit of (C) in Fig. 3 is applicable (or
(D) if switch connections are made ac-

cording to the dotted lines of Fig. 1).
The capacitive divider in this case has

tors for bass boost. The 3-db points are
varied by shunting the resistive voltage

the same loss as the resistive.
If an elevated 6 db plateau is chosen,
the circuit of (E) in Fig. 3 is applicable.
A capacitive divider with 6 db less loss
than the resistive begins to take over in

divider with resistors. In general, the

the region of the nominal 3-db frequency.

resistive voltage divider with a loss of
approximately 26 db, and a set of capaci-

simplicity, the diagram omits the 10
megohm resistors that are shunted across

the eight capacitors to minimize switching transients. Two switches provide
choices of nominal 3-db frequencies:

OUT, 300, 500, or 700 cps for bass, and
3000, 5000, 7000, or otrT for treble. The
other two switches provide correspond-

ing choices of 6-db-per-octave droop,
droop to a depressed 6-db plateau, OUT,

boost to a 6-db elevated plateau, or
6-db-per-octave boost. The insertion loss

is approximately 26 db, which is made

up by a preamplifier. Other 3-db frequencies could be chosen or added by
connecting other resistors to the switch
contacts, and other maximum equalizations could be obtained by connecting
other capacitors.
The various equalization curves for
the circuit of Fig. 1 are shown in Fig. 2,
Fig.
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1. Schematic of amplifier employing the tone correction circuits described in
the accompanying text.
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individual resistors of the divider were
chosen, the circuit of (F) is applicabIe,, divided by the same factor.
in which the capacitive reactance is equal

to kR, at the 3-db frequency and be-

Treble Equalization

comes the controlling load impedance at
lower frequencies, decreasing the insertion loss.

Operation of the treble equalizer is
similar except that the capacitors are in
shunt with the voltage divider resistors
rather than in series, and the resistors

Use of a resistive shunt on the resistive divider raises the 3 db frequency to
500 or 700 cps by effectively decreasing
R, while C, remains constant. The effect
at low frequencies is the same as if the

( 1)

= k VI + fif//2

Finally, if a 6 db/octave boost is

Simplifying the remaining equations.
2B.

!Al

2C.

k

k

used to control the 3-db frequency are in

+ fg/4/2
i
,
V1+ f ,'/

(2)

V1+
f,'/f2
,

(3)

f,'/4f'

V1+ Mgr

series with the output lead rather than
in shunt with the voltage divider.
For example, if a 6-db-per-octave

V 1+ kff,' / fs

droop is chosen, the treble equalizer re-

(Continued on page 71)

(4)

duces to the circuit of (A) in Fig. 4,
where R, is the total resistance of the unshunted resistive divider. This is merely
a circuit with a mid -frequency transmission k and a high -frequency droop corresponding to that of a resistance R, working into a capacitive load C,.
If a 6-db depressed high -frequency

plateau is chosen, the circuit of (B) in
Fig. 4 is applicable. In the region of the

(A) -6db/Oct.

nominal 3-db frequency, a capacitive
voltage divider with approximately 3 dl)
more loss than that of the resistive
divider begins to take over.
For "out" or flat response, the circuit

(A) -6 db/Oct.

(II) -6 db/Oct.

of (C) is applicable [or (D) if switch
connections are made according to the
dotted lines of Fig. 1]. In the latter case,
the capacitive divider has the same insertion loss as that of the resistive.
For a 6-db elevated plateau, the circuit

of (E) in Fig. 4 is applicable, in which
the capacitive voltage divider has ap-

(C) Out

(D) Out

proximately 6 db less insertion loss than
CI

that of the resistive divider.
For a 6-db-per-octave boost, the circuit of (F) is applicable. The voltage

I-k
.11(1 - 21()R1

(1 - k)

(1 -101(1

due to current through the capacitor
C,/k is closely equal to that due to cur-

rent through the upper resistor at the
kit'
C2

3-db frequency f,.

k51

2101451

I-k

Discussion

Approximate formulas for the gain of
the simplified circuits as a function of
frequency are given in Eqs. (1) through
(8) in case the reader wishes to design
Fig. 3. Circuit configurations and forhis own equalizer. The gain (1A) is
mulas for bass equalizer section.
plotted as a function of f/f, and f/f, in
(E) 6 db/Oct.

(F) 6 db/Oct.

(E)

Fig. 4.

6 db/Oct.

(F)

6 db Oct.

Circuit configurations and for-

mulas for treble equalizer section.
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Record Speed and Playing Time
A tongue-in-cheek analysis of the possibilities of high -quality reproduction at
16 2/3 rpm in comparisori with the present 33 '3 and 45 rpm discs-but
an analysis, nevertheless, which has a strong background in good engineering.
1

CHARLES P. BOEGLI

SEVERAL YEARS AGO, lovers of recorded

music went their way in a state of
blissful misery (if it can be defined by a combination of such seemingly contradictory terms) with heavy
and fragile shellac records of at best
poor fidelity, and an occasional better -

than -average vinyl disc to provide a
sort of oasis. The 33 1/3 -rpm LP record,
the 45 -rpm disc, new and better pickups

and amplifiers, and so on, appeared al-

most overnight and at last the music
lover could listen to sound as well as
(and in some cases instead of) music.
But there is a law of compensation,

and the price had to be paid for all
this new enjoyment. Sometimes one

wonders whether it was worth it, for
beside the cost of new equipment there

was a surtax, as it were, on the audio
fan's peace of mind. Nowadays one
has no sooner bought a speaker than
a newer, better, cheaper one appears;
and to purchase the latest pickup seems
to insure the announcement of a supe-

rior one next month. Even turntables
are vulnerable; ominous whisperings

about 16 2/3 -rpm records continue to
be heard and will not be stilled.
Happily, mathematical laws some-

times aid the peace of mind of the
audio fan. For example, consider 16 2/3 -

rpm records. Whether they will ever

appear unreasonable, as they would
have ten years ago, but they remain to
be accomplished. The problem is multiplied by smaller styli and it doesn't

appear that we will have thoroughly
satisfactory pickups with 1/2 -mil styli
for some time to come. In view of the
probable reluctance of music lovers to

distortion reaches 10 per cent on a 45 rpm disc at an inner diameter of about
4.9 inches, and on a 33 1/3 -rpm record
at a corresponding measurement of
around 6.8 inches. It seems logical that
this distortion is attained approximately

at a fixed linear speed, so that if we
assume

endure once again the rigamarole of
replacing all their equipment, it seems
reasonable that if 16 2/3 -rpm discs are

to make their appearance very soon,
they will have to be cut for a one -mil
stylus.

The question then comes down to
whether much longer playing time can
be

realized with present equipment

simply by reducing the speed at which
the disc turns. Fortunately, a good
answer to that problem is easily obtained. Suppose we let n equal the number of grooves per inch cut on the record. With newer methods of recording
this quantity will of course vary across
the disc but that will have no effect, as
we shall see later. There is a tacit assumption, however, that the "average"
a will be the same irrespective of the

speed at which the record turns, and
this is not a bad assumption if the
same stylus is used for all the speeds.
The total number of grooves on the
disc is then (R - r)n, R being the outer
radius and r the inner radius at which
grooves are cut. This quantity, of course,

also the number of revolutions the
disc must turn to be played, and if s

r- 4.92sx 45

110

we shall have the desired relationship.
Putting s = 45 in this equation, we get
r = 2.45 inches (d= 4.90 inches) and for
s = 33 1/3, r = 3.31 inches (d =
inches), so the equation agrees pretty
well with experiment.
On the other hand, Columbia has
specified a minimum diameter of 4%
inches for their discs (r = 2.375 inches)
and we must assume they knew what
they were doing, so we should modify
the above equation to permit this smaller

diameter. It turns out then that
r=

79
s

(2)

for commercial discs meeting the speci-

fications of Columbia, and this is the
equation we shall substitute into Eq.
(1), yielding the result
(R -79/s)n nR 79n
s

32

(3)

As a matter of interest, let us find
the s at which t will be a maximum. We
have

replace the "old" 33 1/3 -rpm discs depends upon what sort of benefits can
be realized from them, and what sort
of expense must be endured to enjoy
these rewards. Certainly, we cannot assume that by a simple halving of speed
the amount of music on a record side
can be doubled, for. as we shall see
later, the picture is complicated by other
factors For example, there is the problem of pickups.
Even at the present state of the art,
pickups for 33 1/3 -rpm discs are not
yet perfect, and cause much more record and stylus wear than they should.

is

A great deal of work remains to be

1 F. V. Hunt, "On stylus wear and surface noise in phonograph playback systems." J.A.E.S. January, 1955, p. 2.

32.2 rpm.
For a 7 -inch disc, D = 6.5 and s = 47
rpm.

ber, 1950, p. 11.

These speeds agree surprisingly well
with those in commercial use. For 10-

done; the one -mil tip should track with

a force of around one gram and have
a dynamic mass less than one milligram'. Admittedly these figures do not
70

is the rotational speed in rpm, the total
playing time
(R - r)n

t-

minutes

(1)

Now, the inner radius is related to s;
obviously,

the lower the speed,

the

greater will r have to be to avoid excessive tracing distortion at the center
of the disc, even with a perfect pickup.
We may get an idea of the relationship
from Roys,2 where it is shown that for
a one -mil stylus the

intermodulation

2 H. E. Roys, "recording and fine -groove
technique." AUDIO ENGINEERING Septem-

dt,
ds

_ nR
s2

158n
82

which we set equal to zero to find the
s for a maximum t. This gives
s =158/R = 316/D
(4)
for maximum playing time, where D is
the maximum diameter of the record.

Note that the quantity n has dropped
out and does not appear in Eq. (4).
Now, for a 12 -inch disc, D =11.5
inches (allowing for the lead-in grooves)
and s = 316/11.5 = 26.6 rpm.

For a 10 -inch disc, D = 9.5 and s=

and 12 -inch discs 33 1/3 rpm is a good

the situation for the 10 -inch disc is even ing. The distortion is too great as soon

speed, particularly since it was stand- worse, for here the comparison is beardized long before LP discs made their tween 16 minutes at 33 1/3 rpm and no
appearance. For 7 -inch discs, 45 rpm time at all for 16 2/3 rpm! What this
is not far from the ideal value.
means, of course, is that if it is perWith an "average" n of 225 lines per missible to record to a minimum inside
inch, a 12 -inch record which will play radius of 2.375 inches for a 33 1/3 -rpm

as the playing starts.
So it looks as though before the
16 2/3 rpm disc becomes much of a
threat to higher speeds, smaller styli
will have to be developed and this in
turn will require a great deal of work
22.8 minutes at 33 1/3 rpm will be good disc, the corresponding dimension for a on pickup design in general.
for only 13.5 minutes at 16 2/3 rpm, 16 2/3 -rpm record is 4.75 inches, equal
It doesn't seem likely to happen for
before distortion becomes too great. And to the outer radius of a 10 -inch record- a number of years, anyway.

Formulas for Treble Equalization

IA -k vi

TONE CONTROL

3B.

IAI

IAI

3D.

V 1+ Pill
V 1+ 4fill,
V1+ fill/

k

(Continued from page 69)
3C.

+ fvf,,

k

V1+ f1/4f,

IAI A, k

V1 +
VI +

If something other than a 6-db plateau is desired, the appropriate formulas may be obtained from (2), (3), (6)
and (7) by changing the factor 4 under
the square root. The ratio of capacitances

should be changed in proportion to the
square root of this number.
The bass and treble equalizations are
very nearly independent. Thus, if f,
and f, are close together, the corresponding deviations from the attenuation kas obtained, for example, from Figs. 5

and 6-are directly additive on a decibel basis.
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Recording Characteristic
Simulator
This simple device will make it possible to check response curves of phonograph
preamplifiers in a minimum of time and with reproducible accuracy-completely

eliminating the need for adjusting signal

levels

as you change frequency.

S. K. CHANDI

ASIMPLE METHOD of testing the fre-

quency response of an audio sys-

tem is to feed into it a series of
audio-frequency. signals, whose amplitudes vary according to a particular recording characteristic. The over-all system response is correct when the output
signals are of constant amplitude. Feeding in these signals of different ampli-

2. Straightapproximaline
tion (dotted) and
transition
actual

Fig.

+20

ner" frequency
of 1000 cps.

cet,'

4

(9
..

E

li
N

ID

MOO

I.
FIREOLIENCY

With the above points in mind, the

a resistive load instead of the speaker;

characteristic simulator, of the type suggested by D. T. N. Williamson.' Such a
device is essentially a network. One end

meter shows no variation as the signal
generator is swept over the audio -fre-

of this network is fed from a signal
generator such as the Heathkit Model
AG -8, which covers the audio band with-

'D. T. N. Williamson, "High -quality

amplifier modifications." Wireless World,
May 1952, pp 173-176.

Id

IA

sem

quency band.

Certain restrictions had to be placed
immediately.

a) The device had to use no inductances, and a minimum of other components.

b) The device had to be passive, and
operate with a reasonably low output
impedance so as to avoid hum pick-up
in the output leads.

c) The input impedance had to be

law

IMO

1. Recording characteristics, before being rounded off as they are in actual practice. Left, low trequency, and right, high
frequency.
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the system compensation is correct if the

FREQUENCY IN CYCLES PER SECOND

FREQUENCY IN CYCLES PER SECOND

Fig.

IN CYCLES PER SECOND

writer set out to construct a recording

out too much variation in signal output
(±1 db), while the other end is fed into
(and the record is often borrowed by the
preamplifier input. An a. c. vacuum friends having "permanent" osmium tube voltmeter is put across the output
tipped needles), the surface noise be- terminals of the power amplifier, with
comes so great that meter indications on
record noise.

r...

°

c) After a few runs of the record

the output are often swamped by the

d'119k.

b '?Plf, ilc*

.10

curve for a "cor-

tudes is normally considered to be a

nuisance, and the audio enthusiast usually ends up by purchasing a test record
having the various frequency bands already recorded at the appropriate amplitudes. This entails some disadvantages:
a) A good test record costs money.
(With the price comparable to that of a
regular long-playing record, music is always a much better buy.)
b) The test record is usually cut for
one particular characteristic, while the
audiofan has provisions for at least four.

I

400

AUDIO

H. F. _L. PRE

L. F

OSC.

AMP

POWER

VT

AMP

VM

Fig. 5. (A), corners
at f, and

f.,

are

obtained with circuit of Fig.
4.
When R, is elimiFig.

3.

schematic of manner in

Block

which the recording characteristic simulator is used in making measurements.

high enough so as not to load the signal
generator.
d) As many recording characteristics

as possible were to be handled by the
device. While the unit to be described
was restricted to microgroove records,
(the writer has only three 78 -rpm discs)

certain simple changes will allow it to
be used for standard records also.
After studying the various lists of
manufacturers and their recording characteristics, it was seen that the low-fre-

nated, lower corner is no longer
present, as at (8).

tually happens. (A) and (B) of Fig. 1
show the straight line approximations of
the recording characteristics at low and

high frequencies. The 0 db reference
axis is chosen quite arbitrarily in all

Fig. 4. (A) of Fig. 5 shows the straight
line approximation of the behavior of
this network. The corner frequencies are
given by
1

cases, since this is entirely dependent on
the position of the gain control. Figure

2 shows a straight line approximation
at a typical corner frequency, together
with .the actual transition. It should be
pointed out that the behavior of all minimum -phase -shift

networks using only

resistances and capacitances may be described by a series of straight lines which

2:iC

quency end was covered by three such
characteristics:

(2)

I1R,+
R R, \

where C is in microfarads, and R, and
R, are in megohms. (B) of Fig. 5 shows
the behavior when R, is removed from
the network. In this case,
1

f3

22CCR2

(3)

The low -frequency networks may now
be designed. The COL and RIAA net-

Network Design

Fig. 4. Configuration of each of the two
sections of the simulator.

1

f -

are either flat, or rising or falling at
slopes that are multiples of 6 db per
octave.

(1)

- 2ACR

The design of the network for the

works will be as in Fig. 4, while the NAB
and AES networks will have R, missing.

recording characteristics is taken up in
two sections, and the sections cascaded.

It is impossible to design the high frequency network with only one corner

section does not load the first, so that
the over-all response is the combined

definite rise at 6 db per octave with increasing frequency (again, Mother Na-

Care is taken to see that the second

(f,) since this would require an in-

a) RIAA. (Record Industry Advisory response of the two networks taken sep- ture won't stand for this). Sooner or
Association), which is flat up to 50 cps, arately. This is done by putting the low - later, the curve must flatten out. Consethen rises at 6 db per octave to 500 cps, frequency network before the high -fre- quently, while the network of Fig. 4 is
where it again flattens out.
quency network as in Fig. 3. At low fre- still used, f, is selected so as to be at
b) COL. (Columbia), which is flat up quencies the second network has a very least a decade beyond the audio range,
to 100 cps, then rises at 6 db per octave high impedance, and by the time its im- so that its influence is not felt in the
to 500 cps, where it flattens out.
pedance falls (at high frequencies), the operating range (20-20,000 cps). Figure
c) NAB. (National Association of output impedance of the first network 6 shows the actual network.
While the actual computed values are
Broadcasters), which has a steady rise is considerably lessened. In this manner,
at 6 db/octave to 500 cps, where it loading is avoided at all frequencies.
given in Fig. 6, the closest available
flattens out.
The basic network used is shown in
(Continued on page 87)
d) Old AES. (Audio Engineering So-

ciety), which has a steady rise at 6 db
per octave to 400 cps, where it flattens

50w1

.0111

out.

The high -frequency end was covered
by three characteristics:
a) RIAA, flat up to 2120 cps and then
rises at 6 db per octave.

b) NAB, flat up to 1590 cps, and

then rises at 6 db per octave.
c) AES, flat up to 2500 cps and then
rises at 6 db per octave.

While the characteristics are most
conveniently

described in

the

above

terms, it is to be understood that Mother

SWITCH POSITIONS (LF - H F)

Nature simply won't stand for sharp

I - RIAA - i`!AA

kinks in the response curves. Actually,

2 - COL - NARTB
3 - NARTB - OLD AES

a smooth transition occurs at all the

4 - OLD AES - NARTB
5 - NARTB - NARTB

6- OLD AES- OLD AES

"corner" frequencies, and the above

description may be considered to be a
straight line approximation of what ac -

Fig.

6. Complete schematic of the recording characteristic simulator
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Transistor Action
PAUL PENFIELD, Jr.

The physical principles underlying transistor action are discussed, and

the basis of operation for a number of junction devices reviewed.
No mathematics is required to understand this intuitive explanation.
It should not astound the reader to
find that modern physicists believe all
TRANSISTORS ARE NOW so common that
to be made of "atoms," each
engineers and radio hobbyists are matter
composed
of a central body, the "nubeginning to make wide use of them
cleus," and one or more "electrons"
in audio applications. If the designer of which may be thought of for the purtransistor circuits is to be anything more poses at hand as revolving around the
than a "tinker" he will want to know nucleus. Each electron has associated
something about the physical principles with it a negative charge of value deunderlying the devices he is using. noted by "e." The atom as a whole is
While it is true that good circuit design electrically neutral, the nucleus having
can be done by using the "black box" a positive charge of e times the number
technique, in which the actual device is of electrons revolving around it.
replaced by an equivalent circuit for
It will simplify our explanation if we
computational purposes, nevertheless consider the electrons in any atom
the astute engineer can make better use divided into two categories: "bound elecof physical transistors if he has a clear trons" and "valence electrons." It is the
understanding of the physical principles
valence electrons, ranging in number
involved in transistor action.
from zero up through seven, that deMuch literature is available for those termine some of the chemical properties
readers with considerable mathematical of elements.
training; however a clear and simple
A group of atoms of the same kind
explanation of transistor action in intui- (that is, the same number of electrons
tive terms is not available. Either such in each atom) forms material that is
explanations bring in much extraneous known as a single "element." Hydrogen
material and bore the reader, or else and oxygen are examples of elements.
skip over the important parts, or else In addition, atoms can combine with
arrange the material in a fashion which atoms of other elements in certain ways
prevents the reader from seeing similari- to make "molecules" which in turn form
ties in the various junction devices, material that is known as a "compound,"
which similarities can be used to ad- to distinguish it from an element.
vantage in the explanation. No good inMaterial present in the world is often
tuitive explanation of junction transis- classified
generally speaking as "solid,"
tor action is available.
"liquid,"
or
One important
This article has, I hope, hit a mean type of solid"gaseous."
is
known
as a "crystal."
between too much background material Crystalline substances are characterized
and too little, and has arranged the ex- by the fact that their individual atoms
planations in such a way that similari- or molecules are arranged in a definite
ties between various junction devices mathematical pattern. The forces which
become immediately apparent. In con- act to hold together a crystal are exnection with the former statement, the ceedingly strong. One such force arises
author assumes that the reader has some from the "covalent bond," which is a
intellectual awareness (not an unwar- configuration of two valence electrons,
ranted assumption for the readers of one from each of two atoms, between
AUDIO) and is not unwilling to accept
some of the preliminary statements con- which the bond is located. This configuracerning modern physical theories with- tion happens to be quite stable. Note
out proof. If the reader has had some that two electrons are required to form
experience with transistors, so much the this bond.
With respect to electrical conduction
better. And if he has made an attempt
in the past to understand transistor properties, solids can be classified as
either "conductors," "insulators," or
action, also so much the better.
"semiconductors," with surprisingly little
Part I-Physical Fundamentals

With this short introduction, we can
proceed to the business at hand. The
article is divided into seven sections,

which should be read sequentially. At
the end of each section is a short review

of the important points covered.
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ambiguity. In conductors, the valence
electrons are quite free to move about
the material without much opposing
force. On the other hand, in insulators,
the electrons are not free to move about,

hence cannot flow to form a current.
Typical conductors are copper, silver,

aluminum, brass, etc., including must
other metals. Typical insulators are
wood, paper, mica, glass, cloth, etc. All
example of a semiconductor, of which
there are many known, is crystalline

germanium. In order to explain demiconduction further, we'll look at the
germanium crystal structure.
Germanium is the most -used material
for making junction devices. A germanium atom has four valence electrons. It

can form a stable crystal structure by
forming four covalent bonds, with its
four neighboring atoms. The configurais the crystal lattice, is in
three-dimensional space, and is known
as the diamond structure, because crystalline diamond has the same form.
Often the structure is represented in

tion, that

two-dimensional space

by

rows and

columns of germanium atoms, as in
Fig. 1. Since the three-dimensional distribution of atoms is quite hard to pic-

ture, we will not attempt to draw

it

here.

Since all four valence electrons are
used up, there is none left over to contribute toward a conduction current.

Thus one might at first think that crystalline germanium is an insulator. However, two means exist to produce current -carrying, or "conduction," electrons
within a sample of germanium crystal.

First, thermal agitation of the atoms'
can at room temperature be sufficient to
knock a few electrons out of their cova-

lent bonds. Not many, but a few. This
situation is shown diagrammatically in
Fig. 2. And in addition, if the specimen
is

illuminated with light2, the light

energy of the photons can disrupt a

normal covalent bond. These two means
of producing conduction electrons prevent crystalline germanium from being
an insulator.

Now let's think about what happens
to the conduction electron and the bond
it left. The electron may merely drift

away through the material. Since the
1 Remember that, when viewing things
from

an

atomic

level,

temperature

is

merely a measure of the rate at which
particles are "bouncing around "-the
higher the temperature, the faster the

atoms, which can move somewhat within
their specified position in the crystal lattice, jiggle around.
2 Remember that ordinary light can be

thought of as little packages, or " photons, " of energy.

covalent bonds in the lattice can accommodate only two electrons, it cannot become a permanent fixture at any one spot
in the lattice. Or else it may immediately
fall back into the bond it left. In
general, the electron is removed with
such energy that it drifts away from the

spot where it was. The bond, on the
other hand, is now lacking an electron.
A bond in this state is called a "hole."

A surprising feature of the lattice

is

that this hole can 'move in roughly the
same fashion as an excess electron. Its
movement, of course, consists of having
an electron from a nearby bond jump
into the original bond, thus moving tic
hole to the spot where the electron came

from. The hole, being the lack of an
electron, possesses a positive charge
equal to e. For the purposes of transistor
physics, the hole may be thought of as a

particle with a positive charge e, and
with characteristics similar to those of a
conduction electron.
A hole can re -combine with an elec-

tron by the simple process of coming
close enough so that their electric attraction will cause the electron to "fall
into the hole," to put it crudely. Sometimes this process is accompanied by a
release of energy in the form of a photon; more often it is not. (Of course if
the hole and electron could not recombine, the crystal would eventually fall
apart from lack of covalent bonds. Need-

less to say, this doesn't happen.)

Since the concept of the hole as a

current carrier is paramount in the discussion that follows, the reader should
fix in his mind the following facts about
the hole: (1) It may he created by somehow drawing an electron away from the
covalent bond, (2) It and an accompanying

electron

may be simultaneously

created by thermal agitation within the
crystal, (3) It and an accompanying

conduction electron may he created by
an incident photon, (4) The hole may
be considered as a positively charged
particle when thinking of its current carrying abilities, (5) A hole and a
conduction electron will re -combine if

Fig.

1

tides. A flow of holes in one direction

just as much constitutes current as a
flow of electrons in the opposite direction.
Fig. 3. A piece of intrinsic germanium with two leads, one at either

end, like a common resistor.

It

can

be used as a small photocell.

they happen to meet, and (6) A flow
of holes in one direction just as much
constitutes current as a flow of electrons

in the opposite direction.
With what we know about a germanium crystal already, we can see that a
single piece of germanium, made with
two leads, similar to a resistor, (see Fig.
3) could perhaps perform some useful
functions. For example, the temperature
dependence of the "intrinsic current,"
that formed by thermal agitation, could
be utilized in making the device act as a
thermometer, with a conductivity that
would decrease with increasing tempera
ture. Fortunately, more reliable and
more sensitive electrical thermometers.

Part II-Impurities in a Germanium
Crystal

The useful properties of semiconductors do not end with the pure crystals.
With controlled 'amounts of special impurities, useful devices can be made.
Remember that in the last section we

were talking about a pure sample of
germanium. This was a semiconductor
because the germanium had four valence
electrons, all of which formed covalent

bonds. If, however, one of the germanium atoms is replaced by an atom with
only three valence electrons, such as indium, there will be a hole automatically
formed in the lattice. The impurity atom

does not break up the lattice structure
-instead it fits in as well as it can, form-

ing a hole. Of course, the crystal as a
whole is still electrically neutral-the
indium atom has one less positive charge

such as thermistors, are available.
However, the device is used as a
photocell. Incident light produces electron -hole pairs, which, if a voltr.ge is
applied across the device, increase the
current flowing. The so-called Germanium Photoresistor (type 1N189) is an
example of commercial use of photoconductivity. (Actually, for reasons
which we won't go into here, n -type
germanium, as described below, is used
rather than intrinsic germanium in this

in its nucleus. But nevertheless a con-

photoresistor.)

exclusively positively -charged holes, it

From this section the reader should
understand in an intuitive sort of way
the difference between insulators, con-

is known as "p -type" germanium. The
indium atoms are known as "acceptors"
because they form bonds which accept
electrons from nearby bonds, forming
holes. Note that holes have been introduced without forming corresponding

ductors, and semiconductors. He should
remember that germanium forms a stable
crystal lattice in which all valence elec-

trons are used up, but that conduction
particles (electrons and holes) can be
formed even at room temperature by
thermal agitation, and also by incident
photons. Holes can be treated in much
the same way as electrons-as real par -

duction particle-namely, a hole-ha.
been formed in a crystal which otherwise had none, except for occasional
thermally or light -caused pairs. The

situation is represented in Fig. 4.
A crystal of germanium "doped" with

indium atoms (say one for every fifty
million or so germanium atoms) can
carry current and therefore is a better
conductor than pure germanium. Because the current carriers are almost

conduction electrons.
Similarly, a crystal can be doped with

an element with five valence electrons.
such as antimony, to form "n -type"

germanium. The antimony atoms are
called "donors" because when they !It

(left). Representation of pure germanium crystal. Each germanium atom forms four covalent bonds with its four
2 (right). Intrinsic germanium. Note the temperature -caused holes and electrons.

adjacent neighbors. Fig.
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Fig. 4 (left). The addition of acceptors to otherwise pure germanium creates
holes without creating
Fig. 5 (right). The addition of donors to otherwise pure germanium creates conduction
electrons

into the lattice there is an extra electron
left over which is free to act as a current

carrier. This is represented in Fig. 5.

excess

electrons.

without corresponding holes.

conduction electrons wandering about.
Each side is at first glance electronically
neutral-with equal positive and nega-

netted to the p-regiou, and its negative
terminal to the n -region, holes in the

p -region will be driven away from
charge. Right near the junction the end of the crystal
by the action
room temperature), the carrier intro- there will be some diffusion of electrons
duced is attracted to the impurity atom, and holes, with some re -combination of the battery, and more holes will
because they have opposite charges.. taking place. As a result the remaining flow into the crystal from the battery
However, thermal agitation shakes off acceptor and donor atoms set up a (that is, some bonds near the end of

At very low temperatures (much below

these impurity carriers relatively easily.
Pure germanium, free to conduct only
because of thermally -generated carrier
pairs, is said to possess "intrinsic conductivity," as opposed to "n -type conductivity" (predominantly by means of
excess electrons) or "p -type conductivity" (predominantly by means of
holes).

The role played by the three types of
germanium, p -type, n -type, and pure, is
very important in transistor physics.
The reader will want to remember from
this section that: (1) in n -type germa-

nium, formed by the introduction of

donor atoms, the principal current-carry-

ing particle is the electron, and the remaining donor atom in the lattice structure has a local positive charge, which
however, does not succeed in "trapping"
an electron and keeping it tied down at
normal temperatures; (2) in p -type
germanium, formed by the introduction
of acceptor atoms, the principal hurrent-

tive

small electric field, and the equilibrium

condition of the crystal is that further

diffusion

of electrons and holes be

stopped by a small electric field local-

ized right at the junction.

the crystal will lose one electron).
Similarly, at the other end of the
crystal, electrons are being driven

away from the end by the action of

the external battery, and more supplied
to the

crystal. With the externally Although the existence of this localcaused
electric
field in such a direction
ized electric field means that the two
sides of the crystal are at a slightly to push the holes and electrons toward
each other, the crystal is said to be
different electric potential, the reader biased
in the "forward" direction.
should not jump to any conclusions When the
electrons and holes reach
such as that of the junction being re- the

placed by a battery, or anything

so

foolish. The junction of course cannot
supply power to an external resistor,
and furthermore the potential difference between the two sides is a function of the temperature, and in addition

center of the crystal, they pass

right through the junction, and in general travel a small ways into the other
half of the crystal, whereupon they
combine with carriers of opposite sign,
thereby vanishing. But since more holes

can be varied by applying external and

electrons are

continually being

supplied by the battery, continued curpower, as we shall see later.
In order to understand the rectifying rent flows through the device.
On the other hand, if the battery
action at a junction, consider the piece
of crystal with a p -n junction in it, leads were reversed, so that the posiwith leads attached to each end of the tive terminal went to the n -type gercrystal, on either side of the junction, manium, and the negative terminal to
the p -region, the action would be such
carrying particle is the hole, and the as shown in Fig. 6.
remaining acceptor atoms in the lattice
Normally, enough electrons and holes as to draw the electrons and holes withstructure have a local negative charge, have diffused together so that quite in the crystal away from each otherwhich however, does not succeed in near the junction there are no carriers that is, toward the ends of the crystal.
"trapping" a bole and keeping it tied (i.e. electrons or holes) present-and Clearly very little current can flow in
down at normal temperatures; (3) suit- more carriers will not come near the this situation, since the electrons and
able juxtaposition of n -type, p -type, junction because of the small localized holes cannot recombine easily.
Thus we see that this device, known
and intrinsic areas produces useful de- electric field set up, as explained
vices.
earlier. Now, if a battery is connected as a "junction diode," can pass current
so that its positive terminal is con - easily in only one direction. The comPart III-Action at a Junction
mon 1N91 is an example of such a rectifier. Crystal rectifiers, made both from
If we have a crystal of germanium
P -N JUNCTION
germanium and silicon, are in limited
which is half p -type and half n -type,
use already, and are expected to reN
the surface separating the two areas is
O
place vacuum tube rectifiers in many
known as a "p -n junction." On one
applications as soon as the price falls
side of the junction we see acceptor
a bit more.
atoms with their local negative charge
Fig.
6.
A
p
-n
The forward current in these devices
junction
is
the
surface
distributed throughout the area, and
p -type from n -type german- is limited by the PR losses within the
holes also distributed. On the other side separating
ium. Here is a junction diode, using one germanium, and also by the fact that
are immovable dorm atoms and many
p -n junction.
the junction electric field never is corn 76

pletely eliminated by the externally -

tions to achieve a yield of nearly 1-

applied field. The reverse current that
flows is produced mainly by imperfec-

that is, one hole -electron pair for every

tions in the crystal construction, or
else by thermally -generated carrier
pairs. If a thermally -generated pair

occurs near enough to the junction so
that there are no other carriers present,
the hole will be attracted by the p -region, and the electron will move toward
the n -region, and their motion will constitute current. And if a reversely connected junction diode is illuminated

with light, incident photons will produce carrier pairs, increasing the current. The effect is made use of in photo diodes, as explained in the next section.

The principles the reader should resection are: (1) the

light quantum hitting the diode. The
device is thus seen to be a practical,
very small, sensitive photocell.

However, illumination and thermal

agitation are not the only ways to
introduce holes or electrons nedr a
reversely -biased junction. Consider the

case of a three -region piece of germanium-with two p -regions at the
ends, and a small, narrow n -region in
the middle. See Fig. 7. Suppose each
region is brought out to a terminal, and
that between the middle and right regions a reverse bias is applied-by applying

the

positive

terminal

of

a

battery to the middle region, and the

tain from this

negative terminal to the end. Thus one
junction is reversely biased. And little
material is known as a p -n junction? current will flow. Now, however, we
and a two -terminal device employing a shall connect a small battery between
surface between n -type and

p -type

p -n junction is known as a junction
diode. (2) At thermal equilibrium with

electric field is set up across the junction which keeps the holes on one

N

biased, any carriers, whether hole or
electron, which are placed near the
junction will flow toward the end of
the diode." If the reader understands
nothing at all from the last sections
but this, he's still ready to proceed.
In the last section we described the
action of a junction diode. Now let's
take that same diode, and establish a
reverse bias on it by connecting an external battery with its positive terminal
on the n -region, and its negative terminal on the p -region. The reverse current is now due only to thermally -

generated carrier pairs created in the

vicinity of the junction. However, if we
shine light on the junction, more hole electron pairs -will be formed, and consequently more current will flow through
the device. When connected and used

in this way, the device is known as a
"junction photo-diode"-the 1N188 is
an example of a germanium photo diode. It is possible under good condi-

by means of current injected near the
junction by another electrode (in this
case another junction).
Because of its importance let's go
through it again : First, a reverse bias

set up between the base and the

is

collector-that

is,

across the collector

junction. The only collector current
which flows (if the transistor is shielded
is

due to thermally -gen-

is, across the

emitter junction. Thus, much current
1

Fig.

7.

A two -junction device,

with

each of the three regions brought out
to a

terminal.

flows through the emitter. The question
becomes, "what happens to the emitter
current once it reaches the base ?" First,
a small portion of the emitter current is
due to electrons which flow across the

emitter junction from the base-these

trons are pulled away from each other
and away from the junction, so little
current flows. (5) When a diode is
reversely biased, any carriers, whether
hole or electron, which are placed near
the junction will flow toward the end
of the diode.

sistor action. "When a diode is reversely

rent through a reversely -biased junction

and the emitter-that

the reverse direction, the holes and elec-

is extremely important and is fundamental to an understanding of tran-

"transistor action"-the control of cur-

erated hole -electron pairs created near
the collector junction. Now, however, a
forward bias is set up between the base

side and the electrons on the other.

Part IV-Some Other Junction Devices
The last statement in the last section

which collects all the holes which the
emitter injects, is known as the "collector." The middle region is called the
"base." The theory given above for the
operation of the transistor is known as

the middle region and the left end- from light)

no external voltage applied, a slight

(3) If a diode is biased in the forward
direction, the holes and electrons are
pushed by the external power source
toward the junction, near which they
re -combine. (4) If a diode is biased in

now, the three -terminal device we have
been talking about is a "p -n -p junction
transistor." The end terminal which
emits the holes into the middle region
is known, appropriately enough, as the
"emitter." The other end terminal,

recombine with holes somewhere within
the emitter. Secondly, some of the holes
that enter the base re -combine with

Fig.

8.

Normal biasing of the

p -n -p

junction transistor. The emitter junction
is biased forward, the collector junction
backward.

electrons within the base. These two
together constitute the current which
flows through the base lead. However,
if the transistor is properly designed.
the vast majority of holes pass right
through the base into the collector, and
serve to increase the collector current.
Of

course,

superimposed

upon the

emitter current might be some sort of
fluctuating signal which requires amplification.

this time in the forward direction. What

will be the result of this connection,
shown in Fig. 8?
At first glance, one might be tempted

to treat the two junctions separately,
and say that the one will remain nonconducting, and the other will conduct.
However, this is not the effect observed. Instead, holes that enter the
middle n -region from the forward -

connected left-hand junction will see
only the other junction ahead of them

-and will act just like any carrier
introduced in the region of a reversely biased junction-they will flow through

But now the question may arise, "so
what?" We just saw that the collector
current is always (in the normal operating region) less than the emitter
current. Is that amplification? Well,

it's not too hard to see that, no matter
what the collector -to -base voltage is,
collector junction is
biased reversely, the collector current
is determined almost completely by the
emitter current. In other words, a large
so long as the

resistor in series with the collector
which changes the collector voltage
when the collector current changes, will

the junction and out the other end of

not appreciably affect the amount of
the collector current, which will still
be determined by the emitter current
alone. Thus our input signal, at a very

especially if the n -region is thin, will

small voltage, can be increased to several times this voltage-in other words
the transistor connected this way will

the crystal. A few, to be sure, will
re -combine with the electrons within
the n -region, but the vast majority,
proceed through

both junctions and

thus pass right through the crystal.

If the reader hasn't guessed it by

amplify.

Since the base terminal is common
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let's say that 0..0.95. If we call

the

lowered somewhat by the presence of

emitter current ie, the collector current
ie, and the base current ib, we immediately see that
io = ale
(1)

the electron, with the result that the
emitter injects holes into the base to
try to raise its potential up to the

and

is= (/ - a)

(2)

ie

and therefore

it

=

which recombines with the electron, and

(a

p ib

1 -a

(3

where II is called the "grounded -emitter

current gain," and
Fig. 9. Common -emitter biasing method
for a p -n -p junction transistor.

to both the input and the output of
the simple amplifier, it is called a
common -base,

or

grounded -base

con-

figuration. We will see in the next sec-

tion that in another configuration the
device can act as a current amplifier.
This section is, of course, the most
important section in the article. The
sections before this merely served to
introduce certain concepts used here.

The following three sections will fur-

1-a

so when a = 0.93, f3= 19.

If we consider the base as the input
terminal, and the collector as the output terminal, we can see from Eq. (3)
that the collector current is many times
greater than the base current, so when
transistor is operated in the
grounded -emitter configuration, that is
the

with the emitter common between the

input circuit and the output circuit,

ther describe transistor action, and will
describe a few more commercially avail-

amplification

takes

place.

dent

photons

produce

electron -hole

pairs near the junction. A small, practical, sensitive photocell is the result.
(2) A p -n -p junction transistor is
merely a three -terminal device having
two p -n
junctions "back-to-back,"
separated by a small n -region. The

collector current is determined, in the
grounded -base

configuration,

by

emitter current only-not by the

the
col-

lector' voltage. A small, efficient, amplifying device is seen to result. (3)
Transistor action is merely the control
of current through a reversely -biased
junction by means of injecting proper
carriers in the vicinity of the junction
from another electrode.
Part V-Grounded-Emitter Operation
We saw in the last section that transistor action is merely the control of
current through a reversely -biased

junction by means of current from another source deposited near the junction. In a p -n -p junction transistor with
the base lead common to both the collector and emitter circuits, a majority
of holes coming from the emitter pass
right through the base region into the
collector. Since the collector current is
less than the emitter current, the tran-

not amplify current, although we saw that it would amplify
sistor

does

call the fraction of
emitter current which does reach the
voltage. Let

us

collector a.

a will normally be just a trifle less
than one-for the sake of example,
78

current

gain

is

seen

again

to

a/(1- a). This is, of course, the

be

same

result we achieved two paragraphs ago
by considering the device mathematically.
The reader should recognize the fact

that this "transistor current multiplication" is merely another manifestation
of transistor action, and is quite equiva-

lent to the statement about transistor
action made at the end of the last section.

soning as was employed in the last sec-

The reader should note the following
pertinent points arrived at in this section: (1) In the grounded -emitter configuration, the transistor is capable, to
a first approximation, of a current gain
of a/(1- a). (2) This transistor current multiplication (often referred to
as "hook multiplication") is merely another manifestation of transistor action
-and thus is entirely equivalent to the
former statement of transistor action.

tion, this current can be made to flow

Part VI-Other Two -Junction Devices

N

N

able junction devices of interest. Out
of this section the reader should have
learned: (1) A photo -diode is merely
a reversely -biased diode whose current
is controlled by incident light. The inci-

19 of which flow through the base into
the collector. Thus a very small amount
of current through the base can control
a rather large amount of current

through the collector. In fact, 1 milliampere through the base can control
19 milliamperes through the collector,
or a/(1 - a) milliamperes. Thus the

13= a

current

point of equilibrium. For each electron
in the hole region, the emitter injects
twenty, or 1/(1 - a) holes-one of

10. An n -p -n junction transistor
behaves in exactly the opposite way

Fig.

as a p -n -p junction transistor. All polarities are reversed.

Furthermore, by the same sort of reathrough a large load resistor, so voltage
amplification occurs as well.
However, this mathematical deriva-

tion may not be at all convincing to
the reader, so we'll go through the
grounded -emitter stage again, from a
physical viewpoint.
Consider the case when a battery is
placed directly between the collector
and the emitter, with the base left unconnected, as in Fig. 9. Of course, for
the p -n -p junction transistor under
consideration, the collector should be
connected to the negative battery terminal, and the emitter to the positive.
In this case, the collector junction is
biased in the reverse direction. In addition, the potential of the base is
slightly higher than the potential of

the emitter. For if it were not, emitter
current would flow, one twentieth of
which would remain in the base to
charge

it rp to the point where no

more current will flow. This is the condition of the transistor for equilibrium.
Now consider the case when an electron
appears in the base region for one

reason or another. Perhaps it was introduced in through the base lead, in
which case it represents base current.
The potential of the base region is

In this section we will discuss two
two -junction devices-both of
which rely for operation on transistor
more

action.
Besides p -n -p junction transistors,
n -p -n junction transistors exist as well.
See Fig. 10. Transistor action is exactly
the same in these n -p -n units, except

that all battery polarities and current
directions must be reversed. For example, instead of injecting holes into
the base, the n -p -n emitter injects electrons. The n -p -n transistor is exactly

the same, to a first approximation, but

opposite in polarity to a p -n -p transistor.

Let us consider an n -p -n transistor
operating grounded-emitter-that is,
with only one battery connected between

the collector and the emitter, with the
collector positive' as shown in Fig. 11.
As a first approximation, we stated in
the last section that no current would

flow. As a matter of fact, however,

thermally -generated electron -hole pairs

will

be

created

near

the

reversely -

3 From his knowledge of transistor ac-

tion the reader should be able to verify
in his own mind that the collector junction will be biased reversely with this
connection.

poses they can be thought of as a
photo -diode with a built-in amplifier.
Part VII-Three-Junction Devices

A device can be made which is analogous to the photo -transistor in the
same way that an ordinary p -n -p junction transistor is analogous to a photo diode. For this operation, some current

is injected by a fourth element placed
quite near the collector junction. This
element serves the same purpose as the
emitter of a normal junction transistor,
and so in the composite device is called
Fig. 11 A grounded -emitter n -p -n junction transistor. This is correct biasing

for use as a photo -transistor.

biased collector junction, the electron

of which will be pulled by the positive

terminal of the battery into the collector, and the hole of which will proceed into the base. In order to counteract the presence of the hole in the base,
the emitter must inject 20, or 1/(1 - a)
electrons into the base, one of which
will re -combine with the hole, and 19
of which will pass through into the collector. Since this is so, the collector
current will be twenty times the rate

the

emitter. What was formerly the

collector plays the role of the base, so

it is now known as the base. What

formerly was the emitter now becomes
the collector.
The device, known as a "p -n hook
transistor" is shown in Fig. 12. Federal
Telecommunication Labs makes an experimental model, type CP-611. The
device can be most easily understood
by considering it connected grounded base. In this connection, the three eleN
O

of creation of carrier pairs due to

thermal agitation alone. In short, the
problem of thermal current in the
grounded -emitter stage is greater than
the problem when the transistor is fed
with the base common. "Bias stabiliza-

tion" under widely varying temperatures is often a severe problem-although there are techniques for reducing the effect considerably.
So hook multiplication is a problem
when thermal current is considered.

However, it can be used to advantage
in certain cases. Consider, for example,
the same n -p -n transistor with its base
disconnected, and normally -biased as
in Fig. 11, and with the reversely biased collector junction illuminated.
For every light -caused electron -hole
pair formed, twenty electrons will

flow through the collector circuit. Thus,
in effect, the photo -diode current is

multiplied by the hook multiplication
ratio -1/(1 - a). This device is known
as a "photo -transistor," and is often
described as a photo -diode with a builtin amplifier. Texas Instruments type

800 is typical of modern photo -transistors.

From this section the reader should
retain the following points: (1) n -p -n
junction transistors operate in exactly
the same way as p -n -p junction transistors, except that all battery polarities
reversed. (2) Grounded -emitter
transistors with the base left open -

are

circuited exhibit hook multiplication of
thermally -generated current. (3) Photo transistors use the inherent hook multiplication of transistors to advantage
in producing a more sensitive photocell

than the photo -diode. For some pur-

Fig.

12. A three -junction device, three

of whose sections are brought out to
terminals. This is the hook transistor.

ments at the right (as in Fig. 13) form
a hook multiplier-the same way that

taken in designing circuits around the
hook transistor, since it, like the point
contact transistor, which also can have
a current gain greater than 1, is unstable in certain configurations. In fact,
too much resistance in the base circuit
can make the device unstable.
However,

Federal

Telecommunica-

tion Labs reports that in their transistor, the over-all current gain from
emitter to collector is very much a

function of the collector current, dropping down to practically 1 for low current operation. For this reason,
circuit design problems may be less
severe than otherwise expected.
Another possible device similar in

form to the hook transistor may find
use someday. We shall call it the book

photocell. If a hook transistor is arranged in some stable arrangement,
with the base removed from ground by

means of a series resistor, and then
the center, reversely -biased junction is
illuminated by a light source, a current
multiplication will occur which is some-

what more than that due to one hook
multiplication alone. Thus the device
could be more sensitive than the photo transistor. Whether a device of this

sort will ever find much practical use
remains to be seen, but it is mentioned
here so that it may be considered a
logical extension of the practical devices.

The problem of a very large

current
would
limit the usefulness of the hook photocell drastically.
thermally -generated

Attempts to make a five -terminal

an n -p -n transistor normally would.
Emitter current injected at the left

transistor using two hook multiplica-

passes into, and 95 per cent (or a) of
it through, the base region. The por-

ably be doomed to failure, for the injected carriers must be placed square
in the middle of the middle region of
the hook transistor for such a device,
and the problems of building such a
device out of a single crystal are quite
difficult, as the reader may be able to
see. This is not to say that useful five -

tion which passes through the collector

junction in the middle finds itself in
what looks like the base of an n -p -n
junction transistor, so biased that
hook multiplication will occur. For

each hole so present, 20 or 1/(1 - a)
electrons will be drawn from the collector region to the far right, 19 of
which will again pass through the reversely -biased junction in the middle

into what is called the base of the
composite hook transistor. If the base
is grounded, these will flow out of the
Base, in which case the "collector current" will be many times the "emitter
current." In fact, if the region at the

tions within the same crystal will prob-

terminal devices will not be made using
junctions and transistor action-but

they will probably have two or more
terminals attached to one region, as pres-

ent tetrode transistors and double -base
diodes do.

Out of this section the reader should
(Continued on page 87)
FORWARD -BIASED JUNCTION

left has a normal current gain of a
and the three elements at the right

REVERSELY -BIASED JUNCTION

HOOK JUNCTION

taken together have a current gain of

BIASED

a (both less than unity), the ratio

of collector current to emitter current
will be a1/(1 - a,), or approximately
Note that the base was grounded in
the last discussion. The device in this
configuration possesses a current gain
greater than one-something which a

Fig.

normal junction transistor does not.

that the collector has a "built-in hook

It should be noted that care must be

13. Correct biasing for the hook

transistor. This is the same as the p -n -p
junction transistor. Only difference is
mechanism."
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Transistor Preamps
H. F. STARKE

A discussion of practical considerations involved in the design of preamplifiers for phonograph reproduction-with their attendant low -frequency boost-and flat amplifiers for microphone applications.
TRANSISTOR

be

PREAMPLIFIERS may

classified broadly according to their
various applications - in fact, it
might be better to say that they must be
so classified because (1) frequency discrimination networks are, in general,
somewhat more difficult with transistors

than with tubes and (2) the input re-

than one having RIAA response with its
slight 1,000 -cps flattening. This is because resistive -reactive networks are
characterized by slopes of 6 db per oc-

tave-obviously too much for a nine octave band.
In general, it is a mistake to interpose
a resistive element between the transistor

sponse when used with a vacuum -tube
amplifier. This drops very little for the
transistor amplifier because the d.c. resistance of the cartridge is less than
500 ohms.

If the crossover point appears to require adjustment, this can be most readily accomplished over a reasonable range
by changing the operating current of the
first stage. It will be noted that the base
divider for this stage consists of equal

sistance varies enormously with circuit
configuration, operating current, and

input and the generator for the purpose
of obtaining frequency adjustment if a
primary objective is that of providing

count will be concerned mainly with two
general types of amplifiers: those having

the highest possible signal-to-noise ratio.

values of resistance in order to keep

features may be recognized:

volts in this stage from a supply of 6
to 7 volts.

the RIAA at any point (Fig. 1). Although it must be seriously doubted

(1) No frequency networks between
pickup and input.
(2) High -frequency rolloff by controlled input resistance.

whether the most critical observer could
distinguish between the two, the point is
largely of academic interest because, as
it happens, an amplifier with a slope of

(3) Low -frequency boost by means of
a negative feedback loop from collector
to collector. This technique is, of course,
similar to the plate -to -plate loop of the

4 db per octave throughout the entire

vacuum -tube amplifier.

transistor alpha (a). The present acflat responses and intended as dynamic
microphone preamps or as impedance
transformers, and those designed as pre amps working from an inductive pickup
into an otherwise flat main amplifier.
Values have been published for the
new standard record curve (RIAA) to
the nearest millibel.1 A straight line between the extremes at 30 and 15,000 cps
has a slope of very nearly 4 db per octave and if this line is raised a trifle it
does not depart more than 1.6 db from

The special case of a preamp designed the parallel impedance of these elements
for working from an inductive pickup, as high as possible. The adjustment of
however, may be considered as a practi- °operating current should accordingly be
cal exception only to the extent that the made by changing the emitter resistor
designer would like to mitigate the se- rather than the 1 to 1 ratio of the base verity of the input impedance problem divider elements. If the required current
at the expense of some degradation of change turns out to be considerable, it
will be necessary to modify the loadthe signal-to-noise ratio.
One form of the phono preamp is the general objective being to maintain
shown in Fig. 2 in which the following a collector voltage between 1.5 and 2

the interstage blocking capacitor.
1 "The Proposed AES Disc Standard,"

(RIAA curve). J.A.E.S., Jan. 1954.

pedance of that stage, R,(1-a), and
works into a load made up of five impedances in parallel :

(4) Bass flattening by adjustment of

band would be more difficult to design

The low -frequency boosting network
with a crossover of approximately 500
cps works from a source consisting of
the second -stage collector load (20,000
ohms) in parallel with the output im-

With an inductance of 0.52 Hy, the
cartridge used during the development
of this amplifier requires an input resistance of 6200 ohms for RIAA re -

(1) First -stage output impedance.
(2) First -stage collector load.
(3) Second -stage upper base resistor.
(4) Second -stage lower base resistor.
(5) Second -stage input impedance.

Fig. 1. RIAA play-
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Fig. 2. Transistor phono preamp in initial
stages of design.

It will therefore be recognized that this
network cannot be predicted to the same
exactitude that will be found in vacuum -

elect to use a battery in view of the low
current demand and this is a value that
provides 5 or 6 volts of output. On the

tube circuits unless at least the alphas
of the two transistors are known and
their values of R, and Rb are not too far
from average for the operating current.
Also, if a substantial change is made in
the first -stage operating current for the
purpose of correcting high -frequency

other hand, if the supply is obtained

rolloff, the corresponding change in first -

transistor preamp so that the voltage at
the tap will not rise unduly if the pre amp is switched off separately.
The 1000 -cps voltage gain of this am-

stage output impedance will have some
effect upon the low -frequency -boost network although the converse effect is

much less. Both input and output impedances vary inversely with current,
of course, and when the first -stage current is reduced the slopes of both high
and low networks are increased. For a
given change, however, the effect is

more pronounced for the LR network
because R in this case is a single impedance (the input impedance of the first

stage) while in the other case the first stage output impedance is only one of
several impedances in parallel.
Accordingly, if the first frequency
run on the completed amplifier deviates
from the standard by more than an acceptable amount in one or two places,
the preferred order of adjustment would
be:
High -frequency rolloff.
(2) Low -frequency boost.

from a 250- or 300 -volt plate supply in
the main (vacuum -tube) amplifier by
means of a divider, there is no particular

reason for setting the tap higher than
30 volts. The bleeder current in this
divider should be at least four or five
times the total current taken by the

plifier is approximately 52 db and if
this is somewhat in excess of what is
required, the first stage collector load
may be tapped down without much effect

upon over-all frequency response provided the low boost network is left at
the collector.
In terms of comparative physical size,

the 250 µf emitter bypasses stand out as
the largest components physically, on
the list. If an amplifier of this type is to
be built into the pickup arm, it accordingly becomes desirable-because of both
size and weight-to eliminate these capacitors. This leads to the form of pre amp shown in Fig. 3 which uses the type
of regulation circuit in which the base
divider feeds from the collector instead

of from the battery. Compared to the

(1)

negative feedback. The 2 -of capacitor
for bass flattening has sufficient effect
with no augmentation from emitter bypasses-again because of lower impedance.

Adding Other Curves

For the benefit of those who would
like to provide, by means of switching
in other networks, a choice of frequency
responses, the following practical difference between transistor and vacuum

following impedance-i.e., a grid leak

shunted by the grid impedance. In direct

contrast, the transistor circuit-because
of the choice of circuit configuration or
the use of feedback-may show a pre3. Amplifier of Fig. 2 is modified
to avoid use of large emitter bypass
Fig.

leaves only the second -stage collector
supply at the higher voltage. An earlier
version of this form of preamp used 6

feedback from collector to base) lower
stage gain. The feedback also has the
effect of reducing both the input and the
output impedance of each stage apart
from the rather low value of the resistor
from base to ground. This latter can be
increased only at the expense of achieving a poorer regulation factor.
The over-all combination proved to
have an input impedance somewhat too

present amplifier by raising the second stage supply and holding the emitter resistor to a reasonable value.
It will be recognized that no particular
importance attaches to the value of 221/2
volts other than the fact that some may

work of Fig. 2 because it works between
the lower impedances resulting from the

ance) and consider only the much higher

reversals in each stage has a final output in phase with the amplifier input,
the input base divider should be de coupled. The filter serves the further
purpose of dropping the supply voltage

in gain, noise level, and frequency response, but which was deficient in the
matter of maximum undistorted output
voltage. This has been corrected in the

boost network is not much more than
one-half that of the corresponding net-

tice in vacuum tube circuitry to disregard the source impedance (usually a
plate load shunted by the plate resist-

enough impedance at this frequency to
drop the gain 0.6 or 0.7 db. More or less
flattening is readily obtained by altering
the value of the coupling capacitor with
little effect upon the rest of the curve.

design which gave adequate performance

The gain of 40 db at 1000 cps-although 12 db lower than the gain of the
previous amplifier-is still adequate for
the purpose. Since the second -stage collector supply is the same, the maximum
output is also the same: 15 or 16 dbv.
The impedance of the low -frequency -

crossover frequency, it is common prac-

the emitter bypasses (250 µf) which have

volts to both stages and resulted in a

ter. Although either scheme appears to
be workable and would probably result
in approximately the same reduction in
gain (other things being equal) it should
be noted that the slight reduction in battery current must be balanced against
maintaining or slightly improving the
regulation factor.

Although, in general, a reactive impedance must equal the sum of the resistive impedances on either side at the

coupling-the remainder being due to

to the first stage and-as used here-

sistor was placed in the first -stage emit-

tube circuits may be noted :

(3) Bass flattening.
The standard calls for a 3 db flattening at 50 cps and most of this is obtained
from the rather low value of interstage

Practical Considerations
Since a two -stage amplifier with phase

in connection with Fig. 2-a small re-

capacitors.

first circuit, this form has somewhat less
regulation and (because of the negative

low for the inductive pickup with a

first -stage transistor having a current
gain of 50. As an alternative to increasing the impedance by reducing the operating current-a procedure discussed

ceding impedance higher than, the same
as, or lower than the following imped-

ance and both must be taken into account.

At

15,000

cps,

audio -frequency

transistors will show some loss of gain
due to frequency cutoff of alpha. On a
flat amplifier, such as will be described
in connection with dynamic microphone
preamps, this can result in a response

that is down 3 or 4 db at 15 or 20 kc
in two stages. On the RIAA type of response, the effect may be noticeable as
a convexity (facing up) of the portion
of the curve between 2,000 and 15,000
cps. In brief, if the response is down by
the correct amount at 15,000 cps, it will

he 3 or 4 db too high at one octave

lower or, conversely, if it is down by
the correct amount at 7 or 8 kc, it will
be 3 or 4 db too low at 15,000 cps. To
determine how much alpha cutoff correction is required, it is of course in 81

formative to run the curve to 20,000
cps despite the fact that the standard
stops at 15,000 because-unlike the other
end of the band where the 6 db/octave
response due to low -frequency boost is
severely modified by bass flattening-the
slope of the high -frequency end of the
RIAA curve is rather well defined.
The simple, low -impedance network to
accomplish this correction will be dis-

cussed in connection with the flat -response amplifiers. For the present, it
may be noted that the circuit of Fig. 3
will require less alpha cutoff correction
than that of Fig. 2 because, as might be
expected, the presence of negative feedback independent of frequency reduces
the drop.
Frequency responses for these amplifiers have not been included for the sim-

ple reason that the conformity of an
amplifier of this type to RIAA-or to
any of the older curves for that matter
.-is largely either a question of patience
for the individual experimenter or of tolerances to the commercial designer. It
seems safe to say that the desired gain
(32 to 35 db minimum) and frequency
response can be obtained with transistors having common -emitter current gains

of at least 30 or 35 although the preferred range would appear to be between
70 and 100. The choice between the two
circuits is a matter of deciding whether
or not the large emitter bypasses are too

values as follows: (B is the common emitter current gain)
Figure
2

Stage

2

2

1

3

1

3

2

B

S

100

2.9

70
50
50

7.3

2.6
14.2

BiS

34.5
9.6
19.2

3.5

This matter of regulation and designing circuits for a reasonable temperature range cannot be dismissed lightly.
Too many designs have appeared in the
recent past showing unregulated circuits
although their designers must be aware

of the fact-since no one has tried to
keep it secret-that transistors are temperature responsive. In the present instance, a rise of 10 or 15 degrees Centigrade would produce, on an unregulated

phono preamp, a frequency response
only distantly related to RIAA or any
of its forebears. With rising temperature (and rising collector current) transistor impedances will drop and if the
degradation of frequency response is
too great to accept, the designer must
improve regulation to the point where

ous conclusion can be made that B is the

better circuit. Since the factor is intended to describe the stability of the

circuit and not the stability of the transistor, it would be more informative to
quote the ratio illustrated above and call
it "regulation factor." In this notation
unity describes, of course, an unregulated circuit and the higher numbers are
the more stable circuits.
The two phono preamp circuits show
82

noise factors are possible for all three
arrangements only
when impedances are matched or at least
common -electrode

approximately so. They would like, in
short, to enjoy the enormous advantages
of transistors without paying the necespower device.
Impedance Adjustment

Flat Preamplifier

Preamps to be used with dynamic
cific application

with due regard to

microphone impedance, line impedance,

ter will be a vacuum -tube amplifier with
either a high -impedance (direct to grid)

input or a line -to -grid transformer. To
obtain the advantages of operating the
line at a higher power level (i.e. higher

than the level of the unaided micro-

ment effected over the use of a unit' phone) and with a fairly wide choice as
having the same current gain in an unregulated circuit. For example, transistor A with a current gain of 100 is used
in a circuit giving an S -factor of 20-an
improvement ratio, obviously, of 5-1.
Transistor B with a current gain of 30
is used in another circuit having constants resulting in an S -factor of 10 or
an improvement of 3 to 1. But because
the latter is a lower S -value, the errone-

fact that low (and approximately equal)

ment is intended to be usable.

phyical size and the input characteristics of the main amplifier. In the situation most prevalent at present, the lat-

able for various purposes, the S -factor
alone does not give a clear indication of
circuit stability in terms of the improve-

for these applications as a sort of universal input device capable of working
from a few tens of ohms to a few tens
of kilohms with the real gain derived
from the following stages. Those who
think along these lines exhibit only a
slavish adherence to vacuum -tube circuitry in the face of the demonstrable

perature range over which the equip-

tive. In the first place, since a larger

however; is the fact that, with transistors
having current gains of 15 to 150 avail-

It is a mistake to suppose that a

"cathode follower" (i.e. grounded collector) type of input stage can be used

sary (and not unreasonable) price of
learning to think of the transistor as a

microphones and having flat responses
must generally be designed for a spe-

stability factor." Of more importance,

must work into a low -impedance line
(say 250 or 300 ohms) because of frequency and line capacitance considerations the stage gain will be less than 10
db since the gain of the common base
connection is derived from the ratio of
the load to the source.

the deviations are tolerable for the tem-

much to pay for the extra stability. In
this connection it may be worth noting
that the quantity S (stability factor) as
now used is not particularly informanumber denotes a more unstable circuit,
the correct term would appear to be "in-

For example, a 50 -ohm microphone will
require a common base stage and if this

to impedance, it is necessary to build

Fortunately for present purposes, it is
possible-as already intimated-to cover
a very wide range of input impedances
by the selection of transistor alpha, circuit arrangement, and operating current.
The selection, furthermore, may be made

to show some overlap in the transition
from one circuit to another although the
region of the overlap will usually favor,
for one reason or another, the common
emitter. A few illustrative examples may
serve to clarify this point, for the benefit of those who have not hitherto given
much thought to this problem.

Let us assume that the designer, in
addition to the choice of circuit, has
available the following:

the transistor preamp either into the

(1) Maximum operating current: 2

microphone case or in a small cylindrical
housing which can be interposed between

ma.

(2) Minimum operating current: 50

the cable plug and the microphone receptacle. This is practically the same, it
will be noted, as saying that the transistor preamp may be regarded as an im-

µa.

(3) Maximum 'transistor beta: 90
(types 2N65 and 2N132).
(4) Minimum transistor beta : 22

pedance transforming device which could
conceivably replace the transformer now

(types 2N63 and 2N130).

used for this purpose-the important It will be understood that these maxi-

difference being that gain may be obtained along with the transformation at
little or no cost as far as signal-to-noise
ratio is concerned.

For these purposes, the actual gain
obtained in the input stage should be
considered as secondary to obtaining the
required impedance because it is always
possible to add a second stage without
an excessive increase to the size, weight

and battery drain of the preamplifier.

mum and minimum beta values are not
absolute but merely representative of

the types indicated. Also, the beta at
50 µa will be typically about 50 per cent
of the 1 -ma value and the following estimates are based upon this reduction.

The minimum possible input resistance (grounded base, short-circuit load)
is :

Ri = Re+ Rb(1- a) = R + Rb

1

1+0

At 2 ma:
Ri= 12 + 400 (.011) =16 ohms

For maximum with grounded base
(current 50 µa, beta 11) :
1?,= 500 + 1200 (.083)=600 ohms

The input resistance of the grounded
emitter is:
Ri=Rb+Re(a) (1 + 0)
For the minimum, the current is 2 ma
and the beta 22:
1?,= 400 + 12 (23)=676 ohms
For the maximum (le= 50 µa; 13 = 45) :
Ri = 5000 + 500 (46) =28,000 ohms
The final values have been rounded be-

cause the Rb quoted for each case is
simply the most probable value and the
actual Rb may differ since this parameter, for a large number of units, has its
own distribution.
The important parameters, then, for
the control of input resistance are alpha
(or beta) and base resistance. For either
the equipment designer who must be prepared to accept a reasonable parameter
dispersion or the experimenter who must
perforce take his chances as to the exact
values of the few units he is willing to

supply of the main amplifier. This is
also true of many other transistorized

ohms may be obtained with loads not in
excess of 20,000 or 30,000 ohms.

units intended to be used with bacuum-

tube equipment already on hand. We
are in a period of what might be called
"hybridization" in which the transistor
is relegated to the role of performing
only those functions where it is demoh-

strably preferable, for one reason or
another, to the vacuum tube. In many
of these cases design problems would
actually be simplified if the entire equip-

ment were transistorized. Since it appears likely that some equipments now
line operated will take the form of battery portables by the full exploitation
of transistor capabilities, it may be recommended that designer and experimenter alike begin to channel their
thinking away from 45 -volt B batteries
and toward low -voltage operation.
The phrase "without resorting to the

"Flat" Amplifier Circuits
For the fiat amplifiers we will describe
first a unit intended to work from a
high -quality dynamic microphone into a

tape recorder. Many low- and mediumpriced recorders are designed to operate

from crystal microphones and consequently are not equipped with line input
transformers. If the owner of such a re-

corder wishes to use a microphone of
better quality and also to be able, on occasion, to place the microphone at some
distance from the recorder (very difficult
with the high -impedance crystal micro-

phone because of line capacitance) he
will find a satisfactory solution to his
problem in a transistor preamp at the
microphone.

use of an output transformer" which

Let us assume the following factors:

appears above has a similar explanation.
High -quality transformers, in addition

Microphone impedance : 500 ohms.

Microphone power: 95 db below 1
watt/microbar.
Microphone response : down 3 db at
50 and 12,000 cps.
Amplifier input: direct to grid.
Microphone cable: 50 ft of single
conductor at 70 µµf/ft.
Battery : one or two cells.

purchase, the common emitter circuit

would appear to be preferable because:
(1) The minimum R, for a given beta
and emitter current (as, for example, the
676 ohms quoted above) can be still further reduced by the use of collector -to base feedback.
(2) This type of feedback will reduce
the range of input resistance caused by
a given range of transistor current gain
and base resistance.

(3) Negative feedback is extremely
difficult to apply to the grounded -base
circuit because of its characteristically
low input resistance and the severe losses

in gain-lower than the grounded emitter to begin with-caused by the shunting of the load. It will be understood

that we are speaking not of the case
where the designer considers it no par-

ticular hardship to use 221/2- and 45 -volt

B batteries, but of the more practical
case where the desired results are ob-

tained with a minimum of supply power.

Variation of Operating Parameters

In elaboration of the foregoing, a digression at this point may be permis-

sible. While it is true that the phono
preamp already described uses a 22 -volt
supply (for the output stage only) it

must be recognized that this was done
for one specific purpose: that of providing approximately the same maxi-

Figure 4 is typical of the simplest
sort of one -stage amplifier that might be

Fig. 4. Simple form of one -stage amplifier for use with dynamic microphone.
to being rather costly, are usually much

larger and heavier than the rest of the
components put together, including the
transistors. Consequently, if the end result can be achieved without using trans-

formers, it seems probable in the long
range viewpoint that their use will decline in miniaturized applications. In
fact, it may be recalled that part of the
present discussion will be devoted to an
examination of the feasibility of using

transistors as impedance transforming
devices.

To return to the main subject: Of relatively less importance is the fact that
the upper limit on Ri for the common emitter circuit can also be extended by
the use of external emitter resistance
feedback because these higher impedances (above 25,000 ohms) are also

seriously considered for the purpose.
With the omission of the output blocking capacitor (since this would be included with the tube -amplifier input)
the circuit shows three resistors, one capacitor, one transistor, and one cell. The
combination of load and collector current leaves 0.6 to 0.85 volts at the collector according to whether a mercury or a

carbon cell is used. By connecting the
base divider to the voice -coil return instead of directly to the base, the feedback normal to this type of regulation is
made practically zero and the power
gain of the stage is approximately 17
db. This does not sound very impressive
(unless viewed in relation to the paucity
of components) but it may be instructive
to take a close look at just what we have
before leaving it.

The power from the microphone, at

500 ohms, is given as - 95 dbw per

microbar. This is 3 x 10-10 watts for a
sound pressure level of 74 db. The same
microphone with a built-in transformer
to raise the impedance to 25,000 ohms
will deliver 5.5 millivolts to an open grid

available with the common -collector cir-

for the same pressure. The cable in this

cuit at normal operating currents and
also because the emitter type of feed-

case,

back gives virtually no improvement in
restricting the range of input resistance.
The grounded -collector input resistance
is extremely sensitive to output loading
and values ranging from something like

mately 525

wise is concerned, the transistor preamp
can be built with a 4 -cell, 3 -cell, or possibly even a 2 -cell battery.
The higher voltage, as already noted,

is of course available from the power

10,000 ohms to several hundred thousand

mum output voltage as may be obtained
from the vacuum -tube preamp without

resorting to the use of an output transformer. As far as its performance other-

it should be noted, must have a
capacitance no greater than approxip3Lf

for response to 12,000

cps.

The original microphone power (3 x

10-18 watts) plus 17 db (the preamp
gain) is 1.5 x 10-8 watts which is 5.75
millivolts in 2200 ohms. The maximum
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tolerable capacitance across the latter is
nearly 6000 ug. The net practical comparison, then, is that we have the same
voltage at the grid with this extremely
simple preamp, working from the 500 ohm mike over a line more than 12 times
as long, as we would have from the high impedance mike.

With a transistor alpha of 0.975, the
input resistance of this stage in the absence of feedback is approximately 3500
ohms and a mismatch of this order may

yield a noise factor 1 or 2 db higher
than the minimum value possible for a
given transistor. To the perfectionist this

may sound a trifle alarming but this
particular microphone has an inherent
signal-to-noise ratio of 68 db in a 74 db
sound field and it is consequently of little practical importance in this particular case whether the noise factor of the
transistor is 4 db or 7.
To a microphone which is down 3 dh
at 12,000 cps, it matters little whether
or not the transistor is down 1.5 or 2 dh
at 20,000 cps because of frequency cutoff of alpha. There is accordingly no
need for a compensating network and

picked up by an unbalanced line of almost any reasonable length will be, in
effect, down by an amount equal to the
preamp gain.

serted into the socket with the power on

The input impedance of 50 ohms indicates a common -base input stage with
a transistor having rather high current
gain (100) so that the Rb(/ - a) portion
of the input resistance may be held to
10 or 15 ohms thereby allowing an emit-

be designed so that, upon insertion of
the transistor, the collector makes con-

ter resistance of 35 or 40 ohms for a
current of 600 or 700 aa. Figure 5 shows
a two -stage amplifier with a power gain

of approximately 28 db and an output
impedance of 2200 ohms. The corresponding output voltage for an input
power of 1.15 x 10.11 watts (-79.4 dbm)
is 4 millivolts or - 48 dbv. This compares
to - 60.5 dbv (open circuit) for the same
type of microphone at 35,000 ohms.

For any microphone supplied with a

crobar.2

Microphone response : 50 to 10,000
cps.2

Amplifier input: direct to grid.
Preamp supply: one cell.
Microphone cable : two -conductor.

Although the length and capacitance
of the cable are relatively unimportant
because of the very low impedance, the
two -conductor cable is usually supplied
to balance out hum pickup. This in turn

calls for a balanced input at the ampli-

fier and if the necessary input trans-

former has not been provided the only
makeshift solution is to operate with
an unbalanced line and reduced cable
length. This difficulty disappears with
the transistor preamp because the hum
2 Manufacturer's data on Model 556S
(Shure Bros.) Cardioid.
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in excess of 50 volts, switching tests
conducted at voltages well below this
value must be run into the hundreds of
thousands before significant changes in
major parameters may be ascribed to
switching alone.

To return to Fig. 5: the capacitor
from base to ground of the input stage
may be described somewhat beyond the

iaturization that such is not the case.
Although called, by precedent, a "bypass" condenser (since it bypasses the
lower bias resistor) it shows up in an
equivalent circuit as an impedance in

gain with several stages is built into the
preamp.
For the second case involving a micro-

Microphone power: -79.4 dbm/mi-

ments of this kind represent little more
than survivals from similar statements
appearing on ratings for contact types.
With currently available junction types
having avalanche voltages usually well

input. Since such a capacitor would be
by far the largest component in the pre amp, it is fortunate for purposes of min-

this factor deserves more attention if
for some special purpose considerable

Microphone impedance : 50 ohms.

tact last-it may be noted that state-

value should be several hundred micro farads to avoid attenuation of low -frequency response in view of the 50 -ohm

amps for dynamic microphones although

can be encountered (although somewhat
less annoying) if the mike is of medium
(250 ohms) impedance.
We will therefore assume :

avoided; (3) Capacitor discharge surges
should be avoided; (4) The socket should

mere statement of its value. At first
sight, it might be supposed that this

this is true, in general, for most pre -

phone preamp, let us assume that the
owner of the tape recorder has a low
impedance mike of 50 ohms and finds
that when he tries to use it the recorder
gain must be forced to the point where
the quality of the resulting recordings
is very dubious because of hum and
microphonics-the latter being due to
the tape reel mttor. A similar situation

or (2) Switching transients should be

series with Rb and, as such, in the comFig. 5. Two -stage

microphone amplifier

with a power gain of 28 db and the
comparatively low output impedance of
2200 ohms.

two -conductor cable

the preamp de-

signer is under no particular compulsion
to package the cells with the preamp because the change to the unbalanced line

mon base circuit its impedance is reduced by the same factor (1- a) as Rb.
Consequently, the effectiveness Zlf this
capacitor in relation to low -frequency
cutoff is increased as if its value were
multiplied by 1/ (1- a) or +1).

For the marginal ease where only a
small amount of gain is required, the
first stage alone will give a power gain

of approximately 11 or 11.5 db with

makes the second conductor available
for supplying power. Alternatively, if

a corresponding voltage gain (50 ohms
to 1000 ohms) of 18 or 18.5 db. With a

the designer elects to change to a single -

sound pressure level of 74 db at the

conductor cable with the battery in or
near the preamp, the switch usually supplied for grounding a single -impedance
mike can be made to serve as an ON/OFF

switch for the battery. If the preamp is
built into a cylindrical housing plugged
into the mike receptacle, the size of such
a package will of course be considerably

smaller than that of the housing now
commonly used for the cable transformer. The diameter, in fact, need be
no longer than whatever is necessary to
accomodate

the

connectors;

with

a

length of two or three inches according
to the number and type of cells and the
mechanical arrangements for their replacement.

For the benefit of those who are unduly impressed by statements which still

appear on some rating sheets for junction transistors to the effect that:
(1) The transistor should not be in-

microphone, the preamp output in this
case is - 78 dbv. This gain for this stage
is, of course because common -base gain
must be obtained from RL/41?, and the
load has been reduced to 1000 ohms to
provide the 50 -ohm input with one cell.

The addition of the second stage as
shown results in an over-all power gain

of approximately 28 db-the output
voltage varying according to the value
chosen for the collector load and line
impedance.
Design of Microphone Preamp

Let us now assume that the microphone on hand is of the "high impedance" class. As used with dynamic micro-

phones, this can mean anything from
20,000 to 40,000 ohms, although the
value most often encountered is 25,000.
We will therefore assume:

Microphone

impedance :

25,000

ohms.

Microphone voltage (open circuit) :
- 60 dbv.
Microphone power (into 25,000
ohms) : 10-" watts/microbar.
Frequency response : 50 to 10,000
cps.

Amplifier input: direct to grid.
Microphone cable : single -conductor.

Figure 6 is representative of an amplifier adjusted to an input impedance
of 25,000 ohms. Because the resistance
in this case depends predominantly upon

the product of S and R., it is necessary
to obtain the major portion (say, 20,000

ohms) by operating at a rather low

emitter current. Alternatively (or supplementarily) the product can be raised
to the required level by increasing R1

with an external resistor.

However,

whether the 25,000 ohms is obtained by

reducing the operating current, by increasing the external emitter resistance
or by a combination of the two, the gain
will be about the same for a given beta

in the first stage. The actual gain real-

With a type 2N133 having a current
gain of 50 to 100 pa in the first stage
and a 2N132 showing a gain of 70 at
500 pa in the second stage, the power
gain is approximately 40 db, assuming
average base resistance. The voltage
gain (25,000 ohms to 1000 ohms) which,

is of greater immediate interest if the
output must work into a transformerfess
tube input is less according to :
VG (db) = PG (db)

+ 10 log Ril4R.= 26 db
If some other output impedance is selected to meet some particular require-

Fig. 8. Circuit of Fig. 7 modified by use
of diode as lower base resistor to provide temperature compensation.

ment, the second -stage current should be

readjusted if possible to drop about 0.5
volts across the collector resistor. Similarly, if the first -stage current must be

changed from the indicated value to

already discussed because there is no
d.c. current path. In the equivalent circuit, the divider elements are in parallel

with each other as well as in parallel

meet the input impedance requirement,
the collector resistor of that stage should
be changed. The object in both cases is
to obtain the highest possible regulation
factor from the single cell without operating at a collector voltage too close

with the input.
Although in this instance the use of an
input transformer appears to be the obvious and low-cost solution, there still

to the knee of the collector characteristic.

the frequency response in subsequent
stages of the amplifier. Here again the
transformer may be rather large if the

ized is not of overwhelming importance
because another stage will be required
in any case because with a high source

remains the problem of primary re-

sonance and the necessary correction of

impedance and a low load impedance

resonant point is made at least an octave
below the lowest frequency of interest.

the voltage gain will be considerably less
than the power gain.

bilities of obtaining the required imped-

There appear to be only two possi-

ance (3.2 megohms for -3 db at 100
cps) without the use of a transformer.
Neither is particularly encouraging-

For most general-purpose a.f. transistors, maximum beta occurs at an
emitter current of 1.0 or 1.5 milliamperes and, although the peak is very

they are included in this account only to
illustrate the difficulties involved.

broad on a linear current scale, the

value will be down about 35 per cent at
100 pa and 50 per cent at 50 pa. As in
the case of the phono preamp, in lieu of
measuring Re, Rb and S at several operating currents and computing the resulting impedance, a simpler and more direct
method is the familiar one of supplying

a known current signal through a re-

sistor much larger than the expected Ri
and measuring the ensuing voltage at the
input. Since a 2 to 1 mismatch loses only

Fig. 7. Common -emitter input stage with

a very high input impedance.
High -Impedance Sources

Most difficult of all is the situation
where the amplifier is required to work
from a high -impedance capacitive source.

A good example of a particularly diffi-

0.51 db in power gain and the noise

cult case is that of the Western Elec-

factor will not worsen appreciably until
the mismatch becomes gross, any value
between 15,000 and 40,000 should be

unit, with a capacitance of 50 pa, is

acceptable.

tric 640 -AA condenser microphone. This

commonly worked into a cathode fol-

lower of at least 200 megohms for sound -

pressure measurements of 20 cps with

little or no correction and if used for
ordinary a.f. purposes to -3 db at 80
cps must still see 40 megohms. Since
these impedances are not available with
germanium transistors, we may at least
examine briefly the much more common
case of the 500 piLf pickup or microphone.

The common -base connection is, of
course, completely useless and for either
the common collector or the degenerated

common emitter a major cause of the
difficulty is the fact that the bass po-

tential must be fixed by the divider
Fig. 6. Transistor microphone amplifier

with an input impedance of 25,000 ohms.

which cannot be placed in the low side
of the source as in some of the circuits

Figure 7 is a common -emitter input
stage with a rather large emitter resistor
and a 45 -volt supply. The input impedance of the transistor is approximately
OR, or 6.4 megohms for (3= 160 and the
same impedance would be available with
a common collector by taking the output
from the emitter and bypassing the collector resistor. There is a practical difference in favor of the common emitter,
however, because here the collector load
may operate into almost any reasonable
value for the following -stage input while

the common collector must work into
something considerably greater than 40,000 ohms to avoid excessive shunting of

the emitter resistor upon which the input impedance depends.
The latter is now 3.2 megohms but
the cost is almost prohibitive. The beta
of 160 (at approximately 55 pa) would
certainly represent some selection but
even more serious is the very poor regulation factor under conditions of collector voltage and current such that a very

good regulation factor is strongly indi-

cated. The entire circuit, in fact, is
scarcely better than if we had used a
betta of 80 in the first place and had
omitted the base divider entirely.

Figure 8 is similar except that the

lower base resistor has been replaced by
a diode. If this diode has an impedance
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of the order of 12 megohms and a back
current, at approximately 22 volts, equal
(or nearly so) to the cutoff current of the
transistor the circuit will be temperature
compensated-provided also that the
temperature coefficients of the two currents are similar. The collector diode of

Fig. 11, the corresponding attenuation
from maximum gain has bee plotted
against frequency for a network having
a crossover point of 25,000 cps. Since
the maximum slope at any part of this
curve is only 8 db per decade, a casual
inspection might lead one to suppose
that the device is not particularly suit-

another transistor would appear to be
the only device capable of meeting these

able but (1) more slope may be obtained

requirements and while the purist is
likely to be disdainful of the notion of
using a transistor for such a simple
function -with an unused electrode at
that-it nevertheless remains a possible
solution to the general problem. The
matching of cutoff currents would certainly be tiresome and vexatious-virtually impossible to the experimenter with
a limited number of units at his disposal
although, at the equipment design level,
it is not improbable that the stage could
be designed to an acceptable tolerance
on input impedance vs. temperature
without resorting to an excessively large
number of current brackets.
Figure 9 is a two stage amplifier with
a power gain of 49 db from a 500 -ohm
source to a 5600 -ohm load and a frequency response flat within 0.5 db from
20 to 20,000 cps. Although constructed
with a 5 -volt supply (four mercury
cells) at approximately 800 ua, asimilar
design operating with one or two cells
at somewhat lower gain is not particu-

2N133 or
2N109
(

Fig.

le odivsted to 300 oo.)

2N132 or
2N65

( le odiusted to 400 iro.)

9. Two -stage microphone amplifier

with a power gain of 49 db between a
500 -ohm source and a 5600 -ohm load.

by increasing the value of the emitter
resistor and (2) the actual corner of the
alpha/frequency characteristic is somewhat more rounded than its RC analogy
because of dispersion of charge carrier
transit time, non -planar geometry, and
so on. This effect mitigates the severity
of the original problem of correcting the
response to 20,000 cps Although, for a
band appreciably wider than this, it
would be preferable to use r.f. transistor
types.

For considerable amounts of treble
boost, it may be more practicable to use

an emitter network in more than one

stage in order to avoid attenuating more
than 15 db in any single stage. For the
completely transistorized tape recorder
amplifier in which both bass boost and
(3) Add the bypass, computed to treble boost may be required, a considerhave the same impedance at 1.25 IN as able excess of mid -frequency gain will
be necessary and, if the over-all gain
the resistor.
In the final curve, slight second -order must be fairly high, a promising stage
curvatures will be discernible with mag- line-up would be:
1st stage: Wide open to secure good
larly difficult. As in the case of the phono nitude depending upon the required
noise
factor and controlled input imbandwidth
and
the
alpha
cutoff
of
the
preamp the large emitter bypasses may
pedance.

be eliminated by changing to the type particular transistors used. This is as2nd stage: Collector to base network
of regulation in which the base divider sociated with the usage limitation menfeeds from the collector at some sacrifice tioned previously and is due to the fact for low -frequency boost.
that, while alpha cutoff has essentially
in stability and gain.
3rd and 4th stages : Emitter networks
the same characteristic as an RC network, merging rapidly into a 20 db/deeade slope, the frequency characteristic
The network for high -frequency cor- of a stage using a selective emitter netrection (to compensate for alpha cutoff work is a sigmoid with asymptotic limits
in both stages) is in the second stage at both ends. Figure 10 is a plot of stage
Compensation Methods

emitter in the form of an extra emitter gain as a function of external emitter
resistor with a small bypass capacitor. resistance for a stage of reasonably
Although there are severe practical limi- average characteristics and loading. In
tations to this type of network as far as
frequency range is concerned, it is quite
adequate to the present purpose of providing flat response to 20,000 cps. The
actual values will, of course, vary according to highest frequency of interest,
transistor and circuit parameters, alpha
cutoff, and so on, and are consequently
more difficult to compute than to deduce
experimentally. At the risk of appearing
obvious, we may outline the following
routine:
(1) Run a response curve of the un-

corrected amplifier out to 1.25 or 1.5
fir (hi is the high end of the desired
band).

(2) Insert an emitter resistor (with-

out bypass) of such a value that the
1000 -cps .gain of the amplifier is now
less by an amount 2 to 3 db greater than
the loss at 1.25 f in the uncorrected
curve.
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Fig. 11. Response

of corrective emitnetwork to

ter

compensate for
normal

high -fre-

quency droop of
transistor.

for treble boost.
In the event that the low-level stages

must be restricted to three, it may be
feasible to incorporate the treble boosting into the first and third stages-leav-

ing the second free to handle the full
swing of the low boost. The deciding
factors are the relative amounts of mid -

mitted to make some general remarks- in the noise factor.

particularly with respect to the noise

30

factor.

However, for the purposes described
in
this account, the potential transistor
The hallmark of a good transistor is user
should not place an abnormal emits ability to withstand moderate in- phasis upon the desirability of securing
creases of collector voltage and/or tem- units having factors of 4 or 5 db as
perature without showing a substantial against those having factors of 7 or 8
increase in the noise factor. These are db. It is a demonstrable fact that a subalso the units having:
jective listening test conducted to provide a direct comparison between sys-

25

20

15

10

(1) 1000 -cps noise factor below 10 db. tems differing in noise factor by as much

5

as 3 db must be set up with virtually no

0 0

500

1500

2000

EXTERNAL R.

(thnii)

1000

2500

3000

Fig. 10. Plot of stage gain vs. external
R. for a typical RC -coupled stage.
frequency gain and end -frequency boosting required.
Conclusion

By way of conclusion, we may be per-

(2) A noise power spectrum bettez time lag between the two-as by direct
than that of the average vacuum tube switching-in order to hear the differhaving an oxide coated filament or ence and if the lag is as great as onehalf minute, it is extremely difficult, if
cathode.
not impossible, to distinguish between
(3) The same (or slightly better) in- them.
tegrated noise factor over a band of 16
to 20,000 cps as the spot noise factor at
1000 cps.

(4) Wider tolerance to input mismatching without a significant increase

RECORDING CHARACTERISTIC
(Continued from page 73)

standard values were used in the actual

Fig. 7. Internal
construction of the unit,
showing how all

unit. Five per cent components were

components

used throughout, and tests on the various
arrangements indicated the network be-

are mounted
on switch.

havior to be within ± 1 db of the theoretical recording characteristics.
Construction

Mechanical construction of the unit is
quite straightforward. The entire wiring
is constructed on a two -circuit, six-posi-

tion switch, and mounted in an aluminum generator. The output is taken from a
box 11/4 x 21/4 x 4 in. The input terminals pair of banana jacks spaced at the same
are a set of banana plugs, spaced at 3/4 distance. Figure 7 shows an inside view

in. so as to plug directly into a signal of the unit.

circuitry to use these junction devices in. Thermistor, Photo -conductive cell, or
Described in this article were : Ger- Analog transistor.
If the reader wants to do further
manium photo -resistor, Junction diode,
(Continued from page 79)
Junction photo -diode, Junction tran- reading in the very interesting field of
sistor, Junction photo -transistor, Junc- transistor action and the physical
have gathered the following informa- tion hook transistor, and Hook photo- foundation of semiconductor devices, he

TRANSISTOR ACTION

tion: (1) The hook transistor uses hook
multiplication to multiply the collector
current of an otherwise -normal transistor. In this manner an over-all current gain greater than 1 results. (2) In
time a hook photocell may be developed
which affords greater amplification of
light -generated current than even the
photo -transistor.
Summary

If the reader has been able to follow
the arguments leading to an explanation of transistor action, and has followed the explanation of the various
devices, he now has 'an intuitive feeling

cell.

is

referred to any one of the many

Various semiconductor devices were fine books on transistors now available,

not described at all, both because of or to the three references given here,
the lack of space, and because in some which in the author's eyes cover the
of these devices the exact theory of field quite well. The first is now a
operation is not very well known. Not classic explanation of transistor action.
described at all include the following:
REFERENCES
Point -contact diode, Point -contact phoW. Shockley, "Transistor electronics:
tocell, Point -contact transistor, Coimperfections, unipolar and analog tranaxial transistor, Point -junction tran- sistors." Proc. I.R.E., Vol. 40, p. 1289.
sistor (in which one element is a point - November, 1952.
W. Shockley, Electrons and Holes in
contact and the other is a junction),
Surface -barrier transistor, Field-effect Semiconductors, Van Nostrand, New
1950.
transistor, Semiconductor relay, In- York,
J. L. Moll, ''Junction transistor electransistor,
trinsic region junction
tronics." Proc. I.R.E., Vol. 43, p. 1807.
Double -base diode, Junction tetrode, December, 1955.
Photo -voltaic cell, Fieldistor, Symmet-

for the physical behavior of junction
devices, which will help in designing rical transistor, Zener reference diode,
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Transistor Tips and Techniques
PAUL PENFIELD Jr.

A short introduction to the mysterious world of transistors, for audio fans
and engineers who haven't yet done any experimenting in the field. Practical tips are given, to supplement theoretical material already available.

F ALL THE RECENT INVENTIONS

O

in the

electronics and audio fields, the
transistor will undoubtedly have
the greatest effect. Such great promise
is held for these little "miracles of mat-

ter" that their use is expected to become widespread before long.

Most professional engineers have by
this date had experience of one kind or
another with transistors, possibly in the
audio field. However, the chances are
that hobbyists, experimenters, serious
audiofans, and even some engineers have

yet to try their hand at transistor audio
applications. For these people, this article is written and dedicated, to make
their entrance into this strange new field
as painless as possible.
One difference is immediately apparent between transistors and vacuum
tubes : their small size. Small -sized tools
sometimes are required for constructing
transistor circuits. A .pair of tweezers is
a handy tool, and long slim -nosed pliers
are easier to work with than conventional

No radically new and different types
of components are required for use with
transistor circuits. Resistors, capacitors,
transformers, batteries, plugs, sockets,
coils, meters, fuses, etc., perform the
same functions in transistor circuits as
they do in vacuum tube circuits. How-

ever, because of the low voltages and
impedances present in transistor circuits,

different values for these components
will be appropriate.
Coupling capacitors must normally
be quite high in value-up to and even
beyond 50 p,f at times. Fortunately the
voltage requirements are low, and ele&
trolytic capacitors are available with
these ratings. Tantalum capacitors (see
Fig. 1), although appropriate in value,
are quite expensive. Conventional low voltage units, however, are qUite reasonable.

Transistor sockets are available-in
most cases the standard subminiature in line tube sockets, such as the Cinch -Jones
type 2115, will serve well. (See Fig. 1)

"Transistor sockets" are available commercially, but cost a trifle more.
Transistor circuit power supplies will
generally be batteries. Conventional batteries do quite well, and can be selected
for the purpose on the basis of voltage
and expected current load, the same way
batteries for any other purpose- are selected. Hearing aid batteries or mercury
cells may be useful. Some companies

have "Transistor batteries" which are
nothing inherently different from other
batteries. For experimental purposes, on
the bench, storage batteries do as well as
any. Line -operated power supplies are
generally

complex,

because

of

the

amount of filtering necessary, but, if
properly designed for the correct voltages and current ratings, do as well as
batteries. Use of ordinary laboratorytype power supplies should be avoided,
however, because of the high no-load
voltage, which may easily cause transistor break -down.

chain -nosed pliers. However, ordinary
soldering irons, contrary to popular belief, usually do as good a job of soldering transistors as the lower -power sol-

dering pencils. Making a quick, hot
joint is preferred to making a slow, not -

so -hot joint, which may burn out the
transistor. The amount of "re -tooling"
necessary for experimenters to start
work in transistors is quite small. The
budget -minded experimenter will do well

to get along on his present tool supply.
Transistor Components

Audio engineers and audiofans should
have no trouble adapting themselves to
transistors. Since use of transistors will
be widespread in the near future, serious

enthusiasts have no choice but to get
some experience in with the units. If this

article will help to bridge the gap into
the unknown for some of the readers,
it will serve its purpose. Experimentation with transistors is, incidentally,

much easier than experimenting with

vacuum tubes. No expensive, bulky high voltage power supplies are required, and

there are no filaments to heat. All of the
circuitry directly contributes toward the
function of amplification.

Fig. 1. Various transistors and components. The five Raytheon transistors have been
adapted to fit into subminiature tube sockets, two of .which are shown mounted in
o universal power transformer mounting bracket, upper left. Two tantalum electrolytic capacitors are at extreme right and left positions. The rear row shows power

transistors, the foreground common low -power transistors.
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which is a typical pentode plate characteristic. The load line XY is drawn, determined by the supply voltage X and
the load resistor. The bias, or the "quiescent point" is determined by the inter-

section of this load line with the grid
equivalent circuit for ,low -power transis-

bias line chosen, of course. As the grid
voltage varies about its quiescent value,
the point of operation moves between

tor stages.

points R and S, as shown. Here, of

Fig. 2. Most commonly -used small -signal

Transistor transformers

have

ap-

peared on the market; however theile
transformers generally sacrifice quality

for small size, and so where fidelity
is important should not be used. Unfortunately at this writing a line of high-

fidelity transistor transformers is not
available. In most cases, luckily, the use

of transformers can be avoided altogether. When this is not possible, obtaining a suitable transformer can be
a real problem.
High -impedance microphones, such as
crystal mikes, are less suitable for
transistor work than low -impedance
models, such as dynamic types, inasmuch

as the latter may generally be coupled
directly to a transistor amplifier, without the use of a step-down transformer.
Other components, such as loudspeakers, meters, resistors, fuses, potentiome-

course, the a.c. load line is the same as
the d.c. load- line, as is usually the case
for vacuum -tube voltage amplifiers.
Now, however, look at Fig. 5, which is
a typical audio transistor grounded -

emitter characteristic. Notice the similarity in shape, except that the determining parameter of the family is now base
current, instead of grid voltage. Shown
is a d.c. load line XY, determined again
by the supply voltage X and the load
resistor. This line, together with the

value of quiescent base current determines the quiescent point Q. It could
be argued from analogy that a small
change in base current would produce
a change in the collector voltage in
exactly the same way, following the line
XY, but this is not so. In most practical

transistor amplifiers, the a.c. load line
and the d.c. load line are not the same.

ters, switches, and terminals are either
normal types, or else miniaturized ver-

"what can we do with them?" The design
of simple audio amplifiers is not difficult.

It is customary for design engineers,
when making transistor audio amplifiers,

to use au equivalent circuit of the type
shown in Fig. 2, which is much like the
vacuum -tube small -signal equivalent cir-

cuit shown in Fig. 3. Using the transistor equivalent circuit, however, is a bit
more complicated than using the vacuum

tube circuit, and can be avoided for a
while, until the reader gets the "feel" of
transistors, at which point it can be
taken up with the least pain. The industry is now standardizing on the so-called
"h-parameters"1, as used in the equivalent circuit of Fig 2, and with which the
serious audiofan is well advised to famil-

iarize himself. However, for the first
plunge into transistors, the load -line
technique, so useful in vacuum tube
work, will prove adequate.
Graphical analysis is necessary in any
event to determine the bias at which the
transistor operates, but it can tell more

as well. For example refer to Fig. 4,
1 Refer to Shea : Transistor Audio

Amplifiers. Wiley, New York, 1955.

not found in these theoretical books, but

still highly important to anyone working with transistors for the first time.
The more practical aspects of amplifier
design and of handling transistors, are
of more than passing interest to the ex-

perimentei who wants to keep from
burning out his transistors.
Transistor Protection

Much has been made of the high life
expectancy of transistors, implying that
they can be permanently wired into circuits just like other "reliable" components, such as resistors and condensers.
is true that transistors are much
longer -lived than vacuum tubes, and

It

even other components, but this alone is
not justification for permanent wiring,
especially in breadb and and experimental designs. There are powerful reasons

why transistors should be modified to
plug into sockets.
First, heat from a soldering iron can
permanently damage a transistor in no

heat connections, and this practice is
fatal to transistors, especially if the
leads were cut short. Also, the leads are

of standard parts.
Well, we've now got the transistors,
and the necessary transistor tools and
components, so the question becomes,

phy at the end of this article lists several books dealing in part or in whole
with transistor audio applications. Instead, the author will present material

time fiat. Even experts sometimes over-

sions of their vacuum -tube counterparts.
No special difficulty should be encounSimple Audio Amplifiers

At this point the author will beg off
the subject of amplifier design, because
of the splendid array of material already
available on the subject. The bibliogra-

quite flexible, and when bent usually
Conventional grounded -cathode
vacuum tube small -signal equivalent cirFig.

3.

cuit, shown for comparison.

The load presented by the succeeding
stage is not negligible, as is usually the
case in vacuum tube circuits of this type.
An a.c. load line, corresponding to the

a.c. resistance that the transistor "sees"
at its terminals, must be drawn, looking

something like the line RS in Fig. 5.
Now a given base current change produces a smaller voltage change at the
output than before we took account of

bend and break right next to the body
of the transistor, leaving you with an
electrically good, but still unuseable

transistor, and a very frustrated feeling.
Of course these remarks apply more to
expetimental and breadboard circuitsin assembly -line manufacturing operations the transistor should be welded in

place by its leads.
Using a standard subminiature tube
socket, or other transistor socket, precludes the disappointment of damaging

the different a.c. load.
The quiescent point may, of course, be
chosen anywhere within the ratings of
the transistor; however good engineer-

ing practice usually dictates a choice
such that on high signals, the a.c. load
line will go into saturation S and cut-off

R simultaneously-that

is,

RQ = QS.

This point can be determined by observ-

ing the graph.
It may be handy to know such things
as voltage gain, current gain, input and
output impedances, power gain, etc., at
this point. Indeed it is essential to know
these quantities. The graphical analysis
here can give only the current gain. The
rest can be had only by investigating the
equivalent circuit, and cannot be told
from the load -line graph.

X
PLATE VOLTAGE

Fig.

4.

Load

line on a pentode plate

characteristic family. Note that the a.c.
load line and the d.c. load line coincide.
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a transistor during construction. Transistor leads should be cut off to a length

of about a quarter of an inch, with the
base lead left slightly longer than the
other two.2 This was done with live of
the transistors pictured in Fig. 1. One
end of the socket should be painted red,
or some other color, to distinguish it
from the other end. This end can be used

for the collector lead, to prevent plugging in the transistor backwards. Most
transistors either have a distinguishing

dot next to the collector lead, or else
have a larger separation between collector and base leads.
Mounting the transistor socket can be

somewhat of a puzzle in building transistorized equipment. A retaining ring
is supplied with the sockets; however
the mounting requires an oblong hole.
Fortunately, several types of universal
mounting brackets (such as intended for
power transformers, loudspeakers, etc.,)
have elongated holes of the correct size,
and these may often be used as an inexpensive, convenient socket mounting.

The socket may be held in place either
with the retaining ring, or with a touch
of plastic cement. Figure 1 shows two
sockets mounted in a power transformer
universal mounting bracket.
Several common vacuum tube practices must be forgotten when working

tive.

It is always wise, especially if

working with both types, to check each
circuit each time the power is applied.
Special care should be taken when both
p -n -p and n -p -n units are in the same
circuit, as for instance in complementary
circuits. People familiar with vacuum
tube practice may be a little careless, for
in vacuum tube operation, reversing the
B -plus does no harm except keep the cir-

cuit from operating. But in transistor
work, the price paid for carelessness is
higher.

Similarly, care should be taken with
all polarized components-sometimes a
little thought is needed to remember just
what the correct polarity is. Some typical polarized components likely to give

R

TO TRANSISTOR
CIRCUIT

Fig. 7. Method to prevent transients from
harming transistors in experimental setups.

milliamperes. Once that is done, the instantaneous power dissipation (which
must never exceed the manufacturer's
ratings) is merely the product of the
two at any point on the trace, expressed
in milliwatts.

This monitoring can also be used to

trouble : milliameters, electrolytic capacitors, diodes, voltmeters.

detect large transients in the circuit.
When the power is turned on or off,

When working on a breadboard, it is
wise to protect the transistor continu-

large transient currents may be drawn
by the large capacitors. Transients as
such do no damage, unless they exceed

ally with a fuse. A rating of about threequarters of the maximum recommended
collector current is best. Slow -blow
fuses, sometimes used to protect motors

and other equipment which pass transients, are definitely not to be used in

the manufacturer's ratings, which is

often the case.

One method of eliminating trouble
caused by transients altogether is to em-

ploy the circuit shown in Fig. 7. Here
the battery is switched on while a large
resistor Ri is in series with it. Then this
resistance, in the form of a rheostat, is
removed with the power on. A safe value

for this resistance is

with transistors-for example, battery

Ri

polarity. With p -n -p junction transistors (the most common type at present),
the collector lead must be supplied from
the negative lead of the battery-not the
positive. Forgetting this polarity and

current -limiting resistors are used, in the

collector lead), but more often the transistor goes off to transistor heaven with
a sometimes visible puff of smoke. N -p -n

transistors are connected just the reverse

from this, with the collector lead posi2 This is to prevent accidently connecting the emitter and collector, but

leaving the base free, which connection

might be dangerous to other components.
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current for one transistor.
Of course, after the audiofan has had
Fig. 6. Method for continually monitoring
the load line of a transistor stage on an
oscilloscope.

protecting transistors. The fastest -blow-

ing fuse is the best, for by the time a
slow -blow fuse gets around to blowing,
the transistor is already shot. And don't
be tempted to use a higher rating if you

continue to blow fuses. Fuses are at
present a bit cheaper than transistors,
although there is every indication that
this will not always be so.
One arrangement that is sometimes
useful with low -power transistors is

transistor experience, he can forget some

of the safety precautions outlined here.
But one unfamiliar with transistor char-

acteristics will do well to protect his
transistors, lest he have to dig into the
sugar bowl for the wherewithal to replace the transistors he needn't have
burned out.
Transistor Testing

Commercial transistor testers, which
check many of the transistor parameters,
cost so much as to preclude their use by
audio enthusiasts at this date. However,

a simple test given here will usually

collector -to -base voltage) is done by dis-

Poimm".1.=;1uj
AIIMENENNEEELT_s.

playing the quantities directly on an

tested reliably.

%-ii.-4011111111M1111111111

age is fed to the horizontal amplifier.
The valueof the sampling resistor must

Y

FAIMMINOIrili..91111111M1111
X

SUPPLY VOLTAGE

Fig. 5. Load lines on a grounded -emitter
transistor collector family. Note that the

a.c. load line and the d.c. load line do
not, in general, coincide.
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determine if a transistor is completely
shot, although borderline cases, or partially burned out transistors cannot be
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4
0
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where V is the battery voltage, and lsem,
is the maximum recommended collector

conneeting a transistor backwards is ask-

ing for trouble. Sometimes it will not
harm the transistor (especially if large

-V

shown in Fig. 6. Continual monitoring
of the load line (collector current vs.
oscilloscope. The voltage across a known
sampling resistor R is fed to the vertical
amplifier, and the collector -to -base voltbe large enough to produce a reasonable -

sized pattern, but not large enough to
interfere with amplifier operation. By
considering the value of this resistor,
and by using a voltage calibrator, the
pattern on the face of the scope can be
calibrated to read directly in volts and

The test is quite simple; it merely
consists of testing each junction separately, to see if each is a good rectifier,
and then checking for transistor action.
The only tool needed is an inexpensive
multimeter, or a VTVM with a resistance range. For the majority of low power transistors available now, the forward resistance of each junction should
read roughly 1000 ohms or less, depend-

ing on the type instrument used, and

the range it is set in. The backward re -

collector junction, move the test lead
from the base terminal to the emitter

sistor action, and the methods engineers
use to attack problems of transistor circuit design. Fortunately, books are available which adequately tell the story for
every level of technical background,

terminal. A lower resistance should register, indicating more current, by a factor of perhaps ten or more. This may at

novice. All the English -language books
available at this writing are noted, here.

sistance should read more than 50K for
both junctions. Now immediately upon
checking the reverse resistance of the

first seem rather startling, but a little
theory and a moment's thought should
convince the reader that this unexpected
result is merely one manifestation of
transistor action. If this increase in current does not occur, the transistor is not
displaying transistor action, and is thus
no good.
The values of resistance to be expected

in this test cannot be given accurately,
because they vary from one transistor
type to another, and also are quite nonconstant-that is, will read differently
on different ranges of the same instrument. However, by comparison with new

transistors, the reader can work out a
simple test procedure for himself.
Testing Transistor Amplifiers

Normal testing procedures apply for
transistor audio amplifiers as apply for
their vacuum tube counterparts. Frequency response, transient response, distortion, noise, hum, etc., all can be
checked in the normal way. However, a
couple of points are tricky and therefore

worth noting here about using normal
test equipment :

First, care should be taken to be sure
that any signal generator used does not
have d.c. superimposed on the a.c. signal

output. This of course will disturb the
transistor biases. Also, some generators
have a low -resistance path between the
output terminals, which again can foul
up the input -stage biases. Using a 50 or
100 if blocking capacitor is recommended-watch polarity here.
Typical low-level transistor amplifiers

should have a frequency response flat
over the entire audio range from 20 to
20,000 cps. cycles. High -power transis-

tors generally lack in high -frequency
response, and poor low -frequency response may be due to too low a value
coupling and emitter -bypass capacitor.

Simple amplifiers should not have
more than about 1 per cent total har-

monic distortion, except for the output
stage, which may be quite a bit worse,
especially if it is operated Class B. Feed-

back can be used, of course, to reduce

the distortion in a final design, as in

from the experienced engineer to the

R.

F. Shea, Transistor Audio Amplifiers.

Wiley, New York, 1955. The only book devoted
exclusively to transistor audio applications.

this book is at present the "bible" of the field.
Aimed at college students and practicing engineers alike, this book covers most facets of
amplifier design with succinct thoroughness.
The methods used are explained in detail to
enable the reader to apply these methods on
future transistors, which may be quite different from present-day models. The sections
on power transistors are of necessity general,
because the development of power transistors
is so new. This book will for some time deserve

a place on every transistorized audiophile's
bookshelf.

R. F. Shea, Principles of Transistor Circuits.

Wiley, New York, 1953. The same writer'f
previous book covers all sorts of transistor circuitry in such a manner that the material will
probably not be out of date for some time to
come. This book is a good introduction to
transistors for practicing engineers, but not
for the beginner.

A. Coblenz and H. L. Owens, Transistors:
Theory and Applications, McGraw-Hill, New
York, 1955. This book covers some areas not
handled by Shea, such as manufacturing techniques, specialized semiconductor devices, and

silicon devices. As far as the audio sections
go, the authors use the less -favorable "r parameters" in developing formulas for amplifier design. Furthermore, in a few places the
assumptions the authors make lead them to
confusing, or downright misleading statements. Shea's treatment is to be preferred as
far as audio amplifier design goes; however
Coblenz and Owens' book does have other
worthwhile features.

L. M. Krugman. Fundamentals of Transistors, Rider, New York, 1954. Claimed to be
aimed at the technician and amateur, this
book in reality is so well -written that it will
serve the needs of experienced engineers as an
introduction to the field. A minimum of formal
mathematics is needed, but this does not seem

to restrict the material unnecessarily. Unfortunately, this book came out before the h
parameters were in common tte; therefore hat
the disadvantage of using r -parameters
throughout. However, as a succinct introduction to the field, for students, engineers, and
technicians, this book is good.

R. P. Turner, Transistor Theory and Practice. Gernsback Publications, New York, 1954.
This book is on a slightly lower technical
level than Krugman'a. It will till adequately

the needs of those without much technical

training, and without much mathematical
prowess. More sophisticated readers will resent

many of Mr. Turner's assertions "out of the
blue," but this is characteristic of writing
aimed at Mr. Turner's audience.
L.

E. Garner Jr., Transistors and Their

Coyne Publications, Chicago,
1953. This is a very elementary book aimed at
beginners not only in transistors, but in electronics and mathematics as well. Probably not
suited for the readers of AUDIO.

Applications,

Uses for Junction Transistors, Sylvania
Electric Products, Inc., New York, 1955. A
collection of 28 elementary circuits, most of
them not in a form to be used immediately
without more design work. This should serve
as an inspiration and "idea book" for experimenters. 12 of the 28 circuits are audio amtS

plifiers.

Raytheon Transistor Applications, Raytheon
Manufacturing Co., Newton, Mass, 1955. A
collection of 53 short articles, many reprinted

vacuum tube amplifiers.

This article has tried to give some

practical suggestions and tips for making an entrance into the world of transistor circuitry. These practical tips and
techniques should be supplemented by
good solid theoretical material. If the

audiofan is going to be anything but
just a "tinker" he must have some idea
of the physical principles behind tran91

Transistor Preamp for
Low -Output Pickups
ANTON SCHMITT
A low noise, transistorized preamp for flat amplification of pickup signal affords greater
fidelity in sound reproduction, and can be built with assurance of successful operation

IN RECENT YEARS the quest for better

sound reproduction has led to the developtnent of a number of improved
types of phonograph pickups. One such
high -quality electromechanical trans-

ducer now enjoying a widening use is
the moving -coil pickup, in which the coil

is arranged either to rotate in the magnetic field like a d'Arsonval meter, or
simply to move within the field. Its'
advantages include (1)

low effective

mass and a high compliance, (2) a resonant frequency above audibility, (3)
low impedance to minimize hum pickup

difficulties and (4) a highly linear response-all of which are important factors in the production of clear, "quality"
voice and music signals.
One drawback to the moving -coil

pickup is the low output signal it generates, usually of the order of 0.5 to 5

millivolts. This is appreciably lower than

Fig.

the 15- to 20 -millivolt output of the
usual magnetic or variable reluctance

output pickups to normal preamplifier which incorporates suitable equalization

pickups. The higher voltage levels ordinarily are required at the high gain in-

noise level in even the best modern pre-

1. Simple transistor preamp provides gain necessary to permit connecting low curves.

puts of most preamplifiers. For this

amplifier.

reason, most moving -coil pickups are de-

put transformer a caseode-stage pre-

signed to work into a matching step-up
transformer, which makes possible the
signal voltage output of 15 to 20 millivolts needed to override hum and noise
in the preamplifier input stage.
While presently available input transformers are markedly improved over
earlier versions, the writer's observation
has been that even the best of these units
fails to satisfy the stern requirements of
the "no compromise" school of audio fans. To deficiencies in the input transformer may be traced such disappointing phenomena as hum pick-up, peaked
high end response, "spread" or inadequate bass (comparable to that resulting
from improperly damped speakers) and
an unnatural coloration of program material.
An obvious approach to the problem
would be through the elimination of the
input transformer. While producing
greater fidelity, such a solution unfortunately entails the employment of maximum or near -maximum settings of the
gain control of the preamplifier-a practice likely
92

to produce an undesirable

Why not, then, substitute for the in-

amplifier? Offhand, would not the 6BQ7
so used appear to offer possibilities?

After a number of experiments, the

writer found that the caseode amplifier
was not very satisfactory for this particular application. The limitations of the
cascode circuit for use in phono pre-

amplifiers have been pointed out by
Marshall.1

to merit attention, would have to satisfy
the following requirements:
1. The gain must equal or exceed that
of readily available commercial input
transformers.

2. No noise level above that of "negligible" could be tolerated.
3. Hum level must also be negligibleif not eliminated.
4. Sound reproduction quality, by subjective listening tests, must be superior to that obtainable by the use
of an input transformer.
5. Frequency response must be linear
from 10 to 40,000 cps.
6.

An approach recently made by the
writer entailed the development of a

simple and basic low -noise, high -gain
transistorized preamplifier, designed to
replace .the input transformer usually
used with low -output moving -coil pickups. It can be built in a few hours, and
costs even less than a top-quality input
transformer. The results of both instrument and ear tests of this unit have been
most gratifying.
Prior to the development of the device
it was decided that the finished product,
'Joseph Marshall, "The grounded ear,''
Audiocraft, Dec. 1955.

High -end response must be clean and
neither "peaked" nor

smooth,

Transistor instead of Transformer

"wiry"; low -end response must he
"tight" and clean.
7.

Circuitry must be simple. Components
needed-especially the designated

transistors-must be readily obtainable and low or moderate in cost.

The transistor preamp described here
successfully meets these criteria. A num-

ber of units are now in use, and have

been commended by seasoned and highly
critical listeners.
Construction

This preamp requires only a few parts
and the circuit, Fig. 2, is simple. Since
direct coupling is used between cartridge

and transistor, the limiting factor for

bass response is the input resistance of
the regular preamplifier. With the 47,000 -ohm load generally used for the more

common magnetic cartridges as the input resistance, low -frequency response
will be down less than 2 db at 10 cps.
High -frequency response will be down
less than 2 db at 75,000 cps.
Resistor R, and capacitor C in conjunction with the battery in the emitter
branch, automatically provide proper
operating potential between the collector
and the emitter. The degenerative action
of unhypassed resistor R, in the emitter
circuit reduces distortion, smooths overall frequency response and increases input resistance. An input resistance of
about 5000 ohms is suitable for such
cartridges as the Electrosonic and the
Fairchild. An increase in the value of

the resistor R, raises the input resistance, but lowers the gain.
The collector load resistor R, affects
both the gain and the amount of thermal
noise. The collector current is constant

at 200 microamperes for values of R,
from zero through 8200 ohms. Beyond
10,000 ohms, the base current increases
from a low of 10 microamperes, and the
collector potential becomes too low. In
this condition, there is a loss of gain and
an increase in distortion. With a load of

6800 ohms, gain is 20 db and noise is
barely audible. Increasing the load to
8200 ohms increases the gain but also
increases thermal noise.
Three mercury batteries are used : one

is in the emitter, and two are used in
series to supply the collector potential.
In Fig. 1, they are shown soldered in
place, since at the time of construction
the battery holders currently available
were not on the market. With a measured drain of 200 microamperes (with
pickup plugged in), battery life in continuous service is estimated at over one
year. Battery life could be extended if
an off -on switch were installed, or the
pickup removed from the arm when not
in use. Several units have been in con-

tinuous operation for a year without
battery replacement.

Despite battery operation, difficulty
with induced hum may be experienced
unless proximity to power transformers
and turntable motors is avoided. Return-

ing all grounds to a point at the input

Fig. 3. Close-up of internal construction. Battery clips specified in parts list eliminate
need for soldering batteries in place.

to the shield will minimize any induction
hum problem.

the red dot facing the batteries which
supply potential to the collector-the

All of the low -noise transistors currently available have functioned satisfactorily in this circuit, although occa-

lead.

sional individual
excessively noisy.

units

have been
is recommended

It
that a transistor be checked for noise

before clipping the leads and soldering
in place. In soldering, pre -tinning the
leads and lugs and brief applications of
heat should permit making satisfactory
connections without risking damage to
the transistor. Reversed battery polarities
can be ruinous to transistors and caution

lead soldered on the terminal lug nearest
the two batteries in series is the collector
The preamp was built in a 3" x 21/8" x
51/4" gray hamrnertone aluminum box.
The resistor strip is a Miller 450. A two foot. single conductor shielded microphone cable serves as the output lead,

entering the box through a grommet.
Component values are given in the aeeotnpanying parts list. Figures 3 and 4
show two additional views of the completed preamp.

should be practised-although in the experiments accompanying the develop-

ment of the present circuit, polarities
were reversed on a number of occasions
without apparent damage to the transis-

tor, probably because of the low potentials present.

Among the transistors the writer
found satisfactory in this application
were the Raytheon 2N133, and the RCA
2N77, 2N109, and 2N105. In the preamp
shown, the Raytheon 2N133 was used.
The transistor is soldered in place with

Fig.

4. External view of completed pre amp.

PARTS LIST
C,
C,
R,
Fig.

of

2.

Schematic

transistor
preamp.

the

100 p.f, 6 volts, electrolytic

4µf, 6 -volts, electrolytic

5600 ohms, 1 wstt
R, 330 ohms, Y2 watt'
R, 3900 to 6800 ohms, 1 watt (see text)
1

Transistor-Raytheon 2N133, RCA
2N77, 2N105, or 2N109

1

Acme Battery Holder, #153

1

Aluminum box, 21/8 x 3 x 51/4
Miller #450 Resistor Mounting

3

Strip
Mallory RM-12R mercury batteries

1
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A Transistor Playback Amplifier
F.

E. WYMAN

The author describes a new approach to the method of equalization
for a tape amplifier along with the complete unit which-when constructed in duplicate-serves as an ideal stereo playback "front end."
Having defined a goal it is well to
examine the parameters that must be
dealt with. The playback head in this

THE PROBLEM or magnetic tape play-

back amplifier design is one of the
more challenging problems encoun-

eiNp.

MT*

ease was a Dynamu stacked stereophonic

tered in the audio field. The present state

of the art contains some very satisfac-

rI's

..Acirget

tory vacuum tube playback amplifiers as
exemplified by the performance of several very expensive professional recorders now in production. It is the purpose

model and therefore it was possible to
do all the design work and testing with
an available Dynamu 8001 single track
head. This procedure kept the new tape

'

recorder free for normal use until design
and construction were complete. Figure

of this paper to demonstrate that the
performance of these amplifiers can be
matched by the application of transistors to the problem.
The acquisition of one of the popular
tape transport mechanisms with its
stacked

stereophonic

playback

2 shows the published frequency vs.
output characteristic of this'. head in
curve (A). It is typical of almost any
head likely to be encountered and shows
the characteristic 6-db-per-octave rise
from low frequency to a point near 3000

head

offered the author the opportunity of

eps where various losses take over and
reverse the rising trend.
The over-all electronic system of any
satisfactory tape recorder must operate

indulging in a growing desire to attempt
to design a satisfactory transistor play-

back amplifier. The particular unit at
hand was complete with the manufacturer's single channel record and playback amplifier, but in this unit the playback electronics possessed an intolerable
amount of 60 -cps hum. In addition, the

on this characteristic and produce an
Fig. 1. The completed two -channel tran-

sistor playback amplifier.

location of the power transformer in
proximity to the pickup head added an
additional amount of hum.
The most desirable course of action

appeared to be the design of a two -

channel battery -operated transistor preamplifier that would be small enough to

fit in, the storage space to the rear of
the transport deck. The unit shown in
Fig. 1 is the result of the successful conclusion of this project. The design allows

the inexpensive unit to function as a
single channel or stereophonic tape playback device with performance characteristics closely approximating the much

more expensive professional machines.

In addition, the arrangement is such
that the normal single channel record

from the 3 per cent tape distortion
signal level to amplifier noise, of
at least 55 db.
2. Output level, for zero level signal,
of one volt.
3. Equalization to allow playback flat
to -± 2 db from 50 to 15,000 cps from

a pre -equalized tape.

output characteristic that is flat as
nearly as possible over the desired fre(iaency range. When extending the
NARTB standard into the field of home
recorders, it is customary to follow the
practice of compensating for the region
above the peak output in the record am-

plifier. Thus it remains for the subject
amplifier to provide a characteristic fall-

ing at the rate of 6 db per octave from
the lowest frequencies to about 3000 cps

and a flat characteristic on to the highest frequency desired.

4. Distortion low enough that the 3

Figure 2 also shows, in curve (B),

per cent distortion point due to the
magnetic process could be established in all cases.
5. Low output impedance to accommodate a practical length of cable
without loss of high frequencies.

the published frequency vs. head impedance characteristic for the same head.
Again this is typical of all heads, varying only in value and the exact location
of the peak. The important fact is that
heads that are of the class available to

function, by means of the original electronics, is retained.

i
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Specifications and Design Considerations

The specifications set forth at the out-

set were severe and admittedly a bit
arbitrary in view of the fact that the

possibility of attainment was unknown.
It seemed unwise to set the goals lower
than the performance of the best grade
vacuum tube amplifiers and to this end
the following initial specifications were
used as a target:
1. Signal-to-noise ratio, measured

7

typical

Dynamu
8001 head. (A)
output
Relative
vs.
frelevel
quency, and (B)
impedance vs. frequency.
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-..home.constructots are of relatively high
impeciiince. They must work into an amplifier of even higher input impedance
or suffer a serious loss at the higher frequencies. When one uses conventional

RIO 75,000

R2 470

R14 470K

vacuum tubes for the input stage, the
input impedance will automatically be
high and only with the highest impedance heads will simple precautions have

to be taken. The input impedance situation is alarmingly different with transistors. The flood of transistor articles
in recent literature has made users aware

that transistors are essentially low -impedance current -sensitive devices. In

any transistor configuration that will
give voltage gain, the input impedance
will be somewhere in the range of a few
ohms to a few thousand ohms. Furthermore, any given parameter is dependent on all other parameters. In the particular case at hand if the output'

ALL TRANSISTORS - 7N105

Fig. 3. Schematic of a single channel of the transistor amplifier.

loading is modified for some design consideration of the second stage, the input
impedance of the first stage will change,
usually with embarrassing results in the
downward direction.

greater noise output. B, in the emitter
circuit is the load resistor, R, sets the
base current and the operating point,
C, blocks an additional d.c. path and
thus protects the operating point, and
C, couples the output to the next stage.
It is essential that the designated polarity of this latter capacitor be ob-

The Circuit

served.

The circuit shown in Figure 3 is that
of one channel of the complete stereophonic amplifier. As in so many devel-

ventional

opments considerable experimentation

and adjustment of component values
took place until the desired performance was obtained. At this point the
device was put to work and no further
effort exerted to further optimize the
circuit. Two copies of the amplifier have

been made and were found to perform

essentially the same as the original,
hence it would appear that sufficient

stabilization has been incorporated to
render the circuit relatively free of individual transistor variation.
RCA 2N105 transistors were used
throughout simply because they were
readily available and appeared to possess satisfactory characteristics. A review of all manufacturers' data would
indicate that there were other transis-

The second stage is the more conself -biased

common -emitter

configuration operating at a source voltage of about -8 volts obtained by means

of the bypassed dropping resistor R,.
Resistor B4 in the emitter circuit is
common to the input and output circuit
and thereby introduces considerable degeneration and reduces the voltage gain
of the stage to about eighteen. At first
look this seems to be wasteful of gain
but it is by the use of degeneration that
the low second and third harmonic distortion is obtained.
The third stage is again a common -

emitter stage operating from the full
15 -volt battery supply. It is biased by

the combination of .li, and R". Equali-

zation for the characteristic 6 db per
octave rise of the playback head is accomplished in the output of this stage
by means of R and C,. This method is
typical of vacuum tube amplifier applications but the value of resistance may
seem alarmingly low. In fact, when the
amplifier is adjusted for the playback
characteristic shown in Fig. 5, R,, has
the value of about 40 ohms and C, has
an equal value of reactance at the turnover point of approximately 2000 cps.
Due to the low impedance property of
transistors the 40 -ohm value is in order.

R, is an Ohmite miniature potentiometer and serves as a volume control.
Readers accustomed to volume controls
in voltage operated devices such as vac-

uum tubes are almost sure to feel that
a mistake has been made in the circuit

diagram, though the proper use of a
current divider in a current -operated device is designated.
After the application of equalization,

tors with even lower noise figures which

could be used to advantage. Nevertheless, using only the one type and pick-

ing the individual transistors at randon gave very satisfactory results.
The first stage, Fig. 3, is the common
collector configuration. It has an input
impedance of 0.15 megohms and hence
does not load the playback head or cause
any attenuation of high frequencies. As
a result of this circuit configuration the
voltage gain is slightly less than unity

but the output impedance is low, thus
this stage has the effect of performing
an impedance transformation. This is
perhaps the most satisfactory means of
transforming the high impedance of the
head to the low impedance of the second
stage, but the use of a second transistor
operating at low level contributes to a

Fig. 4. Internal view of the amplifier. Each channel is constructed on its own "chassis"

-assembled from Alden perforated terminal boards.
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mounted in an external clip for easy replacement. Probably a more satisfactory
voltage source would be a pair of 71/2
volt "C" batteries, Burgess type 5540,
one volt output for normal tape level. since each channel draws about 5 ma.
The author found it very convenient
This stage is also a common -emitter type
with emitter -circuit feedback to allow to use Alden perforated terminal boards
the relatively large output signal to be and the appropriate lugs that can be
obtained with satisfactorily low distor- riveted at any point, but any form of
tion. It differs from the previous stage terminal board on which to mount the
in that it works into the high imped- components should be satisfactory. As
ance of the first grid of a following am- far as could be determined from explifier. This allows considerably higher perience with a breadboard prototype
the midrange and high frequencies have
been attenuated to a low value and must
again be amplified by a fourth stage in
order to meet the design specification of

*1.0
I

Z II

high -frequency attenuation due to a low
value of beta cutoff. This attenuation ac- mounting lugs. This eliminates the bothcumulated to about 3 db loss at 15,000 ersome task of mounting the sockets and
cps and the .03 µf capacitor controls the the questionable contact between the
degeneration due to R sufficiently to socket and the small leads. Transistors,
bring the response up to flat at the high unlike vacuum tubes, have long life and
end.

barring a catastrophe should last for

Construction

an indefinitely long time. Of course, because of their nature, it is necessary to
observe some simple precautions in

The construction is clearly shown in
them into the circuit. If the
Fig. 4. The unit pictured contains two soldering
short lead is grasped between the fingers
identical channels. The gain control R, and quickly soldered with a hot iron to
is a two -gang potentiometer common to a well tinned lug, the operation can be
both channels and an additional minia- completed before any warmth can be
ture potentiometer has been included in felt on the fingers. Under these condieach channel so that small differences tions there is no danger of heating the
in gain or differences in output of the junction inside the small case to a temtwo heads can be compensated for. On - perature that will destroy it. While on
off switches have been provided for each the subject of temperature it is well to
channel so that battery life can be con- observe that the manufacturer places the
served when operating from a single rating of 50° C. (122° F.) as the maxitrack. The miniature U 10 battery is mum operating temperature for the
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gain in spite of the feedback and calls and the two pictured amplifiers there
for a different operating point along is nothing critical about placement of
with a much higher value of R14. Sec- components or lead dress.
The transistors, RCA type 2N105,
ondly, the emitter resistance R is partially bypassed by C8. Each stage from come with long flexible leads and it is
the second on suffered from a slight convenient to clip them to the desired
length and solder directly onto the

....***'

Q

I - 3rd HARMONIC DISTORTION AT INPUT
EQUAL TO NORMAL LEVEL

C - 2nd HARMONIC DISTORTION AT INPUT
EQUAL TO 3% DISTORTION LEVEL

D - 3rd HARMONIC DISTORTION AT INPUT
EQUAL TO 3% DISTORTION LEVEL

Fig. 6. Curves showing output voltage vs.
distortion. (A) and (B) show 2nd and 3rd
harmonic distortion respectively at input

equal to normal level. (C) and (D) show

the same distortions at an input of a

level suitable to provide output at 3 -percent distortion.

ent example it seemed satisfactory to
mount the amplifier on the back side of
the tape deck in a well ventilated place
away from tubes and transformer.
Performance

At the inception of this project the
author had considerable misgivings as
to the wisdom of using transistors in
2N105 transistors. This will require playback amplifier service. As the work
some care when placing the amplifier progressed the fears gradually disapnear heat generating electronic compo- peared but an unusually large amount of
nents in an enelo.ed space. In the pres- testing was done. Since it is feared that
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some of the readers will have similar
doubts the performance and results will
he reported in considerable detail.
Perhaps the first requirement of such
in amplifier is that it must play back a
pre -equalized standard tape in a flat
manner. This amplifier was intended to
be used with a machine operating at 71/2
ips but an adequate design should per-

form well at 15 ips with little or no

0.5

adjustment. Three pre equalized standard tapes were available
and all were used. They consisted of an
Ampex number 5563 at 71/2 ips, an Am,qualization

0.4

pex number 4494 -Al at 15 ips, and a
very carefully prepared local standard at

15 ips. Figure 7 shows output vs. frequency from these three tapes as measured on a Hewlett Packard 400C voltmeter. Curve A is the result of adjusting
the equalization for the best compromise
with the local tape. Curve B was taken

`i

Curves of
distortion vs. frequency. (A) shows
2nd harmonic distortion; (B) 3rd.
Fig. 8.

rr.

0.3
Z

0
:(-'

a)

from the Ampex 15-ips tape without
additional adjustment. Curve C was
taken from the 71/2-ips tape after slight
readjustment. Without readjustment
the results at 71/2 ips would have been
satisfactory. It can be seen that all tapes
play back to ±-2 db which is flat enough
for the best professional recorders.

With the amplifier properly equal-
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ized, noise measurements were made.
Since it was the amplifier that was

under test and not the over-all system,
the head was replaced with a 300 -ohm
resistor to represent the resistive com-

ponent of the head impedance. The

increase from four to five milliamperes the output and the capacitance adjusted
while the amplification remained con- to give a 3-db attenuation at 15,000 cps.
put due to a signal equal to the 3 per stant to within ± 0.25 db. Within the A total capacitance of 1000 µof was recent tape distortion level. The noise was manufacturer's operating limit of 50° C. quired. This would represent at least
found to be 52 db below such a signal. the observed distortion remained low.
ten feet of the highest -capacitance
Distortion vs. output level is of great shielded cable.
This in itself is good but an examination of the frequency content of the interest to Hi-Fi enthusiasts and the re- The final test can be reported only
noise revealed it to contain a large com- sults of such measurements are given in in subjective terms. About all the good
ponent of very low frequency. This is Fig. 6. Curves (A) and (B) give the quality program material available to
a well known characteristic of transis- second and third harmonic distortions the author has been auditioned before
tors and since even the best speakers respectively for a 400 -cps 0 -level signal many people. In all cases the amplifier
could not reproduce such frequencies it with the gain of the amplifier varied to received enthusiastic acclaim.
was decided to define an equivalent noise give outputs up to one volt. Curves (C)
ratio. The low -frequency component and (D) show the same for a 3 per cent Conclusion
was eliminated by means of a sharp - tape distortion signal. Figure 8 shows
It has been repeatedly mentioned that
cutoff high-pass filter set at 40 cps. the second and third harmonic distortion the goal was to equal the performance
Within the meaning of this definition as a function of frequency. Since modern of the best vacuum tube playback amthe 3 per cent distortion signal-to-noise final amplifiers will give listening level plifiers The section on performance has
ratio was 59 db which makes it com- output with much less than one volt demonstrated that this goal has been
Input, it is safe to say that the harmonic attained. The question remains then,
parable to the best professional units.
Transistors without adequate bias sta- distortion of the subject amplifier will what are the advantages of this ambilization are known to exhibit objec- always be much less than 0.4 per cent at plifier? No such claims are made. It
tionable temperature characteristics. As all frequencies. Thus the distortion com- simply offers freedom of design, a new
the temperature rises the operating pares favorably with the best profes- way of obtaining the highest performpoint shifts and distortion may increase sional amplifiers.
ance. In some applications the use of
The final specification has to do with transistors would be indicated while in
without bound or in extreme cases the
amplifier may cease to amplify at all. the output impedance and the ability others the opposite would be true. The
Careful temperature tests were made to drive a length of cable without ap- one case that collies readily to mind is
over the range from room temperature preciable loss of high frequencies. The that of a playback -only unit. The comto 54 deg. C. and the results are pre- measured value of output impedance pact size and the freedom from 60 -cps
sented in Fig. 5. A 0 -level 400 -cps sig- turned out to be 900 ohms which is hum problems make a transistor playnal was fed into the amplifier and the within the range of average cathode fol- back amplifier especially attractive.
noise was measured on a Hewlett-Packard voltmeter and compared to the out-

second and third harmonic distortion lowers. To discover how much cable

measured as the temperature was slowly capacitance could be tolerated a capaci-

raised. Current drain was observed to tance decade box was shunted across
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Transistor Tone Control Circuits
F. D. WALDHAUER

The author describes a circuit thoroughly and discusses its derivation in a
manner which should increase understanding of transistor circuit operation.
tens off at a value determined by the

IT IS NOW A PRACTICAL MATTER to uti-

control setting. The second, or variable
turnover type of response is illustrated

lize transistors in all of the audio
circuits of a high fidelity system. In
addition to the advantages of small size
and lack of heat brought about by the
high efficiency of the transistor, excel-

at (B) in Fig. 1, and is characterized,
as the name indicates, by a turnover
frequency which varies in accordance
with the control setting. The two types
of curves may have the same maximum
boost or cut characteristics, but the operation for intermediate positions of the
controls is markedly different. With a
small amount of boost, the variable turnover characteristic emphasizes the
extreme frequencies while the variable
shelving characteristic, at the same control setting, emphasizes the middle high

lent long-term reliability, low noise, and
ruggedness coupled with complete absence of inicrophonics may be obtained.
In power amplifiers, the absence of an

output transformer permits a much
greater amount of feedback than is
usable in conventional vacuum -tube amplifiers for a given stability margin.
Hence, feedback, in conjunction with

the intrinsically low distortion characteristics of transistors, may be used to
produce power amplifiers having low
distortion at power levels exceeding 50

or low frequencies.
The variable -turnover type of control

appears to be the more desirable of the
two, and is coming into increased favor

or 100 watts. At the other end of the
system, where noise limits the dynamic
range, transistors may be advantageously employed in preamplifiers for Fig. 1. Frequency response asymptotes
tape playback heads or low -output \for bass -boost characteristics illustratphonograph cartridges with noise char- ing (A) variable shelving, and (B) variacteristics closely limited, as in the case able turnover frequency characteristics.
of only the best vacuum -tube amplifiers, reliability and stability with respect to
by thermal noise itself. The lack of a environment, several further requireheater with its required rectifier and ments may be imposed upon a transisfilter makes possible this high -quality tor tone -control circuit to secure pracperformance even in relatively low-cost tical, economical, and functionally desirable characteristics. The total range
equipment.
We shall discuss both low-level and of treble and bass boost and cut must
high -power circuits in future articles. be large and, what is more important,
At present, we shall be concerned with the way in which the frequency response
control circuits, and, in particular, a varies with bass and treble control setemploying ting must be carefully controlled. From
circuit
dual -tone -control
transistors. Dual -tone -control circuits, both the economic and functional standin which the bass and treble signals are points, continuously variable controls
boosted or attenuated relative to mid - are desirable. Inductors are to be
frequencies by two separate controls, avoided on the basis of economy, hum
have long been used in vacuum -tube pick-up, and possible transient response
control amplifiers. An early transistor (by virtue of parasitic capacitances
tone control circuit described by the usually accompanying inductors). The
present author' has recently been given tone -control circuit should be capable
some attention2. The circuit to be de- of being set accurately to the flat rescribed here offers several distinct ad- sponse position, and should operate
vantages over this early transistor cir- smoothly with respect to rotation of the
cuit.
Objectives

Aside from the usual audio -circuit
objectives of low noise and distortion,
1 Lo, Endres, Zawels, Waldhauer, and
Cheng, "Transistor Electronics", Prentice Hall, Englewood Cliffs, N. J., p.
187-189.

2 H. R. Lowry, "All transistor hi-fi amplifier", Radio News, Nov. 1956.
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controls.
Response Characteristics

Two basic types of response characteristics are possible in a simple dual type,
termed variable shelving is illustrated
tone -control

circuit.

The

first

at (A) in Fig. 1 for a series of asymptotic bass -boost curves. This type of re-

sponse is characterized by a turnover
frequency which is fixed for any position of the control. The response flat-

as its characteristics become more widely
known.

Advantages of the New Circuit

The advantages of the new circuit
over both the author's early transistor
circuit and the more common vacuum tube circuits may be summarized as fol-

lows. First, the present circuit may be
arranged to give a variable -turnover
type of frequency -response variation.
As a direct result of this, an accurately
flat position of the tone controls may
always be achieved even without use
of close tolerance components. This

comes about by virtue of the fact that
in the flat position, the turnover frequencies are moved out of the audio frequency range entirely. This is to be
contrasted with the variable shelving
control in which variation in standard
tolerance components may produce irregularities of response in the maximally flat position of over 3 db. Another
advantage of this circuit is the reduction in the number of components as
compared with conventional circuits. In
addition, the circuit is readily "design able"; that is, individual components
may be altered to secure a desired result
without adversely affecting the opera-

tion of the remainder of the circuit.

Finally, a considerably greater range
of control may be obtained with this
circuit than with the previous one.
A Practical Circuit

A practical version of the tone control circuit, with circuit values for obtaining somewhat more than ± 20 db

current is supplied by the resistor RD,
and d.c. stabilized base bias current is
22 v. DC

Zp is low in impedance compared with
RD with which it is in parallel, and ZL
is small compared with RD, with which
it is in parallel for audio signals, we may
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circuit of (B). A signal current flowing
amplified and a much larger current will
flow into the collector of the transistor.

This current will divide at the junction

of Zp and Z L. The manner in which
this current divides depends upon the
fact that the signal voltage at the base
is negligibly small, so that the ends of
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Fig. 2. Circuit schematic of amplifier incorporating, in the second stage, the new
tone -control circuit. The first and third stages provide amplification as well as suitable impedance levels for both the tone -control stage and external circuits.

range of bass and treble control,

is

shown in Fig. 2. The second stage is the

tone control, while the first and third
stages provide amplification as well as
suitable source and load impedances for

both the tone control and externally
connected

approximate (A) of Fig. 5 with the
into the base of the transistor will be

.022

0
INPUT

supplied through the resistor R5. If

circuits.

The

transmission

characteristics of the entire circuit for
various settings of the bass control are
shown in Fig. 3, and similar curves for
the treble control are shown in Fig. 4.
The bass and treble characteristics are
completely independent. The total response for any condition of the bass

and treble controls thus may be ob-

tained by adding the curves of Figs. 3
and 4.
It is noted in passing that the volume
control located between the first and
second stages has a logarithmic or audio
attenuator characteristic even though

circuit, having, among other things, record equalization for both magnetic and
FM type pick-ups. The over-all circuit
shown in Fig. 2 is designed to provide
1 volt output with 0.25 volt applied to
the high -impedance input, and is thus

suitable for use with a tuner or other
fairly high level audio source. For those

who may wish to construct the circuit
of Fig. 2, it is noted that all parts are
standard except possibly for the 4-Af

ZL and Z5. remote from the collector are
essentially at ground potential. Thus
the voltages across Z5. and ZL are equal

and the currents are in inverse ratio of
the resistances; in other words, if /L
is the load current and J. is the feedback current, /L/4 is equal to ZF/ZL.

If the gain from base to collector of

the transistor is high (e.g., 50 times)
the base current may be small relative
to the feedback current. The input current, which is equal to the sum of the
base current and the feedback current,
is then essentially equal to the feedback
current. Hence, the current gain, K1,
from injut to load of the circuit of (B)

is given approximately by /OF, and

coupling capacitors which may be either

tantalum or aluminum electrolytic capacitors, and the treble -control tapped
potentiometer, which has a total resistance of 13,000 ohms, 3000 ohms on
the clockwise side and 10,000 ohms on
the counter -clockwise side of a tap located at the midpoint of rotation'. The
transistors should have common emitter -current gains, cGs, of 100, 50, and 50,

it is itself a linear tapered potentiometer. This will be explained in the subsequent article, in which the present

± 33 per cent for the first, second, and

tone control circuit will be incorporated
in a complete preamplifier and control

sistor types normally meet these specifications, such as the 2N109, 2N175 of
RCA, the 2N190 of G.E., etc.

third stages, respectively, with noise

factors of 10 db or less. Several tran-

K

ble feedback.

The above relation is the essence of
transistor
feedback -tone -control
stage. In order to produce a tone control,
the

we must now find a resistor -capacitor
configuration which allows us to vary
the ratio of ZF/ZL as a function of frequency. Note that the current gain is
what is sought here. The reason for this
is that the impedance of the input cir-

cuit of a transistor, in particular that
+30

able for feeding a fairly long output

4

z
2

cable. Distortion is reduced by virtue of
local negative feedback on each of the

.20

three stages. These and other features
will be discussed in the subsequent ar-

.10

ticle.

0

L

This relation holds if there is apprecia-

The output impedance of the last
stage is about 2000 ohms, which is suit-

.1 0

(1)

-pZ

4
0
tv,

2 -to

Principles of Operation
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The manner in which the circuit of
Fig. 2 achieves the results shown in

-20

-20

Figs. 3 and 4 will now be described. At
3020

(A) in Fig. 5, a transistor feedback
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circuit is shown in which d.c. collector
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A standard IRC potentiometer,

3. Measured response of circuit of
Fig. 2 for various bass -control settings.
Fig.
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Q17118X, may be substituted for this potentiometer, although the total treble control range will be greater than necessary.

4. Measured response of circuit of
Fig. 2 for various treble -control settings.
Fig.
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quency dependence of Z. cancels that
of ZL. By proportioning the capacitors
suitably, and designing the remaining
circuit properly, Eq. ( /) may be made
to hold over the entire audio band. In
particular, ZL must not get too small
relative to the input resistance of the
amplifier stage following the tone control, since the high -frequency response
will be about 3 db down at the frequency at which the capacitive reactance

of Z1 is equal to the third -stage transistor input impedance. Furthermore, at
low frequencies, the capacitive reactance

of C, will

rise

as the frequency

is

lowered until the low -frequency response

Fig. 5. Transistor feedback circuit for
obtaining stabilized current gain approximately equal to Zr/Z1..

of the following stage, is quite low, and
it is therefore more convenient to con-

trol the current flowing into the base
than it is to control the voltage from
base to emitter. The impedance ZL will
be the series combination of a control
impedance and the very low input impedance of the following transistor
stage.

The partiCular resistor and capacitor
configuration developed for the tone

control of Fig. 2 produes the desired

variable turnover characteristics. This
configuration may be adapted for loss -

type controls for either transistors or
vacuum tubes as well as for the feedback control described here. We note
parenthetically that if the tone -control
network itself is removed from Fig. 2
and connected so that point B3 is driven
by a vacuum -tube cathode follower,

point B2 grounded, and the grid of a
following stage connected to point C2,
a satisfactory variable -turnover type of
tone control for vacuum -tube circuits is

is 3 db down at the frequency at which
the capacitive reactance of C, is equal
to the total resistance in shunt with it.
This total resistance is made up of the
parallel combination of three components : First, the bias resistance shown
at (A) in Fig. 5; second, the collector to -base resistance of the transistor it-elf, which is of the order of two megohms; third (and most esoteric), the
d.c. load resistor multiplied by the current gain of the transistor, which is of
the order of one-half inegohm if the
transistor current gain is 50 times.
Thus we now have a capacitive network which is essentially a capacitive
collector -current divider, sending part
of the collector current back to the input as feedback (where, if the feedback
is large, it is essentially equal to the
input current to the stage) and part into
the load as useful load current. It should
be emphasized that while the impedance
of the network falls as the frequency increases, the current gain is flat with
frequency. We now wish to use a pair of
potentiometers in order to vary the

ratio of load to feedback currents at
bass and treble frequencies.

7. (A) Treble control circuit. (B)
Equivalent for (A) under treble -boost
conditions. (C) Equivalent under treble
attenuate conditions.

Fig.

Zp. for treble boost, or with ZL for
treble attenuate, as may be seen easily
by inspection

(1).

of treble boost, ZF will comprise the
series combination of the fixed feedback
capacitor and the series resistance. The

turnover frequency will be given by
equating this resistance to the reactance

of the feedback capacitor. Treble attenuation is obtained by removing the
resistance in series with the feedback
capacitor and inserting resistance in

For bass control, the ends of a po- series with the load capacitor. The turnover for treble attenuation is the fre-

tentiometer are connected as shown in
Fig. 6, with the slider connected to the
collector. As the slider is moved to the
right, Zr remains capacitive and rising
as the frequency is lowered, while ZL

quency at which the inserted resistance
equals the reactance of the load capacitor. The series resistance must appear

only in one divider arm at a time in

If ZF and ZL of Fig. 5 are replaced

becomes resistive and therefore constant
with frequency. Thus. according to Eq.
(1), the bass signals are increased relative to midband signals. Conversely, as

order to secure variable turnover characteristics. The arrangement shown at
(A) in Fig. 7 using a tapped potentiometer performs this function. As the

(whose impedance varies inversely with
frequency) the current gain will remain
flat with frequency as long as the conditions of Eq. ( /) hold, since the fre-

the slider is moved to the left, the denominator of Eq. (1) increases while
the numerator remains constant as the

slider is moved upward, series resistance

formed.

by a pair of capacitors CF and CL

frequency is lowered, thereby producing

bass attenuation. In each case, as the
resistance is varied, the turnover frequency, or frequency at which the re-ponse departs from its midband value,
varies, thereby producing the desired
variable turnover characteristics.

Fig.

100

6. Basic circuit for the bass control.

The

resistors R, and R, limit the maximum
bass turnover frequency to a suitable
design value, such as 800 cps.
For control of the treble signals, resistance may be inserted in series with

appears in the feedback lead, but not
in the load circuit as shown at (B) in
Fig. 7, thereby giving treble boost; conversely, as the slider is moved below the

fixed tap, series resistance appears in
the load circuit but not in the feedback

circuit as indicated at (C) of Fig. 7.
The resistance of the potentiometer between the collector and the current division point is negligible compared with
the output impedance of the transistor
collector, and may be ignored. The combination of the circuits of Figs. 6 and 7
gives the configuration shown in the
second stage of Fig. 2.

Design of the Tone -Control Circuit
The

design

of

a

linear

amplifier

normally starts with the establishment
of the d.c. operating point, which in the
case of transistors is usually determined by the signal level to be accommodated in the collector circuit (as opposed to tube circuits where the operating point must be set at an inefficiently
high

voltage-

and

current -operating

point in order to iecure reasonable gain
and low distortion). The first stage was

designed for a transistor having any
value of act, (common -emitter current
amplification factor) between 65 and
130. The design range of ad, for the
second and third stages is between 33

and 66. The circuits are designed to
operate without degradation of performance up to a temperature of 120°
F.

Collector -to -base

degenerative d.c,

feedback is used to achieve this stable
operation*. A design method for R -C
coupled amplifiers of this type is given
in the literatures and is of little more
complexity than that involved in the
use of "Resistance Coupled Amplifier
Charts" for vacuum tubes.
For the tone control stage itself, the
values of the feedback and load capaci-

tors as well as the resistance of the

potentiometers must be determined. The

problem of finding an optimum set of
capacitor values is somewhat complex.
Suffice to say that the output capacitor
should be just large enough to permit

full output from the output stage at

low frequencies when the signal swing
at the collector of the tone control stage
is at its maximum value (as determined
by the power supply voltage and variations in transistors due to tolerances
and temperature effects). This procedure maximizes the high -frequency re-

sponse while assuring adequate low -fre-

quency signal handling capability. The
feedback capacitor should have the
smallest value consistent with good low it. Waldhauer, U. 8. Patent No.

t

2,750,456.

5 Reference 1, p. 171, Eq. (5-29a) ; p.

175, Eq. (5-43).

boost or attenuate. This frequency

0

CAPACITIVE
DIVIDER RATIO

5

FREQUENCY (LOG SCALE)

Fig. 8.

Bass boost response curve illus-

trating the manner of operation of the
bass control.

0

0
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tki
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PERCENT ROTATION

(A) SASS CONTROL

is

14K

taken as 800 cps. The resistance on the
boost side of the treble control is made
equal to the reactance of the feedback
capacitor at this frequency. The resistance on the attenuate side is equated
to the reactance of the output capacitor.

12K
10K

SK

The bass -control circuit includes a pair
of resistors connected to the ends of the
bass -control potentiometer. These serve

6K
4K

to limit the amount of shunting of the
feedback and output capacitors, and
thereby

limit the

2K

bass -turnover fre-

TAP
0

quency to a value not exceeding the de-

taken again as 800 cps, so that the
values of the limit resistors are about
equal to the values of the resistances on
either side of the fixed tap of the treble
control.

The choice of a bass -control potentiometer would be as simple as that of the
treble control if we had a potentiometer

which shunted only one capacitor at a
time. If, for example, bass boost is desired, a resistance should be placed in
shunt with the load capacitor CL, and
the resistance shunting the feedback capacitor should be negligibly high. If a
potentiometer is connected as shown in
Fig. 6, the resistance is not removed
from its position shunting the feedback
capacitor, so that at some very low frequency, the presence of this resistance
to

a

flat characteristic.

Hence, a certain amount of bucking of
the boost and attenuate portions of the
bass control exists. This may be viewed

another way which may be

en-

lightening. The current divider at the
collector of the transistor is essentially

0

CCW

sired maximum. This maximum was

in

5

2

100K

treble control in the extreme positions of

20

z

200 K

of the fixed tap are chosen to give the
minimum desired treble turnover frequency, as would be obtained with the

is decreased)

10

300 K

stage actually has a loss of about 10 db.
The gain of the other two stages makes
up for. this loss and provides the additional required gain.
Having. determined the capacitor
values, we may now find the resistances
pf the tone -control network. The total
treble -control resistances on each side

will cause the response to return from
its rising characteristic (as frequency
0-- RESISTIVE DIVIDER RATIO -

400 K

By substituting the values of Fig. 2 in
Eq. (1), it is seen that the tone -control

25

15

4

frequency response in relation to the resistance it faces, as described above, in
order to secure maximum gain or, actually, minimum loss, from the stage. The
circuit of Fig. 2 balances these factors
in a direction of low distortion and wide
range of control at the expense of gain.

20

40

60

too
CW

9. Curves of resistance vs. rotation
for smoothest distribution of the tone
control action over the range of the
Fig.

controls.

at midfrequencies and by the resistive
divider at very low frequencies; in between, an asymptotic slope of 6 db per
octave joins these two levels, as illustrated in Fig. 8. By use of a very high
resistance potentiometer, the amount of
bucking can be made negligibly small.
If the resistance is made too high, however, the tone control action is crowded
toward the extremes of rotation of the
potentiometer. A compromise is indicated, in which a certain degree of bucking is tolerated in return for smooth tone
control action. In the case of the circuit

of Fig. 2, reasonably smooth control is
achieved with a slight departure from
true variable -turnover characteristics.
As may be seen in Fig. 3, this departure

is small, and in a direction to give less
slope as the amount of boost or attenuate is lessened.

a capacitive divider at midfrequencies.
At extremely low frequencies, the reactance of both capacitors becomes very
high so that we have essentially a re-

Potentiometer Requirements

sistive divider made up of the resistances

bly in

of the potentiometer on either side of
the slider. The response will therefore
be controlled by the capacitive divider

80

PERCENT ROTATION
(5) TREBLE CONTROL

The requirements for a tone -control
circuit closely approaching the objectives stated above have met except possi-

one respect; namely, that of

smoothness of tone control action. The
ideal control in this respect is probably
(Continued on page 104)
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A Transistor VU Meter
A simple transistor amplifier will increase a VU meter's
sensitivity so that it can be used in many applications.
PAUL PENFIELD, JR.

WHENEVER VOLUME IS CONTROLLED

for some purpose other than immediately hearing it, some sort of
volume indicator is necessary. Recording

machines, P. A. systems, and broadcast
facilities all need fairly precise control
over volume and some sort of indicator.
Of the several ways to observe volume,

the best is with a special type of meter
-the well-known VU Meter, or Volume
Unit Meter. Less desirable ways include
a "magic eye" tube, a series of flashing
neon lights, or a conventional -type meter.

The reason the VU meter is the best is
that it is made specifically for the job.
Professional equipment almost invari-

ably incorporates a VU meter, rather
than the less desirable schemes mentioned

above. However, the cost of the meter,
plus the fact that it is relatively insensitive, combine to keep its use in "home"
recorders and even high-fidelity equipment small. While the device described
here cannot reduce the cost, it does do
away with the problem of sensitivity.
Fig.

1. A typical modern VU meter. Most meter manufacturers make one or more
models of VU meters.

The VU Meter

come noticeable at a certain indication for

For those readers not familiar with
VU meters, they are a type of voltmeter
made especially for reading volume. Pro-

gram material contains varying levels
all the time. Conventional meters do not
agree with one another in readings taken

of the steep wavefronts contained

in

sound, because they have different types
of suspension systems. So although they

might agree well on steady tones, the
mechanical differences make them respond differently on transients. On the
other hand, VU meters were designed
just for speech and music. The ballistics
and electrical properties are now standardized so that any two VU meters will
always read the same-on any type program material. The most important features of the standard are summarized in
the box below.

Most important, though, is the fact
that readings taken on VU meters correspond very closely with audible distortion in amplifiers, recorders, and so on.
That is, the point of first audible distortion will occur at the same VU -meter
indication regardless of the type of program material. Other indicating devices
are not as good in this respect. On, say,
a power meter, distortion might first be 102

Specifications for VU Meters

speech, at another indication for cham-

So that all VU meters will respond the
same, the design has been standardized.
Here are the most important specs from

meter, this difference is much less.
Steady -tone measurements can also be

the
American
C16.5-1942.

Standards

Associati.,n

to within
0.2 db from the 1000 -cps value between
35 and 10,000 cps, and within 0.5 db
between 25 and 16,000 cps.
FREQUENCY RESPONSE: Flat

Internal resistance of the
meter is 3900 ohms. For correct ballistics
it must work from an external impedance
of 3900 ohms.
IMPEDANCE:

BALLISTICS:

Sudden

application

of

a

0 -VU level sine wave voltage will make
the pointer reach 99% of 0 -VU between
0.27 and 0.33 seconds, and will cause
f -e pointer to osershoot to between 1.0
and 1.5%.

OVERLOAD CAPACITY: The VU meter
can withstand peaks of 10 times 0 -VU

voltage for 0.5 seconds, and a continuous
overload of 5 times 0 -VU voltage.
SCALE: Two standard scales are specified
of which scale A is pictured in Fig. 1.

Scale B has the 0-100 markings on the

top.

STANDARD CIRCUIT: A standard circuit,
inclu,lIng an external attenuator, is speci-

fied for using the meter to read frcm a
600 ohm line

HARMONIC DISTORTION: The VU meter

will not introduce more than 0.300 harmonic distortion to a 600 -ohm line when
connected in the standard circuit.

ber music, and so on. With the VU
read on the VU meter, just as on any
a.c. voltmeter. But the VU meter is the
best meter to use for monitoring audio
programs because it was designed for
the job.
Of course such a good meter has disadvantages. First, it has a big magnet,
and should be kept away from steel. Use
aluminum or wood panels instead. And
second, its sensitivity is low. With the
recommended auxiliary equipment, it has
a full-scale sensitivity of about 1.2 volts
r.m.s with an internal resistance of 7500
ohms. This, as panel meters go, is mighty

insensitive. While this is no problem in
radio stations, large public-address systems, and the like, there is often in an
audio system no point where the signal
is sufficiently strong at the correct im-

pedance to use the VU meter direct.

There is no place on most home tape recorders, for example, where one can be
attached.
An amplifier will boost its sensitivity,
without losing any of the advantages of

2. The simple transistor amplifier
which converts the VU meter from an insensitive instrument to one that responds
full scale on five microamperes signal

Fig.

current.

the meter. A transistor is used in the
amplifier described here.
The Amplifier

No unusual parts are required for
the VU meter amplifier. Any VU meter.
any size or make, will do. The Triplett

327-TC VU meter comes in an attractive plastic case (Fig. 1) into which the
amplifier can fit easily. The whole unit
using this meter is made self-contained.
Of course this is not necessary-if the
finished meter is to be mounted on a
panel, there is no point to the miniaturization techniques.

However, using the 327-TC the construction is quite simple. The parts fit

around the meter proper as shown in
Fig. 3. The only trick is providing for
input terminals, and an on -off
switch. To do this, one can use a miniature Telex closed-circuit jack, #8570.
the

and plug, #9231. The inner contact of
the jack was bent as shown in the right
of Fig. 4, so that it closes the circuit

Fig. 4. Bending the inner contact of the jack changes it to a normally -open model.

when the plug is in, rather than when
the plug is out. The jack fits perfectly
in the hole in the Triplett ease without

The base bias resistor supplies current to the base from the collector circuit in an attempt to improve the stabil-

any work whatever. The circuit was made

ity.

to turn the device on by inserting the
plug; with the plug out, no current is

directly from the battery) some 15 percent or so, although the device is still

drawn from the battery.
Obviously other solutions to this problem are just as good-this one is offered
merely as one example.
The transistor circuit is quite straightforward. For correct ballistics the meter

somewhat temperature -sensitive. How-

must operate from a source of about

The input capacitor C, merely blocks
d.c. on the input circuit, and so any size
capacitance which will pass the lowest

3900 ohms impedance. This is approximated quite closely by using a load resistor (R3) of just that value.

Figure 2 shows the schematic. 22.5
volts is needed as a battery to provide
sufficient swing for voltage peaks.in the
speech or music waveform.

It helps (as opposed to taking it

ever, the 2N105 transistor has quite a
low cutoff current, as well as good uniformity from one transistor to the next.
so there's less need for good d.c. stability
measures.

frequency of interest may be used. If
the meter is hooked to a circuit that has.
for example, B+ on it, an additional
high -voltage capacitance in series with
the input will he necessary.

The input resistor R, is set at 4700
ohms as a compromise between ultimate
sensitivity and hum pickup. In practice

Connecting the Meter

The transistorized VU meter can be
an external resistance greater than this connected to the audio system in a vamust be added anyway, to decrease the riety of places-speaker lines, inside
sensitivity, and to prevent excessive amplifiers, etc. Do not connect it across
loading on the circuit tapped into, as the recording head, however, since the
will be explained later. There is nothing supersonic bias is apt to get through as
particularly significant about its value. well as the program material, throwing
the readings off.
Anywhere inside the amplifier will do
-any high-level single -ended grid or

plate, for example. If possible, use the

grid of the phase splitter or the final
stage. Use a plate only when necessary
however, since this means extra trouble

in the form of a required capacitor in
series with the input lead to block the
d.c. component. The input capacitor C
has a low voltage rating, in the interest
of making it small physically, and so i-

INPUT JACK

easily overloaded.
Generally a resistor will be required it,
SOCKET FOR V

series with the input. The complete device operates full-scale on five microamperes. Thus only in unusual circumstances will the device be too insensitive
to use. The resistor necessary to draw

R2 UNDER

METER TERMINAL

only five microamperes for any given signal voltage, computed to take account of

the input resistance of the amplifier, tshown in Fig. 5. Experimental point agree closely, within component tolerance
errors.
BATTERY NEGATIVE

Fig. 3. The parts placement using the Triplett 327-TC meter and housing.
battery and other parts fit inside the housing.

The

small

To adjust the sensitivity of the VU
meter, put some kind of program material on, or preferably a steady tone.
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TRANSISTORIZED VU METER
(Continued from preceding page)

and adjust the series input resistor until
the desired sensitivity is achieved. A
calibrated attenuator ahead of the meter
may be useful in some cases where it is

necessary to read a wide variation in
volume.

There are many places where the tran-

sistorized VU meter can help out by
providing an easy -to -read indication of
volume with high sensitivity. Tape recording is the most obvious, but others
include P.A. systems, high-fidelity rigs.
and so on.
REFERENCES

0. Berliner, "Uses and abuses of the VU

meter." AUDIO, Nov., 1955.

H. M. Tremaine, "Power level and volume
indicator meters." RADIO & TELEVISION
NEWS, Nov., 1950.

H. A. Chinn, "The measurement of audio
volume." AUDIO ENGINEERING, September

and October, 1951.

PARTS LIST

B,

22.5 v. battery; Burgess U-15 or other.
1µf, 10 v. miniature electrolytic.
1pf, 25 v. miniature electrolytic.
Aft VU Meter, any size, any make.
B, 4700 ohms, % watt.
B, 1 megohm, % watt.
3900 ohms, 5%, % watt.
8, On -off switch, s.p.s.t. May be incorpoC,
C,

V,

rated as part of input jack.
RCA 2N105 Transistor.

Fig. 5. Use this graph to find approximately how much series resistance is needed for
any expected a.c. voltage.

one in which the flat position is ob- in Fig. 2 for the bass control, for examtainable over an appreciable range of ple, deviates quite widely from the dethe rotation to allow accurate sating of
this important reference condition, and
in which the turnover frequency varies
exponentially with rotation. This would

, ired characteristic, resulting in a wider
flat position and some crowding of the
tone control action toward the extreme

attenuation for equal increments of arc.
We may, then, set forth the requirements for the bass and treble potentiometers for id: al smoothness of operation.
The desired curves of resistance rs. rotation for the bass and treble controls is
shown in Fig. 9. It should be noted that
rather wide deviations from this curve
are permissible with very little degradation in smoothness. The linear taper used

however, compares favorably with dual
tone controls of most commercially available equipment.

ends of rotation of the potentiometer.
give equal db increments of boost or The smoothness of action of this control,

TONE CONTROL
(Continued front page 101)
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The remaining circuits required for
a complete control amplifier will appear

in part two of this article, along with
noise and distortion measurements and
an analysis of the first stage of the circuit of Fig. 2.

Distortion in Tape Recording
Common sense, careful thinking, and a set of accurate measurements

will enable anyone to choose an operating point. which will give the
best over-all quality from his tape recorder. The author tells you how.
HERMAN BURSTEIN

MORE AND MORE audio fans, especially in areas having one or

more "good music" FM stations,
are making off -the -air tape recordings.
Often the program source is live-symphony, chamber music, instrumentalist,

singer, or choral group-while at other
times the source consists of a first rate
disc or tape recording. In either case,
many owners of tape recorders have
numerous opportunities to capture musical moments worth preserving, either in-

definitely or until a better rendition
comes along. Moreover, some recordists

make tapes of their own singing or instrumental playing, which they are eager

to hear for pleasure or improvement.
Unfortunately, the recording does not

always sound "clean" in playback. It
may lack the effortless, silky quality of
the original source. Due to distortion, it
may have a more or less grating quality,

either constantly or only during loud
passages. This situation is not confined
to amateur recordings. Sometimes professional recordings contain objectionable distortion.
Distortion, presuming none in the
source, may be due either to a fault in

the tape recorder or to an excessive
amount of signal applied to the tape.
The latter is of concern here, that is,
distortion resulting from high signal
levels, and it shall be assumed that the
tape recorder heads and electronics
(amplifiers and bias oscillator) are in
proper condition.
Although in a direct sense over-record-

ing-that is, the desire for a high signal
to noise ratio-may be blamed for distortion, in a basic sense the desire for
wide

frequency

range,

perhaps un-

necessarily wide, may also be partly at

fault. This can be true in two ways.
First, in order to maintain good response
out to 15,000 cps or so at a speed as low
as 7.5 ips, the amount of high -frequency
preemphasis required in recording may

be sufficient to cause tape overload at
treble frequencies. Above 7,500 cps,

where most of the boost occurs, there
would be virtually no audible harmonic

distortion inasmuch as the harmonics
fall outside most persons' hearing range

as well as outside the recorder's pass

and HENRY C. POLLAK

band, which cuts off sharply beyond 15,000 cps or earlier. However, in any nonlinear system there would still be inter modulation products generated by interaction between two high frequencies or

between a low and a high frequency;
many of these products would be within
range of the ear and the recorder.
The desire for extended high -frequency response can also be responsible

for distortion by virtue of the required
bias setting. Over the bias range customarily used, an increase in bias generally causes distortion to fall, while a
decrease in bias generally causes distortion to rise. However, increased bias

also results in greater attenuation of
high -frequency response. The desire to
maintain high -frequency response well
beyond 10,000 cps at low tape speed may
lead to bias reduction, thereby resulting
in greater distortion at a given recording level.
The following discussion seeks to

throw light on :
1.

The relative changes in harmonic and

intermodulation distortion as input
2.

level is varied.
The relative changes in harmonic and

intermodulation distortion as bias is
varied; determination of bias for
minimum distortion.
3.

Variation among tapes with respect
to intermodulation distortion.

back heads, permitting immediate plotting of results. Test equipment consisted
of an audio oscillator, an oscilloscope, a
sensitive a.c. VTVM, a harmonic distortion tester which measures the total
signal content after the fundamental has
been filtered out, and an SMPTE type
IM tester which, using 60 and 6,000 cps
respectively in 4:1 ratio, measures the

extent to which the high frequency is
modulated by the low frequency.
Variation of Distortion With Input Level

Invariably, tape recorder specifications make no mention of IM distortion,

referring only to harmonic distortion.
Tape recorders have a VU meter or other
type of recording level indicator to show

when recording level is such as to produce 1 or 2 or 3 per cent harmonic distortion. However, as Fig. 1 reveals,
when harmonic distortion is still at relatively innocuous levels, below 3 per cent

or so, IM distortion can be disruptive 20 or 30 per cent or more.
The measurements in Fig. 1 were
made on a machine operating at 15 ips
with bias set approximately at optimum,

in the manner described later. The 0

db reference input level for measuring
IM distortion was equated to that for
harmonic distortion by adjusting these

the optimum combination of high

input levels for equal peak -to -peak readings on an oscilloscope.

It should be made clear that the

begins to rise much earlier than harmonic distortion, and that the rate of

4. Method of setting bias so as to yield

signal-to-noise ratio, wide frequency
range, and low distortion.

measurements described in the following discussion are not definitive in the
sense of providing exact values under
given recording conditions. Rather, they
are broadly indicative of what happens.
The values may fluctuate as the test is
repeated at a different time, on a differ-

ent machine, with a different tape, at
different temperature or humidity, and
so on. However, the tests have been repeated sufficiently to indicate reliably
the general nature of the observed
phenomena.

The measurements underlying the following discussion were made on two pro-

fessional tape recorders in the $2,000
class, operating at 15 or 7.5 ips, and using a commercial high quality tape. The
machines have separate record and play-

Figure 1 indicates that IM distortion
increase is far greater for IM distortion.

After IM distortion has reached about

4 or 5 per cent, it rises very precipitously. It may be observed, therefore,
that in the effort to add a few db to signal-to-noise ratio, the recordist runs the
risk of trading a slight decrease in noise
for a large increase in IM distortion.
For the purposes of the measurements
underlying this discussion, the recorder

was adjusted so that its VU meter indicated 0 when IM distortion was approximately at the maximum level considered tolerable for high fidelity purposes, say about 2 or 3 per cent.
In actual use, however, the recorder
should be adjusted so that the VU meter
indicates 0 for a signal perhaps 8 or 10
db below that which causes maximum
105

allowable distortion, because on transients the pointer of the VU meter may
lag 8 db or more behind peak signal
level. If in actual use, the meter were
calibrated to read 0 for a steady-state
signal which produces 2 or 3 per cent
would often bring the reading into the
of extreme distortion,

harmonic distortion

sages are recorded at a level of distortion
which, at least for a brief period, has no
appreciable effect upon the listener. On

tudes on the oscilloscope.

the other hand, if the machine's signalto-noise ratio is inferior, the preferable
course may be to accept some obvious
distortion during peaks for the sake of
keeping background noise comfortably
low throughout the recording. The program source can also influence the decision. For example, a relatively high in-

IM distortion, allowing the needle to hit
0 when recording program material
region

satisfactory course of setting recording
level just low enough so that peak pas-

albeit

briefly. Therefore, it is necessary to allow a margin in adjusting the VU meter.
Even so, unless the recordist uses discretion, based on the nature of the music
he is recording, fortissimo portions of
a musical work, or at least the attacks,
can be marred by the breakup and fuzzi-

put level might be used to record the
spoken voice because in this instance a
considerable amount of distortion can
usually go unnoticed. On the other hand,
one might have to exercise considerable

ness symptomatic of distortion, even
though the VU meter indicates only 0.
The recordist is forced into a choice
among three alternatives: (1) to accept
occasional high distortion in exchange
for an improved signal-to-noise ratio;
(2) to make some sacrifice in signal-tonoise ratio (which means relatively more

more restraint in setting gain for an
organ or piano in order to obtain a

hum, tube noise, and tape hiss) in exchange for low distortion throughout

tively high input levels. It must be taken
into account that as bias varies so does

pleasing similarity to the original.
Variation of Distortion With Bias

Figure 2 indicates the effect of bias
current on distortion, using two rela-

the recording; (3) to ride gain, reducing
input level during loud passages, which
means exchanging dynamic range for
low distortion throughout a recording.
The last alternative implies ability and

the amount of signal recorded on the
tape. In short, tape output as well as

source against a score and accurately
anticipate changes in level.

The recordist's decision on the course
to follow will be influenced by the tape

ease, it is merely necessary to use a very
high input level. (4) A rise in input sig-

nal level produces the least increase in
distortion when bias is set for minimum
distortion.

From the above it can be concluded
that to the extent the recordist seeks to
maximize signal-to-noise ratio by turning up gain, the more important it becomes that he adjust bias properly for
the particular tape he is using. Otherwise he may get much more distortion.
especially IM, than is acceptable.
(An interesting phenomenon is displayed by the left. portion of the curves

in Fig. 2. If bias current is reduced

tortion varies with bias. Therefore it is
necessary to hold tape output constant.
For this reason, the input level was constantly adjusted to maintain a fixed indication on the VU meter in playback.
Curves 1 and 2 are based on a playback

distortion drops again. Inasmuch as a
reduction in bias current serves to im-

machine with a high signal-to-noise ratio,

higher. At the 0 VU playback level, with
bias set for minimum IM distortion, the

I

the more critical is the bias setting for
minimum distortion; thus, in order to
find the minimum -distortion bias with

enough below the normal working range,

indication of 0 db on the VU meter.

% DISTOR 110N

than harmonic distortion; (2) Distortion
does not indefinitely continue to decline
as bias is increased, but rises again, and
this rise is sharper in the case of IM distortion; (3) The higher the input level,

are only interested here in how dis-

recorder he is using and purposes for
which it is employed. If it is a quality

Curves 3 and 4 result from levels 3 db

1w may well follow the expedient yet

prove high frequency response, it might
seem that one might profitably operate
in the area of extremely low bias current.

However, there is good reason for not
doing so. The reduction in distortion
achieved by using very low bias current is

most striking for high input levels. At
low input levels, however, distortion re-

VARIATION OF IM AND HARMONIC DISTORTION
WITH CHANGES IN INPUT LEVEL
C1"111 I

IN distortion at playback level

corresponding to 0 on VU meter
Curve 2 Herrnanic distortion at playback
1
level corresponding to 0 on VU meter,
Curve 3
IM distortion at playback level
corresponding to +3 on VU meter
Curve 4 Harmonic distortion at playback
level corresponding to +3 on VU meter
I

40
35 30

was

Figure 2 reveals that: (1) IM distortion once again varies much more

distortion varies with bias. However, we

willingness to compare the program

test signal

matched to the IM test signal by comparing peak -to -peak playback ampli-

1

Measurements of input level are based

1

% DISTO ETION

on the peak value

of the res signals.
"' Bios current is approximately optimum
for the machine and tap* used in making

30

7

.- these measurements.
o db input level corresponds approximately
25 /- to a0 rending on the tape recorder's VU mere
1

L

i
I
Odb Bias current for minimum distortion
Harmonic distortion measured of 1000 cps
IM distortion measured at 60 and 6000 cps
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Fig. 1 (left). Variation of 1M and harmonic distortion with changes in input level. Fig. 2

distortion with changes in bias current.
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right . Variation of 1M and harmonic

mains higher than when operating in the

normal bias range. Furthermore, the
amount of recorded signal drops at low
bias values, so that to maintain the same
amount of tape output requires considerably greater power from the output stage
supplying the record head.)
Variation in Distortion Among Tapes

Using a relatively high recording signal, several popular brands of tape were
compared with respect to IM distortion.
Input level was varied so that each tape
produced the same output level as read
on the VU meter during playback. Bias

was adjusted for each tape until minimum distortion was obtained. Following
were the results.
Tape

A (reference)

Minimum Relative
Bias
IM DisSetting
tortion
0.00 db
7.6%

B

9.0

.75

C

11.0
10.0

- .50

3.5

- 1.00

D
E

used in determining optimum bias current. It is assumed that the tape recorder
provides ready means for varying bias
current and for varying treble preemphasis in recording. It is further assumed
that playback equalization is fixed (in
accordance with the NARTB standard

flattest possible response over the treble
range as a whole, it may be necessary to
accept response which is a few db down
at 15,000 cps.)
Now let us consider the situation where
the tape recorder represented in Fig. 3

for 15 ips). Curves 1 and 2 in Fig. 3,

15,000 -cps response at 7.5 ips as bias is

representing variation of IM distprtion
with bias, have been redrawn from Fig.
2. 0 db bias represents bias current for
least distortion.
When the tape recorder represented in
Fig. 3 is operating at 15 ips, Curves 3

varied. At minimum distortion bias,
15,000 cps response is about 10 db below

only moderately from tape to tape, while
the amount of distortion varied consid-

erably more. However, these findings
would not be sufficient on which to base
the choice of a tape. It would be further
necessary to consider the tape's fre-

quency characteristics at the bias cur-

rent resulting in minimum distortion, the

shape of its output versus bias curves
for different frequencies, its noise properties, and so on.
Determination of Optimum Bias Current

Let us assume that on the basis of
curves such as iu Fig. 2, the bias current
fur minimum distortion has been ascertained, using a given machine and a particular tape. However, depending upon
the tape speed and upon the brand and
kind of tape (regular, high output, long play, etc.), high frequency response may
be inadequate a:, this bias current.
As previously stated. treble response
goes down as bias is increased. This is a
wavelength effect. Inasmuch as a given
frequency results in a shorter wavelength at reduced tape speed, the problem of poor treble response due to high
bias current is most serious at the lower
speeds such as 7.5 and 3.75 ips. Conse-

quently at these speeds, in order to

maintain satisfactory response, it
probably necessary to use less bias than
the amount permitting minimum distoris

tion. This means greater distortion for
a given amount of tape output, or less
output for the same distortion (lower
signal-to-noise ratio), or a compromise
between the two.
Figure 3 indicates the procedure to be

the other hand, increasing the treble
boost may cause appreciably greater tape

400 cps and at 15,000 cps varies with
bias; input level was kept low enough
to avoid any possibility of saturation.

overload in the upper treble range. Let

400 cps is used as a reference frequency,
not being affected by equalization used in

which may be safely used, taking into

preamplifier. When 0 db
(minimum distortion) bias current is
used, response at 15,000 cps is 1.5 db

cal energy over the frequency range;'
any additional treble boost would in-

higher than at 400 cps. In order for frequency response to be perfectly flat at
15,000 cps, it is necessary either to increase the amount of bias current to 1.4
db or reduce the amount of treble pre -

It is interesting to note that the bias
setting for minimum distortion varied

400 cps. Possibly this situation can be
improved by increasing the amount of
treble boost in the record amplifier. On

and 4 respectively show how response at

the record

0.00

operates at 7.5 ips. Curve 5 shows the

emphasis. Since a rise in bias current
would increase distortion, the desirable
step is to lower the treble boost.

Thus it can be seen that at a speed
as high as 15 ips, at least for the machine and tape represented in Fig. 3, one
can set bias for minimum distortion and
yet maintain response out to 15,000 cps.

us therefore assume that Curve 5 is based
on the maximum amount of treble boost

account the typical distribution of musicrease the likelihood of distortion.
Consequently, in order to maintain response out to 15,000 cycles at 7.5 ips, it
is necessary to reduce bias. Curves 3 and

5 intersect at approximately - 3.6 db
bias; at this reduced bias, flat response
out to 15,000 cps can be had. However,
as bias is reduced to - 3.6 db, IM distortion rises from 3.5 to 8.5 per cent for the
signal level represented by Curve 1. On
the other hand, by sacrificing 3 db in
signal-to-noise ratio-that is, reducing

signal level to the proportions represented by Curve 2-IM distortion can be

(It should be noted that a final determination of the amount of treble pre -

kept at only 3 per cent when bias is

emphasis required would depend upon a
frequency -response run. Possibly, if re-

(Continued on page 110)

sponse at 15,000 cps is kept flat, there
would be excessive boost at lower treble
frequencies. Thus in order to achieve the

-3.6 db.
1 See the article by Herman Burstein,
"Tape Recording Equalization," Badio
Television News, February 1956.
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A Time -Delay Commercial
Suppressor
RONALD L. IVES
One method of solving the age-old problem of cutting out the commercials while leaving the musical program untouched. This may be killing the goose that lays the golden eggs, since it is the commercial that makes the music possible, but so long as only a small percentage of the listeners

practice "commercial killing" the broadcasting industry is not likely to fall apart completely.
wagens is very effective, but on forget"good old days" of radio
broadcasting, announcements were

ting to turn the receiver on again, we

"This is WAAM, the I. R. Nelson Co.,
One Bond St., Newark, N. J." Today,
the vox locutor has degenerated into the

An electric discriminator, sometimes
called the VOCK (voice -operated commercial killer), has appeared in several
different forms, and can be so adjusted
that it will distinguish between most
music and most voices. It can be set to
differentiate between Walter Winchell

BACK IN THE

short, simple, and terse, such as

vox loquacitor, and programs of classical

music are too often interrupted to bring

us the rasping tape-recorded voice of
Madame Perra, who this week is plug-

ging Barrelform Girdles. These, we learn

miss the wanted time, weather, and news
announcements.

and Gabriel Heatter, but cannot dis-

while getting up to shut the blasted tinguish between "HMS Pinafore" and
thing off, come in all sizes, from 38 the "Burpy-Cola Song." It also takes
"petite" to 80 "grande dame."

the surprise out of the Surprise Sym-

The problem of passing instrumental
music, while squelching unwanted chin
music and singing commercials is quite
complicated. One device, consisting of a
flashlight and a photoelectric control on
the receiver, is quite effective on TV, but
is not of much use on an ordinary broadcast receiver, as there is no clue to the
end of the announcer's gabfest. Shutting
the receiver off when Abdul the Necromancer starts plugging used Volks-

phony, and develops acute schizophrenia

with piano solos. In addition, it eliminates both the wanted announcements
and the lectures on how to borrow your

way out of debt with the Stoneheart
Finance Company. Additional problems
are introduced by the differences between
languages; a VOCK cannot be made to
work as well for Spanish as for English,
and fails completely for Burmese, Bantu,
and Yucateca.

TIP-'

....."""'""n1
O

i

Fig.

2.

Receiver connections for time delay suppressor.

Some study of the nature of commercials, made with a radio receiver, a stopwatch, and some blood -pressure medicine, shows that the length of the
commercial at most stations is fairly
constant, and seldom exceeds 80 seconds.

Thus, a device which will shut off the
audio output of the receiver for 80 seconds plus a margin of safety, will eliminate the major part of most commercials.

Such a device is easily made from a
self -holding relay, a push button, and a
time -delay unit, necessary power being
supplied by the receiver. The circuit of
such a time -delay commercial suppressor is shown in Fig. 1 and the method of
connecting this device to the receiver is
shown in Fig. 2.
How it Works
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EXTENSION

In operation, when the push button is
closes, shorting the
speaker terminals, and also shorting the
push button through the contacts of the

pressed the relay

relay, which are normally
closed. The heater of the time -delay
relay, being in shunt to the coil type
time -delay

relay, begins to heat. After a finite time
interval (here 90 seconds), the time -

v-0A0-._

delay contacts open, opening the current supply to the relay, which opens

0
3C KT.

and de -energizes the time -delay unit,

removing the short from the speaker.
Fig. 1. Schematic of time -delay commercial suppressor.
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The switch is available for use when the
announcer is extremely longwinded. Any

connection, on the rear, Fig. 5, is an
Amphenol three -terminal mike fitting,
terminal 3 being connected to the shell.
The other end of the connecting cord,
which is a two -wire shielded microphone

cable, terminates in a three -circuit plug
(Switchcraft #267), which engages the

,i1v w,..trlw

receiver jack (Fig. 2). The front jack,
for the extension, is a narrow-gauge
type (Switchcraft JJ-033) to engage a
Fig.

3.

Schematic of extension control.

number of extensions may be used, and
extension lead length may be as much
as 50 feet, if desired. The circuit of the
extension is shown in Fig. 3. Shielded
cable may be necessary from the exten-

sion to the main control box if high
sensitivity a. f. equipment is used in its
vicinity.

The general appearance of the time delay commercial suppressor is shown
at the right side of Fig. 4; the extension,
designed to mount on the wall next to
the telephone is shown at its left. Several

alternate designs are possible, and present no technical problems, there being
no high frequencies or critical adjustments involved in its construction.
In an experimental form assembled
by the author, the housing for the main
suppressor is a 4 x 6 x 2 in. SeeZak expandable chassis, with the corner bosses
replaced by machine screws, as are the
sheet metal screws holding the top and
bottom plates in place. The main cord

like

three -circuit

plug

eft's. Sawa

not interchangeable.
The case for the extension is an alumi-

num box chassis 1%" by 13/4" by 2%"
(IMB-M00). The connecting cord is
run through a grommet on one end, and
the shield is anchored to a soldering lug
held under the switch.
Internal construction of the main control is shown in Fig. 6. The bracket for
mounting the time -delay -unit socket is

v,V41
.4.

.L JVIWWO

ANI11B0

I.

.10

(Switchcraft

PJ-068). The use of unlike connectors
here is intentional, as components are

1 NV

NO!

tiarah041116164101

t

i---Z---1,-- ---

;

made from part of a SeeZak rail; the
pilot light is mounted in a Dialco #705
socket, with the web bent at right angles
and soldered to a threaded spacer. The

bulb passes through a grommet in the
top plate, and a screw through this top
plate holds the socket in place. No
special care, other than good workmanship, is needed in assembly.
Although not electrically necessary, a
bottom plate on the case is most desir-

able to keep grubby fingers out of the
mechanism, and to permit mounting four

rubber feet on the bottom. These prevent skidding and scuffing. The bottom

Fig. 5.

shows

Rear view of suppressor chassis
use of Amphenol plug for connection from amplifier.

screws are 4-40 binding heads, tapped
into the case rails.
In actual use, the radio is left on until

the announcer winds up with "-and
now, friends, we bring you-." Press the
button, and enjoy 90 seconds of blessed
silence. If the announcer talks overtime,

you may catch the final "-Del Rio,
Texas, and don't forget to put the dollar

,

"9'

4.

Faillieb
06.11.0. V

r OM P.411*.0

SuS N,
Fig.

4.

External

appearance of
supcommercial
pressor (right) and
the extension con-

trol unit.

5

Fig.

6.

dir

nterior view of main control

chassis. Amperite time -delay unit is the

tube -like device at lower left.
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in the envelope"; but the intervening
vocabulation,

extolling

the

merits of "real, genuwine, simulated
diamonds," has been harmlessly dissipated as millicalories of heat, instead of
raising your blood pressure by millimeters of mercury.
PARTS LIST

Main Control
1
SeeZak expandable chassis, 4 x 6 x 2,
4

1

with bottom plate
7/4" rubber feet, with mounting screws

Ampbenol 91MC3F female cable

Desired length of 2 -wire shielded mike

con -

cable (limit 50 ft.), Belden 8414

nector

supposed

1
1

1
1

1
1

1
1

Potter & Brumfield MR -11A
DPDT, 6.3 v. a.c. coil.
10 -ohm 1 -watt carbon resistor
Dialco 705 socket

relay,

#44 pilot lamp

Amperite 6C90 time -delay unit

Switeheraft JJ-033 jack, 3-cct.
Toggle switch, SPST
Unimax MXJ-1 push button, SPDT

Main Cord
1 Amphenol 91MC3M cable connector
1

Extension
1

Aluminum box chassis, 1% x 1% x
in.

Switcheraft PJ-068 phone plug
Rubber grommet, to fit mike cable
1 Switcheraft 201 push button, 8P8T,
N. 0.
1
1

Desired length of 2 -wire shielded mike

cable (limit 50 ft.), Belden 8414

Switchcraft 267 phone plug

TAPE DISTORTION
such as 9,000, 10,000, 12,000 cps, and ments. Consequently the determination
so on. Input level should be kept 20 to of maximum recording level anc, optiIt would seem that a reduction of only 30 db below maximum recording level to mum bias current is not a hard and fast
3 db in signal-to-noise ratio is little avoid saturation. Then for each fre- procedure.
enough to exchange for frequency re- quency curve one can evaluate, along the
The writers have heard a number of
sponse good to 15,000 instead of 7,500 lines indicated in Fig. 3, what flat re- professional master tapes, one or two
cps. However, there are two counter sponse out to this frequency signifies in generations removed from the original,
views: (1) Few if any tape recorders terms of increase in distortion and/or which, according to indications of a
have decibels to spare in the matter of reduction in signal-to-noise ratio be- properly calibrated VU meter in playsignal-to-noise ratio: Whereas ratios of cause of departure from 0 db current. back, were recorded at excessively high
70 db, 80 db, and better are commonly Based on these evaluations, the bias cur- levels; the VU pointer frequently kicked
found in preamplifiers and power ampli- rent can be selected which reflects the in- to full scale instead of staying below 0.
fiers, a tape recorder is doing extremely
Yet many of these seemingly over -rewell if it gets up to 55 db. The designer dividual's concept of the optimum com- corded tapes nevertheless sounded clean
of such a tape recorder fights hard for bination of frequency response, dis- to the ear. Although IM distortion was
every last decibel or two in striving for tortion, and signal-to-noise ratio within
present in substantial dea figure of 55 db, and a sacrifice of 3 db the capacities of a particular machine. gree, perhaps it was occurring in such
is consequently not unimportant. (2)
short bursts as not to be disturbing; or
Operating at -3.6 db bias puts the tape
perhaps the nature of the musical selecrecording process into a region where a Conclusions
tion was such as to mask the effects of
slight miscalculation as to input level
It has been pointed out that IM dis- distortion. On the other hand, the writers
produces a large difference in IM dis- tortion can be a serious problem in tape have listened to master tapes seemingly
tortion. On the basis of Fig. 2 (or 3) at recording, especially if one attempts to recorded at conservative levels, yet less
0 db bias a 3 db miscalculation in level cut close to the line in maximizing sig- clean -sounding than desirable. Possibly
increases IM distortion only 1.5 per nal-to-noise ratio; that adjustment of other factors than recording level and
cent, but at -3.6 db bias the same mis- bias current can be quite critical if dis- bias setting intervened between the
calculation raises distortion by 5.5 per tortion is to be kept to a minimum at original source and good reproduction.
cent.
high recording levels; that departures At still other times the writers have
In view of the above two considera- from this critical bias point can ex- listened to recordings velvety smooth extions, a recordist or tape machine de- aggerate the consequences of excessive cept for a relatively high background of
signer equipped with the necessary test recording levels; and that, if the neces- hum, noise, and tape hiss. They would
instruments might decide that at 7.5 ips sary test equipment is available, a defi- gladly have accepted more distortion
he cannot afford, in terms of distortion nite procedure can be followed to de- for less background distraction.
and/or noise, the luxury of response termine first the bias current for miniThe above observations point up the
more or less fiat to 15,000 cps. Instead he mum distortion and secondly the bias fact that top quality tape recording is
may decide on a compromise course, current which at speeds below 15 ips both a technique and a craft. It is adshifting to a bias current intermediate provides the most satisfactory compro- visable to have a technical grasp which
between 0 and -3.6 db. Thus, for ex- mise among the requirements of low dis- enables one to adjust a tape recorder, if
ample, his choice might cost him only a tortion, wide frequency response, and feasible, so as to make the most of its
1 db reduction in signal-to-noise ratio high signal-to-noise ratio.
capabilities with respect to distortion,
and a reduction in fiat response from
A number of judgments are required frequency range, and signal-to-noise
15,000 cps to 10,000 or 12,000 cps. At in determining maximum recording level ratio. At the same time, one must have
the same time he would have better pro- and optimum bias current. How wide the craftsman's touch, which is based on
tection against the consequences of over - need frequency range be in order to give experience, qualitative judgment, andrecording than if he used -3.6 db bias. essentially satisfactory results? How the best instrument of all in audio work
In order to find this optimum bias much IM distortion is tolerable? How -an acute ear.
point, it would be necessary to draw a much for a split second? How much for
number of curves similar to Curve 5 in a few seconds? How much for half an
Figure 3, showing the effect of bias cur- hour?
rent variations on several frequencies
These of course are subjective judg(Continued from page 107)
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Baffles Unbaffled
E.

J. JORDAN

Part 1. The author presents a thorough discussion of the design, construction, and performance of the various methods of mounting loudspeakers, ranging from the flat baffle to the most elaborate enclosures.
and we say that Ra is low. Consequently

the number and nature
of queries that have been received
regarding loudspeaker enclosures, it

JunotNo

FROM

has been realized that a great deal of
confusion

and

misconception

exists.

This is not surprising when one considers the presentation of much of the
information on this subject. We have,
on the one hand, the highly technical
discourses coupled with the advanced
mathematical treatment that is necessary
for the basic understanding of acoustics,

and, on the other, empirical and often
inaccurate information which, being
more readily absorbed by the reader, re-

ceives wide publication and when one
asks "what type of enclosure shall I
use?" one is immediately confronted
with a diversity of answers governed
often by personal prejudice and sales
talk.

Fig. 2. Loudspeaker analogy. 120 = friction
loss in cone; Me = mass of cone; C0
compliance of suspension; Ra = radiation

resistance.

So that we may form a foundation for
future discussion, the following elemen-

tary facts are set out.

the radiated power is low, although at
resonance the velocity and amplitude
of the cone will be very high. (Fig. 4).
It will be seen throughout this paper
that velocity characteristics are indicated by voice -coil impedance curves.
This is for convenience and is justified
if the base of the velocity scale is represented by a line drawn at that impedance
presented by the voice coil if the voice
coil were clamped. This is shown by
the following :Z, = Total impedance of voice

A loudspeaker cone, when reproducing
those frequencies where the wavelength
is large compared to the cone diameter,

coil

Z = Motional impedance
Z, = Clamped impedance of
voice coil (d.c. resistance

behaves approximately as a rigid dia-

at low frequencies)

phragm of area xr* where r is the radius
of the cone base. (Fig.1). This is known

as the piston area of the cone. If the

v = Velocity

Now Z,

v

Z, = Z, - Zo

cone is vibrating in free air each surface

Zt-Z,a v

of the cone will cause alternate com-

An attempt is being made in this pressions and rarefactions in the adpaper to clarify this position. In due jacent air layers which will in turn be
course, all the principal types of en- radiated as sound waves. Where the

At the frequencies we are considering

distances between surfaces is short com-

Then v = 0 if we draw the velocity
base line at 2, =12

closure will be discussed, leading finally
to the description of new developments
REAR

SUSPE NSION

CONE

pared with a wave length, the air compressed on one surface will flow into
the rarefaction occurring simultaneously on the other, and the total radiated sound energy will be negligible. A
loudspeaker cone under these conditions

Zo = d.c. resistance =12
Zr

v

can be regarded from some points of
view as analogous to an electrical cir-

cuit which takes its simplest form as in
Fig. 2.
This is a series resonant circuit where
the current in the circuit is analogous
Fig. 1. Typical loudspeaker cross section. to the cone velocity, and the power deD = speaker diameter; d = piston dia- veloped in Ra is analogous to the radid

meter of cone; ad2/4 = piston area.

ated sound power-and it will be seen
that for a given value of R. this will

reach its maximum at the resonance of
out is to provide a good fundamental M, and C i.e. the bass resonance of the
outline of the principles involved in loudspeaker where the Impedance Z=
1
\
each type of enclosure and to discuss R
simplifies
j (TV M,

Fig.

that have been made. The aim through-

fully their merits and demerits, these

3. Common methods of mounting
loudspeakers in a wall.

The velocity curve

is

therefore an

indication of the radiation from the
cone. It is not necessarily an indication

to Z=Bc+ R, and the current rises to of the total radiation from the comimpedance curves, and to include the a high value limited only by these re- bined cabinet and loudspeaker system,
necessary formula and guidance for sistances. Below this frequency the re- but is nevertheless very useful in dethe home constructor to enable him to action of C,. rises rapidly and the cur- termining the action of an enclosure
determine readily which type of en- rent through Ra falls correspondingly. and in this respect is more useful than
being demonstrated, where possible, by

closure is most suited to his particular
requirements, and to design and build
such an enclosure.

If the loudspeaker is unbaffled it takes
very little energy just to push air from

the front to the back and vice versa,

pressure response curve, since these

vary greatly with microphone position.

It

is

for these reasons that velocity
111

curves have been used throughout.

We have seen that to secure good
radiation at the low frequencies, the
radiation from the rear of the cone
must be prevented from cancelling that
from the front, and we shall discuss the
various means of doing this.
The Flat Baffle

This is the simplest method of loudspeaker mounting. Ideally the dimensions of the baffle should be infinite, but

a very close approximation to this is
achieved by mounting the loudspeaker in

a wall, e.g. the partition wall between
two rooms. This method is used quite
frequently and the following points

should be borne in mind: (1) It is
rather important to mount the loud-

seen later. The height of the speaker
above the floor is largely a matter of
personal taste with regard to the high frequency

distribution;

e.g.

if

the

speaker is placed near the floor there
may be excessive absorption of the
high frequencies due to furniture, carpets, and so on, although the low frequencies will have the advantage of,
effectively,

a corner position.

It

mounting.

is

usually preferred to have the speaker
at ear level when one is seated in the
normal position. Often it is better to
sit slightly off axis, especially when

listening to orchestral music, since the
inevitable beaming of the high frequencies, however slight, cause one to

be unduly aware of the point source

will be set up causing a series of peaks

and troughs in the loudspeaker frequency response. The preferred shape
of a small baffle is an irregular one,
e.g. a

square with the loudspeaker
mounted off -center, in which case the

minimum

dimensions should

be

de-

termined as for the circular baffle where

r = the distance from the centre of the

speaker on a sub -baffle as shown at (A)

speaker to the nearest edge. More usual,
however, is the rectangular or square
baffle, and the minimum dimensions here
are given by

in Fig. 3. The sub -baffle should be of
substantial wood or chipboard 3/4 to 1
in. thick. With the loudspeaker mounted

as in (B) or (C) it will be seen that

565

an air column is set up in front of the
cone, the length of which is equal to
the thickness of the wall. This air column will have a natural resonant frequency. If for example the wall is 21/2

where 1= the length of the smallest side

in. thick then this frequency will be approximately 968.4 cps. As a general rule

If, for example, we have a loudspeaker with a bass resonance at 60

X.

1= -2 or

ft.

of the rectangle or the side of the
square.

the thickness of the baffle should not
exceed one -tenth of the diameter of

cps and we require to mount the speaker
on a square baffle, the optimum length

(2) The position on the wall also

565
of the side is given by 1.or 9.42

the opening, unless it is bevelled.

calls for some consideration. It is pref-

erable to mount the speaker near a
corner since this increases the air loading on the cone and improves the bass

radiation. The reason for this will be

5. Cross section of closed box.

made of wood this should be of thick-

It will be appreciated that much of
the foregoing will apply to all forms

baffle hole diameter.

Small Flat Baffles

Often wall mounting is not possible
and relatively small rigid baffles are

I

used. In general, the back-to-front
cancellation occurring with an un-

then the minimum radius r required to
maintain the radiation down to a given

to about half the crossover frequencies.

VA

r = 27s or r=

311 ft.

Where X = wavelength at frequency f.

There is no point in making f lower
than the bass resonance of the loudspeaker since, as we have seen, below
this frequency the radiation falls rapidly
100

FREOJENCY IN CYCLES PER SECOND

Fig.

impedance of loudspeaker in free air (dotted curve) and
4. Voice -coil

mounted in wall

12

(solid

curve'.

The analogous electrical circuit for a
loudspeaker mounted on an infinite or
finite baffle of optimum size is similar
to that shown for a loudspeaker in free
air (Fig. 2) except that the baffle produces a large increase in R, and a small
increase in L. We should therefore expect to find a corresponding decrease in
the cone velocity and the resonant frequency. This is shown in Fig. 4.
It is sometimes not realized that small
loudspeakers acting

frequency f is given by :-

10

ness not less than one tenth of the

baffled speaker occurs also with a small
baffle except at a lower frequency.
Considering firstly a circular baffle

with the speaker mounted centrally,

I

60

ft. Such baffles must be rigid and if

which may spoil the realism of the

reproduction.

of speaker mounting.

1

Fig. 6. Analogy of the closed box

due to the

increase in the stiffness

reactance (Fig. 2). The use of a circular baffle, however, is not recommended

since the path length from front to
back of the loudspeaker is the same
in all directions and standing waves

as treble units

should be mounted on a baffle large
enough to ensure full radiation down
This is necessary since the crossover

does not occur sharply, but there
some over -lap.

is

If, for example, the crossover is at
a 1,000 cps, then the baffle size for the
treble unit should be 565 x 2 x 12 - 13.6
/000
in. square. If the baffle is rectangular,
this should be its smaller dimension.
Considering again the low frequencies

from the point of view of the commercial set manufacturer,

the optimum

baffle size is very often far too large
even when frequencies as high as 100

cps are the lower limit and a flat baffle
of any size or shape has little aesthetic

than the height of the speaker above

65

vantage of providing full radiation
down to the cone resonance of the loudspeaker without the introduction of

70

65

other resonances above this frequency,

The Closed Box

78

72

70

68

so

78
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116

77

65
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The O of dm reionance become too ow to meotere beyond here

7. Typical resonant frequencies of
various sizes of loudspeakers in closed
boxes with volumes from
to 5 cu. ft.
Fig.

1

so the baffle takes the form of
an open backed cabinet.
appeal,

and is therefore suitable for high -quality
reproduction.
Small Flat Baffles are suitable for use

with high -quality loudspeakers only if
the dimensions are large enough to fully
justify the speaker. The term "small" is

used in the relative sense, and it will
be found most speakers would require
a baffle that was very large in order to
provide good radiation down to their
resonant frequency of the cone.
Open Backed Cabinets are usually
very convenient, but have very little to

The limiting frequency in this case recommend them from the acoustic point
may be calculated using the formula for of view. The inherent resonances make
circular baffles where r is the distance them unsuitable for use with high -qualfrom the center of the loudspeaker cone, ity speaker systems.
to the nearest point on the rear boundary of the enclosure; the sides and top
forming part of the baffle.

The Corner Position

A cabinet of this nature, however, has
an air column resonance, the frequency
of which approximates to
where 1= depth of

erable to mount the loudspeaker near

f1-

6780
I + .85R cps

R=

We have said earlier that it was prefa corner of the room. This is universally

true for

MATERIAL

DENSITY
grin/co. c.a.

Brick

2.6
1.8

Dry Sand
Chipboard

1.5
0.81

Oak

0.72
0.67
0.67
0.45

Concrete

termined largely by its frequency of
resonance which, in turn, is governed by
the mass of the cone and the stiffness of

the suspension (M, and CO. We now
see that the enclosed volume of air adds

a further stiffness which is shown as
an additional series capacitance Cb in

Plywood

Mahogany
Pine

resonant frequency.
Since the value of Cb varies with the

volume of the box, the larger the box,
the more extended will be the bass response for a given value of cone resonance. Alternatively, for a given bass
extension, the lower the cone resonance,

etc. where f=nf

to the insufficient baffle area.
To achieve this, the bass resonance of
the loudspeaker must be carefully
chosen. It is usually undesirable to

have this higher than the frequency
given by the above expression. Maximum

bass accentuation will be had when the
resonance frequency of the cone is equal
to f,. If, however, this is excessively
boomy, a speaker having a lower cone

Fig. 8.

Densities of materials used

in

construction of speaker enclosures.

mounting, since at low frequencies the

bass radiation will be increased in a
manner readily appreciated if we consider firstly a small source of sound in
an open space.
The radiation from this source will
be of equal intensity at a given distance
in all directions, i.e. spherical. If now

a large flat wall is placed near the
sound source then the total radiation
will be concentrated into a hemisphere
and its intensity will then be doubled.

used.

Similarly if a second wall is placed

cabinet contains the auxiliary radio ap-

near the sound source at right angles to
the first the total radiation will be concentrated into one quarter of a sphere,
then its intensity is four times greater.

should be

This will also have the advantage of
extending the bass range. Where the.

paratus the formula given for f, will
not be accurate, but may still be used
as a guide. If the cabinet is very small
extension

loudspeaker cabinets,
etc.) f, may be of the order of 400 to
500

ness force to any movement of the cone
from its position of rest.
We have seen in Fig. 2 that the bass
characteristics of a loudspeaker are de-

the analogous circuit (Fig. 6). The

pensates for the fall in true bass due

(e.g.

air will attempt to return to its normal
state, and in so doing will apply a stiff-

effect of this, of course, is to raise the

n being any whole number. These resonances give rise to the unnatural booming quality that is characteristic of
many commercial receivers. Often this
introduces an artificial bass which com-

resonant frequency

close the rear of diaphragm completely,
thus achieving what is effectively an
infinite baffle (Fig. 5). The enclosed
volume of air, however, may be regarded as an elastic cushion which, when
the loudspeaker cone is displaced inwards, is under compression, and when
the cone is displaced outwards, is in
rarefaction. In either case the enclosed

A

open back
when all dimensions are expressed in
inches. The above expression will be
discussed more fully in a section devoted to tuned pipes.
In addition to f, there will be a
number of harmonically related resof8,

One method of preventing back to
front cancellation is, of course, to en-

cabinet

A= area of

nances f f,,

all methods of loudspeaker

the floor.

cps. In this case, it has been found

that the most pleasant results are to
be had by the use of a speaker with a

cone resonance between 70 and 90 cps.
The True Infinite Baffle has the ad-

the smaller will be the box required.
It is difficult to give a formula showing this last relationship since it is not
sufficient to know only the cone resonance, but the corresponding values to

M, and Co must also be known, and
usually they are not. However, the table
of Fig. 7 is offered as a guide.
When constructing enclosures of this
and other types which will be described
subsequently, two important points must
be borne in mind :-

(1) At frequencies whose wavelength
is comparable to the internal dimensions
of the enclosure, reflections between inside faces will occur which will be additive at some frequencies and cancelling

at others, thus causing irregularities in
the response. It is therefore necessary

Again a third wall at right angles to

the other two will increase the intensity
eight times.
A loudspeaker standing in the corner

of the room may at medium low frequencies be regarded as similar to the
second case, and approaching the third

case as the frequency falls to a point
where the wavelength is much greater

Fig.

9. Diagram of a Helmholtz Reso°tor.

1

13

to reduce these standing waves, as they
are called, to a minimum. This may be
done by lining the enclosures heavily
with some soft absorbing material, such
as felt or cotton wool. There seems to

of the parallel tuned circuit becomes
high and I is reduced. We will call this

exist in some minds the fallacy that
this treatment of the enclosure decreases

the top response. This is probably due
to the standing waves which occur in
an unlined enclosure imparting a hard
apparent brilliance to the reproduction,
and lining the enclosure removes the
coloration. It must be remembered that
the

high -frequency

radiation

Fig.

10. Analogy of the vented

box.

comes

mainly from the front of the cone and
this is not affected in any way by the
enclosure which should always be lined.
(2) The material (usually wood) of

which the cabinet is made, possessing
both weight and stiffness will therefore
resonate at one or more frequencies,

determined by the dimensions of the
resonator and the resonant frequency
fo is given by

C \Fr

f°=
where A = the cross section area of

the duct in sq. ft.
l'= the length of duct plus

and in so doing will (a) behave as a
diaphragm, and become quite an efficient

correction in ft.

radiator at that frequency; (b) modify
the air loading on the cone at that fre-

v = the volume

of the air

cavity in cu. ft.

quency, both of which provide unwanted
coloration in the reproduction. Partially
or completely enclosed cabinets are

c=1130
In practice the duct may be sometimes
omitted; 1' then becomes equal to the
thickness of the resonator wall.

pressures often built up in the former.

Some of the air adjacent to the ends
of the duct moves with the mass of the
air in the duct, and the effective length

more prone to this defect than open
hacked cabinets because of the high
The difficulty is overcome to a great

extent by constructing the enclosure of
as rigid and dense a material as possible. Concrete is excellent for this
purpose, and is sometimes used. A little
more practicable is the use of sand
filling, where sand is sandwiched between

two thin wooden laminations the thick-

ness of the sand being of the order of

1 to 2 in. If solid wooden walls are
used, these should be at least 7/8 -in. ply-

Fig. 11. Impedance curve for the vented
box or bass -reflex enclosure.

frequency f,,. Since the cone velocity
falls at 10, it is an antiresonance.
Below the resonance of the enclosure
the vent air mass moves in anti -phase to
the cone, i.e. as the cone moves inwards

the air compression forces the air in
the vent outwards, and vice versa. Under

of the duct is greater than the actual

this condition the volume of air in the
enclosure is mainly employed transferring the motion of the cone to the
vent air mass; consequently this mass
can be considered for most purposes as
being added directly to the mass of the
cone. The latter thereby exhibits a resonance at a frequency lower than its un-

length. This calls for a correction factor.

baffled value.

This condition is represented in the
It has been shown by Rayleigh that
the effective increase in length at each circuit shown in Fig. 10 where below

end tli37t8- R where 1 and R are of

the resonance the dominating reactance

the same denomination, and R is the
radius of the duct.

resulting series circuit consisting of

1

R

of the parallel circuit is M, and the

Me, Co, R, M,. and RI has a resonant frequency we shall call f where

-3a = the cone velocity rises.

wood or material of equivalent density.
A table of comparative stiffnesses and

Therefore effective length 1' = I +

densities is given (Fig. 8).

If the section of the duct is not circu- enclosure the vent air mass becomes too
lar, the above is still true if R= V A/A inert to move readily at these higher

The Vented Box

So that the enclosure does not raise

the resonant frequency of the loud-

speaker cone an opening or vent may
be included and to understand the effect of this we must first consider the
Helmholtz Resonator. This resonator,
named after a German physicist, consists of a cavity having a communicating

duct to free air as shown in Fig. 9.
This arrangement will have a resonant
frequency, and it functions as follows:
As we have seen, an enclosed volume
of air will behave as an elastic cushion.
We now consider the air in the duct as
a piston having mass and being capable
of moving backward and forward.

14- 1.7R.

where A = the cross sectional area of frequencies and the vent will behave
as though it were blocked. The vented
the duct.
Returning now to loudspeaker en- box thus becomes effectively a closed
closures, a vented box containing a loud- box and, due to the stiffness of the enspeaker will behave as a Helmholtz closed air the loudspeaker cone exhibits
at a higher frequency than
resonator and when tne loudspeaker aitsresonance
unbaffied value.
strikes the resonant frequency of the
This may be represented again in Fig.
box the motion of the air in the vent
will be at a maximum and in phase with

that of the cone, in which case, since
he air in the enclosure is being brought
ubder compression or tension by both
the loudspeaker cone and the air piston
in the vent simultaneously, its effective
stiffness risen and the cone velocity is
reduced at this frt quency.
Another way of looking at this is to
consider the electrical analogy where
the vented box is represented by a
parallel tuned circuit in series with the
loudspeaker series circuit we have seen
previously. This is shown in Fig. 10.

If this air block is displaced or excited, it will oscillate on the elasticity
of the air in the cavity. The frequency
of this oscillation depends upon this
elasticity or stiffness and the mass of
Again the cone velocity is represented
the air in the duct. These values are by I and at resonance the impedance
114

Again, above the resonance of the

10 where, above its resonance the dominating component of the parallel section

is C. and the resulting series circuit
R0, M CO, Ra, and C. has a resonant
frequency we shall call f,. A typical

impedance curve showing this is shown
in Fig. 11.
It will be realized from the foregoing
that at resonance fo the radiation from

the port is in phase with that from the
front of the cone, and at frequencies
below this the phase of the port radiation changes and is 180 deg. out of place

at 1, and the lower frequencies. This
has little effect when the area of the
port is small compared to the cone pis-

ton area. If, however, the port area is
comparable to the piston area then the
radiation from the port, at frequencies
around the cabinet resonance 10, will
add to the radiation from the cone and
substantially compensate for the fall in
output from the cone due to the reduced
velocity at this frequency. At frequencies approaching f, and below, the port
radiation, under these conditions, will

tend to cancel the radiation from the

Evaluating constants and expressing and amplitude, whereas the upper reso-

dimensions in inches we have:fo= 3,824

NI

from which v-

R'

nant frequency will increase in amplitude. Fig. 12 shows this effect.
Obviously, it is very much a matter of

v(1+ 1.7R) cps
1.463 x 10 le
.1'2(1+
1.7R)
0

in ins.

The vented box then has two advantages over the previous systems.

(1) The stiffness of the enclosed air is
relieved by venting, thus the amplitude
of the resonance f, due to this stiffness
velocity curves are not an indication of acting on the cone is reduced.
the over-all radiation efficiency but. they
are used to indicate the nature of the air (2) Since f, is below the normal cone
resonance, the bass response from the
loading applied to the cone.
cone and consequently below
the output falls rapidly. In these circumstances,

2

3

\

speaker is extended down to this fre-

Thus we have seen that a loudspeaker quency if the port area is small.
mounted in vented box will show two In practice, the design of a vented box

I, 2, 1 - Progressive deveose in port woo

resonant frequencies f, and f,, in be- is a process of trial and error. It is not
tween which is an anti -resonance fo. The usual for such an enclosure to have a Fig. 12. Varying port area affects the
for bass -reflex enexpression for the resonant frequency duct extending from the vent so the impedance curves
closures.
fi, of a vented box is the mine as that effective duct length equals the thickness
for a Helmholtz resonator, which, in- of the cabinet material plus end correccluding corrections, becomes:

tion. The "tuning" of these enclosures is
accomplished by varying the area of the

n its

C

vent and in many cases facilities for opinion which of these

is

to be pre-

ferred. the curve showing the most

doing this are given to the user. Needless to say, there is no attempt to tune extended bass also has the most promithese enclosures to a predetermined nent resonance at f.. It is interesting to
where v is the volume of the box
frequency, but rather to tune them until note that if the vent were closed up
A = the area of the vent
they sound right which is after all a completely f, would disappear and we
R 11
very commendable ambition. As a guide, should be left with a very prominent
rc
f, which is of course the characteristic
1= length of tunnel or thickness of however, as the vent area is decreased we have shown for the closed box.
the
lower
resonant
frequency
of
the
wood and all dimensions are of
"= 27c

1V(1+3n R)

the same denomination.
Part 2. Concluding the presentation of a thorough treatise on the performance of
loudspeakers in different types of mountings, from the flat baffle to the most elaborate enclosures. This installment commences with a discussion of the reflex cabinet.

is a special case
of the vented box where the area of
the vent is fixed and normally equals
the piston area of the cone, and the resTHE REFLEX CABINET

onant frequency of the enclosure

is

made to coincide with that of the cone.
The term "reflex" is based on the fact
that at its resonant frequency the radiation from the back of the cone appears
at the vent inverted due to the resonator action described previously. The design of the reflex cabinet is greatly sim-

equalled or even exceeded by the increase in the volume of the duct. The
optimum duct length for a minimum
volume occurs when the length of the

(2) It is necessary for the duct to be

duct1=,-1.7R where both dimen-

I
The total volume with the duct is given
The
by:
[ 4.66 x 106
v =xi?' r (1+ 1.7R)+ 1

2160

sions are in inches.

economic as possible a duct is often employed so that a smaller cabinet can be

loudspeaker

a point will be reached when the decrease

in the required cavity volume is being

cone

receives

maximum

damping at its resonance which results

N

in

N
N

(1) Reduction of cone velocity at

TUNNEL OR DUCT

resonance but an increased radiation efficiency around the frequency due to vent radiation.
(2) Increased power handling capac(A)

(B)

so the volume of the duct must be added

to the volume of the enclosure; consequently if the duct length is increased

dimensions are expressed in

nances in a reflex cabinet is that the
SPEAKER

used for a given resonant frequency.
The duct length is limited by two factors:
(1) It is convenient to have the duct extending into the enclosure (Fig. 13),

and

The advantage of the coincident reso-

to which we are going to tune the enclosure and we can use previous for-

In order to keep the dimensions as

frequencies around resonance,
1130
inches.
not exceed

where all
inches.

plified since now we know the frequency

mulas for its dimensions.

short compared with a wavelength at

Fig. 13. Cross section of reflex cabinets.
(B) shows how the tunnel may be folded.

ity.
(3) Improved transient response due
to increased damping at resonance.
(4) Reduced distortion due 'to re-

duced cone amplitude.

1
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The resonances f, and f, are spaced

r iiiiiiiiiiiiiiiiiiviiii

either side of the cone resonance and
are equal

in

amplitude.

Impedance

curves comparing similar speakers (A)
on an infinite baffle and (B) in a reflex
cabinet are shown in Fig. 14.

c,

Roy

Further Types of Vented Enclosures
C2

The Acoustical Corner Ribbon Enclosure. This is

an enclosure of the

double reflex type as shown in Fig. 15.
The analogous circuit is also shown. A
system of this nature will exhibit three
impedance resonances alternating with
two anti -resonances. A sketch showing
comparison as stated is shown in Fig.
16. The progressive increase towards

m2

SECTION

ANALOGY

Fig. 15. Cross section and analogy of Acoustical Manufacturing Co's. corner ribbon
enclosure.

a flatter and more extended bass is

noticed.

The BBC Enclosure. An enclosure
based on a similar principle was introduced by the BBC in 1935 except that
the mass M, was formed by a blanket
of felt as shown in Fig. 17.
The RJ Enclosure. Recently introduced in the U.S.A. was an enclosure

more closely.

Slot Diffusion. This involves mount- gated cardboard drum (Fig. 19) where
the "tubes" formed by the corrugations
provided the required loading. The disadvantage of this arrangement was that
the drum tended to exhibit resonances
proved treble distribution. A second ad- normally encountered in a tube whose
known as the RJ. This was another vantage of using a slot is that the re- dimensions equalled those of the drum.
Mass Resistive Enclosure. This enduced area in which the cone is radiating increases the mass and friction load- closure, developed more recently by
ing on the cone and thereby lowers the Goodmans Industries Ltd., whilst fol1111
I
I
WALL MOUNTING
resonance both in frequency and ampli- lowing in the broad principle the above
---- REFLEX ENCLOSURE
tude. The analogous circuit of the RJ systems, had, however, several refineenclosure circuit is shown in Fig. 18 ments. Consisting basically of an enwhere R, and M, are the slot compo- closure with a small vent, the dimensions
were so chosen in connents.
Arguing as before, the lower resonant junction with the constants of the cone
frequency f, will be substantially that to be used therein that the lower resoof R M Cc, Re, R., M Me, R., in nance f, was made to occur at 20 cps,
series. The upper resonant frequency this being considered the lowest fref, will be R M C R., R M,, C, in quency that would be required. This
/...\
meant that the resonance of the enclo-

ing the loudspeaker not facing into a
circular hole as is normally done, but
into a narrow vertical slot. The initial
advantage claimed for this was an im-

-

series.

/

Since the combined impedance of Me

-11,1

%

....0

\

and R., is much higher than that of
M8 and R the latter will have a greater

effect on f, than f,. Thus the use of

Ni.

slot loading tends to overcome the ex-

cessive prominence of f, when f,

100

10

FREQUENCY

Fig.

14. Impedance curves of reflex enclosure vs. infinite baffle.

form of vented enclosure of very small
dimensions in which a low resonant
frequency was achieved by using a long
duct of very small cross-section. Due to
the very resistive nature of such a duct,
the lower -frequency resonance normal
with this type of enclosure had a greatly

reduced amplitude. Normally, as we
have seen, this would result in the
resonance
having
higher -frequency
prominence approaching closed box

conditions. This, however, was overcome
by reducing the loudspeaker aperture

take the form of a narrow slot. A number of designers have used a slot in this

manner so we will consider it a little
116

is

heavily damped by using small resistive
ducts.

The great disadvantage of slot loading is in the fact that the cavity formed
between the cone and the faces of the
slot together with the slot itself, form Fig. 16. Response curve (solid line) of
a Helmholtz resonator which, depend- enclosure of Fig. 15 compared with reing upon dimensions, will be highly acflex cabinet.
tive in the middle registers. In addition,
serious irregularities in this range will
occur due to standing waves existing sure occurred at some higher frequency,
between the surface of the cone and the the value of which was of no conseinside surface of the slot face. Conse- quence, and so for the upper resonance
quently the use of a slot at frequencies f, where the only concern was its amabove 200 to 300 cps is rather unsatis- plitude.
The dynamic impedance of the enfactory.
Various alternative methods of ap- closure was also considered with its replying the series mass and friction com- lationship to that of the loudspeaker.
ponents have been used in this country. This is necessary since if this impeA simple yet very effective system pat- dance is too high attenuation will occur
ented by Murphy Radio Ltd. was to at some bass frequencies, and if too low
apply the loading to the rear of the the cone velocity may become excessive
loudspeaker, in the form of a corru- and introduce distortion.
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Fig.

Fig.

18. Cross section and analogy of RJ enclosure.

17. Cross section of British Broadcasting

Corporation enclosure.

A rigid cowl of certain dimensions
was introduced to the rear of the loudspeaker as shown in Fig. 20. Since the
sides of the cowl were not parallel with

the sides of the cone standing waves
were avoided, and by making the area
of the outlet (formed by the annulus
between the maenet and the cowl) large
compared to the volume existing be-

tween the cowl and the cone, its efficiency as a Helmholtz resonator was
low. Also since almost the entire length
of the cowl was filled by the cone and
chassis assembly there was insufficient

uninterrupted length to maintain pronounced tube resonance. The additional
cone loading was determined by the area
of the annulus.
The principal advantage of these
types of enclosure over the reflex cabi-

net are
1. Great reduction in size
2. Better loading down to lower
frequencies, although this type

Fig.

Arrangement of corrugated
drum
surrounding
loudspeaker to increase resistive loading.

Fig. 20. Another loading device involves

of a loudspeaker mounted in a wall is
capable of providing excellent reproduction down to the bass resonant frequency of the cone. There are no additional resonances or coloration above
this frequency; there is no appreciable
radiation below this frequency due to
the mechanical reactance of the cone
changing from mass to stiffness. There
is no additional air loading at the cone
resonance, and excessive cone velocity
at this frequency may cause distortion.

4. The Enclosed Box is very good
provided the loudspeaker cone has a

19.

cardboard

2. The Finite Flat Baffle possesses the

the

of a cowl around the

use

loud-

speaker mechanism.

sufficiently

low

resonance; otherwise,

added stiffness due to the enclosed air
causes excessive rise in this resonance.
5. The Vented Box overcomes the in-

herent disadvantage of the closed box
and will extend the bass response of 1 most any loudspeaker quite appreciably.
In the case of loudspeakers having very
low cone resonances, i.e. between 20-25

cps, this extension is rather pointless.
The upper resonance f, is present in

of enclosure is not tuned to the
cone

resonance

of

the

loud-

speaker, better damping is obtained by the highly frictional
nature of the small vents used.
3. Upper resonance f, is not so

Rc

Mc

Cc

M,

R.
I

I

RI
I

M1

,II

R1

I

I I

r

prominent.

Cp

R2

The disadvantage was that although

middle- and upper -frequency coloration
could be greatly reduced, it could not
be entirely removed, and when such an

enclosure was used with a really high -

quality

loudspeaker having a very
smooth frequency characteristic, the

Fig. 21. Analogy of infinite pipe loading on loudspeaker. R., M., C., and R. are loudspeaker components; M, is distributed mass, C, is distributed compliance, R. is friction at walls of pipe, and R, is absorption at walls of pipe.

coloration due to the cowling could be

detected. In addition to this, at fre-

quencies immediately above the lower
resonance f, the output falls due to the
restraint imposed on the cone by the
cowling.

We have now discussed a few of the
types of enclosure used for mounting
loudspeakers, and at this stage a brief
summary of our findings so far might
be considered.
1. The True Infinite Baffle consisting

same characteristics as the wall mounting when the dimensions are sufficiently
large. Otherwise a loss in bass radiation
occurs below a frequency determined
by the dimensions.

this type of enclosure and is usually
pronounced when using normal loudspeakers.

6. The Reflex Enclosure has the very
great advantage over all previous types
3. The Open -Backed Cabinet, although by providing the loudspeaker cone with
the most convenient form of enclosure, maximum air damping at resonance.
is acoustically unsound due to inherent The concomitant advantages are outresonances, although these may be used lined in the description. It loses some
to augment a falling bass character- of this advantage when compared with
istic due to insufficient baffle area.
wall mounting at frequencies above the

1
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cone resonance due to the upper resonance f although this may not be sufficiently serious to turn the scale. The
reflex enclosure is usually more practical to construct.
7. The systems involving additional
mass loading on the cone, when carefully designed, hold all the advantages

present as much friction to the air movement as possible.
Again considering the analogous cir-

cuit, at frequencies where the pipe is
short compared to a wave length, Cs,
vanishes and the circuit may be redrawn

as at (A) in Fig. 22. The total impedance, Z,, of the pipe components is

over the previous systems, but fall down almost entirely resistive. This is demon-

by having irregular middle and upper
frequency characteristics, and it is very
doubtful whether it is better to have
very smooth bass response if reproduc-

strated by the impedance curves where
the loading due to the pipe has reduced

tion above 200 cps is colored.

shown at (B) of Fig. 22. Once again

PIPES-FOLDED AND TAPERED;
LABYRINTHS AND HORNS

the amplitude of the cone resonance,
but its frequency is unchanged, as

there is little to be gained from evalua-

tion of component values since there
are too many factors normally unknown

responsible for the principal disadvantage of the labyrinth, i.e. its low efficiency. From the analogy it will be seen
that the cone velocity (I) is limited to
a large extent by the friction component (R,). The absorption factor is too
low (R, is too high) to have very much
effect at very low frequencies. However, the excellent air loading at very
low frequencies makes possible the use
of sufficient bass boost in the amplifier
to compensate for the fall in efficiency
without the danger of undue distortion.
As was indicated previously, this is
only true if the length of the labyrinth
is not less than one -quarter wave length
of the lowest frequency that will be fed

As before, we are concerned with to the constructor. We will say, how- into the speaker. The cone resonant
what happens to the back radiation of ever, that a folded labyrinth will be frequency should not be considered as
a cone. So far we have pushed it into effective down to that frequency where the limiting frequency, since by use of
the next room, shut it up in boxes and
the above methods and with suitable
squeezed it out through vents. We shall

bass lift good reproduction may be had

now consider a few further modes of

from the speaker at frequencies well

attack.

below its resonance.

The Infinite Pipit

The Tuned Pipe

If the rear of a loudspeaker were

We have mentioned on several occasions that a pipe will exhibit resonances

connected to an infinitely long pipe all
the back radiation would disappear to
infinity or be absorbed on the way, as

when its length approaches a quarter
wave length. We will now examine this
more closely. Consider Fig. 23.
Assume that one end of each pipe is

was the case for the true infinite flat
baffle. The pipe, however, would provide

a much greater air loading on the loudspeaker cone. The infinite baffle could

very approximately be replaced by a
pipe whose length was very much
greater than a wavelength of the fre-

I

WALL MOUNTING

---- HORN

LABYRINTH

quency being considered.
An example of such a pipe has been
met where the loudspeaker was mounted
on a baffle fitting flush with the fire

grate, so that the back radiation went
up the chimney. (The extension of this
story which says that a bird's nest in
the chimney provided the correct resistance termination is discounted.) Pipes
of this nature may be regarded as alternate air masses and air compliances and
if the pipe were of constant cross section, these would be distributed evenly
along its length. The analogous circuit
for this is given in Fig. 21.
The Absorbing Pipe or Labyrinth

connected to a piston vibrating at frequency f. Assume further that the piston has just moved forward to produce
a pressure corresponding to point A on
the curve. The distribution of pressure
in pipes of various lengths is indicated
by the curve.
Pipe P, is short compared to the
wave length at frequency f and therefore the pressure difference along its
length is small. If the far end of P, is
open, the contained air will behave as
a mass at this frequency, and if P, is
closed at the far end the enclosed air
will behave as a stiffness, either case
providing an impedance to the motion
of the piston.
Pipe P2 is a quarter wave length of
the frequency f, and at the instant
shown the pressure varies from maximum to zero along its length; a quarter

of a cycle later than this instant the

point of maximum pressure would have
Usually it is impracticable to make
and response curve for
the pipe long compared to the wave- Fig. 22. Analogy
absorbing pipe.
lengths of the lowest frequencies involved, and problems of pipe resonance
are encountered. As will be seen later, the length of the pipe is one quarter of
an open pipe will exhibit resonances, the wavelength. The cross-sectional area
due to reflections from the open end, of the pipe should be equal to the piston
at all frequencies where the length of area of the cone.
the pipe approximates to any whole The advantage of the labyrinth, over
number of half wavelengths, i.e., if the the infinite baffle, provided it is suffi-

length of the pipe is equal to half the ciently long, is that it provides an inwavelength of frequency fo then the creased air load on the cone. In addipipe will resonate at fo,

Alk

1

I

:.'

2fo, 3fo- tion, it provides complete absorption of

nfo where n is any whole number. In
order to reduce these resonances, the
walla of the pipe are arranged to have
a high coefficient of absorption and to
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the back radiation without the introduction of any resonances of its own

and without modification of the speaker Fig. 23. Distribution of pressure in pipes
of various lengths.
resonance. This resistive loading is also

reached the far end of the pipe. If this
end were open the pressure would be
expelled and a rarefaction would be reflected back to arrive at the piston just
as this had moved outwards, thus add-

Many attempts have been made to
prevent the troublesome reflection oc-

ing to the partial vacuum against which

This principle is used by the Decca Record Company in their corner enclosure

the piston was already working. Thus
at this frequency the load on the piston
would be increased, in other words an

and gives excellent results. A further
feature of this enclosure is that the
pipe is tapered. This serves to lower

anti -resonance occurs.

If, however, the far end of the pipe
were closed, the pressure wave arriving
there could not be expelled and, therefore, would be reflected back to arrive

at the piston as the latter moved outwards. This would tend to cancel the
partial vacuum against which the piston was working, and the load on the
piston would be decreased, i.e. a reso-

the efficiency of the resonance and exFig. 24. Equivalent circuit for horn load-

ing on a loudspeaker. Z is the impedance of the enclosure.

nances will occur at all odd numbers
of quarter wave lengths. For the closed

is f, then the length of the pipe is :
1130

1- 4f - 1.7 B ft.
With 1 expressed in inches,
3390
1=-f
- 1.7 R

Where R = the radius of the pipe or
VApc when A is the cross sectional
area.

This enclosure then exhibits a very simi-

lar impedance characteristic to the reflex cabinet described earlier. It has the
advantage of being rather more simple
to construct. The disadvantage of turd
open enclosures is that, as we have seen,

they exhibit resonances at all the harmonic frequencies. These may be reduced by the use of an absorbent lining
as we have described previously.

An alternative to this is to use a

closed pipe tuned to a frequency a little
lower than the cone resonance and thus
use the resonance of the pipe to overcome the stiffness reactance of the cone
at this frequency, thereby extending
the bass response. The formula is that
given previously. A satisfactory value
for f in this case would be about 20 per
cent lower than the cone resonant fre-

Incidentally, it is interesting to note
that since the speaker is nearer the closed

case since the speaker opening in this
position will modify the characteristics
of the tube.

of quarter wave lengths, and anti -reso-

the cone resonance. If this frequency

the Voigt corner horn.

formula given will not apply in this

In the case of the open pipe, resonances will occur at all even numbers

One system is to use an open pipe whose
anti -resonance is made to coincide with

tend it over a wider band of frequencies and is a principle incorporated in

end of this enclosure the motion of the
air in the pipe will, at resonance, be in
anti -phase with that of the cone. The

nance occurs.

pipe the reverse is true.
We shall now see how these actions
are applied to loudspeaker enclosures.

tube may be removed by positioning
the speaker one-third of the length
from the closed end. The speaker is
then at a node of the third harmonic
resonance and this is then not excited.

Horn Loading

At frequencies where the dimensions
of the loudspeaker cone become very
small compared with a wave length, the
radiation resistance falls. Above the
Fig. 25. Analogy of horn loading to cone resonance, however, the laws govshow matching of generator to load by erning the velocity of the cone are such
means of a transformer.
as to compensate for this to some extent,
but nevertheless the efficiency of
curring in a short open pipe by the ad- the speaker
is considerably reduced at
dition of some friction materials to the these frequencies. All this may be seen
open end. It is well known in electrical
considering the equivalent circuit
terminology that a circuit of the form by
(Fig.
24).
shown in Fig. 21 is a transmission line
At
very
low frequencies R. becomes
which will present a certain charactersmall
compared
with the impedance of
istic impedance to the input circuit. If, the remaining components
and consehowever, the line is very short but its

V and the power in 11, is defar end is terminated in an impedance quently
creased
although
above resonance the
equal to the characteristic impedance,
the line will possess identical character- increase in I due to the falling impeof the inductive elements paristics to a transmission line that is in- dance
finitely long. The line is then said to be tially compensates for this. It is well
correctly terminated.

This being so, it was not unnatural
to imagine that the open end of the tube
could be correctly terminated. The difficulty here, however, was that unless the
tube was either completely open or completely closed, it would tend to resonate
on the Helmholtz principle making its
performance as a tube difficult to determine.

The various systems described in the
section on vented enclosures for reducing the upper resonance may be applied
to the tuned pipe. Any system increasing the mass loading on the one will decrease the harmonic resonances with respect to the fundamental. Once again,

Fig.

26. Cross section of conical horn
from throat to mouth.

known that the maximum power delivered from a generator to a load occurs

when that load equals the impedance
of the generator. If necessary, the load
can be matched to the generator by a
transformer. Applying this to the analquency. An enclosure of this type ex-, of course, the problem of middle and ogy we have Fig. 25.
The higher impedance of the transhibits resonances at all the odd har- upper frequency coloration is introduced.
former primary matches more accumonics of its resonant frequency.
One further system that has found rately that of the remaining components
The analogous electrical circuit for
this type of enclosure is the same as favour is the reduction of one of the so V is increased. In the secondary, I,
that for the infinite pipe shown earlier harmonic resonances by virtue of the is much higher than I in the previous
in Fig. 21 except in the case of the speaker position; for example the third condition, so that the power in R. is
tuned pipe the value of R, is much harmonic resonance which is the most increased.
prominent in a closed quarter wave
lower and R, is very high.
Acoustically, such a transformer is
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analogous to a horn (Fig. 26). The
pressure build-up due to the limited
radiating area at the throat of the horn
will present a high impedance to the

cone of the loudspeaker and reduce its
velocity in exactly the same way as it
does in a tube.
At the mouth of the horn due to its
larger area, the impedance to the sound
wave will be much lower; the pressure
will therefore be lower and the velocity

A = asmd

(d is the unknown)

f

A

m - 927
Loge A - Log, a = md
a

rnd

d-

30
927

Log, - Log

= (Log, 10,020 - Log, 78.5)927
(9.2122 - 4.3631)927

-

30
= 150 in.
= 12 ft.6 ins.

high. This ties up with our pressure voltage, current velocity, analogy.

mouth of the horn so the question of
cancellation does not arise.
An alternative system is to enclose
the rear of the speaker in, a small bass
chamber and use the mass reactance of

the horn loading in the front face to
overcome the stiffness reactance of the
chamber.

In the well known Voigt corner horn
the rear of the loudspeaker is loaded by

a tuned tapered pipe, and the position

of the loudspeaker in the pipe is
chosen that the acoustic impedance

so

There are two factors which deter- Needless to say, these dimensions are sented to the cone over a wide bondpreof
mine the lowest frequency at which a
bass frequencies provides optimum loadhorn will maintain its efficiency. These
are (1) the rate of flare; (2) the diame-

ing for the voice coil. A good radiation
efficiency

ter of the mouth.

(1) There is no formula showing an opti-

mum rate of flare for a conical horn
for a given low -frequency extension.
Since the efficiency falls steadily over

a wide band of frequencies one can only

state that the lower the rate of flare,

the better.
Most horn designs are based, not on the
conical, but on the exponential horn and
here it is possible to arrive at an optimum value, as we shall see.
(2) The mouth diameter of any horn must
be equal to at least one quarter of the
wavelength of the lowest frequency it
is required to radiate, otherwise standing waves will be set up due to reflections from the open end in the manner
we have shown for tuned pipes.
The Exponential Horn

It has been found that for a given
low -frequency extension, size for size,
the exponential horn is very much more

efficient than a conical horn. Its use,
therefore, is almost universal.
An exponential horn is one whose
cross-sectional area increases exponentially with the distance from the throat
(Fig. 27), and the cross-sectional area

A at any distance d from the throat is
given by
where a = throat area
E = 2.713
,n

f

4af

927

c

if all dimensions are in inches. The very

great disadvantage of the horn is its
size. In order to demonstrate this, let

us design a horn suitable to load a

12 in. loudspeaker down to, say, 30 cps
which is, after all, quite a modest figure.
Mouth Diameter D =-4f =
13,560

4 x 30 -

113 in.

9.5 ft.
Di

Area of Mouth A = -4 =
113'
4

= 10,020

Area of Throat a =
piston area of 12 -in. cone

=78.5 sq. ins.

1 20

Fig.

a wider range of frequencies by virtue
of the taper.
The front of the cone is loaded by a
small flare which increases the high
frequency efficiency and improves dis
27. Cross section of exponential tribution. A schematic diagram of the
enclosure is shown in Fig. 29.
horn from throat to mouth.

quite impracticable for most people.

Summary

1. The Labyrinth is designed to abOne way of overcoming this is to flick
through the pages of some of the maga- sorb all the back radiation from the
zines devoted to this subject, and one cone without introducing any resonance
will find designs and advertisements effects. Excellent for maintaining air
for horns fully capable of maintaining load on cone down to very low frequena high radiation efficiency down to 20 cies resulting in a very smooth extended
cps constructed within a space of about bass response. Its efficiency is low but
five cubic feet.
resistive control of 'cone velocity allows
bass boosting to be used without disWe have no comments to offer.
tress.

Commercial Folded and Corner Horns

Horns of this nature have come into
prominence in recent years, particularly
in the U.S.A. and they are a compromise
between performance and size. The
Klipsh corner horn is accepted univer-

sally as one example of this. First in-

A = as'

is secured by means of the

pipe resonance, which is distributed over

2. The Tuned Pipe extends bass response and can provide similar loading
conditions to the reflex cabinets on the
loudspeaker cone at resonance. It has
the advantage of simple construction,
but the bass response is not as smooth
due to harmonically related resonances.

troduced by Klipsh, the corner horn, as 3. The Horn. The full size horn is
its name implies, is a folded horn with without any doubt the ideal method of
the final fold formed by the corner and cone loading, combining high radiation
the walls of the room (Fig. 28).
efficiency with very low distortion due
Using this artifice, a horn may be made to low cone velocity. The only disadvanto radiate down to 40 cps without being tage is the immense size required to reexcessively big. On average, however, produce really low frequencies.
the lower frequency limit of these horns
is about 60 cps, and one should beware 4. Commercial Folded Horns. These
of claims setting this frequency at a are very efficient in their working range.
much lower figure. Above this fre- Pros and cons vary from model to model
quency, of course, these horns are very but in general the middle bass may tend
efficient indeed and are capable of very to be excessive, and the extreme bass
impressive reproduction. Indeed, so poor; nevertheless capable of impresgreat is the radiation at these frequen- sive results.
cies compared with the middle and upper frequencies that in some designs
FRICTION LOADED ENCLOSURE
the bass may be excessive.
There are many different designs of We have now covered fairly fully the
these horns. Usually the rear of the features of performance and design of
cone is horn loaded and the upper fre- most of the recognised methods of
quencies are radiated from the front in mounting a loudspeaker, and we are
the usual way. In this case, the bass ra- now able to view these as a whole, pick
diation from the front of the cone is out the better systems and review their
small compared with that from the respective advantages and disadvan-

Fig.

28.

1 oa ded

Back folded

horn in horizontal cross section.

Fig. 31. First analogy of friction loaded
enclosure.
WHERE L = EFFECTIVE LENGTH

A = MOUTH AREA
o = THROAT AREA

The Wall Mounting or Infinite Baffle. The main virtue of this is the absence of resonances above the loud-

tages on the basis of our foregoing dis- sated for in the amplifier. A labyrinth speaker resonance, the damping due to
capable of good absorption down to air loading is low at resonance, and alThe Full Horn. Acoustically this is very low frequencies is still rather big. though this makes for higher efficiency,
the ideal method of loudspeaker mountThe Reflex Cabinet. The advantage excessive cone movement at resonance
ing, it provides excellent air loading on of the reflex cabinet is that an improve- may cause distortion. Typical impethe cone, is devoid of self -resonance and ment in the radiation efficiency is main- dance curves for identical speakers
possesses a high radiation efficiency tained at very low frequencies by reso- mounted in these four types of enclodown to any desired frequency, being nant phenomena. At the same time, ex- sure are given in Fig. 30.
limited only by the horn dimensions. cellent damping is applied to the loud- With the exception of the efficiency
The disadvantage of the horn is the speaker cone at its resonance where it attributable to a full-size horn, it was
very great size required to be effective is most required. A further point in its considered, after a great deal of redown to very low frequencies.
favour is that it is relatively simple to search into the design of all types of
The Absorbing Labyrinth. This again construct.
enclosure that it should be possible to
presents excellent resonance free air
The bass response from a reflex en- design an enclosure possessing all the
loading on the loudspeaker cone, and closure will have an efficiency somewhat advantages and none of the disadvanin this respect is comparable to the higher than that from a labyrinth, and tages of the various systems. Such an

cussions.

horn. It is effective down to any de- for a given bass extension,
sired frequency, being limited, like the

horn, by its dimensions. Unlike the
horn, however, the disadvantage of

will be enclosure must have the following qualismaller, although it still makes a rather ties:

dominating piece of furniture in the

(1) Resistance controlled mass loading
down to 20 cps.
mounting a loudspeaker in a labyrinth
The response will not be so smooth as
is the low efficiency of the system; al- for a labyrinth due principally to the
though this may be partially compen- upper of the two resonances common to (2) Complete absence of resonances
drawing -room.

this type of mounting. If very much

above this frequency.

bass boost is applied the reflex enclo- (3) A general efficiency at least as high
sure will tend to sound boomy.
as a reflex cabinet and fully maintained down to 20 cps.
(4) Small size.

.... WALL MOUNTING
"."''' REFLEX ENCLOSURE
HORN
LABYRINTH
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HIGH FREQUENCY
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"IDEAL" CURVE

HORN AND

oped and in order to understand the

1

DIFFUSER

principle upon which they work, we will

develop the argument that led to their

IS

design.
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In order to satisfy requirements (2)
and (3) the cone velocity must increase
progressively as the frequency is lowered to 20 cps. Therefore, the enclosure
must load the cone in such a way as to
bring the effective cone resonance down
to this frequency. There must also be a

\

BASS CHAMBER
TAPERED PIPE

(Normally Folded)

\
10

Such enclosures have now been devel-

100

high resistive component in order to
satisfy requirement (1).
In the analogy, these conditions are
fulfilled by the velocity curve shown
dotted in Fig. 30 and the corresponding

analogous circuit shown in Fig. 31
where series inductive and resistive eleFig. 30. Impedance curves of identical ments are added to the cone circuit.
If we are to apply the impedance
speakers mounted in various ways.
FREQUENCY

Fig.

29. Schematic diagram of Voigt
Corner Horn.
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M,R, to the cone, it is imperative that
we also include a shunt capacitance to
prevent this impedance from reducing
the cone velocity excessively at the
higher frequencies, in other words, to
decouple the impedance at these frequencies. (Fig. 32).
It will now be seen that this is analo-

gous to a special case of the vented box
in which the dimension must be consid-

important since if this impedance is too
low then the cone velocity will be excessive resulting in undue distortion. Alternatively too high an impedance will
cause a loss of bass radiation when the
acoustic impedance of the enclosure is
at its optimum, good radiation is secured
with a -cone velocity well inside the limits of, the speaker. For these conditions

ered in conjunction with the mass and
stiffness of the loudspeaker cone so that
the lower impedance peak f, is of a
predetermined frequency and' magnitude. The approach to our ideal curve is
now limited by the upper resonance ft
and the anti -resonance ft.
Considering first the latter, we know
that this is due to the rise in impedance
of the parallel circuit C M,R, at resonance, and since we are now only con -

-.FRICTION -LOADED ENCLOSURE

-WALL MOUNTING

--REFLEX ENCLOSURE
..... FRICTION -LOADED ENCLOSURE
WITH Rf REMOVED

rl
0

it has been found that the dimensions
are considerably smaller than those of
vented or reflex enclosures. The opti-
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mum port area is considerably less than

,
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that of cone piston so radiation from
the port may be neglected. The friction
component 111 is relativelly high.
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The resistance 111 is analogous to a
highly frictional air leak in the enclosure. A convenient way of forming this
is to have a number of very narrow
slits in one or more of the enclosure

N.

...g.._

.
h.

oo

walls.

The choice of narrow slits will be

appreciated when it is realized that
any aperture will have both frictional resistive and mass -reactive components,
and it is very important in our case to
ensure that the resistance is high compared to the reactance. The expression

Fig.

34. Impedance curves of friction

loaded enclosure in comparison with
other types of mounting.
aging. It proved to have a firm bass response without any trace of resonance

or coloration. The bass radiation was
for the impedance of a narrow slit is somewhat better than that from the re-

flex cabinet at middle bass frequencies
and considerably better at the very low
frequencies, thereby imparting a warm,
w'1" 51w
well-balanced quality to the reproducWhere d = depth of slit
tion. Tests with an oscillator showed
w = width of slit
that a strong, pure 20 cps fundamental
1= length of slit
note could be radiated without excessive
8= density of air
cone movement. Transient curves taken
ro = 2n x frequency
showed a very short clear time characFrom this it can be seen that as the teristic of non -resonant conditions. This
width of the slit is reduced its resist- is more interesting when one realizes
ance increases as the cube of the reac- that the volume of this enclosure is
about half that of a correctly designed
tance.
An Axiom 150 Mk II was used in reflex cabinet for the same speaker.
In addition to the qualities mentioned
conjunction with this enclosure and the
impedance curves are shown for this this type of enclosure has the following
compared with those of the reflex cabi- advantages.
1. It is simple and cheap to construct.
net and a true infinite bathe when hous2. The dimensions of the enclosure
ing speakers identical to the above. The
evidence is fairly conclusive. The effect (corresponding to c, in the analogous
of closing the slits removing Rf is also circuit) are not extremely critical and
may be varied up to ± 10 per cent if
shown in Fig. 34.
Listening tests comparing this enclo- necessary for styling. The dimension
sure with other types was also encour- of the port and slits, however, are

given by

32.

Fig.

Second analogy

of friction

loaded enclosure.

cerned with the lower resonance f the
anti -resonance ft (not being tuned to
the loudspeaker) serves only to introduce a trough at some frequency above
In

order

to

reduce

the

magni-

tude of this trough a shunt resistance
may be included in the circuit which
will have the effects of reducing the
"Q" of the parallel section and providing a limiting value for its impedance
at resonance. This is shown in Fig. 33.
This resistance will also reduce the
magnitude of the remaining resonances
and it would be possible, by a suitable
choice of components, to make the entire circuit almost completely ape-

2.23 x /0.-$61 + .66w
Z=

critical.

3. The enclosure can be of any shape
and the port and slits can be placed in
any position relative to each other and

riodic. In practice it was found, low ever, that an increase in the radiation
efficiency of the system at extremely

to the speaker provided they do not
approach the latter too closely so as to
produce some degree of back to front

low frequencies was an advantage which
could be had if the lower resonance was

cancellation.

4. The resonant frequency of the loudspeaker is not critical provided it is not
higher than 50 cps.
Many of these enclosures have been
constructed for various speaker systems,
and all exhibit the same excellent bass

not completely damped, but was controlled by a sufficiently high frictional
component in order to prevent excessive
cone excursion.

In the final design this was achieved

by carefully determined component val-

ues which, in addition, are such as to

prevent an optimum acoustic impedance

to the face of the cone. This is very
122

characteristics.
Fig. 33. Third analogy of friction loaded
enclosure.

There are of course many different
(Continued on page 127)

Ported Loudspeaker Cabinets
JAMES MOIR

A thorough understanding of the author's presentation will enable anyone to design and construct a bass -reflex cabinet which will provide im-

proved performance over conventional "boxes with holes in them."
appreciated that the characteristic feapORTED OR REFLEX CABISETS are de- ture of all ported cabinets is the add;tion
of an Helmholtz resonator coupled to the
servedly popular as loudspeaker
mountings at the present time, their rear of the cone, the resonating elements
special merits being the extension of the being the acoustic capacitance of the box

low -frequency range that may be ob- volume and the acoustic inductance of

the mass of air contained in the port and
tained in a relatively small volume,
coupled with an appreciable reduction in tunnel. At, and in the vicinity of resthe amplitude distortion generated by onance, there is a considerable move-

the loudspeaker. The theory, construction, and operation is an interesting
study and it is proposed to comment on
some of the aspects in which present

ment of air through the port and the

energy radiated as sound from the port
may exceed that radiated from the front
of the diaphragm by a factor of several
theory and practice appear to be at times. If the phase of the radiation from
the port is the same (within ± 90 deg.) as

variance.

The first major advantage is the in- that from the front of the diaphragm

crease in the low -frequency output that
is obtainable from a reflex cabinet when
compared to the output obtainable from
the same speaker unit mounted in a flat
baffle, or in many of the alternative enclosures. The increase in output is the result of several contributory factors.
(a) Utilization of the acoustic power
output from both sides of the cone.
(b) The close association of two radi-

in phase with that from the diaphragm
in the vicinity of resonance it deviates
considerably both above and below the
resonant frequency. As the resonant frequency is usually chosen to be near the
bottom end of the audio range, the devia-

tion from phase identity below the resonant frequency is not of great consequence. Above the resonant frequency
the phase difference can also reach 180
deg. and as this would reduce the total
sound output it is necessary to attenuate
the high -frequency radiation from the
port by adding absorbent material to the
interior of the enclosure. A qualitative
comparison between the sound output

the total sound output will be increased.
It may be shown that the combination of
acoustic elements is such that the backward wave from the speaker diaphragm
is reversed in phase and thus appears at
the port opening in phase with the radi-

with and without a ported cabinet is
given by Fig. 2 from which it will be

ation from the front of the cone. The

quencies is actually reduced by the addition of the acoustic resonator.

exact mechanism of the phase reversal
will not be pursued at this point for the
agreement between calculated and meas-

ured values of some of the elements in

ating surfaces vibrating in the the acoustic phase changing path is poor.

same phase.
Actual measurements of the relative
(c) The addition of an Helmholtz res- phase of the sound pressure at the port
onator to the acoustic system.
and diaphragm confirm the qualitative
Some of the many possible forms are theory however.
illustrated in Fig. l. from which it will be
Though the radiation from the port is

seen that some worthwhile gain is obtained over about one octave above and
below the resonant frequency but the
effective sound output at very low fre-

Design Procedure

The first problem to be met when ap-
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Fig.

Fig. 1. Typical arrangements of ported cabinets showing two possible positions of

the tunnel or duct.

2. Effect

of damping of low -fre-

quency resonance on acoustic output of a
cone loudspeaker.
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A= port area
L= effective tunnel length
with all dimensions in inch units.

proaching the design of a ported cabinet

is that of choosing the resonant frequency for which the enclosure is to be
designed. A full discussion of the reasons
governing the choice would require more

A critical comparison of the calculated
and measured resonant frequencies of a
dozen or more enclosures indicated that
while none of the published design equa-

space than is available and it will be
shortened to the point of saying that the
resonant frequency of the enclosure is
usually chosen to be the same as the res-

V CUBIC INS.

tions were in perfect agreement with

onant frequency of the speaker cone.
The acoustic coupling between the resonant enclosure and the resonant mechanical system of the cone and surround

is assumed to be such that the electrical impedance/frequency curve of the
speaker voice coil will have "maximum
flatness." A typical sort of result is illus-

trated by Fig. 3 from which it will be
seen that the over-all impedance/frequency curve exhibits the double humped

form characteristic of coupled electrical
circuits, certainly a major advantage, for

as previously pointed out,' a flat impedance/frequency curve results in minimum amplitude distortion from the amplifier output stage.
The acoustic resonant frequency of the

enclosure is controlled by the physical
dimensions of the enclosure volume, the

port area, and the tunnel length interpreted as in Fig. 4. The relation may be

approached either by calculating the
equivalent electrical circuit elements or
by a more direct approach involving the
physical dimensions only. The former
gives a clearer insight into the basic process and is invaluable in any investigation

but the latter method is shorter and is
quite adequate for the enclosure designer.
Several analyses have been made but the
one most closely in agreement with meas-

urements is that due to Planer and Boswell' Their work leads to an expression
for the resonant frequency,

practice, the expression quoted consistently gave the best agreement.
To the enquiring mind, marginal disagreements between theory and practice
are often of greater interest than complete agreement so the subject will be
pursued in an endeavor to account for
the discrepancies. The factors entering
into the design equations are enclosure
volume V, port area A, and tunnel length
L, and as the effective values of these
may differ somewhat from their physical
values they will be considered in turn.

In the simple case where no tunnel is
employed there would not appear to be
any great margin for error in determining box volume V, though the literature
is a bit inconsistent in deciding whether

the volume of any absorbent lining
should be deducted from the chamber
volume to obtain the effective volume.
Qualitative considerations suggest and
experiment confirms that the volume of
permeable linings such as fibreglass or
hair felt should not be deducted from the
casing volume but that allowance should
be made for the volume of the more impermeable materials, such as insulation
board, cane fibre or asbestos fibre tiles.
As far as can be ascertained prior literature is completely in error in dealing
with the effective volume of an enclosure

that includes a tunnel, the unanimous
and apparently reasonable decision being

that the tunnel volume should be subtracted from the internal volume in
order to obtain the effective volume. This

2150

(1)

cps

IV(1VA+L/A)
where

V = box volume

1 J. Moir, "transients and loudspeaker
damping." Wireless World, May, 1950.
SPEAKEI No.

I

outlook would seem to be based on the
simplifying assumption that the air in
the tunnel takes no part in the compression and expansion cycle which charae2 Planer and Boswell, "Vented loudspeaker enclosures." Audio Engineering,
May, 1948.
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terises the acoustic regime in the volume
V but merely undergoes translation along

the tunnel. A little thought will suggest
that this assumption is probably untenable but any doubts were resolved in a
relatively simple manner.
Experimental Determination

A ported enclosure was constructed in

which the tunnel volume represented
some 30 per cent of the enclosure volume

and of such a shape that the tunnel

could be added either on the inside or
outside of the box as indicated in Fig. 5.
This artifice maintains the tunnel length
substantially constant but allows the tunnel volume to be removed from the cabi-

net volume. The resonant frequency of
the enclosure was then measured (using
a precision low -frequency oscillator)

with the tunnel in both positions. In
neither example tested was there any in-

dication that the position of the tunnel
had any significant effect upon the resonant frequency although the test
method employed was capable of detect-

ing a frequency shift of less than one
tenth of that expected from calculations
based on the normal assumption.
The actual experimental verifications
were carried out by two competent engi-

neers well versed in the conventional

(Ia. up)

ii

ii
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Prior literature is also quite unanimous

and apparently in error about the correction to be made for the volume occupied by the speaker unit, specifying that
the effective volume of the speaker unit

is that shown in solid at (A) in Fig. 6.
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sign of a ported cabinet.

volume should not be subtracted from the
enclosure volume to obtain the effective
volume of the enclosure.

UNMOUNTED

I
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Fig. 4. Parameters important in the de-

er's preliminary suggestion that the accepted theories were in error. We may
say with some confidence that the tunnel
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theory and quite skeptical about the writ-
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Once again some preliminary theorizing
suggested that the effective volume of a

The effective length of the tunnel may,

translatory motion along the tunnel but
that the air particles immediately outside the tunnel ends are stationary. This
is clearly an oversimplification but an
accurate mathematical determination of
the effect of the air movement outside the

the chamber wall thickness only the effec-

tunnel is a difficult process that has exercised many investigators because of its
importance in determining the effective
length of an organ pipe.
Movement of the air outside the ends

tive tunnel length will differ from the
measured tunnel length by an appreciable amount for the correction length

of the tunnel will clearly increase the
mass of air in resonant motion and result in the effective length of tunnel
being greater than the physical length.

With the modifications discussed, the

Helmholtz resonator theory presupposes

that the air in the tunnel undergoes a

I

1

I

I

ALTERNATIVE TUNNEL POSITIONS

Fig. 5. Cabinet arrangement for experimental determination of effective volume
of tunnel.

speaker unit is in fact only that of the
iron parts and does not include the volume enclosed by the conical diaphragm.
An enclosure divided into two half sections by a partition in the form of a thin
infinitely flexible

and

massless

l being a function of port area only,
becomes greater than the physical length.
equation

presented by

Boswell

and

Rayleigh has proposed to allow for these

Planer appears to predict the value of
enclosure resonant frequency with an
error of less than 2 per cent when any

"end effects" by adding an end correc-

simple form of construction is employed.

The design procedure based on the
Planer and Boswell equation is presented in the form of a single set of
curves in Fig. 7, which covers the design of any size of speaker unit in any

dia-

phragm behaves as a single volume, for

the diaphragm offers no obstructioneither resistive or reactive-to the move-

ment of vibrating air particles in the

size of enclosure and with any value of
enclosure resonant frequency.

vicinity of the partition. The air volume

enclosed by the conical diaphragm is
similarly tightly coupled to the volume
of the enclosure.
Once again any doubts were resolved
by a simple experimental attack. Measurements of resonant frequency of an
enclosure of normal volume are insufficient to determine any change due to the
insertion of a speaker unit but the use
of an enclosure having an internal volume of little more than one cubic foot
permits the change in resonant frequency
to be accurately determined. The resonant frequency of the small enclosure

tion

0.4D to the measured length of
tunnel and his proposal is confirmed at
least for measurements of engineering
accuracy. D is the diameter of the port
if circular or the diameter of the circle
having the same area as the port where
the port is non -circular. The effective
length of tunnel L to be used in equation
(1) is therefore the measured length /,
plus the correction le. Where the port is

and generally does, differ appreciably
from its physical (i.e. measured) length.

Other Variables

The resonant frequency is, however,
a function of (among other things) the
enclosure shape. Thus when a spherical
resonator with a circular opening is employed, the resonant frequency is determined almost entirely by the volume V
and port area A and may be accurately
calculated. At the other extreme a cham-

ber in the form of a long narrow pipe
Fig. 6.

Effective volume of loudspeaker

has a resonant frequency which is deter -

unit.

was determined with and without the
speaker unit, the effective volume of the
speaker unit being determined by calculation from the two experimentally determined frequencies. It was confirmed
by inserting wood blocks of known vol-

ume into the empty enclosure to bring
the resonant frequency up to that of the
enclosure with the loudspeaker.

The effective volume of the speaker
determined by these two methods differed

from an estimate of the volume of the
iron parts, as shown at (B) in Fig. 6,.by
less than 3 per cent and bore no relation
to 'the volume enclosed by the speaker

Fig.

7. Design rela-

tions of porteu enclosures.

outline.

The foregoing discussion enables the
effective volume of an enclosure to be
determined leaving the port area A and
the effective length of the port or tunnel
L to be determined. Unless a port of slit
shape is adopted the effective area is the

same as the physical area and it thus
presents no difficulty in its determination.
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mined almost entirely by the pipe length,

the volume V and the port area A having second order effects only. In practice

cabinets do not stray too far from a
cubical shape for which Planer and Boswell equation for f is quite adequate
when the inevitable drift in the speaker
resonant frequency is taken into account.
Experience suggests that almost any

addition to the cabinet interior affects
the measured resonant frequency, such
apparently minor factors as the relative
position of port and speaker or the provision of an isolating shelf between port

and speaker shifting the resonant frequency by a few cps.' If it is desired to
build a cabinet having an accurately determined resonant frequency some final
adjustment to enclosure volume or port

area must be made after the unit is
completed.

The gain in power output at the lower
end of the frequency range is determined

by, amongst other things, the Q of the
enclosure, a factor that it is impossible
to calculate with any pretensions to accuracy (Q for a cabinet has the same
meaning as the Q for an electrical circuit, being the ratio of stored energy to
dissipated energy per cycle). Energy is
stored in the enclosed air volume and
dissipated as sound or in frictional or

viscosity losses in the cabinet and lining

structure. The fraction dissipated as

sound power is small, structural dissipation accounting for the majority of the
losses. Structural losses in an airtight

enclosure are largely due to flexion of

the chamber walls and are therefore
affected by the material used in the construction, but over a fair range of woods
experience seems to indicate that the Q
falls between 3 and 6. A high value of
Q leads to "cabinet hangover" any low frequency transient having a low -frequency tail oscillation added to the original, giving a soft and rather flabby character to the reproduction. The enclosure

Q cannot be reduced to unity or there
would be no advantage in using an enclo-

sure, and so the final value must be a
compromise to suit personal tastes of the
user.
Acoustic Damping
Damping may be added in many ways,

the most popular being the use of hair

felt, fibreglass or some similar absorbent

attached to the walls, though more recently it has been realized that the absorbent material is largely ineffective if
mounted on the walls where the air particle velocity normal to the surface is
substantially zero. Some consideration of

the reason for including the damping
will indicate the best position for mounting it in the enclosure.

The added damping really has two
duties to perform, it decreases the Q at
the resonant frequency to the desired
value and it provides sufficient absorp126

tion at frequencies above twice the resonant frequency to attenuate the sound
output from the port. This is essential if
severe interference between sound from
the front of the cone and the sound from
the port is not to occur. Maximum attenuation to sound energy in the maxi-

structed wood boards for the body, stiffened either by a triangular corner block
of 4 -inch side, or half a dozen one -inch

square struts across from wall to wall.

As a third alternative half a dozen
3 x 3/4 stiffening strips screwed "edge on"
across the walls in a random pattern can

mum number of modes of enclosure be recommended. Cross bracing strips or
oscillation is provided by a single sheet
of absorbent material suspended from
the front left and rear right top corners
and fastened down to the rear left and
front right bottom corners. Maximum

3 -inch deep stiffeners both serve as an
excellent support for absorbent material,
spacing it well away from the walls.
If the ultimate in vibration -free housings is required, a double walled con-

attenuation at the basic resonant fre- struction of 3/8 -inch plywood spaced 1/2

quency is given by a sheet of absorbent inch apart and having the space packed
material across the port for at this point with dry sand is excellent. An enclosure
the velocity of the air particles is a maxi- built from 1/2 -inch plywood with half mum.
inch insulation board glued to the plyThe thickness and character of the ab- wood under pressure is less troublesome
sorbent used across the port is consid- to construct in some ways, but gives exerably more critical than when it is sus- cellent results.

pended inside the cabinet. Absorbent
material suspended inside the cabinet is Shape of Cabinet
effective as a high resistance shunted
Enclosure snape is important, though
across the parallel resonant system
that
importance is not revealed by any
formed by the box volume and port voldesign
equation. Shapes in which one diume whereas an absorbent diaphragm
mension
the others by a large
across the port is effective as a low re- factor are exceeds
generally
to be avoided. Thus,
sistance in series with the effective in- pipes with or without
adequate internal
ductance of the port. Thus an enclosure damping have always proved
disappointrequiring 15 sq. ft. of half -inch felt attached to the walls will be damped to the ing. Irregular -shaped interiors appear to
same degree as the basic resonant fre- have some acoustical advantage that is
quency will be by a single thickness of not revealed by current practice in measurement, an advantage that is possessed
calico across the port.
Both methods of damping may be em- by the triangular corner cabinet. Corner
is generally to be preferred
ployed usefully, a length of felt or fibre- mounting
both
from
the acoustical and domestic
glass sheet being suspended in the cabi- points of view, for no other shape pernet to deal with the higher frequency
such a large number of cubic feet
modes of resonance, while the basic res- mits
to be so inconspicuously concealed.
onance is dealt with by absorbent mateWhile internal irregularity has its adrial inserted in the port. Provision of a
vantages
the opposite is true of the exshelf having a depth of one-half that of
terior.
Each
external edge and corner
the cabinet immediately adjacent to the produces irregularities in the primary
port between port and loudspeaker conhigh -frequency response due to diffracsiderably attenuates the high -frequency tion at the surface discontinuity, and
output from the rear of the cone, and though these irregularities are masked
is generally to be recommended.
to some extent by the generally reverberA primary requirement for any loud- ant sound they should be borne in mind
speaker enclosure is that it should not when considering alternative enclosure
add too much coloration of its own crea- designs.
tion to the outgoing signal. Some idealThe position of the port with respect to
ists might even suggest that it should add
no coloration to the signal but this may the speaker is not highly critical but there
be misdirected effort. Every room sur- is some slight theoretical advantage in

face, including the floor, door panels, placing the port near to the speaker
furniture, each hollow vase, and even the opening. Klapman has shown that the
brick walls contribute their own quota effective radiation resistance presented
of coloration to every sound reproduced to a diaphragm is directly proportional

to the number of diaphragms if they are
reasonable to consider the amount of all closely associated in space. Close
coloration added by the speaker cabinet spacing has the disadvantage of increasagainst the background of coloration ing the high -frequency radiation from
added by the room and its contents. If the port unless precautions are taken to
this is done it will usually be unnecessary prevent it, but if such precautions are
to worry about a speaker enclosure of taken the balance of advantage is marnormal construction until the piano is ginally in favor of close spacing of port
and speaker openings.
removed from the room.
The subject of loudspeaker housings
Adequate freedom from cabinet vibration can usually be secured by the use of. is one of considerable complexity, but it
half -inch plywood or one of the recon- is of such importance as to justify ex in the room. Thus it would appear more

tended consideration. The present contribution is taken from the chapter on

which the subject of ported cabinets and

Loudspeakers in a book "High Quality
Sound Reproduction" shortly to be pub-

other forms of speaker mounting are
considered in greater detail. All of the
illustrations in this article are from the

lished by Chapman & Hall of London, in

same book.

ways of forming the friction resistance
Rt. A convenient method adopted was
to make an enlarged port and cover part
of it with closely spaced wooden slats
having previously determined the required dimensions. Again the slits could
be replaced by an aperture covered with
a material of suitable porosity such as
silk or felt supported between two lay-

ers of a ridged metal grid. It was im
portant to prevent the material vibrating with sound pressure.
Further investigation along this line
has resulted in the development of an
Acoustical Resistance Unit which may
be installed directly in a rectangular
aperture of the proper size to provide
the correct loading with a minimum of
constructional work. Such a unit is
shown in Fig. 35. It consists of a frame
on which is mounted a decorative expanded metal grille, backed by a screen
which is flocked to a closely controlled

pattern so as to provide the proper

BAFFLES UNBAFFLED
(Continued from page 122)

acoustical loading.
Since this enclosure is. capable of re-

producing down to 20 cps and is free
of resonances above this frequency the
bass response is.infaccentuated and perfectly natural. If, however, some accentuation is required this may be applied

by means of the bass boast control on
the amplifier, in which case the excellent

air loading applied to the diaphragm

Fig. 35. Commercial form
Resistance Unit designed

of Acoustical

to mount directly into rectangular opening in cabinet of specified dimensions.

will keep distortion to a minimum. This
is considered more desirable than producing accentuation in the enclosure itself since with the exception of a fullsize horn the latter cannot possibly provide the same carefully controlled ac-

centuation as can an amplifier having
a well designed boss lift control working in conjunction with a loudspeaker
system with a high degree of aperiodic
control down to zero frequency.
From its mode of operation this enclosure was named the Friction Loaded
Enclosure, and we do feel that it represents a notable advance on previous
types.
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The "CW Horn"
A Constant -Width Folded Exponential
Loudspeaker Horn
A loudspeaker enclosure of modest size which achieves the degree of realism necessary for high -quality
sound reproduction. The secret?-a folded exponential back -loading horn which gives smoothness and
an extended low -frequency range to its complement of one or two 8 -inch speakers.

D. P. CARLTON
THE

CONSTANT -WIDTH

FOLDED

EX-

PONENTIAL HORN which is described

herein has been developed in a series
of intermittent experiments which have
continued since early 1942. My interest
was aroused in 1939 by Combs' article
on a homemade exponential horn. It was
built to back -load an 8 -inch speaker. I
assisted in the construction of several
Combs horns and my colleagues and I
were impressed by the unusually fine,
low -frequency

response,

the

over-all

clarity and crispness of the tone, the unusual sensation

of presence, and the

high efficiency of the cone and back loading horn combination. The goal of
my experiments has been to develop a
smaller enclosure with a less complicated

horn maze which would retain and per-

haps surpass the line qualities of the
"Combs Horn." The result is shown in
Fig. 1.

Out of the experiments has come a
folded exponential horn designed with
a constant width between its two parallel
sides. It has a rectangular cross-section
the height of which varies exponentially,

along its length, from the throat to the
mouth. This type of horn has been given

1 E. E. Combs, Jr., QST December
1939.

the name "CW Horn". In such a horn,
once the length and rate of flare have

Fig.

been chosen, the width may be changed
from horn to horn without altering the
exponential features.
The basic unfolded form of the "CW

Horn" is shown in Fig. 2. The values
for L, W, ht and him are found in the
next

paragraph. The horn must be

folded for two very practical reasons.
The most obvious reason is to fit the
horn into a box of convenient size and
shape. The second reason is equally im-

portant. The horn itself transmits only
the lower range of frequencies. However, by properly folding the horn the
driving speaker may be used as a direct
radiator for the important middle range
of frequencies.

1. Vertical mounting of small unit described makes a

suitable high -quality speaker for the smaller room, as shown

at left. For different decor, the horizontal mounting, right,
may be preferred.
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Excellent performance may be obtained from the enclosure with one 8 inch cone speaker, preferably one with
a rather low natural resonance and a
cone surround sufficiently flexible to
permit wide excursions of the cone at

Figure 3 shows the folded exponential horn incorporated in this enclosure has a length, L, of 6 feet and a
constant width, W, of 17 inches. The
cross-section is rectangular. The height
of the cross-section varies exponentially
from 13/4 in., ht, at the throat to 10 in.

frequencies. The low -frequency
response will be well down into the lower
40 -cycle per second range and it will be
low

he, at the mouth. The corresponding
cross-section areas are 30 and 170 square
inches. According to McLachlan2 a horn

of these dimensions would have a low frequency cut-off of 25 cps. This horn
was deliberately designed so as not to
limit the low -frequency of any 8 -in.
speaker that might be used with it.

In the present version of the CW

real, not the result of doubling. The use
of a pair of 8 -inch cones will produce

a better over-all performance than a
Fig. 2.
horn

Development of the exponential
follows recoanized principles.

Horn, a length L was selected so that
when acting as an open organ pipe it
would have a fundamental frequency
fr of about 90 cps to avoid any horn
resonance near the principal hum fre-

which the speakers are to be attached as
the folded exponential horn. Although
the external dimensions are modest, the
enclosure gives exceptional performance
when used in high -quality home music

quencies of GO and 120 cps. Using the
formula, fr= 1100/2L, (where f,. is 90

present configuration of the parts makes
use of almost the total cubic content of
the cabinet and produces an inherently
rigid structure. The material required to

cps and 1100 feet per second is the
velocity of sound in air), the calculated
value of L is 6 feet.

systems.

It should be noted that the

build the box can be cut from a single

The arrangement of the partitions, 4 x 8 ft. sheet of plywood with less than
Fig. 3 shows the driving chamber to 5 per cent waste, and the use of a
2 McLachlan : "Loud Speakers," p. constant width for the folded horn results in remarkable ease of assembly.
183. Oxford Press.

single cone, especially in the low -frequency spectrum. When desired, the
high -frequency range may be increased
by the use of a tweeter.
There are those who ask the question :
"Why not use a 10, 12 or 15 inch speaker
to drive the horn instead of 8 -inch
speakers ?".The case for the 8 -inch cone

arises from the fact that because of its
shorter radius it will be stiffer and
stronger than the larger cones. In operation, it will begin to function as a piston at a 'higher frequency than the

speaker with the larger cones. There

also will be less tendency for the smaller
cone to buckle or otherwise lose its shape
in driving the horn. The smaller, stiffer

cone is better adapted to handling the

4Mir.
Fig. 3 (left). Internal construction of the folded CW Horn
before mounting the second side. Fig. 4 (above). Finished CW
Horn with two 8 -inch Jim Lansing speakers and a University

tweeter. Black tape on side indicates internal construction.
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Fig. 5. Layout for cutting a single sheet of

inch plywood into the necessary inaividual pieces for construction of the CW Horn.

high pressures developed by the long

dimensions of 33 in. high, 181/2 in. wide

cone -travel required to produce low -frequency sound. The 8 -inch cone will also
give a superior mid -range response and
eliminate the need for a mid -range
speaker.

cone speakers have been tried. Different

and 17 in. deep. Many varieties of 8 inch cone speakers and a few 10-inh

varieties of material in various thicknesses, different lengths of horn, rate
of flare, sizes of throat and mouth have
been tried. The speaker enclosure which

Selection of Speaker

combines

In choosing 8 -inch cones, there are
many excellent hi -fl units upon the market. Permoflux, Stromberg-Carlson, University, Electro-Voice, Phillips, Jensen,

Stephens,

Jensen,

or

of these horns are now being used by
local hifi enthusiasts. Make one, equip it
78*

7/

properly, and listen! You will marvel
at the performance of this enclosure
which certainly belies its size and cost.

,

Construction

The construction of the "CW Horn"
is an excellent project for the amateur
builder, especially if he has access to a
power table saw and a power jointer.
The plywood sheet should be cut into

speaker has been shown to convey a

is

to be operated in a horizontal or

49*
46

44*
41

40*

\\CARDIGARD
\:sTRIII

\
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modest, always reasonably close to those
of the described enclosure which, when
made of 3/4 in. plywood, has external
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bevels where indicated becomes a simple

job. Those who have no power equip-

tools. In this case, use fillets of soft,

of the "CW Horn" numerous models
made to keep the over-all dimensions

the 22 rectangular parts required as
shown in Fig. 5. The cutting of the
ment may be able to persuade the manager of the neighborhood planing mill to
cut up the plywood sheet and make the
bevels. The box can be made with hand

vertical position.
Over the long period of development

have been built. A conscious effort was

size,

the one herein described. Some 50 to 60

Figure 4 shows a CW Horn with a

to mount the tweeter in the mouth of
the horn. When using a single cone
speaker and a tweeter both may be
mounted on the panel. The orientation
of the tweeter is dictated by the choice
of the builder as to whether the horn

acceptable

with the best over-all performance is

mounted complement of speakers. Upon
the side of the enclosure a projection of
the horn maze, speaker cavity and

better understanding of the utilization
of the space within the box. Where two
cone speakers are used it is necessary

most

reasonable cost of electronic components

Altec, Lorenz, Stephens, Jim Lansing,
and the new PanaSonic are among the
more prominent manufacturers. For
tweeters you may turn to University,
Electro-Voice,
Lorenz.

the

economy of structural materials and

Fig. 6. (A) Layout of the jig designed to
facilitate cutting the various bevels.
(B) Bevel -gauge template for the angles
used.

straight grained lumber, which is easy
to bevel with a hand plane. A medium coarse, flat bastard file, 10 or 12 inches
long, is a good tool for making bevels
on plywood where a relatively small
amount of material is to be removed.
The photographs and construction de -

tails should furnish sufficient data to

with the smooth surface down. Clamp
these two pieces together and drill the
screw or nail holes, marked on part 4,
through both pieces simultaneously.
An airtight horn is essential. There-

enable anyone possessed of a reasonable
degree of skill to make the "CW Horn"

with little or no difficulty. One skilled
amateur, equipped with proper tools,
built an enclosure in 4 hours; most
builders will require 8 or more hours.

fore, use glue generously and plenty
of nails

Perhaps each builder will see different

ways to make the box; however, there
.are

pitfalls that may lead to wasted

material

unnecessary

and

which are often found in plywood. These

materials do not shrink upon drying

expense;

therefore, for the first enclosure it is
advisable to follow the orderly plan

Fig. 7. Photograph of the jig shown in
Fig. 6.

which experience has shown to be good,

and which will be found in the paragraphs that follow.
Procedure

Before the required materials are
purchased, a choice should be made as to

whether to build with screws or 8d
finishing nails; there is actually little or

no preference.
Cut the plywood sheet (A -D exterior
grade is preferable) exactly as directed
in the cutting layout, Fig. 5 and number

Assembly

Experience has shown that the actual
assembly of parts may be divided into
several well-defined phases which are
as follows:
Phase 1: Fasten parts 1, 2 and 3 together with plenty of glue and nails and

During

larity and then fix parts 5, 6 and 7 in
place as in Fig. 9. The front edge of
part 7 will eventually be part of the

"sides,"

respectively.

construction the horn mouth is usually

kept to the left, and the horn is built
with the right side down-hence the

be 22 rectangular pieces, 20 of

which have the constant -width dimension

terms top and bottom "sides."
Lay the bottom side (4) on the bench,

of 17 inches. The two exceptions are

smooth surface down. Draw on its upper

parts 21 and 22 which eventually become

"rough" surface the data shown in Fig.
8 with the exception of the fillets 5, 6,
13, 14, 16, and 17. Locate accurately
points A, B, C, D, E, F and G. Draw the
lines AB, CD, EF and AG. These lines
control the positions of parts 8 through
14 and 15 through 17. Spot the posi-

part of the speaker panel seat.
A number of the pieces must be
beveled with one or more of the angles

indicated at (A) in Fig. 6. A simple
template which may be used to mark the
pieces or set a machine can be provided

tion of the holes to be drilled for the

by using a strip of cardboard 6 to 8 in.
long and 34 in. wide, one end of which

screws or nails which are to hold the box
together.
Builders may find it desirable to make

can be marked by use of the bevel gauge
template, Fig. 8, and then the cardboard
out off at the required angle.

and both are excellent putties.

78 to 86 deg. can be readily and safely
cut on the power jointer.
Having completed the preliminary
details of cutting up the plywood sheet,
making the beveling jig, and cutting the
bevels, preparation for the construction
of the box begins with parts 4 and 18
which are hereinafter called the top and
bottom

each piece properly as it is cut. There
will

or screws. A small can of

Reardon's or Walton's water putty will
be found very useful for filling in voids

The bevel cutting jig of Fig. 6 is

a complete full scale drawing of Fig.
8 on tracing paper or brown wrapping

pictured in Fig. 7. It is a proven device

paper and by means of carbon paper use

for cutting the bevels accurately and

it

safely with a power saw. It is especially
useful with the bevels varying from 31
to 49 deg. Those bevels which vary from

face up, and place part 4 on top of it

to transfer pertinent data to the top
of part 4.
Lay part 18 on the bench, smooth sur-

in turn fasten part 4 to their lower

edges. Check with a square for rectangu-

speaker panel seat while the back edge
will control the position of the right end
of part 15.
Phase 2: This involves parts 12, 11,
9, 10, 13, 8, and 14 (Fig. 9), which are

assembled in that order. The use of
temporary cleats M, N, R, S, T, and
U bradded directly to the upper surface
of part 4, will be a great help in keeping

these pieces in their proper positions.
Alternatively, this group of parts may
be assembled on a bench or another piece

of plywood in a duplicate set of cleats
and the assembled parts set into place
as a whole on the upper face of part 4
after Phase 3 is completed, Fig. 3.
Phase 3: This involves assembly of
parts 15, 16, and 17. in place. Temporary cleats 0 and P, Fig. 9, are used to
keep the left end of part 15 in its proper
position.
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8. Assembly of the horn, with pieces numbered in accordance with Fig.
Layout dimensions are shown.

5.

Fig. 9. Method of simplifying the assembly by use of temporary locating strips.
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Phatie 4: Lay into the maze the woofer

and tweeter leads stapling them to part
10 near the throat edge so that they will
not fall back into the horn. The lead to
the amplifier should be led out through
the center of the back through a hole in
which the cord fits snugly.
Phase 5: At this point, the top edges
of the pieces assembled on part 4 should
be checked. Their upper edges must lie
in a single plane. Irregularities should
be smoothed out to insure that when part
18 is applied, a continuous air -tight seal
will result. Apply glue generously to the

upper edges of these pieces and then
fasten the upper side, part 18, into place
with screws or nails.
Phase 6: Complete the box by fitting
parts 19, 21, and 22 which together with

part 7 form the speaker panel seat.
Make sure that the seat is flat. Apply
the necessary gasket material to assure
an air -tight seal when the speaker panel
is fixed in place.

Phase 7: Bolt the speakers to the
speaker panel using gasket material on
their rims to assure airtight seals. Connect the speakers, being careful that the
cones are properly phased. Fasten the

speaker panel into place with screws
and the enclosure is ready to use. The
mechanical

design

of

various

loud-

speakers will dictate the design of the
speaker panel. It may be necessary tc
use thinner plywood for this part (20)
in order to avoid the possibility of the
speaker rims or speaker panel projecting past the front edges of the box.
It is a simple task to mount a pair of
8 -inch speakers with their rims outside
the

panel. When the rims must be

mounted on the inside, as is necessary
with Jim Lansing speakers, make two
panel boards exactly the same length
and width with thicknesses of 1/4 and 3/4

inch. On the thicker one cut two holes
which will be tangent at the center of

THE CW HORN
(Continued Irom preceding page)

the panel and have radii equal to the
radius of the speaker rim. On the thinner

one cut two holes with 31/0 in. radius
making sure that when the two pieces

are fastened together the holes in the
two different panels will be concentric.
The 1/4 -in. piece mounts the speakers,
the 3/4 -in. piece provides an effective seal
on the panel seat.
The enclosure as it has been developed

was designed to fit into a cavity in an

existing radio -phonograph console. It
can be used in a console especially designed for it or to fit into a cavity in the
wall of a home. When specifically providing a cavity for one of the CW Horns
allow a space of 1/2 in. or more completely around the sides, ends, and front,
in order that the enclosure may rest on
two 1/2 x 1 x 16 in. strips of felt or rubber. This provides a measure of isolation
which is important in preventing acoustic feed -back.
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In situations where grill cloth is not
needed it is well to tack plastic or glass

-not metal-window screen over its
front to prevent the box from becoming
infested by insects. Caution : in designing grill cloth frames avoid encroachment upon the mouth area of the horn.
An excellent hardware for making snap on -and -off grill frames is to be found in
Johnson 108-75A banana plugs which
are available in most electronic supply
houses.

The enclosure built of fir plywood and

held together by nails or screws, the
heads of which are visible, needs decoration to produce an accepable piece of

furniture. Certainly most any builder
can develop a satisfactory solution to his

specific problem. There are many fabrics, plastics and wood veneers which
may be used. The box may be laid on its
side

if you wish. Development of a

satisfactory conversion is an interesting
project. Two such units at opposite ends
of a large equipment cabinet serve as a
stereophonic system when connected to
a two -channel amplifier; when paralleled, they provide a wide "monaural"
sound source.
Many have given assistance and encouragement in experiments with the enclosure and the preparation of this article for publication. I am especially

grateful to Dr. Wm. M. Rust, Jr., Dr.
M. R. MacPhail, Mr. Frank Feagin and
Mr. Alex Frosch of Humble Oil & Refining Company; Mr. Carl R. Wisch-

meyer of The Rice Institute; and Mr.

L. W. Erath of Southwestern Industrial
Electronics Company, all of Houston,
Texas. Correspondence concerning this
"CW Horn" is invited.
List of Materials
4' x 8' sheet of 3/4 -in. plywood.*
1/2
lb. of glue I Weldwood or Cascomde).
Cross
or .y,t8-11/2" wood strews or 8d
finishing nails 11 lb.).
Box of 1 -in. wire brads.
1/8
lb. of 4d finishing nails.
Casket material: 1/16- or Ye -rubber or cork for
speakers and speaker panel. Sheet 12" x 36".
^ A-0 Exterior grade preferred.
1

1

List of Parts
1-17" x 311/2"

2-17" x 17"
3-17" x 17"
4-17" x 33"
5-17" x 4"
6-17" x 7"
7--17" x 5-7/16"
8-17" x 18-9/16"

9-17" x 81/4"
10-17" x 133/4"
11-17" x 21/n"
12-17" x 11 1/4"
13-17" x 21/4"

14-17" x 21/4'
15-17" x 19 "
16-17" x
17-17" x 334"

18-17" x 3 "
19-17" x

20-17" x 101/4"
21-83/4" X 11/4"
22-83/4" x 11/4"

Back

Bevel:

End
End

Side

Fillet
Fillet

45* -45'
45* -45'

85'
31* -84"

Fillet
Fillet
Fillet
Fillet
Side

Speaker Panel

84°
78°
40"--44*
461.-49"
86"
411.-45"

45* -48"

Penni End Support
Panel End Support

The Aperiodic Loudspeaker
Enclosure
E. de BOER

The author analyzes the requirements of a resonance -free woofer enclosure and then proceeds to design a practical cabinet that fulfills these requirements to a maximum degree.
THE REALIZATION of adequate reproP
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when the dimensions of the radiating
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only causes trouble in obtaining a flat
frequency response but a severe limit is
imposed upon the maximum power as

I

F

A. C. IN VOICE COIL

Fig.

System? These systems have in common
that they demand a rather critical choice
of parameters of the loudspeaker as well
as of the enclosure.
The author has developed a small -sized
enclosure which can be used with a nor-

mal type of loudspeaker and is not

critical. The design objective has been

limited power

to approximate the behaviour of the

capability or upon an improved power
match resulting in a jagged frequency

loudspeaker in an infinite baffle with the

1956.

VELOCITY OF SOUND

.fir

1. Hypothetical loudspeaker in an infinite wall.

has led to the Acoustical Suspension

1 E. J. Jordan, "Loudspeaker enclosure
design" Wireless World, Jan. and Feb.,

u/c

pp SOUND PRESSURE AT
DIAPHRAGM

large volume. In a small -sized cabinet,
where resonance is used to reinforce the
bass end, the improvement is present

quency response toward some 20 cps.
Provided with a large -diameter loudspeaker such a system can produce
sufficient power for normal listening
conditions. A similar type of reasoning

r

x FREQUENCY

FORCE EXERTED BY

be attained by a system occupying a

It has recently been shown' that under
certain circumstances a small enclosure
is theoretically capable of a flat fre-

-

21r

Sp EFFECTIVE AREA OF
DIAPHRAGM

Since this is not feasible beyond a certain limit, the loudspeaker enclosure is
designed to improve the match between
diaphragm and air load. It can be stated
quite generally that an improved match
over a large frequency range can only

has been designed to obtain a smooth
frequency response, the power requirements being completely put aside.

j

=

VOICE COIL

The .only way to meet both design objectives is to increase the radiating area.

response curve. Many solutions are actually situated midway between these extremes. The only one of these extremes
which can be called satisfactory is the
first one. The author believes that there
may be interest in an enclosure which

k
c

well.

quency response with

u

/
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(r). PARTICLE VELOCITY AT
DISTANCE

length of the emitted sound, a poor
match exists to the air load. This not

centrate either upon obtaining flat fre-

ej(ut - kr)

REFERENCE AMPLITUDE

p1

member are small compared to the wave-

One can conclude from this that for a
given maximum volume one has to con-

I
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at these frequencies. More specifically,

range.
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tion efficiency of cone -type loudspeakers

over only a very narrow frequency

kr)
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duction of low frequencies is a wellknown trouble of high fidelity. This
difficulty is mainly due to the low radia-

requirement that the fundamental resonance be critically damped. This has
been realized by adding two adjustable
parameters to a system resembling a
bass -reflex system.
Electrical Analogue of a Loudspeaker

tern can be converted into a pulsating
sphere radiating into the left half -space
without introducing too large an error,'
as shown in Fig. 1. From the given formulas for the sound field it can be seen
that the amplitude of the sound pressure
is inversely proportional to the distance.
Hence our hypothetical loudspeaker (fed
by a constant current I) has the property

that the pressure response at a given
point in the radiation space is independent of frequency.
This simplified theory shows why an
actual loudspeaker may have a reasonably flat pressure response even when
3 F. V. Hunt, "Eleetroaeousttes." Fig.
5.7 (page 158) and rblated text on page
151.

Let us discuss first the performance
of a loudspeaker on an infinite baffle.
For reasons of simplicity we first assume

that the diaphragm has no mass *id is
freely suspended. When a constant current I passes through the voice coil, a
force F is exerted on the diaphragm.
This force can be balanc?d only by acous-

tic forces, so the sound pressure po on
the diaphragm is constant with frequency.

For low frequencies, the radiating sys2 E. M. Villchur, "Revolutionary loud-

speaker and enclosure" AUDIO, Oct., 1954,

and July, 1955.

Fig. 2. Electrical analogue of the system
of Fig. 1.
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We refer to this impedance as the radiation impedance of a circular orifice. In
the case of our hypothetical loudspeaker
this impedance is connected directly to
a voltage source representing the con-

stant force F. The voltage across the
configuration of Fig. 2 now represents

the sound pressure on the diaphragm.
For the spherically symmetrical radiaalso

tor of Fig. 1 it represents the sound
pressure at a given point in the radiation space as well. So from our electrical

analogue it is easily verified that the
pressure response of the loudspeaker
Fig. 3. Loudspeaker with mass (M) reac- will be fiat. The radiated power is repretion included.
sented by the dissipation in R. The inthe dimensions are smaller than the ductance L represents a certain mass of
air vibrating in the neighborhood of the
wavelength.
For a discussion of the power capabil- diaphragm without dissipation (radiaity we are interested in the amplitude A tion mass).
We have now acquired the skill to
of the diaphragm excussions. The diastudy
the performance of actual loudphragm velocity vo = jwA is related to
the force F by the concept of mechanical speakers from the electrical analogue.

The mass, stiffness, and so on of the
diaphragm are added to the analogue
and the pressure response will still be

impedance zm defined as
zu

given by the voltage across the radiation

From the formulas given in Fig. 1

it

follows that
zm = SD Pc

kr°

kro- j

where k =to/c (1)

For low frequencies zit is nearly proportional to frequency; hence the amplitude A is nearly inversely proportional

to the square of frequency in order to
maintain a constant sound pressure. This

is the reason sound power at low frequencies is severely limited.
In order to visualize more clearly the
operating conditions of actual loud-

speakers we will refer to an electrical
analogue of the mechanical system. Any
mechanical force will be represented by

an electric voltage, and a velocity by a
current. A mechanical impedance is then

transformed into an electrical impedance, which may be numerically equal
to it.
As can be verified easily, impedance'
can be represented by the electrical impedance of a resistance and an inductance connected in parallel as in Fig. 2.

impedance of Fig. 1. The addition of
these extra, though unavoidable, ele-

ments cause the frequency response to
deviate from the ideal one.
First we assume that the diaphragm
has a non -vanishing mass but still infinite compliance. Since the force F has
to be divided between mass and air load
the mass reactance appears in series in
the electrical circuit. See (A) in Fig. 3.
By way of the equivalent configuration
of (B), the pressure response is easily
calculated. Here F represents the mechanical force and F' the part of it that
is effective in radiation. One can see that
the introduction of mass reduces the efficiency and causes the higher frequencies
to be reduced in strength.

Now we add the feature of a finite
compliance. This appears in Fig. 4 as a
capacitor (proportional to the compliance), again in series with the radiation
impedance. The resulting configuration
gives rise to a series resonance which
actually lies in a frequency region where
the damping by Reis very small. This
means that this fundamental resonance
will not be materially damped by acoustic
radiation.
The damping arises mainly from

mechanical friction and from the electromagnetic coupling to the driving

amplifier. The friction can simply be
represented as a series resistor. The
electromagnetic damping can also be

Fig. 5. Velocity -controlled loudspeaker.

is completely controlled by the amplifier
and the driving system is represented in
the electrical analogue Fig. 5, by a pure

current source. From this it is apparent
that the low -frequency response drops
6 db per octave. This is a well known
property of high -efficiency speakers
driven by an amplifier with low internal
impedance. The actual situation will be
somewhere between those pictured in
Figs. 4 and 5. Since amplifiers are frequently designed so as to deliver a nearly
constant output voltage, the driving

system is preferably depicted as in Fig.
6,

consisting of a current source vo

shunted by a resistor Q. The velocity vo
is the velocity attained by the diaphragm
when the total ohmic resistance would
be zero. The current consumption by Q
is a measure of the actual voltage drop
over the internal resistance of the amplifier and the voice -coil resistance, v. Hence
the numerical value of Q is inversely pro-

portional to this total resistance. From
Fig. 6 it is apparent that the damping
is largest when Q is large, that is, when
the total resistance in the voice -coil
circuit is low.
Loudspeaker in Enclosure

The electrical analogue serves as an
important tool toward understanding
the action of more complicated systems.

When a loudspeaker is placed in an
enclosure the diaphragm has to exert
additional forces. Hence the elements
due to the enclosure appear in series
with the diaphragm impedance of Fig. 4.

it

a
FREQUENCY

studied from the electrical analogue but
the derivation is somewhat more involved. Suppose for a moment that the
voice -coil resistance is zero and that the
amplifier is a pure voltage source. The

motion of the diaphragm will then be
such that the induction voltage developed
Fig.

4. Loudspeaker with effect of finite
compliance (C) included
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in the voice coil just balances the impressed voltage. The diaphragm velocity

Fig. 6. Loudspeaker with electromagnetic
damping.

1--4f-A;....-;1-, Omar,

locities appearing in the circuit. For the
acoustical response, however, we may

state that the sound pressure at large
distance is approximately represented

by the difference of the voltages across
L and L'.
The performance of the bass -reflex
Fig. 7. Loudspeaker in completely closed
b.7x ,E represents stiffness of enclosed

volume of air).

system will be analyzed only briefly.
At the free -air resonance frequency of
the loudspeaker nearly the whole force

F appears across the parallel section.

Because of the finite compressibility
of air a completely closed box acts as a
stiffness, at least for low frequencies.
The analogous capacitor E appears in
series with the diaphragm stiffness C,
thus increasing the resonance frequency
(Fig. 7.) When the enclosure is provided
with a port, the situation becomes much

When this section resonates at the same
frequency, full radiation is retained
while at the same time a large mechani-

more complicated. Under the assumption

tion becomes inductive and the series
section capacitive, so that a series resonance develops. At frequencies higher
than the parallel resonance, the parallel

that the port radiates without interaction with the diaphragm, its impedance
is again represented by an inductance L'
and a resistance R' in parallel. In order

to find the proper places of this impedance and the enclosure's stiffness we

note that the air flux issuing from the
rear side of the diaphragm can choose

between two ways. Part of the flux
leaves the enclosure via the port, the
rest is effective in building up sound

pressure inside the box. This two-way
choice can be represented by a parallel
connection of the capacitor E and the
port's radiation impedance as is illustrated in Fig. 8. The parallel configuration can be defended as well by noting
that the pressure inside the box must be
the same on all places. Thus the port is
driven by the same sound pressure as
the enclosure's stiffness. In the electrical analogue both impedances must then

be connected across the same voltage,
hence they must be connected in parallel.

The circuit of Fig. 8 gives the generally accepted electrical analogue of what
is easily recognized as a bass -reflex sys-

tem. In two respects, however, the circuit is deficient. First, the interaction between diaphragm and port is neglected.
Proper introduction of this effect makes

the circuit much more complicated. In

the second place the radiation of the
rear side of the diaphragm is 180 deg.
out of phase with that of the front side.
In our qualitative discussion we assume

that both effects do not have a large

effect on the various pressures and ve-

cal impedance is presented to the diaphragm. This advantageous situation is
Only present over a small frequency

Fig. 9. Origin of main resonances.

range, however.
At lower frequencies the parallel sec-

so that smooth frequency response is
obtained from the radiation of the dia-

section becomes capacitive and the series
section inductive so that a second series

phragm. The unavoidable resonances can

only be attacked by the application of
damping.

It has been shown' that under certain

conditions a very small value of the

resonance to be reduced in amplitude. A
typical theoretical response is shown in
Fig. 8.

resistance R' can serve this purpose effectively. Such a value can be realized
by introducing a port provided with a
thick though porous resistive cloth. The
resulting enclosure is claimed to have a
flat response towards some 20 cps.
Due to the fact that one resistance is
used to damp two resonances and one
anti -resonance, the system is quite critical, however. In addition, the residual
radiation of the damped orifice tends to
impair the lower frequency. For these
reasons the present author has tried to

Damped Enclosures

from these disadvantages.

resonance of the whole circuit appears.
At these two resonances the diaphragm
velocity becomes maximal. The resulting

maxima of the induction voltage

de-

veloped in the voice coil cause the well
known double hump of the voice -coil
impedance which is specific to the bass reflex system. The opposite polarities of

front and rear waves cause the lower

The bass -reflex system provides us
with an easily realizable configuration of

mechanical impedances due to the enclosure. Over a restricted frequency

range an improved match between diaphragm and air load is obtained by way
of the port radiation. This occurs, however, at the expense of the response at
other frequencies.
In our design we will stick to this type
of configuration, though the requirements are completely different. The im-

find a solution which does not suffer
Let us focus attention to one of the

series resonances of a typical bass -reflex

enclosure (provided with a port that is

too small). At the frequency of the

upper resonance the mass -like impedance of the diaphragm resonates with
the stiffness -like impedance of the enclosure. The latter is given almost exclusively by the stiffness of the enclosed
volume of air. This series resonance is
indicated schematically by the thick line
in (A) of Fig. 9. This resonance can be

pedance of the enclosure will be used
solely to control the diaphragm's motion.

The port will not be used as an alternative radiator of sound. This is obtained
by making the port area exceptionally
low. We will try to modify the system

Fig.

Fig. 8. Loudspeaker in box provided with additional orifice.

10. Loudspeaker in "aperiodic" enclosure.
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sonance of the parallel section is met.
This resonance tends to cause a dip in
the frequency response. It is, however,
damped by the two resistances P, and
P,. With a proper choice of parameters,
correct adjustment of P, and P, automatically reduces this anti -resonance to
the wanted degree.

These parameters have been determined experimentally by way of the

Fig. 11. The aperiodic enclosure.

damped by a series resistor inserted anywhere in the indicated path.

The other series resonance is due to
the stiffness of the diaphragm impedance at low frequencies being balanced

by the mass -like character of the enclosure. The current path of this resonance is indicated at (B) in Fig. 9.
Both resonances can be damped nearly
independently by inserting two resistors,
one in series with E, the other in series
with L' (see Fig. 10).
At intermediate frequencies the re-

electrical analogue. It appeared that the
choice of the parameters L' and E is not
critical so that a rather low value of E
can be chosen. This results in a very low
enclosure volume which is, of course, a
very attractive feature of this system.
There remains the question whether
the obtained system can be realized
acoustically. The electrical analogue

shows that the resistors P, and P, have
to be inserted in series with L' and E.
As regards P the acoustic air flux has
to pass through P1 before developing
sound pressure across the port impedance. Referring to Figs. 8 and 10 it follows that an acoustic resistance has to
be placed in the port.
The placement of the element corresponding to P, is somewhat less obvious.
The air flux v, toward the port (Fig. 8)

13. Detail of front corner construction.

must not be hindered, whereas the flux
v, has to pass through a resistance.
This situation can be realized by
stretching a resistive cloth over the rear
of the loudspeaker, so that both the loudspeaker and the port are isolated from
the main volume. The obtained enclosure
is shown schematicklly in Fig. 11. It has

been checked experimentally that this
enclosure operates as expected and that
the small cavity behind the loudspeaker
(see the dotted capacitor in Fig. 10)
does not introduce a noticeable extra

H
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Fig.

resoiance.

Construction of the Enclosure

The external appearance of the en-

closure is much like that of a bass -reflex
system. The dimensions are chosen quite
differently, however. The volume is less
than one half the normal value, and the
port area is much smaller than the diaphragm. By way of a resistive cloth the

interior volume has been divided into
two parts (Fig. 11). The smaller cavity
I/8
CLEARANCE

contains the loudspeaker and opens into

1 4,

Li\
I

'.

LOUDSPEAKER

I

II

OPEN NG

I

I

the port, the larger one consists of the
remaining part of the volume. This
dividing member serves to reduce the
upper resonance, thus eliminating the
most objectionable cause of boom.

The port, here having the form of

a

narrow slit, is covered by a thin layer of

.I

similar material, in order to damp out

14

I
1""

>LIT

y8
CLEARANCE

the lower resonance.
The damping of the resonances can be
adjusted by changing the thicknesses of

the layers. This adjustment being one
of the major stages in the construction,
the construction must be such that the
interior of the enclosure is easily accessible. When properly adjusted, the system is capable of a smooth frequency
response extending to one half octave
below the speaker's free -air resonance.
The lowest frequencies are somewhat attenuated because of the cancelling action

Fig. 12. Constructional data for aperiodic enclosure.
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of the residual sound radiated by the

slit. This defect is easily overcome by
applying some bass boost in the amplifier.

Full constructional data of a free-

standing model of the enclosure is given
in Fig. 12. With a few modifications the
enclosure can easily be converted into a
corner model. The construction is intended for use of a 12 -inch bass -range
loudspeaker. Bebore ordering wood be

sure that the critical dimensions indicated by the thick arrows in the figure
are sufficient to accomodate the speaker.

We suppose that all panels are pre sawed to the correct dimensions and that

the vertical posts E are dressed to a
quarter of a cylinder in a cabinet shop.
These vertical posts are used to allow
the front panel to be shifted a few inches

backward. As shown in Fig. 13, the
space thus created between the posts
accommodate a wooden frame c that
bears the decorative grille used to hide
the loudspeaker from view. In this way
an excellent external appearance can be
attained even by the unskilled home
worker. The limited space does not permit us to describe the construction in all
details. We will confine ourselves to a
few general remarks. See Fig. 14.
Before assembling the parts, the side
panels A are provided with 1" x 1"
strips along the edges, and with strips C
and D along the front -side edges. The
latter strips are used to bear the vertical

posts E and the front panel B. Strips
placed on the panels at irregular intervals and in random directions serve for
bracing purposes. Needless to say that
all joints are glued and screwed in such
a way that no heads of screws are visible from the outside. After addition of

the vertical posts E the enclosure

is

erected by mounting the front and back-

side panels provisionally, that

is, by

means of screws one size too small. Top

and bottom edges are checked to be ex- secured and the enclosure is lined by 1
actly level and the corresponding panels in. felt. The front and back panels are
are brought into place. All joints are now mounted by large screws. A sturdy
again glued and screwed. After drying plug, fitted in such a way that no leakovernight the front and backside panels age of air can occur, serves as electrical
(which have been fastened by screws connection.
Before concluding, a few additional
only) are removed to permit completing
the front panel. Two wooden clamps F remarks. Since this system has been proare used to house the perforated metal vided with a decorative grille, it is not
plate which bears the main resistive very suitable for all -range use. It is prefmember. The terminal wires of the loud- erably used as the bass section of a
speaker are led out of the cage through multi -channel system. In this connection
holes in these clamps so that they can- it is not superfluous to mention that the
not touch hard surfaces when vibrating. efficiency of the bass section has been

The clamps are provided with rubber reduced by the applied dampings so
strips along their protruding edges in that introduction of attenuator pads in
order to prevent vibrations of the metal the other channels is necessary. Figure
plate. A two-inch layer of plastic foam 15 depicts a three-way system with
is tightly sewn to the plate before the crossover frequencies of 400 and 3000

latter is secured to the clamps. A similar cps. The attenuators shown are capable
plate of perforated metal is fitted over of some 10 db of damping thereby prothe front side of the slit. For the first viding a nearly constant impedance.
In the author's system the midrange
test run this is not equipped with dampspeaker and the tweeter (direct radiaing material.
The enclosure is now assembled and tors) are housed in small cabinets of
tested by feeding it with pure tones. The which the rear sides are replaced by one voice -coil impedance can be determined inch layers of plastic foam. This permits
from the voltage across it when the loud- the loudspeaker to be oriented in such a
speaker is fed by a nearly constant way as to improve the diffusion of
current. The test run reveals the usual sound without causing trouble by backtwo resonances of which the tipper one ward radiation.
The enclosure's dimensions given apappears to be heavily damped. Now the
thickness of the absorbing material on ply to use of a 12 in. woofer. For larger
the perforated plate is increased until sizes all dimensions can be increased in
the resonance has about disappeared. the same proportion as the cone diameThe lower resonance as well as the mini- ter. The interior volume is not at all
mum in the impedance curve are still critical so that a somewhat smaller inclearly visible (and audible). For arriv- crease may be sufficient.

ing at the proper thickness of the material to be placed over the slit, it is
necessary to install the wooden frame
bearing the decorative grille. This can
be screwed on the front panel just by
removing the back side panel and screwing from the inside. The layer has to be
about Y4 in. thick. When the adjustment
has been completed, the upper resonance

has completely disappeared, the lower
one being still noticeable on measuring,
but sufficiently damped by the audio
amplifier. All screws, especially those of

the loudspeaker, are once more tightly

Fig. 14. Exploded view of aperiodic enclosure.

Fig.

15. Three-way crossover network.
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The "Standard" Speaker System
C. G. McPROUD
The forerunner of most of the present-day back -loaded horns was first described in these pages eight
years ago this month. Mentioned occasionally as our "Standard" speaker system, it has aroused so much
interest among those who missed the first publication that it is here reprinted with only minor changes.

pAR FOR THE COURSE in hi-fi is the de-

sire for change, be it

amplifiers,

tuners, phono equipment, or-more
likely-speaker cabinets. A healthy condition, and one to which we subscribe
heartily if we are sure that we are able
to better ourselves or our music reproduction by so doing. In addition, when
changes are made the equipment that is
replaced is

often passed on to some

newcomer to hi-fi, who starts the cycle
over again with his continued upward

improvement. One of advantages of
component hi-fi is that the equipment
usually lasts for many years, but that if
changes become necessary they may be
made simply by replacing the individual
section. However, the speaker cabinet

described here has not been changed
(except to add a super -tweeter which
was not even on the market when the
cabinet was first built) since 1948. This

particular enclosure was described in
these pages in January and February,
1949, and reprinted in the 1st Audio

the low -frequency cone.

Basic D.sign

It will be seen that this enclosure pro-

vides for a television set with the picture tube located between the two

speaker sections. The original design
used a 12 -in. tube, and since then the
favored tube size has increased to 21
inches. The basic idea could well remain

the same, even though the tube enclosure would have to be enlarged. On the
other hand, it is thought probable that
many would prefer to mount the high frequency unit(s) in this same space
and eliminate the superstructure. In any

case, we again present this article-

with slight modifications and editorial

changes-for those of AUDIO'S more
recently acquired readers.

With television firmly established as
a home entertainment medium, (in many
homes) a complete installation

necessarily contain TV facilities, with-

out sacrificing the superb quality desired for radio and phonograph reproAnthology. However, so many inquiries duction. Therefore, solving two probhave come in about what we consider lems at once, the TV installation has
the "standard of comparison" amongst been combined in a cabinet with the
loudspeakers that we are reprinting the loudspeaker in a form which results in
original article almost exactly as it ap- high -quality reproduction, a reasonable
peared eight years ago. At that time it compactness, and a piece of furniture
was the first corner cabinet that em- which is an eye -appealing addition to
ployed both front and back waves from

a modern living room.

two - way
speaker system in
The

a modern corner
cabinet,
12 -inch
in the

location

best

Minor

with
TV

a

tube

optimum
for the

illusion.

changes

would permit the
use
of
larger
tubes, if desired,
or its space could
be
occupied by
the
high - frequency
speaker
section, eliminating
the
superstructure.

It has been fairly well established
that the most efficient location for a
loudspeaker is in the corner of a room.
The most familiar example of this arrangement is represented by the Klipsehorn, which consists of a two-way
speaker system with both high- and lowfrequency units being horn loaded. The

cabinet work for the Klipschorn is extremely complicated, and certainly not
one which the amateur woodworker
should attempt. Some constructors have
mounted several medium -quality cone
speakers on the two sides of an obtuse
enclosure which was placed in corner
and have used this arrangement with
excellent results. The corner location is
optimum from the standpoint of loading on the speaker, since the radiation
is over only half the angle of that from
a speaker mounted on a flat wall. With
a number of ordinary cones, the result

is a means for moving a rather large
volume of air without the necessity of

having a large cone excursion of a single
unit. Thus, better low -frequency response is obtained with speakers which
individually would not perform so satisfactorily.

The writer had long used a standard
two-way speaker, with the woofer in an
8 -cu. ft. bass -reflex box of conventional
design, and while the reproduction
quality has been considered excellent,
the low -frequency output did not com-

pare with that of a good theatre - system. Thinking from this point, the next
step appeared to be in the direction of

a corner speaker, yet utilizing the reflex action of a vented cabinet. Basically,

therefore, the new design could still be
described as a bass -reflex cabinet, but it

occupies the corner of a room and is
arranged so that the vents are loaded
by a horn comprised of the walls and
the sides of the cabinet enclosure. The

plan view of the cabinet is shown in
Fig. 1, with the vent openings A -A' along

the sides. Thus the -vents are loaded by
the straight -sided "horn" between the
wall and the cabinet.
Experience has shown that loading of
the vents should be accompanied by a
similar loading on the direct -radiating
side of the It:INV-frequency speaker, so

the front of the cone is provided with
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Fig.

1

(above). Plan view of the new design, showing vents

at either side between the cabinet and the wall and the
horn loading provided by the wall and the cabinet sides.

another horn section, B, thus equalizing

front and back loading and increasing
the radiation efficiency. A top for the
cabinet provides an air seal by means
of gaskets between it and the wall, and
the floor provides the other side of the
horns on the the vented ports. The entire cabinet is open to the back, and
utilizes the room corner, although if desirable for use in other locations, a false
corner could be constructed to provide
the necessary back.

After determining the basic design,
any necessary variations can be made
to accommodate TV, as has been done
in this case. The picture tube is simply
enclosed in a wood housing, and doors

Fig.

2

(right,.

Front
view
of
the cabinet durconstruction,
ing

showing

the

"well"
and the TV tube
woofer

enclosure.

Development of the practical aspects
of the construction is controlled by the
units selected for both high- and low frequency speakers.

and the space behind it is large enough

Good speaker performance depends
on a number of factors. Among these
is a high gap flux, which should be as
great as possible. A high field strength
makes for good damping as well as the
maximum of efficiency. Another important factor is the relative weights of

to accommodate the TV receiver chassis.

the cone itself and the voice -coil struc-

in the cabinet front cover the screen
when it is not being used. The superstructure, which can be seen in Fig. 2,
houses the multicellular high -frequency

horn and unit, and the super tweeter,
With such a construction, the picture
tube is between the speaker sections,
and the illusion of sound coming from
the picture is considerably better than
if the speaker were either above or below, or at the side of the screen.

Construction Details

Getting down to a specific design,
therefore, the cabinet takes the shape
shown in Fig. 1, for a cross section at
the plane of the low -frequency cone,
and at (A) of Fig. 3 at the plane of the
center of the TV picture tube. The top
of the low -frequency, cabinet has the
outline shown in the solid line at (B),
with the superstructure shown by the
dotted lines. The top is 39 inches from

ture. It is considered good practice- the floor, and the corners of the top
for good low -frequency reproduction-

to have these two weights as nearly
equal as possible. It is also important
to have as low a resonant frequency as
can be obtained readily.

meet the side wall 36Y2 inches from the
corner. Allowing for the volume of the
speaker well and speaker end of the tube
enclosure, the net volume of the cabinet
is 8.5 cu. ft. This does not include the

s.

Fig. 3. (A' Cross section of the cabinet at the plane of the center of the picture tube to show location of tube enclosure. (B) Plan
of the top (solid lines' and of the superstructure (dotted lines).
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4. Details of the pieces which comprise the lower cabinet, speaker well, and tube enclosure. Latter
now almost obsolete.

vent horns, which are usually added into
the volume when vent pipes are used on
the reflex ports.

Figure 4 shows the major parts used
in the assembly of the low -frequency
portion of the speaker, together with
the housing for the picture tube. This
housing is scaled for a 12LP4, which is
obsolete by now. If a larger tube is to
be used, the housing should be arranged

groove along the back edges of the top
provide space for a gasket to make an
airtight seal. When the hand -hole cover
is replaced, the structure is airtight except for the vents.

The wood selected for the top and

bottom of the tube enclosure, with a seemingly over -solid construction.
It mounts the deflection yoke,
and thus permits adjustment of the TV
receiver with the tube removed from
the cabinet; and it also permits anchorposes :

ing the cabinet to the corner of the

room, if desired, by means of a pair of
chains and two turnbuckles. The cabinet is placed close to the corner, and
with the turnbuckles open to their maximum, chains are looped over a hook
mounted on the floor right in the corner. Then the turnbuckles are tightened
140

for 12 -in. tube,

up, thus locking the cabinet into the be described in the following pages, and
corner with the top tight against the the parts are not shown in Fig. 4. Howwall. The quarter -inch semicircular ever, it might be well to plan on an-

front of the cabinet should be a suitable
to be large enough. However, it is felt match (or contrast) for the furniture
that the majority will not combine TV used in the room where the speaker is
with the speaker anyhow, and will sim- located. For solid construction, % in.
ply omit the tube housing or else place material is recommended, with veneered
the high -frequency horn at this point, hardwood, being used for the top (A)
with a suitable housing around it. Fig- and the front (B). The doors (0) and
ure 5 shows one model with the high - (P) should be veneered on both sides.
frequency horn in a space at the top.
The bottom (E), sides or wings (C)
If the TV tube is to be located in the and (D), speaker baffle (J), and the
speaker cabinet, the method will 'be tube enclosure (F) can be of less exfound applicable, even though some di- pensive fir plywood, also % in. thick.
mensions must be changed. It will be The tube enclosure is a part of the
noted that there is a hand hole in the acoustic chamber, which accounts for its

removable cover which serves two pur-

is

other veneered piece nearly as large as
the top (A), since the grain should run

parallel with the front of the cabinet.
The two tops will cut readily from one
panel of hardwood veneer.
Since this speaker is supposedly
"functional," no attempt is made to dis-

guise its appearance. The front of the
low -frequency cone is visible in the

speaker well, or horn, being protected
by a screen of expanded metal. In the
writer's cabinet the inside of this horn
is finished in dark blue lacquer, as are
the sides of the cabinet and the edges
of the two tops. (Thin ribbons of wood
are now available for covering the edges
of plywood or veneered paneling. These

are already glued and may be applied
quite readily to the edges prior to finishing, thus giving a uniform wood surface throughout.) The front and the top,

The sides, (K) and (L), of the
speaker well are shaped from two-inch
white pine, and should be fitted to the
opening in the panel. The speaker baffle
is drilled with eight holes, and T-nuta
for mounting the speaker are installed

together with the superstructure, are

on the front before the "horn" is as-

well to the panel, as well as the non veneered edge of the top. If a uniform
hardwood appearance is desired, the

sembled. In addition to the pieces shown,
a number of % x % strips will be needed

edges should be veneered-a job best
done by the cabinet maker who cuts the

for corner reinforcement. Parts (M)

pieces out. One caution is necessary-

and (N) are for the acute corners at the
front of the cabinet.
The details of the superstructure will

make sure that the top will fit the corner
tightly. Not all rooms have 90 -deg. cor-

bleached oak, as is the tube mask. Lacquer covers the jointing of the speaker

ners.

Next the corner braces are attached to
the front, and the strips along the lower
edges of the sides are screwed in place,
3/4 -in. up from the edge. The sides are
then fitted into the groove in the front
panel, and all joints screwed together.
The tube enclosure is next mounted to

the front, and supported at the back
with a cross brace. The entire structure
should now resemble that shown in Fig.
6, which also shows the 1/2 -in. square
furring strips for the sound -deadening
lining.

At this point, the doors should be
fitted, using %-in. Soss invisible hinges

which are mortised into the front and
the doors. These are the least obtrusive
of any hinges available, and while they
are a little difficult to mount, the final
appearance warrants the extra effort.
Electrical Connections

Some provision must be made to in-

troduce the signal and an a.c. line to
the unit, since it will not be readily accessible once the cabinet is mounted in
place. The power circuit is necessary
for the TV chassis, as well as for a posFig.

5. Modified version built by Harrison Associates, New York. High -frequency
units are behind grille at top of cabinet.

Assembly

on the bottom, set back 2 in. from all

Once all the pieces have been cut out,
the next step is that of assembly. Since

sides, and with the front corners mitered.
The bottom is thus inset, since the sides

some of the operations appear to be
tricky, it is well to follow a certain pro-

cedure to avoid having to put the last
few- screws in with an offset screwdriver. The first step is to assemble the

also extend to the floor. After the bottom is attached to the front, it is also secured to the speaker baffle.

sible outlet for a lamp or clock as an
ornament on top of the speaker. Since
the speaker is designed to work from a
radio-phono system housed elsewhere,
the speaker signal must also be fed in.
This is done at a small panel located

just inside the lower right corner of

the cabinet. One three-way male receptacle is used for speech, and a two-way
male twistlock receptacle is used for
the a.c. line. The speech circuit goes to

speaker well, which approximates a

short exponential horn. Parts (0) and

(H) are mounted on part (J), using

the shaped sides as spacers. Remember
to put the T -nuts in place on the baffle

before attaching the other parts. All
joints should be glued, preferably with
casein glue, and secured with 11/4-12
flathead wood screws, countersunk. This
assembly should then be attached to the

front panel, also with glue and wood
screws. The shaped sides, (K) and (L),
are then fitted into place, also with glue

and screws. Every joint in the cabinet
is made with both wood screws and glue

except that between the top and lower
section. The top is attached only with
screws, so it may be removed to enable

Fig.

6.

rear
lower
showing
the

View of
of the
cabinet
method

of assembling the
various

sections.

the cabinet to pass through a 30 -in.
door.

After the speaker well is completed,
the bottom is attached to the front, using a 3/4 -in. strip at the joint. The front
extends clear to the floor, to eliminate
the extra construction necessary for a
recessed base. Actually, however, .after
living with the unit for over four years
without a recessed platform mounting,
the person in charge of furniture in our

house prevailed upon us to raise the
cabinet by using three pieces of 2 x 2
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a switch which selects radio-phono in
one position, TV in another, and turns
the speaker off in the third-both inputs
being properly terminated when not in
use. The switch is mounted on the right
wing just under the top, and the high frequency horn attenuator along side of
it. The output of the switch then goes

should wait until the superstructure is

top and superstructure are detached

completed in order that the two sections
match as well as possible. Since most of

plete assembly will not go through a

the work on the lower section is now

complete, the padding may be tacked in,
using large -headed roofing nails to prevent tearing out. Ordinary rug padding,
such as Ozite, appears to be satisfactory
to the dividing network, mounted on top for this purpose, although rock wool or
of the speaker well, and thence to the Fibreglas is recommended by some contwo speakers units. Access to the high - structors. The possibility of the fine

frequency unit is had through an 8 - glass shredding around a speaker cone
terminal Jbnes receptacle, which also argues against the use of either of the
receives the speaker output from the latter insulating materials, and the Ozite
TV receiver and carries the a.c. line up appears to do a satisfactory job of deadto the superstructure. This receptacle is ening without this risk. It is desirable
mounted at the back of the tube en- to use two thicknesses over the larger
closure, and permits removal of the top areas, though the furring strips provide
without unsoldering any connections. a good absorptive covering since there
The electrical circuits are shown in Fig. is an air space behind the padding. A
7 for a crossover frequency of 900. cps. still better padding has been introduced
since the original cabinet was built. This
consists of a %-in. layer of felt applied

Preliminary Finishing

standard door. The parts for the superstructure are shown in Fig. 8.
The actual measurements will depend
upon the high -frequency horn and unit
selected, as well as the TV chassis, and
their placement in the superstructure.
The cabinet was originally designed to
house a Tech -Master 630 -type kit, avail-

able at a considerable saving over the
completed model, and still a superb TV
set. Since some modifications had to be
made, it seemed desirable to start from
the blank chassis and build the entire receiver-the true experimenter's viewpoint. As work progressed, it was
learned that while the 630 chassis would

fit in the space, it was doubtful if the
writer could lift it up and put it there
without the aid of an overhead crane.

throughout. This type of felt may be

Therefore the TV chassis was cut apart
-with the r.f., i.f., video and audio sections and the power supply on one part
and the deflection circuits on the other.
The two parts are interconnected by a

obtained from Ingalls Electronics Co.,
30 W. Putnam Ave., Greenwich, Conn.

pairs-one for sync and one from the

with linoleum paste over the entire inside surface of the enclosure, making
sure that the adhesion is complete

After the lower section is completely
assembled, it should receive its first finishing operation. To protect the surface
of the wood, the interior and the bottom
should be given a primer coat, depending on the finishing method selected. All

from the lower cabinet, since the com-

cracks in the exterior should be filled
with plastic wood, and the rear corners
of the speaker well should be rounded
out with fillets of the same material.
After thorough sanding, the sides and
the speaker well should receive a coat
of Firzite, which is an excellent filler for
plywood, and the front and top surfaces

should be filled or primed, as desired.
Final finishing of the hardwood exterior

The

Superstructure

All of the cabinet above the top lettered (A) in Fig. 4 is called the superstructure. It is primarily an ornament,
since it serves no function except to enclose the high -frequency unit and horn
and the TV chassis. This section is

permanently attached to the top, and
when the speaker is to be moved, the
TO SUPERSTRUCTURE

u+

at >

0
o

4'x

13 -wire cable, and two separate shielded

AGC winding on the width -control coil.

Feed to the picture -tube socket comes
fit= the r.f.-etc. chassis, and that to the
yoke and focus coil comes from the deflection chassis. One other refinement is
necessary-a very heavy cable must be
used to connect the two chassis grounds
together. This was not done for a long
time after the original construction, but

a slight "S" curve in all vertical lines
was finally traced to an a.c. drop in the
ground lead of the connecting cable because this lead also carries the relatively
high filament current. A heavy ground
strap cured the trouble.
Since it was not considered desirable
to have screws showing on the top, the
fastening consists of two 5/16 -in. rods,

threaded on both ends, which extend
from the center deck and engage two

oIo

T -nuts which are set into the top panel

JONES PLUG

and fastened with flat -head wood screws.
Fig. 7. Wiring diagram of the lower
cabinet. Plug and
5y

I DB/ STEP

7
I

I.65mh

900 cps

DIVIDING NETWORK
'17.71.f

11.i vi

-2.65mh

The cotter keys keep the rods from

upper
a pig-

dropping out of the hole in the upper
frameviork, so there is no difficulty in

tail on the super-

engaging the T -nuts when the top is put
in place.

cable

at

right are

structure.

'DOO'

Wing nuts are threaded onto the lower
ends of the rods and peened on so as to
serve as handles, as shown in Fig. 9.

The triangular cut-out is fitted with

a perforated metal grille to serve as
ventilation for the TV receiver, which
draws some 300 watts, and consequently
TO
L. F. SPEAKER

needs free circulation of air. The two
side panels are assembled of %-in. veneer, of the same wood as the tops and

the front; they are simply screwed to
the grille support from inside. The TV
brought through these
panels-the channel switch, fine tuning,
picture, focus, brightness, and sound controls are
0

A -F
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volume controls at the right, and the
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Fig. 8. Details of the various parts comprising the superstrucrure. Triangular cutout in part m is for ventilating grille.

hold controls, which only vary d.c. voltages, are extended from the chassis with

H -F Speaker Mounting

long leads and with the shafts extend-

the tube compartment, so the high -fre-

ing down through the bottom panel
where they are accessible in the left
port -horn opening.

It is desirable to include an a.c. outlet on the top so as to accommodate a
lamp or clock. It is equipped with a
length of wire to plug into a dual outlet
on the TV tube cover, which also mounts

the high -frequency speaker unit, and a
male plug which receives the output of
the TV receiver. All connections to the
top section are carried through an 8 terminal Jones plug and receptacle, the
latter being mounted on the back of the
tube housing.
The screen in front of the high -frequency horn consists of another piece

It is necessary to provide access to
quency horn and unit are quickly demountable. Jumbo banana plugs were
mounted on the front corners of the
horn, and on the mounting block for
the unit, and jacks were set into the
framework for the front pair, and into
the tube cover for the rear ones. The
electrical connections for the high -fre-

quency unit are carried on the latter
two, and the entire h.f. speaker may be

UPPER MEMBER

OF FRAME

of plastic grille cloth. This effectively

ROD

hides the high -frequency horn, although

both the perforated metal and the horn
should be painted a light color so as to

male Jones plug.
Needless to say, the high -frequency
speaker must be phased correctly before
its final position is determined. This is
best done by feeding a tone at crossover
frequency to the speaker and reversing
the high -frequency leads if necessary to
obtain the greatest output from the en-

is moved backward and forward until
the maximum output is obtained. If the
additional equipment is not- available,
put a tone at the crossover frequency
on the system, and listen to first one
speaker and then the other, moving the

ear up and down in a plane parallel

avoid the appearance of a dark mass

with and about 18 inches from the front
of the cabinet. If the speakers are correctly phased, there will be a continuous

behind the cloth. Although it.is claimed

that the speaker is functional and not

COT TER PIN

too much effort is expanded to disguise
its appearance, the grille in front of the
high -frequency horn was added as a concession to appearance. However, if the

LOWER MEMBER
OF FRAME

WASHER,

tone heard from one speaker to the

If not, there will be a null somewhere between them. At the crossover
other.

frequency (900 cps for the constants

listener is able to see two separate

speakers of a multispeaker system, he is
almost certain to feel that the sound is
coming from two separate places. If the
together perfectly.

through a short jumper cable to the

output. Then the high -frequency speaker

of perforated metal, covered with a piece

speakers are covered-even as little as
in this cabinet-the two sources blend

cover, and all connections are carried

tire system, preferably measuring the
output by a microphone- and another
amplifier with a volume indicator at its

VENEER TOP

'T. NUT

lifted bodily from the jacks when necessary, without the need for watching
phasing. The a.c. outlets and a receptacle
for the TV output are on the same tube

WING
NUT

Fig.

the

VENEER

CENTER DECK

9. Method of fastening the top to
superstructure

without

exposed

screws to mar the appearance.

shown in Fig. 7) it should not be possible to detect any difference between
the two speakers as the head is moved

up and down. Try moving the high frequency speaker backward and forward until there is no difference between

the two sound outputs, then check by
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The speaker well, the sides, and the
listening to male voices on the complete
system. Optimum results can be obtained edges of the tops are lacquered with
without instruments if necessary, and two coats of ensign blue Lareoloid, which
the lack of them need not deter anyone gives a glossy finish from a brush coat.
This particular treatment may not
from assembling a satisfactory system.
tt is suggested, however, that after de- appeal to everyone, but it is modern
ciding upon the correct position and and attractive, and requires a minimum
phasing for the high -frequency speaker, of work. Since the entire design is esthis position be marked carefully. Then, sentially modern, it is felt that the surlive with the system for a week or so face treatment should also be modern.
After the cabinet is completed, it can
before making the mounting permanent.

Try shifting the unit back and forth be permanently installed as previously

corner speaker. This indicates that tie
low -frequency speaker is 2 db more ef-

ficient in this cabinet than it was with
the bass -reflex box.

Performance of this system compares
favorably with medium -size theatre systems, and it has "presence"-the intangible characteristic of realism which

gives the desired feeling that the performer is actually in the room.
Late Modification

while listening to a familiar record or outlined. Two rings are mounted at the
Since this enclosure was first built in
program. Make sure that the optimum sides of the tube compartment. To these 1948, no changes have been made in the
position is determined before the job is are attached 8 -in, lengths of chain, which original design except for the addition

are connected in turn to 4 -in, turn- of

considered complete.
TV Receiver Placement

The entire superstructure was planned
to house the Tech -Master kit receiver,
since this model has an excellent reputation for performance. Other models
can undoubtedly be fitted into the space
if desired, and the particular method of
placement is left to the ingenuity of the
individual constructor.
Connections to the picture -tube socket
should be made through a 5 -prong socket

a

"super -tweeter"

high -frequency

buckles. Another length of chain is at- unit and its associated dividing network
tached to the other end of each turn- and level control. The speaker itself is
buckle, and looped as closely as pos- mounted on the left side and the level
sible over a large screw hook inserted control on the right, being located
iu the floor right in the corner of the slightly above the center of the narrow
room. The turnbuckles are then tight- panel of parts (9) and (10) shown in
ened up, sealing the top against the wall. Fig. 8. The 4000 -cps dividing network
Originally it was planned to use a steel is enclosed in a small metal case and is
cable, but the difficulty of attaching the mounted on the back of the tube -cover
hooks and turnbuckles to the cable ruled plate, which covers the cutout in part
it out after a few trials. The chain is (A) of Fig. 4. This location is convenmuch simpler. It may be desirable to ient, but would depend somewhat on the

and plug, and those for the focus and deaden the chain with a cloth sleeve size and type of midrange unit emdeflection coils should be made with an
octal socket and plug. It is necessary to
carry a ground connection to the brackets which mount the two coils so as to

have a ground for the outside coating
of the tube, as well as for protection
during adjustments. For the high -voltage connection, it is suggested that a
banana jack be installed on the Bakelite insulating strip where the lead normally leaves the high -voltage compartment. This permits the chassis to be removed for servicing without unsoldering
any connections.
The focus coil and the deflection yoke
are mounted on the hand -hole cover in
the tube compartment, using the original
bracket modified to mount on the sloping surface. The tube is centered in the
compartment, with padding all around

over it, or by lacing venetian -blind cc,rd ployed..

through the links. The gasket used for

Altogether, the design

is sufficiently

the top is a 5/.16 -in. braided clothesline, flexible to permit the use of cone tweet-

tacked on the ends and glued into the
groove for its entire length. The sides
of the cabinet are spaced from the wall
by ordinary door stops-adjusted to the
required 11/2 in. by selecting the point
at which they are attached to the cab-

ers, horns of various sizes, or any other
high -quality components which may be
selected. For example, the model shown
in Fig. 5 employs a 1 )01 multicellular
horn and a super -tweeter, both being
located behind the grille shown at the

inet. Actually, there does not seem to be top of the front panel. One modificaa noticeable difference in performance tion of this type of cabinet consists in
if the cabinet is not perfectly airtight placing a 90 -deg. "V" behind the woofer
to the corner.
with the two panels extending from the
Performance

speaker system
seems to be "the answer," in the opinion
Subjectively,

this

bottom to the top and placed as close
to the speaker unit as possible. This is

quite effective if the front horn is elimof the writer and of many others who inated, with the woofer being mounted
have heard it. It gives the feeling of a directly on the front panel.
wide source of sound, as would be exWe have not seen fit to make any
pected since the separation between low - changes from the original (except for
for protection. The leads are brought and high -frequency speakers is approx- the super -tweeter) and to date we do
up through notches along the side of imately 33 inches from center to center, not believe that we have heard any
the tube compartment cover. A plastic and the very low frequencies come from other complete speaker system designed
mask is mounted on

a

3/8 -in. oak veneer the side vents. The over-all width of the

front panel, providing both protection speaker from wall to wall on the plane
for the face of the tube and masking of the front is 65 inches. This wide for the picture tube.
source effect is pleasant in the extreme
Woodwork Finishing
and until it is experienced, the listener
In the cabinet shown, the front and may doubt its advantages. A similar eftops are oak veneered, treated in the fect may be obtained for a trial by con-

for the home that excels this one. Those
that have come close have almost always
been of the same general type of design,

but this may be attributed to a certain
degree of coloration to which we are

accustomed and which we now think of
as being "the way it should sound."
blond "rift" finish. This is a simple oper- necting two or three speakers to the However, most others who have heard
ation, consisting solely of painting the output of an amplifier, and placed about this particular system have gone away
well -sanded oak surface with one coat this distance apart.
with the feeling that this one was outof Firzite, allowing it to dry for about
The efficiency of the low -frequency standingly good-in fact, one listener
five minutes, and then wiping it off. The speaker is evaluated by comparing the was described as "having stars in his
white remains in the grain of the wood setting of the high -frequency attenuator eyes."
and gives it an attractive finish. After with that used when the identical comThe system has stood the test of time
the paint dries for about 24 hours it ponents were assembled in a 71/2 cu. ft. -eight years, so far-and we have no
may be waxed, or else several coats of bass reflex cabinet of conventional de- hesitancy in recommending its construcshellac may be used, rubbing each down sign, as they were prior to building this tion to those interested in making their,
with steel wool. Since there are so many unit. With the old cabinet, balance was own. We believe that the results will
methods of finishing wood, this part of obtained with 6 db in the h.f. attenuator, more than justify the time and money

the work may well be left to the dis- while only 4 db is required with the
cretion of the builder.
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