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introduction

IGH fidelity is part attainment and part quest. While modern
audio techniques and equipment make it possible to enjoy
very good reproduction of sound, it cannot be said that the art
is yet capable of achieving an exact facsimile, indistinguishable
from the original for all listeners. This shortcoming is particularly
apparent when a large group such as a symphony is concerned.
Thus the quest continues for a faithful imitation of the live per-
formance. Every year produces developments that bring 1s closer
to the elusive goal of perfect reproduction, a goal that many find
eminently worth pursuing even though it may never be reached.
Stereophonic reproduction looms large as a means toward the
objective of complete realism. At this writing, the seed which was
sown more than 25 years ago is just beginning to bear fruit. Stereo-
phonic components for the home—stereo cartridges, sterec control
amplifiers, stereo integrated amplifiers, dual speaker systems, dual
FM-AM tuners (that can be operated simultaneously), multiplex
adapters, stereo tape recorders, etc.—are all of quite recent vintage.
The stereo disc is just making headway. Stereo tapes, although on
the scene for a while, are still relatively costly and have not yet
appreciably tapped their estimated potential. All in all, stereo in
the home is very young.

But, to place the stereo art in proper perspective, it is well to
realize that its history goes back more than a quarter of a century.
Among the notable highlights of this history are the experiments
conducted at the American Academy of Music in Philadelphia in
1932: a tailor’s dummy named Oscar, with a microphone in each
ear, was used to pick up various sounds emnanating from the stage
of the auditorium. The sounds received by the left and right
microphones were amplified and fed, respectively, to the left and
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right sides of earphones worn by listeners in various parts of the
auditorium.

Through Oscar, an appreciable segment of the public made
its first acquaintance with stereophonic reproduction at the Cen-
tury of Progress Exposition in Chicago in 1933. Oscar was placed
in a booth and visitors who stepped up to a nearby balcony and
donned earphones were able to listen in binaural fashion, through
Oscar’s ears, to the various sounds in his vicinity.

In 1933, Bell Laboratories conducted a series of experiments
to determine the extent to which listeners could identify the
original location of a sound. Two or three microphones in various
arrangements were used with two or three speakers. The sound
source and microphones were in an acoustically treated room,
while the speakers were on the stage of an auditorium and con-
cealed behind a curtain.

On April 27, 1933, the performance of the Philadelphia Or-
chestra at the American Academy of Music in Philadelphia was
picked up by two microphones at each end of the stage and trans-
mitted by telephone cable to loudspeakers on the stage of Con-
stitution Hall in Washington, D. C. On that pioneer occasion, Dr.
F. B. Jewett, vice president of the American Telephone & Tele-
graph Co. commented:

“As to the future of the accomplishment shown here today,
it is difficult to make any definite prediction. What we have
done is to produce pickup microphones, amplifiers, electrical
filters, transmission lines and loudspeaking reproducers so per-
fect that the entire frequency and volume range of the most
exacting orchestral and vocal music can be reproduced at a
distance without impairment of quality. We have also worked
out the arrangements by which substantially perfect auditory
perspective is possible. This latter is an essential part of the
problem if realistic illusion as to the physical arrangement of
the component parts of an orchestra is desired.

We can place at the disposal of the musical director instru-
mentalities which will enable him to produce at a distant
point, or at many distant points simultaneously, a com-
pletely faithful replica of the tonal effects produced locally
in the auditorium on the stage of which the orchestra is per-
forming . .."!

Why did it take stereophonic reproduction, proved successful
at least as far back as 1933, a quarter of a century to make its

t “The Reproduction of Orchestral Music in Auditory Perspective,” Bell Laboratories
Record, May, 1933.
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appearance in the home? For one thing, there was the problem of
a satisfactory medium of transmission. The experiments in the
1930’s used telephone lines as the link between the microphones
and the earphones or loudspeakers. While suitable for demon-
stration and experimental purposes, telephone lines are not eco-
nomically satisfactory as a stereo link to the home. Today, how-
ever, we have three satisfactory media—radio, phonograph and
tape—capable of bringing into the home high quality sound. Each
offers wide and uniform frequency response, low distortion and
low noise. Radio and the phonograph as they existed in 1933 did
not provide high-quality transmission; and tape did not yet exist
in a commercial, practical sense. Improvements in radio have in-
cluded developments both in transmission and reception, with
particular emphasis on FM. In the case of the phonograph, great
technical progress has been made in cutting machines, recording
techniques, disc material, speeds, turntables, cartridges and tone
arms.

Another factor in the delayed appearance of stereo in the home
is the transition from the laboratory to the consumer—generally
a long and difficult process. The development of a new art or
science is never smooth but strewn with pitfalls and setbacks.
There are inevitably conflicts of theory and opinion to be recon-
ciled, and agreements to be reached with respect to technology
so that the public is presented with one basic system and not with
a number of systems among which it must choose without knowing
how to choose. As cases in point, there is quite general agreement
that the Westrex system is to be used for phonograph discs; that
stacked rather than staggered heads are to he used for tape; that
NARTB equalization shall be used for tape.

Finally, the public must want and be ready for the new tech-
nology. A product can be ahead of its time and fail for thai reason
only, not because of its technical shortcomings. Over the past
decade, high fidelity has been developing from what some per-
sons termed a fad into a permanent part of our way of life, much
as the electric refrigerator, the TV set and similar items have be-
come part of our fabric of living. Thus a firm foundation has
been built up for the introduction of stereo. Having grown aware
of and accusiomed to the opportunities for good reproduction of
music, the public next wants better and better reproduction—it
seems to be a basic law that our wants are never satiated. And so
the time Is ripe for stereo. While stereo is sufficiently advanced
to have made the transition from the laboratory to the home and
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to increase measurably the pleasure derived by many persons from
reproduced music, far from enough is yet known as to the best
techniques and the best types of equipment. Microphone place-
ment, types of microphones to be used, broadcasting and record-
ing techniques, functions and controls required of stereo ampli-
fiers, types of speakers, speaker placement, etc., are all areas open
to further thought, research and experiment. Hence the stereo
art must be recognized for what it is—a rapidly growing infant.

Therefore, it is not possible at this time to present the reader
with a book containing nothing but incontrovertible facts on
stereo. He is entitled, however, to the benefit of expert opinion
on what constitutes good stereo. Admittedly, some of the expert
opinions of a few years ago, or even a few months ago, have already
been cast under doubt. That is inevitable in so new a field. Doubt-
less some of the viewpoints presented will similarly be subjected
to re-evaluation in the future. On the other hand, the art has
developed sufficiently along both theoretical and empirical lines
so that a book can now be written that contains enough useful
information to be worth while. If the experts are guessing, at least
their guesses are well-informed ones and more apt to prove right
than wrong.

This book secks to be objective about stereo rather than to
eulogize it. Therefore it will be concerned with problems as well
as techniques and rewards. While stereo has much to offer, it is
not a miracle of some sort which in a momeut makes everything
monophonic obsolete and conquers all previous problems of audio
reproduction. While stereo can add something of value to audio
reproduction that has already achieved a high degree of quality,
it cannot mask serious faults. Moreover, while stereo has some-
thing to give, it is also apt to demand something in return, such as
greater outlay of funds, more patience, more effort and more space
than usually required for mono reproduction.

This book is written as much for the nontechnical audiophile
as for the individual versed in electronic lore. It is assumed only
that the reader has a rudimentary acquaintance with the parlance
of high fidelity, so that it is not necessary to explain to him such
terms as amplifier, preamplifier, tuner, cartridge, woofer, tweeter,
frequency response, distortion, signal-to-noise ratio, etc. Those
who would like a primer on high fidelity are referred to the au-
thor's book, Fundamentals of High Fidelity.*

While most audiophiles are concerned principally with the

? John F. Rider, Publisher, Inc.



problems of setting up a stereo system in the home and of ob-
taining maximum performance from this equipment, the author
feels that a well-rounded knowledge of stereo, including the
recording and broadcastmg aspects, is of value to the reader.
Therefore, this book is concerned not only with the playback
aspect of stereo but also with the techniques of microphening it
over the air. Such background of fundamentals enables the audio-
phile to have a better concept of what is required of his playback
equipment. Furthermore, there are principles at work in the
recording and broadcasting phases that have counterparts in the
playback aspect. Finally, it is hoped that a full account of the
stereo art will help satisfy intellectual curiosity.

If one’s demands and tastes are moderate, the stereo equipment
initially acquired is apt to be satisfactory for a substantial period
of time. But if one’s demands are exacting, the stereo art after a
few years will offer much more than at the outset. However, this
should not prove a deterrent, at least not to the audiophile with
something of the pioneering spirit who desires the thrill of close
contact with a burgeoning art, the same thrill that was experienced
by those who kept in close touch with the early years of radio and
of television. Moreover, such equipment changes as may be dic-
tated by improvements in the art will probably be piecemeal ones,
necessitating the replacement of one component at a time rather
than of the entire system at once. This is a pattern familiar in
monophonic reproduction; we have obtained a better amplifier at
one time, a better cartridge at another and so on. The components
that were replaced were not necessarily thrown out, but either
traded in for the new ones or used for a second high-fidelity sys-
tem, for example, in the den or workshop.

The author would like to express his appreciation to the editors
of Radio & TV News for permission to use materials from a num-
ber of articles on stereo that he has written for that periodical.
Thanks are similarly due to Electronic Technician and RaAbio-
ELEcTRONICS Magazine for permission to use portions of articles
appearing in those magazines.

HERMAN BURSTEIN
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chapter

forms of audio reproduction

o view stereo in its proper context we must understand the
differences between stereo and conventional high fidelity as
well as the things they have in common.

A basic distinction is simply that between monophonic and non-
monophonic sound. The latter breaks down into three classifica-
tions: binaural, stereo and a mid-way category, quasi-stereo.

In discussing these categories you will find the word channel
recurrent. Channel signifies a device or a technique for conveying
one audio signal during recording, transmission or reproduction
of sound. This one signal can be very complex, for example,
representing a large number of instruments or a group of voices.
Channel also refers to the audio signal so conveyed. Thus, we may
be referring to a group of related components in a disc or tape
recording studio or in a broadcast studio, to a group of audio
components in the home; to a waveform physically inscribed on a
record, magnetically inscribed on tape, electromagnetically propa-
gated via a radio wave; to the sound itself as it greets the ear.

Where more than one channel is used, as in binaural and stereo
reproduction, and the reference is to the signal or sound, one
channel is distinguished from the other by differences in one,
several or all of the following characteristics: frequencies (pro-
duced by various sound sources) appearing in each signal; overall
loudness; relative amplitudes of various frequencies; time delay;
phase (portion of the cycle at a given instant, corresponding to
compression or rarefaction of the air, as shown in Fig. 101); ratio
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of reverberated sound (reflected from room surfaces and objects)
to direct sound.

Monophonic sound
Until the advent of stereo, high fidelity was customarily associ-
ated (Fig. 102) with a single chain of elements—or channel—con-

AIR AT
MAXIMUM NORMAL DENSITY
COMPRESSION MAXIMUM
RAREFACTION
ALTERNATE COMPRESSION
VIBRATING & RAREFACTION OF
BODY {SPKR)} * THE AIR MOLECULES EQUALS
SOUND
e
DIRECTION
OF VIBRATION
ELECTRICAL WAVEFORM
CORRESPONDING TO ALTERNATE
COMFRESSIONS 8 RAREFACTIONS
OF THE AIR, PHASE REFERS TO
A POINT ON THE WAVEFORM
AT ANY GIVEN INSTANT OF TIME

-« TIME ———»
Fig. 101. Phase of a sound wave.

sisting of the following: a program source, which could be a radio
or TV station, phono disc, or recorded tape; a signal source, which

PROGRAM SIGNAL CONTROL POWER
SOURCE SOURCE AMPLIFIER AMPLIFIER

SPKR

SYSTEM
{RADIO OR TV {RADIO OR TV, {SELECTOR SWITCH,
STATION, TUNER, BASS & TREBLE
PHONOGRAPH PHONOGRAPH, CONTROLS, GAIN
RECORD,RECORDED TAPE MACHINE} CONTROL , LOUDNESS
TAPE} CONTROL ,EQUALIZATION,
ETC)

Fig. 102. Basic elements of a monophonic systen:.

could be a tuner (including TV sound), phonograph or tape play-
back machine; a control amplifier, containing gain, bass, treble,
selection, etc., controls; a power amplifier and a speaker system.

Strictly speaking, the term monaural means one-eared. Applica-
tion of this term to single-channel sound is disturbing to the
semanticist, and the word monophonic has been coined to repre-
sent audio reproduction via one signal and one group of com-
ponents. It is a more precise term and therefore will be used in-
stead of the word monaural.
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Binaural reproduction

The first form of non-monophonic sound intended for the home
market was binaural; a two-channel system designed for use with
earphones. Binaural sound was made available to the public in
the early 1950’s and was predicated on the use of a tape playback
machine.

In recording, two microphones are placed approximately 6 to

SOUND SQURCE

PARTITION

Fig. 103. Microphones for binaural L CHANNEL R CHANNEL
recording. MIKE ?’ ? MIKE
l* 6" 10 8" —»{

8 inches apart—about the same distance as between human ears—
with an intervening block or partition to simulate the obstruction
caused by the head (Fig. 103). The aim is to pick up sound just
as one would hear it at a live performance.

The sound reaching each microphone is converted into an elec-
trical signal, which is recorded on a specific half of a magnetic
tape (Fig. 104). The signal from the left microphone is fed to a
tape head that records on the upper half of the tape, while the
right microphone feeds a head that records on the lower half,
assuming the tape travels from left to right.

When the tape is played back, each track is scanned by a separate
head. The signal from one playback head goes to an amplifier

CHANNEL L r
> AMPLIFIER »—»i CHANNEL L RECORDING
TAPE g

MIKE RECORD HEADS

CHANNEL R RECORDING
—> AMPLIFIER I—— ——
X

DIRECTION OF TAPE ———»
CHANNEL R TRAVEL

TAPE

L Ao A

Fig. 104. Two-channel tape recording (binaural or stereo).

(which supplies correct playback equalization) and from there to
the left earphone. The signal from the other head goes 10 a sep-
arate amplifier and thence to the right earphone (Fig. 105).

The signal and equipment for the left ear are customarily ve-
ferred to as channel 1 or A or L; for the right ear as channel 2 or
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B or R. We shall use the terms channel L and channel R, because
they leave no doubt as to whether the reference is to the left or
right microphone, speaker or associated equipment.

Results achieved by the binaural method have been acclaimed
as astonishingly realistic. However, the system has not attained a
wide degree of acceptance because of the discomfort and incon-
venience of the earphones. They literally chain the listener, limit-
ing his range of movement. True, some individuals accept the
limitations in exchange for the spaciousness and realism of bi-
naural listening. But most music lovers feel the price is too great to
pay for the increase in listening pleasure. Too, frequency response,
particularly at the low end, is not as good with earphones as with

¢ ; CHANNELL
s CHANNEL L RECORDING >->— AMPLIFIER
PLAYBECK
L
TAPE L ( HEADS EARPHONES
{ CHANNEL R RECORDING ;
| AMPLIFIER

DIRECTION OF TAPE ———»
TRAVEL CHANNEL R

Fig. 105. Binaural playback by means of tape.

speakers, and good earphones are expensive. Consequently bi-
naural reproduction, for all of its amazingly realistic effect, is sel-
dom used for high-fidelity purposes. However, as a parenthetical
note, it may be observed that the binaural technique, because of
its ability to reproduce sound faithfully, has found considerable
industrial use as a tool for recording and analyzing sounds.

Stereophonic reproduction

Stereophonic sound is essentially identified with the arrange-
ment of Fig. 106, employing two sound channels, with each chan-
nel having somewhat different characteristics from the other. As
shown, two microphones, by virtue of their location, orientation
and pickup pattern, produce different electrical signals, which
are separately recorded on tape or disc or transmitted over the air.
Usually, though not always, the microphones are spaced a number
of feet apart, instead of inches as in binaural reproduction. In
the home, the two signals are fed to a pair of amplifiers, each
connected to a speaker system.

Microphone and speaker placement and the manner in which
the two amplifiers are operated have a great deal to do with the
extent to which the quality of sound is enhanced as compared
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with monophonic reproduction. That is, we must differentiate be-
tween stereo as a technique and as an effect. The technique refers
to the manner in which equipment is used; the effect refers to
whether we have achieved greater realism or some other pleasure-
giving quality.

The system portrayed in Fig. 106 is the two-channel method,
which has become synonymous with the term stereo. Actually,
stereo embraces a variety of systems employing more than one

RECORDING OR BROADCAS'T REPRODUCTION

|
CHANNEL L
1

1 SPKR
SIGNAL SOUFRCE SYSTEM
MIKE ggggggu ! {TUNER CONTROL AMPLIFIER STE
+—=1 (RaDIO. D! PHONOGRAPH, (SELECTOR SWITCH AMPLIF
(T,‘PS, D, TAPE, TONE CONTROLS PLIFIER
[ MACHINE) GAIN CONTROLS,ZTC.)
! { COORDINATION OF
| GAIN CONTROLS , TONE SPKR
MIKE ) CONTROLS, ETC. SYSTEM
POWER
PROGRAM
D—— sougcs SIGNAL SOURCE CONTROL AMPLIFIER AMPLIFIER

CHANNEIL R
1

Fig. 106. Basic elements of a stereo system.

channel. However, when we do not specifically designate the num-
ber of channels it is understood that the reference is to the two-
channel kind.

So far as home reproduction is concerned, two-channel stereo is
by far the most popular and practical of the multi-channel systems.
On the other hand, it is important to recognize that stereo em-
ploying more than two channels does exist, as in motion-picture
theaters, and that these forms provide standards of achievement
which two-channel stereo is trying to emulate. Early experiments
showed that a very definite sensation of directionality and spacious-
ness could be had by employing a substantial number of micro-
phones in a line parallel with the sound source, with each micro-
phone feeding a corresponding amplilier—speaker combination
(Fig. 107). This is referred to as the curtain-of-sound principle.
The assumption is that each microphone picks up the sound in a
narrow area before it, and the speaker connected to it (through
a power amplifier) disperses the sound in the same radiation pat-
tern as the pickup pattern of the microphone. Thus if a micro-
phone picks up sound within a 45° angle, then the speaker should
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similarly disperse the sound within a 45° angle, as shown in Fig.
108. In this way a row of microphone-amplifier—speaker chains
reproduces all the sound from left to right.

AMPLIFIERS

The curtain-of-sound principle has definite limitations. One is
that it is difficult to find microphones and speakers having the
same pickup and radiation patterns; another is that the micro-
phones pick up reflected as well as direct sound. Nevertheless, it
was found that a substantial number of microphene-speaker pairs,
say six, gave very good results with respect to directionality.

The use of as many as six, or even more channels is not too seri-
ous an obstacle for the laboratory or the theater, but is out of the
question for home use. Further experiments demonstrated that
very little is lost in terms of directionality if the number of chan-
nels is reduced to three.

However, upon reducing the channels from three to two, the
sensation of directionality diminishes sharply. Although two-
channel sound is considered preferable to monophonic, it is in-
ferior to systems employing three or more. Since two channels are
the practical maximum for mass use in the light of present tech-
nology, a large amount of research has been conducted into means
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of obtaining results from two-channel sound virtually as good as
from three-channel stereo.

SOUND SOURCE

. >
N + TNk aNGLE
N 4 N 4
/ F " i?\
K EQUAL
[E)‘I’SUTAL ncEs o~ INTERVENING WALL ANGLES
R4 ) \(j'hADlATION ANGLE

REPRODUCED SOUND

Fig. 108. Dependence of curtain of sound

principle upon correspondence between

microphone pickup patterns and speaker
radiation patterns.

There is considerable evidence that with proper types and
placement of microphones, as well as proper speaker placement,

CHANNEL L SIGNAL

AMPL LEFT SPKR SYSTEM
PHANTOM
CHANNEL
SIGNAL (L+R)
AMPL CENTER SPKR SYSTEM

(PHANTOM CHANNEL)

CHANNEL R SIGNAL

AMPL RIGHT SPKR SYSTEM

Fig. 109. Use of a phantom channel.

two-channel stereo can closely approach the three-channel kind.
If reproduction takes place in a relatively small area, such as a
typical living room rather than a comparatively large hall, the
possibilities are that two-channel stereo will sound nearly as good
as three-channel.

Thus, a report on stereo experiments involving a symphony
orchestra had this to say:

“It could not be doubted that the three-channel system pro-
duced reproduction more nearly resembling the live original
than did two-channel transmission. It is of especial interest,
however, that the threechannel tapes, upon review in a much
smaller auditorium of nearly ideal acoustic characteristics, conld
be shown to have negligible advantage over two-channel tapes.™

* Walter T. Selsted and Ross H. Snyder, ".Acoustical and Electrical Considerations in
Symphony Orchestra Reproduction,” Audio, January, 1957.
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’"Hole-in-the-center” effect

One of the principal factors accounting for the difference be-
tween two- and three-channel stereo is the “hole in the center,”
which refers to the seeming insufficiency or total absence of sound
in the space between the left and right speakers. The larger the
listening room, the greater the spacing between the left and right
speakers and, therefore, for a listener sitting not very far from the
speakers, the more pronounced is the hole in the center. In the
case of an orchestral composition, it might sound as though the
left and right halves of the orchestra had been cut in two and
moved a fair distance apart.

The effect can be due to excessive spacing between microphones
during the recording session, to the spacing between speakers (tak-
ing into account where the listener sits), or to a combination of

82K

FROM CHANNEL L TO CHANNEL L AMPL
CONTROL AMPL
(Low ouTPUT

IMPEDANCE)

TO PHANTOM CHANNEL AMPL

FROM CHANNEL R TO CHANNEL R AMPL
CONTROL AMPL
(LOW QUTPUT

IMPEDANCE)

Fig. 110. A mixer circuit for phantom channel signal.

both. Two-channel stereo more closely approaches the quality of
three-channel in smaller rooms, and one of the reasons is that the
distance between speakers is likely to be less in such rooms.

In recording, use of a center microphone can help mitigate the
hole-in-the-center effect. Means whereby the listener can deal with
this effect are discussed in the next three sections.

Phantom channel

One solution to the hole-in-the-center problem, as proposed by
Paul Klipsch,? is to reconstruct a center channel in playback by
feeding the sound of the left and right channels to a center speaker,
as shown in Fig. 109. The signal of channel L and that of channel
R enter a mixing device which combines the two signals and sends
them to a third amplifier which drives the center speaker. Best re-

? Paul W, Klipsch, “Two-Track, Three-Channel Stereo,” Audiocraft, November,
1957.



sults are obtained if the levels of the L and R speakers are set so
that each is 3 db below (half the power of) the center speaker
when the same signal is fed to all three; thus the combined power
of the L and R speakers equals that of the center speaker; Fig. 110
is a mixing circuit suggested by Klipsch. However, the audiophile
seeking to experiment along the lines of a phantom channel might
very well, after first balancing the L and R speakers for equal
sound, gradually bring up the volume of the center speaker until
his ears inform him that he has adequately filled the hole in the
center, if any.

Dummy speaker
This expedient for filling the hole in the center has been used
successfully and affords a good illustration of the importance of

CHANNEL L —-)——E—T M LEFT SFKR SYSTEM

DUMMY ENCLOSURE
{DOES NOT NECESSARILY
CONTAIN A SPEAKER)

CHANNEL R —)-—-Aﬂ—’ ﬂ RIGHT SPKR SYSTEM

Fig. 111. Use of a dummy speaker system.

S

illusion in audio reproduction. The dummy speaker is an en-
closure that apparently contains a speaker (whether it actually
does is unimportant) but is not connected to anything (Fig. 111).
It is placed between the left and right speakers. Because the eyes
see a speaker in the center, they help persuade the ears that sound
is coming from that regior:.

If it is hard to believe that the eyes can trick the ears in such
a manner, remember that visual-aural effects are constantly used
in outdoor movies. The screen is many vards in front of the
viewer, while the tiny speaker is a few inches to his left or right.
Yet after a few moments he is no longer conscious of the separa-
tion of sight and sound. More, should he see an orchestra or band
on the screen, he will be convinced he is hearing exactly that,
despite the fact that the source is a small, often metallic-sounding
speaker. It he closes his eyes for a few moments, then he will again
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become aware of the nature, location and imperfections of the
sound source.

Speaker concealment

Because of the correlation between what we see and what we
hear, the hole-in-the-center effect may be partly attributed to the
fact that we see two speakers spaced a substantial distance apart.
The effect can be dissipated by concealing the speakers behind a
curtain sufficiently transparent to sound so as not to attenuate the
high frequencies, but able to conceal the speakers. Proper room
lighting plays a role in this.

Quasi-stereo

A number of efforts have been made, with varying degrees of
success, to obtain some of the benefits of stereophonic sound, using
only one signal as the source instead of several. Stereo sound has
other attributes besides directionality, such as a quality of large-
ness or spaciousness. These characteristics can be duplicated with-
out the effort and expense involved in having two channels for
recording, transmitting and reproducing. In fact, some methods
have attempted to impart directionality by allocating different
portions of the audio spectrum to different speakers or by causing
differences in the arrival time of the sound from each speaker.

The term pseudo-stereo has often been used to describe these
techniques. However, the term has a rather disparaging connota-
tion, and it seems preferable to refer to these methods as quasi-
stereo.

For some, quasi-stereo may be a stepping stone toward true
stereo. For others, it may prove that there is nothing like true
stereo. And for still others, it may be a quite satisfactory stopping
point.

Multiple speakers

Probably the simplest of the quasi-stereo techniques is to con-
nect two (or more) speaker systems to the power amplifier and to
space the speakers several feet apart (Fig. 112). If the music was
originally performed by an ensemble occupying a substantial
amount of space, as by an orchestra or glee club, greater realism
and enhanced listening pleasure can be obtained by having a
broad sound source as contrasted with the narrow distribution
afforded by a single speaker system.

On the other hand, particularly where just two speaker systems
are employed, there may be difficulty in the reproduction of a solo
voice or instrument. Although in theory the sound should appear
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to come from a point between the two speakers, in actuality the
listener may be quite conscious of, and disturbed by, the same
sound coming from two points in the room. True stereo minimizes
this by assigning the solo voice or instrument entirely or largely
to one of the channels. On the other hand, if three speakers are
employed for quasi-stereo, and particularly if the highest volume
level is assigned to the center one, the illusion of the soloist being
in the center would be fortified.

Some authorities believe that best results are obtained with
the multiple-speaker approach when the speakers have unlike

ONE OR MORE ADDITIONAL
SPEAKER SYSTEMS

SIGNAL CONTROL
SOURCE AMPL

Fig. 112. Quasi-stereo hased on use of multiple speaker systems.

characteristics. No speaker system yet developed is perfectly
smooth. If it stays within + 4db (loudness variation of 1509%,)
between 40 and 15,000 cycles, it can be considered excellent. Thus
every speaker system has peaks at which certain frequencies are
exaggerated and dips at which others are attenuated. These peaks
and dips, particularly the peaks, in large part account for the
characteristic, identifying quality of a speaker system. So long as
we have to live with imperfect speakers, it is felt by some that
use of two different ones will result in emphasis of different instru-
ments by each speaker, which may help impart a feeling of separa-
tion of instruments, such as is associated with true sterco. On the
other hand, since most instruments have a fairly wide frequency
range, a given instrument may appear to change its location from
one side of the room to the other as various parts of the scale
are played.

Another and perhaps more convincing argument in behalt of
dissimilar speakers for quasi-stereo is that each speaker will pro-
vide a different impression of the total sound. Thus the ears re-
ceive versions of the same thing, which blend in the mind to pro-
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duce a fuller, rounder effect than if both speakers produced exactly
the same acoustic waveform.

Acoustic delay

At least one device on the market, appearing under the name
Xophonic, seeks to imitate the spaciousness of stereo sound by
supplying something akin to an echo, but with a smaller time lag

o MAIN
bL SPKR

"XOPHONIC"

t
SECONDARY |
SPKR )
|
I

Fig. 113. Quasi-stereo svstem emploving the Xophonic unit.

between the original and following sound than in the case of true
echo. It is more in the nature of a reverberation, except that the
original sound is followed by just one repetition instead of a series.

Fig. 113 shows how the Xophonic device operates. The signal
from the main power amplifier is fed into the driver, a small
speaker. The sound produced goes into a coiled tube tightly cou-
pled (no air leaks) to it. The coiled tube has a total length of
about 50 feet. Since sound travels slightly more than 1 foot per
millisecond, it takes about one-twentieth of a second for the
sound to emerge from the other end of the tube. There it actuates
a microphone, tightly coupled to the tube. The resulting electrical
signal produced by the microphone goes to a second power ampli-
fier and speaker, both contained in the Xophonic unit. The
second speaker reproduces the original signal with a delay of about
one-twentieth of a second.

The frequency range of the Xophonic is fairly limited, about
200 to 3,000 cycles. On the other hand, it is intended for operation
at a level substantially below that of the main speaker system, so
that its limited range does not color the overall sound. The level
of the secondary speaker is set by increasing the gain of the Xo-
phonic amplifier until the reverberated sound becomes just notice-
able. It is claimed that location of the Xophonic speaker is not
critical with respect to the principal speaker system.
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The cffectiveness of a time-delay device depends upon the
amount of reverberation already present in a program source and
upon the listening room. If the program material contains sub-
stantial reverberation (due either to the characteristics of the
original performance site or to reverberation electrically or acous-
tically supplied afterward by the engineers at the recording studio)

FREQUENCY
DIVIDING NE TWORK

HIGHS BOOSTED

POWER LOWS CUT
AMPL BT T
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HIGHS CUT

Fig. 114. Quasi-stereo based on frequency
division.

any additional effects may prove more annoying than gratifying.
Added reverberation may also be unwanted if the listering room is
live and produces reverberation of its own. If the program material
has a “dry” quality and the listening room has soft furnishings,
such as drapes, heavy carpeting and upholstered furniture (which
tend to absorb the sound) added reverberation may appreciably
increase one’s listening pleasure.

Following is the manufacturer’s description of tests comparing
a stereo system with the Xophonic device:

“An ... A-B compariscn between a system providing location
effect and an Xophonic system was made in our sound labora-
tories. A two-channel recording was used as the source material
in the A-position of the comparison switch, and this was re-
produced through a pair of identical amplifiers into two match-
ing speakers. The placement of the speakers was carefully chosen
to provide the best feeling of orchestral location. In the B-switch
position, the two original channels were mixed to provide the
normal monaural [monophonic] source. This was reproduced in
one of the speakers, and also by the Xophonic. In this way, an
immediate-comparison A-B test was made between a two-channel
system and Xophonic sound.

The result of the comparison was as follows: . . . 94%, (of the
listeners) were able to differentiate betweer. the location effect
and the reverberation effect of Xophonic reproduction. What was
significant was that . . . 65% of the listeners actually preferred
the reverberation effect to the location effect of the two-channel
system.”*

4"A Reverberation Unit for Hi-Fi Reproduction,” Radio & TV News, June, 1957.
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Frequency division

Here we have a quasi-stereo technique that feeds preponder-
antly high frequencies to one speaker and low ones to the other
(Fig. 114). A special network following the power amplifier at-

tenuates the low frequencies and emphasizes the high frequencies
for the left speaker, while the lows are boosted and the highs cut

for the right speaker. A commercial embodiment of this tech-

nique is the CBS XD Sound System.

sets of conditions, involving two stereo sound tracks on tape and

Following is the manufacturer’s account of tests comparing three

three speakers, two in the corners of a room along the same wall
and the third at the center of the wall:
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“Condition 1. The two tracks corresponding to the left and
right microphones were electrically combined and fed directly to
the center speaker. This was equivalent to conventional single-
speaker sound reproduction.

~ Condition 2. The left sound track was fed to the speaker in
the left corner and the right track to the speaker in the right cor-
ner. This system corresponded to true stereophonic reproduction.

Condition 3. The two tracks were again electrically combined
as under condition 1, but before the resultant signal reached the
left speaker, it passed through an equalizing circuit which at-
tenuated the lows and emphasized the high frequencies. The
right speaker also received the combined signal, but through an
equalizer which attenuated the highs and emphasized the lows.

Listeners were invited to these tests without being told what
the conditions were. They were asked to express their preferences
of sound reproduction by choosing from any one of the three con-
ditions. The result of the study was startling but in some respects
not unexpected. While not a single listener (about a total of 50
were exposed) preferred condition I—that is, the single conven-
tional speaker—their preferences were almost equally divided be-
tween conditions 2 and 3. Evidently, the simulated stereophonic
sound seemed to give as much satisfaction as the true one. As a
matter of fact, when people began to wander around the room,
more listeners preferred the simulated stereophonic rendition
(condition 3) because it seemed to give satisfactory results over a
less restricted area than the true stereophonic sound.

A variation of these tests was performed on a number of listen-
ers who were technically or musically well informed on the state
of the stereophonic art. These listeners were told what the three
conditions corresponded tp and were asked to determine which
condition, 2 or 3, represented the true stereophonic rendition.
Half of them guessed right and half of them guessed wrong, again



proving that true stereophonic rendition can be successfully sim-
ulated with a single source of program.”*

Coded stereo

Known as Perspecta Sound in one of its commercial forms,
coded stereo comes closest to true stereo in terms of directionality.
As in Fig. 115, three or more speakers are customarily used, each

AMPLIFIER

LEFT

Fean) SPKR
J
e
avoio |
SIGNAL |
e vo}mesl |
1 CENTER
SOURCE I SPKR
|
|
|
—d
DECODER ——————-%———J
GAN 7|
CONTROL |

VOLTAGES{

Fig. 115. Coded stereo. |
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driven by its own power amplifier. All the power amplifiers receive
the same signal, but operate at different volume levels as de-
termined by code signals—one for each amplifier—that accompany
the audio signal. The code signals are detected by a special unit,

0° 90° 180° 270°  360°

Fig. 116. Phase of a sine wave.

which controls the gain of each power amplifier. While Fig. 115
shows three speakers, a greater number could be used.

The code signals must be inaudible and therefore have to be
kept outside the audio range, either below 30 or above 20,000

¢ Peter C. Goldmark, "The Columbia XD (Extra-Dimensional) Sound System,”
Audio, October, 1953.
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cycles. Usually they consist of the extremely low frequencies be-
cause of the technical problems associated with ultrasonic tones,
which are much more easily lost on such media as tape and film
than are the subaudible notes.

By means of coded stereo, the total sound can be made to appear
as though it originates from the left, center, right or intermediate
points. During the recording process, trained personnel apply code
signals to the recording medium, such as tape or motion-picture
film, thereby varying the volume levels of the speakers to produce
the desired directional effect. For example, a marching band can be
made to appear as though it were coming onto the stage from the
left by gradually increasing the volume of the left speaker (via the
appropriate code signal), while the other speakers remain silent.
The band can be moved to the center and then to the right by
successively increasing the levels of the center and right speakers,
while diminishing the levels of the others. Finally it can be moved
off stage to the right by diminishing the level of the right speaker.

Coded stereo can reproduce a game of table tennis as effectively
as true stereo by alternately switching between the left and right
speakers, with an occasional switch to the center speaker when the
ball drops at the net. Or, by reducing the level of the middle
speaker, it can produce an effect such as that of two trumpeters
playing in unison at opposite ends of the stage. But it cannot
simultaneously reproduce different instruments playing at the
left, center and right so that each instrument can be identified as
coming from the appropriate direction. Nevertheless, with skilled
use of the code signals to achieve appropriate shifts of the total
sound, impressive effects can be achieved.

Coded stereo has been used for motion pictures.

Phase shift

Several devices on the market achieve a quasi-stereo effect by
changing the phase of the monophonic signal as of any given in-
stant and sending the phase-shifted signal through a second ampli-
fier and speaker system. Thus, the ears receive two versions of
the same signal, which may blend in the mind to produce a fuller
image of the sound. The phase-shift devices do not operate uni-
formly at all frequencies. As a result, the phase relationship be-
tween the fundamental frequency and its harmonics is altered by
the phase-shift network. This produces a difference in waveform
between the main and secondary speakers, thereby further in-
creasing the difference between the sounds of the two speakers.

If the device can achieve sufficient phase shift—slowing all or
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some of the frequencies by a substantial part of a cycle or by
several cycles—then there may be enough difference in the arrival
time of the sound from the secondary speaker to produce an effect
akin to reverberation.

MAIN MAIN
AMPL SPKR

HOLT SECONDARY
STEREO SPKR

Fig. 117. Incorporation of the Holt phase-shift
unit into an audio system.

The devices referred to effect a phase shift by electrical networks.
From the beginning to the end of a cycle (Fig. 116) is 360°. Phase

SECONDARY
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Fig. 118, Incorporation of the Ultron phase shift unit into an audia
system,

can be shifted by various portions of 360°. For example, if phase
is shifted 180°, or half a cyele, this may correspond to the rarefac-
tion portion of a sound wave instead of the compression point
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Fig. 119. Incorporation of the Royce “Stereo-Rama” in an
audio system.

(Fig. 101 on page 12). If phase is delayed a full 360°, then we are
back at the beginning point of the cycle. However, the signal
has been retarded time-wise by a full cycle. If we can delay a low
frequency, say 100 cycles, by a full cycle (which is about 11 feet
long) the initial part of the phase-shifted signal will leave the sec-
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ondary speaker about 1} milliseconds later, since sound travels
about 1 foot per millisecond. The ear can appreciate that kind of
difference.

One of the commercially available phase-shift units, Holt Stereo,
includes not only a phase-shift network but also a complete ampli-
fier, including gain, bass and treble controls. Fig. 117 shows how it
is incorporated into the conventional audio system.

According to manufacturer the unit:

“Electronically provides a time delay by a relatively large phase
shift over the audio spectrum. The delay in time is different at
different frequencies . . . the time delay is smaller at the higher
end. We use the same range of time delay as is used in normal
hearing to position. The ear does 