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STEREO FM-AM RECEIVERS
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1.8 microvolts for 20 db quieting. ‘FM-calibre’' AM.
22 controls. 40 watts of music power. $369.50"

50% more powerful! 1 microvolt sensitivity. 24 controls.
60 WATTS of pure audio power. $429.50

”~
/(
Twice as sensitive as any competitive receiver—and ,- The nation-wide best-seller! FM sensitivity,

Slightly Higher in the Far West, Cabinets Are Optional.

BEST WAY- to enjoy stereo at its best, in small rooms or large! Choose the 800 or 600, and a pair of compact Free-Piston
FISHER XP-1 Speaker Systems. Technical specifications, validated by the laboratory reports of Jeading
audio publications, prove, beyond the shadow of a doubt, their absolute superiority! .

.
WRITE TODAY FOR COMPLETE SPECIFICATIONS AND EDITORIAI. REPORTS!
FISHER RADIO CORPORATION ¢ 2|- 41 44th DRIVE ¢« LONG ISLAND CITY |, NEW YORK

Export: Morhan Exporting Corp., 458 Broadway, New York 13, N. Y. » Available in Canada through Canadian-Marconi
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Announcing a recording tape superior enough to be called | Ampex

The same exacting engineering skills that made Ampex
the leader in the tape recording field have now created
the world’s finest recording tape! Only Ampex could
have engineered a tape with so many superior perform-
ance characteristics ... a tape that truly merits the
name Ampex. Here are some of the reasons: greater dy-
namic range, £ to 8 db wider than any other tape; lower
print-through, 6 to 8 db lower than any other tape.

AMPEX MAGNETIC TAPE PRODUCTS / ORR INDUSTRIES COMPANY
A Division of The Ampex Corporation, Opelika, Alabama |
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Even the package is unique! Ampex sIGNATURE-
BINDING, enclosed with every reel, lets you personalize
your recordings with distinctive gold lettering on maroon
and green leatherette bindings.

Irish Recording Tape, too, is a quality Ampex
product...surpassed on/y by Ampex Recording Tape,
the world’s finest! Hear the proof
now at your Ampex Tape Dealer’s. ‘
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Now, at last, you can enjoy all the advantages of a
true, dynamically-balanced tone-arm (with a built-in calibrated
pressure gauge), a full-gize, heavy-weight professional turn-
table, a laboratory-balanced precision motor...plus the much-
wanted convenience of the world’s finest automatic record-player
...all in one superb instrument! A No one but the Garrard

THE ONLY DYNAMICALLY-BALANCED TONE ARM ON AN
AUTOMATIC UNIT Now, for the first time, a tone arm
which meets the very latest engineering standards
established by the Industry—has been incorporated
into an integrated record-playing unit. This highly
advanced tone arm is put in perfect dynamic balance
by moving an adjustable counterweight. At this point,
it is in “gyroscopic’ balance, with zero pressure. To
set the tracking pressure designated for any cart-
ridge, a pointer is moved along a calibrated scale at
the side of the arm which is graduated in grams. This
built-in stylus pressure gauge now shows the precise
tracking force. The accuracy of this setting is even
greater than that which could be measured by any
separate stylus pressure gauge. The arm will now
track correctly even if the player is intentionally
tilted, or if the record is warped or not perfectly

concentric.

A
And incidentally, regardless of the number of records
on the turntable, the angle at which the stylus meets
the record is negligible, due to the unique geometry
of this arm. A Since all of these engineering re-
quirements guarantee that there is no unequal pres-
sure on the sides of the stereo record grooves...
distortion, channel imbalance, record and stylus wear
are eliminated, resulting in perfect stereo reproduc-
tion. But “perfect performance’ also requires mini-
mum friction, and this is assured by the two
precision needle pivots on which the arm is set. This
arm is precision-mounted for you, thus affording all
the advantages of the separate arm, yet none of its
inherent disadvantages. The \%
danger of the tracking error
which often occurs in the
mounting of separate tone
arms, is eliminated com-
pletely because there is no

possibility of even the slight- \
est mislocation of the arm.

FULL-SIZED, HEAVILY WEIGHTED, BALANCED, CAST, POL-
ISHED TURNTABLE The weight of six pounds has been
determined as the optimum for perfect balance,

. mounts of aspecial formula and design. s

AN AUTOMATIC
TURNTABLE

G

LABORATORY messm—

SERIES

(SR

torque and flywheel action in this unit. This combina-
tion insures silent, on-speed running. The Garrard
engineers have conceived of this new turntable as a
“sandwich”. It is actually two turntables balanced
together...a drive table inside, and a heavy, cast
turntable outside. The two turntables are separated by
a resilient foam barrier, which effectively damps out

any possibility of noise or @

vibration. Furthermore,
being of non-ferrous metal, 9
e

the cast tables offer no at-

traction to sensitive mag-

netic pickups.

NEW “LABORATORY SERIES’ MOTOR The Type A is
built around a newly-developed Garrard four-pole
shaded motor, which was designed especially for it.
This laboratory motor is the perfect match for the new
turntable system, and provides quiet accuracy, re-
gardless of load or voltage changes. Constancy of
speed is such that this motor will bear the closest
scrutiny by sensitive measuring instruments. The arma-
ture is micro-balanced on exclusive Garrard equip-
ment, and free of vibration. The total result is true
musical pitch and clear sustained musical passages,
without the irritation of wow or flutter. The “Labora-
tory Series” motor is completely shielded, top and
bottom, with specially-designed and accurately oriented
plates, insuring the absence of hum,.
even with the most sensitive magnetic
pickups. To minimize even the slightest 274
vibrations, the entire motor assembly § S
is isolated from the unit by shock S

THE GREAT PLUS FEATURE OF AUTOMATIC PLAY—WITH-
OUT COMPROMISE! The convenience and desirability
of being able to play records automatically, and to
have the unit shut itself off, have long been recognized
and accepted. Certainly, even the most critical user
would want these features, but only if they could be
incorporated without compromising the quality, per-
formance or inducing record wear. This has now been
accomplished in the Type A, by adding Garrard's ex-
clusive pusher platform changing mechanism, with its
smooth, one-piece center spindle, to the arm, turn-
table and motor described above. This unique com-

TYPEA

Laboratories, with their unmatched facilities, could have ac-
complished it. With 40 years of manufacturing experience, and
the highest engineering and precision standards in the Industry,
Garrard set out to develop an all-in-one unit that would satisfy
every critical requirement, even surpassing the professional
turntable standards established by the NARTB.

bination of features means

that for the first time ever,

there is a record playing unit

which answers every require-

ment of both performance

and convenience. It accomplishes this to such a de-
gree that it is certain to appeal to every person,
regardless of whether he already owns equipment, or
is planning to buy a new system. The fact is that the
Type A obsoletes all previous equipment. It protects
records better. It has performance and features
superior to separate turntables and arms. It also in-
corporates professional characteristics not found in -
any record changers.

The concept of this great new Garrard record-playing
unit was extravagant, but the price of
is surprisingly modest—made possible $69-50
only because of Garrard's extensive facilities, highly
devetoped production methods and critical quality
control procedures. A If there ever was a single
record-playing device which answered every require-
ment of every music" system—we believe this is it.
A And with the Type A, once and for all let us lay the
ghost that simply because a record player makes avail-
able certain automatic conveniences (which you may
or may not use at your option)—that this in any way
implies that the unit cannot be actuaily superior to a
separate turntable and arm. A For in this bold new
unit you will find the realization of everything you
have wanted in a record player. Examine it thoroughly,
and you'll want to install the Garrard Laboratory Series
Type A in your own music system—now. A Your dealer
has—or soon will receive—the LABORATORY SERIES
TYPE A GARRARD. Let your own eyes and your own
searching examination, prove beyond doubt that this
is indeed the record player for you. Or, if you prefer,
write today for illustrated, descriptiveebooklet.

Write Department Gi-1170
Garrard Division of British Industries Corporation,
Port Washington, New York.
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UR AUDITORY WORLD is an
0 amazingly complex series of con-

centric spheres. The head occlupies
the center and seems, for the most
part, to be stationary while sound emit-
ters shift and recede and crisscross
around us (Fig. 1). The problem of
how to locate and track a single mov-
ing sound source, or even several simul-
taneous sound sources, has been met
and solved by nature in a variety of
ways. The insect, the bat, the porpoise,
and man have each worked out spe-
cial compromises—some more success-
ful than others.

The chief function of the ears of
primitive vertebrates wus certainly
direction-finding. To piomote this
function the ear’s frequency sensitivity
had to go far beyond the low-frequency
hearing of reptiles, and evolve “direc-
tional antennas” and the muscles for
directing these ‘‘antennas’ both
together and, to some extent, independ-
ently. This improved direction-finding
is at the expense of time so that the

By J.-DONALD HARRIS, Ph.D?
U. S. Naval Medical Research Laboratory

eye, at least in the primate, evolved
simultaneously into an instrument with
an elaborate oculo-motor system for
target tracking. We thus have, in the
human, the equivalent of an omni-
directional search radar (the ear) and
the extremely directional fire-control
radar (the eye). See Fig. 2.

Once our ears have put our eyes
“on target” they can pretty well be
dispensed with and, in fact, the high-
frequency-range capabilities and the
large mobile outer ear parts of the
lower animals are disappearing rather
rapidly—as such things go. We no
longer boast the exquisite hearing in
the higher octaves—enjoyed by the dog
and the cat—nor are we independent
of our eyes for ordinary locomotion.

Despite these evolutionary changes,
a great deal of ‘“liveness’” and three-
dimensionality exist in our auditory
world. Much has been done in recent
years to exploit these advantages. Ap-
plications have even outstripped theory
in this case since the stereophonic en-

ines stereo and explains

e-created for the listener.
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HI-FI PHONO CARTRIDGES

Tiny though it is, the cartridge can make or break a stereo into usable electrical impulses...without adding or subtract-
system. For this breath-takingly precise miniaturized electric ing a whit from what the recording engineer created. Know-
generator (that’s really what it is) carries the full burden of ing this keeps Shure quahty standards inflexible.

translating the miles- long undulating stereo record groove Shure Brothers, Inc., 222 Hartrey Avenue, Evanston, Illinois.

select the unit equal to your music system from the premier family of stereo sound reproducers

« ‘ STUDIO uvnmc l
" : Integrated arm and cartridge. $8950 R
S Cannot scratch records.

STANDARD M8D CUSTOM M70 PROFESSIONAL M3D LABORATORY STANDARO ~_— —
A superb blend of Widely aceclaimed; Overwhelming choice Individually calibrated, s
quality and ceonoiny.  ansuderately  priced. of the critics. Imfied quaniliy. PROFESSIONAL INDEPENOENT TONE ARM

$1650 $2400 $4500  Nodel MSBLS $7500 For any quality cartridge $2995
... stereo or mono.

* SHURE PERFORMANCE depends on a SHURE replacement STYLUS /.. .Look for *‘Precision Manufactured by Shure"
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gineers have accomplished remarkable
things with multiple microphones and
speaker arrays. On the other hand,
scientists have had to content them-
selves with a single stationary sound
source and have even had to resort to
the artificiality of earphone listening.
To date no psycho-acoustic laboratory
has developed the essential array of
moving multiple sound sources in a
large anechoic chamber nor devised
the required servo systems and X-Y
recorders to program and record the
stimuli and the subject’s response. One
can only anticipate such reasearch for
the next decade or two.

Nevertheless, a unique and even ex-
citing chapter in psycho-acoustics em-
braces a number of interesting discov-
eries regarding the directionality of
human hearing, the relative impor-
tance of the several possible “cues’ for
directionality, the conditions under
which directionally may be improved,
and mathematical-statistical models of
binaural hearing.

Two Ears Better than One?

The first question that must be re-
solved is whether two ears are really
better than one. The answer, for all
practical purposes, is negative for al-
most all aspects of hearing except

Fig. 2. Our ears serve as search ra-
dar, our eyes as fire-control radar.

directionality. For contact detection or
sensory discrimination any improve-
ment of the binaural combination over
the monaural involves only a decibel
or two—a negligible percentage. For
localization of sounds in space, how-
ever, the monaural mode has almost
nothing to recommend it. Whether one
is judging distance to a sound source
or angular direction, a second ear is
almost indispensable, Probably the best
confirmation for this statement in-
volves tests made with bats. While
normal bats will be able to avoid wires
strung around a room up to 76% of
the time, bats with one ear covered,
however, have an avoidance record of
38-419%—35%, in this case, being due
to chance alone.

One asks, then, how does this come
about ? Both ears hear the same thing
so how can the same information, be-
ing 100% redundant, fed into the sec-
ond ear, add what amounts to new
information on the basis of which we
can make further and remarkably
precise judgments?.

Fig. 1. We a " an auditory

world made up of concentric spheres.

The secret is that when one takes
not a first but second look at the in-
formation reaching the two eardrums
al any moment in time, the acoustic
signals can usually be shown to be
markedly different in their “hyperfine’”
details.

The temporal (or time determining)
characteristics of the ear, its frequen-
cy and intensity handling capacitices,
and the layout of its nervous system
are admirably adapted to make a dis-
tinction on the basis of just those
hyperfine details by which the two
acoustic signals differ. By “make a dis-
tinction”, we mean that the mechan-
ical construction of the ear itself does
not blur any of the features of the
acoustic signal but passes them on.
transformed, to the auditory nerve
where they are again transformed
(neural coding), sent upward to the
brain, and decoded, with surpassing
exactitude, into sensation.

Temporal Characteristics

Let us first consider the temporal
characteristics (time of .arrival and
phase) of the peripheral organ of hear-
ing. If one presents a series of clicks
to the ear, they do not merge into a
continuous tone until the repetition
rate reaches many hundreds per sec-
ond. Contrast this phenomenon with
the eye, where the critical flicker fre-
quency is something under 50 per sec-
ond—a relatively slow-acting unit. But
the ear is not a biochemical system
with slow time-constants like the eye
-—it is a mechano-hydro-electrical sys-
tem with almost critical damping. (It
is of course true that several distin-
gishable d.c. and a.c. components with-
in the cochlea—or inner ear—are
maintained by bio-chemical-metabolic
equations, but the stimulation of the
auditory nerve fibers is true electrical
stimulation, generated by the hair cells
within the inner ear.)

Only by keeping in mind the very
fast-acting nature of the peripheral
organ of hearing can one believe the
almost incredible performance revealed
by laboratory tests. If one keeps all
other physical parameters constant ex-
cept the time of arrival at the ear-
drums of a short burst of noise, the
subject can detect a difference in
arrival time of as little as 6 millionths
of a second. Evidently the end-organ
and its associated nervous system carry
and transform time patterns with
great fidelity—certainly with sufficient
fidelity to provide an accurate sense

of direction on the basis of time of
arrival of the stimulus at the two ears.

Let us assume, for easy calculation,
that sound travels one foot per milli-
second. In .00001 second it will travel
.01 foot. In this case a sound source
would have to be off the mid line by
only a few degrees for one to sense,
by the time-of-arrival cue alone, that
the sound was not, in fact, in the
median plane. (See Fig. 3.) This cue
can apply, of course, only to discon-
tinuous sounds.

Note, however, that with a con-
tinuous pure tone another correlated
cue is present, namely, time of arrival
at the eardrums of a particular point
in the phase. In this case the ears are
sensitive to differences in phase at the
eardrums at any moment in time, If
one varies the phase tor inserts a time
delay, which is the same thing) in one
arm of a pure tone which is split and
led to the two drums, one has the
illusion of the.sound moving back and
forth between the two ears. Judgments
of the (illusory) “sidedness”, in degrees
off the mid line of the tone, corres-
pond surprisingly well to the actual
geometry of a point source and an
imaginary line between the ears where
the geometry would, under actual
acoustic conditions, produce the phase
difference generated electronically. A
lead or lag by 100 microseconds of a
peak at onc ear usually permits a clear
judgment of “off mid line”. (See Fig.
4.)

Phase relations as a localization cue
in nature have, of course, a serious
limitation where the distance between
the two ears equals one wavelength.
Herce the peak-to-peak times of arrival
are identical and non-informative. This
is more apt to occur at high frequen-
cies and with small heads. This is why
the bat has abandoned continuous
tones and erhits, instead, a series of
heavily frequency-modulated and ex-
tremely brief tones, thus utilizing fre-
quency differences and times of arrival
rather than phase for localization pur-
poses.

Let us now consider the intensity
handling capacities of the ear and the
possible intensity cues to localization.

Of course, if the head is turned away
from a sound source there will be a
difference in intensity depending on
the sound decay over the distance, but
the cue is not a simple one even with
the immobile pinna (outer ear parts)

Fig. 3. Our ears can tell time-
of-arrival differences brief-
er than tem microseconds.

8 — A =.00001 SECOND
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Fig. 4. The human ear is
very sensitive to phase
differences below about
1500 cps. A lead or lag
by 100 usec. of a peak
at one ear usually per-
mits a clear judgment
of “off mid line” mode.

of the human. The lower frequencies
tend to bend around the head so that
the sound *“shadow’ cast by the head
introduces a relative bass-boost to the
spectrum reaching the farther car.
(See Fig. 5.) Also, there are reinforce-
ments and interferences brought into
play by the configuration of the head
and pinna. Note that the sensitivity
of each ear by itself varies with the
direction of the sound. The binaura!l
condition must compensate for these
differences. In animals with moving
pinnae, these variations are prohably
magnified quite deliberately and used
to provide further information.

A quick calculation will show that
the intensity differences arising from
movements of the head (or, what
amounts to the same thing—moving
the source off mid line) are much
greater through many octaves than the
differential loudness discrimination
available to the average human ear.
An 800-cps tone from one side casts
an 8 db “shadow’ on the opposite ecar.
while errors of mid-line localization
can be quite negligible on the basis of
the 0.5 db discrimination possessed by
many individuals.

It is necessary to emphasize what
we have stated previously that two dis-
tinct mechanisms underlie our sense
of directionality—and these in differ-
ent frequency regions. A graph show-
ing the minimum audible angle, in
degrees, to which the average head is
sensitive in the median plane reveals
a broad minimum at about 1 degree
between 250 and 1000 cps and a rapid
rise above 1000 cps to a maximum of
about 3 degrees at approximately 1500
cps. For these lower frequencies, tem-
poral characteristics (time of arrival,
phase) underlie performance. Above
1500 cps, the minimum audible angle in
the median plane fluctuates around 2
to 3 degrees up to 10,000 cps. For these
higher frequencies the localization cue
is provided by intensity differences
(the sound “shadow’).

When the minimum audible angle is
measured for sound arriving at the
head at an angle 45 degrees off the mid
line, performance is generally similar
to the mid-line condition but 1 to 2
degrees worse, up to about 1500 cps.
But for higher frequencies, where in-

1961 EDITION
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tensity cues come into play, perform-
ance deteriorates so sharply that a
very inefficient minimum audible angle
of 10 degrees exists at 3000-4000 cps
while directionality is, for all practical
purposes, completely lost at 7000 cps
and above.

Evidently the relations among head
size, head shape, and wavelength are
not such as to make intensity cues
very useful in anything but the sym-
metrical mid-line condition. This fact
must be considered when placing
microphones and speakers to create
the stereo illusion.

— \| [

r N
FREQUENCY

Fig. 5. The head casts a sound shadow
that attenuates the higher frequencies.

Fig. 6. The stereo illusion in pure form em-
ploys two microphones in a dummy head.

SOUND SOURCE
== R

s

To provide the strongest possible
stereo illusion it is only necessary to
re-create in a pair of ears, by any con-
venient means, the time and intensity
conditions generated at a point in
space by an actual sound source.

Re-creating the lllusion

Probably the most compelling illu-
sion of a wide-azimuth sound, or of a
moving sound source, is created by
placing two omni-directional micro-
phones in the simulated ear canals of
a dummy head and recording the out-
put on dual-channel tapes. This pro-
gram material is then fed to two ear-
phones. (See Fig. 6.) Here all cues
heard by the ultimate listener are as
if his head were in the position occu-
pied by the dummy head and the illu-
sion is complete.

If playback is to be through loud-
speakers, other considerations are in-
volved. The original recording studio
and the listening room must exhibit
certain basic similarities. The speakers
must not be too far off mid line in
relation to the listener. They must be
matched closely in phase and the two
channels must be symmetrical to with-
in a few microseconds in time delay.

Fortunately, these rather stringent
conditions need not be met 100 per-cent
in order to create a satisfactory illu-
sion. A considerable blurring can be
tolerated without destroying the illu-
sion and, of course, the two ears will
always appreciate the added “liveness”
and volume provided by the second
channel. But it is very easy to mistake
“liveness” and volume for true stereo
illusion—which once heard in all its
purity is an unforgettable experience.

This blurring can be studied in the
anechoic chamber. If one places two
microphones four inches apart then
records a wide-azimuth sound, when
replayed through a two-speaker array
there will be a cube (about one foot on
a side) where one can “immerse” the
head and experience the stereo illusion.
If the microphones are placed about a
foot apart, the illusion volume will be
a cube about a yard on a side. How-
ever, the illusion on the fringes of the
cube loses some of its force—rather
soon one encounters diminishing re-
turns and the reasons are not hard to
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pinpoint. If the phase relations for
tones 1500 cps and below, which finally
reach the ear by way of the speakers,
are not at all those which the ears
would hear if immersed in the original
sound, there is no reason to expect to
re-create the exact illusion. The most
one could expect would be a *‘diffuse-
ness” to the sound so that it might be
hard to say, if blindfolded, just where
the sound source is in the room. And
indeed this is about all that some sys-
tems and recordings achieve. It is not
necessary, however, to be satisfied with
this extension of simple monaural prin-
ciples.

To the auditory scientist, of course,
the compelling question is not how one
shall create the stereophonic illusion
but how is it possible that the binaural
auditory system can be so extremely
sensitive to temporal and intensive pat-
terns. After all, the speed of the nerv-
ous impulse and delays in neurone-to-
neurone connections are on the order
of milliseconds—how then can the
ears be sensitive to differences on the
order of microseconds?

Auditory Nervous System

The answer to this question seems
to lie in the layout of the auditory
nervous system. (See Fig. 7.) The in-
ner ear, though coiled, can be con-
sidered unrolled as a piano harp with a
regular progression from the high fre-
quencies to the low. The hair cells in
this progression attach to and "trig-
ger” the individual auditory nerve
fibers. This impulse travels by several
“relay stages” to the cortex, or new
brain. Unlike a telephone wire through
a switchboard, these fibers do not go
straight to the cortex. They emerge
from the cochlea and go a few milli-
meters to the brain stem where each

10
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nerve fiber splits and sends one fibril
to the dorsal and one to the ventral
cochlear nucleus. At this point some
of the fibers terminate on another fiber
(the juncture, called a “synapse,” in-
troduces a time delay) whereupon that
fiber goes up the brain stem. On the
other hand, some of the fibers from the
cochlea continue straight through the
dorsal and ventral nuclei with no
synaptic delay and proceed up the
brain stem.

Note that we are by no means up to
the cortex at this point. It is very
important to understand that some
fibers at the level of the first nucleus
cross over to the other side so that
even at the first “relay” station we
have the possibility of inter-aural
effects.

Now the crossed and uncrossed
fibers, some synaptically delayed and
some not, go up the brain stem to an-
other left-right pair of nuclei called the
“colliculi.” Here, again, in each colli-
culus we have three possibilities. A
"relay” can cross from the other side,
or can go to the other side, and the
colliculus can be bypassed by a fiber
going straight through to the genic-
ulate body in the mid-brain, just below
the cortex.

What we have here is an ideal
system for a comparison of stimuli
impinging on the two ears. The oppor-
tunity for comparing the inputs to the
two ears is good—so much so that the
neural representation from the left ear
is actually greater on the right side
of the nervous system. There are not
just a few fibers which cross. Further-
more the system is not analogous to
the visual nervous system where 50
per-cent of the fibers also cross. There,
the retina is divided into left and right
halves, the fibers from the nasal half

ding pathways of the auditory nervous system.

of each eye crossing in the optic chias-
ma—the fibers from the temporal half
going back, uncrossed, to the visual
cortex. But this is a simple and un-
complicated layout compared to the
“relay” systems, “delay lines,” and
“switchboard” opportunities in hear-
ing.

For the mathematically minded, the
ladder system as we see it here allows
for two types of correlation. First a
running auto-correlation of one ear on
itself. Built-in '‘delay lines” at the
synapses and arising from different
fiber lengths make this possible—from
a single half-millisecond click we may
have nerve impulses reaching a
“switchboard’’ over a period of 5, 10,
or 20 milliseconds. Thus a multiple
look can be had, within each of several
successive "“switchboards,” at a single
monaural input.

How much more, then, is the oppor-
tunity laid down for a second type of
correlation—a running correlation be-
tween the two ears. At every “station’
from the brain stem to the cortex a
multiplex and indeed superb look can
be had of the two inputs simultane-
ously. It is in the course of these
repeated observations that the nervous
system shapes and refines the binaural
sensation.

Opening a *'second ear” to the world
results in a dramatic sharpening of
auditory experience and in worthwhile
improvement in orientation and nat-
uralness. We have seen how this is
made possible on the basis of time and
intensity cues, with a nervous system
designed, as if by a superb architect,
for the full utilization of those cues.
Future electro-acoustic systems will
undoubtedly exploit to the full these
capabilities of our binaural sense.
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H. H. SCOTT proudly introduces the most
powerful, most versatile, complete stereo
amplifier ever made. A recent demonstration
at KLH Research and Development Corp.,
Cambridge, Mass., proved the 272’s amazing
capabilities. This powerful new unit simul-
taneously drove 20 KLH Model Six speakers
to full room volume (with virtually unmeas-
urable distortion).

The versatility of the 272 is unmatched. It
has 25 separate controls. Its advanced fea-
tures include such H. H. Scott exclusives
as: electronic Dynamic Rumble Suppressor*
which automatically removes annoying turn-
table and record-changer rumble without
audible loss of music; unique Pick-Up Selector
Switch ; separate Bass and Treble controls on
each channel; Center Channel Output with
front panel control; massive output trans-
formers using EL34 output tubes. Total

By " World Radio Hi

weight 47 pounds. Power Rating: 44 watts
per channel (IHFM rating) ; 0.8% Total Har-
monic Distortion; Power Band Width 20-
25,000 cps. $269.95. Slightly higher West of
Rockies. Accessory Case Extra.

H H.H. SCOTT

H. H. Scott Inc., Dept. AYO, 111 Powdermill Road,
Maynard, Mass.

7 Rush me your new 1960 Hi Fi Guide and Catalog.

7 Also include complete technical information on your powerful
new 272 complete stereo amplifier.

NAME —
ADDRESS : T -
(i [}/ STATE B
Export: Telesco International, 36 W 40th St., N.Y.C.

* Covered by one ur more of the following patents: 2,606,971,
2,606,972, 2,606,973.
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By PAUL W. KLIPSCH / Klipsch and Associates, Inc.

For stereo coverage of a wide listening area the

addition of a center channel speaker along with

More About Wide-Stage Stereo

a pair of corner speaker systems is recommended.

sound by supplying the sensations

of depth, improved definition, and
enlargement of apparent volume of the
listening room.

Defining “high-fidelity” as the ac-
curate reproduction of original tonality
has its counterpart in stereo as the ac-
curate reproduction of the geometry
of the original sound. The two should
convey to the listener the mental pic-
ture of the original sound, both in to-
nality and geometry. The essentials of
stereo are:

1. Breadth or apparent width of the
sound source.

2. Spatial continuity or a continuum
of sound rather than several point
sources.

3. Directionality or the ability of the
observer to locate sounds across the
stage in approximately the locations as
originally generated.

Steinberg and Snow' showed that
three sound channels were necessary
and sufficient to achieve a reasonable
approach to these requirements. Ex-

STEREO ENHANCES reproduced

periments by this writer confirm their
conclusions, including the feasibility of
deriving three channels from two sound
tracks.

Two-Speaker Stereo

The author’s own early experiments
in stereo led to the conclusion that if
two speakers were far enough apart to
produce a satisfactory stage width,
there was a tendency toward a two-
source effect.

In a 16 foot by 25 foot room, the
various arrangements of speakers
shown in Fig. 1 were tried. In Fig. 1A,
the stereo effect was noted only at
close proximity to the array; in Figs.
1B and 1C, the listening distance was
greater but the two-source or “hole-in-
the-middle” effect was objectionable.
In Fig. 1D there was a lack of stereo
effect while in Fig. 1E, the stereo effect
was evident, but the dependence on
wall reflections resulted in poor mid-
and high-frequency response and a
hole-in-the-middle. In all cases, focus
of a soloist was possible only for one
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THE STROMBERG-
CARLSON CATALOG
OF THE FINEST

IN HIGH-FIDELITY

AND STEREO
COMPONENTS

LIKE YOUR COMPONENTS MOUNTED SEPARATELY? You'll find the very thing you want—from a
tuner to a tweeter—in Stromberg-Carlson’s catalog of high-fidelity components.
PREFER COMPONENT-QUALITY STEREO IN A HANDSOME ENSEMBLE? You’ll find thirteen beauti-
ful basic consoles in the catalog. You can have any one with the suggested high-fidelity components

... or, in many models, with the combination of Stromberg-Carlson components that suits you best.
APPRECIATE VALUABLE, UP-TO-DATE, AUDIOPHILE INFORMATION? This colorful new catalog is

loaded with facts and specs on the complete Stromberg-Carlson line—program sources, speakers,

amplifiers, enclosures, turntables, speaker systems, ensembles—each of which is potent proof that

“there is nothing finer than a Stromberg-Carlson.”

Get full data on such exciting new Stromberg-Carlson

developments as . . .

PR-5S00 SINGLE-SPEED
TURNTABLE

Earning raves from Hi-Fi pub-
lications for quiet action, con-
stant speed and reasonable cost.

1961 EDITION

8:80 STEREO AMPLIFIER

Two 32-watt channels of con-
tinuous power. Compare it for
quality with the two top names,
Then look at the price tag.

Mail this coupon today for your free copy of the new
Stromberg-Carlson full-line brochure.

Stromberg-Carlson Commercial Products Division
1476-09 North Goodman Street, Rochester 3, N. Y.

Please rush my free copy of your new line brochure.
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City Zone State....... e

I am particularly interested in...........o.oooonoeneencn..

STROMBERG-CARLSON
2~ oivision or GENERAL DYNAMICS




listener on the axis of symmetry.

Phantom Center Speaker

The derivation of a phantom center
channel has been the subject of a num-
ber of articles but seems to have been
done first by Steinberg and Snow in
1933. The manner of derivation has
been discussed in various publica-
tions.®**

Qualitatively, the derived third chan-
nel resulted in retention of the geo-
metric integrity of a string quartet
and a large orchestra; a soloist stand-
ing some six feet to the left of the
podium was reproduced a little to the
left of the center speaker.

Quantitively, a study was made of
the geometry of reproduction.” Sounds
were generated in the pattern shown in
Fig. 2A. With a two-speaker playback,
an observer plotted the apparent sound
sources as shown in Fig. 2B. With the
three-channel playback using the de-
rived center channel, a typical observa-
tion was that of Fig. 2C. As a “control”
the same observer listening to the or-
iginal sound (not over the loudspeak-
ers) plotted the apparent sources as
shown in Fig. 2D. The sounds were
generated by a person speaking at the
indicated locations, outdoors, and re-

Fig. I. Arrangements used in experiments,
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Fig. 2. (A} Actual locations of sound
sources. (B} Apparent locations with two
speakers. (C) Apparent locations with

center speaker added. (D} Apparent lo-
cations during live listening experiment.

produced in a 16 foot by 25 foot room
with speakers on the 25-foot wall. The
results in Fig. 2D were obtained with
the observer wearing a hood so he
could see to plot his results but could
not see the person speaking at the in-
dicated locations.

Observers as much as 11 feet off-
axis plotted results which were almost
as accurate as those shown. This cor-
roborates the work of Steinberg and
Snow, indicating only small shifts of
the virtual sources as the observer
moves in front of a three-channel
array.

Phantom-Channel Theory

The philosophy behind the phantom-
channel technique may be stated as
follows :

If two microphones are properly
placed relative to each other and to the
sound source, their combined output is
that of a single microphone in the
middle; this microphone “that wasn’t
there” can be reproduced by re-combi-
nation. The output of an actual third
microphone can also be recovered by
re-combination.

In practice, this combination may be
accomplished by simple addition. The
theory of the third channel derived
from two sound tracks is still being de-
veloped, but it appears that crosstalk is
subordinate to signal mutuality.
(Crosstalk is the inadvertent transfer
of signal from one channel to another;
signal mutuality is the natural conse-
quence of one microphone in a stereo
array picking up signals pertinent to
other microphones.”)

The fact that the center channel
carries sound from the flanks as well is
true whether the channel is derived or
independent. Experience shows that
with proper adjustment of levels, a
high degree of accuracy of geometric
reproduction may be obtained with
either the derived or independent cent-
er channel. As little as 2 db can pro-
duce a shift in the virtual sound source.

Speaker Placement

In the experiments involved with
Fig. 2, the flanking speakers were
placed in corners. This was deemed
desirable for improved stereo geometry
and also for improved tonality. Re-
ferring again to Figs. 1A, 1B, and 1C,
no sound appears to come from outside

the speaker array. Although the ar-
rangement of Fig. 1E produced a “wide-
stage” effect, it could not fulfill the
requirements either of good geometry
or good tonality. Thus, the arrange-
ment of Fig. 1C plus a center channel
was regarded as the only feasible
array.

Monophonically the speaker response
is improved by corner placement as a
result of: 1. Complete room coverage
with 90-degree tweeter radiation angle;
2. Better tonality or response; and
3. Accuracy in the lower three octaves
of response.

Fig. 3 illustrates the benefits to be
derived from corner placement—as far
as tonality is concerned. A 15-inch
driver unit in a 6.7-cubic-foot closed
box on legs was tested four feet from
the walls at a corner, on the floor in
the same place, and on the floor in a
corner. The curves show the responses
for these various locations. Most no-
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ticeable is the imnrovement below 60
cycles, but actually of comparable im-
portance is the smoothing out of the
100-200 cycle range.

One must conclude from this that
tonality and geometry demand corner
placement of flanking speakers.

An experiment, not reported else-
where, concerns a corner center speak-
er with wall-tvpe flanking units, ar-
ranged in an “I.” configuration. It was
found that the gcometry of reproduc-
tion was unnatural. Attempts to bring
the center unit into proper geometry
by increasing its signal input had the
effect of causing it to “jump forward”
into monophonic prominence. It is be-
lieved that the delay effects of some 5
to 10 milliseconds cannot be compen-
sated successfully by increasing the
volume, at least experience thus far
negates the use of this configuration.

Corner placement permits the maxi-
mum separation and consequently the
maximum listening area. The listening
area is proportional to the square of
the distance of speaker separation.
(Refer to Fig. 4).

Outdoors, two speakers seven-feet
apart could be detected as “stereo’” at a
distance of more than 50 feet.* Indoors,
the distance decreased, with 14 feet
providing barely discernible stereo ef-
fect. The maximum satisfactory listen-
ing distance was about 7 to 10 feet.
Wider speaker placement insures ade-
quate angle while addition of the cen-
ter channel insures proper focusing so
that the angular stage width becomes
that of the original sound. Recall that
the string quartet and soloist were
properly located on playback as well as
with a large orchestra.

Microphone Placement

Early stereo demonstrations appear
to have concentrated on spectacular
effects rather than reproduction of
true stereo geometry. One such ap-
pears to have achieved a “three-peep-
hole” playback effect by placing three
microphones too close to the three
separated sound sources.

82K
LEFT( O= V Q JLEFT
220K
33K -
Low 2z O ) PHANTOM
SOURCES (CENTER)
S
\ > 33K =
82K
msnﬂci v QO )RIGHY
= 220K
-
NOTE: ALL GROUNDS ARE COMMON
Fig. 6. Deriving the center channel.

TAPS ON OUTPUT TRANSFORMERS
OF THE POWER AMPLIFIERS
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Fig. 7. Method proposed of combining the
same polarity signals without cancellation.
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Fig. 8. This circuit may upset feedback
ratio and cannot be used in all amplifiers.

Most current tapes and discs ap-
parently have been cut using micro-
phone placement which is compatible
with three-channel playback. The bulk
of this author’s experience has been
with two microphones. The current
trend toward recording three sound
tracks and later dubbing these to two
involves a technology which is an art
and science in itself. It is possible that
microphone techniques which are ca-
pable of improving two-channel play-
back will offer even greater benefits in
playback using three channels.

Deriving the Phantom Channel

The re-combination to derive a cen-
ter channel may be accomplished in
various ways. The original circuit® is
shown in Fig. 6. This represents a
“sum’” combination while the “differ-
ence” circuit is shown in Fig. 5.

Systems using only two power am-
plifiers are based on intrinsic amplifier
stability (precluding types using
“damping control” or other forms of
positive feedback).

Some recordings have been encoun-
tered in which focus of the center
channel required a “sum’ re-combina-
tion while others required a “differ-
ence” treatment. This option may be
taken using the circuits of Figs. 7, 8,
and 9, Fig. 9 employs the Electro-
Voice XT-1 1:1 transformer. Fig. 7 in-
volves the use of a special coil which
is still in the experimental stage and
not currently in production. It is be-
lieved the frequency at which 90-de-
gree phase shift occurs should be
placed at about 100 cycles.®

Fig. 8 derives the “sum” or “differ-
ence’’ without the exciting current and
possible distortion of an additional
transformer or coil. Fig. 10 shows a
“sum” signal derivation using a pre-
amplifier which permits a polarity re-
versal. (“Polarity” is used here rather
than phase. “Phase” is the angular re-
lation between two directed quantities
where the angle may be any value
while polarity applies to the special
case where phase angles are confined to

« Fig. 9. Another method proposed by the author to obtain a sum

ouTP 7 £L and difference phantom-channel signal with [:I transformer.
y
s o
LEFT aMP .
an SPEAKER Fig. 10. Method of obtaining a sum signal from two power am-
i plifiers by first reversing phase of one of the input signals.
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0. 180, and 360 degrees.}

All of the circuits, except that em-
ploying three amplifiers. assume speak-
ers of approximately the same sound
pressure output per volt of input. Im-
pedance mismatches have been made in
“tolerable” directions and assume
speakers of 16-ohm nominal imped-
ance. Output difference up to 6 db may
be compensated by choice of output
taps in two-amplifier systems. Speak-
ers need not be of equal “efficiency” or
output per volt input, but may differ as
much as 6 db even in two-amplifier sys-
tems. Where a pad is indicated, the
“L"” pad is to be preferred over a “T.”

The theoretical level of the center
channel has been derived as 3 db down
from the flanking channels?, but ex-
perience shows this to be a function of
environment. Room geometry has dic-
tated center-channel levels from 0 to
—9 db relative to the flanking channels
and these values may not include all
extremes.

Latest Experiments

Stereo geometry experiments have
been conducted comparing three inde-
pendent channels with two-track-de-
rived three channels.” These experi-
ments are still under way but those
completed thus far indicate the two-
microphone, two-track, three-channel
system approaches the three-micro-
phone, three-track, three-channel sys-
tem in performance and exceeds the
two-channel playback in accuracy of
geometry.

This author is in agreement with
Steinberg and Snow's' conclusions, i.e.,
that the center channel is necessary for
the preservation of a reasonable ap-
proximation of the original geometry
in stereo playback. Addition of the
center channel permits wider spacing
of flanking speakers, culminating in
the natural limiting case of corner
placement and the natural angular ro-
tation of flanking units for complete
coverage of the wide listening area.
Wide-stage stereo means wide listen-
ing area as well and the corner-limited
arrays permit full advantage to be
taken of the improved tonality afforded
by corner-placed speakers and, prefer-
ably, corner-designed speakers.
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By FRANCIS A.GICCA
Raytheon Co.
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Fig. 1. (A) Groove coordinates. (B) Vec-
tor representation of left-channel output.

Epi1TOr’'S NOTE: This article deals with
the horizontally measured tracking
error. Equally important is the effect
produced by vertical misalignment of
the stylus. For information on this
topic we refer our readers (o the
article ‘“Pickup Cartridges for Stereo”
by Norman Crowhurst in owr October,
1958 issue.

T IS generally well known that un-
less a phonograph cartridge is at all
times tangent to the groove of a

monophonic recording, distortion is
produced. With any pivoted pickup
arm it is obvious that the angle be-
tween the axis of the cartridge and the
tangent to the groove must change as
the cartridge moves across the record.
This angular error between the axis

A serious loss of the stereo effect occurs with
tracking error. Here is how this may be minimized
by proper mounting of straight or offset tone arms.

of the cartridge and the tangent to the
groove is called “tracking error” and
should always be minimized in order
to reduce distortion. (For a discussion
of tracking distortion see B. B. Bauer's
article, “Tracking Angle in Phono-
graph Pickups,” Electronics, March,
1955.)

However, it is not as generally
known that tracking error also pro-
duces a serious loss of stereophonic
effect when reproducing stereo discs.
For example, if a 9-inch-long straight
pickup arm is oriented so that the
cartridge’s stylus passes over the cen-
ter of the disc, a loss in stereophonic
effect of 31 db will occur in the outer
grooves.

In order to investigate the cause of
this degradation, and how it may be
minimized, it is first necessary to es-
tablish a set of three-dimensional ref-
erence axes centered about the bot-
tom of a sterecophonic groove. Fig. 1A
shows the coordinate system chosen.
The X axis runs from the inside to the

Fig. 2. Translation of groove X output
into the cartridge coordinates. See text.
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Fig. 3. Comparison between the total
motion vector and the original L vector.

outside of the groove, the Y axis runs
up and down the groove, and the Z
axis runs front to back. These axes
are mutually perpendicular.

Assume that the disc is modulated
with ‘“left” output only, that is, the
inner wall of the groove moves back
and forth at a 45-degree angle to the
horizontal as shown in Fig. 1B. This
motion of the inner wall may be repre-
sented by a motion vector at a 45-
degree angle in the in-out, up-duwn
(X-Y) plane. Such a vector of length
L has been drawn in the X-Y plane of
Fig. 1B.

Since the groove wall is moving at
a 45-degree angle, this is equivalent to
equal lateral (in-out) and vertical (up-
down) motions of the reproducing
stylus. In other words, the L vector
may be represented by two other vec-
tors of equal length, one up-and-down
and the other in-and-out. By trigo-
nometry it is apparent that each of
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these vectors must have a length of
L sin 45°, or L/V 2. These two vectors
are shown in Fig. 1B.

If we look down upon the groove
from above, we see the lateral in-and-
out motion which the left modulation
produces, but we will not notice the
vertical up-and-down motion. In Fig.
2 we are looking down upon the groove
(the X-Z plane) where we see the
lateral L/v 2 vector just found. If the
cartridge’s longitudinal axis is tangent
to the groove, no tracking error exists
and the cartridge's X-Z axes are the
same as the groove's X-Z axes. In this
case, the groove’s lateral motion pro-
duces an equal lateral motion in the
cartridge.

However, if a tracking error does
exist, then the cartridge’s X-Z axes
will be rotated with respect to the
groove's X-Z axes by a tracking error
angle g. The X'-Z’ axes shown in Fig.
2 represent the axes of the cartridge
rotated from the groove's X-Z axes, by
the angle g.

In order to determine the electrical
output which the left groove motion
will produce in a cartridge, it is neces-
sary to determine the motion which
the groove produces along the car-
tridge’s output-sensitive axes. If there
is no tracking error, then the left-
lateral modulation produces only left-
lateral motion in the cartridge. When
tracking error is present, however,
lateral modulation produces a front-to-
back motion of the cartridge’'s stylus
as well as lateral motion. The effect of
this front-to-back motion is to reduce
the effective lateral motion of the
stylus. This reduction in lateral mo-
tion is a function of tracking error and
can be found by projecting the lateral
L/v2 modulation onto the cartridge’s
in-out (X’') and front-back (Z’) axes.

Fig. 2 shows this projection. By
trigonometry it can be shown that the

OFFSET ARM OVER. MAX.TRACK- MIN.
ANGLE LENGTH SHOOT ING ERROR CROSSTALK
MANUFACTURER (8. degrees) (L, inches) (—a, inches)® {3, degrees) RATIO (db)

Audax KT-16 19.50 12,19 .56 1.94 71.6
Electro-Sonic $1000 23.00 8.75 .60 2.27 68.2
Fairchild 282 23.00 8.94 .50 3.43 61.0
General Electric TM-2G 21.75 9.10 .54 2.27 68.2
Gray 212.SP 23.80 9.05 .68 1.75 72,6
Pickering 196 Unipoise 21.00 8.63 S0 3.65 58.8
Rek-O-Kut $-120 (127) 21.00 8.78 .53 3.63 60.0
Rek-O-Kut S-160 (16”) 22.90 11.75 .75 2.02 70.2

* Note: The overshoot distance (—a) must be adjusted as accurately as possible in

order to obtain these results.

Table 1. Tracking error, crosstalk for various stereo arms with typlcal cartridge.

front-to-back (2’) motion is L/ 2 sin
¢ and the in-and-out (X’) lateral mo-
tion is L/V2 cos ¢. Since front-to-
back motion of the stylus ideally pro-
duces no output, it may be neglected.

If we now look at a front view of
the cartridge, we see the lateral L/ v 2
cos ¢ motion caused by the tracking
error angle ¢ and the vertical L/vV 2
motion found previously in Fig. 1B.
These two vectors are shown again in
Fig. 3. If these two vectors are re-
combined into a single vector, it is
seen that this total motion vector is no
longer the same as the original L
vector which produced it. This new
vector is shorter than the original L
and is no longer at a }5-degree angle.

Since the stylus motion is no longer
at a 45-degree angle, the electrical out-
put can no longer be exclusively left
channel, but a crosstalk output is pro-
duced in the right channel as well. The
result is a degradation in stereophonic
effect since left output now appears in
the right channel.

Mathematically, the left output is
L/2 (1 + cos ¢), and the right output is
L/2 (1 — cos ¢). If the tracking error
is zero, that is g=0, then cos g =1
and the left output becomes L and the
right output is zero. If the tracking
error is as severe as 60 degrees, then

T

«Fiq. 4.

80\

L OUTPUT
\ CROSSTALK RATIO = R OUTPUT

70

(FOR L INPUT ONLY)

Fig. 5.

cos ¢ = 1%, which means the left
output is 3L/4, and the right output
is L/4, This 3 to 1 ratio represents
a separation between channels of only
about 10 decibels. Of course, track-
ing errors of 60 degrees are generally
not encountered, but it is possible to
get tracking errors as high as 30 de-
grees with some currently advertised
straight pickup arms mounted so that
the stylus passes over the center of
the disc. Because of the symmetry of
the stereophonic groove, the situation
is exactly the same for right-channel
modulations.

A good figure of merit for the stereo-
phonic leakage caused by tracking
error is a “crosstalk ratio” of left out-
put to right output, expressed in
decibels, when only left modulation is
present on the disc. Ideally, this ratio
should be infinite which means that no
right-channel output is produced by a
left-channel signal. An infinite cross-
talk ratio is achieved only when there
is no tracking error. Since it is im-
possible to achieve zero tracking error
across a stereophonic disc with a
pivoted pickup arm, the arm should be
mounted so that the crosstalk ratio is
as high as possible across the entire
disc. Fig. 4 illustrates how the cross-
talk ratio varies as a function of track-

Crosstalk ratio versus tracking error in degrees.
Note that the crosstalk ratio is the relationship between
the two output signals with an input to one channel only.

The geometry of the straight tone-arm is illusirated
in this diagram. Note that the arm must be mounted In
such a manner that it undershoots the center of the record.
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ing error from O to 30 degrees. Note
that a tracking error of 30 degrees
produces a crosstalk ratio of only 23
db, scarcely enough to maintain the
stereophonic effect when the additional
crosstalk already present in the disc,
cartridge, and amplifier is considered.

In summary, tracking error causes a
decrease in the lateral component in a
stereo cartridge which, in turn, pro-
duces crosstalk between channels. The
remainder of this article will analyze
how tracking error may be minimized
with straight and offset pickup arms
so that the crosstalk ratio is maxi-
mized.

Straight Pickup Arms

Fig. 5 shows the general geometry
for a straight pickup arm of length L.
At some distance d from the center of
the disc, the cartridge is tangent to
the grooves. At this point the track-
ing error is zero, therefore the cross-
talk ratio is infinite. As the arm moves
away from this point, the tracking
error increases and the crosstalk ratio
decreases. In order to minimize track-
ing errors across the disc, the perpen-
dicular distance d should be located
somewhere in the middle of the disc so
that the tracking errors are equal at
the outside and inside of the disc. It is
apparent that if d is located at the in-
side of the disc, the tracking error will
increase tremendously at the outside.
The same holds true for the inside if d
is set at the outside. Minimum over-all
error must occur if d is located some-
where between these two extremes,
and it can be proven that minimum
error occurs when the inner and outer
tracking errors are made equal. In-
tuition also suggests this to be true.

Several 12" recordings were meas-
ured in order to determine at what
maximum outer radius modulations
started and at what minimum inner
radius modulations ended. For a com-
pletely full, 12-inch disc, recording
was started at a radius of 5.75 inches
and ended at an inner radius of 2.50
inches. Setting the tracking errors
equal at these two radii, yields d = 3.78
inches. Note that this value is the
geometric mean of the two radii. This
result means that all straight pickup
arms, irrespective of length, should be
tangent to the grooves at a distance of

20

10 "
ARM LENGTH - INCHES

Fig. 6. Straight-arm crosstalk ratio versus length of arm.

2 i3 14 €

3.78 inches from the center of the disc.
Since it is difficult to determine tan-
gency accurately, a more useful quan-
tity is the undershoot a shown in Fig.
5, which specifies by how far the stylus
should wundershoot the center of the
disc. The final result, see Fig. 5, is that
a should equal v 143 + L*—L.

It is important to note that the
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Fig. 8. Geometry of the offset tone-

arm is illustrated in this diagram.

Fig. 9. Tracking error for two 8" arms.

TRACKING ERROR-DEGREES

DISC RADIUS - INCHES

TRACKING ERROR (DEGREES)-FOR OFFSET ARM ONLY

[ | 12 3 14
ARM LENGTH-INCHES

Fig. 7. Straight-arm crosstalk with optimum undershoot.

stylus should always undershoot the
center of the record for straight arms
if optimum performance is to be
achieved. Fig. 6 shows how the cross-
talk ratio varies at the outer diameter
of a stereo disc when a straight pickup
arm is used whose stylus has been set
to pass over the center of the disc, as a
function of arm length. In contrast,
Fig. 7 shows the crosstalk ratio that is
achieved at the outer diameter if the
correct undershoot is used. In both
cases, the crosstalk ratio at the outer
diameter is the worst condition. Note
thz:xt optimum overshoot achieves a
crosstalk ratio that is 11 db higher
than the incorrectly positioned pickup.

Offset Pickup Arms

It is always possible to reduce the
tracking error even further if an arm
is used whose cartridge is offset from
the arm axis by a small angle. Fig. 8
shows the general geometry for an
offset pickup arm. As before, the
length of the arm L is measured from
the needle to the pivot point of the
arm, which places L off the arm in the
offset case. The offset angle g is meas-
ured as the angle which the lateral
axis of the cartridge makes with L.

Using the same general analysis as
for the straight pickup arm, a tangent
distance d can be found for the offset
arm which makes the tracking errors
equal at inner and outer disc diameters,
and this distance related to an opti-
mum overshoot a. The result of this
analysis for the offset case, however,
is quite interesting and unique. It is
found that the offset arm is tangent to
the grooves at two points as the arm
moves across the disc, rather than at
just one point. It is also found that the
tracking errors are equal at three
points if the errors are set to be equal
at the inner and outer disc radii as
previously done. This third point turns
out to be the geometric mean of the
extreme radii, or 3.78 inches, as de-
termined for the straight arm.

In other words, an optimum offset
arm should be oriented so that it pro-
duces equal tracking errors at radii of
2.50, 3.78, and 5.75 inches. If we bear
in mind the results of the straight arm
analysis, it is clear that the offset arm
should be designed and oriented so that
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it is tangent to the grooves at points
which are the geometric means of the
radii where equal tracking errors are
desired. For equal errors at 2.50 and
3.78 inches, the arm should be tangent
at 3.07 inches (the geometric mean).
For equal errors at 3.78 and 5.75 inches,
the arm should be tangent at 4.66
inches (again, the geometric mean).
This analysis establishes the two tan-
gency points for an offset arm to be at
3.07 and 4.66 inches. As before, an
undershoot distance « can be found
which will satisfy all of thesc eondi-
tions. The result is that « should equal
VIF=143 - L.

There are two important things to
note about this result. First, a will
always be negative for an offset arm
since the square-root term will always
be smaller than —L. A negative value
of @ means that an offset arm always
requires an overshoot rather than an
undershoot. This is in contrast to the
straight arm case which always re-
quires an undershoot.

The second thing to note is that «
does not depend upon the offset angle
B. This is so because each length of
offset arm automatically requires a
specific offset angle which satisfies all
conditions for minimum over-all track-
ing error. In other words, once an arm
length is chosen by the manufacturer
there is one, and only one. offset angle
that will properly set the tracking
errors equal at radii of 2.50, 3.78, and
5.75 inches. Any other choice of offset
angle will set the tracking errors equal
at completely different radii than those
chosen in this article.

Unfortunately, there does not exist
a general agreement among arm manu-
facturers as to what radii should be
used in setting the tracking errors
equal. The outer radius generally
varies from 5.75 to 6.00 inches and the
inner radius anywhere from 1.80 to 3.00
inches. These wide variations make it
impossible to specify a simple formula
which will allow the user to properly
position any manufacturer’'s arm
for minimum over-all tracking error.
Therefore, each arm must be oriented
so that it satisfies the tangency criteria
which the manufacturer originally
chose in the design of his arm. We can
only question whether or not the manu-
facturer's choice is a realistic one.

Luckily, the offset arm is so superior
to the straight arm that variations in
design cause only minor variations in
tracking error. To illustrate the
superiority of the offset arm, Fig. 9
shows a comparative plot of the track-
ing error as two nine-inch arms pro-
ceed across a disc. Curve A shows the
variation in tracking error for a nine-
inch straight arm improperly oriented
to pass over the center of the disc.
Curve B is for the same straight arm
re-oriented for an optimum undershoot
of 0.77 inch. Curve C is for a nine-
inch offset stereo arm (in this case,
the General Electric TM-2G arm)
mounted according to the manufactur-
er’'s instructions. Note the tremendous
superiority of the offset arm. Perhaps
the only criticism that can he made of
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this arm is that the tracking error is
much larger at the outer radius than it
actually need be. With a slight re-
design, the outer tracking error could
be reduced at a cost of inner tracking
error. Ilowever, this would make the
over-all tracking error much lower,
which is to be desired.

In terms of crosstalk ratio, the in-
correctly located straight arm has a
crosstalk ratio of 31.6 db at an outer
radius of 5.75 inches. When properly
oriented, the crosstalk ratio increases
to 42.1 db at this samc radius, an im-
provement of 10.5 db. In sharp con-
trast, the offset arm has a crosstalk
ratio of 68.2 db, a further increase of
over 26 db!

Summary

The equation for optimum under-
shoot for straight pickup arms (Fig. 5)
suggests that a straight stereo arm
should be as long as practical in order
to minimize tracking error and maxi-
mize stereophonic crosstalk ratio.
However, a long arm must, of neces-
sity, have a large dynamic mass which
is undesirable for stereophonic repro-
duction since it causes excessive groove
sidewall pressure. As a result, an off-
set arm is always preferable since this
type allows tracking error to be mini-
mized with a relatively short arm by
proper design and selection of offset
angle. In this case, then, it is desir-
able to have as short an arm as pos-
sible in order to lower the dynamic
mass.

Fig. 8 includes the formula for opti-
mum overshoot with an offset arm
when the conditions of equal tracking
errors at 2.50, 3.78, and 5.75 inch radii
are present. Since most manufacturers
do not use these conditions in the de-
sign of their arms, this equation is not
universally useful but only helps indi-
cate the general procedure used.

Table 1 gives the length, offset
angle, and recommended overshoot for
many commercially available stereo
arms. The overshoot distance listed
should be used for properly orienting
the pickup arm. Using this optimum
orientation, the resulting maximum
tracking error has been calculated and
tabulated along with the minimum
crosstalk ratio at this point.

Note that in all cases the minimum
crosstalk ratio is sufficiently high to
guarantee a minimum of degradation
of the stereophonic effect due to track-
ing error. This is the result of proper
arm design and optimum orientation.
Unless the arm is properly located for
optimum overshoot, unnecessary de-
gradation of the stereophonic effect
will occur, and it must be remembered
that this degradation is in addition to
the crosstalk already present in the
disc, cartridge, and amplifiers.

For arms not listed in Table 1, it is
advisable to follow the manufacturer’s
recommendations carefully with regard
to optimum overshoot or undershoot.
It is wise to mount the pickup arm so
that it may be moved readily when in
place and the undershoot or overshoot
distance accurately adjusted.
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Stereo Microphone Techniques

By HERMAN BURSTElN/

N ACQUAINTANCE with stereo
microphone techniques can be use-
ful to audiophiles in two ways.

(1) It can assist the individual plan-
ning to make live recordings on tape.
(2) It can guide the stereophile in the
physical arrangement of his speakers
inasmuch as certain microphone tech-
niques are based upon a correspond-
ence between microphone and speaker
placement.

Stereo microphone techniques are
based on general principles rather than
hard and fast rules, because every
recording situation has special char-
acteristics and therefore a special solu-
tion. Nature of the sound source,
acoustic characteristics of the perform-
ance site, and types of microphones
employed are factors to be considered.
Optimum results are thus obtained
through a combination of experiment
and adherence to general principles.

Binaural Recording

In the beginning, stereo was brought
into the home on tape and was in-
tended for reproduction wvia ear-
phones. Therefore the early recording
technique employed two microphones
spaced about 8 inches apart and sepa-
rated by a partition about the size and
shape of the human head, as indicated
in Fig. 1A. In effect, the microphones
were an extension of the listener’s
ears. Since the microphone mounting
method of Fig. 1A tends to be on the
impractical side, arrangements such as
that of Fig. 1B have been employed
instead.

While binaural reproduction (via
earphones) has given way commer-
cially to stereo (via speakers), it is
quite possible that some individuals

DUMMY HEAD

LEFT CHANNEL-®D @<*—RIGHT CHANNEL
MIC. MIC.

«+———STAND

(A)

«———PARTITION

MIC. @B [ TN

(8)

Fig. 1. (A) Dummy head for binaural record-
ing. (B) A practical arrangement for such re-
cording used in intensity-difference setup.
recording for their own pleasure and
for reproduction through earphones—
considered by many to provide a more
realistic stereo illusion than speakers
—will wish to use the microphone
technique of Figs. 1A and 1B.

Time-Intensity Technique

When it became evident that the
general public would not accept stereo
through earphones but insisted on

speakers, the microphones were spaced
a matter of feet rather than inches
apart. Spacing varied from about six
to thirty feet. This is referred to as
the “time-intensity” technique because
it results in a difference in both the
arrival time and the intensity of the

Information on mike placement to help make live tape
recordings and to guide stereophile in speaker placement.

sound at each microphone employed.

An early form of the time-intensity
technique is referred to as “classical
recording,” where the microphones and
the speakers were to be spaced about
the same distance apart, with the dis-
tance depending substantially upon the
breadth of the sound source, as repre-
sented in Fig. 2A. Actually, this is an
application of the ‘curtain of sound”
principle, where the sound source is
spanned by a number of microphone-
speaker links, each link covering a
portion of the sound. In the case of
Fig. 2A, the number of microphone-
speaker links is limited to two.

The classical recording technique
raises obvious difficulties. Because
various sound sources differ in width,
strict application of the technique
would require not only the distance
between microphones but also the dis-
tance between speakers to be con-
stantly changing. The latter, of course,
is impractical. However, the classical
recording principle has been applied in
a loose sense; microphones have been
spaced in accordance with the nature
of the sound source, without attempt-
ing to maintain the same spacing for
the speakers.

Haphazard spacing of microphones
along the source has given way to
logical procedures which maintain left-
right orientation and, at the same
time, achieve a blend of the music as
a whole. This can be achieved through
the “listening-angle” principle, which
involves a systematic relationship
among microphones, speakers, and
listener, as shown in Fig. 2B. The
principle assumes an angle between
approximately 30° and 45° formed by
a listener at the original performance
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and the extremes of the sound source.
The stereo microphones are mounted
on the sides of this angle, and it is in-
tended that in reproduction the listener
and the two speakers shall form more
or less the same angle.

The microphones can be placed at
various points on the sides of the lis-

When stereo microphones are placed
far apart, there is apt to be a hole-in-
the-middle, as previously noted, hence
professional recording companies fre-
quently employ a third microphone,
whose output may either be blended
with the outer microphones through
mixers, as shown in Fig. 3A, or fed

| SOUND SOURCE 1

2

EQUAL

OISTANCES BETWEEN THE MICRO-
PHONES AND THE SPEAKERS ARE

)

SOUND SOURCE
STEREQ

MICROPHONES

2y cserige
<y X747 00T TED LINES
< s

LISTENING ANGLE, LISZERER
(APPROXIMATELY THE

SAME IN RECORDING
AND PLAYBACK

HYPOTHETICAL LISTENER
IN A DESIRABLE LISTENWG
PDSITION

(L]

Fig. 2. {A) The classical recording setup. (B} The listening-angle principle.

tening angle, so that their distance
from the source and from each other
will vary. Bringing them close to the
source spreads them far apart, pro-
ducing a marked left-right distinction,
but creating the danger of a ‘hole-in-
the-middle.” Also, there will be a low
ratio of reverberated-to-direct sound,
with consequent loss of the effect of
spaciousness. If the microphones are
too far from the source, there will be
little sense of directionality and the
pickup of reverberated sound may be
excessive, with consequent loss of clar-
ity and definition. Between these ex-
tremes of microphone placement lies
an area of satisfactory stereo results.

It might at first seem that the lis-
tening angle would be substantially
different for a small sound source, such
as a chamber group, than for a large
one, such as an orchestra. However, a
desirable listening position would ordi-
narily be much closer to a chamber
group than to an orchestra, so that
the angle between the listener and the
source tends to be more or less the
same in each case.

As a result of the distance between
stereo microphones, there is a differ-
ence in arrival time of the sound at
each microphone. In reproduction,
according to expert opinion, this differ-
ence will produce the effect of direc-
tionality provided it is greater than 3
milliseconds, hence the microphones
should be spaced at least three feet
apart because sound travels approxi-
mately 1100 feet-per-second. On the
other hand, it is possible for the differ-
ence in arrival time to be excessive.
The ear tends to interpret differences
above 50 milliseconds as two separate
sounds rather than as a matter of
directionality. Thus, if one is recording
in a large hall, spacing of more than
50 feet between microphones is to be
avoided.

N
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Fig. 3. (A} Use of a center microphone for
stereo recording. (B) Stereosonic method.
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UP L*C+R)
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THE SIDE MICROPHONE

{PICKS UP L AND -R)

Fig. 4. Polar patterns of the two elements
employed in the mid-side (M-S} microphone.

to the third channel of a three-channel
tape recorder. In the latter case, the
sound engineers can subsequently mix
the center channel of the tape with
the other two channels in the studio,
which allows more time for achieving
optimum results. Since three-channel
tape machines are as yet far too costly
for the average amateur, he must do
his mixing at the recording stage.

Intensity Difference Technique

The “intensity difference” technique
relies upon differences in signal ampli-
tude at each microphone, but not on
differences in arrival time. The micro-
phone setup is essentially similar to
that for binaural recording, with the
microphones but a few inches apart, as
was shown in Fig. 1B. Generally,
microphones with a figure-8 polar
characteristic are employed; these are
most sensitive to sound arriving from
the front and rear but not from the
side. One microphone is pointed to the
right side of the sound source and
the other to the left side. The angle
at which they are pointed is such that,
between them, they also cover the
center of the source. Since the micro-
phones are closely spaced, the pre-
dominant difference in the signals
arriving at each is one of intensity
rather than arrival time. Use of a
partition between them, as in Fig. 1B,
increases the intensity difference.

A specific form of the intensity
difference technique, called “Stereo-
sonic” recording, utilizes two bi-direc-
tional microphones placed in the same
vertical axis and arranged so that their
polar characteristics are at a 90° angle
to each other, as shown in Fig. 3B.

Mid-Side Recording

A technique that has been widely
used in Europe is known as “mid-side
recording” and employs a specially de-
signed microphone, the Neumann
SM-2, which is known in the United
States under the name of Telefunken.
The SM-2 comprises two condenser
microphones in a single housing. The
“mid” microphone has a cardioid
(heart-shaped) pickup pattern and is
pointed at the sound source. The
“side” microphone has a figure-8 pat-
tern and is placed parallel to the
source, so that the front receives sound
from the left and the rear receives

Fig. 5. Matrixing circuit for the signals generated by the mid-side (M-S) microphone.
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sound from the right. The total pickup
pattern with this technique is shown in
Fig. 4.

The mid microphone picks up all the
sound, namely from the left, right, and

center, which we may designate as
L+R+C. The side microphone has a
single transducing element, which
moves forward, say, when the sound
is of positive polarity at the left and
negative at the right. Hence the elec-
trical signal produced by the side
microphone is L-R rather than L+R.

The output transformers, which are
part of the SM-2, have special wind-
ings that matrix the signals produced
by the two microphones, as shown in
Fig. 5. The L-R and L+R+C signals
are combined in-phase to yield 2L+C.
Also, the L-R and L+R+C signals are
combined out-of-phase to yield 2R+C.
In sum, one output contains primarily
L information and the other output
primarily R information, but between
them they also reproduce the center
of the sound source, thus eliminating
the hole-in-the-middle effect.

While the SM-2 is priced beyond the
budget of the average home recordist,
there is the possibility that the mid-side
technique may eventually be placed
within his reach through a moderate-
priced mixer that properly combines
the signals of two low-cost miero-
phones with the necessary polar char-
acteristics.

Longitudinal Recording

In experimenting with stereo micro-
phone placement, many things have
been tried and one that deserves men-
tion is the “longitudinal” technique,
shown in Fig. 6A, where one micro-
phone is placed behind the other. Two
effects are achieved by this method.
(1) There are differences in arrival
time at each microphone. (2) There
are differences in the ratio of direct-
to-reverberated sound. Both effects
create a sense of spaciousness. More-
over, in reproduction, each speaker de-
livers a different version of the original
sound, and these two versions can
blend to produce a fuller kind of sound
than obtainable from either speaker
alone.

It is possible to combine longitudinal
recording with other arrangements.
Thus one might employ two micro-
phones at the left and right in usual
stereo fashion, plus a third consider-
ably farther back and in the center.
The signal of the third microphone
would then be mixed with the outputs
of the left and right microphones.

Multiple Pairs

Sometimes more than one pair of
stereo microphones is used, each pair
having a different polar pattern in
order to pick up sound in the desired
manner. This is illustrated in Fig. 6B.
Here a pair of cardioid microphones is
used up front to pick up a soloist,
while omnidirectional microphones are
employed farther back to pick up the
entire group of musicians and, at the
same time, obtain an appreciable
amount of reverberated sound.

aacd EmmiTian

Best results are apt to be obtained
if the microphones are matched in a
number of respects. Frequency re-
sponse is one. The sound may tend to
wander haphazardly between left and
right in reproduction if the micro-
phones used happen to have different
sensitivities at the various frequencies
being picked up.

Matching of polar characteristics
can be important. Apart from mid-side
recording, the use of microphones with
unlike coverage patterns may cause
the apparent source of the sound to
shift, or may result in inadequate re-
production of sounds in the center
area.

The microphones should also be
matched with respect to over-all sen-
sitivity if serious problems of channel
balancing are to be avoided.

Phasing

The problem of correct phasing
applies to the stereo microphones as
much as to the rest of the stereo chain.
There is good chance of incorrect
phasing if one employs two different
types of microphones. To establish
whether the microphones are in-phase,
one can do the following. Place the
microphones next to each other, make
a stereo tape recording of a steady
sound (e, g., from a test record), and
play back the tape through a stereo
system where proper phasing has al-
ready been established. If the sound
appears to come from a point about
midway between the two speakers,
microphone phasing is correct. If the
sound appears to come from an in-
definite region, the microphones are
not properly phased with respect to
each other and it is necessary to re-
verse the leads of one of the micro-
phones.

Fig. 6. (A} Longitudinal recording. (B)
Use of two pairs of microphones for stereo.
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Subdivided Hi-Fi Speaker Enclosure

By D. F. REHBERGER
Physics Dept., Univ. of Penna.

GREAT deal of design and experi-

mental manpower has been, and is

being, expended in the improve-
ment of low-frequency response in a
given area—particularly with regards
to cost. Considering size and price, most
speaker-baffie combinations result in a
compromise, with the low-frequency
response below 500 cycles suffering.
The major cause of poor low-frequency
response, and one often overlooked in
enclosure designs, is failure to remove
low-frequency standing-wave effects
from within the cabinet. Size and cost
are limiting factors in conventional de-
signs, as they usually go hand-in-hand
so that the resulting system is either
large or expensive, or both, without
possessing the desired performance
characteristics. Realistic reproduction
is, of course, the prime concern but
this can only be obtained after the
basic problems of standing-wave effects
and panel resonances are solved.

The purpose of the design to be dis-
cussed is to solve the major problems of
enclosing a speaker in a baffle so that
it produces good results, without the
need for gimmicks or novelties. The
design, basically a completely closed
box or so-called infinite baffie, utilizes
subdivisions as an acoustic filter, re-
sulting in extremely good performance
at a cost far less than the price nor-
mally paid for an enclosure to-be used
in the usual high-fidelity system. The
size, too, has been reduced, being only
10-inches deep by 24-inches high.

The cabinet encloses a volume of air

that is compressed and rarefied with
the cone movement. This causes the
bass-resonant frequency of the speaker
to rise, due to the interaction of the
speaker’s resonant frequency with the
resonant frequency of the air column.
Besides the *“air-column resonance,”
the reflective properties of the inside
walls create standing waves at all but
the high frequencies. Standing-wave
effects with loudspeakers would be
analogous to the standing-wave prin-
ciple with transmission lines. Where
there is no reflection from the load,
in this case the interior of the cabinet,
the sound waves would decrease expo-
nentially toward the load. However,
when the load reflects back part of the
incident energy, it combines with the
direct energy and varies, as to ampli-
tude, periodically along the distance.
This results in nodes (nulls) and anti-
nodes (peaks). At a certain frequency
and distance, with the rear of the cone
located near an antinode, the output
would be reduced by a large amount.
The action of nodes and antinodes re-
sults in uneven response from the front
of the cone and is attributed to stand-
ing-wave effects.

The reflecting sound waves (stand-
ing-wave effects) within the enclosure
can be eliminated at all frequencies
above about 500 cps by use of sound
absorbing material within the cabinet.
Below this frequency the standing
waves cannot be eliminated success-
fully without some type of acoustic
filter.

Complete construction details on unusual "infinite baffie”
employing inexpensive speakers, based on a British design.

Panel resonances tend to color the
program and produce noding if not
constructed with extremely rigid pan-
els. Good speaker enclosures of con-
ventional design must be heavy and
properly reinforced, with some being
sand-filled or built with brick or re-
inforced concrete. Such a rigid cabinet
would improve the transient response
of the system, thereby resulting in a
much cleaner output sound.

One of the carly designs incorporat-
ing effective damping of standing
waves was presented by D.E.L. Shorter
of the BBC and consisted of subdividing
partitions inside the cabinet (British
Patent No. 696,671)." He states that
the principle of subdivision may be
achieved in various ways and the en-
closure would have to be divided into
many small sections, each of which
would be unable to support standing
waves at the low-frequency end. To
prevent any reflecting-wave cffects at
higher frequencies, he suggests the use
of sound absorbing material placed
over two or more compartments
around the back of the speaker. This
prevents the cabinet from receiving
any sound at high frequencies and
eliminates the need for further acous-
tic treatment.

Of the many possibilities, the meth-
od used to subdivide the cabinet
involved mounting radial partitions
around the rear of the speaker. This
not only accomplishes the necessary
subdivision of the cabinet but also pro-
vides extremely rigid construction, re-
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Front-panel view with speakers mounted, prior to being covered.

ducing the resonances of the panels.

The cone of the speaker used was
treated, as suggested by Mr. Shorter,
to obtain a reduction in the speaker’s
bass-resonant frequency by providing
a freer suspension. The first model
tested with the recommended speaker
did not show any peaks below 1000 cps
and it was felt that resonances were
eliminated to a point where no further
experimentation was necessary.

To obtain good, smooth response
throughout the required range, with-
out audible peaks or dips, the choice of
speakers becomes fairly critical. Of
the many 12-inch speakers tried, the
Jensen P-12-P, which nets for about
$17.00, was found to be most satis-
factory with this enclosure. The tweet-
er is not as critical as the low-frequency
unit but must have a smooth output
without cone break-up and a level that
matches the P-12-P. The Jensen P-35-
VH, which costs about $4.00, matches
the P-12-P and helps to provide the
results obtained in the response curve
of Fig. 2A. A simple high-pass filter is

The placement of the sound-absorption
material may be seen through woofer hole.

used, consisting of a 1-auf. capacitor in
series with the tweeter, which makes
up the ‘*‘crossover network.”

Treating the Woofer

A method of lowering the bass-reso-
nant frequency can be applied to any
large cone speaker that is not already
treated (viscous edge damping) and
provides a marked improvement. The
cone edge, and only the edge, is impreg-
nated with a hygroscopic material
which will retain moisture in the cone
edge and keep it more compliant. This
results in a freer suspension and a low-
er bass-resonant frequency.

The cone edge is first treated with
a wetting agent which provides a
rapid path for the penetration of the
hygroscopic material. The most con-
venient wetting agent is Kodak '"Photo-
Flo,” available in four-ounce bottles at
photographic supply houses. For use,
dilute a bottle-cap-full of “Photo-Flo”
in eight ounces of water (or 1-100
solution).

While the cone edge is still wet apply

Front view of the back panel with the dividing partitions shown.

the hygroscopic solution. This is a
saturated solution of calcium chloride
(silica gel). The solution is made by
dissolving as much calcium chloride as

The method of making the seal required
for the woofer is illusirated above.

Fig. 2. (A) Acoustic output and (B) impedance curve of the speaker system described.
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possible in about four ounces of water
at room temperature. Allow the mix-
ture to set a day and if nonc of the
crystals has settled out of solution, dis-
solve more calcium chloride. A one-
pound hottle of CaClE&H.O should he
enough, as only about half would be re-
quired. Kodak “Print Flattening Solu-
tion,” used straight, would be an ideal
substitute for the calcium chloride
solution.

No matter which solution you pick.
apply it with an acid brush or a paint
brush. Tn the case of the calcium
chloride solution, re-apply after ahout
ten hours.

Because of the unique internal con-
struction of the enclosure there is a
need for a new method of speaker
mounting and the final finishing of the
complete enclosure. This can be ac-
complished by having the grille cloth
removable instead of the hack panecl.
All units built to date have heen marle
of % -inch plywood, as this adds to the
weight and rigidity. The enclosure can
he made from a single 41 x 8 foot sheet
and most lumber yar. will make the
cuts if the buyer does:‘t have the
equipment. The four picces, 8 x 36
inches, must be swithin }4-inch on
the 8" cuts, as these make up the
top, hottom, sides, and partitions.

The entire enclosure is assemhled
using No. 5 flat-head woodscrews, 1'.-
inches long. White glue is used through-
out to provide a good air-tight seal.
The top, sides, and bottom are first as-
sembled, followed by the back, parti-
tions, and tweeter box. Wiring is com-
pleted next and then the front is se-
cured in place.

The acoustic material is ordinary
rug padding and is placed across two
chambers on each side of the speaker
as shown in the photograph. The 12-
inch speaker is mounted in place with
10-24 “Tece-Nuts" (available at hard-
ware stores) and round-head machine
screws, one-inch long. If woodscrews
are used they should be % -inch, No. 8
round-head. The tweeter is mounted
with No. 6 round-head woodscrews. ;-
inch long. Both speakers are scaled
with “Mortite,” available at local hard-
ware stores in four-ounce packages as
shown in one of the photographs. Be
careful. when tightening the screws,
not to damage the cone or warp the
chassis.

The most practical method of finish-
ing the enclosure is to usé grille cloth
to cover both sides as well as the front.
This reduces the total surface of fin-
ished wood to a minimum. The cloth
is stretched around the cabinet and
secured in place with wood strips and
wire nails.

Testing the Enclosure

It is quite obvious that the final test
of a speaker system is by objective
listening and this is something that
cannot be put into words, due to the
many variables. This leads to a need
for visual information, hence, the fiye-
queney response and impedance curves
shnwn in Fig. 2.

1961 EDITION

The frequency response curves were
taken in an average living room, using
the procedure described by G. A.
Briggs* and devised by Shorter.! The
microphone was placed on the axis of
the 12-inch unit at a distance of one
foot and the system then covered with
sound absorbing material to reduce
room effects. Heavy wool blankets were
used as the damping material and
room effects were reduced sufficiently
to provide a good compromise between
an anechoic chamber and a live listens
ing rnonm. Response curves taken hy
Shorter in the arrangement described®
were within 2 db below 1000 cps and
within 1 db above 1000 cps of curves
taken outside in free-field conditions.
For response curves above 1000 cps, the
microphone was moved back to threc
feet so as to include the output of both
speakers.

The curves were plotted just as thes
appeared in the form of voltage changr«
converted to decibels, and peaks arii
dlps were not altered in any way. Thix
gives a representation of the acoustic
output from 40 to 15,000 cps. Since th-
ear cannot detect narrow peaks or di}.3
these can be ignored for all practicil
purposes, giving a much smoother
over-all curve.

The two speakers are of different im-
pedance, the woofer being 8 ohms and
the tweeter 16 ohms. This difference
helps give a smoother impedance curve
(Fig. 2B), resulting in a better fre-
guency response curve.

The transient response is very good,
due to the absence of panel resonance
and the use of an amplifier with a high
damping factor. In order to realize the
maximum performance of the system,
it should be used with an amplifier
having a damping factor of 5 or more.
Most amplifiers using triodes or beam
power tubes with feedback would be
acceptable.

Since the methods of determining the
efficiency of a speaker system are
somewhat ambiguous, little will be
mentioned here. This system is more
cfficient than most infinite baffle and
reflex systems. It is safe to say that a
10-watt amplifier would be adequate
for home use as only 50 to 80 milli-
watts are required to provide a level
of about 80 db (0 db = .002 dyne/cm?).

The results obtained certainly guali-
fy this speaker system as a ‘high-
fidelity” unit. Considering the initial
cost, it is an excellent basic unit and
two of them will make a fine stereo
speaker setup.

In keeping with the wishes of the
British Broadcasting Corporation,
which has given the author permission
to make use of its patent specifications,
we wish to state that they are in no
way connected with this specific design.
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The “Bi-Phonic Coupler”

A Unique Hi-Fi Speaker System

By ABRAHAM B. COHEN/President, Advanced Acoustics Corp.

An unbaffied system, using a large flat wooden diaphragm rather than a
small paper cone to radiate hi-fi sound, promises fewer decor problems.

OUDSPEAKER system design has

I. undergone a period of evolution en-
gendered, in the main, by the prog-

ress that has been made in the design of
the “heart” of the system itself—the
driver unit. In the earliest days of
sound reproduction the driver unit con-
sisted of an over-powerful earphone
coupled to a “morning-glory” type horn.
In fact, such a system was originally
called a ‘loudspeaking telephone,”
which in due time became fore-short-
ened to simply “loudspeaker.” The
morning-glory horn of the early days
was not a thing of living-room beauty,
but this was not a matter of great con-
cern, for its lack of decorative merit
was compensated by the fact that it
made possible the technical marvel of
mechanically reproduced sound.

From these early beginnings, the
loudspeaker mechanism has been im-
proved to the point where any present
advance is measurable only in the “last
decimal place.” This is not generally
true, however, for the enclosures that
up to now have been as important to
the proper reproduction of sound as the
loudspeaker itself. In the history of en-
closure design we have gone through
phases involving the large flat open
baffle; the large closed box approximat-
ing the infinite baffle; the horn-loaded
baffle; the bass-reflex baffle; the com-
bined rear- and front-loaded enclosure;
and, most recently, the small sealed
box. These systems have ranged from
large, massive, wardrobe-type of cabi-
netry that were awe-inspiring in size
(and difficult of placement), to the very
small enclosures that today are lumped

30

into “bookshelf”’ category or system.

The one common characteristic of all
of these systems is that, in some form
or another, they are boxes that house a
separate sound producer—the loud-
speaker itself. These boxes must some-
how be fitted into the general pattern
of furniture arrangement and, because
they are boxes, all have a “live” side, a
“dead” back side, and must be used in
such a fashion as to show their faces
and hide their backs.

The loudspeaker system to be de-
scribed—called the ¢“Bi-Phonic Cou-
pler,” Fig. 2—in addition to being a

Fig. I. Radiation resistance seen by piston
in small sealed box is about half that seen
by the same piston in a true infinite baffle.
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radical departure from conventional
design has broken through the ‘‘decor
barrier.” It is a live system in that it is
not boxed. It radiates from both sides
of its thin contour so that it may be
placed, if desired, in the center of a
room to fill the room with sound pro-
duced uniformly from both sides. Be-
cause it is thus freed from the boxed
container, it is also freed from the con-
ventional loudspeaker location areas,
although it may, of course, be used in
these conventional spots if desired.

Of more interest to the technical
man is the way in which the very deep-
est of bass and breadth of sound can be
obtained from a system which is so
radically different from conventional
loudspeakers—a system which uses no
conventional cone, is completely un-
baffled, and produces its sound from the
vibrations of a very stiffly held wooden
panel which is, literally, as “stiff as a
board.”

Loudspeakers generally reproduce
sound by the vibrations of rigid *‘pis-
tons,”” which are loosely suspended. In
general, the cone-type loudspeaker
makes use of a deep-formed molded, or
folded, paper cone so that it may ob-
tain, by this construction, some meas-
ure of rigidity while it is vibrating.
Such a flexibly supported rigid cone
structure vibrates and produces sound
when driven by an electrical signal ap-
plied to its voice coil which is immersed
in the magnetic circuit. The degree to
which such a rigid piston produces
sound is determined by its size and how
it is baffled-——a baffle signifying a device
which prevents the rear wave of sound
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from the diaphragm from interfering
with the front wave. Such a baffle,
called an infinite baffle, is one which
theoretically should be uniplanar with
the piston surface and extends infinite-
ly far in all directions of the plane. In
actual practice, a large wall between
two rooms with the piston mounted in
the wall fairly we!l towards the central
part of the wall very nearly constitutes
an infinite baffle. for there exists com-
plete front-to-rear isolation of the
sound vibrating from both sides of the
speaker. And yet, because of the large
volume of the rooms involved, the loud-
speaker is radiating in relatively free
space on either side.

Radiation Resistance

When a vibrating piston is mounted
in such an infinite baffle, its sound out-
put, at a given frequency, is governed
by the radiation resistance it “sees” at
that frequency. This dependence of the
radiation resistance upon piston size
and applied frequency is shown graphi-
cally in Curve A of Fig. 1. It will be
observed that for a given frequency (or
wavelength) the radiation resistance
will vary directly as the radius of the
piston. Since the acoustic power that
the piston can deliver is a direct func-
tion of the radiation resistance it sees,
then to produce an increase in radiated
power at a given frequency (for a given
electrical input power) the piston ra-
dius would have to be increased. This
would increase the C/\ ratio and move
the radiation resistance operating point
higher up on the curve. This, basically,
is why a 15” speaker produces better
low-frequency radiation than a 12”, for
example, all other controlling elements
remaining unchanged.

Thus, theoretically, it is possible to
increase the radiation resistance for a
given frequency at will by going to
larger and larger diaphragms with in-
creasingly better reproduction at low
frequencies. .Practically, however, there
are physical limitations imposed on
making conventional diaphragms too
large. Molded paper cones become phys-
ically unstable and do not act as true
pistons when they get too large—for
they begin to flex within themselves.
Second, the larger they get, the deeper
they must be made to maintain some
measure of the mechanical stability.

Fig. 2. Cross-section of speaker system.
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Furthermore, with its accompanying
magnet structure, the large size cone-
type speaker becomes excessively large
and deep necessitating an even larger
and deeper box-type enclosure in which
to house the speaker—whose function
it will be to baffle the rear-radiated
wave from the front.

Curves are given in the literature
which indicate that for a true infinite
baffle, the radiation resistance, as seen
by the piston mounted in that baffle, is
approximately twice the value of the
radiation resistance for the same in a
small sealed box; usually smaller than
8 cubic feet (Curve B, Fig. 1). The rea-
son for this is that although the small
sealed box may prevent front-to-rear
wave cancellation, the piston does not
“see” the large, flat, infinitely extend-
ed baffle plane. Instead, the radiation
diffracts around the small box edges
and thereby loses some of its forward
projection radiation. The small box ra-
diates into “full acoustic space” of 4w
steradians while the true infinite baffle
radiates into “half space” of 27 steradi-
ans, with, of course, an attendant power
gain when it thus radiates into only
half the volume of the small box. Thus,
simply sealing the back end of a piston
in a box does not necessarily result in
optimum acoustic coupling to space.

Now, let us consider the situation
which would arise were we to free our-

Coupler may be placed vertically, hori-
zontally, or even hung directly on wall.

selves from the baffle entirely. Again,
we look to the established literature
and find that there is a curve of radia-
tion resistance of a piston radiating
without aid of a baffle at all. This curve
(Fig. 3) merely verifies what we have
learned from everyday practice, name-
ly, that for a given size piston radiating
at a given frequency, radiation efficien-
cy will be greater when baffled than
when unbaffled. Thus, for instance, if
the piston is sealed off and operating at
some frequency such that the ratio of

piston circumference to wavelength 1s
0.35 (as in Fig. 3A), then the radiation
resistance will be 0.015 acoustic ohms
per cm®. However, for the same piston
unbaffled, operating at the same fre-
quency, the radiation resistance drops

- to .0001. This effect simply leads to the

well-known conclusion that when un-
baffled the piston will not produce as
much low-frequency power as when
baffled.

Unbaffled Piston

However, there is another way of
looking at this relationship whereby it
will be possible to realize as much
power from an unbaffled piston as from
a baffled one. Using the same relation-
ships, we are going to choose a radia-
tion efficiency level that we might ex-
pect from a boxed piston operating at
a given frequency and find what size
unbaffled piston will correspond to the
same radiation resistance level. Thus,
for a given level of radiation, we simply
move horizontally from the baffled
curve to the unbaffled curve and can
now find a different circumference-to-
wavelength ratio for the unbaffled pis-
ton which will produce the same radia-
tion output as the small baffled piston
ratio of piston circumference to the
same wavelength. From Fig. 3B, it will
be seen that for a radiation resistance
of .0015 for a C/x of .1 (small box con-
dition), we move horizontally to the
unbaffled curve and find a value close
to .5. Since, however, we are maintain-
ing the wavelength, A, constant, then
the circumference of the unbaffled pis-
ton will have to be approximately five
times as large as the baffled one to pro-
duce the same power output at that
given frequency. Thus, by simply choos-
ing the right size radiator, we may
theoretically reproduce, by means of an
unbaffled piston, any desired low-fre-
quency power equivalent to that of a
considerably smaller boxed piston.

However, for purposes of adaptability
to home use, a piston size of 15" x 22"
was chosen and even this size is not too
critical. For example, if we use the
figure of .0015 radiation resistance level
for a circumference-to-wavelength ra-
tio of .1 for a baffled piston and move
horizontally to some intermediate value
of C/\ such as .4, which for a fixed fre-
quency means a piston four times as
large as the baffled one, then we find
that we are almost, but not directly on
the curve representing an unbaffled
piston. At this point of C/\ equal to .4,
which represents an almost unbaffled
piston condition, we may expect the
same level of radiation as a baffled pis-
ton of one quarter its size.

Now the expression “almost un-
baffled” may seem paradoxical. This is
actually only a matter of semantics for
what we mean by a closed box is really
a device that prevents the rear wave of
the speaker from coming around to the
front. Actually, then, the phrase ‘“some-
where between a closed box and an un-
baffled piston” may be restated as “at
some condition of radiation where part
of the rear wave is kept from interfer-
ing with the front wave.” With this in-




Fig. 3. (A) For a giv-
en wavelength, a fixed
size piston will pro-

duce much less low-
frequency power when
unbaffled than when
baffled. (B) However,

for a given radiation
level and for a given
wavelength, a large
unbaffled piston size

may be obtained to
produce the same low-
freauency power as a
smaller piston when
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terpretation, it becomes fairly easy to
provide the necessary control of the
radiation from the back side so that the
piston will operate on the intermediary
characteristic indicated on the graph.
The rear-wave control is actually a
combination of acoustic resistance ma-
terial and an aperture screen which, to-
gether, provide just the right attenua-
tion of the rear radiation to allow the
free piston to produce the necessary
output power without aid of conven-
tional baffling. By actual measurement
the rear attenuation is very small, so
small in fact that only accurately cali-
brated measuring instruments can de-
tect the difference in level between
front and rear radiation—the ear cer-
tainly cannot hear the difference. In
brief, then, by selecting a comparative-
ly large piston and judiciously control-
ling the rear radiation through a small
measure of acoustic resistance, it is
possible to achieve, from the essentially
unbaffled piston, low-frequency per-
formance equivalent to that obtained
from small pistons in sealed boxes.
Because the piston is essentially un-
baffled, it performs as a dipole radiator,
i.e., each side acts as a radiator of
acoustic energy. As a dipole radiator,
the spatial distribution of the sound
coming from the radiator is a ‘“figure-
8" pattern (Fig. 4), that is, there is one
lobe of radiation from one side and an-
other lobe of radiation from the other.
Such spatial distribution differs con-
siderably from that of a piston in a
closed box from which the radiation is
generally hemispherical for the low
frequencies. For the dipole radiator,
then, low-frequency orientation is more
directionally positive—which is of spe-
cial value in stereo reproduction. In
conventional boxed systems, the diffu-
sion of the lows throughout the room
makes stereo orientation of the lows
difficult but with the dipolar directivity
of the unbaffled piston, this low-fre-
quency ambiguity is eliminated.

Mechanical Problems

In order to provide the necessary pis-
ton action for the large radiation sur-
face and still keep the structure flat,
special methods had to be developed to
obtain the necessary combination of
rigidity and compliance of the panel.
This was accomplished by using light,
yet rigid, wood sections cemented to-
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gether and braced in the rear with stra-
tegically spaced wooden members. This
provides not only the necessary rigidity
to the panel but is also effective in ad-
justing the acoustic response of the sys-
tem,

Since the entire structure is made of
wood, the problem was made more com-
plicated by the fact that a single large
panel of wood would not be of uniform
density, nor of uniform flexure char-
acteristics. In order to overcome this
problem, the piston panel is made of
five strips of selected woods—each strip
having the same density and elasticity.
Once these individual strips have been
selected for uniformity and density,
they are ready for assembly.

The type of glue or cement used is of
extreme importance in maintaining vi-
brational strength of the panel. Simple
cabinetry types of glue are not suitable
in that they are essentially hard and
brittle and would be shattered by the
violent (although small) vibrations of
the piston. Yet, on the other hand, it is
not possible to use very flexible glues
that would not shatter since these flex-
ible glues would not provide the proper
adhesion of the panels to provide the
controlled piston action required. Ac-
cordingly, the adhesive material adopt-
ed was a specially devised combination
of both thermoplastic and thermoset-
ting types.

Once the panel had been assembled
and tested, it was found to contain un-
desirable, although not excessive val-
leys and peaks. To eliminate these ir-
regularities, it was found necessary to
brace the back of the piston with stra-
tegically placed struts and mass damp-
ing elements which smoothed out the
response characteristic of the piston
panel. Because the wooden panel and
its necessary bracing involved consider-

Fig. 4. The unbaffled piston (left) pro-
duces a figure-8 pattern while ordinary
baffled speaker radiation is hemispheric.

able weight (approximately 185 grams)
its means of suspension became one of
great stiffness, even to resonate at 20
cps. In fact, the suspension turned out
to be more of a rigid clamp than a
flexible support. To prevent undue me-
chanical noises from the piston vibra-
ting against its clamp, a soft, com-
pressed rubber seat which grips the
piston under pressure was incorpor-
ated, allowing it to flex in this tight
grip without vibrating against hard,
noise-producing surfaces. Actually, this
design has eliminated the flexible sup-
port of the conventional speaker cone
with its attendant edge-resonance ef-
fect and structural fragility.

Because the piston is so rigidly sup-
ported, there is minimum excursion of
the piston as a whole which permits the
voice coil, which is attached to the pis-
ton, to be practically completely linked
with the magnetic gap of the circuit.
In this structure, where the voice coil
is so completely linked with the gap,
high electrical efficiency can be ob-
tained with magnetic non-linearity re-
duced to a minimum because of the
practically immobile large diaphragm.
High electrical efficiency invariably
leads to high electrical damping, both
of which together produce the condi-
tions for excellent transient response
characteristics. Moreover, the large
(15” x 22") piston itself sees a high
radiation resistance which is true radi-
ation damping—effective in producing
good transient response.

While the piston is, by itself, a wide-
range reproducer, it was felt that sea-
soned audiophiles would prefer a little
more highs so a tweeter was incorpo-
rated in the system. The tweeter is a
high-efficiency, driver-type unit in which
the radiating surface is a molded phe-
nolic dome-type diaphragm. It is only
slightly horn-loaded and has a phase-
equalizing button for extending the
very top range of the system. The net-
work used is a simple high-pass filter.
No effort was made to eliminate the
high frequencies from the woofer sec-
tion. This has two effects. First, by
routing some of the high-frequency
power to the woofer, there is a better
balance of level between the tweeter
and woofer section and, second, the
middle- and high-frequency power ra-
diated by the woofer, which comes from
a comparatively large surface, mini-
mizes the pinpoint effect of the usual
tweeter radiation.

Decor and Applications

Let us now discuss some of the possi-
bilities of decor and application inher-
ent in this design. Instead of a cloth-
covered box, the audiophile can now
work with a furniture-finished, panelled
structure which is decorative from both
sides and whose sound is not radiated
through, or impeded by, a grille cloth.
Because it is so thin (4%”), it may be
hung on the wall very much as a pic-
ture might be. In fact, there have been
a number of inquiries regarding the
possibility of painting a picture on the
surface of the panel so that it would
be both a sound radiator and a picture.
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and you’ll agree—for the cri-
tical audio enthusiast who
wants quality at a moderate
price—the PACO SA-40 is the
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For the present, however, we must
recognize that in order to maintain the
stability of the diaphragm against the
ravages of humidity and weathering,
the surface of the panel had to be
treated as a piece of fine furniture. If
one wanted to paint a picture on a
finely finished piece of wood which has
been sanded, filled, varnished, and
buffed, then he is at liberty to do so,
but only to the extent that the original
treatment of the panel is not destroyed.

The system can also serve as a room
divider, either by itself or standing on
ready-made metal-shelved room divid-
ers or suspended between floor-to-
ceiling pressure posts. The units may
also be used as ‘“sound chandeliers”
with, perhaps, a lighting source be-
tween them and the ceiling so that in-
direct lighting is obtained while, at the
same time, sound is produced directly
downward and simultaneously scat-
tered from the back of the speaker up
to the ceiling and back into the room.

Another application would be to
mount the speakers within the joists
of the wall so that the speaker is flush
with the wall. Since the speaker is only
4% inches wide, it may actually be used
to radiate from both directions into ad-
joining rooms. If it is desired to radiate
only into a single room, then the back
of the speaker simply transmits the
sound into the large cavity up and
down between the joists and the wall
structure.

It is also possible to employ the
speaker as the actual walls of equip-
ment cabinets, thus saving considerable
space (and expensive woodworking)
over the original cabinet structure. One
unusual application of this speaker in-
volves its installation into the hecad-
boards of twin beds, providing stereo
reproduction in the bedroom!

SOLDER DOWNWARD!
By ROBERT HERTZBERG

OME very mysterious difficulties with
rotary switches can be traced to dis-
regard of the laws of gravity on the part
of the builder when he is soldering wires
to the lugs. Molten solder runs like water,
and only a tiny globule of it getting into
the switch contacts is usually enough to
close them tight.

The correct technique is to turn the
equipment so that the lug being soldered
points downward. Excess solder and flux
then both form harmlessly on the wire.
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EXTENDED

Method employed in Zenith's 1960 models to control and
extend the apparent separation in stereo reproduction.

IEpiTorR’S NOTE: Some of our readers
may argue that the technique to be
described below is an artificial method
of producing an exaggerated stereo
effect. Others will claim that since
stereo itself ts an illusion, then any
method employed to enhance the
illusion is justified. In any case, the
system 8 claimed to be particularly
effective when left and right speaker
systems are contained in the same
enclosure. We feel sure that our
renders will be interested in the cir-
cuit and method used.

Zenith’s new stereo models in order

to enhance the stereo effect. Ac-
cording to the manufacturer, the sys-
tem eliminates the need for the usual
small area center listening position and
permits the user to control the degree
of apparent separation produced. The
method is said to be particularly useful
in cases where all the speakers are con-
tained in a single enclosure. As will be
seen below, a sum and difference tech-
nique is used. By controlling the
amount of the difference channel vari-
ous degrees of the stereo effect can be
produced.

The block diagram in Fig. 1 shows
the basic principle of operation. The
stereo cartridge supplies separate left
(L) and right (R) channel signals.
These signals are then applied through
an automatic balance control circuit to
a mixer preamplifier. Out of the mixer
two types of information are obtained.
These are the sum signal (L + R),
which is applied to the sum amplifier,
and the difference signal (L—R), which
is applied to the difference amplifier.
A stereo control in the difference chan-
nel determines the degree of stereo

THE following circuit is used in

effect produced. Outputs from both
amplifiers are applied to a transformer
matrixing circuit. Here the informa-
tion is separated and applied to the two
sets of speakers used.

Mixer Preamp Circuit

The controlling circuit governing the
degree of stereo is the mixer preamp
shown in Fig. 2. For the sake of con-
venience assume that the signals com-
ing from the stereo cartridge are —L
and —R. These signals are applied to
the wiper arms of two 3-meg. poten-
tiometers that are ganged together.
These pots are in the grid circuits of
the 12AZ7 twin-triode. The controls
are so wired that when the signal is in-
creased at one grid, it is decreased at
the other grid, and vice versa. In this
manner, satisfactory balance can be
obtained. The twin-triode acts as a pre-
amp as well as a mixer so that we can
obtain the sum and difference informa-
tion.

With a —L signal supplied by the
cartridge, there will be 4+L at the plate
of the left preamp because of phase
reversal of the tube. If we assume that
the left preamp has a gain of 2, then
there will be +2L at the plate. This
2L signal is applied through the 68,000-
ohm resistor and the .1-gf. capacitor
to the output. Also at the plate of the
left preamp is a voltage divider con-
sisting of a 15,000-ohm resistor and a
6800-ohm resistor. At the junction of
these two resistors there will be some
+L signal.

At the same time, —R information is
being supplied to the element of the

balance control that feeds the other
section of the 12AZ7. Also being ap-
plied to this same element of the bal-
ance control is the L signal from the
other section of the 12AZ7. Hence a
composite signal, L—R, is impressed
on the grid of the lower section of the
mixer stage. This signal is also phase
inverted by the tube so that it now be-
comes an (R—L) signal.

The (R—L) information is channelled
into two paths. Part of this infor-
mation is fed through the .022-uf. ca-
pacitor to the stereo control, which is
basically a gain control for the (R—L)
difference channel. Also part of the in-
formation is fed through the 120,000-
ohm resistor and the .047-uf. capacitor
and mixes with the 2L signal from the
left preamp. At this point the (R—L)
signal combines with the 2L signal to
produce an (R+4+L) sum signal that is
fed to the sum amplifier.

Stereo Control & Matrixing

For monophonic operation, the stereo
control is at its minimum setting. Un-
der this condition no difference signal
is applied to the difference channel. All
information that passes through the
system is (L+R) which is subsequently
channelled to both speaker systems.

For standard stereo operation, the
stereo control is advanced until the
sum amplifier and difference amplifier
receive equal amplitude signals. Under
these conditions, (L+R) and (L—R)
information is supplied to the matrix
and only the L information is applied
to the left speaker and only the R in-
formation is applied to the right speak-

Fig. I. Block diagram of arrangement used for "extended sterso." Fig. 2. The mixer-preamplifier circuit employed in Zenith sets.
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Fig. 3. Basic matrixing circuit used.

er. This is normal stereo operation.

For “extended stereo” operation, the
stereo control is advanced further so
that the (L—R) or difference-channel
signal is greater than the signal ap-
plied to the sum (L+R) channel. This
difference in relative level is main-
tained at different loudness settings
since the loudness control for both
sum and difference amplifiers are
ganged and the gains of both channels
are controlled simultaneously.

Output matrixing, or mixing of the
sum and difference signals in order to
get the desired outputs for the speak-
ers, is accomplished by the output
transformers (Fig. 3). The secondary
winding of the difference-channel
(L—R) transformer is center-tapped.
To this center-tapped secondary is con-
nected the untapped secondary wind-
ing of the sum-channel (L+R) trans-
former. We now have two windings
that are connected in series-aiding
(the sum winding and the top half of
the difference winding) or in series-op-
posing (the sum winding and the bot-
tom half of the difference winding).
There are three possible conditions of
operation as follows:

1. For monophonic operation, there is
no difference signal so that both speak-
ers will receive the sum signal.

2. For standard or normal stereo op-
eration, the output of the difference
channel is equal to the output of the
sum channel. Under these conditions
the upper speaker has applied to it
(L+R) + (L—R), or 2L. Note that
this is the left information only. The
lower speaker has applied to it (L+R)
— (L—R), or 2R. This is the right in-
formation only.

3. For *“‘extended stereo” operation,
the output of the difference channel is
greater than the sum channel. Assum-
ing there is twice the signal in the
difference channel, or 2(L—R), the sig-
nal applied to the upper speaker is
(L+R) 4+ 2(L—R), or 3L—R. The sig-
nal applied to the lower speaker is
(L+R) — 2(L—-R), or 3R—L. Notice
that the left speaker system receives
an out-of-phase component of right in-
formation along with the left informa-
tion, and the right speaker system re-
ceives an out-of-phase component of
left information along with the right
information. The magnitude of the
out-of-phase components is what de-
termines the apparent spread of the
“extended stereo’ system.
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ity reproduction are such that the

equipment involved, if it is honestly
made, generally will be of better-than-
average quality in more ways than one.
For example, it is likely to stand up
relatively well under regular use. How-
ever, any electronic equipment is even-
tually subject to failure. When trouble
crops up in a hi-fi system, understand-
ing the types of failures that occur and
their probable effects on over-all oper-
ation can greatly simplify servicing.

A complete hi-fi system is a complex
chain consisting of many different com-
ponents or sections. While difficulty can
arise in any one section, the problems
associated with each — fortunately —
tend to be distinctive.

In any system, there are two general
methods of locating a failure. One is
to trace through the entire system to
determine the section in which trouble
lies, and then to conduct detailed exam-
inations within this area until the spe-
cific trouble point is reached. The other
method is to attempt recognition of the
section where that trouble is probably
occurring from the symptom—through
experience or logic, or both. It may
then be possible to proceed directly to
the area of the defect, sometimes di-
rectly to the fault itself.

Of the two methods the second, al-
though it is less *“scientific,” can

T HE REQUIREMENTS of high-fidel-

RIPS IN CONE OR SUSPENSION 7

DRIED OUT CONE /

BWT OICE COIL

—.

Finding

Comprehensive catalogue
of defects, their symptoms,
and their probable causes
in home audio equipment.

L Sy
em— D
e e
SBUTEEEY

iy,
W
LN
BROKEN"WIRE OR CONNECTIO X N Q

much faster when proper diagnosis is
made. Hence, it is useful to compile and
classify defects and their symptoms.
Assuming normal initial operation of
the system, subsequent failures rather
than basic system defects will be con-
sidered here.

Failures in the Amplifier

Improper operation of the amplifier
or preamplifier (generally, as indicated
by exressive distortion) can be caused
by misadjustments or changes in the
circuit due to some component’s degen-
eration, rather than from outright fail-
ure..Classes of such failures include:

Overloading. A properly designed am-
plifier should overload only in the ouf-
put stage of the power amplifier beyond
its rated output. Overloading is easily
checked, since reducing the signal level
will cause the distortion to be reduced.
When the overload occurs below the
rated output level, or obviously below
a reasonable volume level, component
failure in the output stage is probable.
If the overloading occurs in some in-
termediate stage in the circuit, the

Faults
in

most likely cause is a tube or compo-
nent failure that results in a reduced
load resistance across some part of the
circuit, causing it to overload at a low-
er level than normal. In many cases
the overloading is due to old or weak
tubes. and clears up when the bad tube
or tubes are replaced. Although any
tube in the circuit can produce over-
loading, the fault usually occurs in
driver or power-amplifier tubes.

A failure in the power supply can
cause it to produce incorrect voltages,
so that tubes may be operating at re-
duced plate voltages and thus overload
at lower than normal levels. It is also
possible, by improper operation of the
equipment, to produce overloading in a
system that has no failures. For exam-
ple, if the gains and levels of the dif-
ferent units of the system have been
misadjusted, it is possible to feed too
high a level from one unit into a low-
level input of the following unit and
thus overload the input stages of the
latter. This is easily recognized and
corrected by re-adjusting the controls
of the different units of the system so
that they are all operating at the prop-
er input and output levels.

Improper operating characteristic of
an amplifier stage: For least distortion,
each tube in the amplifier should be
operating on the most linear portion of
its grid-plate characteristic. When the
grid or plate voltages change consid-
erably from their original or design
values, due to deterioration in one or
more of the circuit components, severe
distortion may be produced. Resistors
most likely to change value (due to
overheating) are those used as plate
loads, especially when they are dissi-
pating power at levels close to their
ratings. A leaky coupling capacitor
also can cause a tube to operate im-
properly, by applying a slight positive

IMPROPER M.F.
LEVEL S [

Although defects in loudspeakers
are not usual, here are key points
to check when such failures occur.

Hi-Fi Systems

By DAVID FIDELMAN
Author, "Servicing Hi-Fi Systems™
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voltage to the grid. Incorrect power-
supply voltages may also be suspected.

Improper feedback can be a cause of
poor amplifier performance. If the feed-
back circuit or one of the circuits with-
in the feedback loop (or loops) has
changed or failed, the result may be
parasitic oscillation due to positive
feedback, or increased distortion and
poor frequency response due to the re-
moval of adequate feedback. The com-
ponents most likely to be involved are
the tubes, resistors and capacitors in
the feedback network, and any para-
sitic-suppression resistors that may be
used in the power-amplifier stage. It
may sometimes be necessary to change
the feedback or the phase-correction
network to other than the design val-
ues in order to stop a case of high-fre-
quency oscillation. Generally, reducing
the amount of feedback will help.

High mnoise level can be caused by
aging or failure of some component.

W&
o

TUBE OR COMPONENT
FAILURE OR AGING

IMPROPER INPUT
LEVELS

Defective tubes may be the cause of
thermal noise, hiss, and crackle from
intermittent contacts within the tube,
as well as microphonics in low-level
stages due to sound pickup from vibra-
tion of the tube elements or through
direct sound conduction through the
mounting of the tube socket. Tubes
may also cause noise because of bad
contact between the tube base pins and
the socket, bad grid-cap contact (if one
is used), and intermittent contact be-
tween a shield and ground.

Defective resistors and capacitors
can produce thermal noise (especially
when carbon resistors are used in the
plate circuits of low-level stages) and
intermittents (for example, voltage
breakdown and recovery in the dielec-
tric of a capacitor). Volume controls
and switches can be a major source of
noise—loose or dirty contacts that pro-
duce momentary open circuits are the
most common causes of noisy controls
or switches.

Hum that is higher than normal can
be caused by a failure in one or more
of the following components or cir-
cuits: power-supply filter capacitor or
choke; cathode bypass capacitor; tube
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POWER SUPPLY FAILURE

heater-to-cathode leakage or short
circuit; unbalance in the push-pull pow-
er output stage; failure or unbalance
in the d.c. biasing circuit (often asso-
ciated with the heater circuitry); or a
poor connection in the shielding or
grounding in low-level stages.

Motorboating is a very low-frequency
oscillation, due generally to coupling
between high-level and low-level stages
through the common impedance of the
power supply. It is most frequently the
result of defective electrolytic capaci-
tors or decoupling networks, although
overloading of the output transformer
or unbalance in the push-pull output
stage can also cause coupling through
the power supply.

Phonograph Failures

The phonograph can be a frequent
source of trouble, and its performance
has become even more important with
improvements in records. Improper op-

TUBE OR COMPONENT
FAILURE OR AGING

bly may become defective. It may be
loosely mounted or otherwise not prop-
erly coupled to the cartridge. The sty-
lus may not be making proper contact
with the record groove due to improper
positioning of this assembly, or because
it is bent out of shape, or because one
of the pole pieces is bent or out of posi-
tion (in the case of a magnetic car-
tridge). Stylus motion may be impeded
because dust or other foreign matter
has accumulated in the assembly, or
against such associated portions of the
cartridge as the guard or pole pieces.
Other possible failures include diffi-
culty with the cartridge itself. A crys-
tal or ceramic element may become
broken or otherwise defective. In a
magnetic cartridge, coil wires may be-
come open or shorted, or the magnetic
circuit itself may become defective. A
tone arm may be damaged or improp-
erly adjusted. There may also be some
binding in its bearings or mounting, re-

o

I-F MISALIGNMENT

DEFECTIVE

ANTENNA
BROKEN WIRE OR
CONNECTION

OUTPUT

LEVELS

lifier.

eration can cause either complete or
partial loss of performance in the rec-
ord-reproducing channel, introduce se-
vere distortion, and even cause irrep-
arable damage to valuable records if
not corrected in time. Some of the most
common problems are noted here.

A worn or chipped stylus is one of
the first hazards in the case of the pho-
nograph. As this element wears, flats
begin to form on the sides so that the
stylus eventually assumes the shape of
a chisel with sharp edges and it begins
to ride in the bottom of the groove in-
stead of gliding along the sides. On
monophonic, microgroove records, this
wear can be quite serious after only a
few playings with a metal-tipped sty-
lus, fewer than a hundred playings with
a sapphire stylus. Where a stylus is
sufficiently worn, it is even possible to
ruin a long-playing record with a single
playing. This hazard is considerably
more serious in the case of stereophon-
ic records.

Stylus-assembly defects are general-
ly, although not always, the result of
careless handling or other abuse of the
record-playing equipment. There are
a number of ways in which this assem-

stricting movement. High hum level,
intermittent noises, or intermittent sig-
nal may indicate a loose or broken car-
tridge lead wire.

Turntable rotation failure can occur
either in the motor or in the drive
mechanism from the motor to the turn-
table. Causes may be: lack of power
to the motor due to a failure in the
electrical circuit (such as a defective
switch or plug, or a break in the wir-
ing); wiring failure in the motor; me-
chanical failure in the motor (for
example, binding due to damaged or
frozen bearings, or to gummed oil or
foreign material between the armature
and pole-piece); failure in the drive
mechanism (for example, worn idler-
wheel bearings or rubber tires;
stretched rubber drive belts, insufficient
friction between rubber and metal
parts due to oil or grease, insufficient
spring tensions) ; binding in the turn-
table shaft or defective bearings.

Trip-cycle defects are generally due
to improper adjustments, binding in re-
lease or friction components, defective
springs or bent parts. The electrical
circuit may -also be at fault here (de-
fective trip switches and solenoids).



Other causes may be in the records
themselves, which may be of incorrect
size, warped, damaged, have an over-
sized center hole, or non-standard lead-
in and run-out grooves.

Record-dropping problems are also
often the fault of the records. They
can be caused by records that have
broken or chipped edges, that are
warped, or that are too thick or too
thin. Defects in the changer that can
cause record-dropping problems in-
clude: bent spindle assemblies or rec-
ord-selector posts; sticking or binding
of sliding parts in the record selecting
or push-off mechanism; bent pusher
shafts; loose or improperly set push-off
arms and cams.

A number of other failures can occur
in record-player mechanisms. such as:
wow and flutter, rumble, mechanical
resonances in the tone arm or other
structures, and 60-cycle or 120-cycle
hum due to. electromagnetic pickup.
Where these are due to failures in the
record-player mechanism, such as im-
proper lubrication of the motor and
mechanism, flats or binding of the idler
wheel, dirty or defective bearings,
grease on the idler wheel or turntable
rim, loosened screws, poor electrical
connections, and other such defects
that have arisen in the course of nor-
mal operation of the unit, they can be
corrected and eliminated by proper
servicing and maintenance. However. in
many cases, these distortions and de-
fects are partly due to the basic design
of the record player, and are not actu-
ally failures in the unit.

Loudspeaker Troubles

A loudspeaker properly matched to
the system will rarely fail or wear out
in normal use. Where such failures do
occur they are most often the result of
some sort of abuse to the loudspeaker.
These failures include:

Burned-out voice coils due to extreme
overloading caused by connecting the
loudspeaker to an amplifier delivering
much more power than the rating of
the loudspeaker, or by accidentally con-
necting the 117-volt a.c. line across the
voice coil.

Rips and tears in the cone or suspen-
sion are due to careless handling or in-
sufficient precautions to protect the
speaker in installation.

Poor frequency response and distor-
tion are often found in woofer-tweeter
combinations where one or both speak-
ers has an independent level control;
this control can be misadjusted to
change the relative levels of the two
speakers, thus giving poor frequency
response and possible distortion.

Rattles are due to loose (or broken)
pieces in the loudspeaker enclosure.
Resonances may occur if some of the
stiffening braces have come loose from
the walls of the enclosure (for example,
due to aging and loosening of the glue
which secures them).

Acoustic feedback or mechanical feed-
back may develop if the location of
different units in the system has been
changed in such a manner that the
loudspeaker can feed back acoustical
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or mechanical vibrations to the phono-
graph pickup cartridge or other low-
level sections of the system.

Poor sound conditions may be due to
a number of factors that have nothing
to do with the electrical operation of
the system itself. Improper placement
of the loudspeaker system in the room,
or a loudspeaker system that is not
well matched acoustically to the room
can be a cause of poor sound reproduc-
tion. Very often, the history of a re-
cent change in the furnishings or decor
of the room. can be one cause of poor
room acoustics, and thus affect the per-
formance of the system.

Tuner Problems

Failures and deteriorations in per-
formance of high-fidelity tuners require
a different type of consideration from
those which occur in ordinary radio and
TV receivers. Since the performance re-
quirements are much more critical, rel-
atively slight deteriorations must be in-
cluded as equipment failures. Some
points to consider follow:

Detector failures in AM tuners can
be caused by a change in the diode load,
and will show up as a distorted output.
The diode load resistor (generally 2 to
10 megohms) may have changed in
value, or the detector or the following
tube may have failed. If the tuner uses
a cathode-follower type of detector,
trouble may result from changes in the
cathode resistor or the r.f. bypass ca-
pacitor.

Distortion in FM tuners can be
caused by misalignment of the i.f. am-
plifier or the detector, or by regenera-
tion in the former. Such symptoms are
sometimes due to a change in the value
of an i.f. transformer’'s damping resis-
tor or to a failure in the bypassing
components in addition to direct mis-
alignment of the i.f. transformers.

Poor frequency response may be due
to reduced r.f. or i.f. bandwidth. This
can happen if any of the damping resis-
tors across the if. transformers have
opened or increased in value. In FM
tuners, poor frequency response can
also be caused by a component failure

in the audio de-emphasis network.

High noise level in AM tuners may
be due to misalignment of the r.f. or i.f.
transformers, or to a component fail-
ure in the whistle filter (if the tuner
has one). In FM receivers, noise is gen-
erally due to incomplete limiting, which
can be caused by reduced sensitivity
due to faulty tubes or components, or
to a failure in the antenna system or
lead-in wire.

Tuners that contain preamplifiers
and control units are also subject to
the same failures as amplifiers and the
possibility of a failure in the audio sec-
tion should always be considered.

General Problems

It should always be kept in mind that
failures in the system set-up itself may
occur that are not defects within indi-
vidual components in the system. For-
tunately, these will generally be in
the nature of installation errors rather
than problems that develop subse-
quently, but the possibility of this
occurrence must be considered. Some-
times such general defects, although
they were part of the original installa-
tion, do not become annoyingly evident
until later. Sometimes it is actually
possible that a latent installation de-
fect (a marginally good interconnec-
tion, for example) will not cause trou-
ble for a while.

System failures are generally in-
volved with interwiring between com-
ponents (broken or fraying wires, loose
connections, open grounds, ground
loops, pulled-out plugs). Changes may
take place because various units in the
system, or even the entire system, have
been moved or re-located in line with
a recent attempt to redecorate the
room, or even a recent cleaning of the
room. For this reason, it always pays
to check up on what has been happen-
ing in the room where the system is
located. However, once a system has
been giving satisfactory operation for
some time, one would scarcely jump at
such possibilities first; a failure within
one of the units involved is the greater
probability.

Most common faults to occur in record players or changers.

MISALIGNMENT OF STYLUS
WORN OR CHIPPED STYLUS

MISALIGNMENT OR BINDING OF
TONE ARM

BROKEN WIRE OR
OPEN CARTRIDGE
CONNECTION

DEFECTIVE CARTRIDGE
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By R. D. HERLOCKER /

amplifiers either as a matter of

routine maintenance to keep their
equipment in topnotch working order
or to modify them for improved opera-
tion. On the other hand, it seems that
relatively few make any attempt to
check the performance of their speaker
systems. This is in spite of the well-
known fact that the average amplifier
of today is freer from distortion and
has a more uniform frequency re-
sponse than even the better speakers
now in use.

What accounts for this difference in
attitude? Is it because so many of the
factors controlling response and dis-
tortion are ‘built-in” to the speaker
and thus are presumably not subject to
improvement? Or is it because so
many persons seem to have the idea
that in order to determine any signifi-
cant characteristics of a speaker sys-
tem, test equipment is needed which is
beyond the reach of all but well (and
expensively) equipped laboratories?

It is quite true that many items
which affect response and fidelity are
inherent in any speaker and are fixed
at the time of manufacture. However,

MANY audiophiles test their own

Fig. 1. Equipment setup for speaker tests.
0SCILLOSCOPE
SED THREADS |
OVER CRT FACE
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If one side of amplifier output is 10p1. CAPACITOR1\
grounded, unground this lead. (SEE TEXT)
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Use an oscilloscope and audio oscillator to measure

loudspeaker impedance, phase angle, and distortion.

other factors, which are also quite im-
portant in determining the over-all
response of the system, are very much
under the control of the user. These
controllable factors are primarily those
which are concerned with mounting or
enclosing the speaker and locating it
within the room, and their importance
should not be underestimated. For ex-
ample, a speaker with a free-air reso-
nance near 30 cycles, or even lower,
and a smooth response above that
point, may sound best in an infinite-
baffle type of enclosure, while another
speaker with a sharp resonance falling
within the normal bass range (50 to 70
cycles, for instance) may need a bass-
reflex type enclosure to tame the reso-
nance and generally smooth out the
lower end of its range. The type,
amount, and location of sound absorb-
ing material within the enclosure will
also affect the response, but usually in
a higher range, since the lack of such
material may permit other resonances
due to reflections within the enclosure.
Then, too, if tests can be made in the
room in which the speaker is to be
used, it will probably be found that the
location of the speaker in the room has

a considerable effect on its perform-
ance. This is particularly true in the
case of stereo reproduction.

It seems to be commonly felt that
any measurements of loudspeaker per-
formance must necessarily be made
with a lot of complicated and expen-
sive equipment, which might typically
include a microphone which has been
calibrated over the frequency range to
be tested, an expensive audio oscilla-
tor, a couple of amplifiers, distortion
and output meters, and other asso-
ciated pieces of equipment, and prefer-
ably including either an anechoic
chamber or “wide open spaces” for
free-field testing. Rigorous testing
under these conditions will undoubted-
ly give results which are as nearly
definitive as can be had and which will
correlate well with the sounds as actu-
ally heard. Of course, we all recognize
that these sounds constitute the ulti-
mate test of any audio system, al-
though in many cases where the sound
is considerably less than perfect, tests,
even on the small scale which can be
made at home, will help to pinpoint the
cause or causes of faulty response, and
may suggest measures to improve the

Fig. 2. Shown here
are a pair of distor-
tion-lree oscilloscope
traces with and with.
out some phase shift.

NO SHIFT
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Fig. 3. Typical phase-angle and impedance curves for mounted and unmounted speaker.

over-all performance of the system.

Equipment

Much valuable information about
your speaker and its performance can
be obtained with simple equipment,
such as is available to many experi-
mentally inclined audio fans. The char-
acteristics which can be measured with
this simple setup are those which in-
volve the electrical system of the
speaker, either directly or because of
energy reflected back into it from the
mechanical or acoustical systems. They
include impedance and phase shift and
gualitative indications of harmonic dis-
tortion and useful power handling ca-
pacity. The equipment needed includes
an audio oscillator capable of produc-
ing good sine waves over the desired
frequency range: 20 to 20,000 cycles
should be more than adequate; a power

ments to be discussed here, the oscil-
loscope must be adjusted so that the
vertical and horizontal gains are equal
and the no-signal point is at the in-
tersection of the three threads.

Impedance

Impedance is the simplest character-
istic of a speaker to measure. Using
the hook-up of Fig. 1, feed a single-
frequency signal into the oscilloscope
network, adjusting the amplifier out-
put so that the trace nearly fills the
face of the cathode-ray tube. Adjust
the variable resistor to give a trace
that falls on the 45° thread, as in Fig.
2A, if the trace is a single line. If the
trace is an ellipse instead of a line, as
is more apt to be the case, the proper
resistor setting will put the trace with
the long axis of the ellipse on the 45°
thread, as in Fig. 2B. The impedance
of the speaker at the frequency being
tested is now the same as the resist-
ance of the variable resistor. Measure-
ments should be repeated at intervals
over the desired frequency range and
a curve drawn connecting the meas-

A\

<

/.ﬁdf

\
¢

o

>
PHASE ANGLE-DEGREES

N

A-REFLEX ENCLOSURE, SOUNO REFLECTED BACK TO SPEAKER
————— B8-REFLEX ENCLOSURE, EXCESSIVE DAMPING

P4 o g

Al
%

g ==

S\

1974800 = BN

IMPEDANCE-OHMS _

amplifier: ten watts is big enough for 4 \ i
most purposes, but it must be free d / \ /| \\ s il
‘= g CC :_o_.néousucv cps‘m 800 IKC. 2KC.
:G: Ssing ;‘, :?o{ Ssing 3:. Fig. 4. Phase and impedance curves in reflex cabinet under two different conditions.
g'og 3 0.55 33Ys such as is incorporated in any vacuum-  ured points, as in Fig. 3, for easier
o'is : g:g %Vz tube voltmeter. This gives sufficient visualization of the results. Impedance
0.20 12 0:70 441 accuracy for present needs, since rela- should be plotted against the logarithm
0.25 15 0.75 48V, tive values are more important than of frequency. Usually a change of 20%
0.30 18 0.80 s3 absolute values in this application. to 25% in frequency between adjacent
0.35 21 0.85 58 The equipment is connected as indi- points is permissible, although inter-
0.40 24 0.90 64 cated in Fig. 1. If the oscilloscope does mediate points will be needed at fre-
0.45 27 0.95 71 not have a measuring grid over the  quencies where a small change in fre-
1.00 %0 face of the cathode-ray tube for de- quency produces a disproportionately

Table 1. Abridged sine-function table.

from distortion over the frequency
range to be measured; an oscilloscope :
practically any one will do; and a cali-
brated wire-wound variable resistor.
Thirty ohms maximum resistance is
about right for working with 8-ohm
speakers and 50 to 60 ohms for 16-ohm
speakers. The resistor calibration can
be made with a low-range ohmmeter,

a2

termining the size of the trace, a satis-
factory substitute may be made by
simply fastening three threads over
the face of the tube with Scotch tape.
One of these should go vertically
across the center of the face and the
second horizontally, as determined by
the vertical and horizontal traces of
the oscilloscope. The third thread is
to go across the intersection of the
first two, at a 45° angle, from lower
left to upper right. For all measure-

large change in impedance, as is the
case in the vicinity of resonant fre-
gquencies.

Phase Shift

The elliptical trace which will be
found throughout a large part of the
frequency range of any speaker is a
direct reflection of phase shift in the
speaker. Phase shift can be caused by
reactive components in the electrical,
mechanical, or acoustic networks of

AUDIO YEARBOOK



the speaker and is inherent in these
networks. While it can be modified by
changes in any of these networks, the
acoustic network is the only one which
can be readily changed by the home
experimenter, since this is the one
which is controlled by speaker mount-
ing and by enclosure dimensions and
design. Phase shift, in itself, is neither
good nor bad in its effect on the sound
put out by the speaker system. What
is bad is the presence of abrupt changes
in phase shift, especially at frequencies
differing widely from the bass resonant
frequency or frequencies of the system.

The phase shift of a speaker system
can be readily determined at the same
time the impedance is being measured.
Measurements of two dimensions of
the oscilloscope trace are needed at
each frequency. These are the over-
all height of the trace and its height
through the center (Y and X, re-
spectively, in Fig. 2B). Now X/Y
= sin ¢ so the value of the phase
angle, ¢, can be found in any trigo-
nometry table from the ratio between
these two heights, or it may be esti-
mated from the abridged sine table
given in Table 1.

Whether the reactance causing the
phase shift is inductive (positive shift)
or capacitative (negative shift) can
easily be checked by momentarily plac-
ing a capacitor across the speaker
terminals, as shown by the dotted lines
in Fig. 1. The value of the capacitor
is not important, as long as it is large
enough to change the shape of the el-
lipse noticeably when contact is made.
A 10 uf. filter capacitor has served
quite satisfactorily in the author’s
tests. If the ellipse is fatter with the
capacitor in the circuit, the shift is
negative and the reactance of the
speaker is capacitive. If the ellipse be-
comes thinner when the capacitor is
placed in the circuit, the shift is posi-
tive and the speaker reactance is in-
ductive.

At high frequencies there is nor-
mally a positive shift of 20° to 45°
since the inductive reactance of the
voice coil is sufficient to have a notice-
able effect in this range. At some in-
termediate frequency, the phase angle
will pass through zero and then be-
come negative as the frequency is
lowered. Near the resonant frequen-
cies .of the speaker and enclosure, the
phase angle is apt to undergo quite
rapid changes, as shown in Fig. 3.
These rapid changes may indicate un-
evenness of response, particularly if
the amplifier with which the speaker
is to be used is not highly damped. At
frequencies above about 200 cycles, an
uneven phase curve is related to the
response. For example, the rather er-
ratic phase curve A in Fig. 4 was found
to be due to reflections from an en-
closure wall, back to the speaker cone.
The disturbance was not large enough
to show up on the impedance curve. A
small change in the enclosure, to elim-
inate the reflections, smoothed out the
curve, as in B of Fig. 3, and at the
same time removed a distinct colora-
tion which earlier had been noticed in

11 ENITIOON

the sound from this particular speak-
er-enclosure combination.

The internal damping of a bass-re-
flex enclosure has quite an effect on
the impedance and phase curves ob-
tainable, as well as on the sound ema-
nating from it. This point is illustrated
by a comparison of curves B of Figs.
3 and 4, which were taken with the
same speaker-enclosure combination.
The only difference between the two
sets of conditions was that, for curves
B of Fig. 4, additional damping ma-
terial was used, including cotton sheet-
ing across the port to provide extra
acoustical resistance at that spot.
Curves B of Fig. 4 can be seen to be
much smoother, without the sharp im-
pedance peaks or sudden phase changes
at resonant frequencies noted in
curves B of Fig. 3. However, a price
must be paid for all this, which is not
apparent from examination of the
curves. The low end was quite smooth
sounding, but very noticeably weak-
ened by the additional damping. The
moral is that test results such as these
should always be interpreted in con-
junction with actual listening.

Distortion

Harmonic distortion developed in

(A}

10% PLUS 30*
PHASE SHFT

©y 0

Fig. 5. Traces of 2nd harmonic distortion.

Fig. 6. Oscilloscope traces that contain
both 3rd and 4th harmonic distortion.

0% 3RD

% 4TH

0% 4TH
0% 280

© o

the speaker is made apparent in this
test procedure by deviations of the
oscilloscope trace from the straight
line or elliptical shapes previously dis-
cussed. It is in this connection that a
distortion-free amplifier between the
audio oscillator and the speaker is es-
pecially important, since a distorted
signal being fed to the speaker will
complicate the trace on the oscillo-
scope and may easily make it seem
that the speaker is distorting the sig-
nal when, in reality, the amplifier or
even the generator, may be responsible
for the distortion.

Accurate measurements of harmonic
distortion are not feasible by this meth-
od although, with care, a fairly good
estimate may be had. In the useful
audio-frequency range, by far the com-
monest harmonic distortion met with
is second harmonic, otherwise known
as doubling, in the lower frequency
range. Figs. 5A, B, and C show the
traces obtained with 5%, 10%, and
20% second harmonic added to the
fundamental frequency without any
phase shift in the speaker. Fig. 5D
shows a trace containing 10% second
harmonic, but with a 30° phase shift
of the fundamental. It is obviously al-
most impossible to get any valid esti-
mate of harmonic distortion from a
trace of this type, so to he ahle to
estimate the distortion, the phase shift
must be compensated for. This can be
done, at least approximately, by shunt-
ing either the variable resistor or the
speaker with a suitable capacitor, until
the phase shift is eliminated on the
oscilloscope trace. The value of the
capacitor will have to be found by
trial, since it is dependent on fre-
quency, the impedance being shunted,
and the phase shift to be compensated.
The capacitor should be placed across
the speaker, as in Fig. 1, to compensate
for a positive (inductive) phase shift
or across the resistor to compensate
for a negative (capacitive) shift.
When second harmonic distortion alone
is present, it may be estimated as fol-
lows:

% Second Harmonic = 100 (U/V)
where U is the width of the widest
part of the curve and V is the over-
all width of the trace (see Fig. 5C).

Third and higher harmonics will be
found much less often. Their estima-
tion does not seem to be practical with
this simplified testing setup. Examples
of curves containing third and fourth
harmonics, alone and in combination
with second harmonics, are given in
Fig. 6, so that they can be identified,
even though they cannot be measured.
Third harmonic distortion (no phase
shift) gives a curved line, while the
fourth harmonic alone gives a triple
crossing loop. It can be seen from ex-
amination of Figs. 5 and 6 that analysis
of the traces to give distortion values
is feasible only in the simplest cases.

Some indication of the power han-
dling capacity of a speaker can be had
by repeating the tests, particularly in
the low-frequency range (say below
200 cycles) at successively higher pow-
ers, cutting back the oscilloscope gain
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as power is increased to keep the trace
on the face of the tube. At any given
frequency the voltage across the
speaker and its impedance can be
measured at the power level at which
the shape of the trace becomes mark-
edly distorted. Volts squared divided by
impedance equals watts (power),
which in this case is the useful power
capacity of the speaker. Two notes of
warning on this kind of testing should
be sounded: First, stay within the
manufacturer’s power ratings on both
the speaker and the variable resistor
to avoid physical damage to them.
Second, a continuous tone, such as is
produced in these tests, can seem in-
tolerably loud even at a power input
of only one to two watts. This last
statement applies with double force to
uninterested wives.

It might be of interest to point out
that all of the impedance and phase
shift curves shown in Figs. 3 and 4
were made using the same speaker, a
twelve-inch, wide-range unit of stand-
ard make and all were made with the
speaker in the same location in the
room. In this manner, variables not
directly concerned with the enclosure
were eliminated. The primary pur-
pose was to help in a study of the
design of bass-reflex enclosures.

Interpretation of the test results has
not been discussed in any detail, be-
cause that has been better covered in
other recently published material both
from the theoretical and design view
points ¥ ® * ™ % ? and from the more
subjective viewpoint of the would-be
listener = ™ *,

To sum up, this simplified loud-
speaker testing technique can be used
to measure speaker impedance and
phase shift and to give a qualitative
indication of distortion generated in
the speaker or its enclosure and the
useful power-handling capacity of the
speaker. It must also be understood
that there are several things this tech-
nique will not do. One is to measure
the frequency response or range of a
loudspeaker (for this, one needs the
more sophisticated test methods re-
ferred to at the beginning of this ar-
ticle). Another, and probably most
important of all, it will not replace
a good pair of educated ears in making
the final determination as to whether
the sound produced is “right.”
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THE best method of checking ures and how they are obtained. the modulated signal. In the example
distortion in hi-fi gear is by the just given then, if the square root of
How IM Is Produced

use of a single input frequency in
a harmonic distor tion check.
This method is easy to use and readily
duplicated. It may not tell very much
about how an amplifier would handle
a somewhat more complex input. For
example, if we were to apply a mixture
of two input signals, one at a low fre-
quency and the other at a high fre-
quency, and we were to check how the
amplifier handles these simultaneously
and what interactions there are be-
tween them, then we would have a
better indication of how the even more
complex speech and music signals
would be handled. This is exactly what
we do when we measure intermodula-
tion distortion (IM).

There is currently some disagree-
ment on the value of an IM measure-
ment. There are many in the field who
feel that a total harmonic distortion
(THD) test made over the entire fre-
quency range adequately describes the
amplifier’s distortion performance. Fol-
lowing this reasoning, recent standards
have been set up for THD measure-
ments but not for IM measurement.
Despite this, a good many manufac-
turers quote IM distortion figures so it
is important to understand these fig-

When two different frequencies are
applied to a perfectly linear device
(one whose output varies directly in
accordance with the input), then the
output of the device contains only
these two frequencies. On the other
hand, when there is any non-linearity,
one of the signals is changed or modu-
lated by the other. (See Fig. 1.) When
this modulation takes place, additional
sideband frequencies are generated
just as they are in the modulated stage
of a radio transmitter. These addition-
al sideband frequencies are not har-
monically related to either of the orig-
inal frequencies. For example, if a
large 60-cps signal is combined with a
small 6000-cps signal in a non-linear
device, the additional frequencies of
5940 (6000—60) cps and 6060 (6000+60)
cps are formed. What is more, har-
monics of the original two frequencies
combine with each other to produce
still more “sum and difference” signals.
None of these additional signals was
present originally, so that we have now
introduced distortion.

The amount of this distortion is the
r.m.s. sum of all these added sideband
signals expressed as a percentage of

the sum of the squares of all the side-
band frequencies is 0.1 volt and the
amplitude of the 6000-cps signal alone
is 5 volts, then the IM distortion is 2
per-cent.

Audible Effects

There are two audible effects of IM
distortion: one of these is the result of
the amplitude modulation that occurs
and the other is the result of the un-
harmonically related added frequen-
cies. Assume you are listening to a
Bach Chorale with the sopranos being
accompanied by a loud, bass passage
on the organ. If your equipment has
high IM distortion, the voices may
have an unpleasant, ‘“‘fluttery,” and un-
clear sound because these high fre-
quencies are being amplitude modu-
lated by the low-frequency tones of
the organ.

In addition to this effect, any time
that you listen to any combination of
tones, or even a single tone that is any-
thing but a simple sine wave, the
added frequencies due to IM distortion
introduce a roughness or harshness
that seems to “muddy up” the original
tones. Any added frequencies, whether
harmonically related or not, consti-

Fig. 2. Functional block diagram of IM analyzer. Waveforms at various points in the instrument are shown in Fig. |.
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tute distortion. But when these fre-
quencies are not harmonically related,
then the audible effects are quite un-
pleasant.

Limits of IM

In measuring IM distortion it is com-
mon to apply to the equipment under
test a large low-frequency signal along
with a small high-frequency signal.
The usual ratio between the two ampli-
tudes is 4 to 1 (12 db). Low frequen-
cies in common use are 40 cps, 60 cps,
100 cps, and 150 cps; high frequencies
in common use are 3000 cps, 4000 cps,
6000 cps, and 15,000 cps.’ Depending
on which frequencies are used, and
their related amplitudes, different IM
distortion figures will be obtained.
Therefore, it is important to state just
what frequencies and amplitudes are
used in a given test when specs are
quoted. It is also important to state
the power level at which the measure-
ment is made.

The amount of IM distortion that
should be present in top-quality hi-fi
equipment has been the subject of
much discussion. According to one au-
thority* the following arbitrary group-
ing is given:

AMPLIFIER ™M
Very high-fidelity

(lower test f.eq., 40 cps)
High-fidelity

ower test freq., 40 cps)
Good fidelity

(lower test freq., 60 cps)

Less than 8%
Fairly good fideli ty
(lower test freq., 69 cps) Less than 299%

Recently the Heath Co. has set up its
own standards for IM distortion I'mits
on power amplifiers. Its groupings,
using test frequencies of 60 and 6000
cps at a 4:1 ratio. are as follows:

Less than 2%
Loss than 4%

AMPLIFIER ™M
Professional 1% or less
High-fidelity 2% or less
Utility 3% or less

In our own lab-tested reports as well
as in the specifications quoted by a
large number of comnanies in the field,
an IM distortion figure of 1 per-cent is
used. If we find that an amplifier will
not produce its full rated output power
at 1 per-cent IM, then we down-rate
the unit. Admittedly this is an ex-
tremely strict specification to meet but
we feel that it is fair provided all units
are subjected to the same criterion.

IM Compared with THD

In general, when an amplifier has
low intermodulation distortion, it also
has low total harmonic distortion
(THD). When the IM is high, so is the
THD. However, it must be remem-
bered that these two methods of meas-
uring distortion are quite different, so
it is logical to expect that the percent-
age figures for IM and THD will not
be the same,

The relation between IM and THD in
a hypothetical amplifier is shown in
Fig. 3. These curves are fairly typical.
Note that at low power outputs (up to
about 11 watts in this case) the IM
distortion is less than the THD, as
measured at the extremes of the fre-

1 This method is the one specified by the Society
of Motion Picture & Television Enginee

8 “Radiotron Dcsigner's Ilandbook” Fourth Edi
tion—edited by Langford-Smith
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guency range to be covered (say 20 or
20,000 cps). At 10 watts output, the
IM of this particular amplifier is 1%
while the THD is 2%. It is quite acci-
dental that these two figures, which we
use as our own standards, occur at the
same power level. But observe what
happens at the higher power levels.
First, the IM goes upward a little more
suddenly than does THD. For this
reason, many feel that the IM measure-
ment is a much more sensitive indica-
tion of amplifier overload. Second. the
two distortion curves cross each other
so that the value of the IM bccomes
higher than the value of the THD.

If the harmonic distortion measure-
ments are made at the mid-frequencies
(400 or 1000 cps), our amplifier is
seen to produce much less THD. Under
these conditions, it is not uncommon
for the value of THD to be less
than the value of IM at all power
levels. In the case of our hypothetical
amplifier, an output power of 13 watts
is produced at a THD of 2 per-cent., At
this power level, the IM is close to 8
per-cent, or almost 4 times as great.

It is quite possible to have a totally
different relation between IM and
THD than is shown in Fig. 3. The de-
sign of the amplifier being checked,
and particularly how it overloads, may
change this picture markedly.

IM Analyzers

Although IM distortion can be meas-
ured with separate audio generators,
filter circuits, oscilloscope or meter
indicators, common practice is to com-
bine many or even all the functions
needed into a single instrument. This
instrument may be called an IM analy-
zer. A block diagram of all the func-
tions performed by such an instrument
is shown in Fig. 2.

Two stable audio generators are
used, one of these produces the low
frequency and the other produces the
high frequency required for the test.
In some instruments these frequencies
are adjustable, in others they are fixed.
The two signals are then fed into at-
tenuators for isolation and for adjust-
ment of the amplitude ratio (usually
4 to 1). Some units permit the user to
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switch internal v.t.v.m. circuits in at
these points to measure the relative
amplitudes of the two audio signals.
After suitable mixing, tho combined
signal is applied to the input of the
amplifier to be tested.

The amplifier is terminated in an
output load resistor. Some IM units
even have such loads built in for
limited power use. The v.t.v.m. is then
switched across this load so that the
output power may be monitored. It is
common to operate the amplifier “wide
open,” and simply keep increasing the
mixed input signal until rated power
output (or whatever power output
level is desired) is obtained. See Fig. 4.

In this regard, it is important to use
the same peak output voltage as would
be obtained under single-frequency
conditions, since it is usually at the
voltage peak that distortion is gen-
erated. If the amplifier is delivering 4
volts of low frequency and 1 volt of
high frequency at the same time, its
total output voltage would be 5 volts.
The distortion would be equivalent to
that produced by a 5-volt signal. The
power that should be produced by such
a signal is E? (5%, or 25) divided by the
load resistance. On the other hand, the
true power (as indicated by a voltage
measurement taken across the load) is
only 4 plus 1? (16 +1, or 17) divided by
the load resistance. This means that
the indicated power output must be
multiplied by 25/17 (or 1.47) when
testing for IM under these conditions
to obtain an equivalent sine-wave out-
put power. Hence, if the voltage meas-
ures 8 volts across an 8-ohm load, the
true power is 8 watts, but the equiva-
lent sine-wave output power is 1.47 X 8,
or 11.8 watts.

The amplifier load signal is then
applied through an input attenuator to
a high-pass filter. This circuit removes
the large-amplitude, low-frequency sig-
nal and passes on the high frequency.
If the amplifier under test has IM
distortion, the amplitude of this high-
frequency signal will vary, perhaps as
shown at the upper waveform No. 5 in
Fig. 1. If the amplifier has no IM dis-
tortion, the amplitude will be constant,
as shown in the lower waveform.

The high-frequency signal is then
amplified and detected. (See wave-
form No. 6.) After detection, the
signal is fed to a low-pass filter which
removes the high-frequency ripple.
Now the amplitude variation shows up
clearly as a low-frequency signal (up-
per waveform No. 7). Had there been
no IM distortion, the output here would
be pure d.c. The remaining low fre-
quency, representing the distortion, is
then applied to the a.c. v.t.v.m. circuits
for measurement. Since this meter had
previously been adjusted for full-scale
reading with the undistorted high-
frequency applied, it will now read
directly the percentage value of the
intermodulation distortion.

IM distortion measurements, taken
in accordance with any standard meth-
od such as the one described, allow an
important specification to be quoted
for evaluating high-fidelity equipment.
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Two spring-like delay lines {left) and
reverb amplifier produce the reverberation effect.

‘Reverhaphonic Sound” System

Electro-mechanical reverberation unit to be included
in Philco and Zenith packaged phonograph consoles.

N an effort to insert some ‘‘concert-

hall reverberation’” into stereo or
mono sound that is reproduced in the
home, two manufacturers of packaged
phonographs are including, in some of
their new models, an electro-mechan-
ical reverberation unit similar in prin-
ciple to the reverb unit used in Ham-
mond electronic organs. Both Philco
and Zenith have announced the use of
the Hammond-designed reverberation
unit in some of their new console mod-
els under the name of “Reverbaphonic
Sound,” for Philco units, or “Reverba-
Tone,” for Zenith units.

We recently attended a press demon-
stration of the Philco system and were
guite impressed at the great differ-
ence in reproduced sound when the re-
verberation unit was switched in. A
very definite and noticeable reverber-
ation effect was heard on both stereo
and mono signal sources. There may
be those who argue that this is really
a “gimmick” that compromises the true
stereo effect, but it must be admitted
that it does make for a very striking
demonstration. The phonograph em-
ployed for the demonstration had its
speakers for both stereo channels
housed in the console. In addition, two
outboard 4-inch speakers were placed

in the corners of the listening room
some distance away from the console.
If desired, the outboard speakers, which
handle signals from 200 to 300 cps and
upward, may be placed in the main
console. A five-position switch on the
phonograph provides four degrees of
reverb along with an “off” position.

Close examination of the reverber-
ation unit disclosed what appeared to
be two springs somewhat over a foot
long and perhaps 3¢ inch in diameter
stretched loosely between two supports
(see photo above). The springs were
anchored at both ends onto a pair of
ferrite armatures, around which were
wound a pair of coils. One of these is
used for the input, and the other is
used for the output.

The block diagram of the Philco
system, shown below, indicates just
where the reverberation unit fits into
the over-all audio system. The time
delay produced by the two springs is on
the order of 30 to 40 milliseconds. The
two springs have slightly different de-
lays in order to obtain a relatively
smooth delay characteristic. Because
the lines are not terminated, echo sig-
nals continue to bounce back and forth
for a period of up to approximately
2 seconds.

The combined left and right signals are applied through a coupling transformer to
a coil wound on a ferrite armature. This armature then moves mechanically in ac-
cordance with the audio signal. The mechanical motion is transmitted along the
length of the two spring-like delay lines, causing the armature at the other end
of the springs to be vibrated. This, in turn, produces a signal at the output wind-
ing that may then be recombined with the original left- and right-channel signals.
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The Decibel Without Pain

By BOB ELDRIDGE /

know that the decibel is a ratio be-

tween two quantities of power (or
voltage, or current), not a quantity of
power, voltage, or current itself. Thus
we should not express any known elec-
trical guantities as being simply ‘“‘so
many db”—unless we are in the adver-
tising business. The copywriter may
state, ‘“Sudso is 20 per-cent faster’” and
get away with it before anyone asks.
“Faster than what?” However, if a
technician should state, “The power at
this point is 30 db,” someone will in-
variably want to know, “30 db above
or below what?”

In other words, there must be a ref-
erence level.

Sometimes this level may be under-
stood. In the telephone industry, fo:
example, this reference is the input
level to the switchboard from a sub-
scriber line. Other levels throughout
the system, expressed simply in db, are
referred to this input, with the tele-
phone engineer primarily concerned
with the magnitude of the losses in the
various portions of the path between
the microphone of one telephone and
the receiver of another.

He is also interested in the gain in
db of each amplifier in the chain that
will restore the losses: what goes down
must be brought back up again if Mom
in New York is to hear Johnny's plea
from camp for just another few dollars.
In the detailed engineering of the cir-
cuit, he also becomes interested in the
actual ra