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Announcing an important Scott innovation in high fidelity . . .
Scott Integrated Cireuits...now in 4 Scott receivers

Hear stations you've never been able to hear before.. . brought to life with amazing clarity!

Integrated Circuits...

the computer-born miracle.

Originally developed as a space-
saving device in giant computers, the
integrated circuit (“IC") is a complete
circuit in miniature . . . often barely
larger than a grain of sand. The various elements of
the circuit. .. transistors, resistors, and wiring...are
permanently carved into a microscopic layer of sili-
con. There are no lose wires or parts that can change,
age, fall out, or wear out. In fact, Scott Integrated
Circuits can last literally thousands of years.

More performance in less space.

Used in the vital FM tuner IF strip, Scott Integrated
Circuits actually incorporate more circuitry in less
space. The new Scott IF strip now contains 20 tran-
sistors, as compared to four in the previous model.
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IF strip

FRE

capture ratio and selectivity figures of 2.5 dB and 45
dB, respectively. Scott’s new Integrated Circuit IF strip
is conservatively rated at 1.8 dB capture ratio and

46 dB selectivity. Independent test reports, however,
show the new Scott Integrated Circuits to be consist-
ently capable of an incredible 0.8 dB capture ratio!

What Scott IC’'s mean to you.

Now you can hear more stations with less noise
and interference. Weak, distant stations that you
never have been able to receive before will suddenly
appear with amazing clarity. Outside interference
from electric razors, auto ignitions, etc., will be dras-
tically reduced. And, you can count on enjoying this
amazing performance for many, many years...thanks
to the absolute reliability of Scott Integrated Circuits.

When will Scott IC components
be available?

Scott IC receivers are now at your Scott dealer's
showroom. Scott IC’s are incorporated into the design
of the 388 120-Watt AM/FM stereo receiver, the 348
120-Watt FM stereo receiver, the 344 85-Watt FM
stereo receiver, and the 342 65-Watt FM stereo re-
ceiver. Your Scott dealer will be glad to demonstrate
to you the amazing capabilities of these new receivers.

Scott . . . where innovation is a tradition

] SCOTT®

H. H. Scott, Inc., Dept. 35-03, 111 Powdermill Road,
Maynard, Mass. Export: Scott International, Maynard, Mass

Fact-filled, fully illustrated booklet on Scott Integra-
ted Circuits...simply circle Reader Service No. 100.

Another innovation from Scott, manufacturers of superb components, compacts, kits, speakers, and consotes.
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Number 42 in a series of discussions
by Electro-Yoice Engineers

CARDIOID
IS NOT

ENOUGH

ROBERT F. HERROLD, Nl
Microphone Pioject Engineer

It is frequently assumed that a unidirec-
tional microphone exhibiting a perfect car-
dioid pattern is ideal for reducing un-
wanted noise pickup. While there is an
element of truth in this assumption, nor-
mal studio practices usually dictate that a
microphone with a polar pattern that devi-
ates from the classic cardioid shape is
more effective.

During development of the new Electro-
Voice Model RE-15 Super Cardioid, it
was determined that a cardioid micro-
phone with optimum rejection at 180° off
axis could maintain this rejection only
within a cone of about 15° to 20°. This
meant that the microphone had to be
aimed directly away from the offending
noise for maximum effectiveness.

The design of the RE-15 was altered to
permit a small lobe to exist at 180° (still
providing at least 15 dB of cancellation).
This placed the point of maximum rejec-
tion at 150° off axis, and increased the
useful cone of rejection to about 80°.

Since typical placement of any microphone
on floor stands and booms does not permit
maintaining the noise to be rejected ex-
actly and consistently at 180° off axis, this
increased area of rejection adds greatly to
the usefulness of the microphone.

The Model RE-15 design is a blend of the
concept* used in the Model 666 Variable-
D® microphone and the Model 676 Con-
tinuously Variable-D® models. In essence,
fixed cancellation ports are provided close
to the diaphragm for frequencies above
1000 Hz, while a slotted line provides a
variable distance port for cancellation of
frequencies below 1000 Hz.

As a result of this design the RE-15 offers
unusually uniform frequency response at
all points of the polar pattern within its
useful frequency range. Frequency response
at 90° and 180° off axis is within +2 dB
of on-axis response. Thus there is no
change in sound character as a performer
moves off axis—just a change in sound
level.

The RE-15 design also eliminates the polar
pattern variations at different frequencies
that are typical of single-D designs, as well
as the proximity effect common to most
cardioid microphones.

The Super Cardioid pattern, plus the uni-
formity of response has been entensively
field tested. and proved more effective than
the classic cardioid in the majority of stu-
dio conditions.

*U.S. Patent No. 3,115,207

ElecthoYores

SETTING NEW STANDARDS IN SOUND

For technical data on E-V products, write:
ELECTRO-VOICE, INC., Dept. 373A
602 Cecil St., Buchanan, Michigan 49107

Check No. 149 on Reader Service Card.



Coming
Articles

Next month we will present
a Forum on Loudspeakers. This
provocative format will include
questions and answers of con-
cern to all serious hobbyists.
In addition we will feature a
product compendium illustrat-
ing the latest speaker and
speaker systems.

The usual complement of
feature articles, plus column-
ists, and the expanded record
review department will be on
hand.

Profiles

Dyna PAS-3 preamplifier and
Stereo 120 amplifier.

On the newsstands, at your
favorite audio dealer’'s or in
your own mailbox.

About the Cover

Our bouquet of musical flowers
present something of a puzzle.
Can you guess the names that
go with our five faces?

Answers on page 55.
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AUDIO CLINIC

Joseph Giovanelil

If you have a problem or question
on audio, write to Mr. Joseph Giova-
nelli at AUDIO, 134 North Thirteenth
Street, Philadelphia, Pa. 19107. All
letters are answered. Please enclose a
stamped, self-addressed envelope. ]

Tuner Muting Control

Q. What is the muting control on u
tuner? John 1. Kiesel, Valley Siream,
L 1,NY.

A. A muting control on a tuner is
used to quiet interstation hiss when the
tuner is changed from one station to an-
other.

There are various schemes by which
this is accomplished. Basically, what is
done is to cut off one of the audio stages
in the tuner so that the hiss cannot be
transmitted, but the signal can be passed
along. One common arrangement is to
set a tube up so that when no voltage
appears on its grid, the tube is highly
conductive. The cathode of this tube is
connected to the cathode of an audio
amplifier. Because of the high conduc-
tion of the control tube, the cathodes of
both tubes are positive with respect to
the grid of the audio tube. The grid of
the control tube is connected to the grid
of the first limiter amplifier. Therefore,
when a signal appears, the limiter grid
goes negative. This causes the control
tube to become less conductive. The
audio tube is no longer cut off and the
circuit performs as a normal audio am-
plifier.

Sometimes a neon lamp is introduced
into the plate circuit of the control tube.
Such a lamp has the property of going
into heavy conduction suddenly. What
this does. therefore, is to eliminate the
tendency of the audio amplifier to be
cut off gradually; cutoff will occur sud-
denly, at the moment the lamp “fires,”
or ignites.

There are other similar schemes which
involve the use of a relay in the plate
circuit to accomplish the sudden turn-on
and turn-off characteristics which are
desirable in such circuits. The contacts
of this relay are placed in the audio sec-
tion of the tuner in such a way as to
short out the signal when only noise is
present.

In sophisticated communications type

receivers, the muting, or “squelch,” cir-
cuit is so arranged that the noise is am-
plified separately and fed into the con-
trol amplifier. Added noise will only
make the control tube open the circuit
further rather than allow noise to enter
as is often possible with the less sophis-
ticated muting arrangements. This sort
of noise-gating arrangement is quite in-
volved, but it works well in communica-
tions equipment. I have not seen it used
in FM tuners.

Speaker Impedance

Q. 1 have a stereo music systeni.

My speakers are of the multiple-array
type, each channel using 25 6-inch speak-
ers in series-parallel in the midrange,
plus six, hard-core tweeters in the treble
section. 1 also have a University Spheri-
con tweeter in each channel to take care
of the ultra highs. My low frequencies
are produced by «a 12-inch, dual-voice-
coil woofer.

In each channel I use a 2-way cross-
over network. I would appreciate a sim-
ple, accurate method which would give
me the right impedance values of the
various elements in the system. I do own
a VIVM. Adam Kohlhoff, Clearwater,
Fla.

A. The VITVM you own will be of
help in telling you the impedance of your
speaker system, but it is useless unless
you have access to an audio oscillator.
This instrument is connected to the input
of your amplifier and it is a source of
signal for the tests to be outlined here.

The impedance of your system may
vary considerably over the frequency
range because of the presence of the
crossover network and because of the
inductance and mechanical resonances
in the speakers themselves. You may

Check No. 104 on Reader Service Card —
AUDIO +« MARCH, 1967



A NEW COMPACT AUFOMATIC TURNTABILE WITH
HIGH PERFORMANCE FEATURES AT ONLY $54.50

Far from keing keyed to the level of
budget or even medium priced music sys-
tens, the 50 Mark 1l deserves comparison
with the finest and most expensive auto-
matic turntables. Its dramatic impact be-
gins with styling . . . functional, handsome
and bkeawtifully coordinated. Operating

e o o=
New coordinared
Garrard base, richly
moided in ebony, with
walnut overlay.

= e - —
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features are equally impressive . . . encom-
passing the latest advances in convenience
and performance. The 50 Mark 11 is one of
five new Garrard Automatic Turntables.
For complimentary Comparator Guide
describing each model, write: Dept. AC-1
Garrard, Westbury, N. Y. 11590.

Stvius force adjustment
sets tracking pressure |
by sliding a pointer along
the tone arin.

_— - -~
—— - v ———

Ligiuweight plug-in shell
with precision bayonet
fitting accommodates

afl cartridges.

oo ..b > . { | 1 i
- f— o~ ' mﬁi i'ﬂ - .
= i R ueing and pause
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E< Lighrweight, tubular
" tone arrt has fixed
L couriterbalance,

§ esiliently mounted.

tone arm on or off any
groove with perfect
safety to record

and stylus.

Oversized turntable with
distinctive mat and
contrasting trim ring.




notice the greatest departure from an
average impedance in the midrange and
perhaps in the upper portion of the
audio spectrum  because of the many
speakers involved. Once you know the
average impedance of the entire system,
you can connect the system to the am-
plifier tap which most closely resembles
the impedance that you have determined.
You do have a complication in your
particular system because you appear to
be trying to employ a two-way crossover
to work with a three-way speaker system.
I do not know how this was done. It
seems (o me, however, that this was not
the best approach to obtain proper oper-
ation of a three-way system. You can
make an improvement in the impedance
curve by obtaining a crossover network
which is designed for a three-way system.
If the network uses an 8-ohm impedance
as a design center. use speakers of 8
ohms impedance. In the cuse of the 25
speakers connected in series-parallel, they
must be connected in such a manner as
to provide an impedance of as nearly 8
ohms as possible. If the imipedance of
the speakers does not match that of the
crossover network, the crossover point
will be moved from its design frequency
and the sharpness of the roll-off will
change.

Now we come to what you wished to
know specifically—the method for deter-
mining the impedance of the various
speakers in your system.

Obtain a potentiometer whose ohmic
value is of the order of 50 ohms. Con-
nect as you would a rheostat, in serics
with your speaker or speaker array. Feed
a signal of, say, 400 Hz into the ampli-
fier so that the output voltage appearing
across the amplifier is one or two volts.
Adjust the potentiometer so the voltage
across it just equals that produced across
the speaker terminals. The resistance of
the pot at this point will be equal to the
impedance of the speaker at 400 Hz. Try
various other trequencies in the range to
be covered by the particular speaker un-
der test, including the crossover frequen-
cies. You will he able to determine the
smoothness and sharpness of the im-
pedance curve of the individual speakers
and of the speaker system as a whole.
The smoother and the flatter this curve,
the better the speaker system will be.

Intermittent Hum

Q. Several months ago I started getting
an intermittent hwm in my amplifier. The
amplifier would bhe working quietlv on
records or on FM. Suddenly a loud hum
would be heard for a few seconds and
then stop just as suddenly. The periods
it would remain on gradually grew long-
er. until it would stav on for 20 seconds
or more, and then disappear for a couple
of minutes. 1 asked the manufacturer

4

about this. The company recommended
checking the tubes. 1 did this and found
that one output tube had a short. I re-
placed the tube. Still the hum persisted.

1 took the amplifier 10 the repair de-
partment of a leading high-fidelitv deal-
er. He kept it a weck and found that
the trouble was caused by three defec-
tive 12AX7 tubes—cost $12.00. (I did not
mind the bill if I could have gouen rid
of the hum, but it is still present.) In
addition, | replaced the rectifier tube
which seemed to induce hum when 1
tapped it.

I wonder if vou have any ideas on this
problem? William C. Day, Cincinnati,
Ohio.

A. When we think of hum of the type
you have described. filter capucitors
come to mind as the thought first and
foremost ufter tubes have been checked.
The iilter may be fine in terms of having
its rated capacitance but it may have
loose contacts. The lugs on the bottom
of the capacitors often are not well sol-
dered or riveted. This can lead to inter-
mittent operation of the capacitor. Tap
the capacitors rather severely and see
what happens. If the hum comes and
goes in accordance with your tapping,
you have probably found the trouble.
Be sure that when you tap something
that you attribute your actions to what
you hear. To illustrate this, you tapped
the rectifier tube and noticed the hum
coming and going. Perhaps what reaily
was taking place was that the vibration
caused by the tapping of the tube was
transmitted to the defective component
via mechanical shaking of the chassis.
Make sure that this is not what is hap-
pening when you tap a particular capa-
citor can. Look for the component which
appears to be most sensitive in terms of
affecting the hum heard in the speakers.

Unfortunately. you sometimes will not
be able to produce the hum in the man-
ner just described. It may be a function
of heat rather than somecthing which is
mechanically loose enough to show up
when tapped. You might be able to
cause the failure of the weak part mere-
ly by increasing the line voltage to the
amplifier by 10 per cent. This can eas-
ily be donec by ua power-control auto
transformer, if one is available. If the
component fails altogether, you can find
the trouble more easily than you can
when the condition is intermittent. This
kind of servicing is the most difficult.
Hence, it is also the most expensive. [t
is not surprising, then, that a service
shop, after .spending a considerable
amount of time on the equipment be-
licves that the trouble has been found.
only to be proved wrong later on.

There is another tracing scheme which
I have not seen used very much, but it

is one which 1 like to use at times.

It involves placing a pair of head-
phones or the input of another ampli-
fier across the B supply at various B plus
points. Naturally, the input of the head-
phone amplifier is coupled to the circuit
via a capacitor. The idea is to note
whether the hum is heard in the phones
at the same time it is heard in the speak-
er of the offending amplifier. By con-
necting to various B-plus points, you can
find the one which produces the greatest
amount of hum. The chances are good
that this portion of the circuit is de-
fective. £

New Literature

One of the latest of the Allied Publi-
cations Is this 96 page book. Titled "Us-
ing Your Tape Recorder,” the book
covers the following chapters: Sound-—
What Is It?; Your Recorder; Microphone
Recording; Recording ‘Off the Air’; Dub-
bing from Records and Tape; Editing,
Sound and Special Effects; Sound for
Slides and Home Movies; Recorder Main-
tenance. The author is an old hand at
writing entertaining and instructive audio
manuscripts. He is our own Harold D.
Weiler—to he found here each month
in SouND AND SiGHT. Price of the paper-
back volume is S0 cents postpaid di-
rectly from Allied Radio Corporation,
100 N. Western Avenue, Chicago 80,
Ilinois.

Decorating With Consoles

H. H. Scott has just announced a free
brochure entitled “At Home with Ster-
e0.” This full-color 20-page publication
is in fact a catalog of the expanded
Scott line of stereo consoles. Fach is
mounted in an exclusive collection of
decorator-styled room settings. Included
are many informative articles on high
fidelity, the role of music in the home,
choosing the correct console to match
individual room decor, and complete ex-
planations in non-technical terms, of the
more technical aspects of stereo consoles.

Check §

VTVM-VOM Guide

A new twelve-page Triplett test equip-
ment cuatalog describes a line of panel
and portable electrical and eclectronic
test instruments. The catalog defines a
selection of instruments including VOMs,
combination VOM-VTVNMs, laboratory
and burnout-proof VOMs, and other in-
struments. Photos and complete tech-
nical details arc given for each item.
Also listed are accessory items and
carrying cases, and list prices. This is
catalog 49-T; it is free. and may be or-
dered from the Marketing Department,
The Triplett Electrical Instrument Com-
pany, BluiTton, Ohio 45817.
Check No. 102 on Reader Service Card —
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Consider

GARRARD’S G0 ME 11

Tubular
aluminum
tone arm has
4 adjustable
counterweight,
resiliently
moupted to /

prevent
resonance/

Automatic
/ - anti-skating

. assambiy
neutralizes
side pressure
Pid on stylis
...prevents
distortion
and uneven
record wear.

] Built-in precision
' stylus pressure
gauge, with
knuried,
optical-type dial.

Low mass plug-in
shell, with
bayonet fitting;
takes the
lightest, finest
cartridges.

CONSIDER

FEATURES

Cueing and pause con-
trol. Automatic anti-
skating assembly. Cast
oversized turntable.
Adjustable counter-
balanced tone arm.
Precision stylus
pressure gauge.
Shielded Laboratory
Series® motor and
other Garrard innova-
tions built into this
excellent unit.

R id

ICueing/paus CONSIDER

control lever
raises and PEHFUHMANCE

lowers tone
arm safely Tracking as low as %2

over any gram. Wow, flutter,

groove, rumble, and speed

— . accuracy surpassing
NAB standards.

CONSIDER
VALUE . . .
only $74.50

less base and cartridge

Built to unsurpassed
standards...this very
successful compact
unit, bearing the
Garrard name, is a
source of utmost
satisfaction and
continuing pride in
any music system.
For complimentary
Comparator Guide
describing ail five new
Garrard automatics,
/ write Garrard,

Dept. AC-1, Westbury,

N.Y. 11590.

T @ (=)

balanced, =

oversized

turntable with (b)
decorative A
mat and trim. Two interchange- *

{ </
able spindies &;{/I})
for sure, safe, =
gentle handling of records
{a) short—for single record
play (b) long—for intermix
automatic play when
desired.



Fundamental AUDIO

How do sounds differ? In loudness,
of course, and in frequency (or pitch)
both of which we've covered in the
last two installments of “Fundamental
Audio.” But not all sounds of the same
trequency and amplitude sound the
same: “A” on a violin is quite plainly
different from ““A” on a trumpet; Callas
and Sutherland sound different even
when holding the same note from the
the same aria. What gives each sound
its individual character?

Basically. only two characteristics:
harmonic content (the number, variety
and intensity of frequencies besides the
fundamental one which sets the pitch),
and wave envelope (the shape of the
imaginary line drawn along the peaks
of the waveform from its beginning to
its end).

Let’s look first at harmonic content.
Back in January, we showed a typical
music waveform and said that “despite
its jagged shape, it can be anualyzed into
its component sine waves.” A look at
a vibrating string will show us why.

If we pluck a string whose ends are
fixed, it will flex up and down continu-
ously along its length (Fig. 1A). The
main frequency of this flexing (which
is determined by the length, mass and
elasticity of the string) is called its
fundamental vibration, and the resulting
tone is what we hear as the pitch of
the string.

L AT .. (A)
TR s = -~ FUNDAMENTAL
e ey e ., ®
# = SECOND
=i, L \~ _- HARMONIC
Il N T A ©
ks v y AY
X X ~ THIRD
Ii\ ’ N s , HARMONIC
e S e S oo
e I T )
X * A L FOURTH
s s _es s+ HARMONIC
Cog pi "N i i T
e e HARMONIC

Fig. 1. The basic way in which a pure
wave, and then a wave plus progres-
sive harmonics, is generated.

MORE ON
WAVES

But this is not the only frequency at
which it vibrates. There are, in addition,
several higher frequencies—all exact
multiples of the fundamental—called
harmonics. The “second harmonic,”
whose frequency is exactly double that
of the fundamental, arises because the
string also tends to vibrate in two seg-
ments whose effective lengths are each
“haif that of the entire string (Fig. 1B).
The string also vibrates as though it
were divided into three, four, five and
more sections, and the resulting vibra-
tions are known as the third. fourth,
and fifth harmonics and so on.

All of these “overtone” vibrations oc-
cur at the same time as the fundamental,
and are superimposed upon it. And be-
cause each of these overtones is both
higher (and therefore faster) and weak-
er than that of the fundamental, their
vibrations are usually close (o impos-
sible to see (except on very low strings,
whose fundamental and overtone vibra-
tions are slower than those of high
strings).

In Fig. 1, for clarity, we drew each
of the string’s harmonic vibrations with
equal amplitude. Though this might seem
to imply that all of a string’s harmonics
are equal in amplitude (and volume) to
the fundamental, this is far from being
the case. In practice, some of these har-
monics are louder than others, and none
of them is as loud as the fundamental.
This is important, for these harmonics
(and other overiones) give different
sounds their individual characters, or
timbres; without them we would be un-
able to tell one instrument from another.

Stringed instruments, as Fig. 1 indi-
cated, produce all the odd and even
harmonics. So do open-pipe instruments.
Closed pipes, however, will not produce
the even harmonics (2nd. 4th, 6th, etc.)
although they do produce the odd ones.

Harmonics, those overtones that are
exact multiples of the fundamental fre-
quency, are not the only overtones pro-
duced by musical instruments. The first
overtone of a tuning fork. or other
“clamped bar” is 6.27 times the funda-
mental frequency, the second overtone
is 17.55 times the fundamental. That
of a xylophone, or other device using
a free. or unclamped bar. is 2.76 times
the fundamental, its second overtone

Martin Levnard

being 5.4 times the fundamental fre-
quency. Drums and similar membranes
have similarly inharmonic overtones,
such as 1.59 and 2.3 times the funda-
mental. Gongs, cymbals, and other cir-
cular plates produce different overtones
(though still inharmonic) depending on
how they are supported when struck.

Not all of these overtones are heard,
by any means. To begin with, since each
overtone is higher than the preceding
one, the uppermost overtones are beyond
the limits of human hearing. This will
affect the overtones of higher notes more
quickly than it will low ones: one might
conceivably hear the 40th harmonic of
a 440-hertz “A” (17,600 Hz.) but the
6th harmonic of the piano’s highest “A”
(3520 Hz.) would be a very inaudible
21,120 hertz.

And as the overtones get higher, they
become weaker. Fig. 2 shows the wave-
form and a frequency spectrum diagram
for a clarinet note. The spectrum dia-
gram shows the relative amplitudes of
the clarinet’s fundamental and all of its
overtones up to the 9th. Now while the
Sth harmonic is the loudest overtone,
and the even harmonics are fairly weak
(two of the characteristics which give
the clarinet its distinctive sound), we
can also see that from the fifth har-
decrease in

monic on, the overtones
intensity, and contribute less and less
to the timbre of the sound. £
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Fig. 2. A pure tone compared with the

same note blown on a clarinet. it is

this special distribution of overtones

that gives each instrument its specific
sound.
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Mark of the leader...

GARRARD’S LAB 80 MK II

The ultimate expression of over 50 years
of Garrard leadership, this much-imitated
but unequaled automatic transcription

turntable contains many
developments invented,
perfected and

brilliantly refined by the
Garrard Laboratories,
and now considered
essential for the

finest record reproduction.

e T
Heavy, cast 12"
anti-magnetjc turn-
table is dynamically
balanced wittk
copper weights on
underside.

Patented anti-
skating control,
calibrated in half
~ gram markings, is
adjusted with
springless, sliding
weight.
oy i C—

Anti-static, dust-
repellent turntable
mat has safety

rings at 12, 10”
and 7” positions to
protect stylus should
automatic switch

be activated with-
out record on

turntable.
e TN e ——

S e e B |
Hydraulic cueing
and pause
control elimi- e
nates damage to
records or
stylus through

manual handling. e —
——— Dynamicaliy
balanced,

counter-weight-
adjusted tone
arm of Afrormosia
wood and
aluminum for
light weight,

low resonance.

¢ ]
Low mass cutaway

shell compatible »
with the most AP_'
advanced, lightest
tracking /
cartridges. ' 4
_-—-/ ' < v

Two interchangeable
spindles: short
spindle facilitates
manual play; long,
center-drop spindle
handles eight
records fully
automatically.
k. E——

Built-in stylus
pressure gauge,
calibrated in quarter
gram intervals,

has click-stops for
precise, audible/
visible settings.

Just two years ago, the stereo high fidelity world was introduced to the Lab 80, the first Automatic Transeription
Turntable. It was instantly acclaimed because of the significant developments it contained. These imparted pro-
fessional performance capabilities never before anticipated in automatic record playing units. Now, the Garrard
Laboratories have refined and surpassed the original model with the Lab 80 Mark 11, still priced at only $99.50, less

base and cartridge. It is one of five new Garrard Automatic Turntables each of them the leader in its class.
For complimentary Comparator Guide, write Garrard, Dept. AC-1, Westbury, N.Y. 11590.
Check No. 107 on Reader Service Card.
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Edward Tatnall Canby

British audio and record magazines

were full of a new device. made
in England by an American engineer,
called the Dolby S/N Stretcher, a veddy
British title that is about as meaning-
less at first glance as you can imagine.
Now the Dolby—as I will call it—has
hit America. And [ expect it will turn
out to be one of the most fundamental
improvements in the way of noise re-
duction in audio systems: for that is
what it does. Especially in hi-fi profes-
sional tape recording.

The Dolby is pro, strictly tor the trade
and not the home. (Home users will get
its results indirectly in terms of betler
records.) This system is, 10 be sure.
“just one more” compresser-cxpander cir-
cuit and it might, so it seems, sound bad.
Circuits of this general sort have been
appearing for many vears and with many
a claim and many a fussy over-inventiity,
For good sound, most of us tend to hs-
trust them like murder.

But this onc is really ditferent. This
one works. It goes straight to one ol the
most difficult of 1oday’s residual hi-fi
recording problems — low-level  noise.
Principally, for us, in tape recording.
But also in many other areas not my
concern: motion pictures, video tape.
mastering and dubbing (this s part of
the recording process . ). land trans-
mission lines and—for all T can figure
—-broadcasting, telemetry, a hundred
arcas where noisc at low levels 1s a
problem. Let’s talk only about recording
on tape. That’s plenty.

I was sent the Dolby literature and
specs some lime ago. as were many
editors and engincers. Nost ol the re-
cipients, I suspect. took onc look and
put the info aside for later study—then
forgot. T did myself. But luckily for me
the inventor, Mr. Ray M. Dolby, phoned
up unexpectedly one day in New York.
We talked for a half hour and the up-
shot was that 1 went back for a closer
look at the literature. Glad T did.

Not long after, I ran straight inlo
the Dolby itself. large as life. Tt was in
actual use, first-in-America. by onc of our

I AST OCTOBER AND NOVEMBER the
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enterprising independent recordists, Marc
Aubort (Elite Recordings). who huad just
completed some tuapes with it for the
Nonesch label. | was supposed to be
listening to Rachmaninoff and Kodaly
and Handel on the tapes. with a view
to the musical annotations which [ was
to write lor Nonesuch. (That’s my other
self.) Instead. T ended up talking Dolby
like crazy—and listening.

T heard two tapes, one made straight
from the mikes und the other. same per-
formance, put through the Dolby on
recording and  playback.  Astonishing.
This thing has its cake and eats it let
me tell you! It didn't do anxthing wrong.
To the best of my ear, it did everything
right. That's what Aubort thought too.
An amazingly effective noise reducer.
and—as  Marc explaned to me (and
Dolby in his literature) a lot more, 100.
This thing goes on working tar into the
future. 1t catches things like print-
through as they occur. methodically re-
ducing them, whenever the Dolby tapes
are played back.

To give you basic specs in a few
words, the Dolby Towers cffective low-
level noise content in tape playback (ouws
immediate concern) by 10 dB and more,
down in the crucial low end of the dy-
namic range where the really bother-
some noise is found. It reduces tape
hiss. modulation noise. sterco crosstalk.
high-specd flutter or “scrape”™ and, most
especially. PRINT-THROUGH. all by
this major factor of 10 dB-plus, as com-
pared to the signal itself. And this with-
our introducing any measurahle distor-
tion of any kind into the signal-proper,
which remains unchanged in all respects.
So they say. So I heard.

Overshoots and Undershoots

Oh veah? You don't believe it. Never
heard of any kind of insertion gadget
that didn't do something unpleasant to
signal quality? More intruded circuitry?
NO! And in particular, a dynamic com-
pression-expansion system—definitely not
that! Leave our hi-fi alone. Let’s have
a clean signal and forget the noise. It's
extremely low-level, isn't 11? Why fuss?

For too many years we’ve known all
about the nasty side effects of compres-
sion and cxpansion circuttry. the over-
shoots and undershoots, the swishes and
the hush-hushes, the ringing and sneezing
sounds, the multiple tyvpes of distortion
therein implied, not to mention plain
degradation of signal as it goes through
much too much circuitry. And not to
mention. also, the falsities in the sound
itself, the musical distortions of space
and distance which are perpetrated by
many such circuits—enough to have put
me well off them a long time back.
(Compression makes the music recede
in space as it gets louder. the spuce
itself seeming to grow smaller; expansion
brings the music rushing forward on cli-
maxes, the hall size suddenly much big-
ger.)

Let’s limit compression-expansion, then,
to extreme necessities. Like broadcasts
from Vietnam. Or sports comments [rom
baseball sidelines. We're talking about
hi-fi.

Nevertheless, the Dolby. more length-
ily entitled the Dolby A30! Audio Noise
Reduction System and costing a couple
of thousands (two systems for stereo)
does compress during its initial phase
(before recording in our case) and ex-
pands. to match, in the second phase
(playback). Yet the darned thing really
does not seem 1o have any eflect at all
on signal quality. 1 heard it. Tt just re-
duces noise. and that by a major degree
of audibility. Hard to believe.

Excellence

Many factors. of course. are involved
in this. There’s first the solid-state cir-
cuitry. with 9 silicon transistors and 138
semiconductor diodes—count 'em if you
dare. That. plus generally high quality
and highly intelligent design (so I would
gather) contributes a vital element. rock-
stable exactitude of values of a sort im-
possible with tubes. The Dolby unif has
no controls whatsoever. It doesn’t need
them. Tt never changes. Tts values are
fixed And exact. Believe it or not.

Then there is excellence of fidelity.
The over-all noise level is “hetter than
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the most important advance in phono cartridges since the advent of stereo

THE TYPE i WEIS

The radically new V-15 TYPE I heralds
a new epoch in high performance car-
tridges and in the measurement of their
performance. We call it the era of high
Trackability. Because of it, all your rec-
ords will sound better and, in fact, you
will hear some recordings tracked at light
forces for the first time without distortion.

THE PROBLEM:

While audiophiles prefer minimum track-
ing forces to minimize record wear and
preserve fidelity, record makers prefer to
cut recordings at maximum levels with
maximum cutting velocities to maximize
signal-to-noise ratios. Unfortunately, some
“loud” records are cut at velocities so
great that nominally superior styli have
been unable to track some passages:
notably the high and midrange transients.
Hence, high level recordings of orchestral
bells, harpsichords, pianos, etc., cause the
stylus to part company with the wildly
undulating groove (it actually ceases to
track). At best, this produces an audible
click; at worst, sustained gross distortion
and outright noise results. The “obvious”
solution of increasing tracking force is
impractical because this calls for a stiffer
stylus to support the greater weight, and
a stiffer stylus will not track these tran-
sients or heavy low-frequency modulation,
to say nothing of the heavier force accel-
erating record and stylus wear to an in-
tolerable degree.

Shure has collected scores of these de-
manding high level recordings and pains-
takingly and thoroughly analyzed them.
It was found that in some cases (after
only a few playings) the high velocity
high or midrange groove undulations were
“shaved” off or gouged out by the stylus
. . . thus eliminating the high fidelity.
Other records, which were off-handedly
dismissed as unplayable or poor pressings
were found to be neither. They were
simply too high in recorded velocity and,
therefore, untrackable by existing sty!i.

Most significantly, as a result of these
analyses, Shure engineers established the
maximum recorded velocities of various
frequencies on quality records and set
about designing a cartridge that would
track the entire audible spectrum of these
maximum velocities at tracking forces of
less than 1%2 grams.

ENTER THE COMPUTER:

The solution to the problem of true track-
ability proved so complex that Shure en-
gineers designed an analog-computer that
closely duplicated the mechanical varia-
bles and characteristics of a phono car-
tridge. With this unique device they were
able to observe precisely what happened
when you varied the many factors which
affect trackability: inertia of tip end of
the stylus or the magnet end of the
stylus; the compliance between the record
and the needle tip, or the compliance of
the stylus shank, or the compliance of the
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.a new genre of cartridge,

“TRACKABILITY”

bearing; the viscous damping of the bear-
ing; the tracking force; the recorded
velocity of the record, etc., etc. The num-
ber of permutations and combinations of
these elements, normally staggering, be-
came manageable. Time-consuming trial-
and-error prototypes were eliminated. Years
of work were compressed into months.
After examining innumerable possibilities,
new design parameters evolved. Working
with new materials in new configurations,
theory was made fact.
Thus, the first analog-computer-designed,
superjor trackability cartr/dge was born:
the Shure SUPER-TRACK*V-15 TYPE I
It maintains contact between the stylus
and record groove at tracking forces from
3 to 1% grams, throughout and beyond
the audible spectrum (20-25,000 Hz), at
the highest velocities encountered in qual-
ity recordings. It embodies a bi-radial ellip-
tical stylus (.0002 inch x .0007 inch) and
15° tracking.
It also features an ingenious “flip-action”
built-in stylus guard.
It is clean as the proverbial hound’s tooth
and musical as the storied nightingale.
THERE ARE MANY WAYS TO PROVE
ITS SUPERIORITY TO YOURSELF:

(1) Shure has produced a unique test

\ analog computer-designed, and measured against
a new and meaningful indicator of total performance:

recording called “An Audio Obstacle
Course” to indicate cartridge trackability.
It is without precedent, and will be made
available to Shure dealers and to the in-
dustry as a whole. You may have your
own copy for $3.95 by writing directly to
Shure and enclosing your check. (Note:
The test record cannot be played more
than ten times with an ordinary tracking
cartridge, regardless of how light the
tracking force, because the high fre-
quency characteristics will be erased by
the groove-deforming action of the stylus.)

(2) A reprint of the definitive technical
paper describing the Shure Analog and
trackability in cartridges, which appeared
in the April 1966 Journal of the Audio
Engineering Society, is available (free) to
the serious audiophile.

(3) A representative list of many ex-
cellent recordings with difficult-to-track
passages currently available is yours for
the asking. These records sound crisp,
clear and distortion-free with the Shure
V-15 Type 0.

The Shure Super-Track V-15 TYPE I is
available at your dealers at $67.50.
Shure Brothers, Inc., 222 Hartrey Avenue,
Evanston, lllinois 60204

TRACKABILITY AS A NEW SPECIFICATION:
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This chart depicts the new perform-
ance specification of trackability. Un-
like the oversimplified and generally
misunderstood design parameter spec-
ifications of compliance and mass,
trackability is a measure of total per-
formance. The chart shows frequency
across the bottom, and modulation
velocities in CM/SEC up the side. The
grey area represents the maximum
theoretical limits for cutting recorded
velocities; however, in actual practice
many records are produced which ex-

Check No. 112 on Reader Service Card.

ceed these theoretical limits. The
smoother the curve of the individual
cartridge being studied and the greater
its distance above the grey area, the
better the trackability. The trackability
of the Shure V-15 TYPE 0 is shown
by the top (solid black) lines. Rep-
resentative curves (actual) for other
cartridges ($80.00, $75.00, $32.95,
$29.95) are shown as dotted, dashed
and dot-dash lines for comparison
purposes.
*T.M.



80 dB (unweighted) below peak operat-
ing level” and the over-all total harmonic
distortion is less than two tenths of a
percentile at the same very low levels—
surely unusual in transistor circuitry if
I am right—this from 30 Hz to 20 kHz.
(Ugh, don’t like. 30 to 20,000 sounds
so much more convincing .} This
being a dual unit. there are similar read-
ings in the wuy of internal crosstalk
between the two, down in that 80 dB
range again. And there are maximum
advantages, reasonably new in this area,
that accrue from the low-impedance op-
eration throughout. Also advantages
thanks to *“special control signal rec-
tifying <and smoothing techniques,” by
means of which Dolby uachieves “both
very low distortion at low frequencies
and a very fast response time . . . as-
pects which are mutually exclusive in
normal time-constant circuits.” Those are
Dolby’s words for you. Strong words.

Near the Mud

General excellence, and let the en-
gineers argue as to the details; they go
beyond my official engineering know-how,
if not beyond my intuitive sense of what
looks good and what doesn’t. What
struck me at once, though, was a more
important single innovation that is cru-
cial in the Dolby as compared to other
compression-expansion circuits -— an  as-
pect that instantly persuaded me that
this gadget, of all gadgets, just had 10
work for recording.

This compresser-expander, you see, op-
erates only down in the very lowest sig-
nal levels, down near the mud. It com-
presses ONLY the faintest components
of the ingoing signal, boosting them from
almost nothing to a bit more than al-
most nothing. Then, in the precisely
equalized output, it pushes this tiny
sound component back where it was in
the first place. With it, pushed down into
nothingness, goes afl 1the additional noise
that may have heen added afier the
fact, after the original Dolbyizing of
the signal.

Get the idea? This is. of course, a
two-stage operation. Dolbyizing and de-
Dolbyizing. Two units in one. They are
the same; you may strap them for either
function, in or out. First you Dolbyize
your signal, boosting the lowest levels
of sound 10 dB before recording. Then,
on playback, you de-Dolbyize, restoring
all the original levels exactly. (Yep, ex-
actly.) And reducing whatever noise hus
been added in the meantime by the re-
cording (or other) system.

You see, if this complex circuitry op-
erates only on the lowest levels of sound,
then the rest of the signal is left as is.
The main body of your sound is neither
“distorted or affected in any way what-
ever,” as Dolby so positively puts it
What low levels? Very low levels, and
thercby lies a trick of tricks. For it is
at the bottom level that we now find
our most deadly noise problems—and the
better we get, the worse these tiny resid-
ual noises seem, thanks to the incredible
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sensitivity of the ear for extréme low-
level sound.

That’s the rub, all right. The more
noise we remove, the more clearly we
hear what is left. Down to that Ivory-
pure 99 44/100th per cent—in terms
of sound power. It shouts, that residue.

Masking

Enter here the masking effect, that
sublime and helpful phenomenon which
counteracts our undue ear sensitivity.
Thank the Lord for masking! Loud
sounds mask out lesser sounds, which
are unheard even though still measurably
present. Dolby uses masking, like every-
body else. As soon as signal level is
high enough to mask the residual noises,
they disappear. Since they are extremely
tiny—if very obtrusive, all by themselves,
the masking effect covers all but those
annoying instants of near-silence, down
near the mud. That’s where noise shows.

But masking is tricky, as many an en-
gineer has found to his disgust. Masking
goes by frequency. You can't easily
mask a low tone by a louder high tone.
It even goes by wave-shape or content.
A speaking voice can be understood
against a musical sound at the same
level. Indeed, the whole area of ap-
parent effect in masking is of the utmost
subtlety and complexity. So what mat-
ters here is not that Dolby uses masking
in his automatic adjustment to dynamic
sound levels, but that the specific aspects
of the automatic adjustment are work-
ably and rightly calculated. That’s where
the man shines! Get to that in a mo-
ment; but go back to the over-all fact
that this compresser-expander works onlv
ar the lowest levels. That mukes it al-
ready a likely bet. For. you see, it takes
enormous advantage of our acute hear-
ing down in the tiny, infinitesimal bot-
tom range, down where the print-through
and the tape hiss live, where our per-
snickety cars are grossly uannoyed by
micro-sounds that won’t e¢ven make a
meter pointer move a millionth of a
millimeter. Deal with those and you deal
BIG, with physically tiny signals. Maxi-
mum advantage, for minimum outlay.

Down there, we're dealing with the
good old human ear in its own coinage.
So the ear “exaggerates” these unwanted
mini-noises, like print-through and tape
hiss? OK, we’ll exaggerate them right
back. We’ll get in there 'way down und
do something selectively where it mat-
ters. Leave the macro-sound alone. It’s
not the problem. Push down the mini-
sound in its own bailiwick. By 10 dB
and more.

You see, if this circuit really works
as intended, something good is bound
to happen. It’s aimed precisely at the
heart of the problem—itiny unwanted
sounds with a big relative impact.

Exactitude

Now, after this slightly roundabout
approach, let's look closer. Two vital
clements of the Dolby system impress
me further in detail. First—the exacti-

tude of the equalization, the compres-
sion and its matching re-eaxpansion. Via
older tube circuits, there would be in-
evitable trouble right here. due to an in-
exact match. Non-linear trouble. Worse,
that non-linearity would vary from unit
to unit despite the best of designing—
and worst of all, it would vary in time,
as old fashioned components usually do.

To maintain any sort of exact stand-
ard, there would have to be constant
adjustments, check-ups. alignments and
what have you. And controls. That sort
of variableness simply cannot be intro-
duced into top-quality recording circuitry
—we have enough trouble as it is,
thanks.

How can Dolby dare add another set
of possible variables? It’s just plain
unthinkabie.

Weli, Dolby answers persuasively. First,
of course, is that low-level business. His
pre-shaping and re-shaping of signal ap-
plies only to the faintest low-level arei.
No heavyweight compression or expin-
sion—no overloads due to an expanded
macro-signal, nor any of the ills that
the grosser kinds of compression usually
bring. The Dolby treatment is, so to
speak, dainty and delicate. Just a touch
of treatment, at precisely the right place.
The main signal virtually unaffected.

But even so the Dolby in-and-out
match itself really does appear to be
extraordinarily exact, and extraordinarily
permanent. Modern technology, solid-
state, at work. It can be done. Tt is
done, here. How else would he have
the nerve to produce identical units
minus all controls? And at a profes-
sional level, mind you.

The standard Dolby match. he says,
“is straightforward, being accomplished
simply by connecting networks identical
with those used for recording in the
feedback loop of an amplifier. In this
way all steady-state and transient effects
are automatically taken into account and
the output signal becomes identical with
the input signal in all respects.”

No two ways about thar. And, further-
more, he says, “this can be proved with
an oscilloscope and sine waves, square
waves, impulses, and keyed wave forms.
as well as by the most critical A-B
listening tests using any type ol program
malterial.” He really puts it on the line.
He’s asking for it.

Seeing is believing via a good scope
and known input signals. So is hearing,
via a good A-B type car. That's the in-
strument 1 used and it said “excellent!”.
The piano square waves, for instance,
those violently sudden initial transients,
were totally unchanged and wholly nat-
ural after Dolbyizing and de-Dolbyizing.
I heard no trace of signal degradation.
The “in” and the “out” muatched as
claimed, and the improvement in terms
of noise reduction was astonishing, even
with the best low-noise tape and top-
grade equipment. The “out™ signal, to
put it plainly, sounded like what you
hear directly through the mikes. That’s
precisely the idea.

So confident is Dolby of all these
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PAS-3X PREAMPLIFIER
69.95 KIT, 109.95 ASSEMBLED

FM-3 TUNER

99.95 KIT, 154.95 ASSEMBLED

UNCOMPROMISED QUALITY

This combination of PAS-3X preamplifier, FM-3 tuner,
and Stereo 120 amplifier represents the highest level of
quality which can be attained with high fidelity com-
ponents. It combines the virtues of both tubes and tran-
sistors in a flexible modular system without skimping
to squeeze it into one unit.

Two of these components have passed the test of
time — years of increasing public acceptance. The
Stereo 120 is an all new design. All have been engi-
neered and produced with the same underlying Dynaco
philosophy of offering superlative performance at the
lowest possible cost—when you buy it, and as long as
you own it. Everyone recognizes that Dynaco is “‘best
for the money.”” We know that it should be judged re-
gardless of price—Dynaco quality has never been com-
promised by cost considerations.

Our sole concern is sonic perfection. We don’t follow
the herd in engineering, styling or promotion. Fads,
status and ‘“‘revolutionary new sounds’’ never enter our
planning. We avoid regular model changes and the
planned obsolescence they engender. We take the extra
time to do things right the first time. That probably ex-

olynaco inc.
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plains why our limited product line has become increas-
ingly popular each year. It's why our kits are so easy to
build: why maintenance is so easy; and service prob-
lems so few. We constantly strive to improve our prod-
ucts though, and when we do, these changes are avail-
able to our customers to update existing equipment at
low cost.

Our detailed literature, available on request, gives
the full specifications which help to explain why the
Dynaco cemponents illustrated (PAS-3X, FM-3 and
Stereo 120) will provide the finest sound possible. Spe-
cifications are important, but the most complete spe-
cifications cannot define truly superb sound. Go to your
dealer, and compare Dynaco with the most expensive
alternatives, using the very best speakers and source
material you can find. Be just as critical, within their
power limitations, of our best-selling Stereo 70, Stereo
35 and SCA-35.

Of course, if you are now a Dyna owner, don’t ex-
pect us to convince you to replace what you already
have.

But your friends might benefit!

STEREO 120 AMPLIFIER
159.95 KIT, 199.95 ASSEMBLED

3912 Powelton Ave. Philadelphia, Pa. 19104 U.S.A.

Check No. 113 on Reader Service Card. 11



A Young Upstart
creates a new
concept in sound
systems.

THE RECTILINEAR 111 is specific-
ally engineered to eliminate
one of the major failings of
quality dynamic speaker sys-
tems,—narrow band frequency
response, commonly referred
to as “BOX SOUND".

There is absolutely no boom,
which makes for reproduction
of organ pedal tones and other
such program material with a
free sounding NATURALNESS
rarely encountered in the art of
speaker design.

THE RECTILINEAR 1lII is a no
compromise reproducer. Its
wide linear frequency response
and dispersion characteristics
are indicative of the meticulous
engineering that has produced
this innovation in speaker de-
sign. We believe that our system
is so superior that an actual AB
comparison wil support our
claims.

RECTILINEAR 1] — $234.50

Size: 35”H x 18"W x 127D

Hand Rubbed Oiled Walnut

frequency Response: 22-18,500 Hz+4 db
Impedance: 8 ohms

Detailed Specifications available
upon written request.
Listen to it at bhetter dealers or write,

Rectilinear Sound Systems

A development of Rectilinear Research Corp.,
7116 20th Ave., Brooklvn, N.Y. 11204

Check No. 117 on Reader Service Card.
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parameters of performance that all his
units, and all the tapes made with them,
are claimed to be permanently inter-
chungeable. Any tape, any Dolby unit
anywhere, anytime. That’s the vital point
for the recording industry and he had
better be right!

Any Dolby tape may be equalized
out, ie, played back on any Dolby-
equipped system. Tapes may bc inter-
changed, interspliced, dubbed at any
time, new or old. (Phase response, by
the way, is not a significant factor, again
being equalized out.) You may Dolbyize
(stretch) and de-Dolbyize a signal over
and over again in successive copies, too,
and the net distortion is almost entirely
that of the output amplifiers. cumula-
tively less than two tenths per cent per
copy; the noise addition, of course, keeps
getting removed time after time. (Hence
the usefulness of the Dolby in dubbing
operations.)

Independent Suspension

There’s still the second big technical
feature to describe. Granted the Dolby
system is inherently stable, uniform. rre-
cise, and interchangeable, that it affects
only the lowest sound levels—what else?

Plenty. Dolby’s circuitry does not (as
did the original and well remembered
H. H. Scott noise suppressor circuits of
late 78 days) vary the frequency band
pass. Nor does it operate a macro-com-
pression and expansion of large seg-
ments of signal. To meet the peculiar
phenomenon of low-level sound masking
by the car at its own exact terms, Dolby
has hit a circuit jackpot. He operates
in four sepuarate bandwidths, to cover
the major areas of noise without inter-
action between bands. In other words
—here we have u kind of four-way inde-
pendent suspension, like a Volkswagen.

Each band (down in the ulira-low
levels, remember) compresses and ex-
pands independently: in the hum-and-
rumble range (these arc Dolby’s terms),
in the mid-audio range, in the medium
high frequencies (that would be the
troublesome and controversial “presence
range.” wouldn’t it?) and in the high
frequencies. A high signal level within
uny onc of these bands will not prevent
noise reduction in the other bands wher-
ever the signal may be low.

Boy. is that tricky! No swishes and
hush-hush eflects. Each sound-type given
its own treatment, and no unpleasant
interactions. It can’t be that simple? Well,
at macro-levels it might not work so
well. But at the low Dolby micro-levels,
I guarantee you, it does work. Just like
a Volkswagen works. Reliable too.

Inestimable Distinction

Now finally, let’'s gel to practicalities.
You may need 1o do a bit of quick
double-tuke thinking here. I did. You
can’t make something out of nothing.
You can’t, for instance, treat a tape that

is already made. Excepr to copy it with
a minimum of added noise—which is a
very valuable feature, by the way, since
tape copying is done by the mile in every
recording company, and every dubbing
adds more noise and general degradation.
(By dubbing through the Dolby you
“convert” uan older tape into a Dolby
tape, using the tape playback as the
“original.” Any noise already on that
tape will be dutifully preserved in the
copy. But new noise will thereafter be
minimized.)

The Dolby noise reduction affects only
those signals which are added after the
initial Dolbv treatment. In recording it
18 done before the tape-recorder input,
right at the recording session. Just plug
into the input circuit. Everything that
is wanted goes through the Dolby first
—and then is recorded. The tape ma-
chine doesn’t know the ditlerence, of
course. It takes down the Dolbyized sig-
nal (boosted 10 dB or more in each of
the four low-level bandwidths) as so
much gospel.

Later on, it plays back the same, as
well as it can. Then the playback signal
is put through the second Dolby unit,
which knows exactly what it is doing.
All elements of the original that were
boosted up are now pushed back down
to normal. But all added noises (low-
level) are pushed that mwuch helow nor-
mal, not having had the inestimable dis-
tinction of having been boosted by Dolby
in the first place.

I'm moved to think in terms of con-
vention delegates. Maybe at a sports-car
convention. Or even a hi-fi show. The
Dolby pre-emphasis of the separate bands
of low-level signal is like the convention
badge you pin on your lapel, to boost
your big ego. It doesn’t really change you
very much (you being the bulk of wanied
signal . . ) but it does let you through
the mighty gates with wallet intact and
personality undented, when the show-
down comes. (Playback.) Whereas other

people, minus badge, unboosted (the
added outside noise components . . )
are pushed down, reduced, robbed of

their cash and their ego. Get it?? (OK—
forget it.)

Space is used up. Between now and
next month I expect a lot of recording
executives, big and little, will be tearing
their hair and investigating Dolby right
and left. I don’t think Dolby has a U.S.
address yet; but you can get the liter-
ature from Dolby Laboratories (l.ahor-
atries), 590 Wandsworth Road, London,
S.W. 8, England. Or call somebody and
find out what's happened since | wrote
this.

By next month, these gentry won’t
neced any more comment from me. But
for the rest of youse, I'll expatiate then
on what the Dolby cin mean in specific
terms for the future of the recording
industry. Tt could mean very nearly a
revolution in many ways. | suspect. A=
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COURTESY AEOLIAN-SKINNER ORGAN COMPANY

The AR-2* loudspeakers marked by arrows—there are 16 in all—
are part of a synthetic reverberation system instalied by the
Aeolian-Skinner Organ Company in St. John's Episcopal Church,
Washington, D. C. This system corrects building acoustics

that are too “dead” for music.

Listeners are not even aware of the speakers (which simulate
normal hall reflections), since the sound of the organ and chorus
is completely natural. AR speakers were chosen by Aeolian-
Skinner for this and other installations because of the need for
full range, undistorted bass, absence of false coloration, and
reliability.

INC.
SPEAKERS ARE USED PROFESSIONALLY WHERE

LIVE MUSIC IS THE IMMEDIATE REFERENCE-BUT THEY
WERE DESIGNED FOR THE HOME. AR-3

- "
Folk singer Phil Ochs, sitting 7 I[‘ [“ r[ﬂ “’rﬂ. =t
on the stage of Boston's ; . o 1 B!

[

Jordan Hall, checks Elektra's
master tape for a concert e
album he has recorded there. >
The tape will become Elektra
record EKS-7310, (mono
EKL-310) “Phil Ochs in
Concert.”

The artist and recording staff
must listen for technical as
well as musical quality, and
therefore require loud-
speakers that provide

the most natural sound
possible —no bass where
there shouldn’t be any, no
“speaker sound.” AR-3’s

are used.

AR speakers are $51 to $225. A catalog of AR prod-
ucts—speakers and turntables—will be sent free on
request.

COURTESY ELEKTRA RECORDS

ACOUSTIC RESEARCH, INC., 24 THORNDIKE STREET, CAMBRIDGE, MASSACHUSETTS 02141

AUDIO . MARCH, 1967 Check No. 114 on Reader Service Cara. 13



e "
o i e
e

G

e

s
S

-
e
i

&&. i

e
G

e

%«g@g e e

FAIRCHILD

S

5 ﬁ::.'.:
aapaammatity,

R,
T S

.
§ . TENTR
o peteg «..h..n
e

R

FAIRCHILD COMPACT
COMPRESSOR MODEL 663

Allows creation of those up tight levels

. "Start wnth : .

 SUPER SOUNDS LETTERS

DEAR SIR:

I am thinking of updating my equip-
ment. I have $500 to spend. What would
you suggest as the best way to spend
my money.

The Authoritative Word

(This letter was received regarding
ET.C’s explanation of the word Sera-
phim.)

that contribute materially to presence Sir:

and loudness combined with Sikr: . Seraphim is a plural word. In the

%\ﬁIrILoSd'\gr%te;:té%rg TgsrrfAela& . I want to get a modern receiver and Hebrew language, the letters “im’ are

Compressc?r ?)roduces nopdis- befo_r'e I SPL‘{@ 1”1_)’ mglney,[ 11 ]“10“1‘1:‘1??' added to masculine nouns 1o form the

tortion despite the amount of preciate your advice. should I buy , plural.  Cherubim ditto. Angelim. no.

tcr?mpressior) u?ﬁdé63' no #EE or *** in the $300 to $500 range. I’s charming. but it's not kosher.
umps, no noise. The pro- F 5

vides adjustable release time Sir: Mis. Eva KarLan

and up to 20 db of compres-
sion. Model 663 N Lcomeswith
unity gain and additional gain
if needed with +18 dbm
output.

He.e

speakers are now more
My ears tell me that
superior
I am

My present
than ten years old.
many current models provide
performance to what I now have.

Phystics Librarian
The Weizmann TInstitute of Science
Rehovoth. Israel

: iy DEAR Sikr:
restricted to the bookshelf-sized models ; . .
FAIRCH"-D PROGRAM EQUALIZER and a price of around $100 each per th'r kWISh [? take IhIS[ opp(l)rtumt) i
64NL unit. Could you suggest what 1s likely i3 , you orl ys)ur e re’mey co‘mpre-
MODEL 6 Wl (R Deen MEITE [ s anmme hensive and accurate Tape Recorder
= guide in the December issue of AubpIO

An ideal no loss equalizer for
broadcast and recording. The
FAIRCHILD Model 664NL
allows the production of the
“hot, solid commercial” sound
standard with major recording
studios; transforms any con-
ventional console into 'Big
Board sound’. 1¥2” x 54" high
unit provides equalization up
to 10 db at 4, 6, 8, 10, or 15 KHZ and low
end equalization up to 10 db. Rolloffs also
provided. The Model 664NLB has equal-
ization at 2, 3, 4, 5, and 7.5 KHZ for mo-
tion p:cture demands The FAIRCHILD
Program Equalizer contains equalization
plus 18 dbm amplifier output. Put life into
your sound with the FAIRCHILD Equalizer.

FAIRCHILD LIMITER MODEL 670

oLt

(These letters are perhaps character-
istic of the many we receive each month
of those jor which there are no readv
answers. We cannot recommend specific
equipment. We reallv cannot test each
new piece of equipment, nor do we hear
every new product under conditions that
Jfavor an accurate impression.

We do get to most of the new high-
fidelity component shows so it could be
said that we are in a position to see
and hear much of what is new. This is,
on the surface, true. But the impressions
gained at these expositions are incom-
plete—we cannot form honest opinions
from them. As an example: we have
at shows often heard speakers that sound

Magazine.

It has been called to our attention
that our listing incorporates an error
in the wow and flutter column in each
of these issues. Specifically the wow and
flutter figure at 7Y% ips, is listed at 0.9%
on all models, in reality this is 0.09%.
This may have been a copying error, or
the information originally supplied by
me may be in error.

Incidentally, the large picture of the
four-channel 800 in your December is-
sue is very impressive. I do hope that
the customer is not confused or mislead
into thinking that this is a standard SS-
822 or SS-824 model; in reality it is
of course an SS-844 four-channel re-

Fast attack Stereo poor under the influence of local acou- corder.

Liarrslite?' (50 microsec- stics only 10 find that this was a false JOHUN W. HAINES
onds) with tow distor- impression when we hear the speakers Customer Service
Lo _Siegelsetnasiel some other time. Crown International
thumps. Sum and 3 .
difference limiting po- There are many such examples. For Elkhart, Indiana
sition etiminates float- this reason alone we cannot recorimend

ing stereo image. In- specific instruments. And if this is not DEAR SIR:

cludes regular channel A and B limiting.
Dual controls, dual meters provided.
Used throughout the world. Flexible re-
lease times make it indispensable in
stereo recording and broadcasting.

¢ Write fo FAIRCHILD — the pacemakerin pro-
fessional audio products — for complete details.

e

FAIRCHILD

~ RECORDING EQUIPMENT CORPORATION
1040 45th Ave, Long Island City 1, N.Y.

reason enough, think of this. Much
equipment is purchased on the hasis of
purely subjective analvsis. How can we
responsiblv  suggest to a stranger what
he will like?

We can go on and on. But the mes-
sage here is simple. We cannot respond
to requests for specific product reconi-
mendation. This should nor be construed
(o indicate that we are unresponsive to
requests for information we can respond
to. Quite the contrarv. We welcome vour
letrers and promise to answer all: either

Compliments on the December Tape
Recorder Compendium. However. the
price shown for two of our Magnecord
models was as wrong as wrong can be.
The 1022 and 1028 models are shown
al $1788.00 and $1995.00 respectively.
This is exactly $1.000 too much. The
correct prices are, of course, $788 for
the 1022 and $995 for the 1028.

JAMES S. ARRINGTON
Magnecord Div. Telex Corp.
Minneapolis, Minn.

(What can we say after we say—

d in this column or directiv. Ep.) oops! Ed.)
Check No. 116 on Reader Service Card. Check No. 115 on Reader Service Card —
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EDITOR'S REVIEW

CONTINUAL PROGRESS

F THERE IS ONE CHARACTERISTIC for which the high-
Iﬁdelity industry is noted, it is change. Over the

history of Aubpto, we have seen triode tubes in
output stages, then pentodes, then tetrodes, then the
Ultra-Linear circuitry which makes tetrodes perform
more like triodes, and now most new models are entire-
v transistorized, including the output stages. More
recently, the FET has made considerable headway.
with several makes employing them, and the next
forward step is likelv to be integrated circuits, some
of them already having made their appearance. Aside
from their saving in space, it is claimed that their
performance can improve the over-all performance
of the equipment in which they are used. We certainly
expect to see more ol them in the futurce.

We made no mention of nuvistors or hybrid types
of circuits, for in general they appeared to be a transi-
tional step from all-vacuum-tube operation to all-
transistor circuits. It took some time to make a good
front end with transistors, and some fairly sophisti
cated transistors to make them work as well as we
had taken for granted as normal for tube equipment.

Without getting into the argument as to whether
tubes or transistors arc better, we can only surmisc
that the transistor is here to stay. There is certainly
a diflerence of opinion among users as to which is
the better. Letters from readers often scem to be most
vociferous in their praise of one or another of the
tube amplifiers, and an cqual dislike for transistors.
Yet many are strongly in favor of transistors. Our
only suggestion is that each person make up his own
mind. As between triode tubes and tetrodes, there
was always a dispute, yet it is well recognized that there
were (and arc) good amplifiers of both types, and
that discussion has never been resolved. Similarly,
there are good amplifiers using tubes and good ones
using transistors. You takes yer choice.

We have always faced the same difference of opin-
ion about loudspeakers and enclosures. It has always
been our position that the ultimate user is going
to listen to his system and that someone else couldn’t
possibly tell bim w'ich was the best. Fach person’s
own cars must help him decide. There is enough good
cquipment of all types to provide a choice. We hon-
estly do not believe that one type is necessarilv better
than another—-there are good and bad examples of
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all types. Our recommendation is that a comparison of
specifications should be the guide to an intelligent
selection. All other things being equal, the listening
test is then the final step in making a sclection. If
you can afford an amplitier in the .05-per-cent-distor-
tion class, and if vou like the way it sounds, then
by all means, buy it. If you don’t like the way it
sounds, don’t buy it under anv conditions.

BUCKNELL IS A UNIVERSITY

In our story about the Bucknell student who has
been a hi-fi enthusiast for six years, we referred to
Bucknell as a college and of course, were reminded
that it is a University. Now if we werc to say we didn’t
know there was a ditference, we would be called to
task for rhur. We do know the theoretical difference—-
which is something like the ditference between a ship
and a boat. We learned that during a short sojourn on
a Navy vessel some twenty vears ago—a boat is some-
thing that is carried on a ship.

And while we are on the subject, we want to credit
Thomas Trout as the “professor in hi-fi” to the young
man pictured on our January cover, who described
Mr. Trout in that fashion. Wonder how many other
AuDIO readers have served in a similar capacity to
their neophyvte (riends.

PASSING OF AN ORACLE

We were saddened to learn of the death of one
whose work has long been regarded as of incstimable
value to the audio buff. Fritz Langford-Smith, author
of the “Radio Designer’s Handbook™ recently passed
away in Sydney. Australia, at the age of 62. The first
edition of this book, although only some 375 pages
in length, devoted considerable space to audio circuitry,
and was probably the most used audio reference book
of its time. The massive third edition was practically
an Audio Handbook in itself. and all of us will miss
future editions. It is not likely that another such en-
cyclopedic volume will be attempted, in spite of the
great need for one.

GAG OF THE MONTH

Did you hear about the audio buff who complained.
“Here I just spent over $700 for a new hi-fi outht
and they start using megaphones again.”
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~Or
cleaner
grooves.

or
cleaner

tracing.

New Pickering V-15/3 cartridge with Dynamic Coupling for mini-
mum tracing distortion and maximum tracking ability, plus Dustamatic™
feature for dust-free grooves.

As stereo cartridges approach perfection, dust in the grooves becomes intolerable.

The Pickering V-15/3 Micro-Magnetic™ cartridge has a new moving system that
reduces tracing distortion close to the theoretical minimum, thanks to Dynamic Coupling
of the stylus to the groove. But what good is perfect contact between the stylus tip and
those high-velocity turns if dust particles get in the way?

That is why the Dustamatic brush assembly is an essential part of Pickering’s
total performance cartridge. It cleans the groove automatically before the stylus gets there.

The new moving system also provides a further refinement of Pickering’s famous
natural sound by extending peak-free response well beyond the audible range, and the
patented V-Guard Floating Stylus continues to assure the ultimate in record protection.

There are four “application engineered” Pickering V-15/3 Dustamatic models
with Dynamic Coupling, to match every possible installation from conventional record
changers to ultrasophisticated low-mass transcription arms. Prices from $29.95 to $44.95.

For free literature complete with all details, write to Pickering & Co., Plainview,

L. 1., New York.
For those who can[hear|the difference. F"}kerlnu

Check No. 118 on Reader Service Card.
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Compare these new Sherwood S-8300 features and specs! ALL - SILICON reliability. Noise-threshold-gated automatic FM Stereo/mono switching, FM stereo
light, zero-center tuning meter, FM interchannel hush adjustment, Front-panel mono/stereo switch and stereo headphone jack, Rocker-action switches for
tape monitor, noise filter, main ard remote speakers disconnect. Music power 140 watts (4 ohms) @ 0.6% harm distortion. IM distortion 0.1% @ 10 watts or
less. Power bandwidth 12-35,000 cps. Phono sens. 1.8 mv. Hum and noise (phono) —70 db. FM sens. (IHF) 1.6 uv for 30 db quieting. FM signal-to-noise: 70 db.
Capture ratio: 2.2 db. Drift =.01%. 42 Silicon transistors plus 14 Silicon diodes and rectifiers. Size: 16}4 x 45 x14 in. deep.

€eWE HAVE COME TO EXPECT HIGH PERFORMANCE
FROM SHERWOOD and...

v the S-8800 did not let us down. The tuner . !
section, with its high sensitivity and very '
low distortion, is among the best in the busi-
ness—clean and responsive. FM Stereo comes
. in loud and clear and, as the curves plotted
at CBS Labs show, with very ample separa-
tion. The usual increase in distortion, when
switching from mono to stereo in receivers,
was in this set just about negligible. We would
say that Sherwood has come up here with an-
other typically ‘hot’ front end that makes FM
listening a sheer joy.

*“As for the amplifier . . . comparing the re-

sults with the specifications, it is apparent

that the S-8800 does provide the power it

(_‘-'-I ” claims, and this—for a popularly priced com-

' 48 bination set—is considerable. A glance at the

’l =" IM curves, for instance, shows how much

power the S-8800 will furnish before it runs
into any serious distortion problem at all

three impedences. . . . For rated power band-
S T ] TOwS width distortion of 19, the curve ran below
N L oms L‘"—f"sﬂ 1 and above the normal 20 to 20 kHz band; and
| | 1M cuaracTERISTICS \J. _
sl e+ the l-watt frequency response was virtually
Il

e T
1 - ‘_ ' a straight line in this area, being down by
‘ T "(‘;J 2.5db at 40 kHz—fine figures for a receiver . . .
| Sem e L vy ,j . “Those heavy percussion and crisp castanets
£5 1 ¢ W W 450 0 tao

POWER 0UTPUT (WATTS) Wlll come through Wlth juSt about all the
con brio the performers have put into them. ”

PERCENT IM DISTORTION

il

“NT

*As appeared in HIGH FIDELITY Magazine Equipment Reports
by CBS Labs. November 1966 issue.
§-8800 140-watt FM ALL-SILICON Receiver
$359.50 for custom mounting
$368.50 in walnut leatherette case
$387.50 in hand-rubbed walnut cabinet

3-YEAR WARRANTY

SHEAWOOD  $°8800  A1L SIICON

L 3
% 98 100 102 104 106 108MC

Sherwood Electronic Laboratories, Inc., 4300 North California Avenue, Chicago, Illinois 60618. Write Dept.3A

18 Check No. 119 on Reader Service Card. AUDIO . MARCH, 1967



Tracking Capability
of Phonograph Pickups

RACKING refers to the ability of
T a phonograph pickup to main-

tain proper contact between the
stylus and the record-groove walls
while playing back the recorded modu-
lation. Despite major advances in
pickup design in recent years, mis-
tracking still can be a significant cause
of distortion in many pickups. The
pickup stylus is held in the record
groove by an unbalanced downward
force, called the “tracking force” or
“bearing weight.” The tracking forces
used with modern pickups range from
3% to 5 grams.

Low-Frequency Tracking

For a given tracking force, the
ability of a pickup to track low-fre-
quency signals is determined by the
pickup compliance. The higher the
compliance, the greater the groove-
modulation displacements that can be
followed without mistracking. Com-
pliance specifications of pickups are
listed as a certain number of centi-
meters per dyne. For example, a com-
pliance of 15 X 10% c¢cm/dyne means
that if a force of 1 dyne (= /980
gram) is applied to the stylus in a
pickup, the stylus will be deflected a
distance of 15 X 10°¢ cm.

It is not unusual for a pickup com-
pliance to be different in the vertical
and lateral directions. Some pickup
manufacturers state the compliances
in both directions. Others list only a
single compliance without specifying
the direction. Still others list only a
recommended tracking force which,
of course, is the only factor over
which the user has any control, this
usually being set by means of a
counterweight or adjustable spring on
the pickup arm. In principle, if the
compliance of a pickup is known, it
is possible to calculate the minimum
tracking force required to track low-
frequency signals. In high-level, low-
frequency recorded signals, lateral
peak displacements of 0.0015 inch
(= 3.8 X 103 cm) may occasionally
be encountered. In a pickup having a
compliance of 15 X 10 cm/dyne a

AUDIO < MARCH, 1967
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lateral force of (3.8X103) /(15X 10°¢)
= 0.254x10% dynes. or about 0.25
gram is thus developed. If friction
between the stylus and the record
is neglected, the componeuts of this
force perpendicular to and parallel to
the groove wall that is doing the push-
ing at the instant of maximum dis-

placement are each 0.25/V2 = 0.18
gm., since the groove walls make an
angle of 45 deg. with the direction of
lateral stylus motion. Unless the force
component parallel to the groove wall
is balanced by an oppositely-directed
force component due to the tracking
force, the stylus will slide up the
groove wall and skip over into an ad-
jacent groove. Even when mistrack-
Ing is not so severe as to cause groove
skipping, audible distortion of the re-
produced sound may occur as the
stylus-groove contact varies erratically.
To present the catastrophic occur-
rence of groove skipping a downward-
directed tracking force of at least 0.25
gm. is required. This value should be
doubled in order to handle simultane-
ous vertical and lateral excursions of
large amplitude. The tracking force
must be increased still further to al-
low for the skating force, for fric-
tional forces in the pivot bearings of
the pickup arm or in the mechanical
elements of a record changer. and for
eccentric and warped records. Thus,
one can understand why it takes a
most unusual pickup to track all pas-
sages on all records with a tracking
force of less than 1 gm. However,
nearly all modern stereo pickups are
capable of good low-frequency track-
ing when used with somewhat larger
tracking forces.

Unfortunately, tracking problems
are not restricted to the compliance-
controlled, low-frequency region.
Other forces that act when reproduc-
ing the high-frequency portion of the
audio spectrum make high-frequency
tracking a problem with many pick-
ups. In the remainder of this article
the nature of the high-frequency-
tracking probiem will be described
and some recent measursments illus-

trating the phenomenon will be dis-
cussed.

High-Frequency Tracking

Pickup tracking at high frequencies
is best explained in terms of the me-
chanical impedance of the pickup. In
particular we will consider the driving-
point mechanical impedance at the
stylus. Over much of the audio-fre-
quency range the mechanical imped-
ance of moving-magnet, moving-iron,
and moving-coil pickups is closely
analogous to the electrical impedance
of the simple and familiar network
made up of inductance L, capacitance
C, and resistance R, shown at (A)
in Fig. 1. The relation between volt-
age, V, and current, I, is determined
by the electrical impedance, Z, In the
mechanical analog shown at (B), the
force F, applied to the stylus by the
record groove is related to the stylus
velocity, v, by the mechanical imped-
ance, Z . The elements making up
the mechanical impedance are the ef-
fective mass at the stylus, M, the com-
pliance, C, and the mechanical resist-
ance or damping, R. The impedance
has its minimum value at the fre-
quency of resonance, f, as shown at
(C) in Fig. 1 where the magnitude of
the driving force is plotted as a func-
tion of frequency. At frequencies well
below resonance the impedance is
Z, . = Y2xfC and the moving system
is compliance controlled. This is the
case treated in the preceding section.
At frequencies well above resonance
the impedance is Z.HF = 2xfM and
the system is mass controlled.

For the types of pickups considered
here, the resonance frequency, f , usu-
ally lies in the mid-band region, say
between 800 and 3000 Hz. The effec-
tive stylus-tip mass of modern, high-
quality pickups ranges from 0.5 mg.
to about 2 mg. The mechanical im-
pedance for a 1-mg stylus and 15-kHz
frequency is Zyp = 2x(15 X 10%)
(1 X 10*) = 95 mechanical ohms.
If a lateral signal at 15 kHz having a
peak recorded velocity of 10 c¢cm/sec
is being reproduced, the peak lateral
force, F, on the stylus will be:
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F =95 (10) = 950 dynes = 0.97 gm.
A tracking force at least this large is
required if the stylus is to maintain
contact with both groove walls
throughout each cycle of this 15-kHz
modulation. The same result is ob-
tained if, instead of relating the peak
velocity to mechanical impedance, one
considers the peak acceleration of the
mass of the stylus as is sometimes
done in discussions of this type. In-
deed, the two approaches are com-
pletely equivalent for sine-wave sig-
nals.

The peak velocity of 10 cm/sec
used in this example represents a
rather high level for a 15kHz signal,
but it is a level that may occasionally
be encountered in short bursts. The
minimum tracking force of 0.97 gm
found necessary in this case is secn
to be substantially greater than the
force of 0.25 gm found necessary in
the low-frequency example calculated

—-1

earlier. Hence, for a pickup having a
compliance of 15 X 10% cm/dyne
and a tip mass of | mg, the latter
parameter should be the controlling
one in determining the tracking force.
If a less massive stylus is used, the
tracking force required will decrease
proportionately. As in the low-fre-
quency case, the total tracking force
should be greater than the value cal-
culated for lateral modulation in order
to accommodate simultaneous lateral
and vertical motions. When the tip
mass is | mg or less, a tracking force
between | and 2 grams should usu-
ally be adequate for high-frequency
tracking—providing the driving-point
impedance acts as a simple mass in
the high-frequency range.

It has been found, however, that
many pickups—including some of the
best—exhibit a mechanical anti-reso-
nance somewhere between 10 and 20
kHz. The anti-resonance is due to the

CONSTANT-
SOURCE
1Zels /s 2 Y
Re+(2mfL 27rfCe)
(A)
CONSTANT
VELOCITY
SOURCE
Sg
Ik
& F
L ¢
=
-
lllllll L lLJlllll 1 lllnnl
iy f I0f,
FREQUENCY
i i
fog = —— Zps——  Zpyp=2wiM
° " 2w/MC 2mtC

Fig. 1. (A) Simple series R,L,C electrical circuit having a driving-point impedance

Z,. (B) Analog of the mechanical elements of the moving system of a pickup having

a driving-point mechanical impedance, Z_, at the stylus tip. (C) Typical curve of

stylus-groove force as a function of frequency for the simple analog shown at (B).
f, will lie between 800 and 3000 Hz for most modern, high-quality pickups.

20

stylus arm bending in a more complex
mode. When this occurs the simple
circuit depicted at (B) in Fig. | is no
longer adequate. Close to the fre-
quency of the anti-resonance, the cir-
cuit shown at (A) in Fig. 2 is more
appropriate. When moving at the fre-
quency of this anti-resonance the for-
ward and rearward portions of the
stylus arm move in opposite phase,
and their masses, M, and M,, referred
to the stylus, are scparated by a shunt
compliance, C,, of the arm as it bends
in this mode. The driving-point imped-
ance at the frequency of anti-reso-
nance, /', becomes very large, and the
magnitude of the force between the
stylus and the groove wall has the
gencral form shown at (B) in Fig. 2.
The relatively soft vinyl record is de-
formed in the area of stylus contact,
and the magnitude of the groove-wall
deformation varies periodically at the
frequency of the modulation. Through
this means, the compliance of the
groove walls lowers the frequency of
the anti-resonance slightly. When the
frequency of the recorded modulation
is close to the frequency of anti-reso-
nance, the large stylus-groove forces
that are generated require a greater
tracking force if the stylus is to main-
tain contact with both groove walls.
Even when there is no reason to sup-
pose that contact has been lost there
still can be an increase in distortion,
as will be shown in some of the meas-
urements discussed in the tollowing.

— M M2
CONSTAPT— ¢ hy c
VELOCITY | 2
SOURCE | RiT'Re T

v
(A)
10 -
'E
T
-

Fovadrenpwadoz, “n...ll N
16y fo 10f,
FREQUENCY

(B)

Fig. 2. (A) Analog of the mechanical

elements of the moving system of a

pickup having a high-frequency anti-

resonance. (B) Typical curve of stylus-

groove force as a function of frequency.

Note the large value of force in vicinity
of the anti-resonance at f'.
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Sweep-Frequency Tests

Two types of tests that have been
used recently in laboratory studies of
tracking will be described and exam-
ples of test results will be shown. The
first type of test employs recorded
sweep-frequency signals. The re-
corded sweep-frequency signals con-
sist on a constant-velocity signal that
sweeps from 2 to 20 kHz in slightly
less than 1/20th of a second. The
sweep is repeated 20 times per second.
Thus, the output of a pickup reproduc-
ing this signal can be displayed as a
stationary pattern on an oscilloscope
screen, with the vertical deflection
showing the output voltage at each in-
stant and with the horizontal deflec-
tion representing frequency. The re-
corded frequency sweeps upward with
tirie along a logarithmic scale, and
blanking markers are inserted at 4, 6,
and 10 kHz. An overshooting pulse
that marks the start of each sweep at
2 kHz can be used for horizontal syn-
chronization of the oscilloscope. Bands
of this signal were recorded on a lab-
oratory test record at four velocity
levels and in both lateral and vertical
modes.

Figure 3 is an example of swcep-
frequency test results, showing photo-
graphs of oscilloscope traces of play-
back voltage for the four recorded
levels in the lateral mode, and for
three values of tracking force. The
pickup under test has a smooth and flat

PEAK VELOCITY (cm/sec)

frequency response over the entire fre-
quency range of the sweep, as can be
seen in the lower-level traces. How-
ever, misiracking occurs for the 20.3-
cm/sec signal. This is evidenced by
the erratic and irregular traces for this
level. Some irregularity is already
present in the traces for the 12.7-cm/
sec level, and the raggedness of the
response is seen to become worse as
the tracking force is decreased. The
behavior of this pickup for vertical
modulation was found to be very simi-
lar to that shown here for lateral mod-
ulation.

The effects of high-frequency mis-
tracking are shown even more strik-
ingly in the traces for another pickup
in Fig. 4 for lateral modulation and
Fig. § tor vertical modulation. This
pickup is one having a mechanical
anti-resonance at about 13 kHz. Open-
circuit response measurements of the
pickup show a very pronounced peak
at the frequency of anti-resonance.
For the tests shown in Figs. 4 and 5,
a carefully adjusted R-C load was con-
nected across the terminals of the
pickup to give a substantially flat re-
sponse to almost 15 kHz, as is ob-
served in the lowest-level traces with
2- and 3-gram tracking forces. Irregu-
larities in response are seen to occur
due to mistracking in the neighbor-
hood of the anti-resonance even for
the 5.1-cm/sec modulation when the
tracking force is only | gram. The

evidences of mistracking becomg pro-

4 6
FREQUENGY IN kHz

Fig. 3. Oscilloscope traces of the output of pickup “A”

when playing lateral sweep-frequency modulation with

various tracking forces. Mistracking is indicated by an
irregular envelope.
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gressively worse as the modulation
velocity is increased and are very ex-
treme for the 20.3 cm/sec level. Sev-
eral of the photographs are double ex-
posures showing two superimposed
successive oscilloscope traces. The
wild variations seen to occur from one
sweep to the next give an idea of how
erratic the stylus motion is during mis-
tracking.

Another, but less extreme, effect is
observed when mistracking is ap-
proached. This is a gradual shifting
to lower frequencies of the upper fre-
quency limit of the pickup response
as the modulation level is increased.
It appears that as tracking becomes
poorer, the frequency of the stylus-
groove resonance discussed earlier
moves to lower frequencies. A tenta-
tive explanation of this phenomenon
can be offered in terms of groove-wall
deformation. When the driving-point
forces at the stylus become compar-
able to the tracking force, the depth
of indentation and the area of stylus-
groove contact vary appreciably from
point to point in each modulation cy-
cle in a non-linear manner. At high
modulation levels the stylus spends a
larger fraction of the time in the con-
dition of lower deformation. In this
case the effective groove-wall compli-
ance averaged over a cycle is higher.
This higher compliance then combines
with the driving-point impedance of
the stylus to lower the frequency of
the stylus-groove resonance. However,
before this hypothesis can be verified
or elucidated in detail, we must learn
a great deal more about the dynamic
deformation of the groove walls under
a stylus at high frequencies.

Intermodulation Tests

The second type of laboratory test
used in studying pickup tracking uses
intermodulation as the performance
indicator. When two sine-wave signals
are passed through a system, any non-
linearity in transmission causes each
of the signals to modulate the other
and so produce distortion in the form
of tones having frequencies equal to
the sum and difference of the original
signals and of their various harmonics.
These tones are known as intermodu-
lation products, and their measure-
ment has provided a powerful tool for
the analysis of the non-linear behavior
of many types of systems, including
phonograph playback systems. For ex-
ample, recorded frequencies of 400
and 4000 Hz have come into rather
common use in the study of phono-
graph-playback distortion at 400 Hz.
For studying pickup performance at
high frequencies it is more appropriate
to use two recorded tones of equal
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velocity and quite close in frequency
as the test signal. For example, to
measure the performance at 10 kHz
we might use primary tones having
frequencies of 9.8 kHz and 10.2 kHz.

PEAK VELOCITY (cm/sec)

The first-order sum and difference in-
termodulation products will then be
found at 20 kHz and 400 Hz. The
magnitude of these sum and difference
tones is a direct indication of the non-

FREQUENCY IN kHz

Fig. 4. Oscilloscope traces of the output of pickup “‘B"”
when playing lateral sweep-frequency modulation with

various tracking forces.

Mistracking is seen to be

strongly affected by a high-frequency anti-resonance.

PEAK VELOCITY (cm/sec)

2 GM 3 GM

FREQUENCY IN kHz

Fig. 5. Oscilloscope traces of the output of pickup “B"”

when playing vertical

sweep-frequency modulation

with various tracking forces.
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linearity of the playback system, in-
cluding the stylus-groove relationship.
In the case of most pickups it is not
feasible to make accurate measure-
ments of the sum tone because its fre-
quency is too high. However, the dif-
ference tone is readily measureable
and can give useful information.

In order to study pickup tracking, as
well as other playback phenomena,
throughout the range from 2 to 20
kHz while simplifying the data-acquisi-
tion problem as much as possible, two
tones of equal and constant velocity
and separated by 400 Hz were re-
corded while they glided from a mean
frequency of 2 kHz to a mean fre-
quency of 20 kHz. The rate of glide
was synchronized with the chart drive
of an automatic level recorder. When
playing back this test signal the output
of the pickup is amplified, passed
through a 400 Hz band-pass filter and
fed to the chart recorder. Thus, the
pen plots a curve showing the magni-
tude of the difference tone as a func-
tion of the mean frequency of the two
primary tones as they glide through
the high-frequency range. In the
measurements presented here the mag-
nitude of the difference tone will be
expressed as a percentage of the peak
velocity of the two recorded primary
tones. The test signals were recorded
in the right and left stereo channels.
Signals for each channel are carried
in four bands near the outside of a
12-inch, 33% RPM record. The peak
velocity of the primary tones increases
in 4-dB steps from band to band.

The intermodulation measurements
shown in Fig. 6 were made with the
same pickup used for the sweep-
frequency tests of Fig. 3. The per
cent IM is shown as a function of
frequency for both channels, for four
velocity levels, and for tracking forces
of 1, 2, and 3 grams. We note that
the per cent IM consistently increases
as the tracking force is decreased. This
is true even though there is no indica-
tion of loss of stylus-groove contact.
Since this pickup has no anti-reso-
nance in the 2-20 kHz range, the per
cent IM as a function of frequency is
fairly constant for a given tracking
force. The only notable exception to
this occurs for the higher level bands
with a 1-gram force. Here, a rise in
IM at the low-frequency end of the
curve is noted. This is an indication
of impending low-frequency mistrack-
ing due to too low a compliance.

A second set of IM measurements
is shown in Fig. 7 for the pickup used
in obtaining the sweep-frequency
traces of Figs. 4 and 5. Tracking
forces of 1.5, 2.0, and 2.5 grams were
used. The effect of the high mechani-
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Thhe man with the golden ear

17V5 cubic feet of sound in vour living room requires two basic essentials. The first
is a Golden Ear to catch every nuance. The second, rather obviously, is a permissive
wife. Some men have both (unbelievably) and have installed the actual Altec A7
“Voice of the Theatre”® in their living rooms. This is the same svstem that
has become standard for recording studios, concert halls and theatres.
However, if your wife is something less than permissive, Altec has the answer.
» We have taken all A7 speaker components and put them in a single package.
Half the size. The same high-frequency driver. The same cast aluminum sec-
toral horn. The same 15" low frequency speaker.
The same crossover network. = Frequency
responsc is unbelievably wide ( beyond the range
of human hearing, if that’s of any interest}. The
midranges are “in person” and that’s where 409
of the sound is. Basses don’t growl and groan.
Trebles don’t squeal. = Styling? The hand-rub-
bed walnut Valencia has a delicately curved
wood fretwork grille. The oak Flamenco is pure
Spanish. Send for your ’67 Altec catalog or pick
one up from your dealer. Compare. Buy. If the «
wife complains, tell her about vour Golden Ear. A Division of /277 Ling Altec, Inc., Anaheim, California

SPECIFICATIONS—FREQUENCY RESPONSE: 35-22,000 Hz; IMPEDANCE: 8/16 ohms; CROSSOVER FREQUENCY: 800 Hz; DIMENSIONS:
29%" H. x 27%" W. x 19" D. (Flamenco is two inches lower); COMPONENTS: 416A 15" low-frequency speaker with a frequency response of
20-1600 Hz and a cone resonance of 25 Hz; 806A high-frequency driver; 8118 high frequency sectoral horn with 80° horizontal and 40° vertical
distribution; N80OG dividing network with continuously variable HF shelving attenuation. PRICE: 846A Valencia, $333; 848A Flamenco, $345.

ALTEL

| LANSING |
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cal impedance at the anti-resonance is
strikingly evident in these curves. The
poor tracking in the neighborhood of
the anti-resonance results in a high
value of IM. As in the case of the
first pickup, lower values of tracking
force lead to higher IM at all fre-
quencies.

In the data for both pickups the IM
in the right channel is consistently
higher than that in the left channel.
Tests have demonstrated that this dif-
ference is due to the presence of an
uncompensated skating force which
pulls the pickup toward the center of
the record. This puts a greater con-
tact force on the inner groove wall
which carries the left channel. Skating-
force compensation in the form of a
counter-acting force on the pickup
arm may be added. This increases
the IM in the left channel and de-
creases it in the right channel to make
the two nearly equal.

Discussion

We have seen that high-frequency
tracking can be studied by the sweep-
frequency technique and by measure-
ment of intermodulation products. The
sweep-frequency traces show dramat-
ically the erratic behavior of a stylus
when mistracking occurs. However,
this technique yields ony qualitative
or at most, semi-quantitative results.
The IM technique, on the other hand,
permits truly quantitative measure-
ments. Although IM measurements
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Fig. 6. High-frequency intermodulation

measurements in right and left chan-

nels for pickup “A’” using tracking
forces of 1, 2, and 3 grams.
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do not often show an abrupt onset of
mistracking as certain conditions are
reached, they do show clearly the dele-
terious effect of a high mechanical im-
pedance in the range of frequencies
covered by the test.

It is appropriate to consider briefly
the effects of improper tracking on the
quality of music reproduced from ster-
eo records. The extreme case of
groove jumping requires no comment.
Before this extreme is reached, how-
ever, the stylus may slide about or
rattle in the groove when high-ampli-
tude, low-frequency passages are
played with a pickup having too low
a compliance and/or tracking force.
The audible results in the reproduced
sound are rattles and buzzes of short
duration on certain notes of the music.
When poor tracking occurs for high-
frequency components of the music
one or more of several types of dis-
tortion may be heard. Perhaps the
most readily identifiable result of high-
frequency mistracking occurs for per-
cussion instruments or stringed instru-
ments that are struck or plucked. The
onset of the sound in such cases is
abrupt and is very rich in high-
frequency components. The notice-
able distortion is in the form of a
very short click of “kssh” type of
sound at the beginning of the note. In
extreme cases the reproduced timbre
of the instrument may be altered no-
ticeably. Another manifestation of

LEFT RIGHT
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Fig. 7. High-frequency intermodulation

measurements in right and left chan-

nels for pickup ‘B using tracking
forces of 1.5, 2.0, and 2.5 grams.

high-frequency mistracking occurs
when a chorus of instruments rich in
harmonics is playing at high level. In
this case intermodulation products are
generated, and the difference tones of
the high-frequency components fall in
the low- or mid-range of frequencies.
Occasionally these difference tones are
audible. More often they are partially
masked by the much louder com-
ponents of the music in the same fre-
quency range as the difference tones,
and the intermodulation is not recog-
nized for what it is even though it is
contributing to a general “muddiness”
or lack of clarity in the total sound.
High-frequency mistracking is not the
only, and may not be even the prin-
cipal, cause of high-frequency inter-
modulation in some phonograph sys-
tems. Tracing distortion and vertical-
tracking-angle errors are other causes.
Indeed, even the magnetic recorders
used to make the master tapes from
which the disc is copied are not al-
ways beyond suspicion in this regard,
particularly if several generations of
tape are needed in the processing.
There is little that the user of a
phonograph system can do to control
mistracking beyond making certain
that the pickup arm is adjusted for
minimum friction and that the track-
ing force has a reasonably high value.
There is a limit to how large the
tracking force may be, however. If
the force is too large, the upward
static deflection of the stylus arm will
be so great that the pickup cartridge
will touch the record. Also, in some
cases a tracking force large enough to
minimize mistracking will result in ac-
celerated record wear. Not enough
is known about the mechanism of wear
and its dependence on pickup charac-
teristics to permit a categorical setting
of upper limits for the tracking force
at the presentime. All things con-
sidered, however, it is considered gen-
erally preferable to use a tracking
force at the upper end of the range
of forces recommended by the pickup
manufacturer. Fortunately, the manu-
facturers of many of the better grades
of pickup are now aware of the high-
frequency tracking problem, and we
may expect new pickup models im-
proved in this regard to become avail-
able in the next year or two. It re-
mains to be seen, though, how good a
compromise can be made between the
design parameters required for high-
frequency performance and those re-
quired for low-frequency performance
and for mechanical stability and rug-
gedness. In any event, this is certain
to be an interesting stage in the pro-
gressive development of phonograph
systems. ZE
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Introducing
the remarkable new

UNIDYNE A

...1n the

Quality tradition of the

Now...eliminate background noise pickup
at a new low price

UNIDYNE/@

UNIDIRECTIONAL PROBLEM-SOLVING ABILITY AT AN GMNIDIRECTIONAL PRICE

Never before such quality at so low a price! Controls background
noise confusion, “thumping” sound from percussion instruments,
and “hollow” sound associated with omnidirectional microphones.
You’ll be amazed and impressed by the clear, life-like tapes you can
make with the new Shure Unidyne A . .. a low-cost, fine quality,
wide-response unidirectional microphone with a truly symmetrical
pickup pattern that picks up sound from the front only, at all
frequencies. Only $35.40 net.

0000000000000 0000000000000000000000000 00

Unidyne Family

UNIDIRECTIONAL DYNAMIC
MICROPHONES

MATCHED PAIRS FOR
STEREO RECORDINGS, TOO

> >

Unidyne A pairs (matched in both fre-
quency and output) detect the subtle
differences that ‘“localize” sound for
realistic, spatially-correct stereo tapes.
Only $70.80 net for the factory-matched
pair, complete with plugs attached.
(Note: The famed Unidyne II & III
are also available in matched pairs).

SEND FOR LITERATURE: SHURE BROTHERS, INC. SHURE MICROPHONES — WORLD STANDARD WHEREVER
222 HARTREY AVENUE, EVANSTON, ILL. SOUND PERFORMANCE AND RELIABILITY ARE PARAMOUNT

Check No. 121 on Reader Service Card.
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A Record Player
Compendium

On the next two pages are displaved, in convenient chart
form, most of the record player mechanisms currently
available in the component marketplace. We trust that the
information contained in the columns is self-evident, re-
quiring no further explanation. However, we should state
that a blank space is indicative of inapplicability to a
specific product. A dash in a space shows that the informa-
tion needed was not available.

The special-features column contains information that
cannot be reduced to columnar form. This material has
been supplied to us by the respective manufacturers. In
fact, we should point out that al// of the specifications have
cone to us from the manufacturers.

Automatie Chan

No rumble specifications have been given since there
seems to be no agreed-upon standard from which to
derive performance figures. Our experience has been that
all turntables produce some audible rumble in stereo oper-
ation. The degree of audibility is highly dependent on the
speakers that will be used. Obviously, a speaker with a
resonance peak that happens to coincide with a primary
rumble frequency will sound worse than a non-coincidence
system of identical rumble specifications. So it behooves
the prospective purchaser to attempt to audition a turn-
table ‘cartridge /speaker system in advance of purchase.
This can result in a highly compatible union. However, we
should also point out that only a “‘worst-case” combination
is likely to prove audibly annoving.

ers
= S
Dimensions /
/ .
&
ST S
S/ISS S/ e
s/ 5/ & &
&/ e/ &/ &
MANUFACTURER IS SPECIAL FEATURES
BSR 500 6| - |02} -8 = Bal. 0-6 144, 113 7 49.50 | Coarse and fine balance adjustment, stylus force
MC DONALD 33 diraled in 1,3 gram increments, avtomatic tonearm lock
45 in rest position, aim cueing controf, interchangeabie
78 spindles.
BENJAMIN PW40A (16 ] 12 - 18 2 |unbal.| — |07 [20]10|3%|5% |14, [12%]8 16 | 99.50 | Auto-repeat function, comes complete with Elac.
{MIRACORD) 33 $TS-240 stereo cartridge; pushbutton operation.
45
78
40H 16 | 12 - |8 2 Unbal.| — |07 (20110 }3°% 5% [14%,|12% {8 16 |110.00 | As above, but with hysteresis motor
33
45
178
50H 16| 12 - |8 1 Bal. - 0-6 [15[10[3°.|5°% 8 17 |149.50 | As above. with addition of stylus overhang gauge, anti-
33 | skating compensation, adjustable cartridge retainer,
45 pilot light, arm cue, pushbutton operation.
78
DUAL 1019 16 |10°, | .03 |.03 |8 |1.25 | Bal. 1-16 {,-5 |8 [10]| 3 |6 123, 110%] 9 16 |129.50 | Variable anti-skating, arm cueing control, 6% variable
33 | speed adjustment, auto play of single records, rotating
45 single-play spindie, adjustable overhang, 7% Ib.
78 I platter.
—t
1009 |16 (10% | .03 (.03 [8 [1.25| Bal. [1-8 [%-5 |8 /10| 3 |6 [12% |10%| 9 15 [109.50 | Aim cueing contiol, auto piay of single recoids,
SK 33 adjustable overhang, 4% tb. platter.
45
78
1010A 16 [10° | .09 |.09 | 8 1,25 | Spring | 1-7 | 2-7 |12]10| 3 6 (12% (10, | 9 [10%]| 69.50 |Interchangeable spindies, auto and manual start,
33 adjustable overhang.
45
7 I
T
GARRARD Lab80 (33| 12 01 |02 |9 Bal. 4-18 |%-5 (10| 8 [ 3% |5 17 |14% | 9 |16% | 99.50 | Afromosia wood tone arm, hydrauiic arm cue, variable
MK 11 45 | anti-skating, auto play of single records.
70 MK11 |16 {10% |0.12 .05 |8.5 Bal. [4-18|'-5 (15|18 |[27,] 6 [16% |14, |8 16 | 84.50 | Adjustable anti-skating, click stop styius force adjust,
| 33 pusher-platform changing.
45
78
60 MK 11 | 16 [10%; [0.14 |.05 |7.5 Bal. [4-22(%-5 |15 7 |27, 4 |15% |13% {7% |10 | 74.50 | Anti-skating control. arm cueing, dial-type stylus
33 force adjustment.
45
78
50 MK 11 {16 (10%, [0.14 [.05 |7.5 | — Bal 4-22 | %5 |15 7 |27, | 4 147, 12,074 | 9 54.50 | Aim cueing control, tubuiar arm.
33
45
78 .
40MK 11 |16 [10°, [0.14 | .05 |7.5 Bat 4-18 [',-8 (20 |7 |27, 4 147, |12', (7% | 9 44.50 | Cast aluminum balanced tone arm, lightweight
33 | cutaway cartridge sheil.
45 |
78
KNIGHT KN9S0A (16|10 (0.2 (.05} 7 2 Bal. |2-10|0-5 15|14 | 5 {3, | 14 [ 12 (8% |12 |47.95 |Only 1 cent more for choice of cartridge — Empire,
33 Picketing, ot Shure.
45
78 |
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When you've got a reputa-
tion as a leader in transistor
technology, you don’t intro-
duce a transistor amplifier
that is like someone else’s. We
didn’t. The new Sony TA-1120
integrated stereo amplifier is the
case in point. We considered the
few remaining shortcomings that
have kept today’s transistor amplifi-
ers from achieving the quality of
performance of the best tube amplifi-
ers and set out to solve them. To do it,
we even had to invent new types of
transistors. The result: the first truly great
solid-state stereo amplifier.
Distortion is lower than in the finest tube
% mplifiers at all frequencies and power levels.
~ Signalto-noise ratio: better than 110 db.
Damping factor is extraordinarily high (140 at
16 ohms). Frequency response: practically flat
from 10 to 100.000 HZ (+0 db/—1 db). Plenty of
~ power,too (120 watts THF at 8 ohms, both channels).
£ With an amplifier as good as this, the preamp
section has a great deal to live up to. It does, mag-
nificently! Solid-state silicon circuitry throughout
coupled with an ingenious design achieve the lowest
possible distortion. Sensible arrangement of front panel
- controls offers the greatest versatility and ease of opera-
tion with any program source.
Finally, to protect your investment in this superb
instrument, an advanced SCR (silicon-controlled rectifier)
circuit prevents possible damage to the power transistors
due to accidental shorting of the outputs.
The Sony TA-1120 stereo amplifier/preamp at $399.50 and
the TA-3120 stereo power amplifier, $249.50 are available at a
select group of high fidelity specialists who love and cherish
them. And will get as much enjoyment out of demonstrating them
as you will from their performance. So visit your dedicated Sony
high fidelity dealer and enjoy. Prices suggested list. Sony Corpora-
tion of America Dept. H 4747 Van Dam St. LI.C., N.Y. 11101.

With so many fine amplifiers
_:our first had to be somethmg special.




Manual Turntables and Arms

/ TURNTABLES /
Platter
MANUFACTURER SPECIAL FEATURES
ACOUSTIC- XA |33 o1 [ 05 [ 16p |beit |11 |3.3]alum.|integral
RESEARCH 45 M siv.
TA |33 |01 [ 05 [ 18p [belt |11 (3.3 alum.  integrai 16°, |13 - 12 9 | std. nylon ball rear 0.5 |3-20 [10-15 | 0.5 75.00
PY 12, 12-in. slv. weight -8
52
1
ADC ADC 40 10° 9 std. single single |counter- - 415 [ 0-4 ~ | 44.50 | Side thrust compensation;
| [1-in. | ball ball | weight plug-in shell,
7 i ADC 10%, 9 | stdt single single  jcounter- - 415 & 0-4 — | 89.50 | As above, but includes Pt.SE
[ 84 E | ‘2. | ball ball _ |weight cartridge.
BENJAMIN PS-18H 16 | 0.1 | 0.1| hys. |dler | 12 |6 |zinc'|integral 147, |16 2 [ 8 [sw | ban ball  (balance | 2 | - | ~ |010] - [110.00 | Push-button aperation; cueing
33 Sync. alum. 125 12-in. race and device,
45 5% spting
78 _'_ | SR Ml YR 1 ]
BOGEN B62 [16 (0.2 [0.2| 4-p idler | 12 7% - integral | 16%, |23 = - std. - - rear - - = = 3 67.95 | Complete with arm, cueing
33 141, | 15-in. weight device, wt, acj. gauge.
45 3 | * Continuously vaiiable speed
78 | 29-86 rpm.
B52 IlG 0.1 |01 4-p [udler 12 | 3 [form. | integral 147, |12 11% | ¢ std. = = rear = = = = 49.95 | "Feather-Float'" hydraulic
33 steel {IC bz-in. weight cueing; *cont. variable speed,
45 29-86 ¢pm.
78 I =
EMPIRE 208 |33 |.05 | .05 hys. belt | 12 6 |alum. | cutout |17 20 980 12 9 std. bah bal) balance |0.5 | 2-25| 6 08 | — Aim | 208 Table $125.00.
45 sync. for 580 |15 La-in. | bearing | bearing | & calib. only
78 _!_ am 81, spring 50.00
398 |33 05 | .05 | hys. | belt 12 | 6 |alum.| integral |17 25 185.0¢ | Inciudes base as complete
45 sync. 15 980 Asm used in this complete system Troubadotr systeri.
|78 8%,
498 (33 | 07 | .07 | hys. |beit 12 | 6 |alum. | integtal |16 25 170.00 | Includes base as complete
45 sync. 1332 980 Arm used in this complete system Troubador system.
78 7
EUPHONICS TA15 1| 8ty g knife ball spng  |0.75 | 1.5 12 105-(12 32.50 | * Accommodates Euphonics
edge bal. only 15 cartridge only TK-15-LS, with
cart., pwr. source, $87.50
2 81, - knife ball spring  {0.75 | 1.5 12 (075 71.50 | TK-15-P; with cart., pwi.
edge | bal. | only -3.0 source.
TA-16 | 133 [11% * knife ball spring [ 0.25 l 15 10 | 0.5-| 14 | 42,50 | * Accommodates Euphonics
edge bal. only 15 | gms. cartridge only TK-16-LS, with
cart., pwr. source, $97.50.
143 | 114, 1 knife ball spring  |0.25 | 1.5 10 (075 ] 14 87.50 | TK-16-P; with cart., pwr,
edge bal. only -3.0 source.
MARANTZ SLT- |33 |.04 | .04 hys. | beit | 12 |12  alum. | inlegral |18 27 ball ball 0 = = - — |295.00 | Patented straight-tine tracking
12 45 sync. 14 race 1ace arm with integral cartridge.
6%, Tracking force = 1 gm.
ORTOFON RMG 16 |12 ] sid. ball ball balance [0.83 |max.| 8 0.8 | 630 | 60.00
309 t3-m. | sace race |and spg. 19 gms.
RMG 12 9 std. ball ball balance (1.2 | max.| 8 0-8 | 500 | 60.00
212 | 13-1n. | race 1ace and spg. 19 gms.
SMG 12 9 std. ball ball balance |1.2 max.| & 0.8 | 380 | 30.00
212 Ly-in. 1ace 1ace and spg. 19 gms.
PIONEER PL-41 |33 | .08 [.08 | 4p |belt (12 |4 |alum. |integral | 20 - |96 | st ball ball static 1.0 | — 7 0-4 | - |220.00 [With cartridge, walnut bsse;
45 hys. die 16 (PR race 1ace baiance dust cover without carttidge
sync. cast P $210.00. Without cartiidge,
cover and base.
t
REK-O-KUT R-34 |33 .08 |.08 nys, |beit (12 | 4 |Alum. { integrai | 15 20 | $-440 12 9 std. ball ball balance | 1.0 | 3-30| %12 | 0.2 -~ | 89.95|Integrat arm, table, and base.
45 sync. 15 iy, and spg. -5.0
6
B-12H (33 {.085 |.08 | hys. |idler |12 5 |alum. [ hole sn | 18 18 165.00 | High-torque motor for cueing.
45 sync. deck 16
78 10
|
B-126 |33 [.09 | .09 hys. |dler {12 | 5 |alum,| holen [18 |17 ] 109.95
-H 45 sync. deck % | 1
78 8
B-16H (33 .08 | .08 hys. | idler | 16 [ 9 |alum.| holen | 20 [ 34 275.00
45 sync. deck 19
78 8
$-320 12 9 std. ball batl balance | 1.0 |3-30 | 5-12 | 0.2 34.95
N Tzin. and spg. -5.0
SHURE-SME I | 3009 = 9 std. knife ball rear - - = = —~ 1 100.50 | Adjustabie anti-skat:ng,
| | | Igen. edge weights viscous arm [1ft and lower.
Tam | - [ 2| s | «ote ball teat - | - - | = | = | 110.50]As above.
i Lo, | edge weights
t
SONY TTS- |33 |.05 |.05 [seyvo | belt | 12 (3 alum.|  — 14 14 | Slow speed servo-controtled
3000 145 cont. die 15 d.c. motor; constant speed can
d.c. casl | Sy be varied *5%.
T
| POA 13%, | 9%, | std, micro micro balance |1 44' |6-18 | 9 '3 85.00 | Skating force cancetied at any
237 y-in, batl bail weight 3.0 polnt on the disc, tndependent
| PuA 15 |10 | st | mico | micro | balance (1247 [618 | 8 |0 g9.50][\ateral balancer ot affected
86 | iz, | batl bat | weignt 3.0 by/stylusjiorcelused.
STANTON 800B | 33 |.15 [15 | WP dler | 12 |3 alum, rem. 15, |13 | 200 117, (87 | std.  {Uni-pivot real 0.5 |¢12 |11 0-5 |45 Interchangeable arm boards,
sync, board 127, Unipoise 1ein, weight loz.
6';
THORENS TO- 33 | 0,2 [,05 [sync.| belt | 12 | 7;| 2Zn | integral [ 18!y [15 | TP-13 |12 B) std. batl and |polished | rear 0.3 |619 | 7 0.5 |- 99,75 | Wooden base integral with unit
15048 | 45 450 alloy| inter- 123 220, [polished [sleeves | weight min, | 4.0 plate. Turntable and platter on
pm change- | 5 sleeves floating inner frame: ad). vert.
able tkg. angle.
TD- 16 | 0.1 |.05 | 4p belt 12 |7 Zn | butlt-in | 15%; (18 Speed ad). by eddy-current
n24/11 33 and altoy | wooden | 1234 brake; 1ilum. stroboscope;
45 idler and | panes 7 double turntable with clutch
78 alum, assembly; die cast unit piate.
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Good records start with Stanton.

A professional needs to know
for sure. When he listens to a test
pressing, he needs a cartridge that
will reproduce exactly what has
been cut into the grooves. No
more, no less. Otherwise he would
never be able to control the final
praduct. The record you buy in
the store.

That’s why the professionals
keep using Stanton. It tells them
the whole truth, and nothing but.

In the photograph above, studio
engineets are shown listening to

MARCH, 1967

a test pressing. This is a critical
stage in record making. The
stereo playback system they are
listening through is fronted
by a Stanton 581 EL Calibration
Standard. (The turntable also
happens to be a Stanton. Other
fine turntables will work, too.)
They're getting the whole mes-
sage. You'll get it, too, in an up-
coming release.

Each Stanton Micro FLUX-
VALVE® Calibration Standard
is custom made. That means that

Check No. 123 on Reader Service Card.

PHOWDAARAPHED AT CAPITOL RECORDS BY FRANZ EDSON

each will perform exactly as the
original laboratory prototype. We
laboriously adjust them until they
do. It also means that you will
get the same accuracy that the

professionals get. Guaranteed.
Stanton Calibration Standards
are hard to make. And the price
reﬂects it. $49.50. But
 that really isn’t much
to pay for uncompro-

. mising accuracy.

a¥ Stanton Magnetics, lnc.

STaNTOn Plainview,L.1.,N.Y.




The new Sony Solid State 350 adds professional performance to home entertainment systems

Selecting the brilliant new Sony Solid State 350 to fulfill
the stereo tape recording and playback functions of your
professional component music system will also endur-
ingly compliment your impeccable taste and passion for
music at its finest. With an instant connection to your
other stereo components, the versatile two-speed Sony
350 places at your pleasure a full array of professional
features, including: 3 heads for tape and source monitor-
ing. Vertical or horizontal operation. Belt-free, true
capstan drive. Stereo recording amplifiers and playback

pre-amps. Dual V U meters. Automatic sentinel switch.
Frequency response 50-15,000 cps == 2db. S.N. ratio
plus 50db. Flutter and wow under 0.15% . Richly hand-
some gold and black decor with luxurious walnut
grained low profile base. This remarkable instrument
is yours at the equally remarkable price of less than
$199.50. Should you want to add portability to all
this, there’s the Model 350C, mounted in handsome
dark gray and satin-chrome carrying case, at less than
$21950 For information write Superscope, [ne., Sun Valley, Calif.

SONY SUPERSBOPE The Tapeway to Stereo ®
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Portable Model 350C
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Now, from World-famous Sony, the perfect play-
mate for your record player—the new Sony model
250 solid state stereo tape recorder. With a sim-
ple, instant connection to your record player you
add the amazing versatility of four track stereo
recording and playback to complete your home
entertainment center and create your own tapes
from records, AM or FM Stereo receivers, or
live from microphones—6' hours of listening
pleasure on one tape! This beautiful instrument

Sony adds an exciting new dimension to home entertainment for less than $1495°

1s handsomely mounted in a low-profile walnut
cabinet, complete with built-in stereo recording
amplifiers and playback pre-amps, dual V.U,
meters, automatic sentinel switch and all the other
superb features you can always cxpect with a
Sony. Allrhe best from Sony forless than $149.50.
Send today for our informative booklet on Sony
PR-150, a sensational new development in mag-
netic recording tape. Write: Sony/Superscope,
Magnetic' Tape, Sun Valley, California.

For literature or name of mearest dealer write to Superscope, Inc., Dept. 17, Sun Valley, Catifornia.

SONY SUPERSGOPE The Tapeway to Stereo

* MARCH, 1967
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Program

Your
Listenillg
For Up to

Thirty Hours
C. G. McPROUD

RACTICALLY ANYONE who plays records has longed for
Psome means of playing then in specific orders which

are not readily available on any record changer on
the market. Old timers will remember the Capehart, which
played first one side of a record and then the other, then
went on to the next record and played both sides of it.
This sort of a changer was almost a necessity in the days
of the 78's, when a side was only 4 minutes at most.
And in those days, they were pressed in sequences which
permitted the listener to play a complete 12-record album
in the order intended. The current Lincoln does the same
thing.

Then there were a few others in the turnover field
which plaved both sides, but their cost was prohibitive.
Not that the Capehart was inexpensive—the mechanism
alone was something like $585—it also had the dis-
advantage of plaving with a stylus force of around 6
ounces, which is 170 grams. Imagine what that would
do to a stereo LP! It took about 25 seconds to go through
a change cycle, and if you touched the record during the
change, the monster was likely to bite a piece out of it.

The advent of the drop changer heralded a switch in
the pressing sequence of multi-record albums. In a three-
record album, for example, sides 1 and 6 are on the same
disc, 2 and 5 arc on the next one, and 3 and 4 on the
last. You stacked them on the spindle with side 1 on first.
then side 2, and then side 3. After playing the three
sides. you simply turned the whole batch over and went
through the remaining sides. All well and good, as long
as you did not still have some of the older albums with
the 1-2, 3-4, 5-6 sequences. Even with a single disc on
which a symphony occupies the two sides, you have to
turn the record over after playing one side.

With LP’s, that no longer was so important, of course.
because you could go to the kitchen every twenty minutes
for a glass of water at the changeover time.

There was one way in which you could play a complete
three-record opera—simply buy two albums and stack
them up in the right way. But a few rounds of that and
you could afford to have a small boy change them for you.
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A Solution to the Problem

Last November we were privileged to view the Seeburg
Automatic Music System, originally intended as a back-
ground-music installation for restaurants, offices, or other
places where high-quality music reproduction was de-
sired on a programmed basis. Nearly everybody asso-
ciates the name Seeburg with “juke boxes,” which. be-
cause of their earlier boomy reproduction gave rise to
the term “juke box” as a description for particularly
boomy sound. This model, however, was a revelation.
With its normal speaker systems—theatre-quality units
employing a healthy woofer and a horn tweecter with an
800-Hz crossover—the reproduction was easily equal to
what we have come to expect from a high-quality com-
ponent system in our homes. On top of the main cabinet
(which measured 3134 in. high, 40 in. long, and 264
in. deep and which weighed 277 pounds), was a small
metal box 1432 in. long, 7 in. high, and 82 in. deep.
This remote selector unit was connected to the main
cabinet by a 15-wire cable. On the box were 30 push
buttons and eight signal lights, and except for putting
This remote-selector unit was connected to the main
cabinet, no further contact with the latter was required.
Everything was controlled from this metal box.

Inside the large cabinet was a mechanism such as that
shown in Fig. 1 together with all the necessary amplifiers
and control equipment for the entire system. A complete
description of the amplifying system alone would require
about as much space as this magazine, since it consists
of (in each channel) a three-transistor pre-equalizing
amplifier, an audio control amplifier with squelch cir-
cuitry, and the five-transistor power amplifier. This
doesn’t sound so complicated, but there are several re-
finements that do mix it up a bit before the sound finally
reaches the speakers.

For example, it is possible to set up three separate
programs. each selectable by a single push button. Pro-
gram 2 plays at a certain volume, while programs | and
3 may be set to play at different levels. Suppose program
2 was for dance music in a restaurant beginning after

Fig. 1. The Seeburg Automatic Music System.

AUDIO ¢ MARCH, 1967



Try this on your changer.

o
o T et G

11/2 grams (one record ) 1 1/2 grams (stack of eight)

The arm of the AR turntable is designed for neutral balance, so that stylus force
doesn’t change as the cartridge rides up and down the surface of a warped record. The
needle doesn't alternately dig into and lose contact with the groove.

Keeping stylus force the same at different cartridge heights is even more important in
changers. The stylus force on the eighth record should be the same as on the first.

In some units it is 50% higher, but it doesn't need to be. We do not believe that
automatics are inherently inferior to manuals. [t is just that for the same quality they are
inherently more expensive. They should be judged by equally high standards,

with particular attention pard to whether they maintain constant stylus force and
constant speed as records build up on the platter.*

About 4% of recorded selections take up more than one disc; whether you use a changer
or a manual turntable the remaining 96% must be turned over by hand. A changer

has a real advantage only if a good part of your listening is to the multi-record albums,
or if you like to stack unrelated singles.

The AR turntable meets NAB standards for broadcast turntables in rumble, wow, flutter,
and speed accuracy. It has been rated as being the least sensitive to mechanical
shock of all turntables, and has been selected by professional equipment reviewers**
above all other turntables, including those costing twice as much. The price

is $78 with arm, oiled walnut base, and transparent dust cover.

*We will be glad to send you a reprint of the article "What the Consumer Should Know
about Record Players,” describing how the layman can check these characteristics in the home,
Please ask for it specifically.

**Lists of the top equipment choices of four magazines are available on request.
All four chose the AR turntable. (Three of the four, incidentally, chose AR-3 speakers.)

ACOUSTIC RESEARCH, INC., 24 THORNDIKE STREET, CAMBRIDGE, MASSACHUSETTS 02141

Check No. 130 on Reader Service Card.

AUDIO ¢ MARCH, 1967 33



dinner; program | was for the cocktail hour, and pro-
gram 3 for the dinner music. Each would require a dif-
ferent volume setting, although the over-all volume is
controllable from the push-button box. The important
thing is that the maximum level can be set on two of the
programs, and can not be exceeded, if such is the desired
condition. This facility tends to complicate the system to
a certain extent.

The Select-O-Matic Mechanism

The heart of the whole system is, of course, the mech-
anism—the Select-O-matic. This is quite an elaborate de-
vice which accommodates SO records placed in padded
slots, and which plays either side of any one of them
upon command. The handling is gentle, the pickup arm
is counterbalanced dvnamically so that when one holds
the mounting of an arm out of the mechanism in the
hand and moves it violently up, down., or sideways, it
remains in the same position. Stylus force is furnished
by a spring, and is adjustable from 132 to 2%4 grams, and
anti-skating compensation is even provided. The pickup
itself is a two-stvlus sterco cartridge, and cach time a
record is played a small brush dusts the stylus off after-
ward.

In normal use in a restaurant, for example, threc pro-
grams are set up on the machine, each in a multiple of §
records. Thus program | might have ten records, program
2 could have twenty, and program 3 the remaining twenty.
Pressing one of the program selector buttons starts the
playing of the desired program. and all the records in the
selected program will play, first one side and then the
other. After the completion of the program, it will start
over again and play the program once more. This will
continue as long as the particular program button remains
depressed. However, if a record in another program is
wanted, it is simply selected by depressing the lettered
button followed by the numbered button identitying the
desired record. If it is wanted immediately, pressing the
reject button will initiate the change. If not, the machine
will play the desired record at the finish of the one being
played in the program, or at the first silent space between
cuts, if it is a record with a number of selections separated
by pauses. Then after changing to the desired record and
playing it, the mechanism will search for another one
selected out of the program. If no others have been
selected, it will resume playing the program.

If, however, one sets up a number of records outside
of a program, and then decides to cancel them, this may
be done by pressing the cancel button. and all records
previously set up out of the program then playing will be
canceled, and onc can start over again if one wishes.

One other feature is an advantage for background music
installations. While the Select-O-Matic mechanism nor-
mally operates at 33Y3 rpm, when playing normal LP
records, it is arranged so that when records with a 2-in.
center hole are encountercd, the motor speed is halved
and the playing is at 1624 rpm. Background records are
available cut at this speed. and with the larger center
hole, so that when the spindle encounters the center of
an LP record, it is held in one position. and the turntable
rotates at 33%4 rpm. If it goes further in with its centering
cone, it actuates contacts which change the motor speed
to provide the required 1624 rpm.

The play motor drives the turntable through a belt onto
a heavy flywheel, and the motor itself actually turns at
72 rpm. being a multi-pole synchronous type. For the
lower speed, it turns at 36 rpm. The motor is reversible,
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since the direction of rotation of the record must be re-
versed when changing from one side to the other.

A second motor. also reversible. but of the capacitor
type. is used for the scanning operation.

Memory Systems

The selection of records to be played is not a mechani-
cal process, but instead is done by means of two sophisti-
cated memory core banks, and one, two. three. or any
number of sides up to the maximum capacity of 100 may
be preselected.

Since euch playing of a record erases the magnetic
polarity of the core which had previously been impressed
with a signal, the second memory system is used to reset
the programmed groups at the completion of plaving of
the program set up. As the last record side of a given
program is played, the second memory svstem rewrites
the same program into the memory core bank, and this
continues each time a program is completed.

System for home use?

Well, why not? we argued. Of course, it is a little ex-
pensive—about $2300 with the two speaker systems in-
¢luded. But for home use, we continued, why not eliminate
the amplifiers and the speaker systems, since anyone likely
to want such an elaborate record changer would probably
already have an excellent hi-fi system. So maybe that gets
us down to, say, $1000. Perhaps we could simplify the
selection electronics and the switching and reduce it still
more, we thought, eliminating the fancy housing, and per-
haps simplitying the selector box. We would hope that
the selection method could remain so that one could play
a three-record opera by pressing Cl, C3, CS, C6, C4, and
C2, for example, and then sit down and cnjoy the next
two hours of opera.

Well—we are to get our hope. Several models have been
created for the home market. and by the time this is in
readers’ hands, they will have been shown at the Washing-
ton High Fidelity Show. Of greatest interest to the serious
audio buff is the component model which contains the
Select-O-Matic mechanism with its memory system con-
trolled by a telephone dial and four pushbuttons—on, off,
reject, and cancel. The 100 sides may be selected in any
order, so that the listener can actually program his listen-
ing for some 33 hours of continuous playing. Since any
side may be selected by dialing two digits, and since they
will be plaved in the order in which they were selected,
any pressing sequence can be accommodated. The index
booklet has ten pages. cach with five pockets which hold
numbered cards on which you list the records you have
put in the slots. Thus you have a reference which enables
you to select just the side you want without having to
resort to your own memeory. The elaborate three-program
system is eliminated, reducing the over-all cost consider-
ably. Any number of remote selector stations can be con-
nected. since they are parallel-wired.

Another model, also shown in Washington, accommo-
dates the same number of records, but uses a mechanical
selection system which does not offer the flexibility of the
dial-selection component model. It is housed in a cabinet.
and equipped with an FM tuner and two loudspeaker sys-
tems as a complete packaged stereo “theater.”

Now the record listener can store his entire collection
in these models—assuming he has no more than 50
records. Of course, he could connect two, three, or more
of the component units to his system, and then store a/l his
records, playing any one of them simply by dialing. This
could well be the record listener’s Utopia—and Seeburg’s
too, if the idea catches on. &£
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Who would you put in the box?

Uncle Louie singing
“Danny Boy*’?

Build a world of your own on Scotclhi Magnetic Tape

Whatever your listening preference. .. 334 speed that you ordinarily expect only
“Scotch” Brand “Dynarange” Tape helps at 714 ips. Lets you record twice the music
you create a new world of sound. Delivers S t h per foot! The result? You use less tape .
true, clear, faithful reproduction across CU C save 259, or more in costs! Lifetime sili-
the entire sound range. Makes all music PO RISl cone lubrication protects against head
come clearer . .. cuts background noise wear, assures smooth tape travel. Ask your

. gives you fidelity you didn’t know dealer for a free ““Scotch” Brand “Dyna-
your recorder had. range” Tape demonstration.

Best of all, “Dynarange” is so sensitive
it gives you the same full fidelty at a slow | magnetic Products Division 300

AUDIO . MARCH, 1967 Check No. 132 on Reader Service Card. 35



Professional

Tone Controls

Part 2

ARTHUR C. DAVIS and DON DAVIS

Typical Equalizer and
Filter Circuits

HE BASIC EQUALIZERS AND FIlL-

TERS. and the constant-k, unbal-

anced, bridged-T circuit for them,
along with a sample response curve,
arc shown in Figs. 13 through 22.

A high-frequency rolloff is shown
in Fig. 13, and a low-trequency roll-
oft is shown in Fig: 14. These are the
types of circuit that is used in pro-
gram-equalizer attenuation settings.

Figures 15 and 16 illustrate the
circuits used to produce speciul ef-
fects or to climinate interference that
has a definite spectral frequency. The
broadness or sharpness of these curves
can be varied by a change in the L-C
ratios.

Figures 17 and 18 give the circuits
that are used to restore deliberate in-
sertion losses to “shelved” type ac-
centuation.

Figures 19 and 20 show frequency-
selective attenuation and “boost” cir-
cuits. It is this type of circuit that is
used in a typical high-frequency-boost-
or-cut portion of a program cqualizer
or graphic equalizer.

Figures 21 and 22 consist of an 18-
dB-per-octave low-pass and high-pass
filter. These are extremely useful cir-
cuits for limiting the passband of a
wide-range system to those frequencies
which the transducers involved are
capable of handling cleanly, thereby
avoiding overload from frequencies
not containing useful energy. Variable
equalizers and filters are merely series
of these basic circuits sequentially se-
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lected by means of precision switches
such as shown in Fig. 23.

Equalizers and filters of this type
require careful termination in their
rated impedance. Figure 24 diagrams
the test set-up used to record the
frequency response curves that follow.
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Fig. 13. Bridged-T high-frequency roli-
off equalizer and its responpse curve.
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Fig. 14. Bridged-T low-frequency roil-
off equalizer and its response curve.
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Fig. 15. Bridged-T band-pass equalizer
and response curve.
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Fig. 16. Bridged-T band-rejection filter
and response curve.
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Fig. 17. Bridged-T '‘shelving” equalizer
used to attenuate highs, boost iows,
and the resulting response curve.
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Design Laboratory Illustrated

The use of a servo-operated re-
corder-generator assembly atlows auto-
matic recording of the amplitude-fre-
quency characteristics of equalizers
and filters. Due to the reduced time
such testing requires as compared to
conventional hand plotting (and the
reasonable cost of such test instru-
ments today), high-quality profession-
al equalizers and filters now come with
such curves recorded for each indi-
vidual unit. Figure 25 shows a lab-
oratory where equalizers and filters
are designed and measured. The out-
put of the recorder-driven test os-
cillator shown at the lower right corner
is flat within 0.5 dB over its entire
frequency range.

3
BRIDGED T
HIGH FREQ.
800ST

ATTENUATION]

FREQUENCY IN H2

Fig. 18. Bridged-T ‘“‘shelving’ equalizer
used to boost highs, attenuate lows,
and its respchse curve.
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Fig. 19. Bridged-T frequency-selective

equalizer used to eliminate or reduce

unwanted peaks in response or to
produce a desired effect.
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Fig. 20. Bridged-T frequency-selective
equalizer used to increase output at a
specific frequency.
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Commercially Available
Passive Controls

Commercially available versions of
passive equalizers and filters are avail-
able from a number of manufacturers.
They take the form of microphone
equalizers, program equalizers, graphic
equalizers, filter sets, and fixed pre-
and post-equalizers.

Microphone or Dialogue Equalizer

A microphone equalizer and its plug-
in mounting bracket are shown in Fig.
26. This is a series of passive LCR
bridged-T, constant-k networks with
input and output impedances of 600
ohms. The insertion loss at the “0” or
flat setting of the controls is 14 dB.
It provides low-frequency shelving at
100 Hz and high-frequency boost at
7 kHz. Maximum boost available at
each of these frequencies is 12 dB.
It also provides selective attenuation
in 2-dB setups up to a maximum of
16 dB at 10 kHz and 16 dB at 100
Hz, as shown in the curve of Fig. 27.

This figure shows the frequency-re-
sponse curve of it at its flat setting,
and then one run at maximum bass
boost/maximum treble roll off, and
another at maximum bass roll off/
maximum treble boost.

Program Equalizers

Figure 28 shows a more sophisti-
cated version of the microphone
equalizer which is known as a pro-
gram equalizer. The internal construc-
tion showing the mechanical means
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Fig. 21. 18-dB/octave low-pass filter
and its response curve.
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Fig. 22. 18-db/octave high-pass filter.

Fig. 23. Precision switches used for
attenuators and equalizers in profes-
sional audio systems.

EQUALIZER
OR FILYER
UNDER TEST

BEAT fSOLATION PAD

FREQUENCY 5000 6000
OSCILLATOR

7

MECHANICAL
DRIVE

TS

GRAPHIC 2 e00g
LEVEL
RECOROER

600u
TERMINATION

Fig. 24. Block diagram of measurement
method employed to record response
curves automatically.

of selecting the large number of net-
work-circuit combinations represented
illustrates why most of those in use
are commercially manufactured units.
Equalizers like the microphone unit
previously shown are used principally
as dialogue equalizers or to correct
room problems in a sound stage or
studio. Program equalizers, on the
other hand, are designed with the
playback system in mind as well as
the recording system. In addition to
its attenuation and boost functions, in
2-dB increments, it allows a choice of
two low-frequency shelves at 100 and
40 Hz at the calibrated points and
four high-frequency-boost points—3,
5, 10, and 15 kHz. The functions
desired are selected by the two knobs
at the top of the panel.

On the low-frequency shelving
switch are two “off” positions that
bypass the entire equalizer and insert
a 14-dB loss pad in its place. This
allows instant aural comparison be-
tween equalized response and “flat”
response at the turn of a switch.

Amplitude Response Curves

Figure 29 displays a composite fre-
quency-response chart of the low-fre-
quency shelving at 40 Hz and high-
frequency boost at 10 kHz for dif-
ferent amounts of attenuation at each
of the steps available. Note that the
shelving control affects only the boost
portion of the equalizer’s response.
Similar curves would result from the
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Professional Tone Controls

100-Hz setting, but would simply be
moved up the frequency scale about
12 octaves. The high-frequency boost
selector was set at 10 kHz although
3-, 5-, and 15 kHz positions are also
available. Note here also that the
high-frequency boost selector affects
only the boost functions of the equal-
izer. These units are usable in any
600-ohm circuit by simply inserting
them in the transmission line at the
proper level. A wide variety of re-
sponse curves can be obtained with
this type of equalizer.

Graphic Equalizers

A graphic equalizer is shown in
Fig. 30. This equalizer allows excep-
tional control of a signal from 50
to 12,500 Hz. The unit shown con-
sists of 7 boost and 7 attenuate equal-
izers covering a range from +8 and
—8 dB. The total unit has an insertion
joss of 16 dB with all controls set at
~0” or “flat” position. Each control
operates in [-dB increments. Again,
the circuits employed are bridged-T.
constant-k. passive networks, designed
for use in 600-ohm lines. The special
eflects possible with this unit range
from an “other worldly” voice of the
ghost in Hamlet to increased “pres-
ence” on a distant microphone pick-up.
The operator’s imagination is about
the only limitation the instrument
imposes. The curves of Fig. 31 were
recorded by measuring each boost set-
ting and each attenuate setting indi-
vidually at its top and bottom posi-
tion. This enables one to see the indi-
vidual filter shapes associated with
each control. Where the filter “skirts”
cross, interaction occurs if two adja-
cent controls are used simultaneously.
This allows smooth continuous curves
to be formed.

Fig. 26. Altec 9060-A microphone
equalizer and its mounting fixture.
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Fig. 25. Co-author
Arthur Davis
measures re-
sponse of a graph-
ic equalizer. Note
automatic curve-
tracing equipment
at lower right
corner.
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Fig. 27. Limits of curves obtainable
with the microphone equalizer of
Fig. 26.
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Fig. 28. Program equalizer which will

provide the wide variety of curves

shown in Fig. 29. Any combination of
these curves may be obtained.
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Fig. 29. Composite of curves obtain-
able with equalizer of Fig. 28.

Fig. 30. Graphic Equalizer which will
permit boost or cut of 8 dB at any
of seven frequencies approximately
114, octaves apart. One, two, three, or
all of the controls may be varied to
achieve the desired effect.
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Fig. 31. Composite of 14 individual
curves, each of which was run with
a single control at its extremes. Super-
imposed, they appear as shown. If
all controls were put at -8, for ex-
ample, the resultant curve would be
practically flat at the +8 level, and
similarly would be practically flat at the
—8 level if all controls were placed
at —8.

(Concluded next month)
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1. Now.,.a remarkable demonstration. 2. This 1s the BSR McDonald 50C... 3. precision engineered in England.

 PLAYS
~ UPSIDE
- DOWN

4. So perfectly counter-balanced S. ...it will play upside down! 6. Here's proof...you see it...

7. turning over to a complete... 8. upside-down position.Still playing. 9. Featured at leading hi-fi stores.

Did you catch this amazing act
on the Johnny Carson “Tonight” Show?

This almost unbelievable demonstration of the tracking ability of the BSR
McDonald 500 automatic turntable is being telecast on the popular NBC-TV
Johnny Carson “Tonight” Show as well as the “Today” Show starring Hugh
Downs. It demonstrates the BSR precision engineered automatic turntable
doing a complete 180° turn . . . while it continues to play a record perfectly even
when it reaches the completely upside-down position! (The secret is the tone
arm that is perfectly counter-balanced horizontally and vertically!) See this
remarkable automatic turntable and see its many other unique features. Write
for free literature.

McDONALD
S00

Precision crafted in Great Britain
BSR (USA) Ltd., Biauvelt, N.Y. 10913
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Skating Foree:
Mountain or Molehill?

R. S. OAKLEY JR.

in which the author discusses the side thrust toward
the center of the record which results from modern
tone arm geometry, and ways of reducing its effect.

matically the tendency of a modern

tone arm to “skate” toward the cen-
ter of a rotating record. The demonstra-
tion requires a tone arm with an “anti-
skating” device. With the device dis-
abled, the needle is placed at the outer
edge of a rotating blank vinyl disc. Im-
mediately the tone arm moves toward
the record center. When the anti-skating
device is brought into play and the tone
arm is again placed on the grooveless
record, it stays in place.

Equally dramatic was a demonstration
first used about five years ago to show
that skating force can result in distortion
which can be eliminated by an anti-
skating device. In this demonstration the
output of a stereo cartridge was dis-

C\

LATERAL
PIVOT

IT IS POSSIBLE to demonstrate dra-

ANTI-DRAG

GROOVE TANGENT

RECORD
CENTER

DRAG
3

\

k 4

Fig. 1. A diagram of the skating-force
vector.
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played on an oscilloscope while a very-
high-level sine-wave signal on a test rec-
ord was being reproduced. With the de-
vice disabled, distortion was visible in
the right-channel display. When the de-
vice was brought into play, the distor-
tion disappeared.

A third demonstration, while perhaps
not so dramatic, brings the problem into
perspective. Here the output of a stereo
cartridge is again displayed on an oscillo-
scope (or played through loudspeakers)
while a test signal is being reproduced.
The needle force is low enough that,
although left channel information is un-
distorted, noticeable distortion exists in
the right channel. Needle force is then
increased by a small fraction and right
channel distortion disappears.

To understand exactly what these three
demonstrations prove, the nature of skat-
ing force should be examined. The fol-
lowing formula applies: SF = u N tan
¢, in which SF = skating force, » = the
coefficient of needle/groove friction, N
= vertical needle force, ¢ — the angle
between the groove tangent and the line
from the needle to the lateral tone arm
pivot. Since skating force is approxi-
mately proportional to needle force, it is
customary to express skating force in
terms of needle force.

Definition

Skating force is defined as side thrust
normal to the groove tangent. The fric-
tion of the needle in the groove produces
a drag which may be represented as a
vector away from the needle along the
groove tangent and which must be bal-
anced by an equal but opposite force.
Because in a properly designed offset
tone arm these two forces are never op-
posite in direction, a side-thrust vector
is formed. This vector. Fig. 1, is deter-
mined by a parallelogram in which drag
and tone-arm restraint (along the line
from the needle to the lateral pivot be-
cause the arm is restrained at the lateral
pivot) are two sides. Side thrust does
not coincide with the direction the arm
can move (along its arc). Anti-skating
force must be applied in this direction,
however, and must be proportional to
sin ¢ instead of tan ¢.

The element in the skating-force for-
mula for which the least data exists is u,
the coefficient of friction. It should be
noted that any given value of u applies
only under certain conditions. The rea-
son for this is that u varies not only
with record material, needle force, needle
radius, and perhaps even effective needle
mass, but also with groove modulation
(both amplitude and frequency) and
groove radius. Determining the relative
importance of these various factors to
the value of u is beyond the scope of this
paper. It can be observed, however, that
exact correlation between x on either a
blank record or a sine-wave test band
and u under actual playing conditions is
strictly coincidental.

The other element in the skating force
formula is ¢, the angle between the
groove tangent and the tone arm axis.

Most modern tone arms are between
8 and 9 in. from pivot to needle tip.
Since normal design procedure calls for
minimizing distortion due to lateral
tracking error over the entire record sur-
face, overhang distance (the distance the
needle sweeps past the record center)
and offset angle (the angle between the
cartridge axis and the line from the
needle to the lateral pivot) will be de-
termined from known formulas. Maxi-
mum ¢ will be at the outside record
radius, but minimum ¢ will not be at
the inside record radius. Rather, it will
be at an intermediate radius—increasing
from that point to the inner radius, as
seen in Fig. 2. It cun be seen, then, that
even if the coefficient of friction were
constant, skating force would neither be
constant nor would it vary in a linear
fashion. This complicates the design of
anti-skating devices.

TRACKING 9
ERROR

+1 9" TONE ARM e
0 / 24
-1° _/ 23

2 375" GROOVE RADIUS |5 75

Fig. 2. The angle versus groove radius.

There are at least four means of pro-
viding an anti-skating force. One is to
wind a spring around the tonearm spin-
dle or lateral pivot axis which tends to
rotate the arm toward the outside. A
second is to suspend a small weight from
a thread which makes a right turn
before it attaches to one side of the
tone arm. A third method is to tilt the
vertical pivot axis so that when vertical
needle force is applied (by a spring in
this particular case) it is applied with a
slight outward thrust. All three of these
basically simple ways of supplying anti-
skating force suffer from inherent in-
ability to vary the force with tan ¢. A
fourth method uses a pin attached to the
tone arm spindle which rotates against
a lever that carries a small weight. This
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Some plain talk from Kodak about tape:

EKodal

iy
TRADEMARK

Uniform magnetic sensitivity
(or the lack thereof)

Uniformity for a tape is like kissing
babiesforapolitician.Withoutit,you're
hardly in the running. We take uni-
formity in all of tape’s characteristics
very seriously at Kodak. Maybe it's all
those years of putting silver emulsions
on film that's made us so dedicated
to the idea. Uniformity in terms of
magnetic sensitivity is one of the most
important measures of a tape's per-
formance. Non-uniformity can result
in all sorts of bad things like level
shifts, instamaneous dropouts, peri-
odic non-uniformity, output variations,
distortion, and variations from strip to
strip.

Testing for all these possible flaws
on a tape is a simple procedure in the
lab. Standard industry practice is to
record a long wavelength signal (37.5
mil) at a constant input level. The sig-
nal from the playback amplifier is then
filtered and the output at particular
critical wavelengths is permanently
charted by a high-speed pen recorder
which registers variations on a chart.
Instantaneous dropouts caused by for-
eign matter on the tape surface, for
example, would look like this:
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The long and the short of it
The low frequency procedure gives a
good picture of variations in oxide
thickness. We take it one step further

.. also test for short wavelength—1.0
mil. This helps evaluate surface
smoothness and tape-to-head contact.
Taken together, they aid in evaluating
the level of lubrication, slitting, and
oxide binder characteristics. The
smoother the lines, the more uniform
the magnetic sensitivity. Guess which
graph below is Kobak Sound Record-
ing Tape (the other two graphs rep-
resent quite reputable brands of other
manufacture):

What looks good sounds good
Congratulations if you picked brand A,
Kodak tape. It is notably more uniform

..doesn’tvary more than¥ db within

the reel . . . no more than ¥ db from

reel to reel.

Check No. 127 on Reader Service Card

You benefit as follows:

1. Within-reel uniformity.

(a) Less instantaneous and short term
amplitude modulation of the signal,
which results in a cleaner signal on
playback.

(b) Reduced drift gives less variation
in frequency response.

(c) Better uniformity across the strip
width (no lengthwise coating lines) re-
sults in a more nearly balanced output
for stereo recordings.

2. Reel-to-reel uniformity.

(a) Better coating uniformity gives a
more uniform low-frequency sensitiv-
ity. This allows splicing of sections of
tape from one reel with tape from
other reels without obvious signal level
changes.

(b) Better coating uniformity also re-
sults in @ minimum change in opti-
mum bias which allows the profes-
sional to establish an operating bias
nearer the optimum bias.

KoDAK Sound Recording Tapes are
available at most camera, department,
and electronic stores. New 24-page
comprehensive “Plain Talk” booklet
covers all the important aspects of
tape performance, and is free on re-
quest. Write: Department 940, East-
man Kodak Company, Rochester, N.Y.
14650.

T A

m 1250 #. an 15 i) DURDL Base
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method i1s the most promising in that it
might be possible to shape the bar to
vary anti-skating force with tan ¢. Obvi-
ously no method can compensate for
changing values of ux. All four methods
offer complication of proper initial ad-
justment of the tone arm-——their success
in reducing skating force depends heav-
ily on proper adjustment. and improper
offer complication of proper initial ad-
adjustment may even aggravate the prob-
lem.

A digression on the role of ettective
arm mass—inertia—is now in order. All
of the above has assumed (quite without
good reason) that the tone arm is rela-
tively undisturbed by such influences as
dust in the grooves, record warp, record
eccentricity. external shock. and so on.
In fact, the proper relation between the
needle and the groove is constantly be-
ing upset by such influences—making
simple analysis of the need for anti-
skating force quite impossible. Although
tone-arm inertia does not enter into the
formula for skating force, it has been
shown that a tone arm with high inertia
will be more easily disturbed than one
with low inertia. Simply stated. it is use-
less to reduce skating torce unfess arm
inertia has been reduced to a satisfac-
torily low figure. Unfortunately, most
modern arms have excessively high iner-
tia.

The most serious etfect of skating
force is that it results in unequal loading
of the two groove walls, as shown in
Fig. 3. Examination of the vector dia-
gram shows that skating force tends to
reduce loading on the outside groove
wall. Insufficient vertical needle force
can result in intermittent loss of con-
tact between the needle and the outside
groove waull which is heard as distortion
of sine-wave test signals or as noise ac-
companying loud music passages. But
simply increasing vertical needle force
(by about 15 per cent above the value
which would be required if the two
groove walls were equally loaded) will
eliminate this distortion.

Less serious is the possibility of wear
on the inner groove wall. Loading on
the inner groove wall is increased by the
same amount as it is decreased at the
outer groove wall. This might be a dis-
advantage it increased loading of the
groove necessarily resulted in  propor-
tionate record or needle wear. There is

|

Fig. 5. An AR turn-
table with an anti-
skating device
built-on consisting
of a bent paper
clip held in place
with tape. A small

piece of thread
and a plastic gram
weight complete

the assembly.
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Fig. 3. The uneven groove-wall loading
caused by skating force.

evidence and experience to suggest, how-
ever, that at low needle forces the rec-
ord malerial is elastic enough that per-
manent deformation does not occur.

Most remote of all is the possibility
that inward force on the tonearm will
cause the needle (which is usually at-
tached to a lever) to be pushed outward.
This could cause lateral tracking error
not accounted for in the original tone
arm design, it could cause the needle
lever to be forced into a region of non-
linear operation. or it could cause the
stvlus assembly to acquire a “set” over
a long period of time. Since vertical nee-
dle force is about 6 times as great as
skating force, and since vertical and lat-
eral compliunce should be identical. simi-
lar effects would occur first in the ver-
tical angle of the needle lever.

The foregoing would appear to sug-
gest the anti-shating devices are only
partially solving a problem that is rela-
tively insignificant to begin with, and at
the same time perhaps creating very real
problems of tone arm adjustment. The
most elegunt solution to the “skating”
problem would be significant reduction
of u, the coeflicient of friction, through
improved record material.  Until that
solution is forthcoming. tone arm design-
ers might well focus their attention on
reducing inertia, providing neutral arm
balance, reducing sensitivity to external
vibration. and providing a means of ad-
justing overhang distance to achieve the
lowest possible distortion from lateral
tracking error. At the same time, con-
sumers should use care in properly set-
ting needle force with a good test record
—this being the only reliable way to
do so. &£

Fig. 4. In this illustration an arm with
variable skating compensation has been
used to show the possibie right-channel!
distortion caused by the action of skat-
ing force. In (A) the right-channel out-
put is shown at 1.5 grams stylus force
and using no anti-skating compensa-
tion. At (B) the same tracking force and
channel are shown with proper skat-
ing compensation set. (C) illustrates
the same right channel without com-
pensation but at a tracking force of 1.7
grams. The left channel never showed
the effect of skating force. The signal
used is the +415-dB, 300-Hz band of
the CBS STR-111 test disc.

APPENDIX

For a detailed analysis of “skating
force™ the reader is referred to a techni-
cal paper entitled “New Approach to
Tone Arm Design” presented by Mr.
George Alexandrovich (Fairchild Re-
cording Equipment Corp.) to the 1960
Convention of the A.E.S.

Also extremely informative is an arti-
cle entitled “The Rational Desigrn of
Phonograph Pickups” by Professor F. V.
Hunt of Huarvard, published in the Octo-
ber, 1962, Journal of the A.E.S.

It should be observed that record ma-
terials have apparently improved over the
last half decade. Data presented by Alex-
androvich suggested a range of values for
w of from 0.4 to 0.7. Hunt suggested a
range of from 0.25 10 0.5, and new ex-
periments suggest a range of 0.2 to 0.35
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AT()f you one Qf the ewcept@()lls? For the most astonishing set of specifications
you've ever read, write "Exceptions,” Marantz, Inc.,, 37-04 57th St., Woodside, New York 11377,

Department A-17. ranaar-amnilaw

A SUBSIDIARY OF SUPERSCOPE, INC.

The Marantz components illustrated, top to bottom: SLT-12 Straight-Line Tracking Playback System * Model 15 solid-state
120-watt Stereo Power Amplifier «+ Model 7T solid-state Stereo Pre-amplifier Console « Model 108 Stereo FM Tuner

Check No. 133 on Reader Service Card.
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Audio Measurements Course

NORMAN H. CROWHURST

DISTORTION DUE Tu
GRID CURRENT HERE

: :

[¢2]

DISTORTION DUE TO PLATE
CURRENT CUT-OFF HERE

Fig. 14-1. Deductions from stage-by-stage waveform measurement. At (A) the

distortion first shown between the 2nd and 3rd stages is due to grid-current loading

by the 3rd stage. At (B) a quite similar (but not identical) effect is due to curvature
(approaching cut-off) in the 2nd stage.

Fig. 14-2. Some of
the peculiarities
that may show up

in measurements
associated with
l split-load phase in-
Z
\/J verters (here
shown with tube).
In each of the pairs

of waveforms, cen-
ter and right, the

I ‘Z" represents the
/\ lccation of the

/\ measuring instru-
\/ \/ ment (voltmeter,
scope, or both),

while the wave-

CORRECT Z ACROSS Z ACROSS forms are those
WAVE FORMS 'LOWER" PART 'UPPER' PART 5t poth places
while the instru-
ment is so con-

nected.
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Part 14

LL THE MEASUREMENTS dis-
cussed in earlier installments
concern complete units of

equipment: we have not discussed the
making of measurements where you
have to get “inside” an item of equip-
ment, for cither service or develop-
ment purposes. Yet both of these uses
arc important in audio work.

Measurements on the old-fashioned
tube amplifiers were relatively simple,
although some erroneous conclusions
could be drawn even there from in-
correct interpretations of the voltage
indications observed, using either a
voltmeter or a scope. But the tran-
sistor circuits multiply the possibility
for such misinterpretation, which is
one reason why transistors took so
long to find extensive application in
audio work.

Voltage Readings, Tubes and FET's

We shall regard tubes and FET's
(Field EtTect Transistors) as essen-
tially similar, because for measure-
ment purposes they have both the
same kind of characteristics. Both are
essentially voltage amplifiiers, or de-
vices in which the controlling input
signal is a voltage rather than a cur-
rent.

The kind of mistakes sometimes
made are obvious—once you have
either made them and found your own

bumMmy
EQUIVALENT
OF METER

METER TO
GET
INDICATION

Fig. 14-3. If duplicate identical instru-
mentation cannot load both outputs
of the split-load inverter identically,
use a dummy, so the loading is iden-
tical while each measurement is made.
Only one measurement (across emitter
half of load) is shown here. Reverse
places to measure other half.
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mistake, or else had them carefully
explained to you. Two examples will
illustrate. The first relates to finding
out where distortion occurs in a multi-
stage amplifier (Fig. 14-1). Checking
waveform at various points through
an amplifier shows that flattening first
occurs at a certain point.

The logical-—obvious, but often er-
roneous—dednction is that the distor-
tion occurs ia the stage between the
latest point vwhere no distortion is in-

dicated and the one where it first ap-
pears. Quite often it is not in this
stage at all, but the one following it is
the cause. In tube circuits, grid-cur-
rent loading will flatten the output of
the previous stage, although without
this loading it would show no distor-
tion at all at this point.

On the other hand, if the distortion
is due to cut-off. rather than satura-
tion (grid saturation), the reverse sit-
uation applies: the distortion will show

SUPPLY
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% L
N L1
v a - —
e o ——
(053 AUDIO & " \!
N —1 W
b g \ P\‘\\\G 0
5 OUTPUT & \ opE® 51AS
o = T TURRENT
.;H b s il 0
= S
o
2 S ™

SUPPLY VOLTS =

Fig. 14-4. Checking a single transistor stage,
the audio performance will verify prediction
from the load-line construction quite closely.

Fig. 14-5. Now
couple tie foilow-
ing stag¢, and the
conditior changes,
as partially ex-
plained by a new
load line.
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Fig. 14-6. Use a linear resistance of ap-

proximetely the same average value

of the lollowing-stage base resistance,

to predict effect of loading on the
first-stage output.

Fig. 14.7. A simple way to make the
subst 'tution in the following stage.

.

, /

>
LOW VALUE
RESISTOR EQUIVALENT
TO BASE INPUT
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following the stage running into cut-
off, not before it [(B) in Fig. 14-1].

The other frequent cause of error
in simple amplifier measurements con-
cerns phase-inverter balance (Fig.
14-2). Voltmeters and scopes used
nowadays have high input impedances,
that do not appreciably load the cir-
cuits to which they are connected. But
they may have a capacitive input, if
only due to the shielded input lead,
that produces an effect that is not
quite negligible.

Several things can happen. First
the loading caused at high frequencies
may destroy balance at those frequen-
cies, although such loss of balance
does not occur until the external load
(due to the measuring device) is con-
nected. This may have a greater ef-
fect on one half of the push-pull than
the other, due to asymmetrical in-
ternal impedance, and thus cause an
indicated lack of balance that does not.
actually happen until the voltmeter or
scope is connected.

Also the instrument loading may
unbalance the circuit to a point where
the “other half” of the load reaches
saturation and reflects a change of
waveform into the measured half that
does not otherwise occur. The best
way to guard against these misleading
indications is either to use identical
instrumentation to measure both sides
of the inverter output simultaneously,
or to make up a stmulated input cir-
cuit, so each can be measured with
the “other side” similarly loaded (Fig.
14-3).

Current Amplification, Transistors

Those things, and more like them,
are “old hat” to most readers. Now
we turn to the problems that only
begin to show when we start using
circuits primarily built around current
amplification, with transistors. If you
just dive in and start making wave-
form and voltage measurements, the
results may be very puzzling at first.
To make the picture clearer, we'll as-
sume you are starting from scratch,
because it’s easier to understand that
way. >

Suppose you are checking out a
simple amplification stage (Fig. 14-4).
Bias is chosen to ensure maximum
available swing in each direction, so
the collector voltage is approximately
half the supply voltage, and an input
resistance may be used to simulate the
driving impedance of a preceding
stage. The previous stage, we'll pre-
sume, behaves according to prediction
—it probably will.

Now we couple the next stage (Fig.
14-5). Three things may now happen:
first, the voltage swing disappears, be-
cause the following stage loads the
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collector circuit right down; second,
what voltage is left is quite distorted,
mainly because the input resistance of
the following stage is quite non-linear
(even when its amplification is linear);
and third, it may be found that the
first stage is running into overload at
an input level considerably lower than
it could handle successfully before the
second stage was coupled.

To check, approximately, the true
performance of the first stage when
loaded by the second, either the cur-
rent delivered to the sccond stage must
be measured, which is never as easy
to do as measuring voltage and its
waveform; or the voltage can be meas-
ured across a linear resistance of ap-
proximately the same value as the
average input resistunce of the follow-
ing stage (Fig. 14-6).

It plug-in transistors are used, in-
serting of such a substitute resistor
value for measurement can readily be
achieved by removing the transistor
and pushing a pair of wires (of the
same gauge) cut from new transistors,
into the base und emitter sockets. To
these wires an appropriate low-value
resistor is soldered, across which the
waveform can be measured (Fig.
14-7).

This measurement will separate the
three effects for ready analysis. Both
voltage swing and current swing can
now be determined at this point. Volt-
age swing is measured directly, but
means little, because the linear resist-
ance across which it is measured is in
reality a substitute for a non-lincar
resistance which will change both the
value and magnitude of the voltage
waveform. But the waveform across
the substitute resistor will be reliable
indication of current waveform, and
its magnitude can be calculated from
the resistance value used.

If the loading down by this low in-
put resistance representing the follow-
ing stage asymmetrically increases cur-
rent swing of the stage heing meas-
ured (Fig. 14-5), this will allow ex-
cessive level and/or distorted wave-
form to occur at this point, which can
be observed across this substitute re-
sistor. Where this occurs, the original
current swing (without the loading)
can be restored by changing the col-
lector resistor R so collector voltage is
much lower, but the same current
swing is available (Fig. 14-8).

Usually the collector resistor needs
to be almost double, but the bias re-
mains almost the same (in current),
However, an improved way of obtain-
ing it is to employ volrage feedback,
which controls voltage of the operat-
ing point without causing appreciable
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current feedback (Fig. 14-9). The
bias resistor will need to have about
1/10th the value needed for the con-
dition of Fig. 14-4.

Putting Stages Together

Operating individual stages under
independently simulated conditions,
both for source and load resistance,
can take a big step toward securing
correct operating conditions through-
out a multistage amplifier. But things
can still happen when stages are con-
nected together that do not show up
when the stages are checked sepa-
rately. This may not seriously invali-
date the over-all projected perform-
ance, but is far more likely to do so
where feedback parameters are in-
volved.

Individual stages can be checked
for current gain, available swing, and
the cut-off points of coupling net-
works by this substituted-load process.
Tolerably linear values, such as col-
lector-circuit resistances, are arranged
to swamp the effects of non-linear re-
sistances, such as base inputs. If nec-
essary. emitter resistors can to some
extent linearize effective base input re-
sistance (Fig. 14-10) by adding an ap-
proximately linear value found by
multiplying their actual value by the
working current gain of the transistor.

So far, so good, but now, when you
put the whole thing together, the total
response is nor the sum of its parts.
Maybe the mid-band current gain adds
up nicely, but the frequency turnovers
on which the feedback stability or
over-all effect is based don’t add up
so nicely.

This is because transistors reflect
impedance both ways, as well as con-
tributing current and voltage gain. For
the emitter-follower  (common-col-
lector) stage, this reflection is fairly
simple and predictable: impedances,
including resistance and capacitance
(or inductance, if present) effects are
multiplied or divided by the operating
current gain of the stage (fig. 14-11).
This can be checked by impedance
measurement, each way Fig. 14-12).

There are limits to which this re-
flection eflect follows with any accu-
racy, even in an emitter follower,
which coincide reasonably well with
the limits at which its current gain
begins to change. This too is fairly
predictable and verifiable by measure-
ment.

But most amplifier stages use the
common-emitter configuration, which
alters the picture. In this mode, the
input resistance is lowest when the
output load is highest (voltage swing
highest) so as to approximate con-
stant-current output (voltage rather

than current output). When the out-
put is loaded down so output voltage
no longer swings. but there is a maxi-
mum output current swing, the re-
flected input impedance is much
higher.

This means that output load reflects
into the input circuit as an inversion:
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Fig. 14-8. Changing the collector cou-

pling resistor to get back to the proper

conditions, when the following stage is

coupled. Dashed lines show the con-

dition of Fig. 14-5 repeated for com-

parison with the revised condition, in
solid lines.

BIAS RESISTOR
ABOUT 10% OF
ORIGINAL VALUE

SuUPPLY

REVISED R

>

¥ LNdN! 3LNLILSENS

Fig. 14-9. A better way of deriving bias,
(one that provides voltage feedback),
to stabilize the working position shown
in Fig. 14-8, without producing ap-
preciable current feedback, in the out-
put-loaded-down condition.

_{ '
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EMITTER

RESISTORS

Fig. 14-10. Including emitter resistors

to stabilize, or linearize, the base-input

resistance reflected to the previous
stages.
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D—1 9EI200 is a cardioid micro-

phone for high quality recording and sound repro-
duction, and provided with bass roll-off switch for
exceptionally clear speech intelligibility and excel-
lent output for above average “reach.” It features
effective front-to-back discrimination and a non-
metallic diaphragm—preventing popping and
harshness on close-ups.

TECHNICAL DATA

Frequency range
Frequency response
Sensitivity
Impedance
Dimensions

40-16,000 cps.

+3db

—53db

200 = 20%

7'%" long by 144" diameter

Weight 7 ounces

\

Y,

Here are two economical microphones for a variety
of recording, broadcast and public address appli-
cations. An accessory W-24 Windscreen is available
for the D-19E/ 200; also fits the D-24E microphone.

Truly noise canceling, the D-58E microphone is the
ideal choice for sportscasts, industrial uses or any
similar noisy environment,

Send today for data sheets and prices.

D = 5 8 E is @ noise-cancelling microphone

limited to the speech range and offers crisp, clear
speech reproduction, for maximum intelligibility. It
effectively discriminates against any sound origi-
nating beyond 5” from the microphone.

TECHNICAL DATA

Frequency range  70-12,000 cps.
Sensitivity — 58db
Impedance 200 or 60 ohm * 15%
Dimensions  1%” long by 1'%,” diameter
Weight 1.1 ounces
Goose neck 8" or 20” length (optional)

/

MARCH. 1967

MADE IN AUSTRIA BY AKG GMBH.

/Vore/co®

PROFESSIONAL
SOUND PRODUCTS

NORTH AMERICAN PHILIPS COMPANY, INC.
Protessionat Products Division, 100 East 42ng St.. New,York. N.Y. 10017

Check N5, 125 on Reader Service Card.
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“NRESISTANCE HERE DIVIDED BY CURRENT GAIN AT

EMITTE

THIS RESISTANCE MULTIPLIED
BY CURRENT GAIN AT BASE
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]

Fig. 14-11.

In an emitter follower, resistances

and impedances are reflected both ways, multi-
plied or divided by the working current gain of
the stage, with considerable faithfulness.

RESISTANCE
METER
(AC)
Y
Fig. 14-12.

]

R RESISTANCE
R METER
(AC)
(R}

A method of checking the results

predicted in Fig. 14-11 by actual measurement.
The resistance meter should measure a.c. re-
sistance and in (B) provide a current path. In

each case,

the resistance meter will measure

the reflected value change when the real value

-~

g

48

R is changed.

OUTPUT
LOAD Z

RESPONSE 2

—— RESPONSE 1

Fig. 14-13. Equivalent circuit reflection

with common-emitter stage. The inset

schematics represent the equivalents

for the circuit in that ‘‘side’” of the

stage. The elements in the dashed lines

are those representing reflected values
from the other side.

RESPONSE 3—1

|

5

Cl

-

c2

i
Cc3

ADD TOGETHER RESPONSES 1,2, AND 3.

Fig. 14-14. For

reasonable prediction,

SUBTRACT RESPONSE DUE TO C2,C3.

each stage

should be measured with both coupling elements

included (responses 1, 2, and 3). When adding the

results together, the duplication must be eliminated
by suptracting the effects of C; and Ca.

high value reflects as a low value, and
inductance looks like capacitance, and
vice versa. A series capacitor (coup-
ling) reflects an impedance component
similar to shunt inductance, and so on.
The same thing happens in the reverse
direction, to reflected collector imped-
ances, due to actual base-circuit ele-
ments.

The equivalent circuit makes it look
as if resonance, in either base or col-
lector circuit, if not both, inevitable
(Fig. 14-13). But the relative values
preclude actual resonance effects. The
reflected elements (in this case induc-
tive, due to actual capacitance) are in-
variably of changing magnitude equiv-
alent to an inductive reactance that
does not represent a simple inductace
value) and always of an order well re-
moved from resonance, so they merely
effect a progressively changing effec-
tive value for the actual circuit capa-
citances.

If prediction is attempted in any
terms at all, it should be on the basis
of magnitude and phase response,
rather than on equivalent circuit val-
ues, which are continuously changing
with frequency. A careful series of
measurements on a stage-by-stage
basis can help “put the circuit to-
gether” but the prediction is limited,
because stages can only be measured
integrally: each with both of its equiv-
alent coupling elements; when the
whole circuit is “put together,” each
coupling element is present in relation
to both the stage preceding it and the
one following it.

If, from the measured stage-by-
stage responses, added together, the
theoretical effects of the individual
coupling networks, which are thus in-
cluded twice each (except the first and
last) as part of the preliminary meas-
urements, are subtracted from the
whole, an approximation close to the
true over-all effect will be predicted,
on which over-all feedback parameters
can be later figured (Fig. 14-14).

Even then, the over-all effect may
differ from prediction, as more feed-
back is applied, because the relative
input and output levels are changed
at the couplings to those stages, so
the response contributed in the pres-
ence of feedback differs from that con-
tributed by the same elements in the
absence of feedback, or with less of it.

This whole procedure, to be effec-
tive, requires close working between
measurement and calculation at every
stage, to approach a practical operat-
ing circuit design. In the next install-
ment we shall pursue this further, by
detailing some practical feedback “cut-
ting and fitting.” E
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“CONSTELLATIONS™ by Miro.

An original lithograph, 30/150, hand signed by the artist. From the collection of James B. Lansing Sound. Ine.

7]

Art as the
dimension of _ . .
. ; . color and shapes bending, flowing,
1ma‘g1na‘tlon g entwining, melting into one another as

strands of music. Non-objective expression, assigning to each shape its own weight

Unlimited freedom of form; blendings of

and rhythm; chimerical composition expressed with analytical precision.

Art is the dimension of imagination.

It is the unfettered imaginacion of the engineers and craftsmen at James B. Lansing
Sound, Inc., that has led to the development of audio engineering techniques

that are now standard in the industry. Through constant creative rescarch and

invention, JBL loudspeakers and other component v -
L l I

parts deliver sound with analytical precision,
Experience total sound ... from JBL

in the full, vibrant dimensions of reality.

JBL 3249 Casitas Avenue, Los Angeles, California 90039
Check No. 1371 on Reader Service Card.
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H. H. SCOTT S-11
SPEAKER SYSTEMS

Scott has been in the business of
manufacturing speaker systems for some
time now. Qur previous investigations
have shown that they have been highly
competitive in their respective price cate-
gories. This newest sample is intended
as the top-of-the-line model.

The S-11 is a three-way system em-
ploying three separate drivers. It is con-
tained in a walnut enclosure that meas-
ures 142 by 24 in. with a depth of
11V in. This is the large end of what
has come to be called “bookshelf sized.”
The cabinet is attractively finished on
all four sides so it may be used either
in an upright or reclining position. At
the rear are the knurled-nut connectors
and a three-position treble-tilt switch.

The woofer is 12 in. in diameter, 1Is
highly compliant, with a long voice-coil
throw. This combination is best handled
with acoustic suspension and that is
what Scott has done.

Two smaller cone speakers disperse
mid-range and high frequencies. The
driver configuration when the unit is
standing tall places the woofer on bot-
tom, the tweeter in the middle. and the
mid-range unit toward the top. Even
though the woofer and mid-range are
thus placed far apart, we were unable
to detect any tendency for sounds such
as voice to separate into parts. In fact,
we were pleased by the excellent blend-
ing.

When we first played music with the
S-11's we were strongly impressed by
the clarity of reproduction. This favor-
able mark only increased as listening
time wore on. These Scotts are as clear
a musical sound as we would want.

The testing of speakers remains a high-
ly subjective business. While we can
(and do) check frequency response,
transient response, and harmonic distor-
tion we find only partial correlation be-
tween what our calibrated microphone

(a special Syncron S-10) hears and
what musical listening tests reveal.
Frequency sweeps were unusually

smooth over the entire range of the sys-
tem. It is flat from mid-range *S dB
to 48 Hz with usable response extend-
ing easily to 36 Hz. At the upper end
our *+5-dB tolerance gave us response
beyond 20 kHz where our microphone
calibration ends. Significant rolloff ap-
pears to begin above 22 kHz. All of
this is well beyond what our ears know.

Transient response is quite sharp with
little hangover. Harmonic generation is
extremely low down to 100 Hz rising
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Equipment
Profile

only to moderate levels an octave lower.

This gives some clue to the pleasure
we experience in listening to the S-11
systems. But only a small clue. We've
mentioned the clarity, there is also the
over-all balance. There is perhaps a
slight tilt in favor of the middle highs
(something that is also partly character-
istic of our listening room) but it was
not at all objectionable. Quite the con-
trary, it imparted a degree of forward
“up-close” projection that was “right.”

At our first listening, the bass c¢nd
seemed rather unpretentious. It took a
bit of listening to reveal that it is all
there: it's just not out of proportion to
the rest of the balunce. You won't hear
bass you are not supposed to hear.

Perhaps we could have wished for
greater control of highs than the three-
position switch allows. At 10 kHz there
is about 3 dB of boost or cut if the
switch is moved from its normal posi-
tion. In most rooms this is really enough
to compensate for over- or under-fur-
nishing. But an extreme case could be
beyond the adjustability of the system
leaving a somewhat bright or dull sound
remaining. Since the S-11 is leaning
toward the bright side itself wc¢ suspect
that the only real difficulties would ensue
from wuse in a tiled-floor and wood-
panelled room that was also rugless and
sparsely furnished. Since that is a pretty
tough environment for any speaker we
cannot criticize Scott too greatly.

The S-11 1s $149.95. Twice that will
deliver a stereo pair that will do justice
to the finest sound source. We would like
to think that we are quite fussy about
the kind of sound we want. Certainly
these Scotts fulfill our demands without
need of qualifications. So, if you seek
the best possible sound and also a com-
pact speaker system, then the Scott S-11
is likely indeed to fill the bill.

Check 1

Addition

Too late to do anything about it
we discovered that the last line of
the Profile on the Shure V-15 Il was
left out. The Shure is a lovely cart-
ridce and what was intended was
“Thar says a lot and it savs all that
needs to be said” Ed.

DEPARTMENT OF (FURTHER)
AMPLIFICATION

In January we published an Equip-
ment Profile test report on the Mar-
untz Model 15 solid-state power amp-
lifier. Shortly after the report went to
press. we found that our IM test setup
was incorrectly calibrated. After cali-
brating and improving the distortion
of our generators we re-tested the
Marantz Model 15, which, fortunately,
we were still holding. The differences
between the second evaluation and
the one reported in January were of
such magnitude as to warrant this
additional report.

For one thing, the schematic has
now been made available for publica-
tion. Since the Model 15 is actually
two separate amplifiers, with two sep-
urate power supplies, only one ampli-
fier of the stereo sysitem is shown.
Note that we made an error of as-
sumption in the first report. The lamps
that indicate a shorted condition of

[Marantz 15
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Fig. 1. IM distortion of the Marantz.
Note that the residual distortion of the
test set-up is shown. With 8- and 16-
ohm loads we could only drive the
amplifier out of the residual by pushing
it well beyond the rated power.

Fig. 2. Below is the power response of
the Marantz 15 amplifier. 0 dB = 65
watts across 8 ohms. The manufac-
turer rates the amplifier as a 60-watt
performer.
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THIS BOOM MICROPHONE

IGNORES EVERYTHING

...EXCEPT THE DIALOGUE

Consistency of sound track quality on an endless
variety of locations and sets can be dramatically
improved with the remarkable Shure SM5 Boom Micro-
phone. It “hears” the dialogue rather than the ever-
changing character of the surroundings.

Because its cardioid directional pattern is uniquely
uniform with frequency and symmetrica! about its axis,
the SM5 is singularly independent of the effects of en-
vironment. Even in extreme shooting situations (such
as with tight sets, low ceilings, hard walls, low micro-
phone angles, traffic or air conditioner noise and rum-
ble, and changing distance) the SM5 minimizes sound
coloration and ambient noise pickup. Equalization

changes —on the set or in transfer —are seldom, if
ever, necessary.

The highly effective attached windscreen completely
encloses the two-stage mechanical filter, so that there
are no external "rubber bands" for the wind to “strum.”
The absence of response-correcting inductors or im-
pedance transformers assures freedom from hum.

Call on the Shure SM5 to solve your most annoying
boom problems!

For additional information, write directly to Mr.
Robert Carr, Manager of Professional Products

Division, Shure Brothers, Inc., 222 Hartrey Ave.,
Evanston, lllinois.
h i ] -
> B VW B ’

UNIDIRECTIONAL DYNAMIC BOOM MICROPHONE

S

MODEL SM56 MODEL SM33
CARDIOID UNIDIRECTIONAL
DYNAMIC RIBBON

SHURE PROFESSIONAL MICROPHONES ... FOR BETTER AUDIO

MODEL SM76 y  MODEL SM50
% OMNIDIRECTIONAL OMNIDIRECTIONAL
DYNAMIC DYNAMIC

Extremely versatile in
studio, conirol room,
and remote use. Also
widely acclaimed for
rhythm recording.
Bright, clean sound.
Exceptionally uniform
cardioid pattern gives
optimum contro! of
environment.

» MARCH,

1967

Warm, smooth sound
for studio, control
room, and scoring
stage. Super-cardioid
directional pattern.
Compact, yet rugged.

ideal for interviews
and audience partici-
pation, yet unusually
smooth wide range
response (40-20 KC)
for critical music re-
production. Instantly
detachable from
stand. Steel case with
Cannon connector.

Check No. 129 on Reader Service Card.

Seif-windscreened
and pop-free for news,
sports, remotes, and
interviews. Also ideal
for many studio and
control room applica-
tions. Comfortably
balanced for hand or
stand use. Natural
response.
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the output are not part of the fast
protective circuit, though they do dis-
sipate the excess power, due to the
shorted condition (that otherwise
would have to be dissipated in the
output power transistors). An elec-
tronic circuit employing Zener diodes
and transistors in a switching con-
figuration is the fast acting safety de-
vice thut protects the output and
driver transistors.

The schematic shows the delay sys-
tem used to prevent any turn-on
thump in the speakers. A very good
feature, we think.

We could not find an instance,
again, in which the amplifier did not
exceed the manufacturer's published
specifications.

Marantz has not published specifica-
tions for IM distortion. The results
we found and published in January,
we thought superb. But we have
found as we said that the curves
published then were in error. The new
tests showed readings that were iden-
tical to the residual of our meters
up to the rated power of the amplifier
for each of the 3 impedance loads.
Note that the residual reading of our
test setup was 0.05 percent. IM at 4
ohms (the worst case) was 0.06 per-
cent at 70 watts. Below that power
level it dropped rapidly to the test
set up residual distortion. (See Fig-
ure 1) so, while we cannot call the
Model 15 a distortionless amplifier,
we can say that we are unable to
measure it.

There was an error in the illustra-
tion of power response. A corrected
version appears as Figure 2. We
did not intend to tmply that the amp-
lifier will not deliver (as the illustra-
tion showed) its full rated power
over the 20-20,000 Hz range.

Fig. 4. The com- |

pact Wharfedale

W-20 speaker
system.

This is a great amplifier; one of
the best we e¢ver tlested. It is superb-
sounding 100, and it seems to be in-
destructible. Neither short, nor open,
nor capacitive loads disturb it in
the slightest. Overload recovery, even
after a direct short, is virtually in-
stantaneous.

At a price of $395.00, the Maraniz
Model 15 is for those seeking a stereo
amplifier representative of the best
that there is. Check 2

Wharfedale W-20 Speaker System

Bigger sound seems to be getting
smaller and smaller these days. At least
that is the conclusion that can be drawn
from this tiny pair of speakers from
the venerable house of Briggs. The
Wharfdale W-20 is all of 14-in. wide,
934-in. high, (or you can turn it on
its side) and 8'2-in. deep. That is book.
shelf-sized by anybody’s standards.

Speakers are meant to be heard—so
we’ve given these W-20’s a lot of listen-
ing. We brought other knowledgahle
ears into our listening room; they were
consistently fooled into believing that
it was other (larger) speaker systems

that they were hearing. That kind of
sound can’t come out of that size box.

Lets forget about that tired phrase,
“good for the money.” That gives you
litile idea of the actual qualiry of a
product. ( After all, a twelve-inch speaker
that sells for $4.95 might be surprisingly
good value as a replacement speaker
but it could never qualify as a “hi-fi”
speaker; not as we understand “hi-fi.”)

The W-20 is good value, no doubt
about that. But more important, it is a
musicallv listenable speaker. That has
nothing to do with its cost which is all
of $49.95. Of course. simply the fact
that you can begin to consider a speaker
in that category as musical is quite
remarkable.

The sound is quite wide range, par-
ticularly in the bass. No artificial boom,
but good solid fundamental bass. The
high end 100, is well out there and in
good balance. There is a rear-panel
tweeter control (this is a two-way sys-
tem) that will tailor the top end to room
acoustics. The all-important mid-range
is perhaps a bit rough. Not harsh or
spitty—ijust lacking that silky smoothness
that we demand from the finest speaker
systems.

The Tests

Calibrated microphone tests run out-
of-doors indicate some of the reasons
for this speaker’s qualities. Bass response
goes well down to 50 Hz. Below that
it just keeps going down into silence.
The mid-range shows minor swoops and
dips from 2-6 kHz, then smooths out
again and continues out to about 14
kHz where it begins to sharply drop off.

Efficiency is low. These are speakers
that are best driven from an amplifier
capable of 18 or more watts per chan-
nel. This, we suppose, is the price that
must be paid for the extended bass re-
sponse. There is a good musical balance
here. The overall eflect, therefore, is
that there is more extended response
than actually exists. This is one reason,
we believe, for the satisfaction we feel
with these little units.

In fact, we are overjoyed with them.
They represent a genuine value in a
truly small speaker. Certainly they are
not the last word in musical realism

UNLESS CTMERWISE SPLCH D, CAMCTUAS 4 DECIMACS ANE uf
AL @

= B M0 o eersas @0 oTws. o L

Sl et P — Fide Soay 0 e but they do present a good simulation.

AL RESISTORS 4ME W OnMS, 4w EACEPT A5 NOT b1 omarsza - T t 1 i

A CENOTES COMPONENTE TaRT wat BE GUITTED Anw UNITS @ar o w Re R We can. therefore, in all good conscience
GR.  BEE A ol suggest that the Wharfedale W-20 is

= ) . . recommended for whatever use you may
Fig. 3. This schematic represents one complete half of the stereo Marantz 15. have. Check 4
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ceet the Mediterranean, the speaker
she won't have to hide to enjoy.

Here at last is cabinetry she can revel in. Rich. Striking. lts deeply grained
exterior hand-rubbed to a mellow butternut finish . . . accented with antigue hardware.
And inside . . . the finest 3-speaker system with Sonic-Control.

But let her see it, hear it for herself. It's Mediterranean — the one both of you can live with —

on demonstration now at University dealers everywhere!

SPECIFICATIONS: 12" ultra-linear woofer 8" solid-back mid-range, Desk C-73
reciprocating flare horn tweeter — 20 Hz to beyond audibkility — 50
watts IPM (Music Power) — 8 ohms — 14 and 12 sections, 6 and 12 U N Iv E R S I I Y s o U N D
db/octave electrical network — 800 and 5000 Hz crossovers — con-
tingoll;zlslyb variaq:eh Bzrillia”n(ée and Pr:es:ncseh controls, ﬁ's-pc;zzitlion A DIVISION OF LTV LING ALTEC. I§C
varia a — ia., * high—Shipping weight, . .
PR S s REIRERSSIHERATES 9500 W. Reno Oklahoma City, Oklahoma 73101

Check No. 134 on Reader Service Card.
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Tape Guide

HERMAN BURSTEIN

If you have a problem or question
on tape recording, write to Mr. Her-
man Burstein at AUDIO, 134 North
Thirteenth Street, Philadelphia, Pa.
19107. Please enclose a stamped,
self-addressed envelope. All letters
are answered.

Q. My iape recorder has a signal-to-
noise rating of 38 dB bused on “normal
maxinmtum record level” A similar ma-
chine of another make cluims a ratio of
56 dB. Can there be this much differ-
ence, or how may 1 reconcile the two
claims?

A. The answer depends on how much
distortion is produced when your ma-
chine is operating at “normal maximum
record level.” I might guess that the dis-
tortion is 1 per cent, in which case the
signal-to-noise ratio would be about 44
to 46 dB with reference to a recording
level that produces 3 per cent distortion.
I get this by adding 6 to 8 dB to the
38-dB rating. However, if “normal maxi-
mum record level” produces less or more
than 1 per cent harmonic distortion,
then the signal-to-noise ratio (referred
to 3 per cent distortion) would be re-
spectively greater or less than 44 to 46
dB.

Q. Several months ago 1 recorded
some discs on tape at 3.75 ips, quarier-
track stereo. After about seven months of
plaving, these tapes. of double-length
polvester, started giving me trouble. 1
can heuar the tracks adjacent to the ones
I am plaving. I think this is called re-
verse channel spillover. If this is due to
misaligmment of the heads, why don’t 1
have the same problem with rapes of
conventional thickness? If the trouble
is misaligninent, can 1 realign the heads
mvself?

A. If vou are experiencing “spillover”
only with thin tapes, it may be that the
extraneous sound is not the reverse
channel but is print-through of adjacent
layers of tape. The thinner the tape. the
greater the print-through. Also. print-
through increascs with storage time, so
that it may be unnoticeable immediately
after recording but quite noticeuble fater
on.

To align your heads vertically, you
can use cither an alignment tape or a
substance called Magna-See which en-
ables you to see the recorded track on
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a tape and thereby tcll whether the
track spans the proper part of the tape.
However, moving the head vertically
may impair the azimuth alignment, and
accordingly vou will also nced an azi-
muth alignment tape. I think your best
course is to huve a competent tape re-
corder service agency check the vertical
alignment.

Q. I am looking for « circuir for a
“transistor line transformer” 10 feed u
50- or 230-ohm mike ouwtput into a 0K
or 100K high impedance input. This cir-
cuit would wse a silicon planar transistor
and would have 10 be equal 10 or supe-
rior 10 the finest mike transformmers avail-
able. Enclosed is a circuit from a G.E.
Transistor Manual. 1 have constructed
mwo of these but have found that with 40
10 50 feet of mike cable the r.f. and hum
pick-up are intolerable (the circur shows
an unhalanced — two terninal — input).
Can vou suggest a high-quality, no-com-
promise circuit?

A. Circuit design is’*outside the scope
of the TaPE GUDIE column, and 1 don’t
have the temerity to try to improve on a
G.E. circuit. However, I am not sure
that the answer to your problem lies in a
better impedance conversion circuit. First,
one may question the wisdom of circum-
venting a microphone input transformer.
The transformer permits you to balance
out hum through a balanced line connec-
tion (center tap of the transformer pri-
mary is connected to ground). It is quite
possible for a high-quality transformer
1o give you as good frequency response
and as low distortion as your transistor
circuit. In other words, 1 am questioning
the idea of transistorization for it's own
sake.

Second. your manner of connecting the
microphone to the transistor circuit may
be accounting for excessive hum and r.f.
pick-up. 1 suggest that vou try all pos-
sible ways of connecting the microphone
shield cable: to onc of the hot micro-
phone leads: to the other hot Ilcad:
grounded at the transistor circuit end; not
grounded at the transistor circuit end:
and so on. Make sure that the shield is
grounded to the microphone casing.

Q. For the purpose of braking the sup-
plv and rakeup reels, is it feasible 10 stop
the motors bv changing the a.c. 10 d.c.,
instead of wusing mechanical braking? |
have heard that this is done. What tvpe
of mortors are used, and how is it done?

A. The current general practice is 1o
use mechanical braking. However, 1 un-
derstand that in the past some machines
have used electrical braking as you de-
scribe. and that a very few still do. 1
believe that a d.c. voltage {rom about 24
volts upward is momentarily applied to
the motors. If this voltage is applicd too
long, the motor will begin to smell and
may burn out. The d.c. is obtained by
rectifying the output of one of the sec-
ondary windings of the power transtorm-
er and using a dropping resistor of ap-
propriate value. 1 do not have informa-
tion on specific circuitry or motors
suitable for this method of braking. You
might look through manuals of tape re-
corder schematics until you come across
a machine that uses d.c. braking.

Q. Recently I received a Wollensak
half-track stereo tape recorder. | would
like, however, 1o take advantage of the
many quarter-track tupes on the market.
Specificallv. my questions are:

1. Nortronics makes. a half-track 1o
quarter-track replacement kit for my
machine. Could 1 bypass the elec-
tronics in my machine and use the
tape-head inputs of iny audio ampli-
fier? This would permit me 1o use
the speakers of my audio svstem in-
stead of the tape machine's speaker.

2 Are there anv small recording am-
plifiers that 1 can use to record
stereo? My machine cannot pres-
ently record siereo.

A. 1f your external amplifier has in-
puts specifically intended for tape play-
back heads, you should be able to make
a direct connection from vour quarter-
track stereo head directly to the ampli-
fier without undue difficulty. Use as short
a shielded cable as feasible, route it
carefully away from sources of hum
such as motors and transtormers, and
make surc the cable has relatively low
capacitance (about 25 to 30 uF per foot).

For recording purposes, today there
are relatively few makes of tape clec-
tronics that vou cuan purchase scparately.
Consult Nortronics us to what they muke.
They do have circuit information shects.
Also check the catalogs of mail order
houses such as Allied Radio and Lata-
yette. 1 doubt that you will find elec-
tronics purely for recording, the clec-
tronics will probably have provision for
both recording and plavback. It will be
necessary for you to muake appropriate
adjustments in this electronics, using the
controls provided. for bias current, for
recording current, for erase current, and
for record-level indication. While the
manutacturer of the tape electronics will
of course supply instructions for making
these adjustments, it is often necessary Lo
have instruments in order to achieve op-
timum performance.

Q. I have 1wo rape recorders. When u
tape recorded on one machine is plaved
on the other, the resulting sound is fuzzy
(distorted), and there is a definite loss of
highs. Tape sounds fine when plaved on
the same machine used for recording. |
assume this is due to different azimuth
positions  of each machine’'s plavback
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head. | have a VIVM, ’scope, and audio
generator. So | can make a test 1ape on
one of the machines, which has sepurate
record and playback heads, and adjust
the plavback head on that machine and
on the second machine for maximum out-
put. What frequency shall I use on the
test tape? With this procedure, every-
thing is adjusted 10 the record head on
one of my machines. How can | be sure
this is OK, since commercial tapes will
be played?

A. The proper procedure is to use a
commercial test tape having an azimuth
alignment tone in the range of 10,000 to
15,000 Hz. 15,000 Hz is preferable. In
the case of your three-head machine,
align the playback head for maximum
output when playing the test tape. Then
simultaneously record and play a 15,000-
Hz tone, and adjust the record head for
maximum output in playback. In the
case of your two-head machine, simply
adjust the record-playback head for maxi-
mum output when playing the test tape.

I don’t know whether correct azimuth
alignment will remove your distortion
problem. 1t is conceivable that poor mo-
tion (flutter) is producing distortion, but
tends to cancel out when a tape is played
on the same machine on which it was
recorded.

Q. Regarding comparaiive measure-
ments of tape noise, 1 recently saw a ref-
erence to “third-octave noise.”” Cuan you
tell me what this means, or refer me (o
some literature? Also, are tape noise
figures conmonly stated on an unweight-
ed or weighted basis?

A. In some measurements of the noise
of a tape or tape machine, it is desired
to ascertain how noise varies with fre-
quency. Measurements are taken of
noise at selected bandwidths, so that one-
third of an octave is measured at a time.
An illustration of such procedure ap-
pears in “A New Magnetic Tape with
Greater Dynamic Range,” Preprint No.
290 of the Audio Engineering Society.
Box 383, Madison Square Station, New
York, N. Y. (price 85¢c).

Noise figures for tape machines are
commonly stated on an unweighted basis.
However, the human car is more sensi-
tive to high-frequency noise than to mid-
and low-frequency noise, whereas a good
meter will give equal weight to all noise
frequencies. Therefore in order to ob-
tain measured results which accord with
subjective results, a high-pass filter is
sometimes employed to remove the ob-
scuring cffects of hum and other low
frequencies.
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build your NEW MUSIC center
on a SOUND foundation
with KENWOOD
SOLID STATE stereo receivers

KENWOOD TK-140

Solid State AM/FM Multiplex
Stereo Receiver with 130 Watts,
and highly advanced circuitry
and new finger-tip controls.

KENWOOD TKS-40

Sotid State Music System —

a combination of the new
TK-40 AM/FM Stereo Receiver
and Matching S-102 Speakers.

%, |

Premiere showing of our proudest achievement in sound and sight—the new luxury
leader of KENWOOD's GLAMOUROUS 1967 line!

.. the sound approach KENWDOD

| to quality Los Angeles Office: 3700 So Broadway Place, Los Angeles. Calif 90007
New York Office: 69-41 Calamus Avenue, Elmhurst, New Yark, N.Y

Check No. 143 on Reader Service Card.

Our tails are always red...

\ Irish tells you which end is up — automatically. A 30 inch
| traiter (always in red) and a 30 inch color-coded leader (never
in red) eliminates tape stretch and wast-
ing tape footage. Write on the leader
and identify reel contents — you’ll
never have to worry about putting
a reel back in the wrong box. We
really care about how we make
a tape. Irish is a premium quality
tape — but costs no more. And
there’s no charge for the leader,
trailer and reversing strips be-
cause we believe every good
tape should have it.

30" red trailer tells
you it's “the end”

5 ; 30" color-coded leader.
Write on it and identify
3 o reel contents
b /
& & &

o

Automatic metat
reversing strips

“Signature” Book Binding free.
Handsomely identifies box contents.———e

- IRISH MAGNETIC TAPE

458 Broadway, New York, N.Y. 10013

Check No. 144 on Reader Service Card.








