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You've seen
yesterday’s receivers

here 1S tomorrow’s!
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NEW 100-WATT SCOTT 342C.. THE WORLDS
MOST INCREDIBLY ADVANCED RECEIVER!

A light that snaps
on automatically
when you’re per-
fectly tuned:

Perfectune® is a
miniature comput-

er . . . the most
effective way to
tune for lowest

distortion and best
reception.

A quartz crystal
lattice filter IF
section:

Regardless of age
or operating tem-
perature, your
342C IF amplifier
will never need re-
alignment.

PLUS THESE FAMOUS SCOTT FEATURES:

m Silver-plated Field Effect Transistor front end m Integrated
Circuit IF strip m Integrated Circuit preamplifier m Field Effect
Transistor tone control m All-silicon output circuitry.

CHECK THIS UNBELIEV ABLE PRICE:
342C 100-Watt FM Stereo Receiver .......... only $259.95!

© 1969, H. H. Scott, Inc.

“Wire-wrap” — a
permanent con-
nection technique
that eliminates
solder joints:

No more solder-
joint failures! Re-
hability-proven in
demanding  aero-
space applications.

New IC Multiplex
section gives bet-
ter performance
and reliability in
FM stereo:

No larger than a
cigarette filter,
Scott’s exclusive In-
tegrated Circuit
contains 40 tran-
sistors and 27 re-
sistors.

342C Specifications:

o
@

PER CENT DISTORTION
o
~

-

o

5 10 20
SINE-WAVE POWER OUTPUT
PER CHANNEL IN WATTS

New F/C/0O cir-
cuitry gives vir-
tually distortion-
free listening,
even at low vol-
ume levels:

Scott’s new Full
Complementary
Output means per-
fect sound at all
volume levels. And
. . . extra power is
available at 4 Ohms
output, vital when
you want to con-
nect extra speakers.

Printed circuit
modules snap into
main chassis:
Eliminates  solder
joints and provides
for instant servic-
ing.

Power: IHF +1 dB @ 4 Ohms, 100 Watts; IHF +1 dB @ 8
Ohms, 80 Watts; Cont. Output, single channel, 8 Ohms, 30 Watts:
IHF Sensitivity, 1.9 »V; Frequency response +1 dB, 20-20,000
Hz; Cross modulation rejection, 80 dB; Selectivity, 40 dB; Cap-
ture ratio, 2.5 dB. Prices and specifications subject to change

without notice. Walnut-finish case optional.

HSCOTT

Dept. 35-03 Maynard, Mass. 01754
Export: Scott International, Maynard, Mass. 01754

Check No. 100 on Reader Service Card
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Number 66 in a series of discussions
by Electro-Voice engineers

THE
db

DILEMMA

ROBERT F. HERROLD, 11l
Microphone
Project Engineer

To the person with an occasional or casual
interest in microphone specifications, state-
ments about microphone sensitivity may
seem intended more to confuse than en-
lighten the user.

Part of the problem lies in the multiplicity
of reference points used in establishing rela-
tive output levels. These differences in basic
measurement are not simply a disagreement
between manufacturers about standards.
Each form of specification was designed for
a particular application and reflects the wide
variety of microphone types available as
well as the variety of uses to which micro-
phones are put.

Indeed, some manufacturers, Electro-Voice
included, may find it necessary to use more
than one reference standard to properly rate
its microphones. This is because of the wide
disparity in output of different classes of
microphones and/or the wide differences in
sound pressures these microphones are in-
tended to reproduce.

For instance, the sound field used as a basis
for measurement of most microphones is
10 dynes/cm?2. But some high output micro-
phones, especially high impedance models,
will be referenced to 1 dyne/cm2. Alterna-
tively, some microphone manufacturers
prefer to express microphone output based
on the microbar, a unit of sound pressure
equal to 1 dyne/cm?2, and equivalent to a
sound pressure level of 74 db, or approxi-
mately the average sound pressure of the
normal male voice. Output references may
vary too, with the microphone product ex-
pressed in terms of db below a 1 milliwatt
or 1 volt standard.

Because there is a strict mathematical rela-
tionship between these various forms of
measurement, it is possible to construct a
simple nomograph that permits conversion
from one system to another, taking into
account the impedance of the microphone
under test. For years we have used such a
nomograph in our laboratories. In order to
increase its usefulness we have recently
created a circular slide rule version that has
proved even easier to use.

Although we cannot offer completed slide
rules at this time, we can provide the com-
ponents, carefully printed. plus instructions
on assembly and use. While a simple. mod-
est device, this conversion rule can simplify
the problems of relating relative output re-
gardless of the measurement basis.

For a free copy of the material
described above, write:
ELECTRO-VOICE, INC., Dept. 393A
602 Cecil St., Buchanan, Michigan 49107

ElellhoYbres \

A SUBSIDIARY OF GULTON INDUSTRIES, INC

Check No. 101 on Reader Service Card



Coming in
April
1969

Focus on
Speaker Systems

Speaker Systems Buying
Guide — Directory of loud-
speaker systems with com-
parative specifications and
prices.

Using Electrostatic Tweeters
with Transistor Amplifiers —
Robert Ehle describes con-
struction of a power supply
used to adapt electrostatic
tweeters (that do not have a
polarizing-voltage supply) to
transistor amplifiers.

FM Receiver Alignment —
Leonard Feldman details three
methods used to align FM
circuitry of a stereo tuner or
receiver.

EQUIPMENT PROFILES:

Fisher 500T FM Stereo Re-
ceiver, Ampex 1461 Stereo
Tape Recorder, Empire 999VE
Stereo Cartridge...and more

PLUS: Audioclinic, Tape
Guide, Record and Tape Re-
views and other regular
Audio departments.

ABOUT THE COVER:

Amidst antiques in a 200-year-
old Pennsylvania home reposes a
modern stereo hi-fi system. Other
appealing anachronisms include
speakers hidden under antique,
skirted tables, as well as a Polar
Bear rug and Eales-like reclining
chair and ottoman.

Audioclinie

JOSEPH GIOVANELLI

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

Distortion From Test Records

Q. When using a 10,000-Hz tone of a
test record to test my stereo system, I
notice an excessive amount of what ap-
pears (o be scratchiness and interfer-
ence. The next tone is 8000 Hz, and
the interference is a little less, and so
on down to 1000 Hz, which is finally
reproduced as a pure tone.

This aberration occurs on both sets
of speakers and headphones. Hence, I
am confident that the speakers are not
to blame. Also, I have one of the finest
automatic transcription turntables, plus
an excellent cartridge. Both are less
than three months old.

Can I assume that the trouble lies in
the amplifier section of my receiver? If
so, what is the cause of the trouble?
—B. F. Bucceri, Jr.,, Van Nuys, Calif.

A. The background sounds which
accompany test tones on your disc are
probably normal, especially if your
cartridge is not tracking with sufficient
force. Some cartridges do not track
properly with as light a force as
claimed for them. A slight adjustment
in tracking force might eliminate some
of the peculiar sound. The trouble is
almost certainly coming from this
source and not from trouble within the
remainder of your equipment.

Some of this type of distortion is
quite normal, as I said. Try recording
a similar tone on your tape machine.
You will note the same situation, espe-
cially if the level of the tone is greater
than perhaps minus 10 dB.

You will not be aware of the distor-
tion when ordinary discs and tapes are
played. The material making up the
program has a character which hides
that kind of distortion very well. Fur-
ther, the velocities of highs recorded on
the disc are not likely to be as great
on a music disc as they will be on a
test disc, designed to check the extent
of just such problems as yours.

Basically, try increasing tracking
force slightly. That may help quite a
bit. Then, do not worry too much
about the problem. It is expected that
you will get some of this distortion.
For greater peace of mind, have your
stylus checked for wear or chipping.

Isolation Transformer Operation

Q. How does an isolation transform-
er “isolate”? I know that it is a one-to-
one transformer which prevents shorts

to ground and potential shock hazard
from equipment which does not have
its own power transformer. Could you
explain in more detail just how such a
transformer can perform this task?—
David B. Nelson, Oak Ridge, Tenn.

A. Before understanding how an iso-
lation transformer works, we ought to
understand why we can get a shock
from certain pieces of equipment.

The power line is a good place to
start this discussion. One side of this
line is directly grounded. The earth
serves as this ground return. Radiators,
waterpipes, and the like are at this
earth-ground potential, or nearly so.
The other side of the line is “live.”

We will now talk about the old,
ubiquitous, AC-DC receiver. Such sets
do not employ power transformers.
One side of the line serves as receiver
ground, and on some models is con-
nected directly to the receiver chassis.
If such a radio is plugged into the wall
outlet, and the side of the line which
is connected to the chassis happens to
be the “live” side of the line, it will be
possible to touch the chassis of the set
and a radiator at the same time and
receive a shock because that radiator
serves as the other side of the line.
Of course, if the chassis side of the
line happens to be connected to the
ground side of the circuit, there would
be no danger of a shock when touching
the chassis and the radiator at the
same time, because each is at the same
potential. You have a fifty-fifty chance
of making a wrong connection when
inserting the plug into the socket.

Manufacturers try to keep unauthor-
ized persons from touching the chassis
by employing such devices as plastic
cabinets and plastic knobs.

We are now at a point where we can
understand the role played by the iso-
lation transformer in removing this
shock hazard. The power line feeds the
primary of such a transformer. The
secondary of the transformer has no
electrical connection to the primary
circuit, except, of course, by magnetic
induction. Therefore, when we extract
our voltage from the secondary of such
a transformer, neither side of this
winding is connected to ground. The
only way to receive a shock when
touching a chassis to which an isola-
tion transformer is connected would be
to come into direct contact with both
sides of the transformer winding.

Capacitor Designations

Q. (1) I recently came across some
capacitors with “NPO” written on
them. What does this mean?

(2) I notice that some capacitors
have a value, slash mark, and another
value. What does this mean?—Barry
L. Heath AXI, FPO, San Francisco,
Calif.

A. 1. NPO means that the capaci-
tor is designed to maintain its capaci-
tance regardless of changes in temper-
ature to which it might be subjected.

Check No. 3 on Reader Service Card —p»



Like out of this world..: gfling accﬂ’r%cy of synchron‘ous speed
silently achieved by the entire drive assembly, from the Synchro-Lab Motor”
to the full size, kinetically matched, low-mass turntable. O Like out of this
world, the satisfaction of hearing music without distartion, always on pitch
as recorded. O Like out of tkis world, the Garrard SL 95, reflecting the most

advanced engireerirg in automatic turntables. q ’®
Werld's Finest




This is opposed to some which are de-
signed to increase in capacitance as
temperature rises, and those which de-
crease In capacitance as temperature
rises.

2. When you see two numbers sep-
arated by a slash mark (/), the first
number represents the amount of ca-
pacitance and the second number rep-
resents the voltage rating of the ca-
pacitor.

Whistle Interference on AM Band

Editor’s Note: The following infor-
mation was received in reply to a col-
umn, “Audioclinic,” Jan., 1965. The
reader’s question concerned a whistle
which he heard virtually all across his
AM dial.

In your January 1965 column you
discuss whistle interference in an AM
tuner. I would like to comment. My
first impression is that the trouble
sounds like simple overload caused by a
local station 300 yards away. From the
description given (“a loud whistle”), it
appears that there is a single, fixed
whistle across the band, save for the
local station’s frequency. If this is cor-
rect, then the trouble, and the remedy,
is obvious. It is extremely likely that,
at 300 yards, this listener is located
within the nearby station’s “blanket
contour,” the region throughout which
the intensity of the received signal is
1.0 volt or 1,000 millivolts. It is quite
common for overload to occur in many
receivers without being located in this
blanket contour area.

The first thing to try is bypassing
audio grids with 500-pF disc ceramic
capacitors, using short leads. Remem-
ber that tuning the receiver dial will
have no effect on r.f. pickup by the
audio stages. As you pointed out, an
antenna trap may help, but I would
add that possibly there is if. stage
pickup, and that shielding of the re-
ceiver may be necessary. Possibly the
i.f.’s should be shifted in frequency
slightly. It is also possible that this
high signal level is causing cross-modu-
lation on the r.f. or converter, and
the bias on these stages may have to
be shifted. However, a reject trap at
the antenna is preferable, tuned to the
nearby station’s frequency.

One further remedy remains—FCC
Rule 73.88: “The licensee of each
broadcast station is required to satisfy
all reasonable complaints of blanketing
interference within the 1 V/m con-
tour.” Hence, it is possible for the lis-
tener to simply approach the broadcast
station’s [manager or engineer] and
explain the problem. They will usually
cooperate.—Thomas I?. Haskett, New
York, N. Y. £

Audio Techniques
JOSEPH GIOVANELLI

Record-Cleaning Device

During the early Fifties I used a
liquid record cleaner, which dried up
after a couple of years, leaving an an-
noying residue in the grooves.

Around ten years ago I made a min-
iature vacuum cleaner, but it did not
pick up the microscopic particles in
the grooves which are so distracting
during soft passages in music. It also
pulled up the record.

Then I reversed the procedure, and
made a blower with a soft brush at-
tachment. You hold it over the spin-
ning record for a few seconds and it
blows the finest dust off without leav-
ing any magnetic static.

I have used it for a few years now
and, in my opinion, it does a perfect
cleaning because it pinpoints the
strong airflow without disturbing the
arm at rest. (Greasy finger marks, for
which there is no excuse, must of
course be washed off.) Now I never
have any pops, clicks, or rushing noise.
—E. Kverne, Bronx, N. Y.

Repairing Scratched Records

Like many others, my records are
occasionally damaged so that the nee-
dle will skip a groove here and there.

To set the scene, I use as my stan-
dard cartridge one which tracks at a
few grams. It occurred to me to use
my extra shell and an old cartridge I
had which must track at 10 grams, and
track the offending passages of my
damaged records at 10 grams once.

Because the original scratches were
made with a comparatively low track-
ing force, this 10-gram “truck” seems
to “plough” through the scratches.

This may sound crude, but I have
tried his approach on a number of
scratched discs with success in each
case. My regular cartridge tracks these
passages without skipping, although
the “click” is still there.

There will be some deterioration in
the fidelity of the passage, of course,
depending upon the quality of the
heavy cartridge, but this will be a
small price to pay for the removal of
the “skip” in any case.

Naturally, if you plan to track a
scratched disc at 10 grams, be sure
your cartridge is capable of doing so,
that your stylus has a 1-mil tip radius,
and that it is in good condition. —
Gregor Owen, New York, N. Y.

Hum in Phonograph Systems

I had embarrassing hum when I
showed off my music system to my
fellow audio enthusiast friends.

After exhausting all the standard
remedies, I finally tried these tactics:

1) I oriented the power amplifier at
90 deg. with respect to the preampli-
fier. This orientation eliminated prac-
tically all of the hum. However, if the
power amplifier was rotated 180 deg.
from this position, the hum was not at
a minimum, even though the preampli-
fier and power amplifier were still ori-
ented 90 deg. to one another.

2) The only thing I could think of
which was not already shielded was
the short portion of the cartridge leads
between the exit on the tone arm and
the terminal strip, a matter of an inch
or s0.

I covered these leads with a tin can,
tacking it to the mounting board and
with a hole punched in it to allow the
leads to the preamplifier to be brought
out. I then ran a ground from this can
over to the preamplifier. This did it!—
H.E. McAllister, Santa Barbara, Calif.

Phono Oscillator Use

A few years ago, in Lansing, Michi-
gan, a lawn party was held, with each
person bringing his own radio and ex-
tension cord. The host had a phono
oscillator over which he transmitted
music to everyone present, plus his
announcements. It was quite an expe-
rience to hear three or four dozen
radios in unison.

Perhaps, a public library, in “side-
walk cafe” style, could hold a music
appreciation program in the summer
by means of such a setup. This sort of
thing would surely whet the interest of
young people in electronics, in addi-
tion to audio and music—a most de-
lightful combination.—Lewis O. Ernst,
Ann Arbor, Mich. A
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Thisisthe

world’s finest
cartridge.

Ask anyo

Ask Stereo Review.
Their latest cartridge report rated
it #1 in lightweight tracking ability.
And charted its frequency re-
sponse as virtually flat.
With a picture-perfect
wave.

Ask England’s HiFi Sound.
They call it ““a remarkable car-
tridge . .. a real hi-fi masterpiece.”
And find it “unlikely to wear out
discs any more rapidly than a feather
held against the spinning groove.”

square
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Ask High Fidelity.

They know the 999VE needs “only
0.8-gram stylus force to track the de-
manding bands 6 & 7 of CBS test
record STR-120, and the glide tone
bands of STR-100.”

And gives a frequency response
flat within “=+2.5, —2.0 dB from 20 to
20k Hz"” on both channels.

Ask England’s Records and Recording.

They say it's “a design that en-
courages a hi-fi purist to clap his hands
with joy”

e.

Ask Popular Science.

Their ultimate stereo ‘dream’ sys-
tem, created by Electronics Editor
Ronald M. Benrey, features a 999VE.

Why? Because “its performance is
impeccable.”

Ask any stereo expert.

Then ask yourself what you've
been waiting for.

THE 999VE ¢ $74.95

S EMPIRE

Empire Scientific Corp.1055 Stewart Avenue, Garden City, N.Y. 11530
Check No. 5 on Reader Service Card
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What’s New
In Audio

Servo-Controlled Turntable

Sony Corp. of America introduces
the PS-1800, a turntable system which
uses a slow-speed, servo-controlled d.c.
motor to drive the turntable. Sony re-
ports that this eliminates much of the
noise and rumble that originates in
mechanical speed-reducing systems.
The servo system also compares motor
speed with a stable frequency refer-
ence, soO any error in motor speed re-
sults in a correction in the current
supplied to the motor. The speed refer-
ence is independent of outside influ-
ence.

The PS-1800 offers 3314 as well as
45-rpm speeds, and has a speed con-
trol range of +49%. Wow and flutter is
reported to be less than 0.089, rms
and the S/N is better than 60 dB
(NAB Standard), says Sony. The tone

arm, which is static-balanced, is the
tubular type with tracking error re-
ported at 1°4’, a stylus force adjust-
ment range of 0 to 3 grams and an ac-
ceptable cartridge weight of 4.5 to 11
grams. Its shell is a Universal plug-in

type.

Other features of the PS-1800 in-
clude a new sensing device, called SMD
(Sony Magneto-Diode), to lift the tone
arm, return it to its rest position and
turn off the unit when the record is
finished. The SMD is said to add no
mechanical load to the tone arm. The
pause system is activated by a push-
button control on the outside panel.
The PS-1800, which is priced at $199.50
(including base and dust cover, but
minus cartridge), measures 199" W
x 746" H x 161" D and weighs 20 lbs.,
14 oz.

Check No. 127 on Reader Service Card

Bandstand Mike
For Folk, Pop

The AKG D-1000E is designed for
bandstand rock ’n roll, soul music, and
folk-rock amplification. According to

the company, this microphone handles
the tremendous sound pressures gener-
ated by this type of music. The new
unit is the close-talking type, eliminat-
ing instrumental interference that
would annoy vocalists. The D-1000E
system and capsule are suspended to
resist shock and high impact. A mode-
selection switch (sharp, medium, bass)
can be used to attenuate the micro-
phone’s response. For the professional
user, the price is $60.00 net or $75.00
net with transformer and silent on/off
switch. Distributor in U. S. is North
American Philips Co., Inc.
Check No. 128 on Reader Service Card®

Pioneer Stereo Headset

Pioneer Electronics’ two-way stereo
headset, SE-50, employs a 3-in. cone-
type unit for bass and mid-range, and
a miniature-type with Mpylar dia-
phragm for treble. According to Pio-
neer, this offers a smooth response from
20 Hz to 20,000 kHz. A maximum of
0.5 watt on each channel is said to al-
low the SE-50 to be used with any am-

plifier, regardless of power.

Contour-designed ear cups are made
of molded vinyl. Each earpiece has its
own volume and tone controls. Stand-
ard equipment with the SE-50 is a 12-ft.
coil cord and.a three-conductor stereo
plug. The SE-50 is priced at $49.95,
which includes a storage case.

Check No. 129 on Reader Service Card

New Connector Adaptors

Four new audio connector adaptors
from Switchcraft interconnect audio
equipment with dissimilar termina-
tions: 383P1; 384P1: 386P1; 387P1.
Part numbers 383P1 and 384P1 both
accept standard two-conductor phone
plugs. While the former adapts to a

/ ,’-'/ 79

J47¢

No.387P1 No.386P1 No.383P1  No. 384P1

three-pin audio receptacle, 384P1
adapts to a three-contact audio con-
nector. The other two connect to a
standard two-conductor jack: 386P1
uses a three-pin audio receptacle and
387P1 uses a three-contact audio re-
ceptacle. All four have Switchcraft’s

“Quick-Ground” connector line fea-
tures: separate ground terminal elec-
trically integral with the connector
shell and ground contractors that pro-
vide ground continuity between mating
plugs.

Check No. 130 on Reader Service Card

This and That

The L. W. Erath Co. plans to make
available its feedback system in com-
bination with its room gain control for
other loudspeaker systems. Updating
kits, which will include parts and in-
structions to adapt networks and con-
trols through existing loudspeakers,
and adaptors for the amplifiers, will be
available soon. . . . Transcriber Co., Inc.
announces availability of three head-
cleaning cartridges for 4-track, 8-track,
and cassette cartridge machines. Price
is $2.49. . . . Inventory/file system by
APSCO, called “Fill n’ File,” 1s a re-
usable, see-through plastic dome on a
heavy-duty index card, with a sliding
(self-stopping) card insert. A part (or
parts) is thus inventoried with the file
card that records the number and other
pertinent information. . . . Joseph S.
Tushinsky, president of Marantz Co.
Inc. and of its parent company, Super-
scope Inc., announced plans to open a
20,000-sq.-ft. facility for Marantz at
Sun Valley, California. The plant will
produce medium-priced non-r.f. com-
ponents, such as stereo preamplifiers
and power amplifiers, while the com-
pany’s East Coast plant in Woodside,
N. Y., will make higher-priced stereo
receivers and tuner components.

Industry Notes

The last half of 1968 showed many
top management changes: ® The Telex
Communications Division appointed
John S. Arrington vice president of
marketing and John S. Boyers vice
president of engineering. @ TEAC
Corp. of America named Hiram Oye
executive vice president and general
manager. 8 Akio Morita, executive vice
president and co-founder of Sony
Corp., Tokyo, became president of
Sony’s subsidiary, Sony Corp. of Amer-
ica. He succeeds Ernest B. Schwartzen-
bach, who died recently. @ Bogen Com-
munications Division of Lear Siegler,
Inc., appointed John T. Morgan presi-
dent. @ Eli Passin became national sales
manager of Gotham Audio Corp. ®
BASF Computron, Inc. named Dr.
Diete H. Ambros president. He re-
placed Claus Schneider, who assumed
new responsibilities at the parent com-
pany, headquartered in Ludwigshafen,
West Germany. ® Lawrence LeKash-
man was named president of Electro-
Voice, Inc., from vice president in
charge of marketing. m The Institute
of High Fidelity named John H. Hol-
lands, vice president and general man-
ager of BSR (USA) Ltd., to its Board
of Directors. ® Saul B. Marantz, found-
er of Marantz Co., Inc., and two engi-
neering associates formed Ferrodyne,
Inc., Long Island City, N. Y., to sub-
contract and custom-manufacture elec-
tronic equipment and sub-assemblies.
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Unique “S.E.A.” Sound Effect Amplifier tone control system of models S0C1 and 5003
eliminates conventional bass and treble controls. Provides individual control of the five different
frequencies that comprise the total tonal spectrum; 60, 250, 1000, 5000 and 15000 Hz.

In introducing the striking all solid state 60 watt
5001 and 140 watt 5003 AM/FM Multiplex Stereo
Tuner Amplifiers, JVC brings the stereo fan a new
dimension in stereo enjoyment—the complete con-
trol of sound effects.

This exciting innovation is made possible through
the incorporation of a built-in Sound Effect Ampli-
fier (S.E.A.), a versatile component that divides the
audio range into five different frequencies. It en-
ables the 5001 and 5003 to be tailored to the acous-
tical characteristics of any room, or to match the
sound characteristics of any cartridge or speaker
system, functions that were once reserved for ex-
pensive studio equipment. But even without the
built-in S.E.A. system, the 5001 and 5003 would be
outstanding values. They offer improved standards
in FM sensitivity and selectivity by utilizing the latest
FET circuitry with four IF limiters in the frontend of
the 5001 and five in the 5003. They both deliver a
wide 20 to 20,000Hz power bandwidth while holding
distortion down to less than 1%. They feature com-
pletely automatic stereo switching with a separation
figure of better than 35dB. They allow two speaker

systems to be used either independently or simul-
taneously. Indicative of their unchallenged per-
formance is their refined styling. All controls are
arranged for convenient operation. The attractive
black window remains black when the power is off,
but reveals both dial scales and tuning meter when
the power is on. For the creative stereo fan, the JVC
5001 and 5003 are unquestionably the finest medium
and high powered receivers available today.

How the SEA System Works

Glance at the two charts appearing on this page. In
looking at the ordinary amplifier frequency charac-
teristics where only bass and treble tone controls
are provided, you can see how response in all fre-
quency ranges at the low and high levels is clipped
off. Compare this chart with the one showing the
SEA frequency response characteristics, and the
difference is obvious, No clipping occurs in the SEA
system. It offers full control of sound in 60, 250,1,000,
5,000 and 15,000Hz frequency ranges from —10 to
-10db. For the first time ever, you have the power
to determine the kind of sound you want to hear.

For additional information and a copy of our new full color catalog write Dept. AM:

JVC America, Inc., A Subsidiary of Victor Company of Japan, Ltd., c/o Delmonico International Corp.
50-35 56th Road, Maspeth, N.Y. 11378, Subsidiary of TST Industries, Inc.
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BERT WHYTE

In the Fall of 1968, the incoming
class at a major university gained
some unwelcome notoriety when it was
reported in the nation’s newspapers
that a large proportion of the fresh-
men had hearing deficiencies resulting
from exposure to loud rock n’ roll
music. And articles published in vari-
ous lay journals noted a dramatic rise
in hearing impairment which was at-
tributed to increasing “noise pollu-
tion.”

While some of the stories are prob-
ably apochryphal, there is little doubt
that we are undergoing an auditory
assault of unprecedented and ever-
increasing intensity. That some sort of
control of noise is necessary is stating
the obvious. Thus some of the more
enlightened municipalities are enact-
ing stringent anti-noise laws and re-
vising building codes to provide better
acoustic isolation between the walls
and floors of apartments and offices.
All this concern with noise raises some
interesting questions as to acoustic
measurement standards. The classic
work that established the criteria of
decibel levels for various noise-gener-
ating sources is now quite old. You
have seen these decibel reference charts
that tell us that on a typical day at
noon in New York’s “Times Square”
the sound level is 95 dB. Or that loud
conversation is 65 dB, and so on.
While most of the data in these charts
still seems to be valid, there appears to
be some disagreements as to the deci-
bel level of sound that causes various
degrees of psychological and physio-
logical discomfort in people.

There is always the problem of sub-
jective evaluation of sound. How loud
is “too loud”? Since noise per se is any
unwanted or unorganized sound, you
could say that all noise is too loud.
But what about those who enjoy “dis-
tinctive” noises, such as the snarling
exhaust note of a high-revving Fer-
rari? Who is the arbiter who says some

hot-rodder’s muffler is ‘“too loud,” con-
sidering that said rodder has spent his
money to achieve an exhaust “rap”
that he enjoys as a veritable symphony
of power?

In music, subjective phenomena are
even more complex. In live music, the
conductor follows the dynamic mark-
ings in the score. Yet he must decide
what loudness levels to use for these
markings. How soft is his triple pian-
issimo and how loud is his triple forte?
This is a discretionary thing, influenced
by experience, personal preferences
and by hall acoustics. With recorded
music, whatever the medium, the dy-
namic range is a fixed quantity. How-
ever, the listener can control the over-
all loudness level of his playback. If
the dynamic range of a phono record-
ing is wide enough and the playback
level is low, the pianissimo on the disc
may be inaudible or lost in a sea of
surface noise or hum or other extrane-
ous noises. If the record playback
level is high, the pianissimo is grossly
swollen out of proportion and, of
course, when the fortes occur the audi-
tor may find the speaker cone in his
lap. To all this we must add the indi-
vidual’s taste and preference in music.
Many people enjoy the crashing dis-
cords and dissonances of Stravinsky’s
“Rite of Spring,” while others consid-
er it sheer cacophony. How do we
categorize electronic music or musique

from the explosion, technicians mea-
sured 150 dB. Anyone exposed to this’
would suffer ruptured ear drums. With
actual bombing victims who survived
the initial explosion, many other pres-
sure and intensity effects were noted,
such as capillary rupture, damage to
the spleen and other internal organs.
Many bizarre things happened—peo-
ple literally had every stitch of clothing
(including their shoes) blown off them,
yet they were unharmed. Inexplicably,
people who were relatively close to an
explosion did not suffer ear damage,
while others at a much greater dis-
tance had ruptured drums. Since artil-
lery and bomb explosions measure at
150 dB, and because this is a transient
noise, one can readily understand why
the earth trembles and buildings shake
from the sustained 175 dB said to be
produced by the “Saturn 5” rocket at
lift-off!

It is generally conceded that most
auditory damage is caused by pro-
longed exposure to high decibel levels
of sound. The freshmen who had hear-
ing deficiencies were habitues of dis-
cotheques. In many of these places as
much as 122 dB has been measured.
And you must remember that this is
at a fairly sustained level since most
operate on an almost non-stop basis.
“Boilermaker’s disease” has become a
sort of general term for any of the hear-
ing deficiencies suffered by industrial

e ———— e ——————————

““The threshold of pain in human hearing
is...around 125 dB.”

e ______

concrete? Can we really call it music,
or is it “organized noise”?

How loud is “too loud” becomes an
academic question when actual physi-
ological discomfort or damage to the
auditory system occurs. The threshold
of pain in human hearing is usually
stated as being around 125 dB. But
this figure can vary considerably. Some
people notice a “tickling” sensation in
their ears at levels as low as 105 dB,
with pain becoming apparent at 115
dB. Instantaneous auditory damage
can occur in special situations. Explo-
sions in war or peacetime, when ears
are accidentally unprotected during
range firing of large-calibre artillery or
a jet plane launching from steam cata-
pults, can rupture ear drums. When I
was in England during World War 11,
a research program was undertaken,
due to extensive bombing, to determine
the effects of what was called “blast”
syndrome.” In an isolated area, 500-1b.
bombs were detonated. At 1500 ft.

workers exposed for long periods of
time to high noise levels. One author-
ity stated a few years ago that con-
tinuous exposure to as little as 95 dB
was sufficient to cause hearing impair-
ment. The usual level to which riveters
and jack-hammer operators are ex-
posed is more on the order of 110-120
dB. The hearing deficiencies caused by
this are recognized medical entities
and are covered by workmen’s com-
pensation. One of the peculiar things
about “boilermaker’s disease” is that it
seems to be frequency selective. The
hearing impairment is not merely in

.the high frequencies, but in almost

random groups of frequencies.
The higher frequencies seem to play
a prominent role in the hearing im-
pairment caused by prolonged expo-
sure to high sound levels. Mr. Bob
Fine, the recording engineer whom we
had the pleasure of interviewing for
the November 1968 issue of AUDIO,

(Continued on page 10)
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ANY GOOD CARTRIDGE WILL TRACK THESE PASSAGES

CLOSE THE TRACKABILITY GAP

BUT ONLY
A HIGH
TRACKABILITY
CARTRIDGE

CAN COPE
WITH THIS

GROOVE!

(AND YOU'LL HEAR THE DIFFERENCE)

The photomicrograph above portrays an errant, hard-to-
track castanet sound in an otherwise conservatively mod-
ulated recording. The somewhat more heavily modulated
grooves shown below are an exhilarating combination of
flutes and maracas with a low frequency rhythm comple-
ment from a recording cut at sufficiently high velocity to
deliver precise and definitive intonation, full dynamic
range, and optimum signal-to-noise ratio. Neither situa-
tion is a rarity, far from it. They are the very essence of
today’s highest fidelity recordings. But when piayed with
an ordinary “good” quality cartridge, the stylus invariably
loses contact with these demanding grooves—the casta-

nets sound raspy, while the flute and maracas sound
fuzzy, leaden, and “torn apart.” Increasing tracking weight
to force the stylus to stay in the groove will literally shave
off the groove walls. Only the High Trackability V-15
Type Il Super-Track® cartridge will consistently and effec-
tively track all the grooves in today’s recordings at record-
saving less-than-one-gram force . . . even with cymbals,

orchestral bells, and other difficult to track instruments. It
will preserve the fidelity and reduce distortion from all
your records, old and new. Not so surprisingly, every
independent expert and authority who tested the Super
Track agrees.

V-15 TYPE II

SUPER TRACKABIUTY PHONO CARTRIDGE

At $67.50, your best investment in upgrading your entire music system.

Send for a list of Difficult-to-Track records, and detailed Trackability story: Shure Brothers, Inc.,, 222 Hartrey Ave., Evanston, illinois 60204

Check No. 9 on Reader Service Card
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BEHIND THE SCENES
(Continued)

feels that the rock n’ roll orchestras
and those who listen to them in dis-
cotheques are sustaining damage to
the cochlea in the ear due to high-
level, high frequencies. He thinks that
the great transient ‘“‘spikes” and their
harmonics, produced by the ‘“rock”
guitars with their monster-sized ampli-
fiers and speakers, must be causing
auditory damage. Some years ago when
I was an audio consultant with a New
York firm, I was contacted by a medi-
cal researcher who was looking for spe-
cial microphones which would respond
to very high frequencies (some of the
B & K mikes have response to well
over 100,000 Hz). This man had the
interesting theory that very high fre-
quencies, from 50-kHz upwards at
high-intensity levels, woud cause hear-
ing impairment if the exposure was
sustained for long periods of time. He
said that sparkplugs, especially poorly
shielded types, produce a great deal of
high-frequency sound up to 200 kHz,
and that people, like truck drivers,
who are under this bombardment for
years show definite hearing losses.

To prove out his theory, he was sub-
jecting monkeys to very high high-fre-
quency sound for varying periods of
time at specific intensity levels. The
animals were killed. Tissue sections of
their auditory nerves were prepared
for microscopic examination. He said
that if the myelin sheath of the nerve
was damaged this would be evidence
of hearing impairment. His results
showed that there was progressive de-
myelinization of the nerve with each
monkey who was exposed for increas-
ing periods of time. How valid his tests
were I do not know. I do know that
people and animals subjected to ultra-
sonic sounds at high-intensity levels
become disoriented and dizzy since the
sound upsets the equilibrium of the
inner ear. Continued exposure causes
extreme nausea and various psychic
phenomena. At one time the Army was
experimenting with high-intensity ul-
trasonic generators, and it was re-
ported that a “concentrated beam” of
high frequencies could kill birds up to
the size of pigeons at a distance of
100 yards.

Well, let us leave such esoterica as
“death rays” that kill birds and get
back to music. The decibel reference
charts usually list the output of a sym-
phony orchestra in a triple forte at
110 dB. During recording sessions I
have had the unique opportunity of
measuring the sound level at the con-
ductor’s podium. The orchestras were
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large ones of over 100 men, and with
a General Radio sound level meter I
measured pianissimos so soft that they
were barely over the ambient noise in
the hall, and massive fortes for full
orchestra that measured between 105
to 115 dB. Thirty feet back in the hall
the same forte was down to 90-95 dB.
What about our symphony conductors
who are exposed to these tremendous
outpourings of sound? Are they too
subject to hearing damage? It would
appear not, probably because the full
output of 115 dB occurs only as mo-
mentary and intermittent peaks. My
good friend Leopold Stokowski has
been conducting well over 50 years
now, and at a hale and hearty 86 years
of age shows no sign of diminished
aural acuity.

The level at which we listen to ster-
eophonic sound in the home is subject
to many variables. There is, for exam-
ple, the level at which you would like
to hear your music, but must reduce
your gain control because of thin-
walled apartments and intolerant
neighbors. In private dwellings there
is the matter of room size and room
acoustics. Recently, some “authority”
stated that a level of 85 dB should
suffice for home listening. There was
nothing said about dynamic range or
peak levels. I for one take exception to
this arbitrary control. I have a fairly
large living room and it is very quiet
in my suburb, especially at night. The
ambient level in my room measured at
38-40 dB. With master tapes or copies
of masters which have very wide dy-
namic range, if I adjust the gain so the
pianissimos are just above the ambient

level, I find that the peak output of
the great fortes reaches 100-102 dB. I
do not find these peaks too loud. In
fact I find such a level necessary to
give me a psycho-acoustic approxima-
tion of concert hall level. The ambient
level in a city apartment rarely is less
than 50 dB, and usually closer to 55-
58 dB. As a consequence, dynamic
range suffers, especially with the usual
restrictions on high sound levels in
apartments.

Can hearing impairment result from
listening to stereo in the home? Highly
unlikely under normal circumstances;
certainly not with classical music
where we have the “protection” of wide
dynamic range and levels of over 100
dB being reached only on intermittent
orchestral peaks. It is conceivable,
however, that some far-out addict of
rock recordings (which have a dynam-
ic range on the order of 20-25 dB)
could play his recordings in a small
room at continuous levels well over
100 dB, possibly causing auditory
damage.

It is hardly necessary to remind
readers of AUDIO Magazine that hear-
ing is one of our most precious gifts.
Thus it is just plain common sense to
protect our hearing and to counsel our
young on the perils of over-exposure
to loud rock music. In addition, your
hearing can be affected by many other
things, some of which you would never
suspect. For example, certain people
are especially sensitive to anti-biotics,
and if I remember correctly, neomycin
and streptomycin can (in large doses)
cause irreversible auditory damage. So
it behooves us to be careful. A

Check No. 11 on Reader Service Card =



5 I”DOe;s WHARFEDALE still use sand
in its speaker systems?

YOU BET WE DO! For example, you'll find over 7 pounds of fine, white
samd densely packed between lavers of hardwood in our W70D speaker
svetem ... even more in the W90D) . .. a little less in the W60D. Why sand?
Because to create the famous Wharfedale Achromatic sound, we know
a speaker cabinet must remain absolutely inert. It must be more than
just hardwood, for even the thickest wood baffles can resonate. The
w-arfedale sand-filled construction damps all vibrations and eliminates
spJrious resonances, no matter how deep or intense the bass energy. The
result is distortion-free, superior sound. Rap the back cover of a sand-
filled Wharfedale and hear the low, dull “thud” in contrast to the resonant
soind of equally large plywood panels normally used in other systems.

MORE COSTLY TO BUILD...AND WORTH IT!

1. €abinet back cover being assembled.
Heavy plywood walls are further strength-
enzd by thick wood braces, forming a
strong, rigid panel with cavities,

2. Panels are stacked on specially de-
signed vibrating machine. Note small,
round openings on top edges, for fine-
grain, cleansed white sand.

3 Sand is poured on, filtering slowly
through small openings into panel cawi-
ties. Vibration machine eliminates air
pockets, insures maximum compression.

4. Feed holes are sealed with wood plugs.
Panel becomes totally inert to the back
waves of sound which will be projected
against it in the speaker enclasure.

HEARING...AND SEEING...1S BELIEVING. Once you hear the sound of
wharfedale Achromatic Speaker Systems, you will understand why
wharfedale has earned the loyalty of the most knowledgeable listeners
n music and audiophile circles. Achromatic sound is rich, full, realistic
sound reproduction, uncolored by extraneous modulations. The speakers
and cabinet perform together as a single unit in correct acous-
tical balance to provide a truly faithful duplication of the
® original performance. It’s the result of unique and exclusive
construction features and techniques developed
by Wharfedale.

What's more, you'll be delighted by
Wharfedale cabinets: decor-conscious
proportions; fine furniture finish;
tasteful grille fabrics, removable at
will; design that is a refreshing depar-
ture from conventional ’boxy’’ shapes.

Wharfedale

ACHROMATIC SPEAKER SYSTEMS

Write for Comparzter Gaide and dealer list to: Wharfedale Div., British Industries Corp., Dept. HF-2, Westbury, N.Y. 11590.



When you're
number one in
tape recorders
you don’t
make the
number-two
tape.

Tt costs a few pennies moreé.
But Sony professional-qual-
ity recording tape makes a
world of difference in how
much bhetter your recorder
sounds—and keeps on sound:
ing. That’s because Sony
tape is permanently lubri-
cated by an exclusive Lubri-
Cushion process. Plus, its
extra-heavy Oxi-Coating
won’t shed or sliver. Sony
tape is available in all sizes
of reels and cassettes. And
remember, Sony profes.
sional-quality recording
tape is made by the world’s
most respected manufactur-
er of recording equipment.

SONY
T

PR-150

4 ano e’

You never heard it so good.

£1968 SUPERSCOPE. INC.

_ (O3 B & SUPERSCOPE ®|

Sun Valley, California 91352

Check No. 12 on Reader Service Card

Letters

Audio Careers

e 1 am curious about the field of audio
engineering and believe I would like to
have a career in the audio industry.
My problem is that information about
careers in audio engineering is difficult
to find. I would appreciate it if you
could help me out.

BEN WILSON

Davis, Calif.

Unfortunately, the field of audio en-
gineering has not been recognized as a
specialized field by colleges and uni-
versities. But there was a time when
few credits in an electrical engineering
curriculum were devoted to electronics.
So this can change with respect to
audio.

The relatively small field of “audio
engineering” is further divided into a
number of specialties, including: audio
design engineering, recording engi-
neers, broadcast studio engineers, and
commercial sound engineers. Except
for the former, a baccalaureate degree
is not necessarily required. A First-
Class FCC license is needed for broad-
cast work, however.

Information about careers in audio
—real information—is limited. One can
contact the Institute of Electrical and
Electronic Engineers, or the Electronic
Industries Association, of course. But
without recourse to educational courses
devoted to the subject, much more
than advice to conlact the personnel
department of a manufacturer should
not be expected. The IHF does have
available a text on careers in high fi-
delity, which gives some insight to
opportunities in the hi-fi component
industry.

We regularly receive inquiries con-
cerning education in the field of audio.
Of course, the wvarious associations
noted above have informative meetings
and, at times, seminars. For example,
the 1969 Midwest Acoustics Confer-
ence will be held at Northwestern Uni-
versity in Evanston, Ill. A seminar on

audio applications will also be held in
July at Brigham Young University,
Provo, Utah. With on-campus room
and board, cost is reported to be $80.
(Contact Dean Van Vitert for more in-
formation.) The most hopeful sign to
date is a move toward carrying out
provisions of C. J. LeBel's estate to
establish a chair in audio engineering
at the Massachusetts Institute of Tech-
nology. Mr. LeBel, as many Audio
readers know, was one of the founders
of the Audio Engineering Society and
vice-president of Audio Devices, Inc.
—Ed.

Kudos

e Thank you for January’s “Layman’s
Guide to Tape Recorder Specifica-
tions.” The topic has been covered be-
fore, but never in so valuable and use-
ful a fashion.
A. C. NUESSLE
Willow Grove, Pa.

Tapes for Troops

o We would like to solicit your help in
informing your readers of a chance to
strengthen the morale and provide re-
laxation for the servicemen in Vietnam.
“Tapes for Troops” is a program
whereby people in the U.S.A. donate
tape recordings for the listening plea-
sure of the American servicemen in
Vietnam. The tapes are shipped to 1st
Logistical Command and are distribut-
ed to each Corps Area, where they are
further disseminated to units and clubs
that have tape equipment. The types
of tapes we receive cover many musical
areas: classical, jazz, pop, country and
western, religious, radio and TV pro-
grams, etc. They can be stereo or mon-
aural; 33 or 714 speed; and 3-, 5-, or 7-
in. reels. Because this is not a funded
program of the Department of the
Army, the cost of mailing the tapes
must be borne by the sender. Once the
tapes are received by the servicemen
they become the property of the re-
ciptent and will not be returned to the
sender.

If your readers wish to contribute
tapes to the “Tapes for Troops” pro-
gram, the address is “Tapes for
Troops” Hq. 1st Logistical Command,
Attn: Special Services, APO San Fran-
cisco 96384.

BEN KVITKY

Special Services Officer

APO San Francisco, Calif.
A
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(The $X-1300T Price, only: $360,) Shown with PIONEER CS-88 Speaker Systeme at $175.each.

PIONEER SX-1500T

AM-FM STEREO RECEIVER * 170 WATTS, FET AND IC’S

E

S

What can we say after we’ve said

“I's the Greatest”?

JULIAN HIRSCH, in STEREO REVIEW, said:

“|f anyone doubts that moderately priced integrated
stereo receivers are capable of really top-quality
performance, let him examine, as we have, the spec-
ifications — and the actual performance — of the
Pioneer SX-1500T. This import outperforms, both in
its audio and FM aspects, most of the components
we have tested in recent years. Die-hard advocates
of vacuum-tube design should ponder the fact that
no FM tuner of pre-solid-state days matched the
overall performance of the SX-1500T, and only the
costliest vacuum-tube amplifiers approached its
high power output with such low audio distortion.””

This is what AUDIO MAGAZINE had to say:

“The engineers at Pioneer must belong to the ‘wide-
band’ response school for, although we suspected
that the Pioneer Bandwidth published specification
might be a misprint, it actually does extend from 17
Hz (they claim only 20 Hz) to 70 kHz! You’ll never
lack for ‘highs’ with this one!

If you crave lots of power and don’t want to get
involved with separate pream-amps and tuners,
the Pioneer SX-1500T AF/FM stereo receiver cer-
tainly has enough power and enough true compo-
nent features to make it very worthy of considera-
tion at its remarkably low price of $360.00.”

After you've heard it, we're reasonably sure what you're going to say.

Because you want a better receiver, don’t be misled-pick the one with the optimum features at an honest
price. You owe it to yourself to evaluate the SX-1500T against any other receiver on the market, regard-

less of price. What more can we say?

Write Pioneer for reprints of the entire reviews from Stereo Review
and Audio Magazine and the name of your nearest franchised Pioneer
dealer. PIONEER ELECTRONICS U.S.A. CORP., 140 Smith Street,

Farmingdale, L.I., New York 11735 + (516) 694-7720

PIONEER.(Y

...More Value All-Ways!

Check No. 13 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. Herman

Burstein at AUDIO, 134 North Thir-

teenth Street, Philadelphia, Pa.19107.

Please enclose a stamped, self-

addressed envelope. All letters are
answered.

VU Meter vs.
Electronic Eye

With fair regularity, readers inquire
about the pros and cons of an electronic
eye versus a VU meter for use as the
recording level indicator in a home tape
recorder. The position of this column
has been on the side of the electronic
eye. Rather than repeat ourselves, we
would like to quote from the service
bulletin of a manufacturer (Tandberg)
who elected to use an eye until recently.

“The electronic eye indicates the
peak value of the signal, practically
without any time delay. The VU meter
indicates the mean value of the signal,
integrated over a certain time given by
a specified time constant. To secure the
best possible signal-to-noise ratio, and
at the same time to avoid overload of
the tape, there will always be installed
either a VU meter or an electronic eye
in every tape recorder. The best record-
ing will be obtained when the peaks of
the program are just under the limit
where the overload starts. There is no
exact relation between the indication
on the VU meter and the actual peak
value of the signal. Recent investiga-
tions in this matter show that the peak
value of the signal may vary from 43
dB to 412 dB for the same reading on
the VU meter, depending on the kind
of music recorded.

“If a person tries to control the peaks
of recording by means of a VU meter,
he will meet the following two prob-
lems: (1) To make sure that the VU
meter indicates the peaks with suffi-
cient safety margin, he will tend to
under-record his tape and, conse-
quently, come out with an inferior
signal-to-noise ratio. (2) To increase
the signal-to-noise ratio he will tend to
turn up the volume to a higher indica-
tion of the VU meter. In this case he
will be apt to overload the tape, having
only his estimate to rely on when calcu-
lating the margin for overload.

“The VU meter is mainly used in
professional broadcasting to set the
mean value of the program level,
thereby securing for the listener a con-
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stant mean sound level in his living
room. With limiters in the broadcast
amplifiers, the danger of overload is
eliminated, and peak indicators are no
longer necessary.

“In tape recorders it is a completely
different matter. There are normally no
limiters, and the peak value is the de-
ciding factor regarding distortion and
signal-to-noise ratio. Consequently, for
this purpose the electronic eye is very
much preferred. The ideal solution
would be both a VU meter and an elec-
tronic eye, which would provide both a
mean-value level indicator, and a peak-
value indicator. If only one of them can
be provided, the peak-value indicator
(the electronic eye) is by far the most
important.

“In Tandberg (and presumably other
—H. B.) tape recorders, the electronic
eye has an extra refinement. The rise
movement is extremely fast, while the
return movement is slow. In practice
this means that the indication of the
eye is ‘riding’ on the peaks of the pro-
gram without flickering. This makes
the setting of the recording level easier
and makes the picture on the electronic
eye clearer.”

In view of the fact that level meters
appear to be omnipresent features of
tape recorders nowadays, this may
sound as if we're “beating a dead
horse.” But since so many questions
relating to meters vs. eyes are received,
the above will at least establish the dif-
ference between the two.

Recording Transfer to Cassette

Q. I am considering a cassette tape
recorder. I like its simplicity so much
that I might like to go entirely to this
system. At present I own a 4-track,
reel-to-reel machine. I have a library
of tapes that are home made, as well
as commercial pre-recorded tapes, in
2-track mono and stereo, and 4-track
stereo. Can I transfer all or any of
these recordings to my cassette re-
corder? My present reel-to-reel ma-
chine has provision for feeding to an
external amplifier—James B. Foun-
tain, Yakima, Wash.

A. I see no problem in transferring
your recordings from open reel to cas-
sette. Simply connect the output of
your reel machine to the high-level in-
put of the cassette machine. Whether
the quality of the duplicate recording
will satisfy you depends on the quality
of your reel machine and on your per-
sonal standards. If your reel machine
is of high quality, then it will be the
more difficult for the cassette machine
to please you.

Preamp for Extra Gain

Q. I had been having trouble mak-
ing tape coples from tape recorder A
into tape recorder B. The manufac-
turer of machine B told me that the
output voltage of machine A was too
low for the input sensitivity of machine
B, and suggested I use a preamplifier.
I had on hand a G.E. preamplifier
UPX-003A and used this between the
two machines. I got a strong signal, but
the bass response was highly exagger-
ated. The G.E. preamp was originally
made for a magnetic cartridge, and I
am wondering if, therefore, this could
be the problem. Is there a preamp that
is equalized for a tape head?—John
Napoliello, Philadelphia, Pa.

A. In accordance with the RIAA
phono playback, standard, the G.E.
preamplifier supplies bass boost (about
20 dB) and treble cut (about 13.7 dB
at 10 kHz). If you know your way
around, you could eliminate the equa-
lization circuit by snipping a lead or
two, resulting in a straight amplifier.
Possibly, however, this will result in
excessive signal output from the pre-
amp, which would overload the input
stage of your tape recorder B (unless
the input goes directly into a gain con-
trol). Such excessive signal could be
dealt with either by introducing feed-
back in the preamp or by installing a
simple voltage divider at the output;
the former course would appear prefer-
able, for it would not only reduce sig-
nal but also distortion.

There are several preamps on the
market designed for a tape playback
head. Some of these have a switch
which enables you to use the preamp
for either a tape head or a magnetic
cartridge. In the tape-head position of
the switch, the unit supplies appreci-
ably more bass boost than in the phono
pickup position (and no treble cut).
However, if you still have your original
problem in mind, such a unit is not for
you because you are dealing with the
signal output of your tape electronics,
which requires no equalization, rather
than with the signal output direct from
your playback head, which does re-
quire equalization.

Stabilizer Flywheel

Q. Could you tell me what a stabi-
lizer flywheel is in a tape recorder.
Thomas Helfrich, Forty Fort, Pa.

A. Tt is a relatively heavy and large
disc mounted on the same shaft as the
capstan in order to impart great mo-
mentum to the capstan. This helps fil-
ter out the momentary deviations from
constant speed that we call wow and
flutter. &
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ESP Automatic Tape Reverse.
A special sensing circuit indi
cates the absence of any
recorded signal at the end of a
tape and automatically reverses
the tape direction within ten
seconds.

Positive Head Protection. An autd&—-‘
matic tape lifter protects heads from
wear during fast forward and reverse.

: o
Automatic Sentine! Shut-off. Wher
tape is not threaded, or end of ree’ is
reached, Automatic Sentinel Shut-off

Sony separates
the sound from the noise.

Noise-Reduction System. Another Sony
first! This exciusive Sony circuit reduces
the gain of the playback amplifier during
quiet passages of the recorded material
which is when background noise is most
predominant. This feature reduces the
noise level to inaudibility and at the same
time expands the dynamic range by 1C0%
Sony “SNR" provides noise-free playback of
all recorded tapes — automatically.

/

disconnects power to tape mechanism AT
without disconnecting power o pre-

amplifier.

1968 SUPERSCOPE, INC.

Three Motors. Two high-torque spooling
motors and a two-speed hysteresis syn
chronous capstan drive motor

Feather-Touch Push-Button Operation.
Relay-operated solenoid controls for all
tape-motion modes. Additional features
Three motors. Stereo headphone jack. Two
speeds. Two VU meters. No pressure pads.
Four-digit tape counter. Pause control
Seven-inch reel capacity. Vertical or hori-
zontal operation. Four-track stereophonic
and monophonic recording and playback.
And more

on-Magnetizing Record Head .
Head magnetization build-up
the most common cause of
tape hiss—is eliminated by an
exclusive Sony circuit which
prevents any transient surge of
bias current to the record head

Sony Model 666-D. Priced under $575.00.
For your free copy of our latest tape recorder
catalog, please write to Mr. Phillips, Sony/
Superscope, Inc., 8142 Vineland Avenue
Sun Valley, California 91352.

SUPERSCOPE m

You never heard it so good.
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EDWARD TATNALL CANBY

Approaches to the Modern

Elgar: Enigma Variations. Respighi: Feste
Romane. NBC Symphony Orch., Toscanini
(1951, 49).

RCA Victrola VICS 1344(e) electr. stereo
($2.50)

Some years ago in a New York
broadcast I played a 78 side from the
old Toscanini “Enigma Variations”
and observed that it was one of his
finest recordings and, one day, surely
would be reissued. Here it is (though
I am not entirely sure 1t is the same
performance — he often recorded his
favorite 1tems more than once). And it
1s good. So is the obverse, the noisy,
brilliant “Roman Festival,” third of the
three Roman portraits Respighi com-
posed over a dozen-year stretch.

The “Enigma Variations” are El-
gar’s masterpiece, a youthful work but
the best he ever did. Elgar was so
much of the Victorian era, his music
s0 emphatically British, that even his
best tends easily to go lush and senti-
mental. The over-ripeness is inherent
in these ‘“Variations” but can be avoid-
ed via a taut, disciplined performance
that also manages to preserve the
sweetness and honesty of the music.
Who but Toscanini could do that job
so well?

As for the festival at Rome, it is
admittedly more modern for its day
(1929) than many of us would have re-
membered it. The twentieth-century
intensity, the highly complex techno-
logical skill in orchestration, like a
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telephone switching office or the de-
sign of an automobile engine, is of our
century. But the basic language is still
Very Late Romantic, and far riper
than Elgar; it 1s an Italianate version
of Richard Strauss yet, oddly, not
warmer, as of the Italian tempera-
ment, but chillier. Respighi is a cold
fish, for all his calculated orchestral
brilliance.

RCA’s progress in recording over the
transition years from the old 78-rpm
wax process to tape and LP (with 45
rpm in between) was erratic to an ex-
tent the Company would surely like to
forget, and cannot. Here, in 1949 and
1951, we have some surprisingly good
sound, very well restored and given a
modestly helpful stereo spread to help
the effect on stereo machines. Only a
slightly deadish acoustic (the same old
Carnegie Hall but differently miked
than now) and a tendency to mild
high-volume distortion, notably in loud
string passages, mark the recordings as
a couple of decades old. The tonal
range is wide, from bass to treble, in-
struments are clean in mmpact and
cymbals sound like cymbals, not like
thuds—or broken glass. A bit of poor
transient response (compressor cir-
cuits?) mars the drum beats, which go
ker-thump. They often did in those
days.

Are these from 78-rpm masters?
Could be, in 1949. Tape? RCA isn’t
saying and so we have the nice privi-
lege of guessing on our own. Not easy
to tell. Whatever the original, the re-
stored sound is highly listenable and
Toscanint’s Carnegie Hall recordings
were his most relaxed and mellow per-
formances of the period.

Sound: C+

Performances: A —

John Cage—Variations 1V; Vol. Il. Assisted
by David Tudor.
Everest 3230 ($4.98)

Volume II! Did you, by chance, get
to hear Vol. I? This is more of the
same—much more.

Cage’s “Variations” are more literal
than the term usually implies; each of
them is its own large-scale chance-
performance or happening, a grandilo-
quently staged and carefully planned
montage of totally accidental sounds,
in all the jarring confusion that is
Modern Life. Radios blare, batches of
them; TV images and film clips flash
and flow in wild distortion, oddly
placed microphones pick up all sorts of
extraneous noises from the surround-
ings—a local bar, street traffic—and
snatches of tapes and recordings mix
into the general uproar.

It’s all in sonic stereo, if you can call
it that. Better say two-channel. Each
channel emits its flood of ear-splitting
sound-mix via a speaker set-up on a
“live” stage, one on each side. The
whole thing goes on—and on, and on,
for Cage isn’t going to let anybody off
easy, you may be sure. The captive
audience that submitted to “Variation
IV” in California must have been a col-
lective wreck at the (indeterminate)
end of this affair. We are lucky, may-
be. Only the sound element reaches
our pair of stereo speakers (via mikes
apparently set up in front of the stage
speaker systems) and it is conveniently
divvied up into nice, long LP sides—
four of them altogether. You’ll do well
if you can take five minutes at a sit-
ting but, of course, you should listen to
the whole. Vol. I and Vol. I1. Dare you
to try.

Vol. IT—just in case you thought
there had been some mistake—begins
with an extended spoken explanation
as to what the noise is all about, spaced
off on a separate band. The rest is
chaos-—deliberately. At the beginning
you hear a fearsome blast of assorted
static and distant bits of radio program
along with a sedate waltz on the piano.
From then on, through talks, shouts,
screams, squawks, bangs and what-
have-you, the din never lets up (ex-
cept for side changing) until the “end,”
which is signalized by a bawdy folk-

(Continued on page 58)

AUDIO « MARCH 1969



B-209B
Midrange Speaker

B-199A Bass Speaker

These

B-200Y
Treble Speaker Pair

> -'wm_' et -
B-207B Two-Way Coaxial Speaker

BOZAK loudspeakers
re-create
all music precisely

Just as a fine orchestra is composed of outstanding
musicians with fine instruments, so Bozak loudspeaker
systems are comprised of the finest component speakers
available in each sound range. Which is why Bozak
speaker systems are unsurpassed in their ability to
re-create music realistically.

The very same component speakers used in Bozak’s
Concert Grand — the ultimate in home loudspeaker
systems — are available individually for building into
existing furniture or even into walls.

For Bass with a sense of feel, there is the Bozak B-199A
with its variable density cone which has a 50% wool
content.

For Midrange with tones essential to the icentification
and timbre of sound, the B-209B is unique in both
design and construction. A patented laminated
neoprene-and-aluminum diaphragm eliminates the

coloration usually associated with the “break-up” of
speaker cones.

For Treble with sweetness and warmth, the Bozak
B-200Y uses an aluminum diaphragm nested in a bed of
rubber which prevents spurious peaks and ringing, and
assures smooth, broad response.

A Basic System complete in itself is the Bozak B-207B
coaxial two-way loudspeaker which combines a B-199A
bass speaker and a B-200Y treble speaker on a single
mounting frame. It need only be installed in one of the
Bozak fine furniture enclosures shown below, an
existing cabinet or a wall to become the foundation
from which a larger, more complete speaker system can
“grow” by the addition of components in logical steps
in the future.

Complete descriptions of these Bozak component
speakers, panel-mounted speaker systems and complete
systems in fine furniture enclosures are included in our
catalog. It's free.

®
W Box 1166, Darien, Connecticut 06820

Check No. 17 on Reader Service Card
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EDITOR’S
REVIEW

The Power Output Race

An industry furor is churning over an audio
power amplifier rating used by a few major manu-
facturers of high fidelity components. Called IHF
+1 dB, it stands alongside existing power rating
standards—RMS power, IHF power, EIA power
—to befuddle buyers, together with per channel
power, total power, and peak power versions of
each, not to mention different output powers with
four- or eight-ohm impedances.

The Institute of High Fidelity, which developed
a method of measuring power output of audio am-
plifiers (IHF Standard IHF-A-201), disavows the
practice of using the IHF standard with a quali-
fying phrase that is not part of its power-rating
standard.

The newly used power rating (by some do-
mestic manufacturers who report its use by some
non-domestic manufacturers as the reason for em-
ploying it) means that a power amplifier, inte-
grated amplifier or receiver that would be rated
as, say, 100 watts IHF +1 dB, would meet its
spec even if it measured 79 watts. Further, it is
unlikely that, in the course of events, units will
really be off-the-shelf at the +1 dB mark. (This
would make the above example ring the bell at
126 watts.) In practice, the =1 dB figure would
probably degenerate to +0 dB, —1 dB. In addi-
tion,it is conceivable that a progression to a neb-
ulous “within 2 dB” could occur after a while,
meaning —2 dB. In this manner, an amplifier’s
IHF power rating need only be 62 watts to be in-
flated to 100 watts. And the race is on.
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In our view it’s the “numbers game” all over
again, which we regret. If more manufacturers
adopt the =1 dB tolerance, we fear that a confus-
ing situation (for most consumers) would be
worsened. Without a common standard, power-
rating figures would become meaningless, much as
speaker system measurements are (where manu-
facturers do not use the same ASA measuring
techniques, and where some speaker manufactur-
ers measure woofer resonance in free air, while
others determine it in the actual system).

To avoid spiraling of output power figures, we
do hope that all stereo component amplifier/re-
ceiver manufacturers will be persuaded to stick to
the IHF power-rating standard and/or the con-
tinuous power rating, unless another commonly
acceptable rating displaces them.

Radio Theatre in Stereo

Remember when radio drama enthralled so
many of us over-30 people? Well, take heart. TV
has not yet dealt the death blow. A radio drama
comeback is underway, using stereo recordings.
More than 150 non-commercial radio stations
across the country are expected to broadcast the
best productions of the Radio Drama Develop-
ment Project, which was backed by combined
government and private funds (1 year, $114,000).
Project Director Lyon Todd of Boston’s WGBH-
FM, states: “For sheer flexibility, radio drama in
stereo is unequalled, allowing shifts in time and
space and point of view which otherwise belong to
the imagination. . . .” We listened to the Project’s
sampler record album, Ten New Plays in Stereo,
which contains excerpts from plays that took top
honors in the script contest. We liked both the
sampler and the overall concept.

California FM

Two California FM broadcast stations netted
awards for 1968. The ‘“Maker of the Microphone”
Award for 1968 was presented to the KTBT
Radio-Telaudio Centre complex in Garden Grove,
Calif., for an outstanding contribution to the
world of sound. The award is presented annually
by Oliver Berliner, grandson of inventor Emile
Berliner, in whose name the trophy award is given.

The “101 Strings Award” given annually to one
FM station in the nation that is judged to have
outstanding programming was awarded to KBMS-
FM. The broadcast station is said to present good
music for adults. A.P.S.
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IOODWIND POWER

- - -

1 -
PHOTOGRAPH BY FRANZ EDSON

Words are inherently limited in stimulating of every instrument. With no loss of power.
the emotions aroused by music. This is especially so In the case of woodwinds, this meant a cartridge
in describing how high fidelity components perform. that could recreate the exact nuances that distinguish
With cartridges, for example, we speak of an oboe from an English horn. A clarinet from a
flat frequency response, high compliance, bass clarinet. A bassoon in its lower register from
low mass, stereo separation. Words like these a contrabassoon in its higher register.
enlighten the technically minded. But they do We call this achievement ‘“1009, woodwind power.”
little or nothing for those who seek When you play your records with an XV-15, you won’t be
only the sheer pleasure of listening. concerned with even that simple phrase.
We kept both aspects in mind when Instead, you’ll just feel and enjoy the renewed experience
develo%ingh the XhV-15 series of cartridggs.d | 4 of what high fidelity is really all about.
We made the technical measurements. And we listened. Ay o)
We listened especially for the ability of PICKERING n }
these cartridges to reproduce the entire range P @ i

y ims NEW PICKERING XV-15/750E.
. PREMIER MODEL OF THE XV-15 SERIES.TRACKS AT “2TO1GRAM.DYNAMIC COUPLING FACTOR OF 750 FOR
Check No. 19 on Reader Service Card USE IN FINEST TONEARMS, $60.00. OTHER XV-15 CARTRIDGES FROM $29.95. PICKERING & CO.,PLAINVIEW, L.1.,N.Y.



First of a

new breed This is what high performance is all about. A bold and beautiful new FM Stereo
Receiver bred to leave the others behind. 160 crisp, clean watts—power in
-from reserve. Up-front, ultra-now circuitry featuring Field-Effect Transistors and
microcircuitry. Front-panel, push-button command of main, remote, or mono
SherWOOd extension speakers and loudness contour. Sherwood high-fidelity—where the
action is—long on reliability with a three-year warranty.

Model S-8800a $399.50

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

Check No. 20 on Reader Service Card
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Five-Channel Stereo at Home

from ordinary stereo disc, tape, or broadcast

HEN we start to discuss five-
s N / channel stereo we first need
a definition of what we are
talking about. If we had to deal with
multi-channel communication sys-
tems in general (as an example,
telephony) the five channels would
have to be completely independent.
That means that each channel must
be able to transmit information
which is in no way related to and
influenced by the information car-
ried in the other channels. As an ex-
ample, channel 1 may have to trans-
mit a conversation while channel 2
may carry some kind of popular
music and so on. Nothing that hap-
pens in channels 2 to 5 should have
any influence on channel 1. The
light music on channel 2 must not
be heard together with the discus-
sion in channel 1, and vice versa.

In the case of a two- or more-
channel stereo system the conditions
are quite different. The stereo chan-
nels are never really independent—
they always have to represent dif-
ferent aspects or views of one single
event, and the purpose of the two is
only to reproduce one single sound
(which in itself may be a very com-
plicated signal, of course) more
faithfully than by a single channel.

Let us see what happens in a five-
channel stereo reproduction system.
Figure 1 shows the principle of such
a system. Five microphones M1 to
M5 are located in front of three
sound sources X, Y, and Z, which
are three instruments or singers.
(The use of five directional micro-
phones concentrated at one place
would not make an important dif-
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ference for the following discussion,
as important and interesting the dif-
ference may be for other problems.)
Each microphone has an amplifier,
Al to A5, and there are five respec-
tive loudspeakers L1 to L5. If every-
thing is right we do have five-chan-
nel stereo reproduction in the sec-
ond room. It is of no importance for
our problem whether we have an ac-
tual live reproduction or any kind of
recording on tape or film or a radio
transmitter between the micro-
phones and the speakers provided
they do not introduce any interfer-
ing distortion which will affect our
problem.

Now let’s analyze what happens
with the microphones and loud-
speakers when the three instruments
X, Y, and Z are played. Instrument

Fig. 1. Diagrammatical representation of
the author's five-channel stereo system.

SOUND SOURCES
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X is closest to microphone M2, more
distant from microphone M1 and
M3 and even further away from M4
and M5. If we ignore all secondary
effects, such as reflected sound and
so on, microphone M2 will receive
the loudest sound, M1 and M3
something less, M4 still less and Mb
only a small amount of sound. If all
microphones, amplifiers, and speak-
ers are identical, the sound repro-
duced by the loudspeakers will have
a similar distribution. Figure 2
shows the sound-intensity distribu-
tion of the five loudspeakers.

The black bars represent the vol-
umes of the five speakers, the dotted
line the sound distribution some dis-
tance in front of the speakers where
the sounds of the five speakers form
a smooth distribution pattern.

The exact shape of the distribu-
tion curve depends on the distance
of the sound source and its sound
radiation pattern, but the curve in
Fig. 2A is representative for usual
cases.

The sound distribution of instru-
ment Y is quite different. It is
shown at B in Fig. 2, and the one
for instrument Z at C.

If all three instruments are played
at the same time we will have a com-
bined sound distribution as shown
in Fig. 3.

The listening effect if we sit at a
certain distance in front of the
speakers is that we hear instrument
X from half left, instrument Y from
the right and instrument Z from the
center. That is what we call stereo-
phonic reproduction.
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SOUND INTENSITY

A five-channel stereo system has
some important advantages compar-
ed with a two-channel system. That
point will be discussed later.

A five-channel stereo system with
five microphones, five amplifiers, and
five speakers can be built at home,
but our sub-title claims that it can
be done with any ordinary stereo
source, such as discs, tapes, and
broadcasts, all of which have only
two channels.

Impossible? Let’s investigate the
problem without prejudice.

What we need is some kind of a
black box with two inputs for sources
1 and 2 and five outputs whose re-
spective powers or volumes are simi-
lar to those in Fig. 1. (See Fig. 4)
That must be the case for any pos-
sible sound distribution in Fig. 1, as
an example for any of the three in-
struments X, Y, and Z separately or
combined as in Figs. 2 and 3.

To understand the proposed new
system it may be necessary to re-
peat some mathematical rules. These

Fig. 2. A, B, and C show the sound inten-
sity distribution from the five loudspeak-
ers for the three separate source points.
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perhaps new and unusual applica-
tions form the basic background of
the solution to be given later.

We all know what a sine curve is.
The graphical representation is
shown in Fig. 5 as a full line.

On the X-axis we may have the
time, an angle, a distance, or any-
thing else. The Y-axis usually rep-
resents the value of another quantity
which is a function of the former.
The most common application is the
representation of a voltage or a cur-
rent distribution along an antenna.

Figure 5 also shows a dotted line.
It is a cosine curve which in fact is
nothing else than another sine-curve
which is displaced on the X-axis by
one quarter. This displacement is
often and for many applications
called the phase angle.

For our problem we need only the
first part of the diagram. It is re-
peated at A in Fig. 6. But now we
need another trigonometric law,
which states that the sum of two

Fig. 3. Combined sound distribution pat-
terns for the five loudspeakers.

Fig. 4. The “black-box” concept from the
two-channel input to the five-channel
output.

Fig. 5. Sine and cosine curves used to de-
velop the theory of five-channel stereo.
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sine-functions (of the same wave-
length) is again a sine-function.
That means that if we add the thin
full line (sine) at A in Fig. 6 to the
dotted (cosine) curve we will get
another sine-curve. This sum-curve
is shown as a heavy full line. Now
there is something very interesting:
the peak of the sum-curve occurs at
a point where neither the sine-curve
nor the cosine-curve has a peak.

The sum of two sine-curves of the
same wavelength is always a new
sine-curve whether the two original
sine-curves are of the same or of
different heights and whatever will
be their respective displacement on
the X-axis. As we are only interested
in the sum of a cosine and a sine-
curve the displacement on the X-axis
will always be the same in our fol-
lowing discussion, but we want to
know what happens to the sum-
curve when the peak amplitudes of
our sine- and cosine-curves are dif-
ferent.

In Fig. 6B, the cosine-curve has a
maximum amplitude, say 100 per
cent, the sine curve is absent, or 0
per cent. The sum-curve consequent-
ly is identical with the cosine-curve.
In C, we find a somewhat smaller
cosine-amplitude (92 per cent) and a
small sine-amplitude (38 per cent).
The resulting sum-curve now has a
peak of the same height as at B but
the peak is displaced somewhat to
the right. In D, both the cosine- and
the sine-curves are of the same
height of 71 per cent and the peak
of the sum-curve has again the same
height (100 per cent) but is shifted
to the center of the figure. At E, the
amplitude of the cosine-curve is still
smaller (38 per cent) and the one of
the sine-curve higher (92 per cent).
The peak is shifted to exactly three
quarters and finally at F, there is
only a sine-curve of 100 per cent and
consequently the sum-curve is iden-
tical with the sine-curve and has
the peak at the very right.

Remember: We have only two
well defined geometrical lines, a co-
sine-curve and a sine-curve with
their peaks invariably at the extreme
left and right respectively. By vary-
ing only the relative amplitude of
both of these lines and adding them,
we receive a sum-line with a sine-
shape whose peak is always the
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Fig. 6. Continuing the development of the
sine-cosine theory, where the summation
is shown at A, with the remaining figures
showing the sound distribution over the

separate speakers.

same but is shifted from the extreme
left to the extreme right through all
the intermediate positions.

1) We interpret what we called
the cosine-curve (dotted line in the

Now what have all these mathe-
matical things to do with five-chan-
nel stereo? We need only apply our
theoretical and seemingly pure
mathematical knowledge to the field
of sound reproduction:

the position of each is represented
by thin vertical lines in Fig. 6.

4) Feed the five speakers in ac-
cordance with the cosine- and sine-
curves. That is: Speaker 1 (the first
from left) will be fed with the full
signal of the left channel only.
Speaker 2 (second from left) is fed
with only 92 per cent of the left sig-
nal plus 38 per cent of the signal of
the right channel. Speaker 3 (in the
middle) will receive 71 per cent from
the left and 71 per cent from the
right channel. Speaker 4 (second
from right) is rated at 38 per cent
of the left and 92 per cent of the
right-channel signal. Speaker 5 (first
from right) receives the full right-
channel signal.

The simplest way to realize such
a voltage distribution of the signals
of the two amplifiers would be to
have output transformers with the
necessary taps, but as no such out-
put transformers are available we
have to use separate transformers as
shown in Fig. 7.

Separate transformers are also
needed with solid-state amplifiers
which have no output transformers
at all. Auto-transformers may be
used to simplify the installation.
These transformers must have very
low primary and secondary imped-
ances and thus need only few turns
but they must be of good quality to
give truly hi-fi reproduction.

If the taps of the two output trans-
formers are determined correctly, we
will have a sound distribution in

Fig. 7. Concept of

& g % & using transformers
o g g = to obtain the de-
§ = éég sired output volt-
< ' f 1 “g wa< ages from two am-

A A A A A plifiers to feed five

diagrams) as the left channel, the
sine-curves (thin full lines) as the
right channel of our sound system.

2) Identify the basic width of
the six parts of Fig. 6 with the geo-
metrical basis of our loudspeaker
system. That means the horizontal
basic lines of the diagrams shall rep-
resent the length of the wall in our
room where the stereo speakers have
to be placed.

3) Place five similar speakers
equally distanced along that wall,
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speakers.

front of the five speakers which is
for the left channel more or less sim-
ilar to the cosine distribution in Fig.
6 and with the sine distribution of
the same figures for the right chan-
nel.

If now some signal appears only
in the left channel (which will only
be the case with a source close to
microphone 1 in Fig. 1) the left out-
put transformer only has voltage.
Then speaker 1 gets the full voltage,
speaker 2, only 92 per cent, speaker
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0° 22.5° 45° 67.5° 90°

Fig. 8. Chart used to determine relative
inputs for the five speakers.

3, 71 per cent, speaker 4, 38 per cent
and speaker 5, no voltage at all. The
sound source seems to be at the left.

If the left channel still carries
most of a certain signal, but the
right one has also a small amount,
as is the case for instrument X (see
Fig. 3) than the voltages of the two
output transformers are similar to C
in Fig. 6, and the sum of the two
voltages is the highest for speaker 2,
it will be the loudest.

The determination of the correct
taps of the output transformers is
quite easy: they should follow as
closely as possible cosine and the
sine-curves as shown in Fig. 8.

If we have five equally distributed
speakers, they correspond with the
angles 0, 2214, 45, 6714, and 90 deg.
in a trigonometric table and the ap-
propriate figures are those in the fol-
lowing table:

Angle Cosine Sine
0° 1.000 0.000
22w 0.924  0.383
45° 1 0.707 0707
 67%e 0.383 0.924
- 90° 0.000  1.000

If as an example the secondary of
the transformer has 100 turns there
should be taps at 38, 71, and 92
turns.

As clearly follows from the ex-
planations given, it would be wrong
to choose equally distributed taps.
Such a distribution would not rep-
resent a sine-curve but a straight
line and the sum of two straight
lines will never have a peak between
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TABLE |
Output Voltage Speaker Power
Elett ERight Py Py P3 P4 Ps
1 0  1.00 0.85  0.50 014 0
0.92 0.38 085  1.00 0.85 050  0.14
071 071 050 0.85 1.00 0.85 0.50
0.38 092  0.14 0.50 0.85 1.00  0.85
0 10 0.14 0.50 0.85 1.00
Er |
NN TN e
U LN 1] LA
l /
A B C D E

Fig. 9. The power curves show greater peaks than were present in the voltage curves.

the two extreme ends. The voltage
distribution must follow as closely
as possible the trigonometric func-
tions. However, that does not mean
that we have to deal with half or
quarter turns.

The given figures for the taps re-
sult in corresponding voltages and
until now we only talked about volt-
ages. But it is the acoustic power
which is really interesting. And here
again a mathematical law improves
what we already have found.

The electric power is

P =EI
E
I = R
E2
P R
where P = power (watts), E = volt-
age, I = current, and R = resis-
tance.

For the present investigation we
do not need to bother about the
power factor, cos y. We can forget
the efficiency of the speakers and as-
sume that the resistance of the
speakers is independent of the fre-
quency, and to simplify it even more
assume the speaker resistance to be
1 ohm. These simplifications are jus-
tified because we are not dealing
with the behavior of our equipment
for different frequencies; all we need
is the relative power for the five
speakers which, of course, must be
similar.

The simplified formulas for the
power of the five speakers are:
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Speaker 1: P, =E?
Speaker 2: P, =(0.92 E;, +0.38 ER)?
Speaker 3: P3; =(0.71 E1.+0.71 Eg)?
Speaker 4: Py = (0.38 E1, +0.92 ER)?
Speaker 5: P; =Eg?

The above table contains, as a re-
sult of the above formulas, the rela-
tive power for some different output
voltages of the two amplifiers.

In Fig. 6, the sum line represents
the voltage for the five speakers in
the five different cases. The appro-
priate powers are shown in Fig. 9.

Fig. 10. Normal stereo listening areas (A),
as compared to the five-channel arrange-
ment, (B).
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Note that the peaks are much
more accentuated, and the slopes
steeper. That is, of course, an ad-
vantage.

If we now compare Fig. 9 with
Fig. 2, we must admit that we have
a very close approach to the system
with five complete and independent
channels in spite of the fact that we
here have only a two-channel stereo
sound source such as a stereo broad-
cast, or a stereo disc or tape.

What is the advantage of such a
five-channel system compared with
the ordinary stereo system with two
speakers? It is well known that a
two-speaker system has a very seri-
ous drawback: The listening area is
restricted as shown in the well-
known diagram of Fig. 10A.

Outside the listening area one of
the speakers is so predominant that
the stereo effect is completely lost.
It is obvious that these conditions
are far from ideal and make stereo
listening in many cases difficult and
troublesome.

With the five-channel stereo sys-
tem, the listening area is extended,
and there is only the small area
close to each speaker, which gives a
wrong impression and is not usable.

The listener is free to move almost
anywhere within the room and more
listeners can be placed to hear ster-
eophonic sound correctly.

The five-channel system also
makes it possible to extend the angle
of the two extreme speakers viewed
from the listener. There will never
be a “hole in the middle.” Of course
the principle explained above is not
restricted to five channels, it is ap-
plicable to any number of speakers
and channels. The only difference is
the number and appropriate calcula-
tion of the taps of the transformers.
For a three-channel system, taps and
speakers 2 and 4 have to be omitted.

The system can be tested readily
with minimal cost by using two in-
expensive home-made transformers
and five identical, inexpensive speak-
ers. That may not bring high-fidelity
into the room, but it is sufficient to
demonstrate the improved stereo ef-
fect and the extended listening area
produced by a five-channel system.

A
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the inside story of Willi Studer

The Revox A77 is Willi Studer’'s brain child . . .born  To know the detailed inside story on Willi Studer’s

from years of experience designing magnetic Revox A77 read the fully descriptive story from
recording equipment for the broadcasting and Revox Corporation 212 Mineola Avenue
recording industries. This is a great machine that Roslyn Heights N.Y. 11577

comfortably outperforms recorders costing Telephone (516) 484-4650

even three times as much. Audio Magazine reported

“the flattest machine we have ever tested.”

We've shown you the inside, too often overlooked.

Let your Dealer show you the elegant styling In Canada contact

and fine finish. Priced from $499.00 at leading Tri-tel Associates Ltd Toronto Canada

high fidelity specialists.

Check No. 25 on Reader Service Card
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Layman’s Guide (o

Amplifier and
Receiver Specifications

IN LAST MONTH’S issue, we covered
IHF specification requirements for FM
tuners—both mono and stereo—and we
learned that there are fourteen speci-
fications which must be given when
complete specifications are to be pub-
lished. Amplifiers are similarly covered
by the requirements of the IHF. Five
basic specs are required for a mini-
mum and ten for a complete job on
mono units, while five basics and twelve
additional specs are required for a
complete listing.

Since a receiver consists of a tuner
and an amplifier combined, the reader
is cautioned to look for a total of
twenty-six types of specifications when
he begins to compare receivers. He will,
therefore, look in last month’s issue for
the tuner-section specs for a receiver,
and in this article we will give those
applying to amplifiers, and to the am-
plifier section of receivers. Specifica-
tions for AM tuners or tuner sections
are much simpler, and will be covered
in a future issue.

Amplifier Specifications
Continuous Output and Distortion
(rms Output. at Rated Distortion).
Since an amplifier’s prime function is
to take minute electrical signals and
amplify them until they are capable of
pumping energy into a loudspeaker,
the most basic specification that can be
applied to this component is its maxi-
mum power-output capability. Akin to
the “horsepower” rating of an automo-
bile, this spec is also accompanied with
ambiguities and misconceptions. For
one thing, to say that an amplifier has
a maximum power output capability of
30 watts (or 30 watts per channel in
the case of stereo) is almost meaning-
less unless one states several other
conditions. How badly is the signal dis-
torted when producing the stated
power? At what frequency is the power
being produced (amplifiers generally
have an easier time putting out power
at mid-frequencies)? Lastly, is the
power being pumped out continuously,
or in spurts?

To standardize the specification, IHF
standards require that the frequency
be 1000 Hz, that the distortion be
specified (and thereafter called “rated
distortion”) and that the power be
continuously generated. Thus, the spe-
cification given by a manufacturer may
read: “30 watts per channel at less
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than one per cent Total Harmonic
Distortion.”

The 1000-Hz signal is understood, as
is the fact that it is to be applied and
measured continuously rather than in-
termittently. Now, what makes this
spec a little difficult when one is com-
paring one amplifier with another is
the fact that the manufacturer has the
option of deciding what the “rated dis-
tortion” shall be. Thus, a more con-
servative manufacturer may rate his
amplifier as having a power-output
capability of 30 watts at 0.3 per cent
distortion while a less conservative one
may rate his as 30 watts at 1.0 per
cent distortion. Obviously, the former
unit is the better of the two—at least
in power rating. It should be noted
that in the case of a stereo amplifier,
both channels are to be driven to full
power output, while one is measured.
This is a more stringent test than if
only one were driven and measured be-
cause the requirements on power sup-
ply and the rest of the circuits are
more demanding when both channels
are working.

While many manufacturers state
rated continuous power and distortion
as a pair of numbers, a really thorough
presentation (and one mentioned by
IHF) involves a graph which not only
shows distortion at rated power, but
distortion at low listening levels and at
power somewhat higher than rated.
This is the technique AUDIO uses, as
shown in Fig. 1. Note that in this il-
lustration, rated power is 19.5 watts at
0.5 per cent distortion, but that at more
usual listening levels (say, 1 watt aver-
age), the distortion is less than 0.1 per
cent. Some solid-state amplifiers ex-
hibit a rising distortion at lower power
due to crossover or notch distortion in
the output stage. Without this graphic
presentation, you would never know it.
Dynamic Power Rating ( Music-Power
Rating). On the theory that music is
not a monotonous, continuous tone but
rather a series of dynamically chang-
ing tonal complexes, many amplifiers
are able to produce somewhat more
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Fig. 1 — Typical
poweroutput vs.
Total Harmonic
Distortion curve
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power output with music than they can
when subjected to a constant-tone in-
put. This is because the power supplies
have less of a tendency to “collapse”
when short bursts of power are de-
manded of the amplifier.

In theory, if power supplies were
perfect (such that one could draw un-
limited current from them with no
decrease in the available voltage), con-
tinuous power rating and “dynamic”
or “music-power” rating would be one
and the same thing. In most cases, this
is not true. Accordingly, two methods
have been developed to approximate
“musical” conditions. The simplest in-
volves the use of an extermal power
supply, fully regulated, to act as a sub-
stitute for the built-in power supply
of the amplifier. This approach pre-
sumes that the internal power supply
would not have time to change signifi-
cantly when subjected to short pulses
of high-power output characteristic of
musical programming. With a fully
regulated external supply, measure-
ments are made in exactly the same
manner as for continuous power—but
the results will usually be a higher
power output.

An alternative method involves the
use of very special equipment which
actually sends through audio pulses
of 10 to 20 milliseconds. These are
supposed to approximate musical con-
ditions and to facilitate making
measurements of distortion and power
output. Theoretically, the results
should be the same as with the use
of an external controlled power sup-
ply, or very nearly the same.

Our own view is to emphasize the
continuous power rating of an ampli-
fier, rather than the dynamic power.
In specifying the “dynamic” or music
power, however, we are able to get at
one piece of information—if only in-
directly. The closer the “dynamic”
power rating is to the continuous
power rating, the more rugged the
built-in power supply is likely to be—
and that is worth knowing about.

(Continued on page 28)

THD & IM - one channel
8-ohm load, both
channels driven
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The great hall of the
Hammond Museum.
This room is the loca-
tion of the organ
played by Richard
Eisasser on Nonesuch
H-71200 (“'Yankee
Organ Music”’) and
H-71210 (Organ
Symphony No 5 by
Charles-Marie Widor)

AK?)a speaker systems were designed for
home music reproduction. Nonesuch Records
uses them as monitors at recording sessions.

The AR-3a speaker system is priced from §225 to $250, depending on finish

ACOUSTIC RESEARCH, INC 24 Thorndike Street, Cambridge, Mass 02141
Overseas Inquiries: Write to AR International at above address.
Check No. 27 on Reader Service Card
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Nonesuch Records recently
recorded several volumes
of organ music played by
Richard Elsasser at the
historic Hammond Museum
near Gloucester, Massa-
chusetts. To make the
recording, Marc Aubort of
Elite Recordings, engineér-
ing and musical supervisor,
used Schoeps microphones,
and Ampex 351 recorder,
Dolby A301 Audio Noise
Reduction apparatus, and
several pieces of equipment
which were custom made.
To monitor the input signal
and to play back the master
tape, Aubort used an AR
amplifier and 2 AR-3a
speaker systems.
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Another specification being used by
some manufacturers is IHF Power
+1 dB. This rating puffs up the IHF
Power figure by about 26 per cent.
Thus, a receiver that could deliver 79
watts IHF power could be rated at 100
watts IHF Power =1 dB.

The “appliance” manufacturers, on
the other hand, have their own set of
power ratings. Following the standards
set down by the EIA (Electronic In-
dustries Association), which are en-
tirely different than those of the IHF
(Institute of High Fidelity), power is
measured with a standard frequency
of 1000 Hz at 5 per cent distortion.
Naturally, by driving the amplifier up
to such a high order of distortion, this
“Music Power Output” rating for
“packaged” equipment gives a much
higher power value than that reached
when using the IHF tests. Further-
more, this rating is generally doubled,
and called “Peak Power.”

One final thought on power and
power ratings, in the light of today’s
solid-state amplifiers. These amplifiers,
unlike their tube-type predecessors, put
out their greatest power when feeding
a speaker load of four ohms. Most
good loudspeakers intended for high-
fidelity use have nominal impedances
of eight or even sixteen ohms. When
driving such speakers, the power capa-
bility will be less than the manufac-
turer has specified for four-ohm opera-
tion. How much less? There’s no hard
and fast rule—but in our Aupio lab
measurements we always use an eight-
ohm load to ascertain maximum power
output — since it’s more realistic in
terms of actual use by the consumer.
Power Bandwidth. Demands for high
power are made upon an amplifier not
so much at mid-frequencies, but rather
at low bass frequencies. Think of the
power generated by a low organ tone
—you almost “feel” the vibration in
addition to hearing it! For this reason,
it is important to know the range of
frequencies over which the amplifier
can produce its “rated” power (and
here we’re speaking of continuous
power). Power bandwidth is defined as
the range of frequencies (from lowest
to highest) over which the amplifier
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is capable of producing at least one
half its rated power at its rated dis-
tortion. Ordinarily, this “half-power”
element in the definition might be
thought of as a severe compromise, but
actually, “half power” represents a de-
crease of 3 dB, which is not a very
great audible difference at all. A typi-
cal power-bandwidth curve is shown
in Fig. 2, in which the defined ex-
tremes are seen to fall at 20 and
50,000 Hz.

Sensitivity. This specification serves
as more of an aid to the consumer
attempting to match up a set of com-
ponents than as a figure of merit (or
demerit.) If the preamplifier (phono)
section of an amplifier has a rated sen-
sitivity of 5 millivolts input (to pro-
duce rated output), one would not
purchase a phono cartridge having an
output of only 2 millivolts, for such a
cartridge would prevent the user from
ever getting full available power from
the amplifier. In other words, sensitiv-
ity merely tells you how much signal
voltage you have to feed into the low-
and high-level inputs of an amplifier to
produce full output.

Hum and Noise. Hum and noise may
really be thought of as other forms of
“distortion,” if we define distortion as
any sound which was not present in
the original program. In this case,
however, the source of the ‘“distortion”
is the amplifier itself —hum being
caused by output signals related in fre-
quency to the power-line frequency
(60 Hz, 120 Hz, and so on) and noise
being a product of the active and pas-
sive components of the amplifier itself
(tubes, transistors, resistors, and so
on). Hum and noise are measured as
so many dB below rated output, but in
the IHF standards an additional psy-
choacoustic phenomenon is brought to
bear in the specification. Since human
hearing is less sensitive to very low and
very high tones than it is to mid-range
frequencies, a weighting factor is in-
troduced in the measurement. Thus, if
you see a reference to “C” weighting
in a hum-and-noise spec, this simply
means that hum-and-noise frequencies
below 20 Hz and above 10 kHz are ef-
fectively discounted from the overall

measurement since they do not con-
tribute materially to the sensation of
audible hum and noise.

As a guide, high-gain phono and
tape-head inputs in high fidelity equip-
ment will have hum-and-noise figures
anywhere from 50 to about 70 dB be-
low full output, while high-level inputs
such as tuner, aux, and tape recorder
will generally be better, having a hum-
and-noise figure of anywhere from 75
to 90 or 100 dB below rated output.
Frequency Response. This specifica-
tion is somewhat of a misnomer. It
really should be called amplitude re-
sponse for varying frequencies. Ideally,
every frequency applied to an ampli-
fier should be amplified by the same
amount, providing the tone controls are
set to their “flat” or uniform-response
positions. The deviation from flat re-
sponse over the useful frequency range
is stated in “plus or minus” (written
+) dB. Frequency response is most
easily represented by a graph, as shown
in Fig. 3, and while the IHF requires
that the frequency range measured be
only from 20 Hz to 20,000 Hz, many
manufacturers feel that a wider range
is of some significance and it is not
unusual to see specifications justifiably
claiming response from 10 Hz to
100,000 Hz, = 1 dB.

Major peaks or dips in the response
are, of course, more serious if they oc-
cur in the 20-20,000 Hz range than if
they occur outside the audible range—
all of which makes the graph a bit
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Fig. 3—Tone-control limits, together with

the overall frequency response—the center

line—with the controls in the “flat” posi-

tion. The dotted line shows the effect of

the loudness/contour control, and filter

responses are often plotted on the same
graph.

more meaningful than the mere state-
ment of response. This same graph
(Fig. 3) lends itself to a simultaneous
presentation of tone-control action and
it is the practice of AUDIO, in its re-
views, to show maximum boost and at-
tenuation characteristics of both the
bass and treble controls on the same
plot with frequency response. It is un-
derstood that all intermediate positions
between the extremes are attainable by
means of the tone controls. In some
instances, loudness/contour response is
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OUR NEWEST PREAMPLIFIER

The transistorized PAT-4 is almost two years
old and we still can't fill the demand.

Our newest preamplifier doesn’t replace our
earlier ones, so you can now have Dynaco per-
formance with either tubes or transistors. Our
mono preamp is still selling after 12 years,
and the unbeatable PAS stereo series is going
strong after 10.

This unprecedented longevity is explained
by Dynaco's unswerving devotion to perform-

ance, reliability and unmatched low cost. The

PAT-4 is only $89.95 as a kit and $129.95
factory-assembled. At one-third the cost of
other units, such consummate value just natu-
rally gets around.

Dynaco introduces new products only when
they fill a real need. They never render previous
models obsolete.

We can’t promise that the transistorized
PAT-4 will still be our newest preamplifier 10
years from now.

But we do know it won't be out of date.

DYNACO, INC., 3060 JEFFERSON ST., PHILA., PA. 19121
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also shown—in this case as a dotted
line. Filter response is shown where
applicable.

Maximum Input Signal. This specifi-
cation, like the sensitivity spec already
discussed, serves as an aid to the pros-
pective purchaser in matching his vari-
ous components. While the main vol-
ume or level control in an amplifier
can always be used to reduce the
power output to distortion-free levels,
its relative position in the amplifier
circuit is usually beyond the first low-
level stages of the circuit. These low-
level stages, therefore, might well be
overloaded to the point of severe dis-
tortion if fed with too great an input
signal and there would be no way of
attenuating these input signals.

As an example, suppose you have a
tape deck whose preamplifier, during
playback, puts out 2 volts. Suppose,
too, that the high-level tape input of
your proposed amplifier will accept
voltages only up to 1.5 volts before be-
coming distorted significantly. These
two products would definitely not be
“meant for each other.” In providing
maximum input levels allowable, the
manufacturer wishing to tell the whole
story should give maxima for each low-
and high-level input, since often they
will be different from input to input.
Stability. It is common practice today
to run long lines of speaker cables to
auxiliary sets of speakers in other
rooms, often hundreds of feet away
from the amplifier. Such long cables
look like sizable capacitors at times,
and the presence of a capacitive load
on the speaker terminals of some am-
plifiers may cause instability in the
form of super-audible oscillations which
could damage speaker and/or ampli-
fier. Further, electrostatic speakers pre-
sent a large capacitive load to an am-
plifier. In addition, certain complex
multiple-speaker crossover networks
(to feed correct bands of tones to
woofer, mid-range, and tweeter ele-
ments) may present inductive loads to
amplifiers which can also cause forms
of instability or oscillation.

A series of rigorous tests has been
developed and prescribed by IHF to
determine an amplifier’s stability. If
you find the statement about an ampli-
fier that it is “unconditionally stable,”
chances are no amount of unusual load-
ing will cause any problem. If an am-
plifier does reach instability with some
unusual load condition, the manufac-
turer is supposed to state that condi-
tion. Few manufacturers have bothered
too much about this spec, because most
amplifiers built today are quite stable
and generally will not osciliate under
any condition.

Input Impedance. This specification is
another one of the “matching” specs
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designed to assist you in selecting your
equipment initially. As a general rule,
all you have to remember about it is
that if product “A” is to feed its signal
to product “B,” the input impedance
of product “B” should be equal to or
greater than the output impedance of
product “A” if no undue ‘“loading” or
deterioration of either signal amplitude
or frequency response is to take place.
Exceptions include cartridges and loud-
speakers. In the case of cartridges,
their recommended ‘“load impedance”
should, if possible, be exactly met by
the input impedance of the phono in-
put of the amplifier. In the case of
loudspeakers, their input impedance
must lie within the output load re-
quirements of the amplifier.

Damping Factor. This specification is
often confused with the load impedance
requirements of an amplifier because
it is said to be related to the ampli-
fier's own “output impedance.” Actu-
ally, it is merely a measure of the
amplifier’s own regulation, or ability to
maintain constant output voltage with
varying speaker loads connected. In
practical terms, some speaker manu-
facturers recommend minimum damp-
ing factors that should be used with
their speakers for best results. Others
leave this matter completely open. To-
day, the trend seems to be in favor of
higher damping factors (advantages
claimed are “tighter” sounding bass re-
sponse, less “muddiness” of low tones,
and so on, but we can remember when
amplifiers featuring ‘“variable damping
controls’” were in fashion, whereby the
user adjusted the damping factor to
suit his pleasure. Where fixed damping
is provided, if it is anything above 8 or
10 you're not likely to have any prob-
lems with damping factor.

Tracking Error. This specification ap-
plies to stereo amplifiers only and has
to do with the accuracy of “tracking”
of dual volume controls. Most stereo
amplifiers have a single knob for con-
trolling the volume of both channels
but, as you may have surmised, when
you turn this knob you’re really turn-
ing two volume controls mechanically
connected to each other. Obviously, if
you were to turn down the volume con-
trol, say, to the ‘““10-o’clock” position
and your left channel volume was sud-
denly 10 dB lower than the right vol-
ume, you’d be unhappy, to say the
least. Excellence of tracking of a pair
of mechanically coupled volume con-
trols takes individual selection by the
control manufacturer and that means a
more expensive dual volume control.
To rate tracking error it is necessary
to establish first an acceptable or rated
value. Suppose an error of 3 dB is con-
sidered by a given manufacturer to be
acceptable (that is, the maximum tol-

erable error is 3 dB less gain from
one channel than from the other). The
next thing that needs to be specified is
how far down you can rotate the con-
trol without exceeding that specified
error.

The lower the first figure and the
greater the second figure (in dB), the
less the tracking error. Thus, a control
having a tracking error of 2 dB down
to —60 dB is better than one having
an error of 3 dB down to —60 dB,
while in another comparison, a control
having a rated tracking error of 1 dB
to —70 dB is better than one having
an error of 3 dB to —70 dB.
Separation and Crosstalk. Applicable
only to stereo amplifiers, again, this
spec is almost completely analogous to
the separation spec discussed last
month in connection with stereo FM.
It is a measure of how much left-chan-
nel information appears at the right-
channel output and vice versa. As in
stereo FM, the greater the figure (ex-
pressed in dB), the better the separa-
tion characteristic of the amplifier.
Separation in a stereo amplifier may
be expected to be far superior to that
encountered in the stereo circuitry of
an FM tuner, with figures of 50 and
60 dB not at all uncommon. As is true
with stereo FM, however, separation
tends to deteriorate with amplifiers as
higher frequencies are applied.
Intermodulation Distortion (IM Dis-
tortion, or just plain IM). While IHF
discusses standard tests for measuring
IM distortion (a form of distortion
which results in the production of ex-
traneous signals which are the sum and
difference of two or more desired
tones), for some reason they have seen
fit to omit this specification as a re-
quired listing on the part of an ampli-
fier manufacturer. Surprisingly, most
amplifier manufacturers continue to
publish IM specifications anyway, for
they, like Aupio, deem it a rating of
paramount importance. Audio experts
have long believed that the presence of
a given amount of IM distortion can
be more offensive to the listener than
harmonic distortion which, after all,
has a harmonic relationship to the
fundamental desired tone.

Following the manufacturer’s lead,
AvupIo, therefore, always measures and
publishes a curve of IM distortion vs.
power output. For simplicity, this
curve is shown on the same graph as
THD, as in Fig. 1. While it appears to
be very similar to THD curve, no con-
stant relationship exists between har-
monic and intermodulation distortion
in an amplifier, for they arise from
completely different causes. For in-
stance, we have seen amplifiers in
which IM is actually lower than THD
at most power output levels. A
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$80 FOR A $250 SPEAKER?

Dynaco electronic components have gained
wide acceptance because people recognize that
Dynaco offers remarkable value —like the
quality of a $300 preamplifier for only $90.
And now we have a loudspeaker system of com-
parable value—the Dynaco A-25.

This new aperiodic loudspeaker system is
just $79.95, compact (20”x1115"x10" deep),
and particularly easy to drive. We call it aperi-
odic because the Dynaco A-25 is almost liter-
ally without resonance, thanks to an acoustic
impedance system which provides variable
volume action rather than the sealed acoustic
suspension box. The aperiodic design contri-
butes markedly improved low frequency

olynacao Iuc.

transient response, reduced Doppler effects,
and a substantial improvement in effective
coupling of the speaker to the ampilifier. The
A-25's ten-inch extended excursion woofer
crosses over at 1500 Hz to a new dome tweeter
with a five-step level control.

We suggest an appraisal at your Dynaco
dealer. When you hear a solo voice—one of the
most critical tests — the articulate naturalness
of this speaker will be apparent. When listening
to choral groups or orchestras, you will be
impressed by the feeling that this is a “big"’
speaker thanks to its outstanding dispersion.

Listen —and you will agree that the A-25
has all the qualities of a $250 speaker.

3060 JEFFERSON ST., PHILA., PA. 19121
CABLE ADDRESS: DYNACO PHILADELPHIA, USA

Check No. 31 on Reader Service Card
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Electronic Organs

NORMAN H. CROWHURST

PART 7 of a series. Vibrato, Tremolo, & Percussives

Acoustic Methods

IN THE oLD wind-blown home organ
that some of us remember from when
we were young, a form of tremolo was
achieved by a rotating vane in the out-
put from the organ’s sound box (Fig.
7-1). Nowadays a somewhat similar
means of achieving vibrato uses the
Leslie speaker.

The original idea behind the Leslie
speaker rotated the speaker, so that
sometimes it would be pointed toward
you, sometimes away from you. The
difference in time taken for the sound
to reach you resulted in a pitch change
due to Doppler effect. The Leslie
speaker simplifies this by keeping the
speaker still, but varying the path by
which the sound gets out into the
room, with a rotating vane structure
(Fig. 7-2).

Waurlitzer uses a mechanical method
in which the speaker is actually moved
(Fig. 7-3) to create an additional
vibrato (one that is added to sound
from stationary sources). As this small
speaker cannot handle the lower regis-
ters, an electrical tremolo is added to
continue an equivalent effect down to
these frequencies, with a smooth transi-
tion from one to the other.

Vibrato or Tremolo?

Before leaving this question of vi-
brato or tremolo, perhaps we should
discuss the distinguishability between
the two forms of modulation. Obvi-
ously, if you turn the gain up and down
slowly, or vary the frequency up and
down slowly (from a variable oscil-
lator) you will know the difference.

But when the change is faster, and
rhythmic, the comparison of electrical
outputs resembles the difference be-
tween amplitude and frequency modu-
lation. As mathematical analysis
shows, for a given modulation fre-
quency, each produces the same side-
bands of the carrier frequency, but in
different phase relations, which can be
seen best by vectors (Fig. 7-4).

Thus if a note of 261 Hz is being
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Fig. 7-1-The old acoustic tremolo used on home reed organs.

Fig. 7-2—The Baldwin-Leslie rotating mechanical-vibrato system
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Fig. 7-3—Rotating assembly on Wurlitzer “SpectraTone”

mechanical vibrato.

modulated at 2 Hz (vibrato or tremolo
frequency), the result will be a carrier
of 261 Hz, accompanied by “sidebands”
of 259 and 263 Hz. If the vibrato or
tremolo has a rate of 10 per second, the
sidebands would be 251 and 271 Hz. It
won’t sound like this, but it can be
analyzed this way, and thus the acous-
tic waves can be regarded as synthe-
sized of these three frequencies.

Now in the average living room,
these three frequencies will set up dif-
ferent standing wave patterns, and thus
the phase shifts will be different in dif-
ferent parts of the room. So, though an
organ may generate what electrically is
pure vibrato, the acoustic wave in the
room may be more like pure tremolo in
some places, or vice versa.

The point is, our hearing is accus-
tomed to listening to this kind of sound
and interpreting its instrumental
origin, not to determining which it is
at a particular spot, because in most
instances that is a function of environ-
ment, rather than the tone source. Be-
cause this is so, we are not as critical
of the difference between vibrato and
tremolo as one might expect.

Repeat Effects

From the simple vibrato-tremolo con-
cept, the next step, thinking in terms of
the electronics involved, is to provide
automatically modulations of similar
nature, such as repetitive playing to
simulate marimba, banjo, and other
musically repeated phrases.
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l Fig. 7-4-Vectors to show the different phase relationships between the same
steady-frequency components of amplitude modulation (tremolo) and fre-

quency or phase modulation (vibrato).

These are similar to vibrato and
tremolo in that they start with a gen-
erator that determines the repetition
rate. To get a more decisive repetition,
the waveform generated is of the multi-
vibrator—a square form—rather than
approximately sinusoidal.

These effects derive an advantage
from use of electronic keying, whether
it be by diodes or transistors. A voltage
applied to such a circuit will key the
tone, as long as the mechanical contact

is made by pressing the key for that
note. By a relatively simple circuit,
using the alternate outputs from the
multivibrator, different notes can be
keyed together or in opposition (Fig.
7-5).

Thus, for example, if notes C and E
are pressed together, they will play
alternately, like playing those notes on
a marimba with mallets held in oppo-
site hands. Or if notes C and G are
pressed together, they play simultane-

Fig. 7-5—A repeat generator that provides alternate automatic pulses to simulate ma-
rimba, banjo, etc. The waveforms shown are all associated with one output. The other
output would be spaced half-way between that of the ones shown.
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There’s more to

the new Marantz

speaker system
than meets the eye.

Today, Marantz once again expands its reputation for
audiophonic excellence with the introduction of a new

concept in speaker systems.

After years of experimentation, Marantz’
first two Imperial Speaker Systems are now
ready to be enjoyed by discriminating
connoisseurs.

Technically, both feature a three-way
design incorporating five speakers in an
enclosure only slightly larger than a stand-
ard book shelf speaker. Yet, the power and
quality of the sound they deliver are compa-
rable to theatre speaker systems not only
twice their size but many times their cost.
The sleek, contemporary Imperial | has a

(Lend an ear.)

smart, walnut cabinet with a hand-rubbed French lacquer
finish and is priced at $299.00. The elegant Imperial Il,

hand-crafted from selected hardwoods and
finished in distressed antique, features a
stunning hand-carved wood grille. It's yours
for $369.00. Both possess a beauty of
cabinetry equalled only by the beauty of
their sound.

When you hear, when you see these
magnificent speakers, only then can you
fully appreciate what goes into making a
Marantz a Marantz. Your local franchised
Marantz dealer will be pleased to furnish
you with complete details and a demonstra-
tion. Then let your ears make up your mind.

e o 0= 0 o2 = B o 0 & A
THE SOUND OF MUSIC AT ITS VERY BEST.

©MARANTZ CO. INC . 1969 MARANTZ IS A SUBSIDIARY OF SUPERSCOPE, INC. P.O. BOX 99C « SUN VALLEY, CALIFORNIA 91352 « SEND FOR FREE CATALOG.
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ously, as if those notes were played on
a marimba with mallets held in the
same hand.

Chords

At one time, before the advent of
diode or transistor keying, chord but-
tons operated the various notes con-
tained in the chord by a somewhat
complicated mechanical coupling, like
that in the bass end of a piano accor-
dion. But diode keying makes this
much simpler, so that it can be
achieved with only one contact for each
button, which also makes operation
more reliable.

Each contact energizes the necessary
notes through diodes arranged so that
any button or key that requires that
note to play applies the voltage needed,
without communicating it to all the
other notes that may at different times
be played with it.

For example (Fig. 7-6), when the
C key is played, it energizes only the C
diode. When the C-major button is
played, diodes pass energizing voltage
to C, E and G, without allowing it to
pass through to any other chord cir-
cuit. If the G-major chord button is
selected,’ the voltage is passed to G, B
and D, which is quite a different com-
bination. And if C minor is selected,
the diodes feed C, D% and G.

This construction allows inexpensive
diodes to replace multiple contacts
and coupling bars to any desired ex-
tent. Possibilities become virtually un-
limited.

Automatic Chord
and Bass Features

This whole idea is taken a step fur-
ther in the “automatic orchestra” fea-
ture incorporated in ‘some Lowrey
organs. Notes pressed on the lower
manual, when this feature is in use,
energize the whole range of those notes
(through all octaves) as a basic chord
for orchestration purposes, but the
voltage does not reach any of the key-
ing diodes yet.

Then the arpeggio keys, of which
there are four per octave, twelve in all,
each covering four notes (one overlap).
Each arpeggio key will play any of the
four notes within its range among those
held down on the lower manual, but
in the octave at which that particular
arpeggio key is located. In this way
the arpeggiokeys play the correct notes
to correspond with orchestrations of
that chord, merely by sweeping a finger
in “random” fashion over them. The
skill in playing is relegated to diodes,
so the player can easily avoid mistakes.

An additional feature is called the
chromatic keyboard. This is really an
extension of the upper manual in which
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Fig. 7-6—Using diodes for coupling notes
played by chord buttons.

the black notes are level with the white,
so a sweeping motion can perform a
chromatic “run” with the tip of the
middle finger.

For arpeggios, the requisite chord is
selected on the lower manual, with the
left hand, and held steadily, while the
right hand, or a finger of it, sweeps over
the arpeggio keys. Playing three arpeg-
gio keys together will make a three-
note chord that is always correct. Many
of the relatively difficult musical forms
are thus made extremely easy to exe-
cute with this combination fingering.

One of the inexpensive Hammond
organs, using electronic tone genera-
tion instead of the electromechanical
type used on the larger Hammonds,
employs another way of achieving
chord and bass effects. As in many
other chord organs, the left hand plays
chord buttons that select designated
chords by key, and by musical color—
major, minor, diminished, and so on.

Then to make the footwork easter,
the organ has only two bass pedals,
rather than the minimum of 13 on any
regular pedal organ (to get an octave
full of bass notes). These two pedals
automatically play the bass and coun-
terbass to suit the particular chord

selected with the left hand. The circuit-
selection mechanism is a little simpler
than the arrangement in the automatic-
orchestration feature of the Lowrey,
because each chord button also dirvectly
selects the two bass notes to be con-
nected to the bass pedals.

Before going into the more sophisti-
cated effects added to many of the
newer organs, such as drums and other
side effects, a recent addition to the
variety of methods for achieving vi-
brato and chorus effects deserves at-
tention, as follows:

Delay-Line Vibrato

Whether an organ uses electro-me-
chanical generators, master oscillators
with dividers, or individual oscillators
for each note, a problem that organ
designers have lived with for a long
time is that the easiest way to apply
vibrato is to apply it to the whole organ
output. All the notes in all their stops
are “warbled” together.

It would be much nicer if different
stops, or different manuals, could use
or not use vibrato at the same time,
and possibly if more than one vibrato
could be made available at the same
time. This suggestion is not to be con-
fused with the provision of more than
one vibrato, in the sense of changing
the speed of the same one.

Nor should this be confused with
the two ways of achieving vibrato used
by Waurlitzer or, in slightly more elab-
orate systems, by manufacturers who
employ electronic vibrato and a Leslie
speaker system. Although it is possi-
ble to use either of these so that some
parts of the music come through the
moving speaker and some through sta-
tionary speakers, it is not quite the
same.

This new approach uses phase vari-
ation, with a difference. The signal is
fed along a delay line, tapped at each
step, and with the taps brought out to
a scanner, which is driven mechani-
cally. It uses capacitive ‘‘contacts™ to
pick off the signal successively along
the line and back, and thus shifts phase
a few periods back and forth with each
rotation of the scanner (Fig. 7-7).

The newer Hammonds employ this
method. Instead of having a full set of
tone-wheel generators, one for every
note, they employ a master set of tone
wheels to generate only the top octave
by means of precision, silent-operating
gears, and then multivibrators divide
to get the lower octaves, as in organs
using the electronic master method.

By having two sets of rotating con-
tacts on the scanner, dual vibrato out-
put is available, which can be fed via
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IF THE CROWN CX822 IS JUST
ANOTHER TAPE RECORDER

- the Stradivarius is just another violin

The Crown CX822 has been opening eyes in testing
labs all over America. In early 1968, Audio magazine
put it to the test, and published its findings in the
April Equipment Report. Following are a few excerpts
from that report:

""The CXB822 is a serviceman's dream, considering the
unit’s inherent complexity.’’

]

T

"‘The Crown CX822 . . . is probably the finest tape
recorder that has been reviewed in these pages. In
addition to detivering phenomenal performance, it
incorporates numerous features and refinements that
place this machine in a class by itself."

"'Playing back first-generation transfers from original
masters, the sound produced through the Crown CX822
was peerless. When recording and playing back from
records and FM broadcasts, there was absolutely no
aural difference between the original and the copy at
15 ips. The same held true at 7% ips, though theory
says, there should have been.’’

"Tape threading is delightfully simple.””
""Editing facilities are great.’’

1

"“Construction appears to be rugged enough to with-
stand parachute drops.’’

1]

""We found the tape motion command system to be as
foolproof as Crown says it is, and could not beat the
computer by design or by accident.’’

“‘The new Crown CX822 is capable of providing the
most faithful reproduction of sound through the mag-
netic recording medium that we have observed to date.
And it does it in as foolproof and as easy a way
as we've seen.’’

T

<

Ghe Stradivarius of the Bape Industry

LT

To receive your copy of
the 4-page Audio test
report, check the reader
service card, or write:

£ ovrre International
Box 1000, Dept. A-3
Elkhart, Indiana 46514

[T
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Fig. 7-7—Delay line and scanner of the relatively new Hammond dual vibrato unit.

separate amplifiers to two sets of
speaker systems, which gives an ex-
aggerated vibrato effect, by employing
the stereo principle to get a spacial
shift as well as a time shift. Because
the pickup points are diametrically op-
posed, one output is fully advanced in
phase when the other is fully delayed,
and vice versa.

If the vibrato signal, applied to the
output from one manual, is combined
with unvibratoed signal from the other,
a much greater variety and body of
sound is possible than can be achieved
with organs where vibrato is applied
to the generators themselves, so that
the whole organ “wavers” together, or
not at all.

Percussive Electronics

These divide into musical and so-
called non-musical. Electronic imita-
tion of marimba, vibes, chimes, etc., is
musical. A sound resembling plucked
string bass, or other plucked strings
(pizzicato) is also musical. It has notes
in the scale, like any other instrument,
and melody or accompaniment can be
played with it.

The non-musical include drums—al-
though they have a resonant tone, they
are not usually identified with a partic-
ular note—blocks, triangle, cymbal and
brush, castanets, etc. Each of these has
a characteristic sound, which can be
developed electronically.

While much has been done to pro-
duce more sophisticated sounds of these
kinds, this is an area in which the field
is virtually wide open for improve-
ments.

Sound resembling marimba, vibes,
etc., may be produced by carefully con-
trolling the envelope of the tone gen-
erated. Where this is governed by key-
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ing the oscillator itself, the envelope
is controlled by the variation in supply
voltage to the oscillator.

In this case, the oscillator circuit
needs carefully designing, so it re-
sponds to varying voltage in a realistic
manner. Rising voltage and falling volt-
age should not cause the oscillator fre-
quency to go “off key.” Usually a ris-
ing voltage raises frequency a little, as
the tone grows in amplitude, while the
tone drops in frequency when the am-
plitude is falling, due to a drop in
supply voltage.

Only careful experimentation can
produce a circuit where the change in
frequency is acceptable under these

—Ifmmc SUPPLY BUS.
lKEY
LKEYING VOLTAGE

FOR INDIVIDUAL NOTE

T

Fig. 7-8—Keying for percussive sounds, with
simple “one-shot” playing.

circumstances. It should change a lit-
tle. Electronic circuits tend to change
too much for realistic effect.

Taking an alternative approach, it is
much easier to use the varying voltage
obtained from keying circuits, to con-
trol envelope from a square-wave in-
put waveform (obtained from an ap-
propriate place on the oscillator output,
or from multivibrator dividers) and
then to apply formant to get the requi-
site tone quality. But the absolutely
constant pitch that results is not quite
realistic, either. However, it may be
closer than easily obtainable by using
switching on the oscillator itself.

In an earlier installment, we men-

tioned the addition of initial ‘blow’
sounds and other transient effects that
can be applied at the beginning of
notes to add realism. These help con-
siderably. With a little more sophisti-
cation, many more things are possible,
such as changing the whole harmonic
structure of the note as its tone devel-
ops and dies away. Here is another
area for interesting development.

Sustain, associated with percussive
effects, can work several ways. In the
earliest type, of which many organs
are still in use, sustain is the only
so-called “percussive” effect available.
When the key is first pressed, the note
speaks in exactly the same way as
without the effect: there is no special
attack. The difference is that the tone
“hangs on” after the key is released.

" The only way to get anything that
approaches percussive sound with this
kind of organ is to play the keys with
a staccato touch. Strike them as you
would a piano, and lift your keys im-
mediately, as if the keys are hot, so
the tone starts the decay of its sustain
effect without any duration at constant
intensity.

If you hold the key down at all, the
organ produces a steady tone while the
key is held, and thus is the most no-
ticeable effect about the music. The
fact that the note sustains, after you
release the key, gives an impression
not unlike reverberation, rather than
sounding percussive. There is a differ-
ence, of course, between reverberation
and percussion, but it’s not easy to
hear on this kind of organ.

A truly percussive keying produces
an over-amplitude attack. It may die
away completely after that, requiring
the key to be released and pressed
again for the note to speak again. This
is achieved by using the charge on a
capacitor to effect the keying (Fig. 7-8.)
When the key is released, the capacitor
is charged up, and when it is pressed,
this charge is transferred to the key-
ing circuits.

Previously we showed a generator
that could produce repetitive percus-
sion effects. This requires use of a tab
to change from the one shot, every
time you press the key, to repetitive,
that keeps striking as long as you hold
the key down.

A more sophisticated keying may
provide for “one-shot” when the key is
pressed normally, with an extra move-
ment, usually against slightly harder
spring pressure, so consciously more
effort is needed to push the key down
that far, that allows the repetitive ef-
fect to be brought in by additional
contacts. A

(To Be Continued Next Month)

Check No. 39 on Reader Service Card =9



: = ’ g
i o el RS i T

. .
4
2

™ il T . il

- oy Eﬁ%_

-— i

e. 432
o e o l_.«.‘l 3 : r.-m
1 — —
....... aﬂm..l.u.m S a
: — P n.mm Doy oy
TEs=eEagEa
a=o=FEog=1n
e T e8fuoTee E
e G e F Ring [— 9 nl w .t ai
o 8 & - m.ﬂpr
...... o= DX

st

money on the mar

and an |
Sound Corp

of s

¢
4

A lot of sound

it’s

lot

Weéq’ueezed al

The
2

11735 - riew EMI

g tweeter

ome oil-f

new

-way bookshelf s

matchin
a hands
At only 554
the
Electronic

" New York

Introducing the 18 x 10-1/4 x 7-1/2" speaker that fills an entire room




ABZs of FM

LEONARD FELDMAN

Tuning Aids in FM Receivers

WITH THE TREND in FM receiver de-
sign tending to veer away from AFC
circuitry (at least in the more expen-
sive FM units), a visual tuning aid to
assist the user in proper, exact center-
of-channel tuning has become in-
creasingly important. There are three
devices used to provide a visual indi-
cation of correct tuning—the old “tun-
ing eye” or vacuum tube containing a
fluorescent target, the tuning meter,
and the small cathode ray tube (simi-
lar to those used in oscilloscopes).
“Tuning Eyes” and tuning meters have
been used in FM tuners and receivers
for over two decades. The use of a
scope tube as a tuning indicator is a
much more recent innovation and one
which, to date, will be found only in
very expensive equipment, since it en-
tails the addition of a considerable
amount of extra circuitry just to acti-
vate the cathode ray tube.

“Tuning Eyes”

The first popularly used “tuning
eye” tube was the 6E5. This tube, like
many of its later variations, contained
a triode section which functioned as a
d.c. amplifier whose plate was directly
coupled to a rod, The rod is known as
the ray-control electrode, which gov-
erns the flow of electrons to the fluo-
rescent screen. A schematic represen-
tation of such a device is shown in
Fig. 1.

With positive or slightly negative
voltage applied to the control grid, a
large shadow area will be present on
the visible face of the tube, as shown
in Fig. 1A. As negative voltage is ap-
plied to the grid, the shadow width
will decrease (Fig. 1B). If a suffi-
ciently large negative d.c. voltage is
applied to the grid, the shadow area
will disappear completely, and an ac-
tual overlap of fluorescence will occur,
as in Fig. 1C. In actual use, the lis-
tener would tune to a desired station
and adjust the setting for maximum
fluorescent area (or minimum “shad-
ow”). With weak stations, the shadow
area will be greater than when tuning
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in stronger stations, but in either case
a “null” will occur, indicating correct
point of tuning.

There are other forms of tuning
eyes. The “bar” type operates on es-
sentially the same principle as the 6E5,
except that the fluorescent area is now
a set of fluorescent bars which move
closer together as negative voltage is
applied to the control grid. Visually,
this form of tuning indicator is a bit
easier to use since center-of-channel
indication is very precise and well de-
fined. As the “vacuum tube” era in FM
drew to a close in the late 1950’s and
early 1960’s, an ultra-miniature tuning
indicator known as the DM-70 was de-
veloped and extensively used. Operat-
ing with a filament voltage of only 1.4
volts and a B+ requirement of about
90 volts or so, this sub-miniature tube
had a fluorescent pattern shaped in the
form of a variable “exclamation point.”
So small was this little indicator tube
that many manufacturers used it as a
travelling dial pointer and tuning in-
dicator combined.

Tuning Meters

Fluorescent indicator tubes and tun-
ing meters co-existed for many years.
The ascendancy of the tuning meter in
recent years is due largely to the al-
most universal transition to solid-state
or transistorized circuitry. Power-sup-
ply voltages in solid-state equipment

Fig. 1-Schematic representation of a 6£5

tuning-eye tube is shown here. The width

of the “shadow’ on the “magic eye” tube

varies with the amount of negative volt-

age applied to the grid. No signal is illus-

trated in (A), while a moderately strong
signal is shown in (B).

Fig. 2—With strong signals present, typical

wide-band limiter response makes it diffi-

cult to use a meter for “maximum’ indi-
cation.
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(even in powerful all-in-one receivers)
seldom exceed 50 to 75 volts d.c.—not
enough for use as “target” and plate
voltage with any of the fluorescent in-
dicator tubes. Meters, on the other
hand, are strictly current devices; very
low current, at that. It is not difficult
to design a small meter with a full-
scale sensitivity of 100 or even 50 mi-
croamperes, for example.

A circuit using the above meter type
as a “signal strength” indicator is
shown in Fig. 3. Note that once again
the limiter input serves as the “take-
off” point, but this time, since we are
dealing with a transistor stage, no
“grid-leak” voltage is involved. Instead,
a small r.f. coupling capacitor (2.2 pF)
feeds some of the 10.7 mHz i.f. voltage
to a diode rectifier. The resultant d.c.
voltage is fed directly to the meter
movement, after suitable voltage-di-
vider action. As in the previous case,
this meter is a “‘peak signal” indicator,
reading higher up-scale for greater
signal strengths. There is one disad-
vantage to this type of indication. As
you can see in Fig. 2, the if. voltage
amplitude in wide-band i.f. systems re-
mains at its peak value over a rather
large frequency range. As a result, a
meter connected in this manner will
rise to a peak reading as station fre-
quency is approached and remain there
over a rather large span of dial pointer
movement (particularly if the incom-
ing signal is a strong one). It is diffi-
cult, under these circumstances, to de-
termine where exact center-of-channel
really is. Tuning to a center point of
the “highest reading” area is no easier
than tuning to the center of “best
sound,” which can be done with no
meter present in the first place. For
this reason, many manufacturers pre-
fer the use of a “center-reading” or
“center-zero” meter. Such meters are
identical to the other types, except that
with no voltage applied, the pointer
comes to rest at the exact center of the
meter scale. With positive voltage ap-
plied, the meter point will swing to the
right and with negative voltage it will
swing to the left, or vice versa, depend-
ing upon circuitry.

Such positive and negative swinging
voltage is, of course, readily available
at the output of the FM detector
(either a discriminator or a ratio de-
tector) and, in a properly aligned set,
is the best indicator of center-of-chan-
nel tuning. That is, zero volts d.c. at
the audio take-off point of either a
ratio-detector or a Foster-Seeley Dis-
criminator means that the set is per-
fectly tuned to center of channel. (It
also means that there is no station at
that point on the dial altogether, but
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tapte recorder.

At a glance you can see that this Fisher compact stereo system will play
records and receive FM-stereo broadcasts. (FM sensitivity: 2.0 microvolts,|HF.)
But look again. Built into the Fisher 127 you'll find our RC-70 cassette deck.
So this system will also let you tape records and FM-stereo broadcasts on a
tiny cassette. And it'll also play them back anytime through the XP-55B speaker systems.
Also, the cassette deck in the Fisher 127 has separate VU meters
for left and right channels. Clutched record-level controls (they work
together or separately). A digital counter with pushbutton reset. A pair of
professional-quality microphones, and many other professional features.
The price of the Fisher stereo system that’s also a tape recorder is just $449.95.
And if you already own a record changer, receiver and speakers,
you can still own the new Fisher cassette tape deck.

It's also available separately, for just $149.95.

F_______--_-___-_-1

Mail this coupon for your free copy of The
The Fisher Fisher Handbook 19€9.This reference guide

( NN | 1o hi-fi and stereo also includes detailed
& el | information on all Fisher components.
frver— Fisher Radio Corporation
I 11-35 45th Road, LI1.C.NY.11101

| Name
I Address

cov—————se =1  The Fisher

FISHER RADIO CORPORATION, (NC., 11-35 45TH ROAD, LONG {SLAND CITY, N.Y. 11101. OVERSEAS ANC- CANADIAN RESIDENTS PLEASE WRITE 70 FISHER RADID INTERNATIGNAL, INC., LONG ISLAND CITY, N.¥. 11101,
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Fig. 3—A peak-indicating meter used as a tuning meter is illustrated
connected to the limiter stage of a typical solid-state receiver.

that is certainly no problem for the
listener.)

In Fig. 4 such a “zero-center” meter
is shown connected at the output of a
conventional ratio-detector circuit. All
that is needed is one resistor for drop-
ping the voltage swings to correct value,
based upon the sensitivity of the meter
movement. The action of the meter is
such that upon approaching a station
signal, the meter pointer will first swing
sharply to one extreme or the other
(depending upon whether you’re com-
ing up in frequency or down-scale). As
the tuning knob is tuned further, the
meter pointer follows the familiar “S”
curve of the detector, first approaching
“zero” and then, if center is inadvert-
ently passed, swinging off in the other
direction. The wuser can, therefore,
literally “zero in” on the center of the
channel. The indication is positive and
precise, and there’s no guesswork about
it. On the other hand, this form of
meter can tell you nothing about rela-
tive signal strength of a given signal
since all stations, weakly or strongly
received, will cause the meter to indi-
cate zero when they are properly
tuned in.

The signal-strength type of meter
discussed before has the advantage of
serving as an aid in orienting your re-
ceiving antenna. All you have to do
with that type is have someone rotate
the antenna while you observe the
meter for highest indication when
tuned to your desired station.

'Scope Tube Indicators

Combining the best of both types of
meter indicators and adding some fea-
tures of its own not present with either
type, a small cathode ray tube (usually
1 or 2 in. in diameter) has found its
way into a couple of recently manu-
factured tuners and receivers. At least
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one other manufacturer, reluctant per-
haps to penalize its less demanding
customers with the high cost of such
an addition, has made external provi-
sions on some of his units for connec-
tion of the horizontal and vertical in-
puts of any oscilloscope that the user
might have. Here’s how the ’scope tube
works:

The voltage that would normally
have been applied to a “signal
strength” type of meter is applied to
the vertical plates of the cathode ray
tube. Again, the source of this voltage
may be the first or second limiter stage
in the tuner’s i.f. section. The voltage
corresponding to the “S” curve of the

Fig. 5—An oscilloscope tube is shown here
as used for a tuning aid. With no signal
applied, the spot is centered at (A). As a
signal is approached by tuning, the spot
traces the i.f. response of the tuner (B).
At (C), the station is correctly “tuned in.”

Fig. 6—A ’'scope display can serve as an
aid in orienting an antenna to receive the
best signal.

Fig. 5 LIGHT SPOT

@
(R) (8) (©

ideal trace multi-  very severe muiti-
path . path resulting in
partial cancelation

of signal

Fig. 6

Fig. 4-The ratio-detector stage of a modern receiver shows a “zero
center” meter connected for center-of-channe!l tuning indication.

detector—normally equal to ‘“zero”
when a station is correctly tuned—is
applied to the horizontal deflection cir-
cuit of the ’scope tube. Fixed voltages
are applied to both sets of plates so
that, in the absence of a signal, a “spot”
of light appears in the exact center of
the ’scope viewing area. This condition
is shown in Fig. 5A. As a station fre-
quency is approached, the spot darts to
the left (caused by, say, high negative
voltage from the detector output). At
the same time, as station frequency is
approached, the spot moves up verti-
cally because of the limiter voltage rise
and continues to move back toward
horizontal centering, as shown in Fig.
5B. As you tune further in the same
direction, the light spot moves off-
center to the right and, finally, dips
down towards vertical center, as sta-
tion signal is lost altogether. In reality,
the light spot is tracing a very good
replica of the entire i.f. response curve.
We mentioned that the ’scope tube
indicator has uses beyond even both
types of meter indicators. One of these
is the ability to indicate the presence or
absence of “multipath,” a condition
analogous to “ghosts” or reflections in
TV reception. In the case of FM, and
more particularly, stereo FM, the
presence of undue amounts of ‘“multi-
path” (usually caused by reflections
from nearby structures, passing air-
craft, mountains, etc.) can cause severe
distortion, noise, and even cancella-
tion of the stereo-separation effect.
Since “multipath” represents a form
of cancellation of signal, and since that
signal cancellation will occur at partic-
ular frequencies within the pass-band
and not at others (because of angular
phase-shift relationships), the effect of
multipath may be observed on the
’scope tube. In Fig. 6A we see the trace
caused by audio modulation. Remem-
(Continued on page 74)
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#2100 WORTH OF
SPEAKERS FOR
GOOD STEREO?
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Lots of people don’t. But if you do a lot of
listening—and want your recorded music to
sound like the original—$2,100 for Klipsch
Wide Stage Stereo is a bargain price.

What’s in it? Two KLIPSCHORNS for
flanking speakers and a CORNWALL as center
speaker. Ideally the flanking speakers should
be in the corners of your longest wall. Then,
withPaulKlipsch’s circuit for the center speaker,
you have true stereo geometry as well as the
finest sound reproduction. (See technical papers
by Paul W. Klipsch on Wide Stage Stereo.) And
stereo geometry is the whole point of stereo—
to put the piccolo player in front of the drums
back where he was in the first place.

Any Klipsch speakers may be used for Wide
Stage Stereo. If you don’t have flanking corners
available for KLIPSCHORNS, use three

CORNWALLS —

or two CORNWALLS and a MODEL H.

They are all compatible with each other, having
closely similar frequency response and lower
distortion than any other speakers of similar
size.

But, here’s a warning! Aftet you've listened
to Klipsch Wide Stage Stereo, you'll become a
snob. Not because you own high priced equip-
ment— but because it spoils you for anything
else. Once you discover how near reproduced
music can be to the original you won’t want
to turn back.

Send 33.50 for a complete set of 17 technical papers on
sound reproduction and stereo. This includes a reprint of Bell
Telephone Laboratories’ “Symposium on Auditory Perspective}’
1934, which is the basis for all present knowledge on stereo.

KLIPSCH & ASSOCIATES
Box 280 H-3
Hope, Arkansas 71801

Please send me complete information on Klipsch speak-
ers and Klipsch Wide Stage Stereo. Also include the
name of my nearest Klipsch Authorized Audio Expert.

Name
Address

1 City State Zip
Occupation Age
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Equipment
Profiles

® NordMende 8001/ST FM Stereo/
Multi-Band Receiver

@ Tandberg 1241X Stereo Tape
Recorder

® Dual Model 1212 Automatic
Turntable

® Sennheiser HD-414 Stereo
Headphones

NordMende Model 8001/ST
FM Stereo/Multi-Band
Receiver

MANUFACTURER’S SPECIFICATIONS:
Tuner Section. Frequency Ranges: FM,
108.5 to 87.5 MHz; AM, 515 to 1650 kHz;
LW (Long Wave), 160 to 400 kHz; SW
(Short Wave), 5.1 to 9.8 MHz. FM Sensi-
tivity (IHF): 2.2 /J,V. FM Total Harmonic
Distortion: 0.6%. FM Signal-to-Noise
Ratio: 64 dB. Alternate Channel Selectivity
(IHF): 60 dB. Spurious Response Rejection:
90 dB. Image Frequency Rejection: 74 dB.
IF Rejection (@ 100 MHz): 90 dB. Capture
Ratio: 2.5 dB. FM Stereo Separation (@
400 Hz): 35 dB.

Amplifier Section. Power Qutput (rms): 30
watts/channel. Total Harmonic Distortion:
0.5%. IM Distortion: < 0.7%. Power
Bandwidth (IHF): 17 to 32,000 Hz. Sensi-
tivity: Low Input, 4 mV; High input, 600
mV; Tape Head, 450 uV. Frequency Re-
sponse: 30 to 20,000 Hz +2 dB. Tone Con-
trol Range: Bass, =16 dB @ 50 Hz; Treble,
+11 dB @ 10 kHz. Rumble Filter: —11 dB
@ 50 Hz. High Filter: —15 dB @ 10 kHz.
General. Dimensions: 19'/2” W x 6” H x
15”7 D. Weight: 26.5 lbs. Supplied with
metal cover and ebony side panels. Price:
$429.95.

The audio enthusiast intent upon lis-
tening to short-wave broadcasts from
around the world usually makes a sec-
ond investment in a multi-band re-
ceiver manufactured by a specialist in
that field. Among the receivers that
combine both broadcast formats is the
new NordMende HiFi 8001/ST, dis-
tributed by Sterling High Fidelity.

Resplendent with just about every
feature imaginable in a high fidelity
stereo receiver, this new unit from
West Germany offers a “band” for
short-wave listeners as well as a “long
wave” band for weather reports and
marine communications covering fre-
quencies from 160 kHz to 400 kHz.
The short-wave band, spanning fre-
quencies from 5.1 to 9.8 MHz, includes
the popular 31-, 41-, and 49-meter seg-
ments that are used for long-distance
communication. More about results ob-
tained with these extra bands later.
First, let us consider this receiver in
terms of its high fidelity uses.

At first glance, the front panel of
this receiver, shown in Fig. 1, seems
like a lot to digest. Careful examina-
tion, however, discloses a logical ar-
rangement of controls and dial scales.

The lower left edge of the chrome-
finished panel has five horizontally
mounted push buttons of the interlock-
ing type. The extreme left button turns
off power, while the other four select
Tape, Crystal Phono, Magnetic Phono,
and Radio. Running vertically along
the left side of the panel are five simi-
lar push buttons for controlling second-
ary features—Rumble Filter, Scratch
Filter, Presence Control, Mono/Stereo,
and a button marked “Flat” (for dis-
abling the variable tone controls when
absolutely flat response is desired).
This latter feature is usually found
only in the most expensive separate
preamplifiers or integrated amplifiers.
Above these buttons is the stereo indi-
cator light.

The four primary rotary controls
(Treble, Bass, Balance, and Volume)
are also arranged vertically, next to
the aforementioned push buttons. Bal-
ance, Bass, and Treble potentiometers
have an interesting feature: You can
“feel” the center mechanical position
of each of these controls because there
seems to be an actual “notch” or physi-
cal depression at the point of rotation

Fig. 1-Front panel

view of the Nord-

Mende HiFi 8001/ST
Receiver.
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that corresponds to “flat” or center (in
the case of the tone controls) or “equal
gain” in the case of the balance con-
trol. Very handy!

Nearly all the rest of the front panel
contains a huge, brilliantly illuminated
dial glass, behind which are the four
dial scales and a peak-indicating tun-
ing meter which works for all bands—
not just for FM. Four push buttons at
the right of the glass select LW, AM,
SW, or FM, and two separate flywheel-
controlled tuning knobs do the station
selecting (AM, LW, and SW with one,
FM with the second).

At the lower left of the glass area
are five more miniature dial scales,
running vertically up the panel and
placed side by side. Associated with
these scales are six combination minia-
ture controls. Five of these enable you
to pre-select your five favorite FM sta-
tions. That is, when any one of these
five buttons is depressed, the main FM
tuning dial is defeated and a pre-set
frequency is selected. Each of the de-
sired stations is pre-set by means of a
rotary control concentric with each of
the five push buttons. The sixth button
is pushed when normal, continuous fre-
quency tuning of FM stations is de-
sired and its rear portion is used to
apply or defeat the AFC circuitry. All
of this versatility on FM is made pos-
sible by the use of a new varactor-
tuned front end (application of a d.c.

Fig. 2—Rear panel of receiver.

voltage determines frequency—there is
no moving variable capacitor at all!).
The rear connection panel is shown
in Fig. 2. Multi-conductor DIN plugs
are used to connect phono and tape in-
puts, and outputs for the speakers.
While these specialized plugs are all
supplied in the accessory bag, it does
mean soldering all your leads of inputs
and outputs to these little plugs. The
inexperienced solderer would do well to
have his serviceman do this job at the
outset. Once accomplished, however,
this method offers easy disconnects for
cleaning, moving, and the like—though
we. still favor the simple pin-jack for
inputs and the simpler barrier terminal
strip for speaker connections. Notably
absent are any convenience outlets—
especially odd since a plastic cover
plate implies that they will be found
beneath the plate. We found only two
blank holes for what appears to be a
design change—coming up, we hope.
A voltage selector knob easily selects
U.S. or foreign supply-voltage opera-
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THE SHURE UNIDYNE 1V is the newest and premier member of the
famed Unidyne farmrily of true cardioid dynamic microphones which have
pickup symmetrical about microphone axis at all frequencies . . . in all planes.
The Unidyne IV is so rugged that it can withstand a Karate chop. Reinforced,
cushioned cartridge withstands severe impacts and vibrations . . . the dia-
phragm can take the full force of a leather-lunged Karate yell! Trouble-free
Cannon-type connector. Exceptionally easy to service in the field. The strongest,
most durable Unidyne yet! Send for all the facts: Shure Brothers, Inc., 222
Hartrey Ave., Evanston, IIl. 60204.

Available in two models: Model 548 (hand-held), at $100.00 list; Model 548S (with On-Off switch and
swivel connector for stand use), at $105.00 list.
© 1968 SHURE BROTHERS, INC.
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Equipment Profiles (continued)
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Fig. 3—FM performance characteristics of the NordMende Receiver.

Fig. 5~THD and IM distortion characteris-
tics of the NordMende amplifier section.
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Fig. 7—Tone-control, rumble-filter, hi-filter,
and presence-control actions are all shown
graphically in these curves.
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tion. Perhaps it’s a bit too easy, as a
less knowledgeable user might “twid-
dle” this control, with disastrous re-
sults. Here's where a safety cover might
be in order.

As for actual circuitry, there’s so
much crammed into this package that
space does not permit a detailed analy-
sis. The unique front end has no less
than four tuned circuits using four
back-to-back variable-capacitance di-
ode pairs. These provide more linear
frequency calibration and greater
trackability from tuned circuit to tuned
circuit. FET's are used for the r.f.
amplifier and the converter stages. In
all, this receiver uses 61 transistors (of
which 5 are FET’s) and 26 diodes.

Measured Performance

Specifications were generally met or
exceeded by this receiver. FM Usable
Sensitivity measured 2.0 yV at mid-
band, falling to 2.5 1V at the high end.
Full details of FM performance can be
seen in the curves of Fig. 3. While full
audio recovery (1 dB limiting) does
not occur until 10 V of signal has
been applied, this is more than com-
pensated for by the nearly 60 dB of
signal-to-noise ratio alreadv obtained
for that low signal level. Stereo separa-
tion at mid-band was a respectable 30
dB and held to better than 20 dB even
at the frequency extremes of 50 and
15,000 Hz, as can be seen in Fig. 4.
FM mono distortion (THD) was 0.6
per cent, as claimed, while THD in
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stereo was 0.8 per cent. Automatic FM
stereo switching was effective at an in-
put signal strength of about 5 'V and
there was no erratic action of this func-
tion with marginal signal strengths.
There is no built-in antenna (loop-
stick) for AM on this unit, since the
AM-RF section works for LW and SW
as well as for AM. To test reception in
these modes, we connected about 25
feet of wire for an antenna and at-
tached a good ground as well. So doing,
we picked up more AM stations than
is usual for our location. In the eve-
ning, in fact, there was literally “no
space between stations” on the AM
band. We couldn’t get too much on the
LW band and would have preferred to
see another band in the MHz region,
say 12 to 20 MHz or so, instead.
Amplifier power checked out at just
over 32 watts per channel for rated dis-
tortion (0.5 per cent), while rated IM
distortion was reached at 30 watts, as
claimed. Curves are shown in Fig. 5.
Power bandwidth was better than
claimed, reaching end frequencies of
15 and 35,000 Hz, as shown in Fig. 6.
Tone-control and filter actions are
shown in Fig. 7 and conform nicely
to published specs. The ‘“presence
hump,” an off-again, on-again favorite
in domestic receivers, peaks out at
about 1500 Hz, also shown in Fig. 7.

Listening Tests

We found the gain and power of the
HiFi 8001/ST sufficient to drive a pair

of low-efficiency, bookshelf speakers to
room-filling dynamic levels. Since
there are no connection facilities for
secondary sets of speakers, power di-
vision for feeding multiple sets of
speakers is academic.

FM and FM Stereo performance
was as good as anyone could require,
with 13 FM Stereo stations coming in
clearly and with adequate quieting.
There was no evidence of SCA inter-
ference, though three of the stations
are known to be transmitting 67 kHz
SCA service (background music priv-
ate subscriber programs). Total num-
ber of listenable FM stations (mono
plus stereo) was 38, just about maxi-
mum for our location.

Usually, we listen to a receiver un-
der test for at least two weeks—in the
belief that a true evaluation can only
be made by “living” with a piece of
equipment for that length of time. We
must confess, however, that part of
that time was spent listening to the 31
meter band—with such unusual treats
as Radio Catro and Communist China
Radio keeping us “glued” to the set
for hours on end. If we had to guess,
we would estimate that no more than
about 10 or, at maximum, 15 per cent
of the cost of the HiFi 8001/ST is in
the short-wave circuitry. Therefore, if
you want your high fidelity neatly
packaged with an excellent short wave
receiver, it would make good sense to
consider the merits of the NordMende
HiFi 8001/ST.

Check No. 44 on Reader Service Card
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Marantz announces
the end of
distortion.

(And the beginning of the new-generation IC amplifier.)

For the first time in audiophonic history, the all-new
Marantz Model 16 stereo power amplifier brings to music
lovers distortion-free amplification.

Marantz’ new-generation integrated-circuit amplifier
eliminates intermodulation and harmonic distortion to
such an infinitesimal degree it cannot even be measured
by conventional test equipment!

The first in a new-generation series of stereophonic
equipment from Marantz, the Model 16 RMS eighty-
eighty stereo amplifier represents a significant advance
in the state of the art. It features
exclusive separate power sup-
plies for total isolation of each
channel. This means there is
absolutely zero cross-modula-
tion distortion. Now for the first
time, you hear individual instru-
ments. Distinctly. Without annoy-
ing cross-talk from instruments
reproduced from the other
channels. There is absolutely no

sound leakage between channels. When you listen to
music through the Marantz Model 16, you will be listen-
ing to the purest, cleanest sound ever achieved by any
amplifier.

The new Marantz Model 16 stereo amplifier RMS
eighty-eighty means just that: 80 watts delivered per
channel. (RMS means continuous power—from the low-
est to the highest reproduced frequency. Not the
“dynamic” or “peak’ or “music power’ that other manu-
facturers quote in their specifications. When Marantz

quotes 80 watts, Marantz means
80 watts. Period!)

To truly appreciate how infi-
nitely superior the $395.00
Marantz Model 16 stereo ampli-
fier is, we suggest you visit your
local franchised Marantz dealer.
He will be pleased to furnish you
with complete details together
with a demonstration. Then let
your ears make up your mind.

i 2 ¢ T - 0 o2~ 0 2 R V¥V &

THE SOUND OF MUSIC AT ITS VERY BEST.

©MARANTZ CO.. INC. 1969. MARANTZ IS A SUBSIDIARY OF SUPERSCOPE, INC. P.O. BOX 99C « SUN VALLEY, CALIFORNIA 91352 - SEND FOR FREE CATALOG.
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Equipment Profiles (continued)

Tandberg
Model 1241X
Stereo Tape
Recorder

Fig. 1. Tandberg Series 1241X.

MANUFACTURER’S SPECIFICATIONS:

Tape Speeds: 7'/2, 3%, & 17/s. Motors:
One. Reel size: 7 in. max. Tape Heads:
Three—erase, record/playback, cross-field.
Frequency Response: 20-25,000 Hz =2 dB
at 7'/2; 20-18,000 at 3%4; 30-12,000 at 17/s.
Wow & flutter: < 0.1% at 7V/2; < 0.15%
at 3%/s; < 0.35% at 17/s. Erase & bias sig-
nal: 85.5 kHz. S/N: 56 dB. Outputs: pre-
amp output, 5000 ohms, 0.75 V; external
4-ohm speaker, 10 W max. Center chan-
nel, 75 ohms, 3 V. Speakers: two 4 x7 in.
speakers. Tone Controls: Bass, continu-
ously variable over a range of 12 dB at
80 Hz; Treble, continuously variable over
a range of 12 dB at 8000 Hz. Dimensions:
15%/s” W, 11134¢” D, 67/s” H. Weight:
23/2 Ibs. Price: $485.00.
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There is an enormous amount of
tape recorder packed in this compact
housing — three speeds; cross-field
head; input for line, microphone, and
magnetic phono pickup; two 10-watt
amplifiers and two 4 x 7 in. speakers,
and a center-channel output. Among its
many desirable features are tone con-
trols, a start-stop lever which remains
in either position, even a terminal at
which 28 V d.c. is available for use with
an external solid-state amplifier, Tand-
berg FM-multiplex filter, or what not.

Over the years we have seen the
Tandberg recorder line grow from one
simple model to a much wider variety,
and each new model appears to retain
all the advantages of the previous ones
and to add some new feature or to in-

Fig. 2. View of the main printed-circuit board, which is
located along the front of the recorded chassis.

Fig. 3. The underside view of the chassis shows a neat and
compact construction.

Fig. 4. Top view of the chassis showing the positions of the
erase, record/play, and cross-field heads. Note the four-
digit counter at the right.
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corporate a few improvements. In the
earlier machines, there was some diffi-
culty in threading because as you
turned one reel to secure the tape, the
other also turned and tried to pull the
tape away from you. In the 1241X—
the model we tested—the tape motion
lever, which used to move in a T-shaped
slot, now moves in a cross-shaped slot,
with the upper section releasing the in-
terconnection between the two reel
spindles. Now the machine may be
loaded as easily as any other. The
1241X model examined was a 4-track
stereo machine, though the model is
also available with a 2-track format.

Many of us have long preferred the
meter type of record level indicator, but
the earlier Tandbergs continued to em-
ploy magic-eye tubes. The 1241X has a
dual meter, which should please users
who are accustomed to mixing by
meter, as well as those who feel that
meters create a ‘“professional” look.
The eye indicator shows the instantan-
eous peaks better than any meter can,
of course.

The flexibility of the machine is
made possible by the many controls
which are located on the panel, as seen
in Fig. 1. At the top is a three-position
speaker switch—INT, INT+EXT, and EXT
—signifying internal speakers only,
both internal and external speakers,
and external speakers only (or, if no
speakers are connected to the output
jacks, no sound at all so that monitor-
ing must be done by headphones. Be-

AUDIO « MARCH 1969



What’s behind the BOSE 901

DIRECT/REFLECTING

Speaker System?

If you have heard the BOSE
901 speaker system, or if you
have read the reviews, you al-
ready know that the 901 is the
longest step forward in speak-
er design in perhaps two dec-
ades. Since the superiority of
the 901, covered by patents
issued and pending, derives
from an interrelated group of
advances, each depending on
the others for its full potential,
we hope you will be interested
in a fuller explanation than is
possible in a single issue. This
discussion is one of a series on
the theoretical and technolog-
ical basis of the performance
of the BOSE 901.

In this issue, we’d like to tell you
what our research revealed about
the roles of direct and reflected
sound in the reproduction of music.
The direct sound is what you would
hear if the walls and roof of the
concert hall were removed. If you
have ever listened to an orchestra
outside, without a reflecting shell,
you know that it is very soft and dull
compared to what you experience
in the hall. The difference is the
reflected sound.
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The reflected sound comes to your
ears from the walls of the concert
hall in almost equal quantities from
alt directions whereas the direct
sound comes to you from the
direction of the instruments. The
direct sound is responsible for your
sense of localization while the
reflected sound contributes to the
fullness, presence and warmth of the
concert hall performance. As the
research indicates, “this spatial
property of the sound incident upon
a listener is a parameter ranking in
importance with the frequency
spectrum of the incident energy for
the subjective apprecation of
music.”*

HOW THE 901 INCORPORATES
THESE FINDINGS

The 901 has eight speakers on the
back panels and one on the front.
This accomplishes two objectives.
First, it provides the desired ratio of
about 89% reflected sound to 11%
direct sound. Secondly, by proper
choice of the angles of the rear
panels (see fig.) the 901 projects
the image of a musical performance

Check No. 49 on Reader Service Card

spread across a stage thatis located
about two feet behind the speaker.
This image is established to the
extent that it is possible to hear the
fult stereo spread from a wide range
of listening positions including
directly in front of one speaker —a
feat that is not possible with
conventional speakers.

This concept of direct and reflected
sound would resultin an improved
speaker by itself but it would fall far
short of providing the realism offered
by the 901. There are three other
essential advances that must be
used in combination with the direct
and reflected sound to obtain the full
benefits offered by the 901, These
will be the subjects of other issues.

In the meantime, ask your fran-
chised BOSE dealer foran A -B
comparison of the 901 with the best
conventional speakers he carries,
regardless of size or price.

You can hear the difference now.

*From 'ON THE DESIGN, MEA-
SUREMENT AND EVALUATION OF
LOUDSPEAKERS’, Dr. A. G. Bose,
a paper presented at the 1968 con-
vention of the Audio Engineering
Society. Copies of the complete
paper are available from the Bose
Corp. for fifty cents.

Y. ) L

East Natick Industrial Park
Natick, Mass, 01760
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Standard Tape Playback
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Fig. 5. Response curves under various conditions of opera-

tion.
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Fig. 6. Curves of tone-control action and the pickup input

equalization.

low this control is the speed selector
which simultaneously changes the in-
ternal equalization circuits. At the left
side of the panel are two small black
knobs for playback tone control. Be-
low them is the dual-concentric record-
level control, and at its base another
concentric control actuated by a lever
which selects the input—Iline or micro-
phone, pickup, or “mixer mono.” The
first two positions permit recording of
stereo programs on the two channels,
while the third position permits record-
ing of line or microphone on the right
channel and a pickup input on the left
channel, all in mono, of course. The
two edgewise-mounted meters are
next, both being illuminated during
recording. Toward the front are the two
phone jacks for microphone inputs in
the U. S. models (they are DIN re-
ceptacles in the European models).
The START/STOP lever projects from
under the front head cover. Next are
the two recording levers with REC,
PLAY, and AMP designations. To record,
the lever for the desired channel(s) is
pushed to the REC position and held
there while moving the tape motion
lever to the play position. When the
tape motion lever is returned to the
stop position, the record lever(s) re-
turn to the PLAY position automatically.
For use as an amplifier only, the levers
are pushed to the AMP position.

Next to the right are the dual-con-
centric playback level controls, also
with a lever concentrically located at
the base of the knobs. This lever has
two positions—NORMAL and SPECIAL. In
the NORMAL position, the outputs are
fed from the respective channels to the
two speakers or speaker outputs. In the
SPECIAL a mono signal is reproduced
through both speakers or speaker out-
puts. The tape motion lever with its
four positions is next, and it controls
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the movement of the tape, or frees the
reel spindles for easier threading. The
small lever at the right is the power
switch.

At the back of the wood base are
three cutouts—the one in the center
provides storage space for the line
cord, while the other two provide ac-
cess to the internal circuits. At the left
are two phono jacks for line input, a
DIN socket for stereo line inputs, an-
other for phono pickup inputs, and two
more phono jacks for phono. At the top
is the 28-V insulated terminal used to
power accessory equipment. A similar
panel at the right mounts two phono
jacks for the preamp output, three
phono jacks for speaker outputs—the
center one is for the center channel—
and three two-terminal DIN recepta-
cles which parallel the phone jacks.

The recorder employs 36 transistors,
one Zener diode, two additional diodes,
and a bridge rectifier. These are ar-
ranged on a number of separate
printed-circuit boards, one of which is
shown in Fig. 2. The bottom of the re-
corder is shown in Fig. 3, while Fig. 4
shows the top with the panel removed.
Note the “figure-eight’ path of the belt,
which accounts for the interlocking
movement af the reel spindles. The
cross-field head is carried on the same
arm as the idler, and during recording
is held about .004 in. from the back of
the tape.

Operation

The machine is a versatile one since
practically any desired operation may
be performed with it. Figure 5 shows
the response curves in various modes—
at the top are the curves for playback
from a standard tape, followed by rec-
ord/playback curves for the three
speeds. Figure 6 shows the limits of the
tone controls at the top, and the pick-

up-input response below. Note that this
response is within =2 dB of the stand-
ard RIAA curve. Fast forward and re-
wind times were identical—87 sec. for
a 1200 ft. roll of tape.

Judged by the performance table on
page 26 of the January 1969 issue, the
Tandberg 1241X is excellent in every
department. Wow and flutter measured
0.08, 0.11, and 0.159% at the three
speeds, and S/N measured 60 dB (us-
ing Scotch 202 tape). Channel separa-
tion measured better than 50 dB, even
between adjacent tracks.

The 39 distortion point was reached
at a signal 2 dB above the indicated
zero level. Output voltage at the pre-
amp output jacks measured 0.64 V, but
the output at the speaker jacks meas-
ured 10 W across 4 chms. It was noted
that the meters indicated the level at
the recording head, and therefore were
influenced by the recording equaliza-
tion, which may seem to give an erron-
eous indication to the inexperienced
user, although it does actually indicate
the maximum level of the actual signal
applied to the heads. It does complicate
the measurement of the various curves,
however, and corrections have to be
made to obtain the desired correct
values.

In use, the performance of the ma-
chine showed up as a smooth operator,
with excellent sound quality. And this
includes its performance at slow speeds.
Perhaps the only criticism that could
be levelled against the unit is its poor
fuse location (the machine has to be
removed from its base to gain access to
it). But this is a very minor point when
balanced against the Tandberg 1241X’s
fine performance—which includes su-
perb high-frequency response, rugged
construction, compact design, and not-
able operating versatility.
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KENWOOD TK-140x

Triple Threat Receiver

® NEW FEATURES...

o~

® srranens

a raanene A BELASUNE @

Brilliant ‘‘Luminous Dial” that giows
blue when set is “on’'...disappears
to an opaque pane! when set is ‘‘off’’.
Also, new Tuning Meter with FM
Stereo Light Indicator

[y e e

High-gain Integrated Circuits (IC) in
all four IF Amplifiers to provide a
mere 1 dB difference to capture one
station and reject another on the
same frequency

® NEW VALUES...

Visit your nearest KENWOOD dealer
and compare the TK-140x point for
point with more expensive receivers,
Check the features. Listen critically
to the sound. Then compare the
price, Hard to believe, but it is
true. It’s only $349.95 and =ven
includes the cabinet!

® NEW PERFORMANCE...

200 watts (4 ohms) music power plus
special circuits and heavy-duty
silicon transistors both in driver and
main amplifier

4-gang Tuning Condenser super-sen-
sitive FM Front End with 3 FETs

provides an exceptionally outstand-.

ing 1.7 uV sensitivity.

‘‘Feather-Touch Control”’ to regulate
Muting, Loudness (bass, treble
boost at low listening levels),
Tape Recorder Modes and Low
and High Filters

Exclusive Electronic Protection Cir-
cuit (U. S. Pat.) guards against blow-
up of power transistor, Another
example of KENWOOD’s quality and
dependability.

the sound approach to quality

ENWOOD

3700 S. Broadway PI., Los Angeles, Calif. 90007
69-41 Calamus Ave., Woodside, N. Y. 11377
Exclusive Canadian Distr. — Perfect Mfg. & Supplies Corp. Ltd.
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Equipment Profiles (continued)

Dual Model 1212
Automatic Turntable

MANUFACTURER’S SPECIFICATIONS:
Speeds: 33'/3, 45, and 78 rpm. Operation:
Manual, Auto-single, and Auto-Changer.
Pickup Arm: “Dynamically” balanced.
Variable speed control: =#+3%. Dimen-
sions: (on base) 142 x 12'/2 in.; (without
base) 13 x 10.8 in. Height above motor
hoard: 4'/4 in. Depth below motor board:
2'/2 in. Price: $74.50. Base: $7.95. Dust
Cover: $8.95.

Similar in appearance to the other
Duals—the top-of-the-line 1019, the
1009F, and the 1015F, the 1212 is obvi-
ously the economy model of the Dual
line, but its performance suffers little in
comparison with its more costly com-
panions. The counterweight is slightly
more difficult to adjust, the anti-skating
compensation is fixed in relation to the
stylus-force adjustment, and the motor
is slightly lighter. However, once the
cartridge is mounted, the counterbal-
ance affixed and adjusted, the stylus
force set and a record placed on the
turntable, the differences do not appear
so great at all.

Fig. 2-Top photo shows close-up of pitch

control. The cueing lever may be seen to

the right of the tone arm in the bottom
picture.

At the left front of the motor board
is the speed selector, a plastic lever;
adjacent to it is a knurled flat knob
which is the vernier speed control, pro-
tected by a sliding plastic guard so that
once set, it is not likely to be moved
accidentally.

At the right is the start-stop lever,
and along the side of the arm is the
lever which selects the record diameter
—7, 10, and 12 in. To start the unit,
one simply moves the operating lever
to the START position. The arm lifts,
moves over to the correct set-down
position, and lowers gently to the rec-
ord surface. When the record is com-
pleted, the arm is lifted, returned over
to the rest, and if no other record is
in place on the automatic spindle, the
arm drops to the rest and the motor is
shut off. If you are playing a stack of
records, the next one drops and the
cycle completes. If you lift the arm and
return it to the rest, the motor stops.

The stylus force adjustment is a
knurled wheel that sets the force and
the anti-skating adjustment at the same
time. It covers the range from 0.5 to
5 grams. The cueing lever raises the
stylus from the record surface when
desired, and lowers it when the lever
is moved to the other position.

Mounting the cartridge in the correct
position for minimum tracking error is
facilitated by a plastic gauge which in-
dicates the exact height and position
for the stylus for optimum perform-
ance.

Performance

The all-important signal-to-noise
ratio is probably the one factor which
usually suffers when economies are
practiced in the construction of an
automatic turntable, but in this model
it does not appear to be the case. We
measured rumble at 37 dB below a 3.54
cm/sec signal, which is excellent. Wow
and flutter measured 0.12 per cent in
the 0.5 to 6-Hz range, and only .03 per
cent in the range from 6 to 250 Hz,
which is also quite acceptable, since it
indicates that the wow is in the ex-
tremely low range, and not usually
audible.

Cycling time at 335 rpm was meas-
ured at 13 sec.; it was 10 sec. at 45
rpm, and 7 sec. at 78. Speed variation
over a line-voltage range from 90 to 120
was less than the +3% vernier speed
adjustment, so regardless of your line
voltage, your records can be played at
the proper speed.

The Dual 1212 is judged to be an ex-
cellent automatic turntable, and one
which would be perfectly acceptable to
the user who must, for whatever rea-
son, remember the budget.
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Sennheiser Model HD-414
Stereo Headphones

rd ~ My

MANUFACTURER’S SPECIFICATIONS:
Frequency Response: 30 to 20,000 Hz. Im-
pedance: 2500 ohms per phone. Ear Pads:
Fine-grained poly foam. Headband: plas-
tic, molded. Cord: 3-conductor plastic,
10 ft. long. Standard 3-way phone plug.
Weight: 5 oz., including cord and plug.
Price: $29.95.

Imagine a lightweight pair of phones
with pads that feel like a pair of pow-
der puffs on your ears, and you get the
idea of how the Sennheiser HD-414
phones feel on your head. The pads
themselves are of an extremely fine
poly foam construction, and measure
2%, in. in diameter and are ¥, in. thick.
The molded plastic housings for the dy-
namie units are attached to the molded
plastic headband by a slip fit, and can
be removed easily. The ear pads slip
on or off at the slightest touch. Even
the cords connect to the phones by a
small dual plug which is polarized so
that it must be inserted properly. Each
cord is covered where it enters the
plug by a colored sleeve—yellow for
left and red for right.

These are undoubtedly the lightest
phones we have ever encountered, yet
performance is good. The curves for the
two phones are very similar.

In actual use, the HD-414 phones
seem so light as to be complete unno-
ticeable while wearing. The acoustical
design is such that large circumaural
pads are not necessary, and the poly
foam pads provide the smoothing ele-
ment to make the response relatively
flat over the entire hearing range.

The high impedance of these phones
has another great advantage to the
user who needs high-impedance phones
for use with a tape recorder or a pre-
amp output, yet also wants to plug
them into the jack on the front of his
receiver or amplifier for the usual
stereo listening. Because of their high
impedance, the headphones are not
overloaded when connected directly to
the output from a 60-W/channel am-
plifier, yet they provide listening level
when operating from the usual output
jack on a tape recorder.

Listening quality is excellent, and
for comfort, the HD-414 is just about
tops.
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The best your money can buy. Period!

Better-than-Studio Specs. Frequency response:
20 Hz to 22 KHz, 40 Hz to 18 KHz ' 2 db @
7Y% ips. S-N ratio at peak level to unweighted
noise: (Model 770-2) 58 db or better; (Model
770-4) 56 db or better. Wow and flutter: less
than 0.09% @ 7%, less than 0.12% @ 3%
less than 0.2% @ 17. Full 7-inch reel capacity.

Lightweight. A studio pro-
fessional tape deck you
can pick up and take
anywhere. Operates on
self-enclosed re-
chargeable nickel-
cadmium battery
pack—or plugged

into AC

Exclusive Sony
Noise-Reduction
System. Sony “SNR”
automatically reduces
gain of playback
amplifier by 6 db
during very low
passages, when background noise is
most predominant. Noise level is
greatly reduced, dynamic range ex-
panded 100%. Switch permits by-
passing “SNR” when desired! Sony
also incorporates automatic built-in
limiter to control top-end overload
distortion. Built-in defeat switch.

1969, SUPERSCOPE, INC.

Three Speeds. 7Y, 334, 173 ips. Other
features include two professionally-
calibrated VU meters, built-in
line-and-mike mixing, push-button
operation, scrape flutter filter, low-
impedance Cannon plug mike in-
puts, tape/source monitoring.

BTERED W PECORDER 4
e iTe—Tr

Four Heads. The 770-2 has
two-track erase, record, and
playback heads plus a four-
track playback head. The
770-4 has four-track erase,
record, and playback heads
plus a two-track playback
head.

ServoControl Motor with
Vari-Speed Tuning. Auto-
matically maintains
exact speed during
mechanical load
changes and voltage
variations. Built-in
Vari-Speed tuning
for vernier adjust-
ment of playback
speeds to match
. . musical pitch.

Sony Model 770. Priced at $750. For
a free copy of our latest tape recorder
catalog, write to Mr. Phillips, Sony/
Superscope, Inc., 8142 Vineland Ave-
nue, Sun Valley, California 91352.

o ——
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You never heard it so good.



Sound
& Decor

Styles

Antique- and Modern-
Furnished Listening Room

Don Whitney, Bucks County, Pa.—| have a
modern stereo hi-fi system integrated into
a 200-year-old home that borders on the
Delaware river in Pennsylvania. A Sherwood
FM stereo receiver and a Garrard automatic
turntable are installed in a “Primitive New
England” corner cupboard (background),
while speaker systems are hidden under
skirted tables (only one is shown). The de-
cor setting in this listening room is mixed:
“Queen Anne; " Tudor,"and "'Jacobean," with
a touch of modern, exemplified by a 9-ft.
x 5-ft. Rojan Polar Bear rug and a Rojan
reclining chair, “The Swinger.” My record
collection consists of approximately 50
operatic LPs and 100 Broadway Cast and
other Pop LPs. | plan to purchase a tape
recorder in the very near future.
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Distaff Hi-Fier

Beverly Hopkins, Springfield, Mo.—| just
completed a custom stereo installation
which solved the problem of imited space,
both horizontally and vertically. To the right,
a wall comes in at an angle which allowed
a horizontal measurement of 112 inches. A
large painting above the cabinet delineated
the vertical dimension. In adcition, the fur-
niture was tailored to the size of the com-
ponents, so that the components would fit
the various spaces.
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