3’ THE AUTHORITATIVE MAGAZINE ABOUT HIGH FIDELITY « NOVEMBER 1973 60¢ ® A
P
¥ 23602

-T
s —‘ & & b .'I_I-

y XOUGH IN
4

" SPEAKER TES

£

d a4 —
& DI I A W EY
5 4 g 0 o8, | -




(Left 1o right) Jerry Fisher, lead vocalist, Blood, Sweat & Tears i1 Bobby Colomby,
drums, Blood, Sweat & Tears = Walt “Clyde” Frazier, New York Knicks = Andy
Warhol, movie producer-director = Henry Lewis, conductor, New Jersey Symphony
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Four-Channel Level Indicator — See what

you hear. Make instant adjustments with
left/right, front/rear fevel controls.

electronic trigger relay systemis
used to protect the speakers from DC

~ leakage or overload.

New and exclusive
Power Boosting circuit

When switching from four-channel to
two-channel reproduction, power is
substantially increased with the new
and advanced Power Boosting circuit,
as described above. This exclusive
circuit is built into both the QX-949
and QX-747 models.

Another plus feature attributable
to the Power Boosting circuit is
simplified switching from four-channel
to two-chennel operation. It can be
instantly achieved without the usual
re-connecting of speaker wires. This,
too, is a Ploneer exclusive.

A tuner section the equal of
separate components

The FM tuner section of the QX-949
is truly an engineering accomplish-
ment. It incorporates two dual-gate
MOS FET’s in the front end, plus
three ceramic filters and 6-stage
limiter's in a monolithic IC in the IF
stage. The result is superb sensitivity
and selecllvny, and excellent signal
to noise retio.

Advanced circuitry includes Dolby
adaptor input/output and 4-channel
broadcasting multiplex output tefrminal

In anticipation of the future use of
discrete quadraphonic broadcasting,
the QX-949 and QX-747 include a
quadraphanic multiplex output
terminal. Depending on the system
finally approved, all that ever will be
required is a simple adaptor unit.
And speaking of adaptor units, both
the QX-949 and QX-747 highlight an
input/output for a Dolby noise
reduction adaptor unit.

Unique 4-channel level indicator
Regardless which quadraphonic

source is in operation, the sound

level of each channel can be
monitored by viewing the large scope-
type level indicator on the top two
models. Left and right front/rear
controls permit instant adjustment.
Indicator sensitivity controls allow for
a maximum of —30dB adjustments

at any sound level. The level indicator
may also be used‘to view CD-4
channel separation adjustments made
with the CD-4 separation controls.

Inputs/Outputs for total versatility

Pioneer has endowed these models
with terminals for a wide range of
program sources. The only limitation
is your own listening interests and
your capability to experiment with
sound.

Convenient features increase
listening enjoyment

Along with the total capability of
these receivers, Pioneer has incor-
porated a wide array of additional,»
meaningful features. All three
instruments include: loudness
contour, FM muting, an extra wide
tuning dial, two sets of bass/treble

Specifications

controls for front and rear channels,
function and mode selector with
multi-colored indicator lights. Further
refinement is offered with the
QX-949’s multiplex noise and high/
fow filters, plus signal strength and
center tuning meters in one housing.
Admittedly, these new Pioneer
quadraphonic receivers, like fine
sports cars or cameras, are not
inexpensive. However, they represent

the high fidelity industry's most

outstanding value. We have built
them with the same quality, precision
and performance you've come to
expect from Pioneer stereo equip-
ment. We offer them to you with the
same pride and conviction that has
always compelled you to say —
“Pioneer, the very best.”

QX-949 — $699.95; QX-747 —

$599.95; QX-646 — $499.95. Prices

include walnut cabinets.

U.S. Pioneer Electronics Corp.,
178 Commerce Road, Carlstadt,
New Jersey 07072
West: 13300 S. Estrella, Los Angeles
90248 / Midwest: 1500 Greenleaf,
Elk Grove Village, Ill. 60007
Canada: S. H. Parker Co.

Amplifier QX-949 ° QX-747 QX-646
4-ch. RMS power, 8 ohms, 40 watts/ 20 watts/ 10 watts/
4 channels driven, channel channel channel (1KHz)
20-20KHz
“4ch. IHF 240 watts (82) 160 watts (82] © 80 watts (8Q)
- 380watts(4n) 230 watts (4n) 108 walts (40)
2-ch. RMS power, 8 ohms, 60 watts/ 40 watts/ 13 watis/
both channels driven, channel channel channel (1KHz)
20 20KHZ
“2-ch. IHF 150 watts (8Q) 120 watts (82) 40 watls (8%)
1k 230 watis (40) 170 watts (4Q) 54 watts (4Q)
THD/IM Distortion 0.3% 0.5% il T A
= p . = (20-20KHz) (20-20KHz) (1KHz)
FM Tuner
FM Sensitivity (IHF) 1.8uV 1.9uv 2.2uv
__(the lower the better) M - o b WE =t ] S .
Selectivity 80dB 60dB 40dB
_ {the higher the ‘better) N7 TR P t .
Capture Ratio 1dB 1dB 3dB
__(the lower the better) s A s BT N [ )
S/N Ratio 70dB 70dB 65dB
__(the higher the better) i, i 3 =
Inputs
~Phono 2 1 1
“TapeMonitor  2(4ch)  1(4<ch) 1 (4<ch)
__2(2-ch) 1 1 (2-ch.)_____17(2-ch.) %
Dolby adaptor mput 1 (4-ch.) 1 (4-ch)) —
Auxiliary T 1 L
Outpuis_ ST e E e
Speakers 2 (Front) 1 {Front) 1 (Front)
—iy . - 2 (Rear) ___2(Rear) SRR L 2 NS
Headsét 1 1
o (Front/Rear) (Front/Rear) (Front)
Dolby adaptor output T 1(4ch) 1(4chy -
" Tape Rec. "2 (4-ch.) "1 (4-ch) 1 (4-ch)
o e wel w3 L 24(25ChD) _1(2-ch) 1 (2-ch.)
_4-ch. MPX output 1 1 —

O PIONEER

when you want something better
Check No 47 on Reader Service Card
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You're
reading
thispage
forthe

same
reasons

webuild
our

speakers.

Better music, wherever you
listen. Real fundamental, bass,
including the attack of tympani
and organ. An aimost tactile
feeling of presence. And
transparent highs, providing
unusual instrumental definition.

First and foremost, we built
the LDL 749A to satisfy our own
desire for musical enjoyment.
Including the spdatial sensations:
from the intimacy of small
groups to the awesomeness of
full orchestra.

With their precise combination
of forward-radiatec sound and
panoramic reflection, LDL 749A
are a compact, elegant way to
put the concert hall inyour
listening room. And the price is
as realistic as the sound!

Linear
Design
LabSi

20 Willett Avenue, Port Chester, N.Y. 10573
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ZERO 10dc

ZERD 92

Garrard introduces

The Zero
Tracking
Error

Tonearm

True tangent tracking
geometry. Zero 100c
and Zero 92 tonearms.

MODEL 82

Dist. by British industries Company, Westtury, Naw York 11890 / A Div. of Avnet, Inc.
Mfa. by Flassey Ltd.

its new models.

This season, we have brought out four entirely new
units in the Component line, and refined the already
famous ZERO 100, now in its third year of production.
This unique Zero Tracking Error automatic turn-
able, which has earned the overwhelming regard
of the critics, now becomes the ZERO 100¢, and
includes further advancements; including a built-in,
autcmatic record counter . .. making the ZERO 100¢
the finest automatic turntable available at any price
The Garrard policy of pursuing useful technical
innavations and resisting ‘‘change for the sake of
change,” has paid off handsomely this year. Most
notebly, the articulating Zero Tracking Error Tone-
arm, Garrard’s revolutionary patented design, has
been incorporated in the ZERO 92, a new model at
lower cost than the ZERO 100c¢. In addition, three
other models, the 82, 70 and 62 have been intro-
duced. The entire series, both in styling and
features, reflects the ZERO 100c design philosophy:.
Tnis year, more than ever, there is a Garrard

automatic turntable to suit your specific needs. Your

dea'zr will help you select the model that will best
complement your system . . . whether that system
Is mono, stereo, 4-channel, matrix or discreet.

ZERO 100c

Two speed Automatic Turntable with articulated
computer-designed Zero Tracking Error
Tonearm. Features: Variable speed *=3%:
Hluminated Stroboscope; Built-in automatic
record counter; Magnetic anti-skating control;
Sliding weight stylus force setting; 15° vertical
tracking and cartridge overhang adjustment;
Damped Cueing/Pausing in both directions;
Patented Synchro-Lab Synchronous Motor.
$209.95*

ZERO 92

Three speed Automatic Turntable with articulated
Zero Tracking Error Tonearm. Features: Lever
type anti-skating adjustment; Sliding weight
stylus force setting; 15° vertical tracking

and cartridge overhang adjustments; Cueing/
Pausing control, Damped in both directions;
Patented Synchro-Lab Motor. $169.95*

MODEL 82

Three speed Automatic Turntable with low-mass
extruded aluminum tonearm. Features: Lever
type sliding weight anti-skating adjustment;
Sliding weight stylus force setting; 15° vertical
tracking and cartridge overhang adiustments;
Cueing/Pausing control, Damped in both direc-
tions; Patented Synchro-Lab Motor. $119.95*

MODEL 70

Three speed Automatic Turntable with low-mass
aluminum tonearm and fully adjustable stylus
pressure setting. Features: Torsion spring
anti-skating control;, Cueing/Pausing control;

2 point record support; Patented Synchro-Lab
Motor. $89.95*

MODEL 62

Three speed Automatic Turntable with low-mass
aluminum tonearm, fixed counterweight, and
adjustable stylus pressure. Features: Torsion
spring anti-skating control; Cueing/Pausing
control; 2 point record support; Heavy duty
four-pole Induction Surge Motor. $69.95*

“Less base and cartridge

GARRAR)

Check No. 17 on Reader Service Card
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Focus on Microphones
How to Record Live in Two and
Four Channels—Jim Gordon
Microphones—The Vital Link
in the Recording Chain—David
Lane Josephson

Loudspeaker
Lampton and

Fundamentals of
Design—Michael
Lee M. Chase
Equipment Profiles Include
Kenwood KR-6340 four-channel
receiver ESS Heil amt-1 speaker
system

Classical, pop/rock, and jazz rec-
ord reviews

~-Melngarten
Equalizens in the Tk

About the cover: Equalizers,
the subject of our editorial
focus this month, are becoming
increasingly popular as more
people come to understand their
uses. Good units can make up
for deficiencies in response of
most any component in the
system, and they can correct
many difficulties in room acous-
tics. Equalizers are used by
sound reinforcement people to
help cure feedback so that the
overall level of the system can
be increased, and speakers
manufacturers use equalizers with
specific characteristics to normal-
ize response. All in all, equalizers
are one of the most useful
tools the audiophile has to
change the characteristics of the
sound in his listening room.

Audioclinic

Joseph Giovanelli

Musical Instrument Versus Hi Fi
Sound

Q. I am planning to construct a bass
reflex enclosure with a duct behind the
port.

I want to build a svstem which can
handle the sound of a pedal steel guitar
and also play recorded music. The loud-
speakers [ plan to use are designed for
musical instrument reproduction. I am
interested solely in reproducing rock
and jazz; basically, music produced by
guitar, bass, drums and organ.

With the help of a graphic equalizer,
can I smooth out the response for re-
corded music?>—Dennis Lipster, Belle-
rose, New York

A. 1 have not found it possible
to make speakers designed for musical
instruments produce good sound for
high fidelity systems.

Musical instrument speakers are de-
signed to produce certain colorations
so that the instruments have a specific
sound quality. Therefore, some people
do feel that such speakers will be
great for reproducing these same
sounds. Remember, however, that the
sound has already been colored by
the nature of the speakers originally
producing the sound. It will be colored
once again during playback. The
quality or alterations of quality, there-
fore, will be enhanced. This “enhance-
ment” may not be an improvement in
quality.

A graphic equalizer will not smooth
out speaker resonances and dips. These
speaker abberations are much sharper
than the equalizer’s filters.

I suggest, therefore, that you use
two separate sets of speakers: one for
live playing, and another for sound
reproduction.

Using an Equalizer

Q. The idea of an equalizer working
over many different frequency ranges to
compensate for room differences fasci-
nates me, but who is to tell me whether
1 am going to make matiers better or
worse by wwiddling with the controls?
My present amplifier, in addition to
bass and treble controls, has a contour
control, which, believe me, affects the
bass. I will go for a month without

emphasizing the bass and then decide
that things sound thin and go another
month the other way.

Do equalizer manufacturers provide
advice or test recommendations which
will protect me against my own bad
musical  judgment?—Francis ~ Wood-
bridge, Boston, Massachusetts

A. An individual’s ideas of good
musical sound can change from time to
time. 1 do not think, therefore, that
you need “protection.”

Some manufacturers of equalizers
do offer guides for the initial setup
and adjustment of an equalizer to
compensate for deficiencies in the
loudspeaker system and in room acous-
tics.

We might sometimes want to com-
pensate for deficiencies in the sound
of the discs or tapes or to accommodate
our own feelings at a given time.
Therefore, just make changes in equali-
zation whenever they seem necessary.

Listening to music is a highly sub-
jective experience. There is really no
right or wrong way to listen to audio.
Listen in accordance with your mood.
Forget logic. If you enjoy the results
you can achieve with an equalizer,
this enjoyment is what counts.

While such equalizers are capable
of producing great changes in the
quality of sound it is likely that you
will only need to make small changes
of the setting of any given control
to produce a useful enhancement to
your enjoyment of music.

It is generally a good idea to record
tapes without using the equalizer. The
equalizer can then be used during play-
back of these tapes. This is most true
when you first get your equalizer
because you will want to experiment
with it quite a bit. Once a tape has
been recorded with some equalization,
it could be difficult to alter the repro-
duction later on when you have learned
more about the uses and abuses to
which such equalizers are subject.

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.

AUDIO - NOVEMBER 1973



KLH is well info its second decade of manufacturing
extraordinary high performance loudspeakers that don't
cost an extraordinary amount of money. We've kept
costs down by making every loudspeaker ourselves. And by
selling a staggering number of them.

In short, we've had a lot of practice.
And that's perfect for you.

For now you can own a pair of our new Model
Thirty-One loudspeakers for just $8%9.95T. Think of it.

Two superb sounding full-range loudspeakers at a price
you might consider fair for just one! A pair of Thirty-Ones
deliver a truly inordinate amount of sound for their
modest size. You can drive them to big listening levels

with virtually any decent amplifier or receiver. They're
handsome, featuring a new sculptured acoustically trans-
parent foam grille. Rugged. And best of all, incredibly
inexpensive. With the money you save, you might even
trade-up to a better turntable or receiver, perhaps
even get into quadraphonic sound. The Thirty-Ones can
help make it happen. A pair is at your KLH dealer now.
Listen to them soon. We're sure you'll agree that no one
has ever offered you a better value in sound.
And we've had a lot of practice.

For more technical information, write to KLH Research
and Development, 30 Cross Street, Cambridge, Mass.
02139. Or visit your KLH dealer.

What
does it taketo
make an important new
loudspeaker and
sell it for

8995

- apair?

- Practice.
A whole lot of practice!

1]
id

®

AL

KL+ RESEARCH AND DEVELOPMENT CORP.
30 Cross St., Cambridge, Mass. 02139

TSuggested retail prices—slightly higher in the South and West.

Check No. 30 on Reader Service Card
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imagine:
THAT A MANUFACTURER
DEVELOPED A TRANSMISSION
LINE SPEAKER THAT COULD

EQUAL OR BETTER THE
BEST BOOKSHELFS FOR

$150-$200

RSL 2118

YOU COULD BUY IT
WHOLESALE FOR

$99.95

ROGERSOUND
LABS

A REALITYY

MANY MODELS TO CHOOSE
FROM—ALL FACTORY DIRECT.

FREE TRIAL ON ALL
RSL SPEAKERS

6319 VAN NUYS BLVD.
VAN NUYS, CA. 91401
Phone: (213)78-SOUND

Check No. 51 on Reader Service Card

Tape Guide

Herman Burstein

Tape Thickness
Dear Mr. Burstein,

I am writing in reference to the first
item “Tape Length” which appeared in
your Tape Guide section of the April,
1973 issue of AubIo.

Perhaps by now you have received
all sorts of comments to your statement,
“For anything like good results, 2 mil
tape is generally not recommended.”
It has been the experience of cassette
manufacturers that 2 mil (C-60)
cassettes are preferred by knowledge-
able audiophiles for two reasons. (1)
The magnetic oxide coating is thicker
on C-60 tapes than on C-120 and some
C-90 tapes. Consequently, saturation
and distortion is less of a problem and
dynamic range is improved with C-60
tapes. (2) C-60 ' mil base film is less
likely to cause physical and mechanical
problems. Usually it winds up better
so there is less edge damage and con-
sequently less edge program distortion
or dropouts. Statistically, the mechanical
jamming rate among cassette manufac-
turers is far less with C-60 than with
C-120 cassettes.

With reliable cassette transports that
are properly maintained, “name brand”
cassettes rarely cause the tape speed
slow down or excessive wow and flutter
problems that Mr. Thurwachter men-
tioned. However, if the torque required
to drive a cassette is at the upper limits
of the IEC specification and if the

transport batteries are not at full
strength, these mechanical problems
will occur.

John E. Jackson
Manager
BASF Systems

You are completely correct. The stute
of the arr has changed so that, ar least
for cassetre, V2 mil rape, which is used in
the C-60 cassettes, does a fine job. In
fact, I have found thar at least one
manufacturer’s C-90 and C-120 casseties,
which use rapes even thinner than %z mil,
do a surprisingly good job. My comments
abour Y2 mil tape do not apply 1o cas-
settes, where Y2 mil and thinner tapes
are giving very good performance.

The Tape Guide did not mean io
imply that Y2 mil tape (C-60) is worse
than thinner tapes (C-90 and C-120). It
meant that 1% mil and 1 mil 1apes are
better than 2 mil tapes.

6

MatchingMicrophonelmpedances

Q. I recenitly bought a Sony Mx-12
mixer. The manufacturer suggests that
I use low impedance mikes 1o feed it.
I have been using high Z mics with it.
Am 1 doing wrong? Is it important to
maich the impedance?—Louis Hone,
Montreal, Canada

A. I have noticed that transistors do
not seem to care what kind of mikes
drive them, within reason, of course.
However, the use of high Z microphones
with circuits designed for low impedance
units will result in more mixer noise
because its inputs are not properly
terminated. 1 suggest, therefore, that
if you are using dynamic microphones,
you also use matching transformers to
lower their impedance. If your micro-
phones are crystal units, you will lose
low frequencies by feeding them into
this mixer. This will be the case even
when you use a transformer with them.
No transtormer can help because there
is none which can work into the high
impedance needed by crystal micro-
phones.

Cassette Head Longevity

Q. What is the usual life expeciancy
of the record-plavback head in a cassette
deck? My cussette operates un average
of seven hours a dayv and about 12 hours
on weekend davs. I have noticed a
notch on the face of the head. bur I'm
not sure if it is a machined notch or
due 1o wear. From the information I
have given vou. do I have a lor more
life left in the head?—Dennis G.
Mueller. APO San Francisco

A. In the case of open reel machines,
a good conventional head is considered
capable of giving 1,000 to 2,000 hours
of service. I don’t think that a cassette
head would give more. So you can
judge whether the head in your cassette
machine is coming close to the time
of replacement. I doubt that the notch
you sce in the head is a machined
notch.

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

AUDIO - NOVEMBER 1973



Instead of talking about
a cassette deck with 3 heads
we make one.

The RS-279US.

It has an HPF™ monitor head. So every
recording you make will be as sharp and clean
as it should be. That’s recording insurance. The
kind of insurance that great specs alone can‘t
give. Only a monitor head can.

The monitor is more important in cassette
than it ever was in reel-to-reel. Because the
cassette can drag or jam without warning. And
it’s prone to recording overload. Which can ruin
a potentially great recording if it isn’t detected.

The RS-279US also has many other desirable
design and convenience features. Like a dual
motor system. With a DC motor for the reel-
table-drive and our exclusive direct drive DC
motot for the capstan. Adjustable Dolby*.
Switchable bias for Cr0, tapes. Solenoid-
operated function controls. Locking pause.
Memory rewind. And Auto-Stop.

Check No, 62 on Reader Service Card
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And the specs are just what you’d expect from
adeck with those credentials. The signal-to-
noise ratio is better than 59dB. Frequency
response is from 20-16,000Hz. And wow and
flutter are less than 0.10%.

The RS-279US has the hallmarks of a great
cassette deck. Plus one that puts it ahead of
other decks. Our patented HPF™ monitor head.

The concept is simple. The execution is
precise. The performance is outstanding.
Thenameis Technics.

*Dolby is a trademark of Dolby Laboratories Inc.

200 PARK AVE., NEW YORK, N.Y. 10017
FOR YOUR NEAREST AUTHORIZED
TECHNICS DEALER, CALL TOLL FREE

8§00 447-4700, IN ILLINOIS, 800 322-4400.

chnics

by Panasonic

S — ~___._..,
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The QUAD
Electrostatic wasthe
first full range elec-
trostatic loudspeaker : 3
produced commercially =

and is still the standard by which all others
are judged. Using closely caupied moving
elements some two hundred times lighter
than the diaphragms of moving ccil foud-
speakers and being entirely ‘ree of gabinet
resonances and colouration, ‘this loud-
speaker overcomes the usual majer prob-
lems of loudspeaker design and provides
remarkably natural reproduction of sound.
This explains why the QUAD electrostatic
loudspeaker is used by broadcastig and
recording organisations alkEover theworld,
in applications where quality is of prime
importance, and as a standard of refer-
ence by the majority of loudspeaker
manufacturers.

QUAD for the closest appreach to
the original sound.

QUAD

is a registered trade mark

For details of your ‘nearest dealer
write to Acoustical Manufacturing Co.Ltd.,
Huntingdon PE17 7DB, England.

Check No. 3 on Reader Service Card

Dear Editor

Shure & CD-4
Dear Sir:

[ would like to comment on Edward
Canby’s most interesting and pro-
vocative article on phonograph car-
tridges in the June issue of AuDIO.
Since he has raised several very per-
tinent questions regarding the future
direction of cartridge development,
I would like to answer those questions
insofar as possible.

Shure’s position is that we will
provide the best quality cartridge for
all record formats that are produced.
We will certainly endeavor to satisfy
the requirements of the CD-4 system,
as well as the matrix and standard
stereo. This does not mean, however,
that we—or other cartridge manu-
facturers—can produce a single car-
tridge that will be the ultimate solution
for all systems. It may be that several
cartridges will be required. cach being
the optimum for a given system.

In the case of the V-15 IIl. our
objective was to provide the finest
phono cartridge possible for the pres-
ent-day standard stereo disc. This does
not mean that we intend to ignore the
CD-4 system or any other system. It
simply recognizes the fact that the
number of CD-4 discs available today
i1s miniscule compared to the millions
of standard stereo discs that have
been produced over the past 16 years.
Even today. the Schwann catalog of
records shows approximately 30K
stereo discs and certainly fewer than
30 CD-4 discs. The V-15 III has been
optimized to satisfy the requirements
of the standard stereo disc.

The V-15 111 will track most pres-
ent-day records at % gram. Cartridges
being sold for operation with the CD-4
system are specified at two grams.
The design of a cartridge that will play
satisfactorily at % gram is significantly
different from that which will play at
two grams. We feel that the lower
tracking force is an extremely im-
portant feature of a top-quality stereo
cartridge. We have run extensive life
tests, which show that the life of a
diamond tip increases exponentially
as tracking force decreases, as long as
the cartridge tracks properly. For car-
tridges in the price range of the V-15
III, we believe that extending the life
of the stylus 1s a feature we owe to
our customers. We could not, there-
fore, countenance a change in the

8

design of the V-15 III that would re-
quire a higher tracking force.

In this article, Mr. Canby indicates
that the cartridges designed for the
CD-4 system are flat in frequency re-
sponse out to 45000 Hz. We have
tested all of the CD-4 cartridges that
we have been able to find. not only
for sale in the United States but in
Japan and Europe as well. All of these
cartridges have a rise in frequency
response above about 15 kHz. with a
peak in the 25 to 30 kHz region, ap-
proximately 10 dB above the 1 kHz
level; however, cartridges with such a
frequency response can and do work
with the CD-4 decoders that we have
used for test purposes. On the other
hand. we have found that there are
numerous othér factors that can affect
the ability of the cartridge to work
with the CD-4 system; but the re-
sponse, such as 1 have just described,
is satisfactory.

The frequency response | have de-
scribed indicates a major resonance in
the 25 to 30 kHz region. A flat fre-
quency response out to 45 kHz would
require either a major resonance be-
yond 45 kHz, or a very highly-damped
stylus system. Both possibilities would
require a dramatically different ap-
proach from that of present-day car-
tridges. Most probably. successful CD-4
cartridges will show a resonance around
30 kHz, with a fairly significant peak.
In order to provide proper trackability
for these cartridges. a tracking force
in the two-gram region is indicated.

One of the problems in developing a
cartridge for the CD-4 system is that
the system itself is still undergoing
development and improvement. In
the case of stereo. once the Westrex
cutter had been introduced, people
produced stereo records: and the pho-
nograph cartridge was designed to
satisfy a reasonably fixed objective. In
the case of CD-4, there have been
numerous improvements in the tech-
nique of mastering the records and also
in the electronic circuitry for decoding
the signal. There also have been
changes in the record materials. De-
signing a cartridge to satisfy the re-
quirements of the CD-4 system, as well
as the ear of the trained high-fidelity
listener, is not a static task.

We believe that it is necessary to
produce a cartridge designed specif-
ically for the CD-4 system. At the
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If you're seriously into music orYou Q fo,
sound reinforcement you want more

than hi-fi products can give

you. But full professional stu- whﬁt
dio gear costs an arm and a

leg, and you pay for a lot of things you may not
really need.

That's why there’'s a TASCAM Model 10. It's an
8-in, 4-out mixing console, and it's just $1890.

With the Model 10 you get what you have to have.
Without sacrificing a single necessary function.

Each input module gives you mic and line atten-
uation, three bands of peak and dip equalization (two
with frequency selection), pre- and post-echo send and
receive circuitry, pan function, and a unique straight-
line fader.

Each of the four submasters has a meter control
switch (line/echo), independent monitor level control,
echo receive level control, and a straight-line fader.
You also get a master gain module and 4” VU meters
with LED peak indicators. Plus pre-wired facilities for

you need

up to four additional input modules
and other optional accessories
including talkback, remote
transport control, quad pan-
ner, and headphone monitor.

That's what you need and that's what you pay for.
Some things, however, you may or may not need, and
we leave that choice up to you. For instance, the basic
Model 10 is high impedance in and out, but studio line
impedances are available optionally. You'll probably
want low impedance mic inputs, but you may not need
all low impedance line inputs. So we don't make you
pay for them. You can order any combination of high
and low input/output impedances according to your
application.

Details and specs on the Model 10 are available
for the asking. Atthe same time we'll tell you about our
new Series 70 Recorder/reproducers.

We've got what you need

_ IMTASGARNA CORPORATION

5440 McConnell Avenue
Los Angeles, California 90066
N\
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present state of the art, such a car-
tridge will be able to perform ade-
quately with standard stereo records;
however, we do not believe such a
cartridge can approach the ultimate in
reproduction of standard stereo rec-
ords. For such reproduction, we offer
the V-15 III. Perhaps, some day in
the future, the qualities of these two
cartridges may be combined and the
ultimate may be offered for both
systems simultaneously. Until then,
we feel that individual cartridges op-
timized to satisfy each system should
be provided.
James H. Kogen
Vice President
Shure Bros., Inc.
Evanston, Il1.

A New Recruit
Dear sir,

I have been buying your magazine
off the newsstand for some time now.
I have always thought it was the best.
The June and July issues, however, were
so good that I was moved to send for a
subscription.

The July articles about four-channel
by Len Feldman, Ben Bauer, and
Harry Maynard really sold me on
Aupro. I have a four-channel system
and love it.

Keep up the good job.
Harry L. McDonald
Takoma Pk., Md.

Al Stewart’s Instrumentation
Dear sir,

Mr. Canby’s review of my album
(Museum of Modern Brass) just came
to my attention. I'm delighted that you
felt about it as you did as well as
taking the time to write about it in
AUDIO.

The instrumentation of the group is
5 trumpets, each also playing flugelhorn
and piccolo trumpet where called for
in the arrangements. The low horns
are tuba, bass trombone and French
horn, and the six rhythm are keyboard
(piano, organ, harpsichord, celeste,
electric piano), fender, two guitars,
percussion and drums.

I hope that the next album grooves
you as much as this one did.

Thanks for a beautiful article.

Al Stewart
New York, N.Y.

Master Tapes
Dear sir,

In a recent issue of AUDIO in the
“Dear Editor” section, I note that Mr.
J. E. Cade of Casonic Foundation and

Only BGW power amplifiers have:

fastest response

Or see your local dealer

DON'T SETTLE FOR AN ORDINARY POWER AMP
WHEN YOU CAN HAVE A BGW SUPER AMP!

‘The 500R will take its place among the top high quality amplifiers—
With both channels driven, the 500R delivers more than 225 watts into
8 ohms and over 400 watts per channel into 4 ohms, nearly a KiLO-
WATT! There was no sign of crossover distortion even at milliwatt outputs
and overload characteristics were excellent’’

audio magazine oct 73

If you're serious enough about quality, but are not impressed with need-
less frills, your next amp will be a BGW.

Fail safe SCR crow bar circuit for the ultimate in speaker protection

Modular construction for painless service

Welded steel frame chassis for unmatched mechanical strength

Fuseless-circuit breaker design for elimination of human errors in fuse selection and

Removable—totally enclosed heat sinks for efficient heat dissipation and personal safety
These are only a few of the unique features to be found in BGW power amps. For details write:

BGW Systems

P.O. Box 3742

Beverly Hills, Ca. 90212
(213) 559-4860
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Mr. Lee Kuby of Harman-Kardon are
looking for prime quality tape dubbings.
I have many high quality master tapes
available, almost all of which were
recorded by muyself, at live concerts.
Most of the masters were done with
the help of the Dolby B system. I use
Sony C-500, Neumann U-87, and Vega
S-10 condenser mics. I can honestly
say that the tapes are extremely good.
Most of the performances were done by
excellent groups and include a wide
variety of music from full symphony
to pipe organ (both classical and
theatre types) to jazz, etc.

I also am looking for dubbings of
first rate material that is technically
excellent, and I trade tapes with others
in this country who are in my position.
We all are disgusted with the commer-
cially available source material, and
the only way to really get first-rate
stuff is to do it ourselves.

I would be willing to make duplica-
tion of some of my tapes for worthy
causes or for trade. I would be pleased
if you would refer my name to others
who might have prime source material
available for my use.

Thank you.

Roger Sanders
1578 Austin St.,
Atwater, Calif. 95301

Separate Decoders
Dear sir,

I read with great interest the Leonard
Feldman article, “Evolution of Four-
Channel Equipment.” He makes a
number of interesting points, although
I take minor exception to certain ones.

My own four-channel interest pre-
dates his “Phase One” by several years
since I have previously used a rear
speaker wired similar to the Dynaco
method to improve the sound field. The
present system includes separates across
the board. AR3a speakers (the LST is
planned for the front), Crown Inter-
national and SWTCo amplifiers, de-
coders in profusion (Sansui QS-1, EVX-
44, Metrotec, JVC-CD4, etc.), 2- and
4-channel tape decks, along with nu-
merous other goodies. All of this tied
together through a self-designed and
built switch panel. I purchase and try
new decoders as they come along. (The
Sony SQD-2020 is on order.)

I gather from Mr. Feldman’s article
that the trend will be toward an “all
in one” sort of box with a demise of
the separate decoder. I would not wish
to see that day arrive.

The receiver has not been built, 4-
channel especially, that will match the
quality and power of a Crown DC-300,
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THE SONY
SOUND LAB

Even if you can't afford it, you should know about it.

Knowing about a system like this
gives you more than just a hook to
hang your dreamson.it's also a bench-
mark that the system you have (or the
one you plan o buy) can be measured
against.

It exists because engineers dream,
too. And beccuse, at Sony, they turn
their dreams nto reaitv.

One dreamzd of & turntasle whose
mechanical >z2rformznca would ap-
proach an elzcronic circuifs level of
perfection. Tre result was the PS-2251,
in which electronic circuis parform the
formerly mecanical lunctior s of speed
selection, speed regulatan and pitch
control. The single moving part...the
turntable/servomotor zsserrbly.

Other Sony engin=ers wouldn't set-
tle for anything less than a tuner with

absolute interference rejection. So they
added to an already interference-free
tuner, a circuit that could cut through
even the most persistentimpulse noises
of men and machines.

More dreams: A preamplifier with
the control flexibility of nearly 2,000
precisely repeatable response settings
and precisely 42 levers, meters, knobs
and jacks. A quadraphonic decoder
with dual logic circuits that can make
your system realize the full potential of
four channel SQ discs and FM broad-
casts, with decoder circuits for other
matrix recordings, and a full comple-
ment of quadraphonic monitoring and
control facilities. Plus power amplifiers
so clean that they approach the maxi-
mum dynamic range of alive symphony
orchestra white delivering 100 contin

A

uous watts of power per channel at all
frequencies from 20 to 20,000 Hz, with
less than 0.1% distortion

Dreams, once. Realities, today.

And new realities to come. For after
the dream levels of performance are
achieved, our engineers re-scale their
visions, asking: "What if we could adapt
these new technigues, approach these
levels of performanze and sophistica
tion, in less costly equipment?’

Some of the answers are on your
Sony dealer’s shelf already.

The compiete Sony Sound Lab described
above sells for $2,247.00: PS-2251 turntable,
$349.50, ST-5130 tuner, 5349.50; TA-2000F pre-
amplifier, $579.50; SQD-2020 full logic SQ de-
coder, $229.50,; (2) TA-Z200F stereo ampiifiers,
$369.50 each. All prices suggested retail

Sony Corporation cf America, 9 West 57th

Street, New York, N.Y. 19019
SONY.

Check No. 56 on Reader Service Card
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Now that
with

the AT 12S

genuine

Shibata stylus is here...
all other stereo cartridges
over $50 are obsolete!

Better performance from ex-
isting stereo records, and
idea| operation of any CD-4
discrete playback. system is
yours when you select an
audio-technica

four channel car-

tridge.

Now four models,

including the new

AT12S at only $49.95 ,
suggested retail. All with

@ audio-technica.

genuine Shibata tips that per-
N mit response

y to 45,000 Hz and
above, while minimiz-

ing record wear and
offering superb tracking.
Write today for free
literature and list of
audio-technica

dealers

nearest

AUDIO-TECHNICA U.S., INC., Dept. 103A 1655 W. Market Street, Fairlawn, Ohio 44313
Check No. 12 on Reader Service Card
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“...0ver the years,no company
has offered such awealth of
little gadgets to gladden the
souls of hi-fi putterers.”

PROOF: OUR LOW-PRICED
RECORD-SAVERS.

While everyone else is telling you
how cleaning devices can prolong
and improve

your records’ life

your sound, we

just quietly made \“\
them less expensive. o
At under $5, our velvet =
plush Record lonizer
wipes out groove noise
without wiping out
your budget.
Impregnated with
special anti-static
fluid, it extends
record life by elimin-
ating dust.

HIGH FIDELITY MAGAZINE

Our Professional Groove-
master is something else. Built
like a precision tone arm, its
feather-light touch catches
dust before your needle does.
At under $12.00, you'll hardly
g feel the price, either.

TS

I:::ElNE‘“B

ROBINS INDUSTRIES CORP.
75 AUSTIN BOULEVARD, COMMACK, N.Y. 11725 (516) 543-5200

Check No. 50 on Reader Service Card

or for that matter, a SWTCo Universal
Tiger. A 20 watts per channel receiver
simply will not handle an AR3a.

If the purist (or in my case, HiFi nut)
wants the best, separates is the only way
to go, and this means separate decoders.
This method will permit any change,
modification, up-date or what have you
without regard to form factor, power
requirement, or visual esthetics decreed
by the XYL for her front room.

Yes, my system looks like Fig. 3 on
page 32, only more so, thank goodness.
I can add, use. experiment with any
decoder in any format, in any size with-
out disrupting in any way the remainder
of the system.

I. for one. hope the separate demod-
ulator/decoder is here to stay.

Frank C. Smith
APO San Francisco

From Radio Shack
Dear sir,

We are greatly appreciative of the
excellent reports on Realistic receivers
Len Feldman has written for AUDIO—
keep ’em coming! There is just one
thing that bugs me: at the end of your
STA-120 report and the beginning of
your QTA-790 report, you commented
adversely upon a little stock paragraph
on the inside cover of our operational
manuals. [ wrote that gem about seven
years ago merely to indicate Radio
Shack’s desire to please people via
the sound, the look, the feel, and the
reliability of our equipment as opposed
to mere specs. I have now rewritten
those comments out of fear that the
next time you review us your irritation
will have reached the point ol making
a headline (or indeed an entire report)
out of my innocent prose. O the awe-
some power of the press!

Lewis F. Kornfeld, Jr.

President
Radio Shack
=l l e
<)
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> y
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v |

I
' .

“And if we do have twins, they
will not be named ‘Woofer’ and
‘Tweeter!””

e
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Have you really heard
four channel sound?

If you were aware
of sound coming from four
loudspeakers,we think the answer is no. The pur-

pose of a loudspeaker is to produce acoustical fields in
your home appropriate for the reproduction of a musical per-
formance. The loudspeakers themselves should not, and cannot, play
the roles of musical instruments. (Their sizes and radiation patterns do not
duplicate those of any single instrument let alone an ensemble of instruments.)
In fact, you shouldn’t hear the speakers themseives. |f you do hear the sound
coming directly from the speakers, then you are experiencing all the distortions as-
sociated with the sound of a complete orchestra emerging from a small box. In four
channel systems (QUAD), these distortions are even more critical than in stereo, since
localization to point sources behind a listener can be very unnatural and disturbing to the ear.
There are two key factors for excellence in QUAD: 7. The use of DIRECT/REFLECTING®
speakers which, by radiating waves at selected angles to the walls, interact with the room sur-
faces to produce a spatial pattern Iike the one which is indicated in the diagram on this page.
With this arrangement, you hear the performance instead of the speakers. Contrast this with
the beaming patterns of direct radiating speakers that cause shrillness, result in localization to
the face of the speakers, and confine the QUAD effect to a small area in the center of the
room. 2. A very close match in the frequency characteristics of the front and rear channels.
This is very important to assure the same musical timbre from all channels. BOSE a-
chieves this match by the SYNCOM™ 1l Speaker testing computer to an accuracy
that, we believe, is not approached by anyone else in the industry. But there is
even better news about matching. The new BOSE 501 SERIES Il is designed
specifically to match the new BOSE 901 SERIES 11 for QUAD operation.
Thus, you can begin with a 501 stereo system and later add on to ob-
tain a 901 front/501 rear QUAD system -- a system that you
must hear ‘in comparison to conventional QUAD!
For information on the BOSE products,
circle your reader service card
or write Dept.OA.

-/ /L =

The Mountain, Framingham, Mass. 01701

Check No. 16 on Reader Service Card



Behind The Scenes

R s e e e N, !

Bert Whyte

autumn in New York—-and the

46th Audio Engincering Society
convention begins its four-day run at
the prestigious Waldorf-Astoria. With
the general upswing in the recording
business. this has encouraged more
and more equipment manufacturers
to take exhibit space at the convention,
so there will be scads of interesting
new audio items, which we will report
to you in due time.

Time is indeed a problem in dealing
with audio products. Far too often a
product is announced, or a prototype
shown, and by the time you get a unit
for evaluation, a year may have passed.
As a matter of incidental interest. you
may not be aware that electronics
manufacturers are currently in a terrible
bind for parts. It seems that during the
recent recession most parts vendors
let their inventory position diminish
almost to the vanishing point. Now that
things are booming again, the lead time
on items such as power transistors,
resistors, capacitors, etc. has assumed
incredible proportions. You hear horror
stories such as 40 weeks for “garden
variety” parts, and a year or more wait
for specialty items. One manufacturer
of high-power amplifiers requires a
very fancy capacitor and the vendor of
the part is quoting a mere 2% years
delivery! Needless to say, a great deal
of intricate “wheeling and dealing”
is going on in efforts to circumvent
these situations. It is also obvious that
the small, highly specialized audio
manufacturer. who 1s usually in a
limited capital position, is particularly
vulnerable in this parts bind. In spite
of all this, most companies seem able
to cope with the situation. Fortunately
too, the traditionally “venturesome™
audio manufacturer has continued his

I T’S THAT TIME of year again-

research programs and we see the fruits
of all this labor at the engineering
conventions. It also appears that the
parts shortage has not deterred “people
with tdeas,” from entering the audio
business. A case in point is the story
of Mark Levinson Audio Systems, a
Connecticut-based  manufacturer  of
some very exotic audio products.

[ first encountered the company at
the 45th AES convention in Los Angeles
last May. Sharing a demonstration room
with Burwen Laboratories, they were
showing their LNP-2 preamplifier which
drew attention not only because of its
unusual design, but for the rather daz-
zling specifications which were quoted
and the rather breath-taking price of
$1750.00! As is usually the case. a
brief exposure in a typical demonsira-
tion room gives a very superficial
evaluation of a product, but what I
saw and heard of this preamp intrigued
me. [ made arrangements to try oul
one of these units, and for the past
several months it has been in daily use
in my audio system at home.

Mark Levinson is a very intense,
dedicated young engineer, who is by
far the most rigidly uncompromising
audio purist I have ever met. His
company philosophy and his products
are a reflection of this attitude. As 1
have gently pointed out to him, “his
way” is not the way to riches. His
disdain of component parts that are
not of “state of the art” quality s
almost monumental. His immaculately
wired preamp uses teflon-coated,
shielded wire throughout, and one
engineer friend of mine saw this,
snorted, and said “Hell’s Bells' Who
needs it? This is aerospace stuff!”
Mebbe so . . . but this practice yields
crosstalk of’ minus 95 dB and relative
immunity to noise pick-up.

14

As you can see in the photo of the
unit, it is designed for rack-mounting,
The chassis is brushed black anodized,
and top and bottom plates are secured
with stainless steel Allen screws. All
lettering and index markings on the
front panel are hand-engraved. The
satin-finished aluminum knobs are
large and easy to handle. The LNP-2
preamp is a modular unit. The military
spec. glass-printed mother circuit board
has gold-plated input sockets. These
mate with six Burwen plug-in epoxy
encapsulated UM201 mixing amplifier
modules, which are high gain 7mc
bandwidth operational amplifiers of
extremely low noise . . . | microvolt
20Hz 10 20kHz. A seventh plug-in
module is a Burwen VU306 peak VU
detector. There is an eighth input
socket which will accept other optional
special function modules. As you can
see. there are two large Weston VU
meters and the meter function is
controlled by the VU306 peak detector.
Normal VU averaging characteristics
are provided in one switch position.
In another position, the module gives
a 5 microsecond response and will hold
peaks for 2 seconds. The switch position
marked HF + shows +13 dB @ 20kHz
for slow speed tapes to avoid high fre-
quency saturation. The meters monitor
the record output of the unit. The
preamp has input provisions for phono,
tuner. auxiliary and two tape units.
Main output and two tape outputs are
provided. Cannon connectors are in
parallel with standard phono connectors
for tape in and out and amplificr
output.

Mark uses a regulated plug-in epoxy
encapsulated power supply mounted
in a separate chassis to avoid hum
pick-up. The unit has the usual input
facility switches and mode switches.
In addition it has input level controls,
which are in essence balance controls,
and record output switch so tapes can
be made either in mono or stereo. Zero
VU levels can be adjusted by a pre-set
700 Hz sine wave calibration tone. On
the top right of the preamp is a 0-40
dB gain control switchable in 10 dB
steps to allow maximum S/N ratio
for any input level. There are three
tone controls: 20Hz., +14 to —8dB in
2dB steps; SkHz, +3 to —3dB in IdB
steps: and 20kHz, + 14 to —-8dB in 2dB
steps. Noise with these controls is
typically less than 100 dBm (all controls
maximum. less than minus 87 dBm.)
Throughout the preamp, resistors are
1% tolerance metal film. Capacitors are
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Manufacturers often taik and write about
performance specificat'ons, particularly their
wide frequency range, as an indication of their
equipment’s quality. But how does this relate
to “listening quality”? Soeaker manufacturers
publish nearly identical specifications—but
these are of interest only as theoretical
abstractions, since no cne can significantly
reiate them to “listening quality.”

Bozak Speakers have only one purpose, we
call it the “Bozak Ideal’ - to recreate your
favorite sounds technically anc musically—
rock or Bach—in all of their subtle detail and

to com

thrilling power. With clean,-true-pitch
bass, clearly defined mid-tones and clear,
warm treble.

Bczak’s Sonora speaks for itself too!
Designed especially for those with an ear for
superb sound but with limited budget, as well
as space, Sonora has more quality for its size
than any other bookshelf speaker available.
Hear them at your Bozak dealer today. You'll
discover that every Bozak is all Bbzak!

BOZAK, Box 1166, Darien, Conn. 06820

Overseas Export: Elpa Marketing Industries Inc.
New Hyde Park, N.Y, 11040

Jtstough
are something

in a class by

itself.

)




either solid tantalum or 1% tolerance
metallized polycarbonate. Potentiom-
eters have conductive plastic elements
and teflon-coated shafts. The input
level controls and the ganged volume
control are calibrated in 1 dB steps
from O to —30dB and are guaranteed
to track within 0.1 dB between channels
for virtually identical frequency re-
sponse and amplitude. On the rear of
the preamp is a Cannon connection
which is for powering a versatile
electronic crossover, which is just about
to achieve production status.

For those die-hard advocates of
moving coil phono cartridges such as

the Ortofon, which have problems with
low output, Mark has the JC-1 pre-
preamp, a John Curl-design six years
in the making, to solve the gain
problem with an astounding equivalent
input noise of —147 dBm.

As I noted earlier, the specifications
on this Mark Levinson preamp were
so spectacular, that I wanted a thorough
check-out on them. Thus, I had some
tests run at a very sophisticated manu-
facturing facility, where among other
things they had a Hewlett-Packard
Fourier harmonic spectrum analyzer.
On the line inputs to main or record
output, the tracing on the graph was

3 of the Worlds

sells more
speaker systems
than anyone else

Chances are very good that you
have heard our sound. In fact,
if you listen to many great
speaker systems, you couldn't
miss us. We haven’t promoted
the name too much, since en-
gineering, sound technology

and manufacturing techniques are our
real forte. All this means to you is
incomparable sound for astonishingly

Best Sellers!

AS-2AX.8" 2iWAY

| $59.95 -

WD-80-12: "3 WaY.

$99. 95 NEBT

HSI-C-12"" 3'WAY

$119.95 e

low prices. IT'S NO WONDER, WE

ARE NUMBER 1! Here are three ex-
amples of quality systems that sell by

the thousands.

FINISH: (ALL MODELS) Genuine Wal- x97)
nut Veneer, handsome hand-rubbed,

oil finish.

Please write to UTAH ELECTRONICS for de-
tailed information on Model or Models of your

choice.

HUNTINGTON, INDIANA
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UTAH SPECIFICATIONS

AS-2AX: 8" 2-WAY ACOUSTIC
SUSPENSION SYSTEM—$59.95
NET (8" Woofer, 3% Tweeter,

Weight—22 pounds, Size—11"x18"

WD-90: 12" 3-WAY ACOUSTIC
SUSPENSION SYSTEM — $99.95
NET (12" High Compliance Woofer,
8" Midrange, 3%2"" Tweeter, Weight—
33 pounds, Size—-14"x23"'x10"")
HSI-C: 12" 3-WAY SPEAKER SYS-
TEM—$119.95 NET (12" Heavy Duty
Woofer, Midrange Compression Horn,
5" Tweeter, Weight—46 pounds,
Size—15"x25% " "x14")

practically unwavering showing har-
monic distortion below 0.001, and this
at odd and even harmonics way on out.
The same test on the phono input
showed some 0.003 to 0.004 spikes at
odd harmonics, but we later learned
this test was invalid because the input
gain contro! was set at the 40 dB point,
a setting that would almost never be
used in any normal circumstances. I
next visited the Mark Levinson labs in
Connecticut and ran through every
test with Mark. He has fine equipment
including the well-known Radford
low-distortion signal generator, Hewlett-
Packard voltmeter and digital voltmeter,
scopes, etc.

We checked every standard param-
eter, and all met or exceeded the
claimed specifications. Thus the tracking
between pots was verified at 0.1 dB.
The frequency response bettered the
listed =3 dB, 0.5 Hz to .5 MHz and
~0.1 dB, 5 Hz to 100 kHz. THD was
less than 0.005%, d.c. to 10 kHz, 0.02 at
20 kHz. S/N ratio of the phono mea-
sured a fabulous 86 dB below 10 milli-
volts input at 1 kHz (inputs shorted),
and the line measured an incredible
minus 134 dB! The RIAA curve was
accurate to within 0.4 dB from 20 Hz to
15 kHz. Phono overload was at the
lofty figure of 250 millivolts, better by
at least 50 millivolts than any other
preamp I am familiar with.

Okay . . . so everything checked out
with this super unit. The big questions
are . . . is any preamp worth this kind
of money . . . and what did it sound
like? Can any difference be detected
between this unit and the lesser-priced
preamps on the market?

As far as money is concerned, this
is a preamp designed to be used as a
laboratory tool; it is a professional
instrument in the truest sense of that
overworked word. The unit is guar-
anteed for 5 years, parts and labor free
of charge. If your inclinations are to
superb specs with maximum repeat-
ability and reliability and your pocket-
book can absorb the shock, it certainly
can be regarded as an investment. As
to the sound, it does one thing superbly
well . . . phono and line noise simply
are inaudible and cease to be a factor.
It sounds measurably cleaner in the
phono listening, perhaps because of the
high overload characteristics and the
high velocities encountered on today’s
discs. The transient response is razor
sharp in line or phono, and the bass
is unusually solid and clean. Yes, there
are audible differences, subtle to be
true, and admittedly something you
have to listen for, but if you are one
of the puristelite to which such subtleties
are important this preamp is unques-
tionably . . . monetary considerations
aside . . . the premier choice.
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Sorry, but when it comes to our

new Phase Linear 4000, modesty

fails us. How else would you

describe a preamplifier that actuaily:

e Puts back in what recording
studios take out.

e Restores dynamics lost in
recording to closely approximate
the original.

e Vanishes into virtual inaudibility all
hum, noise and hiss inherent
in most tapes, records, and
FM broadcasts.

e Lets your music (at last) reach
a lite-like level where cymbals
sound like cymbals, kettle drums
like kettle drums.

e Letsyou . . . for the first time . ..
hear your music from a
silent background.

Sinee its introduction follows the

Phase Linear 700 and 400 power

amps, the 4000 pre-amp had to be

gocd. Consider these features:

The Peak Unlimiter

To prevent overload in recording
equipment, studios today ‘“'peak
limit" high-level explosive transients
of the source material. Incorporated
in the Phase Linear 4000 is a
highly-advanced circuit that reads
peak limiting, immediately routes
the signal through a lead network,
and restores dynamics lost in
recording to closely approximate
the original.

*SQ is a trademark of CBS Labs, Inc

.
Shoccor Vervens
G
rgn -kl Sshed Semnd

The Downward Expander

Gain riding, a recording technique
used to improve low level signal to
noise on phonograph discs,
unfortunately compresses dynamic
range that would otherwise be
available. The 4000 senses when
gain riding has been used and
immediately expands the dynamics
reciprocally downward to precisely
the intended level.

The AutoCorrelator

The advanced Autocorrelation
Naise Reduction System in the
4000 makes record/tape hiss and
FM broadcast noise virtually vanish
... without effecting musical content
of the source material. Over-all noise
reduction is —10 dB from 20 Hz to
20 kHz. Your music comes from a
background that is silent.

Plus...

... the 4000 is an advanced stereo
preamp with SQ* and Phase Linear
differential logic . . . its Active
Equalizer gives you a truly flat energy
distribution over the full audio
spectrum . . . completely passive,
independent Step-Tone Controls
allow precise tailoring of the music
to your listening environment.

It is, in a word, incredible. Ask your
dealer for an audition.

PHASE LINEAR 4000 SPECIFICATIONS
Total Distortion: Less than .25%.
Typically .02%.

Total Noise: High level: 95 dB below full
output. Phono: 82 dB below full output.

Tone Controls: Bass: Monotonically
increasing and decreasing, dual hinge
points, = 8 dB @ 20 Hz. Hinge points
switch selectable beginning at 40 Hz
or 150 Hz. Treble: Monotonically
increasing and decreasing, dual hinge
points, = 8 dB @ 20 kHz. Hinge points
switch selectable beginning at 2 kHz
and 8 kHz.

Active Equalizer: 6 dB/octave boost

below 50 Hz.

Peak Unlimiter: (Nominal peak unlimit
rate attack threshold, front panel
variable) .5 dB/micro second for + 6 dB
peak unlimited operation.

Downward Expander: Downward
expansion commences at —35 dB.
Ultimate limit is —41 dB. Unlimiter
window is 35 dB wide, upper and lower
thresholds are simultaneously variable.

Auto Correlator (Noise Reduction
Systems): High frequency noise reduc-
tion commences at 2 kHz and is 3 dB,
reaching 10 dB from 4 kHz to 20 kHz.
Weighted overall noise reduction is
—10 dB from 20 Hz to 20 kHz.

Size: 19”7 x 77 x 10” —Weight: 18 Ibs.
Price: $599 — Cabinet: $37

Warranty: Three years, parts and labor.

Shase Linear 4000

Check No. 40 on Reader Service Card

THE POWERFUL DIFFERENCE

PHASE LINEAR CORPORATION, P.O. BOX 549, EDMONDS, WASHINGTON 98020



Editor’s Review

HE AUDIO ENGINEERING SOCIETY is celebrating its
T25th anniversary this year and its 46th convention
was held September 10 through 13 at the Waldorf-
Astoria in New York City. Some 14 technical sessions
were held, and the New York Section’s presentation,
“Look What They've Done to My Song, Ma!” was
easily the most popular, with more than 750 people
attending each of the two presentations. Producers
Irving Joel, Al Grundy, and John Woram gave those
in attendance a “listen-to and a look at distant past,
recent past, and current attempts by the recording
industry to capture and create the elusive impact
of music.” More than 40 selections were played,
from a 1904 Victor recording of Sousa’s Band, with
Herbert Clarke conducting, to current releases by
artists such as the Beatles and the Boston Symphony.

Exhibitors took one entire ballroom on the third
floor, adjacent to the technical sessions rooms, and
most of the fifth floor. One of the most interesting
exhibits was the museum of early sound recording
equipment, which was gathered by John T. Mullin.
Presented for the first time at the 45th Convention, in
Los Angeles, the museum contained examples of vari-
ous stages in the development of recording equipment
over the last 80 years.

At the Awards Banquet, C. G. McProud, Audio’s
former editor and publisher, was the featured speaker.
In addition to publishing the letters from Frank Sherry
and C. J. LeBel which led to the formation of the
Society, McProud also published papers presented at
the early New York meetings. The A.ES. Journal, of
course, began publication in January 1953, and
through the years Audio has been pleased to be able

Erik Madsen
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to reprint many of these important papers. In 1952,
McProud became President of the Society.

Award recipients in this Silver Anniversary year
included Erik R. Madsen, who was presented the Sil-
ver Medal, formerly known as the Emile Berliner
Award; James White, who received the first Publica-
tion Award for his paper, “Mechanical Playback
Losses and the Design of Wideband Phonograph
Pickups,” JAES, Vol. 20, No. 4, and Donald W.
Powers, who received the Medal Award, which is
given annually to a person who has significantly help-
ed advance the Society.

Honorary Memberships were presented to William
S. Bachman, Murray G. Crosby, and Cyril W. Harris.
A Fellow Award was presented to Edward Tatnall
Canby, Associate Editor of this publication, “for his
writing over the years reminding us that music is what
the audio industry is all about.” Also receiving Fellow
Awards were Roy F. Allison, Richard S. Burwen,
C. Robert Fine, Irving L. Joel, Arnold Schwartz, and
Takeo Shiga.

Expanded Speaker Tests

This month a new name will be found at the end
of our speaker system tests, that of Richard C. Heyser.
Mr. Heyser is a member of the Editorial Board of the
Journal of the Audio Engineering Society, in which
several of his papers have appeared. He has been
actively involved with test procedures for speakers
for many years and his name will be familiar, I'm
certain, to most speaker designers. An article by Mr.
Heyser, explaining our new test methods, begins on
page 20. EP

C. G. McProud
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The best of both worlds—

PICKERING'S STATE-OF-THE-ART

CARTRIDGES...

Pickering has done it again! In 1957—the first American-made magnetic
stereo cartridge that helped build the industry was a Pickering. Now—in 1973
—the tirst American-made discrete, 4-channel cartridge that will change the
world's listening is a Pickering. Today, Pickering invites you to enjoy the best

of the world of your choice.

For the world of
STEREO~—
XV-15/1200E

Designed for use with all stereo
and four-channel derived compat-
ible systems.

“PRECISION" is the one word that
best characterizes the extraordi-
nary quality of the new Pickering
XV-15/1200E cartridge, the cul-
mination of Pickering's 25 years in
contributing important technolog-
ical advances to the manufacture
of magnetic cartridges. We sin-
cerely feel that the 1200E is the
furthest advance achievable today
—and perhaps in the foreseeable
future —in stereo cartridge design
and performance. lts exceptional
ability to pick up al// the material
recorded at the lightest possible
tracking forces make it totally
unique and superior. This cartridge
is for the sophisticate —one who
possesses components of such su-
perlative quality that the superiority
of the XV-15/1200E is a require-
ment.

And all of Pickering’s exhaustive
testing shows that the 1200E is
superior in the flatness of its fre-
guency response and channel
separation in comparison to com-
petitive cartridges.

SPECIFICATIONS
Frequency Response: 10 Hz to 30 kHz
Channel Separation,

Nominal: 35dB
Tracking Force: %4 gram, 4 Y2 gram,
—Ya gram.
Nominal Output: 4.4 mv
Stylus Tip: 0.0002” x 0.0007”

For the world of
DISCRETE 4-CHANNEL—
UVv-15/2400Q

Designed and engineered

specifically for playback
v of discrete recordings.
The introduction of the

discrete 4-channel system

™~ required a completely new
QUADRAHEDRAL cartridge that could not
only faithfully reproduce the 20 Hz to
20 kHz AM signals, but also the 30 kHz
FM modulated signals. The result is the
Pickering UV-15/2400Q discrete 4-
channel cartridge, which represents a
new level in the state of the art. It con-
sists of a completely redesigned car-
tridge and a new high performance
stylus assembly, the Quadrahedral™
which was specially developed for this
application, and features a revolution-
ary new diamond stylus. The UV-15/
2400Q performs in a superior manner
by every measurable test, and is ca
pable of satisfying all the technical and
aesthetic requirements for playback of
all the material recorded on both dis
crete and stereo disks. Moreover, its
stylus is so designed that it not only
perfectly reproduces the music re-
corded, but also reduces record wear.

SPECIFICATIONS
Frequency Responsez: 10-50,000 Hz

Channel Separation: 35db
Tracking Force': 1-3 grams
Qutputs: 38mv=+2dB
Stylus: Quadrahedral
Notes

1. Recommended by manufacturer for optimum per
formance.

2. When the cartridge is terminated in the recom
mended load of 100K ohms and 100 PF

3 Output with reference to 55 cm/sec record
velocity.

The right Pickering cartridge for your equipment is the best cartridge money can buy.

@ PICKERING

“for those who can the difference”
Check No. 41 on Reader Service Card

For further information write Pickering & Co., Inc.
Dept. F, 101 Sunnyside Boulevard, Plainview, New York 11803



BREAK’ﬁIvl ROUGH
SPEARER TESTING

Richard C. Heyser

in order to provide additional data about speakers.

While these tests will be laboratory tests simply because
no Lwo listening situations are identical, we have attempted to
bring these tests as closely as possible in line with the actual
conditions of use. While researchers do not have a uniform
opinion about the relative value of some of these tests. these
new methods of presentation are a step forward in providing
additional information about the properties and characteristics
ol speakers. The purpose of this article is to introduce these
new tests. several of which have previously appeared only in
learned journals, and to explore their meaning, as well as to
review the other tests which we have been using.

! UDIO is adding several loudspeaker testing procedures

Frequency Response

The frequency response of a speaker is a measurement of a
speaker’s ability to reproduce constant sound pressure of any
pitch component. from lowest to highest, from constant clec-
trical stimulus. It will continue to be our standard practice to
plot the relative magnitude of sound pressure for each fre-
quency component.

Frequency response, like that of an electrical network, also
has a phase response as well as an amplitude response for
cach pitch component, and this phase response is associated
with “when™ a sound arrives at your ears after the application
ol an electrical signal.

We all use the different “whens” of arrival to distinguish
between direct and reflected sound in evaluating the spacious-
ness of a room and to locate sound sources. These abilities are
based on the constant speed of sound, but imagine what would
happen it the speed of sound depended on pitch. An instru-
ment’s fundamentals and harmonics would all be there, but
they wouldn’t arrive together as we normally expect. Some
speakers do exhibit delays like this. and these are closely
associated with phase response.

The exact relationship of phase and amplitude response is
quite complicated and still open to final interpretation. How-
ever, it can be stated that two speakers with exactly the same
amplitude response will not produce the same sound unless
they also have the same phase response and that a speaker
with a smoother amplitude response than a second will not
reproduce more accurate sound unless the phase response is
also well behaved. Highly important to a speaker’s ability to
produce accurate sound, when it has been properly equalized,

20

is that of minimum phase change. A minimum phase change
speaker is one which. when all amplitude response variations
are removed by conventional resistance, capacitance. and
inductance networks, has the minimum possible phase shift
over the frequency spectrum. It is then like the proverbial
piece of wire in its handling of signals. Conventional tone
control equalization for balancing the amplitude response will
also automatically balance the phase response for a minimum
phase loudspeaker.

We will identity those regions ol the frequency spectrum of
each tested speaker where non-minimum phase reproduction
occurs for direct sound. We must stress that this does not mean
that a minimum phase speaker will automatically produce
more accurate amplitude response than a non-minimum phase
speaker. However, a non-minimum phase speaker will usually
exhibit frequency response difticulties which can be associated
with time delay effects which, in turn, cannot be corrected
with conventional passive equalization.

Basic to our presentation of both amplitude and phase
response is a spectrum analyzer. a Probescope Model SS-100,
specially modified to become an adjustable bandwidth tracking
filter which can be phase locked to any signal from 10 Hz to
100 kHz. The standard test setup uses a |-in. Hewlett-Packard
mic on axis one meter from the speaker being tested. A glide
lone is fed 1o the speaker. and the tracking filter, tuned to the
frequency of the glide tone, picks up the direct sound as
received by the mic. Since the frequency bandwidih of the
tracking filter is narrow and its center frequency changes
rapidly to follow the glide tone. only direct sound is passed
for measurement because reverberant sound will not have
arrived before the filter changes frequency. Thus the amplitude
response measured is anechoic. Phase response is obtained in
a similar manner using a continuously variable phase shifter
which permits either relative or absolute phase measurements.

To take into account the coupling of a speaker and room.
without placing undue emphasis on room characteristics, a
second measurement ot amplitude is made using a wider
bandwidth, or time window. so that early reflections from
floor, ceiling, and—where appropriate—walls are included.
Tests below 100 Hz will not be performed here since the longer
wavelengths of those lower frequencies would require inclusion
of more room reverberation characteristics than are of interest.
The distance for this test will be three meters on axis, one
meter above the floor, to approximate the usual listening
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position. If listening tests show that off-axis positions are
preferred for stereo effects, these speaker arrangements will
be used for this test.

The formats of these data is shown in Figs. | and 2. The
amplitude response, identical to what is usually called the
frequency response. will still be plotted in decibels. The
phase response is plotted in electrical degrees relative to a
pure transmission in which the air path delay from mic to
speaker is removed. The convention chosen for measurement
of phase shift is that a positive voltage applied to the positive
(usually red) speaker terminal will produce an increase in
sound pressure and assumes the speaker cone moves toward
the listener with this polarity.

Evaluation of the amplitude curve is done in the traditional
manner. Sharp peaks of more than 3 dB generally are more
obtrusive than dips of the same size, because sounds traveling
two slightly different distances can cancel by any amount even
to total null at one frequency but cannot reinforce to give an
intensity greater than their sum. Such peaks will generally
tend to make background noises, such as record pops and tape
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hiss, stand out more than they should. The peaks indicate
resonances and if extreme can actually cause ringing at a
discernible high frequency and hangover at lower frequencies.

Sudden sharp dips in amplitude over a relatively narrow
frequency range are often due to interference effects of much
the same type as those occurring with natural sound in a room.
They may be relatively inaudible for direct sound, but other
polar angles of radiation may not have the same frequency
dip. The effect could then be a lateral shift for these fre-
quencies when you listen for stereo program material in a
relatively live room. Such interference effects may not be
noticeable in those speakers which depend on room reflection
but are to be avoided for speakers which rely heavily on direct
sound for stereo or quadraphonic imagery.

The other major effect of amplitude response on reproduc-
tion of direct sound-—change of timbre—can be estimated by
visually smoothing a curve through the average values of
response. One rule of thumb is to note the relative response
around middle C (262 Hz), two octaves below (65 Hz), and
four octaves above (4186 Hz). If the speaker is down more than
about 3 dB at 65 Hz. it stands a chance of sounding “thin.”
The shape of the speaker’s low frequency roll off and your
pre-amp’s tone control curves can indicate whether you can
bring this up to a full bodied bass without incurring a bump
of more than 3 dB at some intermediate frequency. such as
A, at 110 Hz.

A look four octaves above middle C to C, will indicate
whether the principal musical partials of most instruments
will be reproduced fully. Difficulties in this range will usually
indicate a noticeable change in timbre. If the high end is
rolling off, it will be dull, while a rise in response usually
betokens brightness. The use of tone control and speaker
curves also applies here.

Polar Energy Response

The success of good stereo and quadraphonic imagery
depends largely on how much and what quality of sound is
radiated at different horizontal angles. Since it is impractical
to publish response curves for every possible angle and fre-
quency, a polar plot will be made which, together with the
frequency response, can give a reasonable feel for the dis-
persion you can expect in your listening environment. The
basic test setup is much the same as that used for the amplitude
and phase response tests except that a specially calibrated
motor is used to turn the speaker on its axis and to indicate
the relative angle. All fundamental frequencies. from 20 Hz to
70 kHz. are measured with constant input, and the total sound
energy in this band is plotted as a continuous function of angle.

The polar plot is made under the assumption that speaker
directivity becomes more prominent with increasing frequency.
Our plot is made on an equal frequency basis and means that
the higher frequency variations show more prominently in
this plot. Experiments using both an equal frequency basis and
an equal octave basis have shown little significant difference
in most speaker polar responses. The choice of an equal
frequency basis is made because of its listening relationship
with the speaker’s reproduction of white noise.

A typical polar plot is shown in Fig. 3, looking down on the
speaker from above. The general meaning of this speaker’s
polar response is that you can expect rather uniform sound
anywhere within the dashed line from A, to A; The polar
plot also warns us that there is a strong “finger” of responsc
at position B, where high frequencies are more prominent
than at C and D. However, since the overall level at B is
about the same as at A, the sound at B is probably well bal-
anced and quite listenable. The sound at E is down overall
and because lower frequencies tend toward less directivity,
this position’s sound will probably be bass heavy.
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I bought a Marantz 4 channel

receiver because I refuse to be
stuck with an electronic antique.

Not one to tolerate obso-
lescence (planned or un-
planned), I considered
the stereo vs. 4-channel
% question carefully, then purchased
a Marantz receiver for three compelling reasons.

One. Marantz has Dual Power. This means
you get full power of four discrete amplifiers working
all the time. Whenyou're listening to regular 2-channel
tapes and records you can combine the power of all
four channels into the front speakers. This means
even if youre not ready to commit yourself to a com-
plete 4-channel system, you can buy Marantz now
and when you get the other two speakers just flip a
switch. You have 4-channel. Meanwhile, youre not
compromising 2-channel because you're getting more
than twice the power for super stereo.

Reason number two. Marantz receivers fea-
ture the exclusive snap-in snap-out adaptability to
any 4-channel matrix decoder. This means that your
Marantz stereo will never be made obsolete
by any future 4-channel technology
because the Marantz snap-in SQ”
module is designed to keep up with
the changing state of the art. What's
more, Marantz receivers have )
Vari-Matrix— a built-in circuit that
will synthesize 4-channel sound
from any stereo source (including
your stereo records and tapes)
and will also de-
code any matrix
encoded 4-
channel disc or
FM broadcast.

Reason number three. Marantz receivers, from
the Model 4230 up, feature built-in Dolby”" noise
reduction to bring you the quietest FM reception
ever. And you can switch the built-in Dolby into your
tape deck for noise-free, no-hiss recording from any
source. A real Marantz exclusive.

I chose the Marantz Model 4270 because it
suits my needs perfectly. It delivers 140 watts con:
tinuous power with under 0.3% distortion. And it's
literally loaded with features. However, your require
ments may be more modest than mine. In which case
you can own the Marantz Model 4220 which delivers
40 watts with Dual Power. Or you can go all the way
and get the Marantz Model 4300 with 200 watts. It is
the very best. Choose from five Marantz 4-channel
receivers from $299 to $899.95.

The point to remember is this —whichever
model Marantz 4-channel receiver you do buy, you
can buy it today without worrying about its being
obsolete tomorrow. Look over the Marantz line of
superb quality receivers, compo-
nents and speaker systems at
your Marantz dealer. You'll find
him listed in the Yellow Pages.
Think forward. Think Marantz.

¢ T Y SV 1Y v N
We sound better.

“$Q Is a trademark of Columbia
Broadcasting Systemn. Inc.

“"TM Dolby Labs. Inc

L

©1973 Marantz Co.. Inc., a subsidiary of Superscope Inc.. P.O. Box 99A. Sun Valley. Calif. 91352. In Europe: Superscope Europe, S.A., Brussels, Belgium
Available in Canada. Prices and models subject to change without notice. Consult the Yellow Pages for your nearest Marantz dealer. Send for free catalog

Check No. 43 on Reader Service Card



The polar plot is made without reflected sound, and if your
room were anechoic, it would tell you how to balance your
system. However, we don’t listen in anechoic chambers and
here is where your listening room comes into the picture. If
you have a hard wall, such as wood paneling or plaster, behind
the speaker, as indicated by W, you can expect a strong
reflection from the response of the back finger, F. This is fine
if you want to use reflected sound to augment stereo imagery,
but the polar plot shows that the nonsymmetry of the back
lobes will tend to move sound over to the left for this speaker.
If you want strong imagery of violins and brightness on the
left. use this speaker in front of a hard surface, but don’t
expect balance on the right channel. By deciding where a
speaker will be placed in relation to reflecting surfaces in your
listening room, you can spot trends of reproduction and pos-
sible trouble areas. There are other considerations in choosing
a speaker, but the polar energy response is one of the few you
can tie to your listening room.

Harmonic Distortion

We measure harmonic distortion by using a fixed frequency
sine wave and plotting the second and third harmonic output
as a percentage of electrical drive power. The test signals are
the equivalent of pure flute tones with no harmonic structure
of their own. The three test frequencies are: E, = 41.2 Hz,
corresponding to the lowest fundamental normally in musical
material and the lowest tone in the usual range of the biggest
systems; A, = 110 Hz, well up in the musical spectrum and
within the usual range of the smaller systems, and A, = 440
Hz. A above middle C and a reference pitch generally known
while also at or near the crossover frequency in many systems,
thus a spot where trouble can easily take place.

The second harmonics are: E;, = 82.4 Hz, A, = 220 Hz, and
A, = 880 Hz respectively, while the third harmonics are ex-
tremely close to their musical fifths: B, = 123.5 Hz; E, = 330
Hz, and E, = 1320 Hz. These tones not only encompass the
lowest four octaves where distortion is most prevalent but can
be meaningfully related to sounds with a conventional musical
basis. The second harmonic distortion is indicative of gap
misalignment and field nonuniformity, and third harmonic
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distortion is tied to a voice coil driving out of the linear region
of the gap or otherwise bottoming out. Higher order har-
monics are seldom found unless physical deformation occurs.
which is usually audible as a buzzing or a similar effect. The
use of drive power will give you some idea of how much
amplifier you need before the speaker becomes sonically
improper for steady signals.

Figure 4 is a typical plot for harmonic distortion. The verti-
cal axis is the percentage of distortion of each partial. The
horizontal axis is amplifier drive power in both dBm, which
is a decibel power ratio above one milliwatt, and its equivalent
in watts. Thus one watt is +30 dBm. This power level is not
the actual volt-amperes delivered to the speaker, but is the
level which a constant voltage amplifier would deliver to a
resistor with a value equal to the rated speaker impedance.
This is done so as to be more consistent with the rated capa-
bilities of amplifiers.

There are three sets of curves, one for each test frequency.
Generally the lowest pitched test tone will have the highest
distortion. For the example shown, a one-watt level of the
tone A, will produce 0.8% A; and 0.6% E. as additional acoustic
outputs. A low organ pedal note of E, will at the same drive
produce 1.5% E, and 2% B,. Of course the acoustical output at
E is less than A, at this electrical drive power because, as
indicated in Fig. 1, the speaker is rolling off. If you were to
use full bass boost available on many pre-amplifiers to bring
up the pedal note, you might be able to add 12 dB drive to
E, relative to A,. Unfortunately, this would take you from
30 dBm to 42 dBm and the organ pedal note would now have
10% E, and 15% B, as distortion partials. This note might
produce impressive sound pressure in your room but is no
longer musically accurate.

The ratio of third-to-second harmonic distortion is a crude
estimate of driver capability. The speaker shown is running out
of steam at both A, and E, for power levels above 10 watts
as shown by the pulling away of third above second harmonic
distortion. A smooth increase of second-harmonic distortion
with level is usually a satisfactory indication, but sudden breaks
in the curve may indicate non-linear suspension or misalign-
ment of the driver.

Before condemning a speaker for bad distortion, it is neces-
sary to know what sound pressure level (SPL) is actually
produced at each fundamental pitch component. One watt into
some speakers can be a pleasant level while the same power
into another speaker can break both windows and leases. An
intensity level of | watt per square centimeter corresponds
to 160 dB SPL for a plane wave of sound. If one watt of
acoustic power were radiated uniformly from a point source,
the intensity level one meter away (which is our test distance)
would be 109 dB if we approximate the spherical wavefront
with a flat wavefront. This is a very high level and above the
capability of some speakers.

For distortion SPL comparisons, measurement is made of
the speaker power required to produce 90 dB one meter on
axis. This is rather loud but within the capability of almost
every speaker system and corresponds to an omnidirectional
source of about 1 milliwatts or 11 dBm. The electrical power
required to produce this level for each fundamental will be
shown as bars drawn through the corresponding harmonics,
as shown in Fig. 4. This lets you convert from amplifier power
level to the sound pressure level in decibels by sliding the
curves sideways until the bars line up with each other and
lie over the 90 dB SPL value.

You can use these data in several ways. First, the relative
distortion produced as you equalize the speaker for flat output
from E, through A, is immediately apparent. Thus for our
example a 90 dB level at A, now has low distortion down to
A, but enormous distortion at E,. Conclusion: If you like true
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pipe organ sound, you probably should not consider buying
this speaker.

The second way you can use these data is to find out how
much amplifier power is required to produce the level and
quality of sound you prefer. For example, the unequalized
speaker of Fig. 4 will show audible distress for single low and
mid bass sine waves at about 20 watt level. Composite material
with many partials will probably gobble up many times that
level before you hear the speaker giving up, so a 60 watt
amplifier might bottom out before you note speaker distress
at SPL’s as high as 100 dB.

Intermodulation Distortion

Speakers also suffer from intermodulation distortion. This
occurs when one signal is modified by another because they
share the same driver. Intermodulation can occur due to either
transfer function nonlinearity, of the same nature as that
producing harmonic distortion, or relative motion of the
driver causing a Doppler “warbling” of one signal by another.

Since single speakers in a system usually do not cover the
entire frequency spectrum, it is not possible to use conventional
amplifier practice with tones of 60 and 6000 Hz or any two
tones rigidly fixed in frequency. The greatest problem occurs
in the bass driver and is the effect of very low frequencies on
higher frequencies. Two test tones of equal electrical drive
level are used, 41.2 Hz, corresponding to E,, and either 440 Hz
or one half octave below the woofer crossover frequency,
whichever is lower. Sidebands about the higher frequency due
to 41 Hz are measured and the total sideband energy as a
percentage of the energy at the higher frequency is presented
at one or more electrical power levels.

An example of what this means is shown in Fig. 5. The
signal output in the vicinity of 440 Hz is shown along with
the intermodulation products due to 41 Hz. The level at 440 Hz
is acoustically measured prior to the addition of 41 Hz and
used as reference. Then 41 Hz is added at the same electrical
drive level as 440 Hz and the pressure magnitude of each
sideband is measured. The total energy in the sidebands is
calculated and then presented as a percentage of the unmodu-
lated 440 Hz. This is a one-number power measurement which
is not suitable for distinguishing frequency modulation from
amplitude modulation, and equal electrical drive power for
each frequency is used to provide comparison for cleanness
of sound when driven from a “flat” program source.

Certain special cases may arise when other intermodulation
tests need to be performed. One example might be the case
where an overly compliant woofer may badly wobble in and
out of the linear gap region due to subsonic signals from an
amplifier when bad record warp exists. While this is not
directly the fault of speaker manufacture, it can give sonic
coloration and some measure of this is made.

The guidelines for evaluation of distortion measurements are
simple: The better speaker will have lower distortion at a
given sound pressure level.

Signal Suppression Test

We know that most speakers can handle music and voice
at power levels approaching the peak clipping capability of
even super power amplifiers, yet if we try a sine wave at
what we think these crescendo levels to be, we may char the
speaker. We have already outlined two tests using sine waves.
harmonic and intermodulation distortion. This third distortion
test is intended to disclose how well musical crescendos may be
handled by a speaker.

The concept behind this test is that the highest level signals
which you normally ask a speaker to reproduce, such as cymbal
crashes, traps, and even the human voice, have a high peak-to-
average intensity ratio. A measure of a speaker’s ability to
handle these is made by the amount of intermodulation dis-
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tortion produced on a moderate signal by a random crescendo
with peak-power levels approaching 1000 times (30 dB) the
signal to be tested. That may appear to be an unrealistically
high ratio but experience on live sounds picked up by a wide
range condenser mic shows this ratio is not unusual.

Two test signals are used for this measurement. The first
is a flute-type tone with a musical basis, such as 440 Hz. The
second is white noise, which treats all frequencies uniformly
and is not only reproducible in any laboratory but is a good
all-around representation of many sound processes.

When random noise modulates a tone, it produces side-
bands about that tone. The sonic effect is random wobbling
of the tone’s pitch and amplitude—sort of a combined
vibrato and tremulo. What we are trying to measure is how
much effect is produced on regular program material by a
sonic outburst from an independent signal of higher level.
We do this by measuring how much energy in the flute tone is
spread into sidebands by the noise burst, by use of a very
narrow bandwidth filter before and during the time the
noise is apphled. The level at which one decibel suppression
of the tone occurs in a | Hz band is used as the indication
of power-handling capability when the average noise is 20
dB higher than the average sine wave power. The peak noise
voltage (three sigma)* across the speaker terminals is then
used to indicate the amplifier capability to drive the test
speaker to this level.

This test is strictly an indication of how inner musical
voices are modified by loud random signals and is not a
direct measure of the speaker “flatting out” on the loud
signals. which is presently determined by looking at the mic
pick-up with an oscilloscope.

Transient Response

What we mean by transient response is the ability to
produce pressure wavefronts which accurately follow electrical
input as a function of time. This is the “clock on the wall”
counterpart of the frequency response. Just as the sine wave
is the basic signal for determining frequency response, the
basic signal for determining transient response is the im-
pulse, a sudden sharp momentary release of energy which
should produce a sharp sound ordinarily described as a
“crack.” A typical transient response of a speaker is shown
in Fig. 6.

Figure 7 is a computer-based plot of the time spread of
sound intensity derived from the impulse response in Fig. 6.
The vertical axis is relative sound intensity in decibels and
the horizontal axis is time in milliseconds. This plot shows
the actual arrival times of signal energy components relative
to the times they should have arrived in order to constitute
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Fig. 5—Method of calculating IM distortion.
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perfect reproduction for all components in the frequency
span measured. If a woofer woofs or a tweeter tweets at a
later time than optimum, this will show as some form of
energy spread with time.

A speaker which has perfect reproduction of every signal
component in the tested frequency range will have the signal
energy hump shown in Fig. 8. This tells us that every signal
component, regardless of its pitch, duration, or intensity,
arrived at exactly the right time with the correct amplitude
and with the correct phase.

However, real world speakers do not have perfect reproduc-
tion and differ considerably from one another in transient
response. For certain pitch components, a speaker may take
a little extra time to get started while responding quickly to
others. Instead of a photo finish with all the pitch compo-
nents arriving at the same time. the race is always won by
some and alwavs lost by others regardless of program
material. The result is a time delay for some frequencies,
which results in a distortion or loss of the *“edge™ of those
sound qualities we associate with real life. (The technical
interpretation is somewhat more complicated because some
pitch components produce a sound that is equivalent to
breaking up into a multiplicity of late arrivals.)

Transient distortion is measured by applying a special
signal to the speaker terminals which at one moment in
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time has all possible pitch components of interest. At a point
one meter distant the entire sound spectrum is measured,
including all late arrivals, and we clock the total energy in
all pitch components at cach moment of arrival. This is the
energy-time plot of Fig. 7.

If a speaker spreads in time the energy of what should be
an impulse, this will show in the measurement. A speaker
with internal reflection of improperly mounted or crossed-
over drivers will produce a staccato smear in time which will
show up as multiple energy humps for the moment when
each signal arrives. Quite often. as an example of this, you
may see a second bump a millisecond or two after the first
arrival for small cabinet-mounted speakers. This is caused by
the sound from the back of the cone penetrating into the
box, reflecting from the rigid box backwall and coming out
through the relatively transparent cone as a late partner to
the first direct sound.

To aid you in visualizing how much time smear may exist,
we will-when practicable—indicate what portions of the speaker
are involved. This is shown in Fig. 7 as the side view of
the speaker box with the front of the box at 3 milliseconds,
corresponding to the one meter distance, and the rear of the
box at the position corresponding to the time it would take
sound coming from that spot to reach the microphone.

With this measurement you can begin to sense the sonic
effect of a particular speaker’s reproduction of transient
sounds. The amount of actual time smear for the high pitch
components, which give liveliness, is usually small enough
so that we can’t perceive them as separate entities; all we
know is that there is something which separates the repro-
duced sound of many speakers apart from that live sound.

Equipment Notes

As mentioned above, these tests use several sophisticated
pieces of research equipment, and since some have no com-
mercial counterpart, a word of explanation is in order. The
Probescope SS-100 spectrum analyzer has been modified to
include additional capabilities as either a tracking filter or
time delay spectrometer (TDS). As a tracking filter, it can
be phase locked to any signal from 10 Hz to 100 kHz, and
the fundamental, second, third, fourth, and fifth harmonic
automatically locked on by preset switching. The design
allows its center frequency to be phase locked to Mf +f
where f is the fundamental frequency of any periodic input,
M is a selectable integer from 1 to 5, and f; is a synthesizer
offset frequency on 0.1 Hz steps to 999.9 Hz.

The time delay spectrometer modification was the subject
of three AES papers which should be referred to for details.
(See “Acoustical Measurements by Time Delay Spectrom-
etry”, JJA.E.S.. Oct, 1967, Vol. 15, No. 4; and “loudspeaker
Phase Characteristics and Time Detay Distortion, Parts 1 & 2,”
JAES. Jan. & April, 1969, Vol. 17, Nos. | and 2.

The output of the SS-100 occurs at its if. frequency of
225 kHz. which is synchronously heterodyned to d.c. in
quadrature channels. These are time-weighted in accordance
with either a rectangular or a raised cosine multiplication,
then processed through sampled integrators. When the TDS
mode is used for test, the output of these integrators cor-
responds to the Fourier transform of the frequency spectrum
signal. and this is used for the energy-time plot.

For the polar energy response, the d.c. heterodyned if.
signals are squared and then integrated for the period of
frequency sweep. In the phase locked tracking filter test mode,
the output is a matched filter. With a one second gate, this
matched filter has a noise bandwidth of | Hz and the mean
square output is logarithmically calibrated for reading the
signal suppression for the speaker test where noise is used.
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A second nonstandard piece of equipment is a normalizing
gain pot. which was made by ganging two precision Daven
logarithmic attenuators on the same shaft with a potentio-
metric switch. A clockwise rotation increases the gain in the
transmit channel and decreases the gain in the receive channel
by an exactly compensating amount. The test equipment then
sees a constant level regardless of the test level. This allows
a single setting for 100 per cent level in harmonic distor-
tion, and the tracking filter can plot out distortion on the X-Y
recorder at any convenient rate. The full range of the nor-
malizing pot is 32 dB with 2 dB steps and a worst case

error of +0.3 dB. . )
For speaker impedance testing, a General Radio 1304A

oscillator with a 908 dial drive is used as a constant voltage
source sweeping 20 Hz to 20 kHz. This is made into an effec-
tive constant current with a SK resistor. The voltage across
the speaker is processed by the phase locked spectrum
analyzer and displayed on a Moseley X-Y recorder. If more
exact and complete impedance measurements are required,
a General Radio 1603 Z-Y bridge is used, with measurements
beyond 20 kHz normally made with a Hewlett-Packard 200
CD oscillator or a 606A signal generator.

Polar encrgy is tested by first mounting the test speaker on
a special motor-driven tripod with a precision sine-cosine
potentiometer mounted on the azimuth drive. The TDS out-
put. a sweeping sine wave, is level set through Hewlett-
Packard 350B attenuator, then through the normalizing trans-
mit potentiometer to the power amplifier. A Tektronix 310A
oscilloscope is used to monitor the speaker drive at all times.
A Hewlett-Packard 1-in. condenser capsule is used for micro-
phone pickup, and its preamplifier output fed to a Hewlett-
Packard 450A line-driving amplifier back to the normalizing
receive pot. A Ballantine 320 true RMS meter is used as a
combined acoustic level calibrator and monitor amplifier to
drive the TDS input. The display on the TDS is, in fact, the
frequency response of the speaker and this setup is used to
check response as a function of polar angle. The frequency
response 1s squared, integrated, and driven to the sine-cosine
pot to be split into rectangular coordinate channels. This is
returned to the spectrometer and processed for the X-Y re-
cording, which is now in polar format with logarithmic radius.

The frequency response setup is identical to the polar
energy setup except that several means of display are used.
First. the TDS display is photographed with linear frequency
scales for reference. Second, a Hewlett-Packard 130C X-Y
oscilloscope is set up to display logarithmic frequency coordi-
nates. Third. a General Radio 1304A oscillator with a dial
drive is used to drive logarithmic frequency coordinates on
the X-Y recorder and the vertical is a sample and hold out-
put obtained upon coincidence of sweeping frequency and
1304A frequency.

For harmonic distortion measurements. a Heath AG-9A
low distortion sinc wave oscillator is used to drive the
speaker through level setting attenuators and a power ampli-
fier. The Tektronix 310A ’scope is used to monitor voltage
across the spcaker, while the mic is placed close enough to
the speaker to be in the near field and measure the sound
pressure in the harmonics prior to far field polar pattern
wavefront deformations. To reduce capsule distortion products
due to higher SPLs. the capsule is desensitized by capacitive
loading prior to amplification.

The normalizing pot keeps the receive level constant inde-
pendent of speaker power. A Ballantine 320 voltmeter is used
as a calibrated amplifier which feeds a Heath HD-1 harmonic
distortion analyzer. This is used only as a tunable notch to
reduce the fundamental component and increase the dynamic
range of the spectrum analyzer. A Hewlett-Packard 130C
oscilloscope monitors the analyzer input. The spectrum
analyzer 1s first phase locked to the fundamental and the
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HD-I placed in the “all-pass’ position. The fundamental
component with | watt drive is used to normalize the spec-
trum analyzer to 100 per cent. The HD-1 is then set to
“notch” and adjusted to minimize spectrum analyzer reading.
Measurement then consists of locking the spectrum analyzer
to the desired harmonic and clicking the normalizing attenu-
ator through its 2 dB steps. The X-Y recorder is syn-
chronously stepped with the normalizing potentiometer so
that readings can be made quickly.

For intermodulation distortion, two sine wave oscillators,
the Gencral Radio 1304A and Heath AG-9A, are adjusted to
the proper frequencies and have their outputs added in equal
ratio and sent through precision attenuators and a power
amplifier to the speaker. Mic output is amplified, normalized,
and measured by a Hewleti-Packard 300A wave analyzer. The
higher tone, which is to be checked for intermodulation by
the lower tone, is set to 100% on the analyzer at the lowest
practical speaker drive level. It is then tuned to the appro-
priate sideband and manual readings taken at 2 dB power
increments. When all significant sidebands and power level
readings have been taken, the data are reduced by use of a
Hewlett-Packard Model HP-35 calculator.

The signal suppression setup is similar to that for inter-
modulation except that a General Radio [390B noise gener-
ator is used with a sine wave oscillator. The normalized
microphone output is amplified and preliminary filtering
made through the Hewlett-Packard 300A wave analyzer set
to the frequency of the tone. This is done to reduce the
dynamic range requirements of the subsequent filtering. The
i.f. of the 300A (20kHz) is phase locked by the spectrum
analyzer which uses a one second gate to implement a
matched fitter detector. The mean square output of the
matched filter is monitored on a meter and sent to a recorder.
At the lowest practical drive level, the matched filter is set
to 0 dB with the sine wave. The noise is then added at 20
dB higher average level than the sine wave. The normalizing
pot is stepped in 2 dB increments until either a I dB drop is
noted in the matched filter or amplifier clipping occurs. The
peak speaker voltage for three sigma noise peaks is then used
as the peak amplifier rating needed to produce this I dB
suppression.

For the time-energy plot. the frequency response is taken
by the TDS. This produces one complete spectrum per
sccond. The frequency response is multiplied by Hamming
spectrum weighting and sent to a processor which takes the
continuous Fourier transform of this weighted spectrum. A
control unit selects the proper synthesizer digits to cor-
respond to the appropriate time epoch for cach one second
spectrum and digitally positions the horizontal axis on an X-Y
recorder to correspond to this epoch. The in-phase and
quadrature Fourier transform are squared, logarithmically
amplified, and used as the recorder Y axis drive. The control
unit steps the synthesizer and advances the recorder once per
second from starting epoch to final epoch. A maximum of
256 steps may be taken in one record.

Conclusion

Our discussion has concentrated on the laboratory tests
because these are reproducible from one time to the next and
one facility to another. It is still our policy that final judg-
ment of sound reproduction must come from a critical listen-
ing lest where human values of perception are strongly
dominant. The listening test will therefore continue to be
performed as it always has. The reason we perform laboratory
tests is to make available to you impartial measurements of
how well a speaker does its job and we do this in numerical
data form for easy and valid comparison of one speaker with
another.
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Bass €qualization
in
Loudspeakers

Dick Crawford

cient loudspeakers are penalized in their bass response. They
are, you know. Here, I'll show you why, and what you can
do about it.
Using the nomenclature of Harry F. Olson', we can write
the motional impedance of a loudspeaker as

IT’S NOT FAIR. It’s just not right. I mean the way more effi-

(1) Zem= (Bl)*
Zmt
where Zem= motional impedance of loudspeaker in
abohms,
B= flux density in air gap, in gausses,
l= length of the conductor in the voice coil,
in centimeters, and
Zmt= total mechanical impedance of the mechani-

cal system, in mechanical ohms.
Further, we can write the force exerted upon the loudspeaker
cone as
2) f= Bl
where f= force, in dynes
1= current, in abamperes.

Now, suppose I had two loudspeakers, names More and

Less. They are identical except that MORE has twice the flux
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Fig. 1—Loudspeaker impedance test setup.
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density of LESS. Perhaps the greater flux density is due to a
larger magnet. Both MORE and LESS are mounted in infi-
nite baffles. Both speakers are driven at equal power levels by
a good stereophonic amplifier. What do the above equations
tell us?

Obviously, the greater flux density of MORE gives it greater
efficiency. How much greater? We can answer this with the aid
of equation (2). The sound pressure generated by a loudspeaker
is proportional to the force generated by its voice coil. Sound
pressure is analogous to electrical voltage in that acoustical
power is proportional to the square of sound pressure as elec-
trical power is proportional to the square of the voltage across
a resistor. If we double the force in (2), we quadruple the
efficiency. Thus if we double the flux density in a loudspeaker
while keeping the other factors (including the current flowing
in the voice coil) constant, then we quadruple the efficiency.
Great! But do we keep the current constant if we change the
flux density? Don’t we alter the impedance characteristics
when we alter the flux density?

In most loudspeakers the impedance in the mid-range fre-
quencies, where efficiency is specified, is dominated by the
resistance of the voice coil windings. For woofers, sometimes
the dominant impedance is the inductive reactance of the
voice coil. This means that most of the electrical power de-
livered to a loudspeaker gets dissipated in the resistance of the
voice coil rather than in acoustical power. This is why most
loudspeakers are less than 10 per cent efficient.

Returning to our two loudspeakers MORE and LESS, we
see that the resistance of both voice coils is identical, and thus
the speaker impedances will be very similar over most of the
frequency range. Thus the current in both speakers is nearly
identical for equal drive levels. And this means that MORE is
almost four times as efficient as LESS in the mid and high
frequency ranges.

But what about the lower frequencies? At bass resonance,
for example? Surprisingly, MORE is out of luck. Referring to
(1), we see that the resonant impedance of a loudspeaker goes
up as the square of the flux density. Thus MORE will have
four times the electrical impedance at resonance of LESS.
This means lower current, less force, less sound pressure, and
lower efficiency for MORE at bass resonance. The sound
pressure of MORE is one half that of LESS at resonance, and
the efficiency is one quarter! Foul play! No wonder low ef-
ficiency speaker systems have done so well.
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TCD 300

The stereo cassette
deck for people who
wouldn’t own anythin

but a reel-to-reel machine.

about cassette tape decks.

world's first three-motor, dual-cap

motor assures smooth

motors can wind or rewind a 60

great stabulity.

pinch rollers that automatically com

heavily played cassettes

The new ideas we've engineered
into the Tandberg TCD 300 may
change some of your old ideas

To begin with, the TCD 300 is the

stan cassette recorder. A hysteresis
synchronous 4-pole capstan drive
constant
speed. The two DC EDDY spooling

minute cassette in 40 seconds flat!
And Tandberg's exclusive servo
control gives you constant speed,
completely avoiding stress on the
tape in both wind and rewind. No
other cassette deck comes close to
handling tape this fast...or with such

The TCD 300 uses a unique closed-
loop tape drive system with two

pensate for slight differences in
cassettes. You get inaudible wow
and flutter. And you don't have to
worry about tape jamming, even with

Now for the specs—and what specs
they are! A signal-to-noise ratio of

54 dB without the Dolby™ circuits in
operation. An incredible 62 dB with
Dolby*. Frequency response of 30-
16,000 Hz (DIN) using CrO; tape.
Maximum wow (WRMS) of 0.15% . It
all adds up to the kind of reliability
and clean, transparent sound you'd
expect from a fine reel-to-ree! tape
machine.

The specifications for the TCD
300, as with all Tandberg equip-
ment, are guaranteed minimum
performance standards.

As significant as the specs them-
selves is the way we achieved them.
For instance, the TCD 300 uses a
minimum of high frequency pre-em-
phasis in recording (only 12 dB at
14 kHz with CrO, tape). This means
a significant increase in dynamic
range at the highest frequencies
And an audible improvement in sig-
nal/noise as well

In other words, the TCD 300 does
not “buy’ its extended frequency re-
spocnse and excellent signal-to-
noise ratio with a reduction in dy-
namic range-—which makes the TCD
30C fully capable of recording the
true dynamics of a live performance.

Another TCD 300 exclusive—large,
illuminated peak reading dB
meters.

These unique meters show the fully
equalized record signal at all fre
quencies, and accurately read the
peaks to keep you from getting audi-
ble distortion during recording. They
allow maximum utilization of the
tape, for improved signal/noise.

The CrO, tape switch changes re-
cord current bias and both record
and playback equalization. This
gives you full advantage of the spe
cial properties of CrO, tape. Auto
matic electronic end stop, one-button
record control and built-in micro-
phone preamplifiers add still more
control sophistication.

Ask your Tandberg dealer to demon
strate the TCD 300. You'll find it
does things the others can't. Be-
cause it has things the others don't.

"Dolby s a Trademark of Dolby Laboratories, Inc

TANDBERG

We’'re our only competitor.
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A Alten Pringle. Ltd  Ontario. Canada

Check No. 59 on Reader Service Card




Well, then, why do we want cfficiency? For one thing, a
more efficient loudspeaker has better damping?, and thus
better transient response and a somewhat smoother frequency
response. A high efficiency loudspeaker needs a lower power
amplifier. Most component type high fidelity loudspeakers are
of the high efficiency type.

So we have a loudspeaker. What can we do if it lacks bass?
We can equalize. By equalize | mean bass boost in the am-
plifier. Bass boost? Does not proper equalization depend upon
a complete knowledge of the loudspeaker parameters such as
mass. compliance, flux density, et al? Or perhaps an acoustical
laboratory with an anechoic chamber, expensive microphones,
and so forth? No, I contend that an adequate job of equali-
zation can be carried out just using an audio oscillator, a one
kil ohm resistor, an audio voltmeter, and the speaker in its
enclosure. Figure | shows the test set up.

The first step is to measure the mechanical Q of the loud-
speaker. Somewhere in the region from 20 to 200 Hz the
loudspeaker will give a peak reading on the voltmeter. This is
the resonant frequency, f,. We also wish to find the two fre-
quencies either side of f, where the voltmeter reads 70% of the
value at f,. We call these two frcquencies f, and f,. Finally,
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Fig. 2—Impedance plot ilustrating measurements.
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we wish to determine the minimum impedance of the bass
loudspeaker, which is the minimum reading on the voltmeter,
and is generally a broad minimum occurring at three to ten
times f,. We call this frequency f;. What we are interested in
here is the ratio of the readings on the voltmeter at f, and f;.
Figure 2 shows the impedance plot of a 10-inch woofer in a
two cubic foot enclosure illustrating the frequencies and mea-
surements sought. Such a plot can be made, if interested, by
assuming that the speaker is at its nominal impedance at 1000
Hz. By setting the oscillator to 1000 Hz and adjusting its output
amplitude until the voltmeter reads eight millivolts, then the
voltmeter reading in millivolts converts directly to ohms
impedance. Then it’s a simple matter to note the voltmeter
reading as frequency is varied (not touching the oscillator
level) and then plotting the readings.

We are now ready for some simple calculations. First we
determine the loudspeaker mechanical Q from

= b
3) Q T

Next we determine a number I call the MORE factor. It has
no particular meaning to us unless we know a great deal about
the design details of the loudspeaker.

(4) MORE factor=M.F.= Vo
\Y
V,=the voltmeter reading at f,, and
V;=the voltmeter reading at f;.
Now we come to the crux of the matter and determine the
amount of bass boost needed to equalize the loudspeaker.

(5) Bass Boost= M.F. \?
Q

I think it would be wise to explain the above cquations. The
procedure for determinimg the mechanical Q is not exact, but
it is a simplification of a more precise method’, and is accurate
enough for loudspeakers of moderate efficiency. The greater
the Q of a loudspeaker, the less electrical power we have to
furnish it for a given acoustical output at resonance (under
steady state conditions). Alas, the greater the mechanical Q of
a loudspeaker, the more poorly damped it will be at resonance,
and the poorer the transient response. There is not a great deal
that can be done by the reader 0 the speaker to decrease its Q,
but we are fortunate in that a speaker with high efficiency will
give us more opportunity to electrically damp this resonance*.
At any rate the bass response is being increased by this mechan-
ical Q, so we have to know the Q in order to calculate the
required bass boost.

But for a Q of one or greater there will be a peak in the im-
pedance curve at resonance. The greater the flux density. the
higher the impedance peak. The higher the impedance peak,
the more bass boost required to e¢qualize bass response. Thus
the MORE factor is a measure of the “peakiness” of the im-
pedance characteristic.

Since the MORE factor is an indication of the bass boost
required, and the mechanical Q of the loudspeaker is a measure
of the bass boost built into the loudspeaker, we see that the
actual bass boost required is some function of the MORE factor
divided by the Q. Earlier we saw that the bass loss due to
greater efficiency was proportional to the square of the relative
flux density, thus we have (5) above.

We now know the amount of bass boost required, but we
don’t know the frequency contour that our bass boost circuit
should follow. It the boost is less than twelve decibels at
loudspeaker resonance, the single zero, single pole circuit, such
as shown in Fig. 3, is adequate. The value of R, in Fig. 3 is
shown for the loudspeaker of Fig. 2. The bass boost starts
at

(6) f.=(fo)x(bass boost)

where
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Response in dB

20

The new
ADCXT 10.

If you believe, as we do, that
the ultimate test of any speaker is
its ability to produce a true audible
analog of the electrical signal fed
to it, you’ll be very impressed with
the new XT 10.

The XT 10 is a two way, three
driver, system employing a newly
developed ten inch, acoustic sus-
pension woofer with an extremely
rigid, light weight cone and a
specially treated surround that
permit exceptionally linear
excursions.

Matching the XT 10’s out-
standing low frequency perfor-
mance are two wide dispersion
tweeters that extend flat frequency
response to the limits of audibility
(see accompanying frequency
response curve) and significantly
improve power handling capacity.

All three drivers are mounted
in a beautifully finished, non-
resonant, walnut enclosure. And
in place of the conventional grille
cloth is an elegant new foam
grille.

An extraordinarily accurate
transducer, the XT 10 is charac-
terized by very flat frequency
response, excellent high frequency
dispersion and extremely low
distortion. Finally, it is distin-
guished by outstanding transient
response assuring exceptional
clarity and definition.

As a result, the ADC-XT 10
rivals and in many instances, sur-
passes the performance of units
costing several times as much.
Ll B L But why not experience for
| rq@upfcy respqnse: B7Hz fo phighz = 345 yourself what a truly well behaved
speaker sounds like. Audition the
XT 10 at your ADC dealer now.

For more detailed information
on the ADC-XT 10 write: Audio
Dynamics Corporation, Pickett
District Road, New Milford,

Conn. 06776.

Audio Dynamics
Corporation

Check No. 9 on Reader Service Card
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Tone bursts at S00Hz, T200Hz, 15,000Hz

Virtually identical waveforms trom signal generator above
and speaker below demonstrate superior transient response.
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Frequency e

Fig. 4—Frequency response curves.

Theoretically. it is possible to equalize the response of a
loudspeaker in the frequency range below its resonance, but
[ have never had much success in so doing. The slope of the
equalization curve below speaker resonance is very steep, and
the amount of equalization required very large. The practical
problems seem greater than the rewards.

Figure 4 shows the results. The bass boost starts at about 105
Hz, is up about eight decibels at 50 Hz, and reaches a peak of
10 decibels at about 30 Hz. Of course, this represents the trans-
mission thru the entire amplifier and not just the bass boost
circuit.

The before and after effects of the frequency response for
the loudspeaker speak for themselves. The measurements
were taken with a Hewlett-Packard loudness analyzer in my
den. Notice that the bass response has been extended for one
octave. The falling off in the 400 Hz region is due to the
crossover network for this speaker. The response is smooth and
lacks large peaks.

Where, say you, is the catch? Yes, there is one. This tech-
nique, that is, the equations as given, is valid only for
speakers in sealed enclosures. In fact, the only justification

for the approximations made in the analyses is the results of
Fig. 4! In the case of other enclosure types, it is difficult to
assess the degree to which the enclosure modifies the im-
pedance characteristics in the region near resonance. This
brings to mind an observation about enclosures. Most
enclosures not only add to the bass by additional radiation,
but they also lower the electrical impedance in the vicinity
of resonance. This latter effect leads to more current flowing
in the loudspeaker which means yet more bass. Several ex-
amples are the bass reflex, the auxiliary bass radiator (ABR
or drone cone), the labyrinth, and the folded horn. All of
these increase the amount of bass by increasing, in some
manner, the amount of acoustic radiation. This is repre-
sented as an additional resistive component in the mechanical
impedance of the loudspeaker, and thus (by equation 2) must
lower the electrical impedance. As a matter of fact, I have
designed enclosures wherein the port of the bass reflex was
designed primarily to control the speaker impedance charac-
teristics®. I suspect that some of the aperiodic speaker en-
closures on the market now are designed with this same goal.

There you have it. A wrong recognized; a cure proposed,
proof that it works. Do I guarantee happiness? No, but if
your loudspeaker fits the prescription described above, then
you might try bass equalization. I can guarantee more bass!
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Directory Addenda

SPEEDS (see letter code)

A-33,45,78 D-16.33, 45,78
8-133, 45 £-16, 33,45
C-33only F—cont. variabie
TURNTABLES TONE ARMS /
-
: &
ﬂ’% o'% ~4
s/ &// 8
N ~ A
AUTO TURNTABLES S/8/s/ &L
MANUFACTURER S/ &/ /&
g &/ 8/ &3
& A YVANTY, SPECIAL FEATURES
¥ ¥/ S L
SONY PS B 101 [43 Jhys |12 | 2% |Belt | Integ| 17%x 15% |181b 11%4]8% | Pvot| ball | bal 414 03 159.50 | Auto lead-in: auto ret., repeat
5520 syne x6's 11 oz
PS B [0.04 |58 {AC 12 | 31b | Dur Integ | 19%x 16% {33 13%19% | Pivot| ball | bal 4-17 0-3 349.50 | Speed tuning w/built-in
2251 Servo 50z x 7 stroboscope
PS-2251 [B |004 |58 fAC 12 | 3b [Dir Mtg | 19%x 16% |31 299.50 | Same as PS-2251.
LA Servo 50z brd | x7%
PUA | 133,19% | batl | ball 903 85.00
237
MicS s /o &8/ &
& S /8 & & - >
MANUFACTURER i3 § S $ § /& & $ /o N s
3 S & § & aF & & & N N &
§ & > 5 & s> S § $ N & S %
& & L & $ » §e & § N q & . &
S $ § o & g/ Se S o & O K § & SPECIAL FEATURES
$ § $ & F /&)< g ¥ /& & S &® N
OLSON EC 100 Card. Elect Alum Brshd low 30 16k | 140 A3S 20 not 8 x2% 5 clamp 36.00
gold 1.5 furn.
£0 200 Omni | Elect. | Awm Brshd. | low 3016k | 135 A3S 20 | not 8l x 2% 5 clamp 39.60
gold 15 furn
MM 327 Card Dyn Alym Brshd. | 600: 5015k | 125 Amph [ 20 not T%x 1% 10 clamp 22.98 On-off swit
gold 50k . furn
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What makes Evolution One sound so good
are all the speakers which

Some honest talk about
a new speaker and its non-
revolutionary advances.

I5 the world ready for a non-
revolutionary speaker?

We think the serious listener
might be. Behind the develop-
ment of Evolution One is the
same philosophy that has made
Sherwooc a leading name in
receivers.

\Ve've deliberately not sought the
sensational breakthroughs.

\We put the emphasis on refining
tachnology which currently
exists. Refining, perfecting,
evolving the state of the art.

are supposed to

sound so much better.

Our design engineer.

Great design only comes from
great designers.

Which is why our Director of
Loudspeaker Design and
Research, Charles L. McShane,
is an important factor in the
development of this new speaker.

He has spent over twenty years
in research and design of
loudspeakers. With the top
manufacturers in the industry.
His design credits include some
of the best selling acoustic-
suspension speakers now on the
market (several are considered
standards of the industry).

Equally important, he believes,
as Sherwood always has, in
design simplicity.

No tricks. No gimmicks.

You will find Evolution One is the
essence of simplicity.

A two-way loudspeaker system
utilizing a 10-inch woofer and a
1.3-inch tweeter. lt is an acoustic
suspension design.

While the design is fundamentally
simple, the execution involves a
variety of techniques which
cumulatively produce a
remarkable sound.

Just how good is it?

You'll be surprised. Especially
when you pit it against speakers
three and four times higher

in price.

It has an extraordinary wide
range. Low distortion at a//
frequencies. Wide dispersion.
And uniform flat response.

In fact, its low frequency output
and distortion are better than any
speaker system we know of for
home use.

The one revolutionary feature.

We have priced the Evolution
One speaker at under $100.
When you hear how it sounds,
you'll know why we think that it
offers the outstanding
performance-per-dollar we're
famous for.

Write us for complete informa-
tion, and the list of selected
Evolution One loudspeaker
dealers.

Sherwood Electronic Laboratories
Loudspeaker Division

4300 N. California

Chicago, lllinois 60618

evolution one
Another best buy from Sherwood
Check No. 54 on Reader Service Card




Price Corrections

On page 80 of the speaker section in the September Di-
rectory, the Hartley Concert Master and Holton series
speakers were listed at price per pair. The prices are for changed.
single units.

On page 48 in the manual turntable section, the Thorens
TD-215AB and TD-125B turntables had their prices ex-

§ N
o L 7 3 z
AMPS o " S SE s S,
o g‘ s s/ se o £ * g & \.e sl
/) s/ &S S ) S /S § eS8 -
MANUFACTURER NV VA TN TN VAR S/8/8/8/ S /& et
§/&/3/5/ 3 s) F) e )F /) /&) A
~ <& S, > .
S/ &/ /&) s/ &) &/ &/ E/E/ /& &/ S S/ & ¢ SPECIAL FEATURES
OLSON AM 395 12 107504 } 1S | 052 | 2028k | 2020k [ S8 20| 40 {28 ] 02 [416] 20 1%x 7% |12 69.99
-18 x 4%
AM 372 8 175115 | 15 [ 1.0 | 2225 | 2020k |55 |20 | 45 | 30 | 025} 416} 18 12%x % |7 39.98
-3 x 3%
SONY TA-1055 23 05 0.1 05 | 0.2 10-40k | 10-60k 70 2.0 70 025 | 8 22 16% x 114 13% | 169.50 20 + 20 W. at 40-20k; wood
3 x4% cab.; 2 tape mon ; dir. spkr
coupling.
TA- 1150 35 02 01 02 | 01 8-35k 15-80k 70 2.0 70 014 18 100 | 15%x 12% | 18% | 249.50 30 + 30 W. at 20-20k; 2
-2 x 5% tape mon.; dir. spkr.
coupling.
Ta1130 65 0.1 0.05 | 01 0.05 | 7-30k 10-100k | 70 1.2 70 013 |8 100 | 19%x 12%{ 28% | 399.50 50 + 50 W at 20-20k; 2
1 x 5% dB-step calib. tone contls..
dir spkr. coupling.
(B) TA-3130F | 70 0.1 005 | 0.1 0.05 | 7-30k 10-200k 1.0 8 200 | 7Tx12% | 17% | 24950 50 + 50 W. at 20-20k; dir.
1 x 5% spkr. coupling.
(B)TA-3200F | 110 } 0.1 003 | 01 0.03 | 5-35k 5-200k 14 8 200 | 15%x 12% |28 369.50 100 + 100 W. at 20-20k;
| x 5% Y, b pwr imit. swit. dir.
spkr. coupling.
&
PRE-AMPS < AR VAN A
& N és?\ & \*'gx e‘s & /8 /s g
MANUFACTURER & 5/ > § /o) &/s /s /) >
o /&) E/E/F/E)F /) E 5T
e o ) Fy = ~
& S/ /S v S s e/ T/ ES S ES ) & SPECIAL FEATURES
¥ & & /& ¥ S/ E/E /S & &
OLSON AM 368 30 20k 250 1075 075 62 20 45 4x 1ty 1 1098
my x 2%
SONY TA 2000F 10 100k 10 003 0.05 13 12 300 011 10k|15%x127% | 19% 579.50 VU mtrs. made to NAB specs., low noise FET amps
-1 x Sy
Stylus Type
C - Conical
PHONO CARTRIDGES E - Elliptical
MANUFACTURER
ng Special Features
¥
OLSON IF‘C 195
SPEAKERS &
& } &
MANUFACTURER >/ & f\ & é;f
& > fes /& e SPECIAL FEATURES
N & /88 &
MAGITRAN D560 29% x 23% | Wal 13 13 79.95 Flat sound panel; poiyplanar.
x2 patterns 8-way design.
OHM 0 10 50 | Shot. 3 Cone | 40-16k | 20 75 | 1700 | 8 | 14x25 |Wal or|Cloth |40 | 230.00 | Phenolic ring surround tweeter.
resist. -4 x8 Vinyl | brn
load. 10 4 | 1700 | 8 | 1ex21% |viny [Coth |20 | 150.00 | Same as above.
£ 8 50 Acous. 3 Cone 48-16k x % wal.  |bm.
=4 50 160 | none 4 | 17%x 17% | Wal. or| Cloth 125 800.00 Omnidirectional driver
f 12 35 Acous. 33-20k £ 43% Rose | brn.
]
OLSON $5-82 12 48 Acous. 12 Horn 6 Horn 20-30k 10 | 60 800: 8 | 14%x 11% | wal Cloth, 42 | 32998 | 3-way.
Susp. w1l 5000 x23% brn ea.
§S5.72 12 48 Acous. <] Cone 2% Cone 2520k 10 60 800; 8 [ 14%x11% | Wal Cloth 40 | 24998 | 3-way
susp. i 5000 x23% brn. ea.
$S-175 12 58 Acous. 5 Cone 2% Cone 20-27k 10 |50 700; 8 [14%x11% |Wal. |Fretwork |40 | 177.98 | 4-way.
Susp. 1% spr - 1.5 6000: x 25% wood ea.
twtr. 12k

40
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...or more “waltz” out of the Vienna woods. The an-
swer is in your sound equipment. Today, there are
many audio products making “fantastic’ claims. But,
only Onkyo reproduces sound with total integrity for
your own unparalleled satisfaction. Instrumental defini-
tion is so close to purity, it’s hard to believe. And,
Onkyo’s smooth, full range, distortion-free transitions
uniquely dramatize the artist’s personal style. You be
the judge. Audition Onkyo’s great receivers, tuners,
amplifiers, speaker systems and speaker components.
Then ask your dealer. He won’t string you along.

SPECIAL GIFT OFFER!

Onkyo audio equipment is the world’s finest value. To help you
enjoy it at its fullest, we are pleased to offer, as a FREE GIFT,
1 pair of Onkyo quality stereo headphones ($30 retail) with the
purchase of any Onkyo top-rated AM/FM receiver or tuner-
amplifier combination...at participating dealers. Offer good for
a limited time only.

ONKYO

Artistry in Sound

NOW!

Onkyo Sales Section/Mitsubishi International Corp. 25-19 43rd Avenue, Long Island City, N.Y. 11101/(212) 729-2323

Check No. 38 on Reader Service Card



TUNERS se
& &
< @' &
MANUFACTURER »s?‘ $ 5"5 &
§ > / 4 &/ & &/ & SPECIAL FEATURES
& & )£ SE)E
SONY ST-5055 mtr | 68 1 yes | 16%x 11% | 10% | 169.50 FET tront-end; linear FM dial scale; wood cab.
x 4%
ST-5150 mtr | 70 2 yes | 15%x 13% | 15% | 249.50 FET tront-end; 75 ohm antenna “'F"" conn.. linear FM
x5h dial scale.
ST-5130 mtr | 75 2 yes | 15%x 13% | 16% | 349.50 Same as above plus INS impulse noise suppressor.
x5%
OLSON RA-310 mtr | 58 1 yes 1%x7% |10 69.99
x 4%
HEADPHONES
MANUFACTURE R
&
S & SPECIAL FEATURES
OLSON PH219 ES 25195k | 8 1.2V 0.5 10 14 59.98 Coil cord.
.3
PH220 Dyn. 20-185k | 8 2.0 600 032 |10 12 48.49
4-chan. 1.8
PH222 Dyn. 25-18k 8 2.5 500 038 | 10 8 24.98
- 15
PH213 Dyn. 20-20k 8 20 650 03 10 10 4298 Slide vol. & tone contls.
<15 for each earpiece.
CASSETTE
RECORDER
MANUFACTURER
& SPECIAL FEATURES
S
OLSON R9ss | x Wl ono s | 012 |o2s |8 |7 |2 gux5% | 84 | 89.98 Records; 3-dig. tape ctr ;
-2 VAC x 16% mic/src. mon.; noise filter.
f AMPUFIER / TUNER
RECEIVERS . w /[ o
g $ N )
%/ a > §/ s v/ &/ ¥
> & - & L4 *"S & é\ - Y & § 3
2 & 3 h -/~ 3 3 s §
8/ 8/ &/ ) /& /S/ & 3/ /E & /&/E/8) s /).
MANUFACTURER NS VIR YA VA ¢ s/ &/ &/F/$ < NI VA
T E)E s/ 8/ 5/ &/5/F) &/ &/ F/F/E
S/s// 5/ &/ ¥ )8/ &) &/E/S ) &/ F/ S/ & SPECIAL FEATURES
S/&/ &/ 2/2/ &/ /&) /& /)& S/ &/S/S S/
SONY STR- 18 08 | 08 jo01! 10-25 | 30-40k |60 25 | 60 22 |15 30-15% | 03 | 08 | 35 mr | 60 [1 |yes |17%x13% 119 |19950 | 15+ 15W. at 20-20k; wood. cab.
6036A 2 »1 5% dir. spkr. cping.
STR- 22 08 | 0.8 |01 |10-25 | 20-40k |60 251 60 22 |15 3015 | 03 | 08 | 35 mtr | 60 {1 |[yes|17%x13% [19%] 249.50 | 20 + 20 W. at 20-20k: wood cab.
6046A -2 =1 x 5% dir. spkr. coupling.
STR- |40 | 02 | 02 JOI [1530k | 1060k |70 | 18 | 70 | 26 (15 | 2015 |2 | 05 | 38 | mtr | 70 |1 |[yes |18%x 14% [31 |329.50 | 30 + 30 W. at 20-20k; wood cab.
7045 =2 =1 x6% dir. spkr. coupling.
STR- |45 [ 02 | 02 fO1 [1535k | 1070k (70 20 | 70 2 |l 200% | g2 | 05 [ 38 | mte | 70 [1 |yes |18%x 14% [33%]399.50 | 35 + 35W. at 20-20k; wood cab..
7055 2 -1 x 6% dir. spkr. coupling: 2 tape mon.
STR- |70 | 0.2 | 02 |01 [1535 | 1070k 172 )20 | 70 p2 |l 2015k 02 | 05 |38 | mu | 70 |2 [yes |18%x 14% |33% | 499.50 | 60 + 60 W. at 20-20k; wood cab.
7065 -2 +1 x 6% dir. spkr. coupl.; 2 tape mon.
STC. 01 f ol 10-100k (72 12 [ 70 | L7 |1 3095 103 | 05 | 40 | mtr | 100]2 [yes |18% x 13% |22%5 | 589.50 | Pwr amp not incl ; 2 tape mon
7000 -1 -1 o
SQR- 25 | 08 | 10 |05 [1040k | 2050k |60 | 25 | 60 | 22 |15 } 30-15 | g3 | g | 35 | mtr | 70 |1 |yes |17%x13% |20%]329.50 | 8+8+8+8ind-ch. builtin SQ;
6650 -2 =1 x5% 4VU mtrs.: dir. spkr. coupling.
4-chan.
TELEDYNE RA777 | 25 0.2 | 0.75 {06 10-40k | 8-50k 65 22 1201 35 {2 2020k 105 | 09 | 35 mir | 65 |2 |yes | 15% x 12% {18 |269.98 | Phase pwr. stereo; dual mtrs.
{OLSON) x 4%
RA632 | 15 05 | 085 |07 1526k | 19-23k | 62 251 25 2 3 17-20k | 0.6 1.0 | 3% mtr | 62 {1 [yes |18x10 16 [259.98 | Built-in decoder; joystick bal.
4-chan. =1 x 3%
RAGI8 | 15 05 | 085 {07 1526k | 19-23k |62 25 25 2 3 17-20k | 0.6 1.0 35 mtr {62 |1 |[yes [18x10 16 |189.98 | Phase power stereo.
x 3%
RAGG0 | 5 05 | 09 072 |2024k | 2530k |60 28 | 2% 30 |35 2020k | 075 12 | 30 mtr | 62 |1 yes |16x10 14 [214.98 | Joystick bal.
4-chan. Jx 3%
42 AUDIO - NOVEMBER 1973




Auto-Magic is only the beginning
of the neallstlc S'I'A-Iso story.

TEIEALISTIC.  STA-B0O WIDEBAND AM/FM STEREOQ RECEIVER

1]
i
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But what a beginning! Touch the tuning knob and Auto-Magic c l t STA 150
deactivates the AFC for easy FM station selection. Release omp e e -
the knob and Auto-Magic fine-tunes the station and locks
it in, But it isn't Auto-Magic alone that makes this a great receiver. stereo svstem
There's dual gate FET FM, along with 7 integrated circuits e _
for reliability and superior sound, plus flexible bass, treble and

midrange controls and transformerless audio circuitry.
And tape copying facilities, too.

Then there are those "little things’ that make Realistic receivers
big values: Glide-Path™ volume controls, wideband AM
tuner, high and low filters, FM muting, tape monitor, main and
remote speaker outputs, a luxurious walnut case and more.
It's U.L. listed, of course.

The happy ending is the price: 34995

SPECIFICATIONS. FM TUNER. Sensitivity: 1.6 uV |HF. Stereo Separation:
45 dB at 1 kHz. Signal-to-Noise Ratio: 70 dB. Selectivity: 56 dB

AM TUNER. Sensitivity: 20 uV (at terminals for 20 dB S+N/N) LAB-36A with Base Two Optimus-1
Selectivity: 30 dB. AMPLIFIER. Power: 160 watts +1dB at 4 & Magnetic Cartridge, Speakers,
ohms, 100 watts IHF at 8 ohms, 65 watts RMS at 8 ohms. Frequency Reg. 79.95. Reg. 89.95 each.
Response: 20-20,000 Hz. Power Bandwidth: 15-70,000 Hz.
Harmonic Distortion: less than 1% at rated output. Save 5985 54995
I~ g T emEE YTA ORTRAI OO T |
| FREE 74 CATALOG n £ A LIS , 7C_
| .10 AT YOUR NEARBY STORE OR I
| MAIL THIS COUPON |
I PLEASE 180 Pages . . . Full Color! Hi-Fi, CB, Kits, ]
I ELEARLY Recorders, Antennas, Parts. More!
I Name Apt # ,,,,,,,,,,,,,,,,
| street and ALLIED RADIO STORES
. H A TANDY CORPORATION COMPANY
l City State ZIPI ] ] l [ | I

_________________ | 2617 W. 7th St, Fort Worth, Texas 76107

Check No. 46 on Reader Service Card



GASSEITE TAPE REGORDING BIRS

word bias means a voltage, gener-

ally d.c.. applied to some element
of an active component to produce a
linear output. There are exceptions, of
course. most notably in the case of
class-C amplifiers functioning as fre-
quency multipliers. However, for audio
applications, the role of bias is to help
ensure undistorted output from tubes
or transistors.

For a component such as a tube. for
example, bias in the form of a negative
voltage determines the quiescent or
operating point Q. as shown in Fig. |
The graph or transter characteristic is a
plot of grid vollage vs. plate current.
This tirst drawing shows that a bias of

2.5 volts results in a plate current of
slightly more than 4 milliamperes. When

I N TUBE and transistor circuits, the

Martin Clifford

a signal voltage (Fig. 2) is applied, its
effect is to increase and decrease the
amount of bias, producing an equivalent
variation of plate current. Because the
swing is between points A and B. the
linear portion of the tube’s plate current
—grid voltage characteristic, the varia-
tion in plate current (the output) is also
linear. However, if the bias is incorrect,
either too large or too small. the output
waveform is distorted. Fig. 3a shows
the effect of insufficient negative bius:
Fig. 3b excessive bias.

This isn’t as far removed from bias
for magnetic tape as you might think,
for one of the functions of tape recorder
bias is to help produce linear output.
But there the similarity ends. for tubes
and transistors are amplifying devices:
magnetic tape is not. Magnetic tape,

Fig. 1—Grid voltage vs. plate
current curve. The d.c. bias volt-
age determines the operating
point, Q.
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Fig. 2—Because of the presence of
d.c. bias, operation is along the
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curve.
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though. possesses an ability that tubes
and transistors do not have—the ability
to retain the signal. pending amplifica-
tion. However, whether this retention
is linear or nonlinear depends on the
way the tape is biased during recording.
It may seem strange that magnetic tape
can be biased in a manner reminiscent
of tubes and transistors. but not when
you consider the way in which tapes
are magnetized and demagnetized.

Hysteresis Loops

The magnetic behavior of substances
can be graphed, just as it is possible
to plot the characteristics of tubes and
transistors. The number of available
magnetic flux lines or flux density per
unit area (rcpresented by the letter B)
depends on the permeability of the
material. Various substances have dif-
ferent amounts of reluctance to the
presence of magnetic lines, much as
they also have differing amounts of
resistance to the passage of an electric
current. A simple example would be a
horseshoe magnet with a given mag-
netic strength, H. The number of
magnetic lines of force existing between
the adjacent north and south poles of
this magnet would depend on the
material placed between the poles. For
iron there would be more lines of flux;
for air, fewer.

A permanent magnet represents a
condition in which the magnetizing
force, H. is relatively constant. The
magnetizing force, however. could be
variable, as in the case of an electro-
magnet, produced by a varying alternat-
ing current flowing through a coil. A
ferrous substance surrounded by the
magnetic ficld around the coil would
become magnetized. first in one direc-
tion, and then in the other. The poles
of the ferrous substance. possibly a
small iron bar, would keep reversing,
in step with the frequency of the mag-
netizing current flowing through the
coil. Further, the resulting magnet would
also vary in strength, possibly ranging
from weak to strong.

Figure 4 is a graph of the behavior
of the ferrous material. At first nothing
happens when the magnetizing force. H,
is increased from 0 to I, moving to the
right along the horizontal axis re present-
ing the magnetizing force. This “non-
action” can be considered in the same
way as applying a force to a stalled
heavy object. such as an automobile,
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in an effort to get it moving. There
will be no action until the applied force
can overcome the inertia of the car. In
the same way, the magnetizing force
H must overcome the inertia of groups
of iron atoms to magnetization. Once
the magnetization process starts, though,
the flux density, B, of the substance
rises rapidly. Note the distance along
the H axis from 1 to 2 is about the same

-1 71

-8

Fig. 4—Graph of the magnetizing
and demagnetizing behavior of a
ferrous material.

as from 0 to l—that is, each of these
distances represents an equivalent
amount of magnetizing force. From 0 1o
1 nothing happens. yet from 1 to 2 the
value of B rises rapidly.

As H is increased, B increases, but
not indefinitely. At point C on the
graph, any further increases in H will
produce only a small increment in B,
and so we call this the saturation point.
If the graph were to continue beyond
point C, it would start to assume a
slope parallel to the H axis.

If the magnetizing force is now de-
creased, the level of the flux density of
the material that was magnetized will
also decrease but some magnetic flux
will remain, even if the magnetizing
force H is removed. At point D on the
graph, for example. the value of H is
zero. but the substance is still partially
magnetized. We can, of course. return
the material to its original, unmag-
netized condition, but only by applying
a magnetizing force in the opposite
direction. The point at which the graph
crosses the ~H axis (-1) indicates com-
plete demagnetization, but note that we
are now on the -H part of the horizontal
axis. If the magnetization is continued,

/ /
7

Fig. 5—Conventional hysteresis
(left).
N
lB
Fig. 6—Saturation or transcon-

duction curve.

loop (right); more desirable curve

)
e
|s

Fig. 7—Saturation curve without
the hysteresis loop from which it
was derived. A-B and A’-B’ are
linear portions.
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the substance will become more and
more magnetized, but the limit will be
reached at point A. Here the applica-
tion of the magnetizing force will not
result in much of an increase in the
flux lines around the object being mag-
netized. Again, this is a saturation point.

At point A we can gradually reduce
the amount of magnetizing force until
it reaches zero. At this juncture, the
graph crosses the vertical axis at point
E. If we were to stop here. the mag-
netizing force would once again be
zero, but the substance being worked on
would still be a magnet—that is. it
would be surrounded by its own mag-
netic lines of flux. This is comparable
to the situation that prevailed at point
D on the graph, but with one difference.
The poles of the substance being mag-
netized have been transposed.

If we now apply a magnetizing force
of +H, similar to that used originally,
we will reach point | on the graph. The
resulting graph looks somewhat like a
loop and is called a hysteresis loop. The
shape of the loop depends on the kind
of material being magnetized.

Shape of the Hysteresis Loop

The hysteresis loop of Fig. 4 is a
basic diagram used by engineers to
indicate magnetic properties. In general.
the closer the loop approximates a
square—that is, the greater the area
enclosed by the curve—the better this
characteristic will be for recording
purposes (Fig. 5). The vertical axis of
the graph represents retentivity, while
the horizontal axis is coercivity. Reten-
tivity accounts for higher output and
better low-frequency response; coerci-
vity is responsible for extended high
frequencies. Coercive force is the force
required to reduce magnetism to zero;
it can be regarded as a magnetizing
force applied in a negative direction.
Retentivity is the magnetic flux that
remains in tape after saturation with
the magnetizing force returned to zero.

Saturation Curve

When a substance is subjected to a
magnetizing force, there is at first a
slow increase in the amount of magneti-
zation, followed by a linear rise in
which the amount of magnetization is
proportional to the magnetizing force.
The remainder of the curve becomes
nonlinear as magnetic saturation is
approached. Known as a normal
saturation or transconduction curve
(as indicated in Fig. 6), it is derived
from the graph of the hysteresis loop.

The normal saturation curve can be
drawn without its accompanying hyster-
esis loop, as in Fig. 7. The lines between
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The most precise tonearm has been added

to the most sophisticated electronic turntable
ever produced.

When the now legendary Thorens Other featuresinclude: precision, You’ll see for yourself why High Fidelity
TD-125 electronic transcription turn- 2-way damped, front panel cueing said: ¢ ... This beautiful instrument
table first revolutionized the high fidelity = control; 7 1b., 12-inch dynamically provides a mark for others to aim at.”
world, Stereo Review acclaimed it as balanced non-ferrous die cast platter; Elpa Marketing Industries, Inc.,
“unquestionably one of the elite among tonearm and drive system isolated for New Hyde Park, N.Y. 11040 / 7301 E.
record players. It would be hard to shock-free operation; new resonant-free ~ Evans Rd., Scottsdale, Ariz. 85260 /
imagine a unit that performs better.” rubber turntable mat; 1623, 3314, 45 Canada: Tri-Tel Assocs.

Impossible as it may seem, we’ve rpm speeds; walnut base.
eclipsed ourselves with the Thorens Visit your Thorens dealer for a T H o E N
TD-125AB Mark II. TD-125AB Mark I demonstration.

To start, its completely new, nine
inch straight tubular TP-16 gimbal TD-125AB MARK 1I
suspension tonearm is mounted on ¢
polished ball bearings. The result is rock
steady balance regardless of the gyra-
tions in the groove. Then there’s
frictionless anti-skating control. No
springs. No weights. Designed for ultra
low tracking, you can use any
quality high compliance car-
tridge in the plug-in shell.
Tracking error is less than
0.2°.

Motor rotor speed
must be precise. That’s
why the TD-125AB Mark
II uses a solid state elec-
tronic motor drive sys-
tem. A solid state Wien
bridge oscillator governs
the rotor speed of the instant-
starting, high torque, belt-driven
16-pole synchronous motor. Rumble is
reduced to inaudibility. You can make instant
speed adjustments (* 2% ) and monitor
them on the built-in illuminated stroboscope.
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points A and B and A" and B’ are the
linear portions of the curve. Note the
similarity between this curve and the
transfer characteristic shown earlier in
Fig. 1. We can now use this curve to
show the effect of recording a signal on
tape.

In Fig. 8 the normal saturation curve
1s shown above and below the H axis.
If magnetization in the reverse direction
has the same force as forward magneti-
zation, the lower half of the curve will
be a mirror image of the upper half.
Note, in Fig. & there is no bias and
the only input is that of the signal

itself. While the input is a sine wave,
the output is a distorted waveform since
just the nonlinear portion of the graph
is being used. To overcome this condi-
tion, bias can be applied to put the
operating point on the linear portion
of the curve. The curve, however, has
two linear sections. one ubove the H
axis and the other below it. The bias
could be d.c. and with one polarity
would utilize the lower portion of the
curve or with the opposite polarity,
the upper linear portion. In early tape
recorders that is what was done. This
kind of biasing technique, however.

gnal
iihayl b

Fig. 8—Saturation curve and
applied signal without bias.
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Fig. 9—A.c. bias plus signal is a
mixing process, not modulation.
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Fig. 10—Effect of a.c. bias is to put signal on linear portions of saturation
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takes advantage of only one small
section of the saturation curve. and as
a result, d.c. biased tape recorders had
a restricted dynamic range. The modern
technique is to use sinusoidal a.c. for
bias.

Mixing vs Modulation

In broadcasting, the process of load-
ing an audio signal on a sine wave
carrier of much higher frequency is
called modulation. However, in tape
recorders, the audio signal does nor
modulate the bias but mixes with it.
Figure 9A shows an audio signal while
9B in the same drawing represents sine
wave bias. With mixing the amplitude
of the bias remains constant, while in
modulation the instantaneous values
of the carrier keep changing. However,
with either mixing or modulation, if
we join the peaks by an imaginary line
we will have a graph of the audio
signal. Since there are two peaks—a
positive and a negative peak for each
cycle of bias—the result produces the
effect of a duplication of the audio
signal.

Biasing Tape

Using sine wave bias instead of d.c.
now presents us with a technique for
working with both linear portions of
the transconduction curve. Figure 10
shows the complete action. Here we
have the hysteresis loop and its re-
sultant magnetization curve. The audio
signal is mixed with an a.c. bias current
and it is this mixture that is applied to
the tape during recording. Note that
the mixed signal has an upper and
lower audio component and that each
of these components is a replica of
the original audio signal. Our magneti-
zation curve. because of the presence
of the a.c. bias. now has two operating
points. both of which are centered on
the two linear portions of the charac-
teristic. This depends on the amount
of bias current which must be such that
the audio signal portion of the mixed
signal is applied to horh linear por-
tions of the magnetization curve.
Essentially, there are two outputs—one
for the lower part of the curve and one
for the upper portion. Both combine to
supply a single output signal.

Now what ubout the nonlinear
section of the magnetization curve? The
bias is being applied to both portions

that above the H axis and that below
it. This means there will also be non-
linear outputs. However, these cancel
since they are out of phase. The tech-
nique is the same as that used to get
harmonic cancellation in the output
of a pushpull amplifier.
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The a.c. bias, for linear output, must
not only be a pure sine wave, but must
be evenly distributed around its X
axis. This means there must be no d.c.
component present in the bias since
this would have the cffect of pushing
the operating point up or down on the
magnetization curve, depending on the
d.c. polarity.

Linearity of output is also dependent
on the lengths of the straight line
portions of the magnetization curve.
and these, in turn, depend on the way
the cassette tape is manufactured. If
the straight line portions are small
relative to the amplitude of the re-
cording signal. the result will be usc
of the nonlinear sections of the curve,
producing distorted output. lf. however.
the input audio signal is deliberately
restricted to avoid this possibility, then
the linear portion may be underutilized.
resulting in limited dynamic range.

More About Bias

Bias, then, is a constant high-frequency
signal that is mixed with the signal to
be recorded. Iis prime function is to
permit recording a signal on magnetic
tape in such a way that the output is
distortionless. while at the same time
supplving a good dynamic range. But
this is by no means the whole story.

The bias frequency is in the super-
sonic range and is usually somewhere
between 30 kHz and 100 kHz. or
possibly a bit higher. As a general rule
of thumb. cassette recorder manu-
facturers establish the bias frequency
at about five times (or more) than the
highest recorded audio frequency to
avoid beats between harmonics of the
audio signal and the bias.

Frequency response is affected by
bias. This means that on fixed bias
cassette decks. control of this important
factor is out of the hands of the user.
Bias is set at the factory by the re-
corder manufacturers. An examination
of existing cassette machines shows
there is roughly a 30% plus and minus
variation among all cassette recorders
in bias level settings for what can be
considered “normal” or “zero” bias.
These variations in bias, as mentioned
earlier, affect a tape’s frequency re-
sponse characteristics.

The ability of a tape to perform
properly over a wide range of bias
settings is called bias tolerance or bias
range. This is one of the factors to
look for when buying cassette tapes.
Bias range should be as broad as
possible. The wider the bias tolerance,
the more likely the cassette will per-
form well in all cassette players, with
or without a bias sclector switch.

BIAS CURRENT, PERCENT
0% %% 5% 10% 1% 0%
T T T T l
. b
1 1 o 1
Regular. Normal or
NONE Standard '
| | | , | . !
Regular, Normal or
2-POSITION ® Standard i €10,
| I | [
Regular. Normal or Low-Noise or Ci0
3-POSITION Standard Extended Range ~2
1 l | '
|
H ' Ll Ll
| . g |
1
1 ' ' .
.
Fi J 1 L !
t I
Ll
v 1
Typical i : ' ) '
bias 1
cusient g
range !
of [l 1 [} l [} | '
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) ! ) | | -
- 1 | t
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!
[ | [ |
Fig. 11—Bias current ranges of various cassettes.
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Bias noise is the major contributor
to overall tape noise and hiss. It is
present on all tapes. even when no
signal is present. Obviously, it should
be as low as possible: the ideal is
zero.

Some cassette equipment manu-
facturers calibrate their bias oscillator
output with a specific tape in mind. In
all tape systems. the noise level (hiss) is
also a function of the recorder itself.
It low-level signals are recorded at
higher levels and then played back at
much lower levels, there will be a
considerable reduction in hiss. If the
equipment has Dolby noise reduction
circuitry, the noise level can be dimin-
ished even more.

Tapes and Bias Current

The amount of bias current (Fig.
1) required by a cassette tape depends
on the manufacturing processcs used in
making the tape. Inexpensive recorders
do not have a bias switch and so the
user has no way of varying the bias
current. Bias in such recorders is some-
times referred to as “normal™ or "'stan-
dard” or “regulur.” On a scale of 0
to 100, fixed bias recorders operate
with a bias current of 5 percent or
less. However. the fact that a recorder
uses fixed bias does not mean that all
“regular” tapes made by all cassette
manufacturers will produce the same
results. Correct bias will produce linear
output, but only if the properly for-
mulated cassette tape is used with it.
As an example, TDK’s Super Dynamic
and Extra Dynamic tapes can be put
in fixed bias recorders, but they ure
also designed to work well with bias
currents as high as 10-15 per cent.
Recorders with no bias switch can also
use TDK’s LN or F-series casseltes.

A more flexible type of cassette re-
corder is one that has a two-position
bias switch. One position is tor ferric
oxide (FeO) tapes and is generally
marked standard. normal, or regular.
With the switch in this position, the
recorder works in the same way as re-
corders that do not have a bias switch.

With cassctte decks that have a two-
position bias switch. the second posi-
ton is generally marked CrO,, the
chemical symbol for chromium dioxide.
These tapes, as the name indicates, use
particles ol chromium dioxide instead
of ferric oxide, as the magnetic par-
ticles on tape. While chromium dioxide
tapes do represent a forward step to
high fidelity since they give a better
high-frequency response (or as good as
ED). the tape as originally manu-
factured was excessively abrasive and

(Continued on page 105)
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The Advent/2 is housed in a high
density polyurethanc inner shell which
is bonded to a white molded thermo-
plastic outer shell with a silver-gray
grille. Said to allow the manufacturer to
invest more cost in internal components,
this cabinet is lighter and less expensive
to produce than a wooden cabinet
of equivalent acoustical performance.
The system employs an acoustic sus-
pension woofer (with a magnetic struc-
ture as massive as the original Advent
loudspeaker) and two direct radiator
tweeters, claimed to provide maximum
dispersion with no interference effects.
Resonance is 58 Hz; crossover, 1500
Hz; impedance, 8 ohms; recommended
minimum power, 10 W./channel.
Measuring 1% in. x 19 in. x 7% in.
deep, the Advent/2 is available at
$58.00.

New TDK Booklet

The TDK Guide to Better Recordings
is a collection of tips and suggestions
on how to make high quality recordings
on any cassette deck. Step-by-step
pointers show the recordist how to be-
gin and follow through to the finished
tape. Also covered are recording levels,
reading VU meters, avoiding hiss and
distortion, bias settings and noise re-
duction systems. Free from your local
TDK dealer.

Archer Tape Solder
from Radio Shack

No soldering iron is necessary—just
twist your wires together, wrap with
Tape Solder and melt it with a match,
candle or lighter. Said to be ideal for
on-the-spot wiring and repairs. Tape
Solder comes in a resealable plastic
pouch of 100 pre-cut pieces for 8§9¢.

Technics Turntable

Panasonic is now producing a line of
high quality, high fidelity components—
the Technics line. Among these is the
SL-1200 direct drive turntable. The
turntable has, in effect, one moving
part: the outer rotor of the motor and
its shaft, of which the platter is an
extension. Lacking idlers, belts and
gears, the unit is said to rotate at the
exact speed required without vibration,
wow or flutter. The platter is aluminum
diecast, dynamically balanced, weighing
3.86 Ibs. with a 13-in. diameter. Speeds
are 33% and 45 rpm; wow/flutter, less
than 0.03% W. rms.; rumble, better
than -70 dB (DIN B); effective tonearm
length, 87/, in.; overhang, %, in.; mini-
mum tracking force, 0.4 gm. There is
also a pitch control with a 5% elec-
trical adjustment, separate for each
speed. Price: $269.95.
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Radiometer Distortion Analyzer

S 598 I e amacy 1

Said to be a complete audio perfor-

? mance test set, the BKF 10 incorporates
a distortion meter, sweepable AF oscil-
lator, amplitude response meter, and a
frequency indicator, all of which oper-
ate automatically. The unit determines
both distortion factor and frequency
response while the input signal is
swept through four frequency decades
from 20-20kHz. Results are continuously
displayed on the front panel meters.
The distortion meter can be converted
to a S/N meter by means of a push-
button and noise levels are displayed
from -80dB to -20dB.

Nortronics Recorder Care Kits

The four new QM series kits are com-
posed of all the essential items for in-
spection and cleaning of all types of
recorders. Model QM-6, for cassette
recorders and players, is $9.90. QM-7
is for 8-track cartridge machines. $9.90.
QM-8 is designed for reel-to-reel re-
corders, $9.90. Model AM-9 is espe-
cially designed for cleaning all mag-
netic heads and is priced at $3.35. All
kits are complete with detailed in-
structions for use.

Hartley Speaker Sentry

‘I This self-powered. solid state control
l utilizes a closed loop feedback circuit
to limit the amount of power dis-
sipated in a speaker. Should the power
exceed the level you have preset on
t the control. from 1 to 100 W. rms, the
Speaker Sentry automatically reduces

the input signal to the amplifier to the
desired level. Using only milliwatts of
power from your amplifier and reacting
much faster than a common fuse, this
component is available for $35.00.

Ferrograph Recorder

The Super-Seven is a 3-speed,
10%-in. reel unit offering several
options. The recorder is available in
2- and 4-track stereo models with or
without an integrated power amp and
speakers. With 3 speeds (7%, 3%,
17 ips), the Super-Seven is the only
reel-to-reel machine offering 1% ips
with Dolby B noise reduction. An
optional high speed unit operates at
15, 7% and 3% ips (Dolby not available
for 15 ips) at no extra charge. Solid
state with an FET front end, this unit
features instant slur-free starts on
record and PB, bias adjustment on
front deck, variable speed wind/rewind,
pushbutton tape/source comparison
for each channel, electronic editing,
pushbutton bias readings and tape
track transfer, mic-line signal mixing.
and automatic head demagnetization.
Prices: 3-speed deck in walnut case
(2 or 4 track). $950; 3-speed deck (2
or 4 track), with amp and speakers,
$1000; Dolby unit, $125.



€qualization in the Home

John Eargle*

ing in the last five years have been the advent of

quadraphonic sound, the general adoption of B-type
Dolby noise reduction, and the *“normalization” of loud-
speaker/room response through system equalization. While
quadraphonics represents a distinct revolution in the listening
experience, noise reduction and system equalization are
evolutionary, providing only improvements in what we may
call the “transfer function” from studio to listener.

Our increased concern with these improvements stems
mainly from the revolution which has been going on in the
area of musical values; today, about 90 per cent of recorded
product in this country is rock/pop, and virtually all of this
product has its genesis over loudspeakers in the control room.
Thus, noise reduction and equalization can justifiably be
sought as ends in their own right.

Quadraphonic sound is happening at every turn, and the
15-year-old mono-stereo controversy is being re-enacted all
over again. Noise reduction is being introduced gradually,
and in a comparatively orderly fashion. It has long been an
important part of the original recording process. A while ago
it found its way to the cassette medium—one which was
sorely in need of it. It has recently found its way into the
production of reel-to-reel tapes, and it can make this medium,
in either a stereo or quadraphonic configuration, the super-
lative one it was meant to be. It has also been introduced
into FM broadcasting, and there it promises greater effective
coverage for classical music stations.

The evolution of home sound system equalization has been
neither orderly nor clear-cut in its direction. First of all,
it has been, and will likely continue to remain, a fairly ex-

*Altec-Lansing

T HE MOsST significant advances in home music listen-

pensive “embellishment” on what is already a good sound
system. Many systems, in many good listening rooms. simply
do not need specific contouring of the system to the room.
On the other hand, a marginal low-powered system cannot
be equalized effectively at all.

A problem which has plagued the general adoption of
home equalization has been one of adequate instrumenta-
tion—and who is to man that instrumentation. Sound level
meters are rare; '3-octave noise tapes are rarer—and Real-
Time Spectrum Analyzers are not only rare, but expensive
as well. It seems that the average audiophile is expected to
equalize his own system by ear, since the number of dealers
willing to provide the service is suprisingly low.

Let us now consider in detail the particular goals of equal-
ization, some of the specific hardware available for the pur-
pose, and instrumentation necessary to equalize accurately.

The Goal Of Sound System Equalization

Most professionals consider sound system equalization to
be the answer for the audiophile who wants to duplicate in
his listening room the acoustics and ambience of the re-
cording studio control room. This is an ambitious goal, and
it can, quite honestly, be met only through the use of de-
tailed Y-octave equalization. Before this can be done. care
must have been taken that the power-handling capabilities
of the speakers and amplifier at hand are equal to the de-
mand; both the watts and the ability to handle the watts must
be duly assessed. It's quite an investment—but one well worth
it for the dedicated audiophile.

A second function of equalizers is met by the myriad one-
octave devices which are available. These operate in a sense
as “‘super” tone controls—such devices have perhaps nine to
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Fig. 1—The Altec Acousta-Voicette one-third octave room Fig. 2—The SAE MARK VIl Stereo Equalizer and its family
response equalizer and two typical electrical equalization of curves.
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