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best combination of accuracy and
long life you can get in a cassette
head.

Therée's also a peak limiter that
lets you cram as much onto a cas-
sette as possible without distortion.
Large VU meters and a peak indi-
cator light that let you know if you

do begin to oversaturate the tape
and distort. Plus separate bias and
equalization switches that let you get
the most out of different brands of
tape. And an automatic CrO, selector.
If all this isn’t enough, you'll find
that the 9191 comes with a memory
that lets you go back to a favorite spot
on the tape automatically. And
electronic solenoid controls for going
from play to rewind, or from rewind to
fast forward, without hitting the stop
button. And without jamming the tape.
There’s also the convenience of front
loading. A door over the cassette com-
partment to help keep the tape heads
clean. And a light behind the cassette
that lets you see where you are on the tape.
Go slip a cassette into a Pioneer 9191 at
your local Pioneer dealer.
You'll find it hard to believe such a little thing
could come out sounding so big.

CT-F2191 Specitications:

Frequency Response: Standard, LH tape: 25-16,000 Hz
(35-13,000 Hz +3dB); CrO. tape: 20-17,000 Hz
(30-14,000 Hz £3dB)

Signal-to-Noise Ratio: Dolby OFF: More than 52dB.
Dolby ON: More than 62dB (Over 5,000 Hz,
Standard and LH tapes/When chromium dioxide
tapeis used, signal-to-noise ratio is further
improved by 4.5dB over S5kHz)

Harmonic Distortion: No more than 1.7% (OdB)

Wow and Flutter: No more than 0.07% (WRMS)

Motor: Electronically-controlled DC motor (built-in
generator) x 1;(4.8cm/s speed drive), DC torque
motor x 1; (Fast forward and rewind drive)

WPIONEER

U.S. Pioneer Electronics Corp., 75 Oxtord Drive, Moonachie, New Jeérsey 07074
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DIRECT-TO-DISC
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Production

DIRECT FROM CLEVELAND Vaorr|
LORIN MAAZEL
== THE CLEVELAND ORCRESTRA
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A record of incredible
fidelity from an incredible
performance of Berlioz,
Bizet, Falla and Tchaikovsky:

e $16 ($15 pius $1 shipping &
handling) from TELARC
RECORDS 4150 Mayfield Road,
Cleveland, Ohio 44121.

e and at the world’s finest record
and audio stores.

Exclusively distributed worldwide

by the Discwasher Group.

1407 N. Providencz Rd.
Columbia, MO 65201
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reo sound.

PICKERING  §
X$v-4 3000

Match one fo your equipment

“The right Pickering Cartridge for your equip-
ment is the best Cartridge money can buy.”

We've been saying that for years; and tens of thou-
sands of consumers have profited by applying this
principle in assembling their playback systems.

If you have a fine manual turntable, the XSV/3000
is a perfect choice.

If you have a high quality automatic turntable,
then installing an XV-15/625E in its tone arm is a
perfect choice.

The summary advice of Stereo’s Lab Test, in an
unusual dual product review, we think brilliantly
states our position: “The XV-15/625E offers per-
formance per dollar; the XSV /3000, the higher ab-
solute performance level.” That makes both of these
cartridges best buys!

STEREO

LABTESTS

LA THNTEA AR SS TS 43 ERTRA 44 TERTN
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o on

FREE!

Enter No. 20 on Reader Service Card
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Pickering’s new XSV/3000 is a remarkable de-
velopment. It possesses our trademarked Stereo-
hedron Stylus Tip, designed to assure the least
record wear and the longest stylus life achievable
in these times with a stereo cartridge. Its frequency
response is extraordinarily smooth and flat; its
channel separation is exceptional; its transient re-
sponse affords superb definition. It represents a
whole new concept of excellence in stereo
cartridges.

Read the whole evaluation report. Send for your
free copy of the Stereo “'Lab Test” reprint; write to
Pickering & Co., Inc., -

101 Sunnyside Bivd., @ PICKERING
Plainview, N.Y. 11803. . " -
“for those who can |hear the difference”

Department »
PICKERING & CO., INC., COPYRIGHT 1977



Empire’s
Blueprint For
Better Listening

No matter what system
you own, a new Empire
phono cartridge is certain

to improve its performance.

The advantages of
Empire are threefold.

One, your records will
last longer. Unlike other
magnetic cartridges,
Empire’s moving iron
design allows our diamond
stylus to float free of its
magnets and coils. This
imposes much less weight
on the record surface and
insures longer record life.

Two, you get better
separation. The small,
hollow iron armature we
use allows for a tighter fit
in its positioning among
the poles. So, even the
most minute movement is
accurately reproduced to
give you the space and
depth of the original
recording.

Three, Empire uses
4 poles, 4 coils,and 3
magnets (more than any
other cartridge) for better
balance and hum rejection.

The end result is great
listening. Audition one for
yourself or write for our
free brochure,"How To
Get The Most Out Of Your
Records.’ After you com-
pare our performance
specifications we think
you'll agree that, for the
money, you can't do
better than

Already your system sounds better.

Empire Scientific Corp.
Garden City, New York 11530

Enter No. 7 on Reader Service Card

Joseph Giovanelli

Low Plate Voltage

Q. I have two old tube-type stereo
amplifiers which apparently share a
similar problem. At first the problem
manifested itself by the plates of the
output stages glowing red—indicating
excessive plate current. After re-
placing tubes, measuring voltages,
and pondering, the main problem in
one was traced to a shorted capacitor
and in the other to a dirty bias adjust-
ing pot. Still the voltages are out of
spec and beyond the range of avail-
able adjustments.

With all the audio tubes removed
and the rectifier tube left in, | have
lots of volts, but insertion of the out-
put tubes brings the voltage to below
specified levels. This would indicate
that I still have a plate current prob-
lem. Why?—Fred Portnoy, Owings
Mills, Md.

A. With old equipment as you are
presently restoring, it is never a good
practice to operate it with the rectifier
plugged in but all the other tubes re-
moved. The filter capacitors will
charge up to peak voltage which, with
many amplifiers, will be close to the
capacitors’ breakdown point, even
when they are new. You are flirting
with disaster by operating the ampli-
fier as you described.

Vacuum tube amplifiers are de-
signed so that if the operating volt-
ages are 10 per cent low, they are still
considered within specifications. If
the voltage is substantially lower, then
something is wrong. It may be that the
output stage is drawing too much cur-
rent, perhaps not enough to make the
plates glow red, but still enough to
cause the power supply to collapse
under the load. It may also be that the
capacitance of the filter capacitors is
low. There may be sufficient capaci-
tance to keep hum at a relatively low
level, but not enough to keep the
voltage up to specs.

It may also be that the rectifier tube
is low in cathode emission. When
called upon to supply the full current,
the internal resistance of the rectifier
may be high enough to produce an
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excessive voltage drop within the
tube itself which would account for
the low operating voltages.

Some amplifiers, including yours,
employ fixed bias and the rectifiers in-
crease in internal resistance with age,
which would result in low bias applied
to the output stages. This results in an
increase in plate current and could be
the cause of your problem. Bias is of-
ten developed via a voltage divider
network. Check the value of the resis-
tors to see if they have changed in val-
ue, for if they have, the bias adjust-
ment controls may not be enough to
compensate for this problem.

Front-End Overload

Q. My problem is with a new tuner,
I am receiving stations where there
are none. There are three stations
which | get all at the same time. At
95.7 mHz, | am getting 94.3, 92.1 and
97.9 mHz. What type of problem is
this? Can I do anything about it? Is the
tuner at fault? Is this what happens
when one is close to strong sig-
nals?—R.J. Patterson Il, Lake Park, Fla.

A. Solid-state technology has
brought us marvelous equipment, but
we have also gotten some dis-
advantages. One of them is that sensi-
tive solid-state r.f. amplifiers will over-
load much more quickly than their
tube counterparts. The r.f. stages of
the solid-state tuners are the most
likely sources of the overload you de-
scribed, which means that you hear
more than one station at a time and
on a frequency not occupied by any
of the received stations. Sometimes
these signals are so strong that by the
time they are attenuated sufficiently
to do any good, other signals have all
but disappeared. It might be worth-
while writing to the equipment manu-
facturer to see if he has any modi-
fications to reduce the magnitude of
this problem.

If you have a problem or question on audio, write to Mr.
Joseph Giovanelli, at AUDIO, 401 North Broad Street,
Philadelphia, Pa. 19108. All letters are answered. Please
enclose a stamped, self-addressed envelope.
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Performance.
Scott Stacks Up.

Every serious listener knows that separate tuners and amplifiers offer greater system versatility and
flexibility than the all-in-one receiver. But Scott separates stack up where it really counts —
performance.

Every one of Scott’s complete line of tuners and amplifiers is engineered and designed
to give you all the performance features you expect, at a price no higher than
many receivers currently on the market.

Scott’s T 526 AM/FM Stereo Tuner and A 436 Integrated Power
Amplifier provide such important performance features as front
panel Dolby de-emphasis switching, a phase locked loop
multiplex section and linear motion calibrated controls.

And that’s only part of the story. Compare these
important performance features with any
other medium-priced tuner and
amplifier on the market today.

The Scott T 526 Tuner

IHF sensitivity rated at 1.9 1V, S/N
ratio 68 dB and a capture ratio of
1.5dB.

Signal strength and center channel
tuning meters.

Four gang tuning capacitor for better
image rejection.

AM section designed around a tuned
RF amplifier using J-FET for improved
signal-to-noise ratio.

AM noise suppression circuitry.

The Scott A 436 Amplifier
42 watts RMS per channel, driven
into 8 ohms from 20 Hz to 20 kHz with
no more than 0.3% THD.

True logarithmic meter amplifier
obviates the need for range switching.
Individual channel power level
meters calibrated in % of full power
output capability eliminates confus-
ing dB and VU readings.

Two completely independent tape
monitors allow two tape recorders
to be used simultaneously for direct
tape-to-tape copying.

Instantaneous electronic protection
circuit in the output stage.

IM distortion lower than 0.15% for a
cleaner sound without listening
fatigue.

High and Low filters, two auxiliary
outlets and mic inputs.

And the Scott T 526 and A 436 come complete with
professional rack-mount handles, and are backed by a three- year,
parts and labor limited warranty.

For specifications on Scott’s complete line of eudio components, write or call
H.H. Scott, Inc., 20 Commerce Way, Woburn, Mass. 01801. (617) 933-8800. In Canada: Paco :
Electronics, Ltd., Quebec, Canada. In Europe: Syma International S.A., 419 Avenue Louise, Brussels, Belgium.

HSCOTT

The Name tolisten to.

Receivers/Tuners/ Amplifiers/ Turntables/ Speakers

Enter No. 27 on Reader Service Card
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INTRODUCING
ONE MORE
GREAT REASON
TOOWN
SENNHEISER
HEADPHONES:

UNDER $%5.

Our new HD-400's incor-
porate everything that's made
Sennheiser the premier head-
phones in the ears of discrim-
inating audiophiles:

Wide response. Unusual
smoothness. Superior tran-
sient ability. And extremely light-
weight, rugged construction.

They sound so good
they've been compared with
the finest loudspeakers.

And deliver such a vastly
improved sound from most
amplifiers and receivers that
people are actually buying
Sennheiser headphones
instead of trading up to a
more expensive system.

It's entirely practical, too

Because their unique
Open-Aire® design lets you
enjoy your music with more
comfort and less listener
fatigue than any other style of
headphone. . .infact. it's easy
to forget you've got them on

Your dealer has the new
Model HD-400 now. Butdon't
confuse it with imitations or

look-alikes'

They may have our great
sounding new price tag. but
not our great Sennheiser sound.

J/FSENNHEISER

10 West 37th Street. New York 10018 (212} 239-0190
Manutacturing Plant: Bissendorf/Hannover. West Germany

Herman Burstein

Tape Deck Choice

Q. I am writing the type of letter
which you must dislike receiving.
What brand of tape deck should |
buy? When I first began investigating
the decks available, | was thinking in
the $500.00 range, but | don’t want to
spend any more than necessary to
meet my needs. | am looking for a
deck to be used, primarily, for taping
from a fairly extensive record library,
and for playing these and pre-
recorded tapes, in addition to limited
live recording. What would be your
choice: Revox, TEAC (several models
mentioned), or Tandberg (several
models mentioned)? | hope this letter
doesn’t ruin your whole day.—L.E.
Ray, Adrian, Mich.

A. As | have stated repeatedly, the
policy of Audio magazine forbids me
to recommend particular brands, or
models, of audio equipment, al-
though | would be happy to recom-
mend a good Chinese restaurant or a
book on statistical sampling. Hence
you are thrown to your own resources
which means reading equipment re-
views, talking to trusted friends, talk-
ing to trusted salesmen, and most im-
portant of all using the evidence of
your own ears and eyes. If the ma-
chine appears to faithfully reproduce
sound, comes at a price you can af-
ford, and stands up well in equipment
reviews, it may well be a good bet.
You can save a fair amount of money,
without giving up quality, by sacri-
ficing such features as reverse oper-
ation, sound on sound, and simulta-
neous record and playback. Don’t be
afraid of one-motor recorders, since
with good engineering they can
closely rival the performance of those
with two or three motors. Also, one
motor units are usually lighter and
more portable. No, you haven’t
ruined my whole day, just half of it.

Erase Eliminator

Q. | would like to make multiple
recordings on the same tape track
and, therefore, would like to defeat

AmericanRadioHistorv Com

the erase head. Would it hurt to dis-
connect the erase head and hook it to
an external load via a switch? This
would still leave a load on the os-
cillator circuit without erasing the
tape.—Carl Ford, APO, N.Y.

A. If the external load presents the
same impedance as the erase head,
there should be no problem. But if
the impedance is different, then this
will tend to change the amount of bias
current that reaches the record head,
with consequent effects on the dis-
tortion and treble characteristics of
the tape recording.

Demagnetization Frequency

Q. I clean my heads after five hours
of use, but how often should I de-
magnetize them? The operating man-
ual for my tape deck says that after
long periods of operation the mag-
netic heads will build up a certain de-
gree of residual magnetism. Does it
hurt to demagnetize the heads, even
if they don’t have to be? | was told
that if I touch the heads with the de-
magnetizer off. | could permanently
magnetize them. Is this true?—
Thomas Sabol, Fullerton, Pa.

A. Ordinarily manufacturers recom-
mend demagnetizing the heads after
about eight hours of use, the same for
cleaning. Sometimes the recommend-
ed period is longer, although seldom
more than 15 hours. To the best of my
knowledge, no harm will come from
subjecting a non-magnetized head
to the demagnetizing process. Of
course, it is possible to scratch a head
with the demagnetizer unless its tip is
covered with a soft or plastic materi-
als.

The negative effects of a magne-
tized head are an increase in noise
and a reduction in the treble re-
sponse, and both these effects are
permanently impressed on the
recorded tape.

If you have a problem or question on tape recording,
write to Mr. Herman Burstein at AUDIO, 401 North Broad
Street, Philadelphia, Pa. 19108, All letters are answered.
Please enclose a stamped, self-addressed envelope.
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" ..in the same class with a number of more expensive products, including
many of the direct-drive record players we have seen’’
This quote, from the Hirsch-Houck Labs' report in Stereo Review, refers
to *he Dual 510, a serhi-automatic belt-drive turntable. Since direct-drive models
| (especially our own) are accepted as the standard of performarce, Hirsch-
Houck's comparison is not to be taken lightly.
\ The 510 also benefits from comparison with other semi-automatic turn-
tables. Dual's unique sensor lo-
|
|

We'll let someone else .o . i and 7inch

lead-in grooves for you. You don't

te“ you how QOOd have to guess where they are. And

there's no way to crop

Our belt-drive turntables the tonearm acciden-

| , tally; the cue-control lifts it automatically at the end
| rea“y are- of play and supports it until you relecse it.

| You might also compare the 510 with your present turntable, or any o-her
| you may be considering. When you do, keep in mind the 510's many other fea-
| tures and refinements described below. Your old records will sound oetter, your
new ones last longer.

nual United Audio Products, 120 So. Columbus Ave., Mt. Verncn, N.Y. 10553

Dual 5¥0. Semi-automatic, sirgle-play. True four-point

gimbal tonearm suspension. Synchronous motor, vl
precision-ground belt, unique Vario-pulley, vz :}

¥ </ 4

dynamically-balanced platter. $% pitch-control,
illuminated strobe. Lead-in groove sensor.
Cue-oontrol viscous-damped in beth
directions. Less thon 3200.

Dual 502. Similar except less sensor, N 7-\ - /
pitch-control and strobe. Less tkan $160. . g » /
Dual 1249, fully automatic : N /
single-play/multi-play. Less than $280. —— /

True four-point gimbal centers and pivots

ths tonearm mass at intersection of herizontal
and vertical axes. Tonearm is dynamically
balancec in all plones. The four needle-point
pivats are first herdened, ther: honed, a
process which osroduces microscopically

smooth surfaces. The precision balk-bearing Unique Vario-pulley

races are only 9.157 inch diameter. used in DucFs three
Bearing frictior: vertical. <0.007 gram; belt-drive models is
i horizontal. <0.015 gram. ;)rec::'fog-t:ﬁvhmed :
Stylus force, applied by long coiled spring aor:d%mcw
around vertical pivet, remains perpencicular n}eﬁd@e&b{- i
to record even if turntable is not level. expansion and con-
traction of pulley

circumference; be:t
is never twisted
Specifications (DIN B): Rumble, >é3dB; Wow and flutter, <*0.05%. or distorted.




Edward Tatnall Canby

I've been traveling. And do you
think hi fi is mainly a U.S. hobby? Or
maybe Japanese and German as well?
I'm here to tell you that the old hi-fi
bug is virulent and catchy in plenty of
other places, at least among the so-
called “advanced’” nations, like, say,
Norway. You go window shopping
and you can run into old friends ev-
erywhere—familiar equipment names
and models—along with an intriguing
variety of “unknown’ or local hi fi,
adding eye appeal to the visible feast
and sonicity to the
sounds inside the
shops. But what real-
ly is really fun for
the audio man,
knowing all in ad-
vance, is the nom-
enclature. Every
country to its own
language and it’s
guess and guess
again.

Kjenner du Dux?
If you don’t, you
oughta. Dux, I found,
is a big Swedish
outfit that sells all
over  Scandinavia
with avast catalogue
of intermediate
to advanced fi and
TV. They go in for
gorgeous Swedish-
modern, dove gray
with black ensem-
bles, combination
units of turntable,
cassette, amp, under
a smoked plastic co-
ver, and they put
out a stunning line &
of speakers to
match these goodies, two way and
three way with neat gray grilles and a
snazzy white line around the outside,
like a white-wall tire. Handsome. The
three-way speakers have two bass
drivers, 20 cm., one midrange (mel-
lom-register), and two dome twee-
ters; the delefrekvenser are 400 og
4000 Hz and the overall frekvensom-
rade is 30-20.000 Hz. That's what it
says, and you surely get the idea. I like
the way the Dux people have convert-

= 4

; F-'*"-

ed all the controls to sliders, sidewise
or forward and back, even to the tone
controls. The generic name for such
equipment is Musikkanlegg (well,
they’re for music, aren’t they?), and
some models have FM tuners as well
as cassette and/or turntable; one
model has a perfectly huge two-inch
digital clock built in and connected to
the tuner. Another one has a useful
bit of extra décor, a block diagram of
the inside layout, in LEDs or some-
thing, right out in front on a special

g C’:v o ;?
9‘ % g, T2
", e
> U

panel. Didn’t see it in action but !
gather it lights up to indicate what'’s
going on or isn‘t—the brochure says
that et belyst kontrollpanel gir deg al-
Itid beskjed om hvilke funksjoner (no,
not a blue funk, a function, spelled
Swedish style) som er innkoplet. So
now you know. Don’t you?

The Dux publicity informs us that
the company has been selling its stuff
snart 50 ar, (Pardon the missing small
circle over the a. Qur printer disap-

AmericanRadioHistory Com

?\%

N

VR L

proves.) Even so, by the looks of it,
these people are very much up to
date. True, you super-fi addicts may
look askance at the Dux Musik-
kanlegg lines but, knowing what Eu-
ropean craftsmanship is, | think you
can assume a lot more built-in quality
than what we over here call mass pro-
duced. (What—you missed that 50 ar?
50 years. Easy.) One thing will please
you. Dux calls its various models
Sound Projects, in straight English
though for local consumption. Like
the Japanese in Jap-
@] an. Sound Project
. 8540 is a Hi-Fi Stereo
| Latespiller med has-
| tighetene 33 og 45
- j o/min. and this par-
= ticular model has
Touchkontroller for
hastighetsvalg, start/
stopp, not to mention
such lovely features
as Flytende opphang
and Automatisk og
stofri  stopp ved
hjelp av fotocelle
—that is, with the
help of a photocell.
Now don’t just
skip the gibberish!
With a bit of ingen-
uity you can catch a
lot of this curious-
ly craggy, conso-
nant - clogged lan-
guage. The feature |
really like, there,
is Flytende op-
phang. | could hang
onto that one for-
ever. Sounds almost
the same, too, in Nor-
wegian and Danish—
and is that where | really got confused.
I couldn’t figure out which language
| was seeing. Or hearing.

Norwegian New Orleans

You see, | spent 10 happy days, not
in Sweden, but in Norway, which was
where | picked up the Dux catalogue.
This was back awhile, when the
Southern sun in Oslo, the New Or-
leans of Norway, just managed to
break the horizon around 10:00 in the

AUDIO e April 1977



we've got &MWWW
equalization

all together —

and all of us are cedicated to help-
ing you improve the sound of your
fine stereo system.

Equalizers are usec eve-ywhere in the
music-making chain: by live perform
ers, recording studios mixing con
soles, AM and FM staticns, and so on.
In every step, eackh of the engineers
use equalizers to ma<e the music
sound the way thay think it should
sound. So after evaryome else makes
the music sound the way they like it,
it's up to you to us=2 thet same instru-
ment — the equalizer — to make the
final adjustment, and nzake the music
sound the way you like it to sound in

your own home. n B e M

SRemdbrglomen 2 S ST A

We also include all ~he azcessories and
features that are a must to make
equalizing easy, as well as an amaz-
ingly rewarding new experience: . . . An
environmental do-ic-yourself test rec-
ord edited and anrounzed by Sound-
craftsmen especial y ‘o~ use with the
Soundcraftsmen Equalizer . . . Compu-
tone-Charts fcr making  record of, and
resetting in seconcs, any desired EQ
curve . a Full-Channmel Frequency-
Spectrum-Level Costrol on each chan-
nel, for instant "'nc dissortion’ in/out
balancing Light-Emitting-Diodes
for precise visual signal evel balancing

A Graphic Display of each EQ curve

. And a minimum 24cB range of ad-
justment for each octave . . . Specifi-
cations: S/N: better than 96dB @ 2V.
RMS . .. THD: less than .1% @ 2V . . .
Fiiter type: Toroidal and Ferrite Core.

FREE 6-PAGE BROCUE
« 10-point ‘TOI'AL-SVQTE.‘ EW‘_V

- ord
tructionl Test Rec J
A Jizaton Instructiorn

i

Only Soundcraftsmen offers you a choice of six
models — select the equalizer that best matches
your system, and your pocketbook.

Manufactured in California, U.S.A. by Soundcraftsmen, 1721 Newport Circle, Santa Ana, CA 92705. .. For
name of your nearest dealer, phone us at (714) 556-6191 . . . Suggested Prices (top to bottom)- PE2217 —
$529.50, $G2205 — $370.00, RP2212 — $369.50, RP2204 — $329.50, 20-12A — $299.50 (Includes cabi-
nets shown). TG2209 — $550.00 (Case extra).
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Decca
Record Brush.

Most record cleaners use liquids. They
do the job. But not without side effects
which reduce the life of your records.

To see why, imagine you are examining
a record groove through a microscope
while various liquid cleaners are tried.
All the cleaners remove a lot of dust, but
even the best ones leave some behind.
Since liquid was applied, this soft dust
dries into hard grit. While the stylus
could have pushed a few soft dust
particles out of its way, it must now
track hard grit particles like they are
part of your record. The result: distor-
tion. Not to mention stylus wear caused
by the new bumps and grinds it must
now traverse.

Decca's research into these liquid side
effects, resulted in their pioneering of a
new, electrically conductive, carbon
micro-fiber - the bristles of the Decca
Record Brush. Each Decca Record
Brush contains one million of these ultra-
thin conductive bristles - 1000 enter
each groove removing dust, dirt - and
draining off static for lower surface
noise and expanded dynamic range.

Decca Record Brush. No fluids, no side
effects. Just keeps your records sounding
like the first time.

Decca Record Brush available at quality
dealers across the U.S. Sugg. list $14.95

ROCELGO INC.

160 Ronald Dr.,
Montreal, Canada H4X 1M8
Phone (514) 489-6841

Enter No. 25 on Reader Service Card

morning and soon went back to bed,
leaving a long, long evening to fill. In
Oslo, hi fi is a natural. Electricity is so
cheap that they leave the lights on the
whole time and just as well—the noon
sun comes in sidewise and askew,
your shadow is 50 feet long in the
gloaming and even the clouds are
black at noon from being lit up at one
end. Weird. So you have to do some-
thing to keep alive and happy. True,
95 per cent of Oslo goes skiing all
night, cross country, on long wilder-
ness trails through the nearby moun-
tains lit up for miles with street lights,
or else down horrendous ski jumps or
even bigger “ski flying’’ horrors, and
every car on the road has a skirack on
top and four studded snow tires be-
neath (no salt and very little sand). But
you do get back indoors eventually,
into those cosy
electrically heated
modern apartments g
that surround Oslo
city, and that's when
the hi fi opens up.
Maybe not quadra- |
phonic but plenty
stereo. Also enor-
mous TV screens,
B/W and color, but
that’s another story.
The place | stayed at | 8%
had a hi-fi combo 'S :

with both record player and cassette
changer and the cassettes dropped
down, one after the other, hour by
hour.

In Oslo proper, one of the most
beautiful cities-in-the-dark | ever
hope to see, there are in fact numer-
ous hi-fi outlets, as well as im-
porters/distributors, and though |
wasn’t there to do interviews | did
snoop around, sort of anonymously,
as is my wont. Learn a lot that way. It
was in Oslo that | got my languages
confused—how can you tell which is
which when everybody understands
Swedish, Danish, and Norwegian and
they can all talk to each other, or read
each other, as easily as we read
Queen Liz’s English. Right next to the
Dux display, | picked up Garrard of
England—but was it in Norwegian? All
about Garrard’s Nye Hi-Fi Platespiller
Lyden ma du Selve Oppleve.

Well, that’s not too hard to under-
stand. A Platespiller is a "plate spie-
ler””—or if you will, a platter player.
Simple. What else would you expect
from Garrard?

i
i

Audio Amicability

As we all should know, the English
and Norwegians have held a good
close relationship ever since the tragic

AmericanRadioHistorv Com

days of WWIl when the English tried
to dislodge Hitler and didn’t make
it—but kept up a constant radio com-
munication with the old country via
legions of illegal concealed little tube
radios in thousands of Norwegian
homes. | went to the Norwegian Re-
sistance museum and looked at some
of them; you would have been fasci-
nated. Tubes, of course, but so inge-
niously miniaturized, willy-nilly, the
radio guts built into table legs, into
box cameras, false drawer bottoms.
And keep in mind that discovery of
these wonders meant instant death
... Anyhow, Garrard’s Platespiller
looked mighty good, decked out in
Teak, Eik, Palisander, Noett, Hvit, Sort,
as to colors. (Now let me see. . .Noett
means nut-colored, but | would swear,
from my kitchen experience, that Hvit

...

e

means garlic. OK, then, a garlic-
colored Garrard changer—and in-
deed itis a light gray!)

Eureka, they really feature Ameri-
can-made hi fi, notably the Mac line
and a big range of Harman/Kardon. |
spotted a bill of lading from the latter
in one import office listing just about
everything you could want from that
company. And | got the impression
that the Japanese are played down,
though Sony and Sankyo are strong. |
rather think that Norway depends on
us for its really fancy hi-fi stuff, over
and beyond those common but well-
built Scandanavian combo systems
that are the norm. I didn't see any of
the really expensive non-U.S. items so
familiar at home—Nakamichi, for in-
stance, or Yahama. Get going, you
U.S. makers. You have a market, a
preferential market, over there.

Well, of course, the local producers
are also featured in Oslo and most de-
cidely the big one, Tandberg of Nor-
way. A whole store front plastered
with Tandberg ads and stuff, though
inside there were other brands. They
have a plant in Oslo and | found it on
the city map, a tiny black rectangle
out in the suburbs not far from the
new T-bane, the subway/surface elec-
tric line that runs so quietly you can’t
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Our flywheel is larger than regular fiywheels for a 0.08% wow and flutter. Heat compressed super ferite head for fre quency response of 30-16,000 Hz

and S/'N of 62 dB with CrO; tape

l )
"""GI .l

Tl

L=MIC—R <4RECORDP L—LINE—R

MIC/LINE mixing to mix live mic with tape or record source.

CHROME

ASEQ

TAPE SELECTOR PEAK = on on on = -
o
.o

0 =

NORMAL

n n

a OFF o AUTOWATIC TAPE SELECTOR
BIAS EQ METER MEMORY DOLBY M DOLBY NR

Switchable VU and Peak meters for better recordings.

The KX-920. With cue, review and memory rewind.

STANDARD EQUIPMENIT.

Some of the above features and
performance specs are found in
other cassette decks. But those
decks cost a lot more than ours.

Now, the new Kenwood KX-920
costs less than $S300; but don't let that
deceive you.

Because the KX-920 is our fop-of-the-
line. And the way we look at it, every
top-of-the-line should have these
features and the KX-920's perfor-
mance.
The only option you should even
think about is tape.

‘Suggested resale price. Actual prices are established by Kenwood dealers

15777 S. Broadway, Gardena, CA 90248 - 72-02 Fifty-first Avenue, Woodside, NY 1377
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hear it either come into the station or
leave. Knowing in my bones that Big
Bert Whyte had been there before me
and cleaned out the place, | forewent a
visit. But you should see the Tandberg
catalogue, “Hi-Fi Stereo 76/77,” all
gloss and color. First come the Band-
opptakere, the band-uptakers, ie.,
tape recorders, both in cassette and
reel-to-reel, five big models; then
come radios, stereoforsterkere, radio
receivers, then battery portables, and
finally the impressive collection of
Tandberg Hoyttalere. Hi-talkers, out-
loud-speakers. Including the little 20-
sided midget speaker in bright colors,

the Fasett (in Norway), which some of
us know over here. Not much bass but
a lot more than you’d expect, looking
at them, and the rest of the Fasett
sound is excellent, clean and un-
colored and good for stereo. Or, on a
larger scale, as a pair of back speakers
in a budget surround-sound system.
(Don’t really need low bass in the
rear.)

Hi-Fi & English

By golly, Tandberg does the English
speaking world an honor, or honour,
as the case may be. The descriptions
in the Tandberg catalogue are, of

Our Secret For
Unmatched Performance

Hartley Zodiac |

We build all our speaker cabinets in asymmetrical
pairs for the best sound dispersion.

Then we match each pair for wood graining and color.

Finally we match the speaker drivers to maintain

perfect system balance.

We do all of this for about the same price as our
competition. You see, we believe when you spend your
hard earned dollars for speakers, you deserve the best

sound your money can buy.

For other innovative features of Hartley speakers,write:

HART LEY products corporation

620 island road, ramsey, new jersey 07446 (201) 327-4443
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course, in Scandinavian for local con-
sumption. But the equipment itself is
entirely marked in English from stem
to stern. An economy, maybe, but it
also shows how well the Scandina-
vians appreciate the universal hi-fi
language, our mother tongue, basic
English. Almost everybody there
speaks a bit of it.

Guess I'm hipped on languages; |
do enjoy decoding the various jargons
that come my way, like so many cross-
word puzzles but more useful. You
just look at those funny words, at first
so meaningless, Xszympghl or some-
thing, then you try to pronounce a
bit, according to local rules, and lo,
you see the light. Like a word 1 re-
member in Denmark, Flaske. A flask,
of brandy or Aquavit? Not so! Pro-
nounce it more or less as it should be
pronounced, and you get “flesh-
uh”—what else but plain old meat.
And a boghandel isn't a species of
swamp; it’s pronounced ‘‘book-
handle”” and that’s what it is, a book-
store. So it goes with hi-fi nomencla-
ture as well, and so a final example
from our friends at Tandberg. Their
TR-2075 is described in such glowing
Norse (?) that anybody can get the
general idea—it goes like this:

The TR 2075 is den kraftigste og
mest avanserte stereo radio/forsterk-
er Tandberg noen gang har laget.
Which is to say, if | read it, here we
have the craftiest (i.e., most sophis-
ticated) and most advanced stereo
radio/strengthener (that is, receiver)
that Tandberg has ever laid out. But
yes! The FM section, for instance,
has MOS-FET transistorer 4-polede
keramiske (ceramic) filtere og IC
and the signal/stoyforhold is bedre
enn 75 dB i stereo og 78 dB i mono
(IHF)! Exclamation point is Tand-
berg’s. Mine too. Not bad, huh? And
the stereo amp department gives mer
enn 75 watts sinus (not a cold in the
head—a sine wave!) per kanal ved 8
ohms. ...

Addenda

Hey, | didn’t really mean Eldridge
Gerry, back in December; it was Eld-
ridge Johnson. Memory glitch. John-
son ran a small mechanics and model
shop where Emile Berliner, inventor
of the flat disc, took a design for a
spring motor that would unwind at a
steady fast speed for a whole disc side.
Didn’t work; but Johnson designed
one that did, then joined up with Ber-
liner and later founded the Victor
Talking Machine Co. As for Gerry, he
invented the gerrymander. Throw
him out. A
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Both of these are
made in Elkhart, Indiaa

?
.
prF 4
P rard

— ——] -

The one on the right
provides permanent relief
from the pain of headache caused
by poor room response

The good sound that comes out  includes the Crown EQ-2 eleven-
of your speakers can be different band, octave-center, stereo
by the time it gets to wherever  equalizer; plus the Crown equali-
your ears are. Air, walls, rugs, zation record, room response chart
drapes, furniture — can all affect paper, and a manual which tells
frequency response. you how to make it happen.

The new Crown EQ-2 Equalization  Write today for full-color brechure.
System is designed to correct that The information could be very good
particular headache. The system  for your system.

crouwn

Box 1000, Elkhart IN 46514
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TIME DELAY SYSTEM

IT DELIVERS WHAT QUAD DNLY PROMISED;
AND IT DOES IT WITH ANY RECORDING OR
BROADCAST.

The SD-50 will peel the music off the wall and
fill your room with the thrilling sounds of a live
performance. It is the first and only system to
combine infinitely variable control of delay and
reverberation with automatic high frequency
contouring for the accurate reproduction of
concert hall ambience in any listening room;
and unlike any other available 4CH, reverber-
ation or ambience recovery system, the SD-50
won't twang, hiss, distort, shift images or in
any way affect the sonic quality of even the
finest music system.

You could spend a lot more just exchanging
stereo components for a little added range or
clarity. Before you do, experience the breath-
taking realism of total presence. Listen to an
SD-50. These people have.

‘makes almost any stereo or mono program
sound more real than 99% of the available
quadraphonic programs.” Julian Hirsh in Pop-
ular Electronics 6/76

“turns formerly flat recordings into gems while
finally fullfilling the promise of 4CH sound.”
N.J.owner

Write Box 135, Brookiine, MA 02146 for complete information
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oROGRAMITIAR

_—,’_u‘-q R I

DﬁUﬂﬂ SET

® PROGRAM ANY TIME SIGNATURE e
® PROGRAM ANY RHYTHM PATTERN e
® SAVE 2 SCORES SIMULTANEOUSLY e
SEPARATE BRIDGE PATTERN FOR
EACH SCORE® @ ® o LI,ECTRONIC
"TOUCH BUTTON" CONTROLS
® @ o 256 BYTE MEMORY @ o @

MORETHAN JUST ANOTHER
ELECTRONIC RHYTHM UNIT
A WHOLE NEW INSTRUMENT

PROGRAMMABLE DRUM SET KIT

#3750..............$79_95
(plus $3. 00 postage & insurance)
® FREE
CATALOG

ELECTRONICS, DEPT 4- A
1020 W. WILSHIRE BLVD.
|_OKLAHOMA CITY, OK 73116 _
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Secrets Revealed
Dear Sir:

Being in the remarkable position of
wife to Bascom King, it has been my
privilege to be included in many
round table discussions among some
of the most famous audio engineering
personalities—pioneers and new-

BASCOM KING'S MAGIC

comers alike. | have observed a large
information gap between the audio
“hobbyist’”” and these state-of-the-art
““groupies”’.

In the past many wonderful people
out there in Audio Magazine’s read-
ership have written to Bascom re-
questing information and circuits.

MOVING - COIL CIRCUIT

(PORTABLE UNIT)

ONE CHANNEL
TWO REQUIRED

SHOWN
FOR STEREQO

MC 4
PICKUP

i

STAX
SRX
MK-TIT

]

|(|»——4

BASCOM KING'S MAGIC

FILAMENT
POWER

MOVING-COIL CIRCUIT

(STATIONARY UNIT)

ANTENNA
TRIMMER

INFINITY ME-10d
PHONES

5-70uuf, #33
“T0up ]
/( - 0002uF
-1-350,45 2 Ry
MC |
PICKUP
2-10Megs (33 | INSULATE FROM
s -— PANEL
L 140ppuf 444 50,000 OHM
TUNING PLUG-IN REGENERATION
CONDENSER coiL CONTROL
1ML
J_ = v
as O.luF
= GRD v 2y A" 205V, o
8- -5 +‘_
3 675V MAX
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Your workaay is over. You've
settled backl nto a reclirer and
pair of Koss Technician™™/VFR
Stereophcn2z in anticipation of a

perfect, live symphony broadcas:.

Now with ¥R finely tuned
instruments cnd highly talented
musicians, he conductor is ready
to escort yeou into the cczy world

of symphoniz brilliance. As the last

slight echoes of his batc taps
disappear rro silence, the violin

section fills your mind with a warm,
glowing hum. The cellos, violas, and
bass easz into the flow. adding a

s reverberating depth fo the mocd.
And as the polished scwer of the
brass begins to court the sensual
woodwincs, you find the true
beauty of your Koss Technicians.
Because the VFR zontrals at the
base of zach earcup enable ycu to
fine tune the frequenzy response
range tc your idea cf serfection.

Allowing you to shape the acoustic
contour of the symphony to enrich
the rolling lows of the timpani and
bassoons, or add a chilling
dirension to the high pitched
vioins and flutes.

So if you'd like to hear a
performance that's at your
command, visit your audio specialist
and slip into the breathtaking Sound
cf Ross with Technician/VFR. Or,
if you prefer, write Us ¢/o Virginia

© 1977 Koss Corp.

Lemm for a free, full color catalog
of all our products. Either way,
remember that with a pair of Koss
Technicians, beauty is definitely at
thz fingertips of the beholder.

Koss Technician/VFR Stereophones

IKOSS stereophones

from the people who invented Stereophones.

KOSS CORPORATION, =129 N, Port Washington Ave., PAilwaukee. Wiscanzin 53212 o Koss Internatiosal/London, Milan, Dublin, Paris, Frankfurt « Anste-dom » Koss Limited/Burlington, Ontario
Ergter No. 9 on Reader Se-vice Card




Plug-in circuit kcard incor-
porating turv-on,turn-off
muting and =pea<er-
protection components.

Plug-in print2d = rcuit ___—
board contrelling front- ‘
panel powerreadouts.

Each channzi's hermet-
ically-sealedl torcidal
power transDrmer is
designed for maximum
efficiency ard lowest pos-
sible hum leakage. The _
transformere are designed
and manutfacturad by LUX -,.'

The four filter capacitors _* =
have a spec “ied capaci-
tance of 15.C00 micro-
farads each, double the
value found n many ot
high-power emgl fiers.
This assures higk-po
stability under ccntinuou
large-signal eonditions.

Plug-in drive steges.

separate for 2ach chann
built onto high- -reliability
circuit boarcs. M rror-
image construclion opti-
mizes lead-leng:h to adja
cent inputs and cutputs.

Output trans stor termina

board. The cutp.t transis-
tors themselves ere
mounted on a %-inch meta

plate, integrel with the
heatsinks for me»imum
thermal concuclion.

Massive sand-cast honey-
comb heatsinks designed
to provide maximum heat
dissipation.

Cabled harnass wiring
with terminal stags, plug-in
circuit board sockets and
direct point-ro-posnt
wiring, each Isec as
appropriate to the overall
design. This tlexible con-
struction approach opti-
mizes layoutand

facilitates servicing.

N v




LUX power amplifiers
are designed to provide more than
merely X watts per channel.

If your interest in a power amplifier is based
primarily on its dollar cost per watt, you're not likely to
give much initial thought to a LUX. We don't compete
in that simplistic power game Qur concerns are with
every aspect of amplifier design and construction—to
assure your continuing satisfaction throughout
what you can expect to be a very long period of
ownership. If you share these concerns, you may
then find the LUX approach to have special significance
and value well beyond purchase price. Especially
when it comes to sonic excellence.

As Radio-Electronics neatly put: "There is much
we still don't know about what makes one amplifier
sound better than another —but LUX seems to have
found some of the answers, at least!’

These solutions now exist because the research
that LUX audiophile/engineers conducted went far
beyond the obvious questions about amplifier design
to those subtle but sonically significant aspects of
high-power circuit design usually bypassed or ignored
by conventional thinking, test techniques, and
Instrumentation.

For example, ordinary protection circuits can
introduce audible and unpredictable distortions when
activated by certain types of loudspeaker loads. These
are not disclosed, let alone cured, by the usual test
procedures. LUX's solution: four separate sensing
circuits sophisticated enough to distinguish the
electronically subtle differences that can occur between

Luxman M-4000 Power Amplifier. 180 watts per
channel minimum continuous power, both
channels driven simultaneously into 8 ohms. Total
harmonic and iNtermodulation distortion nc more
than 0.05% Frequency response 5-50,000 Hz,
+1 dB Signal-to-noise ratio: 108 dB. Features
include: separate power supplies for each
channel. including output and drive stages. Two
meter power-output display in combination with
LED peak-output indicators reveal dynamic range
of program material QOutput level set by precision
potentiometer with 1-dBclick stops $1,495.00
Luxman M-6000 Power Amplifier. Similar
features and specifications, except 300 watts

per channel $2,995.00

normal high-level output signals and abnormal voltage/
current conditions.

Models M-4000 and M-6000 have fully inde-
pendent power supplies employing separate toroidal
power transformers for each channel These allow
the full wattage potentialand signal-handling
stability to be individually realized by each channel!
even under continuous large-signa! drive conditions.
Massive honeycomb heatsinks provide the thermal
dissipation necessary for overall reliability and long-
term performance stability.

The LUX difference goes beyond this. Every
power amplifier undergoes an extensive series of
tests at our New York facilities. This assures that each
unit will match or exceed fourteen different published
specifications. A Performance Verification Certificate
attesting to the specific measurements obtained is
packed with each unit. (Your dealer also has a copy and
another stays with LUX as a permanent record. )

With all this in mind, plus the features and
specifications listed below and the revealing internal
views at left, your selection of a power amplifier can
best be made only at one of our carefully selected
audio dealers where LLUX and other fine components
can be compared and evaluated. Assuming that you
have the ability to distinguish the sometimes subtle —
sometimes obvious —differences among high-
power amplifiers, well be pleased to await your
considered judgment.

L UX Audio of America, Ltd.

200 Aerial Way, Syosset. New York 11791 e inCanada White Electronics Development Corp., Ontario

_J

Results of extensive comparative tests yours for the asking.
What is perhaps the most exhaustie test of power amplifiers and preampiifiers ever made
was recently conducted by Stereo Sound, Japan's /ead/ng audio publication. Among the many Japanese and American-made products tested
were the Luxman M-4000 power amplifier and the C- 1000 preamplifier With permission of the publisher, we have translated and reprinted
the complete report. We shall be pleased to send you a copy upon written request.
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If your cartridge is

more than three years old,

don’t replace your
stylus!

Dan’t get us wrong Tnere is nothing wors2
than playing your records witk € worn stylus
And nc batie- way to restore your old un 1 te iis
original glo-¥ than & new diarrond.

B.tt frankly. “bere Favs been Significant skices
rede recently in th2 ohono carzridge field.
A-~d th= new cartridges of today stand head
and shoulders abowve even the finest of & few
short years ajo.

Here's the ofoice: Get fresh—but outdat=d—
pesformance with a replacement stylus, ar emjoy
ai? th2 bena® ts of modern cariridge research
and develcgment -or just a few dollars mrore.
Yzu'l find tFat yoL can updat= your syst=m

for far less t—an ycu night imeg ne. it's probably
th2 mcst drematic single improvement ycu can
make.

Fcr instance, Audio-Technica cffers Univarsal™
certridges 2zuipped with a genuine Shitatz
sivlus and aur uniquely effect v= Dual Magne- ~
system begi~ning &t just $75.0C list. Or you can
fedlac2 you- present cartridge with a fresh rew
sudin-Tecnrica cartridge with highly-pelished
2 ipfical ti> “or as little as $45.00 list.

AT-1E AT12S5a AT 83Ea AT158a
$312.0C $75C0 $6£.0D $125.00

A-e these new mcdels worth the differenze?
Adsolutely. You'll se amazed a: what yo.. k=ar
from today’s generation of pFono cartricges.
Improved fr=quency response. —ower disforzion.
Battar separation. Less record wvear. Truly
batter sounz.

A new Aud o-Technica cartﬁdge.
You- best malue in hi-fi.

AUDIO-TECHNICA J.S., INC, Dept. 474, 33 Shiawassea Avenue, Fairlawn, Ohio 44313
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Time and time again Bascom has re-
marked on his not being able to an-
swer gach letter personally.

| feel, at last, | might be able to close
the information gap! While Mr. King
was out of town, | removed and cop-
ied these designs from his safe. | hope
they are okay. After all, what's a wife
for, if she can’t help out?!

For those of you who make up
these designs—Happy Audioing. For
those with further questions, I’'m sorry
| don’t know any answers.

For the rest—Happy First of April!!

Nancy King
Santa Barbara, Cal.

Wideband Preamp Addenda
Dear Sir:

I have found an error in the parts
list for the preamplifier circuit which |
described in the February issue of Au-
dio. By mistake, | overspecified the
value of R3 in the input frequency
compensation network by a factor of
10. This resistor should be 39 ohms
rather than the published value of 390
ohms. If the incorrect value of R3 is
used, a potential high-frequency in-
stability problem could exist. This will
manifest itself as a loud pop when the
preamplifier is switched into and out
of the phono mode.

Since the low TIM power amplifier
was written, | have found that it is de-
sirable to move the location of the
lead compensation in the circuit
from the feedback network to the for-
ward path. This is accomplished by re-
moving R33 and C10 from the circuit.
A 0.001 microfarad capacitor should
then be installed from the emitter of
Q6 to the junction of R22 and C4. A
capacitor of the same value should be
installed from the emitter of Q7 to the
junction of R23 and C5. These can eas-
ily be added to the rear of the circuit
boards. This change will minimize the
occurrence of any high-frequency in-
stabilities caused by poor power sup-
ply decoupling, poor high-frequency
grounding, etc. Having supervised
many student projects involving am-
plifier construction, | am aware that
these problems can exist. The solution
is simple to install, and | recommend
its incorporation into any amplifier
built from the articles, even if no
problems are known to exist.

Incidentally, the orange foil pattern
under Fig. 5(a) in the preamp article
was “flopped” over a horizontal line.
While the component placement was
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The ADS 910 Reference System -

A benchmarkin loudspeaker performance.
For the first time, awesome dynamic capacity.
widest bandwidth, high efficiency, and substan-
tial power handling have successfully been
combined-in the ADS 910.

Equally important, it is a transducer of unprece-
dented musical merit incredible realism
(regardless of playing level), stunning clarity and
openness, pinpoint definition and stable
imaging, identify this new standard of sound
reproduction.

State-of-the-art materials technology and
brilliant audio engineering allow the speaker to
fulfill the demands of both active performers
and recording engineers. their demands for
“true to life” musical presentation.

Tasteful, functional design, expressed through
choice woods and a meticulous furniture finish,
elevates the ADS 910 to a showpiece in the
well-appointed home of the discerning music
lover. The speaker system'’s integrity and built-in
flexibility appeal to the dedicated audiophile.

A new cost/performance ratio has been estab-
lished by which all future studio speakers will
have to be measured.

s 210

Coast to Coast, the skiled and carefully select-
ed team of ADS dedlers will proudly demon-
strate our new 910, as well as any of our other
eight, smaller precision speakers. Listen to the
ADS 910 referencesystem; listen to music - the
way it was recorded: Live, authentic, real

ADS 910's shown in the recording studio of Deutsche Grommophon Geselischaft at
Symphony Hall. Boston ADS speakers range in price from $100 to $600. ADS 910
Dimensions: 33%2" (H) x 19” (W) x15% " (D' Q0C - 76PG

ADS, Analog & Digital Systems
64 Industrial Way, Wilmington, MA O1887

Enter No. 1 on Reader Service Card
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Revolutionary!

Sound-shaping taping mike.

Never before — a single microphone that gives you the versatility of
16 microphones! Four tiny frequency filter switches built into the new
Shure 516EQ E-Qualidyne Microphone let you tailor sound for studio
eﬁects in virtually any recordlng situation: flick a switch to add sizzle
= to vocals . . . flick another switch to
highlight the sound of a bass drum. You
can even compensate for the acoustic
response of a room — right from the
microphone! In all, the 516EQ creates
16 different response variations that
can add a new, professional sound to
every tape you make. Available singly
or in pairs for stereo recording. Ask to
! hear a recorded demonstration at your
i participating Shure dealer.

S SHURE |

Shure Brothers Inc.
222 Hartrey Ave., Evanston, IL 60204

In Canada: A. C. Simmonds & Scns Limited

Manufacturers of high fidelity components, microphones, sound systems and related circultry.

Enter No. 28 on Reader Service Card
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correct, several things do notregister.

Figure 4(a) was flopped the same way.

The reference to the first part of the

article on the power amp was missing

from the second part, and | hope this

does not confuse anyone who missed
the first part in February, 1976.

W. Marshall Leach

Georgia Ins. of Technology

Atlanta, Ga.

Old Radio Repairs
Dear Sir:

A friend at work showed me a copy
of the January issue of Audio Maga-
zine. | was particularly interested in
the article about the E.H. Scott radios.
At the conclusion Mr. Stosich states,
“Sadly, almost no service technician
has the knowledge, experience, or
patience to perform the kind of work
required. . .to get these fine sets in
perfect operation.” | would like to
provide some information which will
help any readers interested in the
Scott or any other antique radios.

| had heard about the E.H. Scott ra-
dios for years, and last summer | re-
stored one for an antique dealer who
had purchased it for $20.00. There are
many people who collect and restore
antique radios; I've been doing it for
seven years now. The main authority
on Scott radios is J.W.F. Puett who
publishes a newsletter about them en-
titled “The Classic Radio Newsletter.”
He also sells parts and schematics for
these sets and has a book out called
“Silver Ghosts” which sells for $10.00.

| also sell schematics for just about
any radio made between 1923 and
1950, plus having a few old type tubes
for sale. The other parts needed to re-
store these radios are either still com-
mon, available in surplus outlets, or
being remade. | have collected a good
list of “sources’”” for these needs and
will gladly pass along any information
| have.

There are two major old radio pub-
lications. One is Radio Age, 1220
Meigs St., Augusta, GA 30904, which is
$7.50 per year. The other is The Horn
Speaker published at P.O. Box 12, Kle-
berg, TX 75145. Mr. Puett’s address is
Puett Electronics, P.O. Box 28572, Dal-
las, TX 75228.

Although | am only 20 years old, |
find that many of these collectors are
audio enthusiasts of another era, and |
can relate to the many stories and
praises of these radios of the past.

Mark T. Oppat
31800 Balmoral Dr.
Livonia, Mich. 48154
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COULD BE ITSSWANSONG. |

UNLESS YOU GIVE A QUARTER.

The Metropalitan Opera is cne of Americat maost important
cultural institutions.

It’s running cut of money, but vou can help.

Through marching grants, Pioneer High Fidelity and the National
Endowment for the Arts will quadruple the value of your donation.

Even a quarter can make a difference.

Ycu don’t have to be a millionaire to be a patren of the arts.

Enter No. 21 on Reader Service Card
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When you give a quartzr, the Met gets a buck.

I have enclosed a doration of $ fc - the Metropol.tan Opera. (Checks should be made
payable to The I etropolitan Opera/Picneer Find.)

Name

Address_

ey Sete— 0 Zip
Mail the coupcn w th ycur conatior to:
U.S. Pioneer E ectrenics o -p., Dept. M.E T, 75 Oxfcrd D-ive, Mconachie, N.J. 0707=.

M plOI\I’C:&%"? We all owe a lot to music.

A ricanRadioHistorv C.c
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Herman Burstein

Computer Tape for Audio?

Regularly we receive reader in-
quiries as to the suitability of comput-
er tape for audio purposes. The prob-
lem is two-fold: (1) accurately slitting
%-in. computer tape to produce a
tape with %-in. (nominal) width for
home tape decks, and (2) magnetic
compatibility of computer tape with
home tape decks in terms of bias,
equalization, frequency response, etc.

We have taken a dim view on the
matter, feeling that the two aspects of
the problem are too sericus to war-
rant use of computer tape even if ob-
tained at minimal cost, as some audi-
ophiles apparently can do. However,
we don't feel that ours is a definitive
view and have therefore sought the
opinions of two authorities in the field
of magnetic tape. Following are very
helpful responses from Mr. Delos A.
Eilers, Magnetic Audio/Video Prod-
ucts Division, 3M Company, and Mr.
William A. Manly, The Cobaloy Com-
pany, Division of Graham Magnetics,
Incorporated.

Slitting—Mr. Eilers: “The as-
sumption that an individual can ac-
curately reslit computer tape is not a
very good one. The precision and skill
required to slit tape is considerable,
and then to assume that you can slit a
%-in. wide tape down the center
without under- or over-width prob-
lems is very naive.”

Mr. Manly: “One big problem con-
cerns the accurate slitting to %-in.
The proper width for audio tape is
0.246 + 0.002 in. Computer tape is
0.498 * 0.002 in., and just cutting a
%2-in. computer tape down the mid-
dle means it will be too wide for
proper audio use. On a new set of
heads, this makes little difference, but
after the heads are worn a bit, the slit-
down computer tape will not fit into
the groove. A better way is to slit the
Y-in. tape out of the center of -in.
computer tape, but of course this
wastes half the tape.” (We would like
to add that if the tape is too wide after
slitting, it may stick in the tape
guides.—H.B.)

Magnetic Compatibility—Mr. Ei-
lers: ““Magnetic performance of com-
puter tape is not the same as today’s
audio tape. Most computer tape is

made with a standard, non-low noise
oxide, while most of today’s audio
tape is made with low noise oxide.
Computer tape’s electro-magnetic
characteristics are similar to our ob-
solete #111 tape, and thus today’s
recorders would generally be over-
biased for a computer tape (resulting
in reduced treble response—H.B.).
Computer tape is also quite likely to
have poorer short wavelength sensi-
tivity than today’s hi-fi quality audio
tape; thus most of today’s recorders
would be short of the proper amount
of equalization (treble boost—H.B.) to
give an extended, flat frequency re-
sponse on computer tape. It is im-
possible to be more specific unless we
choose a specific computer tape and a
specific audio tape to compare.”

Mr. Manly: ““As to whether or not
the bias and equalization will work
properly, sometimes they will, and
sometimes they won’t. Most audio
tape is coated to a thickness of 0.00035
in. to 0.0004 in., while computer tapes
have a wider range of 0.00025 to
0.00045 in. Both bias and equalization
are affected by coating thickness
changes. Computer tapes are also de-
signed to be most effective for a limit-
ed range of wavelengths on the tape
(i.e., limited range of frequencies—
H.B.), while audio tapes are quite wide-
band in terms of wavelength. Never-
theless, some computer tapes might
be satisfactory for some audio appli-
cations. To give a more definitive an-
swer, | would have to know what tape
the audio transport was set up for,
and which computer tapes were to be
used.”

Other comments—Mr. Eilers:
““Computer tape is designed for ex-
ceptionally good durability, which
should be advantageous. However,
this can also mean that the tape is
highly abrasive to the heads com-
pared to audio tape. If the recorder’s
heads are not extremely hard and du-
rable, premature head failure due to
severe wear could result from using
reslit computer tape. Often the rea-
son computer tape is made available
for some bargain price is that it is
being retired because it is worn out. It
has become so scratched and battered
from use that the tape is no longer re-
liable. To use a such a tape for audio

AmericanRadioHistorv. Com

purposes could give this user poor re-
liability.

““To summarize, reslit computer
tape can work for audio applications
but only for non-critical usage. The
likelihood of having performance
problems on today’s slow speed, four
track, hi-fi quality recorders is great,
and thus we do not recommend using
areslit computer tape for audio appli-
cations. We believe that the salvaging
of old computer tape is really false
economy and brings on more prob-
lems than the savings are worth.”

Cure for a Noise Problem
Steven L. Bender, Brooklyn, N.Y,,
has found the solution to a noise
problem that may afflict owners of
some reversing tape decks. He writes:
“l own two AKAI GX-230D tape
decks, excellent in most respects.
There was a problem that plagued
both of them: an FM noise type of
static on playback that occurred about
45 dB below 0 VU. Since the hiss level
is some 56 dB below 0 VU, this ‘static’
was causing about 10 dB reduction in
signal-to-noise ratio. Some six months
of investigation eventually deter-
mined the cause of the disturbance.
“The deck is an auto-reversing type,
and the disturbance occurred only in
the forward mode of playback, and
only with certain tapes. The problem
was found to lie in the auto-reversing
post/guide, which has a d.c. potential
of about 13 volts on both my ma-
chines in the forward playback mode.
In the reverse playback mode, the
post-guide has only about % volt on
it, so there is no noise problem then.
“When the tape passed over the
charged post/guide, a field was set up
that caused the static sound once the
tape came to the playback head. This
occurred only on backcoated tapes;
only tapes were not susceptible to this
phenomenon. When the backcoated
tape was prevented from contacting
the post/guide, the noise disappear-
ed. Therefore, it is suggested that the
owner not use backcoated tapes with
the AKAI GX-230D. Possibly other re-
versing tape decks that use the foil
method of automatic reversal may
have a similar problem with back-
coated tape.” 4
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ARE YOU BLAMING YOUR

BY YOUR TAPES?

Every day people
all over the country go
into hi fi dealers with
complaints about their

tape recorders.

When in reality what |}

they should be com-
plaining about is their
tapes.

Because the fact is,a
lot of the problems that
plague tape recorders
can be attributed to bad
Tope.

HEAD WEAR IS CAUSED 8Y YOUR
RECORDER. OR IS 1T?

If you have to clean
your tape heads more
than usual, for example,
it could be your tape
doesn't have a special
nonabrasive head
cleaner.

Maxell is the only
fope that has one.

our recorder jams,

it ccm e any number of
things. Maxell does
something to prevent all
of them.

We make our cas-
sette shells of high
impact polystyrene. And
then so they won't crack

RECORDER. OR IS IT?

even after years of use,
we finish themto toler-
ances as much as 60%
higher than industry
standards.

Inside, we use free
rolling Delrin rollers so
the tape doasn't stick.

And finally, we
screw instead of weld
everything together
because screws make

maxelluu 35-90

JAMMING 1S CAUSED BY YOUR

for stronger cassettes.
If your recorder fre-
quently suffers lapses in
sound, it could be the
tape is of inferior quality.
And nobody's bothered
testing the tape for

dropouts before it leaves
the factory.

DROPOUTS ARE CAUSED BY YOUR

RECORDER. OR ARE THEY?
Maxell tape is made

of only the finest poly-
esters. And every inch of

YOUR RECORDER. OR IS IT?

it is checked for even
the slightest inconsis-
tencies.

So if you're having
problems with your
recorder, try a Maxell

cassette, 8-track or reel-

to-reel tape.

You might find there's

really nothing wrong
with your tape recorder,
just with your tape.

Sound Recording Tape

H\ onp\n/[xtmied Range

maxellm.ST-QO

T

8 Track Cartridge Tape

+ Output / Estenwdnd Range:
4 Fo ey & Cuand Ca L
. .
pd 9

maxell.fuﬁ C90

Masxell Corporation of America, 130 West Commercial Ave., Moonachie. N.J. 07074

Enter No. 10 on Reader Service Card
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POOR TRACKING IS CAUSED BY
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Sony Cassette Deck

The TC-206SD is a front-
load cassette deck with Dol-
by noise reduction, two VU
meters, a peak level in-
dicator, mike/line mixing,
and three position EQ and
bias selector switches. The
deck also features ferrite and
ferrite heads with Symphase
capability, two convenience
a.c. outlets, and a Dolby in-
dicator lamp. Price: $349.95.

Enter 70 on Reader Service Card

Pioneer Headphones

The Model SE-4 head-
phones use a 25 u polyester
film, dome-type dynamic
speaker for a sensitivity of 96
dB per mW at 1 kHz, an im-
pedance of 250 ohms, and a
frequency response of 20 Hz
to 20 kHz. Weight with cord
is 9.2 oz. Price: $50.00.

Enter 71 on Reader Service Card

ESS Speaker

The AMT-10b is a book-
shelf loudspeaker utilizing
the Heil air-motion trans-
former midrange-high fre-
quency system. Specifica-
tions include a power capac-
ity of 40 W continuous power
and 350 W peaks, with a
crossover frequency of 1500
Hz, and a frequency re-
sponse of 50 Hz to 22 kHz, =3
dB. Price: $286.00.

Enter 72 on Reader Service Card

Kenwood Cassette Deck
The Model KX-720 stereo
cassette deck incorporates
the Dolby noise reduction
system for improved high
frequency response and sig-
nal-to-noise ratio. The deck
has separate two-position

bias and equalization con-

Allison Speaker System
The Allison:Three is de-
signed to radiate flat acoustic
power into a listening room,
as with other Allison systems,
but is intended for use stand-
ing in a room corner. The
greater radiation loading
provided by the corner loca-
tion allows a smaller cabinet
size to be used without loss
of the performance standard
achieved by the larger sys-
tems sharing the Stabilized
Radiation Loading design
concept. Drivers are a 10-in.
woofer, 3 '%-in. midrange,
and a 1-in. tweeter, with
crossovers at 350 and 3750
Hz. Price: $260.00 each.

Enter 75 on Reader Service Card

trols, a 25 «S de-emphasis
switch for recording Dol-
byized FM broadcasts, a
memory switch, two VU me-
ters, and a LED peak signal
indicator. Price: $259.95.

Enter 73 on Reader Service Card

Woodward Strobe

The digital strobe is a crys-
tal-controlled, three-digit
display unit for the measure-
ment of 16 2/3, 33 1/3 and 45
rpm turntable speeds. Ca-

pable of measuring variations
of *0.01 per cent, it can
also be adapted for the mea-
surement of tape recorder
speeds. Price: $100.00.

Enter 76 on Reader Service Card

Superscope Speaker

The Model S$-312A is a
three-way air-suspension
speaker with a frequency re-
sponse from 30 to 20,000 Hz
and capable of handling up

to 50 watts program material.
The speaker has a 12-in. woo-
fer, 4%-in. midrange, and a
3-in. tweeter. Price: $119.95.

Enter 74 on Reader Service Card

AmericanRadioHistorv Com

Dept. of Oops

The February “What's New
In Audio” write-up of the
Technics by Panasonic RS-
1500US open-reel tape deck
had an incorrect specifica-
tion for wow and flutter. The
correct figure is 0.018 per
cent weighted rms at 15 ips.
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If your speakers

don‘t sound as good
as they used to,
perhaps you've simply
outgrown them.

It happens sooner or tater. Especially to those serious
audiophiles who listen carefully and with discrimination.
Your speakers may be as good as ever, but your taste has
matured and become more difficult to satisfy. You now
realize that your speakers never did have the crystal-clear
highs or the solid bass promised by the specifications. And
it's time to have a serious discussion with your preferred
audio dealer.

We assume you'll be auditioning his finest speakers,
which, of course, should include the Ditton 66 by
Celestion, our top model. We'll let the British publication,
Hi-Fi Answers, tell you why.

“The relatively high efficiency of the chosen speakers
(Ditton 66) was sufficient. .. to cope with the loudest
orchestral climaxes available (or even required) ... when
we wanted to provide concert levels in a large hall, 110
feet x 55 feet with a 25-foot ceiling. A most impressive
performance, and. ..the speakers (were) perfectly ready
and able to accept more power.

“Mid-range was typified by an almost complete lack of
resonance, distortion or beaming effects, and certainly
seemed to vindicate the new 2%, in. dome radiator. The
treble end, from 5 kHz upward, was handled by the
HF-2000 unit, also seen in the Rogers (BBC) monitor and

The HF-2000 soft-dome tweeter operates
from 5,000 to 20,000 Hz. Its exceptionally
smooth extended response and wide
dispersion achieve an open, airy quality and
accurate stereo imaging.

The MD-500 2" soft-dome mid-range operates
from 500 to 5000 Hz with very low distortion,
wide dispersion and correct phase
relationships. An extremely powerful magnetic
assembly ensures critical damping and
high-power handling.

The FC-12 woofer has a heavy plasticized
diaphragm that effectively suppresses
resonances. The neoprene roll suspension
permits considerable cone excursions without
non-linear effects. A massive Feroba Il magnet .
provides critical damping.

The Auxiliary Bass Radiater (ABR} is a highly
effective proprietary Celestion device that
operates in conjunction with the
woofer/enclosure acoustic circuitry. The
critically-damped moving system of the ABR
has a carefully chosen mass and compliance,
and it is mutually coupled tc the woofer to
control the lower range of tne woofer
excursion. It takes over completely at the very
lowest frequencies. Result: exceptionaily
smooth reproduction well under 40 Hz

several in the IMF range.”

Perhaps this will help explain why the
Ditton 66 by Celestion may sound better
than any other speaker you audition.

Although Celestion has been designing
and manufacturing individual drivers and
systems in England for more than fifty
years—and is well known in many other
countries—distribution in the U.S. is still
quite limited. If you write to us directly, we'll
advise you by return mail of your nearest
Celestion dealer.

And if you choose a Ditton 66, you'll find
it's one speaker you're not fikely to outgrow:.

CelestionEI

AmericanRadioHistorv. Com.

Loudspeakers for the perfectionist

Celestion Industries, Inc.
Kuniholm Drive, Holiiston, Mass. 01746
In Canada: ROCELCO INC., Montreal
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OPEN-REEL vs. CASSETTE

Herman Lia*

The enormous sale of cassette tape recorders in the last
few years is proof enough that this product meets a demand.
At the same time there is a danger that people will forget the
open-reel tape recorder, which in many important respects
is @ much better basic concept. A cassette machine’s ad-
vantages are that it is easy to operate, weighs very little, and
that a broad range of prerecorded tapes are widely avail-
able. On the other hand, as this article will show, cassette
machines will always be inferior to open-reel machines
when the major performance characteristics, such as signal-
to-noise ratio, are compared. At the same time, it must be
admitted that for a large number of consumers, cassette ma-
chines are usually quite good enough. However, when the
very best quality recording is required, an open-reel ma-
chine must be used. To be fair and realistic, we must also say
that cassette machines have expanded the total market for
tape recorders, as well as capturing a portion of the open-
reel market. However, they will never take over all of the
open-reel market because there are fundamental differ-
ences in the quality level obtainable with the two systems,
differences which result from the internationally recognized
standards governing each system.

General Considerations

The two most important characteristics that determine the
performance of a tape recorder are signal-to-noise ratio and
frequency response. In this context, frequency response
means a response relative to a signal level that lies sub-
stantially below the saturation curve of the tape and sub-
stantially above the level of residual tape noise.

Let us consider a tape recorder as a black box where we
connect a signal to the input and take out another signal
from the output, as shown in Fig. 1.

Ideally, the only differences between the input and the
output signal are time delay and possibly some scale or am-
plification factor, A. The lowest possible time delay is deter-
mined by the distance between the record and playback
heads, together with tape speed. Unfortunately, real world
tape recorders are not ideal, and we need to make some
measurements to discover their characteristics. We can be-
gin by measuring signal capacity. We do this by applying a
single tone at a particular frequency to the input and then
raising the input level voltage ej(t) until the signal at the out-
put has a particular amount of distortion, e.g. 5 per cent har-
monic distortion. This can be done for a number of fre-
quencies, and the typical results are shown in Fig. 2 for one
particular tape speed. Next we remove the input signal ej(t)
and short circuit the input. There should, of course, be no
signal at the output, but in practice there is a noise spectrum
which is the sum of the residual tape noise and the noise
from the record and playback electronics.

*Senior Engineer
Tandberg Radiofabrikk A/S Oslo, Norway
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in a well-designed tape recorder, the noise from the elec-
tronics is so low that the dominant noise component is the
tape noise. The noise spectrum can be analyzed by means of
one-third octave filters, and this is shown in Fig. 2 along with
a saturation curve.

These measurements tell us quite a lot. They tell us that
there are upper and lower limits of the signal a tape can ac-
commodate with acceptable quality. If the input signal is too
high, the distortion will be above the acceptable maximum,
and if the input signal is too low it will get lost in the noise.
The distance between the two curves in Fig. 2 at an individ-
ual frequency is therefore a measure of the signal capacity
of the tape recorder at individual frequencies, while the to-
tal area between the two curves is a measure of the signal
capacity over a chosen frequency range.

Using information theory, the signal capacity can be de-
fined for a general transmission channel by the following in-
tegral:

S+N
SB—fB log \ =~ /df (1)

where SB is the signal bandwidth product, S is the signal, N is
the noise, and B is the bandwidth. This is Shannon’s defini-
tion of signal capacity, given in 1948.

S+N

Now, since log = log (S+N) — log N, equation (1) can

therefore be rewritten as:

SB = /l; {Iog {S+N} — log N} df (2)

This precisely defines the area between the signal and
noise curves in Fig. 2, and therefore equation (2) gives us an
opportunity to put forward a quantitative measure of a tape
recorder’s ability to accommodate signals. More exact theo-
retical considerations we have developed show that the SB
product for a tape recorder is given by: (3)

535 d.v/b 1
N(f) ’ Br Br / Wo
- —+ {1+~ + | —

( H. 1 H. 1 —d

Bs - Induction in the tape caused by the signal (Gauss)

Br = Maximum remanent induction (Gauss)

Hc = Coercivity (Orsteds)

v = Tape speed

b = Track width

d = Thickness of oxide coating
fo = Highest frequency considered

N(f) = A characteristic function of tape noise.

The most important conclusion to be drawn from equa-

tidn (3) is that the SB product is dependent on the physical
properties of the system, such as the tape speed, track

SB = log A

2
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width, tape parameters, and so on, rather than the elec-
tronics, as long as we maintain the true dynamic range in the
program which is to be recorded with no signal processing.
We will see later that it is possible to process the signal so
that the tape hiss becomes less audible to the listener.

Despite this conclusion, we find the frequency-depen-
dent equalization in a tape recorder greatly affects the au-
dible results. We should, therefore, take a closer look at the
main requirements influencing the choice of these equal-
izations. These turn out to be maximum subjective signal-to-
noise ratio and flat frequency response at low signal levels.

The measurements for Fig. 2 were made with one particu-
lar playback equalization (120 «S). If we choose another
equalization, say 50 S, and make additional measurements,
we obtain the curves shown in Fig. 3. Note that the distance
between the two curves is the same, but the shapes of the
curves have changed. When we record a program, we are
dealing with a complex signal with a particular power distri-
bution over the frequency spectrum, and it should be ob-
vious that we will obtain the best subjective signal-to-noise
ratio if we can “pack the sound’” as far as possible up under
the tape’s saturation curve.

Let us assume that we have a program with relatively little
power in the high frequencies. We then set the input sensi-
tivity of the system to fully load the tape at the middle and
low frequencies. If we use the 120 »S playback equalization,
the high frequencies will lie far under the tape’s saturation
curve and therefore near to the noise level. In this case, we
could advantageously alter the equalization to 50 uS, say,
and thereby drop the noise level away from the signal. If we
change the equalization or time constant in this manner, to
improve the signal-to-noise ratio, we must be consistent and
change the input level to produce the flat test frequency re-
sponse at low levels. On the other hand, if we now have a
program with a lot of power in the high frequencies, a time
constant that is too short will cause the high frequencies to
overload the tape before the tape is saturated at the low fre-
quencies, and low frequency noise can then become a
problem. From this discussion, we can see that the SB prod-
uct defined in equation (3) is an objective measure of the
best signal-to-noise ratio that can be obtained.

Frequency-dependent equalizations are thus used to
match the characteristics of the tape to practical conditions
and produce the best signal-to-noise ratio, which means
that the SB product is exploited to its maximum. At the same
time, we have seen that the optimum playback equalization
depends on the type of program the tape recorder must
handle. We are therefore led to seek a dynamic equalization
that automatically adjusts itself to the power-frequency
curve of the program being recorded. This is exactly the
concept behind complementary noise-reduction systems,
such as Dolby, dbx, Burwen, etc. If we make the same mea-
surements used in Fig. 2 with a Dolby circuit added, we ob-
tain the curves shown in Fig. 4.

AmericanRadioHistorv. Com
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Fig. 1—Ideally the only differences between input
and output of a tape recorder are time delay and
possibly amplification of signal.
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Fig. 2—Recording system performance, showing
maximum output level versus frequency at a con-
stant 5 per cent THD and residual noise level of the
system.
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Fig. 3—System performance, as in Fig. 2, with two
different equalization time constants, showing
how the shapes of the curves change. Note that
the area between the pairs of curves produced by
each constant remains the same.

At the higher input levels, the signal is not processed and
the tape recorder performs as if the Dolby circuit had not
been included. When the signal falls, the higher frequencies
receive extra amplification and are, therefore, recorded
with alarger margin above the tape noise than normal. Dur-
ing playback the opposite process occurs, and the overall
frequency response is therefore correct.

Increased amplification of the higher frequencies during
recording requires reduced amplification of the same fre-
quencies during playback (complementary system). There-
fore, noise and other unwanted signals introduced in the
process after encoding and before decoding are reduced.
Tape noise is reduced by the same degree as the processing
of the signal. Figure 4 shows typical output of a cassette ma-
chine with a time constant of 120 xS. At the higher levels,
the signal swamps the noise, and the performance is accept-
able. The corresponding noise level is given by curve B. At
the lower levels, curve A is of no interest, but the signal pro-
cessing in the Dolby circuits yields noise curve C which is
equivalent to a time constant of 40 xS because it has the ef-
fect of reducing the noise at higher frequencies by about 10
dB. Accordingly, there is a dynamic change in the time con-
stant from 120 &S to about 40 «S, depending on the amount
of high frequency energy in the program.

Measuring the Signal-to-Noise Ratio

The signal-to-noise ratio is often measured according to
the German DIN and IEC standards which defines it as the
ratio between the signal at 333 Hz with 3 per cent distortion
and the tape noise weighted and measured according to the
ANSI A weighting curve. One important weakness in these
measurement methods is that they only take account of the
low frequency signal capacity, and large differences in the
high frequency signal capacity can be missed by the mea-
surements.

This point is brought out in Fig. 5; the two curves A and B
will show the same signal-to-noise ratio, but without a
doubt you will hear the difference on a recording. From the
foregoing argument, we can see that the signal bandwidth
product is a better measure of the dynamic range.

Let us now make a comparison between cassette ma-
chines and open-reel machines in the light of equation (3).
Experience shows that maximum remanent induction and
tape noise characteristics are exactly the same for cassette and
open-reel tapes because the magnetic particles, size, and
density of the particles are the same for the two types of
tape. (While there are differences in tape formulations actu-
ally available to the consumer, any formulation can be ap-
plied to either system.)

Assuming the same bandwidth for open-reel and cassette
machines, we can use equation (3) to find an expression that
shows the difference in the signal-to-noise ratio for the two
systems:

(4)
r Br wO 2
—— 1+ — +(—
OR o g 5 H, (1 Hc) 1(V2 dy)
cc "% 1d,V b, B, B,) 1‘:(—;6—d—)2
__+ +._ g B
HC (1 HC V1 f

Where, for OR (open reel), di = 13 um, b, = 1.0mm, v, -
Vs, 3%,7 %, 15 ips, and for CC (compact cassette), d> = 5um,
b: = 0.6 mm, vo = 1% ips. The numeric results of (4) for the
four speeds are given in the accompanying table where W,
- 2m-20 kHz. The results show that tape speed is the domi-
nating factor in the SB product. For cassette machines, tape
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Creative Technology!

The MXR Compander and Stereo Graphic Equalizer
provide you with the ultimatein creative sounds.

The MXR Compander is a noise reduction device
capable of doubling the dynamic range of most open
reel and cassette tape decks, allowing professional
results in home recording. In operation theCompander
compresses the dynamic range of the signal going
onto the tape and expands the dynamic range upon
playback. With the MXR Compander noise is reduced
enabling the softest sounds to be heard, while musical
peaks can be reproduced without distoriticn.

The MXR Stereo Graphic Equalizer, a natural
companion, is a two channel frequency equalizer that
offers ten bands of discrete adjustment on gach
channel. The primary function of the MXR Equalizer
is to provide precise compensation foraural tone
quality discrepancies that may be caused by room
acoustics. speaker inadequacies, or program sound
quality. With atouch of the slide control the MXR
Equalizer will tailor your playback to suit any number
of variables and develop the mood you want to hear.

Both the Compander and Equalizer are compact,
stylish and handsomely packaged in black anodized
aluminum with walnut side panels. Their design and
circuitry will complement any modern Hi-Fi system.

The MXR Compander is attractively priced at $129.95
and its companion the MXR Stereo Graphic Equalizer
at$199.95.

MXR products have become the standard for signal
processing in professional recording and live musical
performances. This combination of engineering
excellence and creativity provides you with superior
MXR products.

For more information on MXR produsts, see your
nearest MXR dealer or directinquiries to

MXR Innovations Inc., 277 N. Goodman Street,
Rochester, New York 14607  (716) ¢42-5320.

Consumer
' MXR ) Products Group

Enter No. 14 on Reader Service Card
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Fig. 4—System performance, as in Fig. 2, but with a
Dolby NR circuit added to reduce system noise.
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Fig. 5—Comparison of two systems with the same
noise floor, but different maximum high frequency
output curves. While both will have the same signal-
to-noise ratio, when measured via conventional
standards, system A will sound better because of its
extended high frequency response.
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Fig. 6—Comparison of a Tandberg TB-10XB open-
reel recorder with a TCD-330 cassette machine, as in
Fig. 2.

speed has been prescribed at 173 ips in the standard, but for
open reel the tape speed can go up to 15 ips. In addition,
there is an opportunity to choose the most suitable track
width with open reel. The table shows that there is 8 dB dif-
ference between cassette and open reel at 3% ips, or that an
open reel machines at 3% ips without Dolby is about as
good as a cassette machine with Dolby. It can be argued
that it is an advantage not to use any complementary noise

Table |
v (ips) 17/8 33/4 71/2 15
OR (dB) | 2.0 8.0 15 22
CcC

reduction system since all forms bring with them undesir-
able turn-on transients caused by the positive time constants
in the control circuits. Furthermore, the Dolby system does
not provide any noise reduction at frequencies below 500
Hz, and this is frequently a region where we require an im-
provement. A poor signal-to-noise ratio at low frequencies
causes reproduction to sound impure and damages the
quality substantially.

Let us examine equation (4) for frequencies lower than
500 Hz. This is the case where "-\;’d < 1and equation (4) be-
comes:

OR dy /by

—— =201 — [ 5

cC ©d {dz. J by (5)
A new comparison of cassette with open reel at 3% ips gives
a difference of 10.5 dB, below 500 Hz.

Practical User Qualities

In addition to the considerations concerning recording
qualities, it is important to note the differences in user quali-
ties between the two tape recorder systems. Here is a list of
points where we feel the open ree! machine is superior to
the cassette machine:

1) Better signal-to-noise ratio.

2) Acceptable signal-to-noise ratio without noise reduction
system.

3) Longer playing time.

4) Greater tape reliability.

5) Better editing facilities.

6) Sound-on-sound recording facility.

7) Better copying facilities.

8) A-B test without adjusting the azimuth when the tape is
changed.

9) Less wow and flutter.

10) Better channel separation (track-to-track).

The most important advantages of the cassette system are:
1) Easy to operate.

2) Large choice of pre-recorded tapes.
3) Also found in the low price category.

We conclude by presenting measurements made on our
TCD 330 cassette machine and the TB 10XD open-reel ma-
chine (Fig. 6). The curves tell their own story and are a fitting
conclusion to this article. 4

—_
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Some?5 blank cassettes have
the nerve to tinker with Beethoven.
Wk think it's outrageous.

Beethoven, even when he
was deaf, knew exactly how a pic-
colo sounded in relation to the rest

of the orchestra. Some cassette man-
ufacturers would just as soon forget.

Their cassettes give the piccolo and
other high frequency sounds a dis-
torted prominence. They appear to
dothis deliberately, regarding
absolutely natural sound as raw
material to be improved upon.

At BASF, we think this is
an abomination. We're purists; we
stake everything on total accuracy
of sound reproduction. You will
never encounter artificially en-
hanced high frequencies in our
cassettes. We believe that if you
care enough to buy an expensive
audio system, the last thing you
need is a cassette that imposes
its own dubious tastes upon your
sensitive ears.

Faithful reproduction entails
more than miracle ingredients and
fanciful initials on a cassette label.
At BASF, we begin with the best
quality ferric oxide. We mill
it by a patented process to

achieve maximum packing den-
sity and uniformity of coating. We
use an exclusive chemically cross-
linked polymer binding which
will never deteriorate and cause
head-related frictional noise or
wow and flutter.

We use a unique multi-stage
polishing process, and our slitting
technique results in an edge that’s
clean even when viewed under
a microscope. Even our cassette
case is different, incorporating
our patented Special Mechanism,
designed to assure smooth tape
feed for years of dependable
performance.

[s completely natural sound
worth that kind of effort? To peo-
ple who know the difference, it is.

At BASF, we're purists. We've
been obsessed with total accuracy
since we invented magnetic tape
back in 1932. There are no short-
cuts to perfection. But you knew
that when you planned your own
audio system. We'll give you no
reason to compromise when
you buy our cassettes.

BASF The Purist

Our Promise: the purest, most accurate sound that tape can reproduce.

AmericanRadioHistorv.Com
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High performance tapes being in-
troduced in today’s audiophile mar-
ket are characterized by such features
as low distortion, high undistorted
output, more output at high fre-
quencies before saturation, more dy-
namic range, and more headroom.
This discussion deals with how to take
advantage of those benefits; to
present an understanding of how to
recognize and control distortion in-
herent in the tape recording process
so that tape recordings truly have
higher fidelity.

Understanding Distortion

Strictly speaking, distortion is the
degree to which reproduced sound
differs from original sound, and this
definition, lack of fidelity, holds true
regardless of whether the distortion is
caused by equipment or by recording
medium. Distortion includes amplifier
overload and hum as well as tape
“hiss” and any change in frequency
response between input and output
of the tape recorder.

The scope of this discussion will,
however, focus on distortion as re-
lated to magnetic tape and how to op-
timize the record and playback levels
to obtain minimum distortion. The
particular types of distortion to be dis-
cussed are odd harmonics, com-
pession and saturation, and inter-
modulation distortion.

These types of distortion are all
forms of nonlinear distortion and oc-
cur when the output and input of a
recorder depart from an ideal straight
line relationship. The function of a
tape machine’s bias circuitry is to lin-
earize the output-input relationship
which otherwise would be highly
non-linear (owing to magnetic hys-
teresis). Beyond having a unit’s bias
correctly set (usually done in the fac-
tory or service department), there are
other things which must be done to
record with minimum distortion, and
these aspects of recording will be dis-
cussed here.

Odd Harmonics
Of the Input Signal

Harmonics can be described, gen-
erally, as an addition to the funda-
mental tone of spurious tones having
frequencies that are whole number
multiples of the fundamental. Thus,
third harmonic distortion is a com-
bination of the fundamental frequen-
cy and a second frequency which is
three times the fundamental. The per-
centage level of a harmonic almost al-
ways decreases with each higher har-
monic order; the fifth is much lower
than the third, etc. Consequently,

Fighting
Distortion
In Tape
Recording

Wayne Saylor*

only the third harmonic is generally
measured in the case of odd harmon-
ics distortion, because it usually has a
substantially higher percentage level.

Since all musical instruments have
rather significant amounts of their
sound energy in harmonics, harmonic
distortion is not, in itself, unpleasant
to listen to. Third harmonic distortion
is very convenient to measure, how-
ever, and is used to quantify distortion
more because of its convenience and
correlation with other types of dis-
tortion. Of course, third harmonic
distortion, inherent in tape recording
is only perceptible or measurable us-
ing fundamentals up to 1/3 of upper
frequency limit of the recorder. The
laboratory method of measuring third
harmonic distortion involves simply
recording a pure tone (single fre-
quency) and measuring the relative
level of the third harmonic of that
tone.

Even harmonics are not generally
characteristic of magnetic tape sys-
tems because the hysteresis curve is
symmetrical, even though it is nonlin-
ear, and asymmetry is required to
generate even harmonics. However,
even harmonics can occur in the
recording system and are caused by
any nonsymmetrical polarizing mag-
netization. Such even harmonics are,
however, equipment related, rather
than tape related, and are usually
caused by either magnetized heads, a
d.c. current component in the heads,
one-sided amplifier overload, or
asymmetrical distortion of the bias
signal.

Compression and Saturation
Compression of the recorded signal

occurs when a given amount of in-

crease in input level does not result in

AmericanRadioHistorv Com

as much increase in output level.
Compression occurs at all frequen-
cies, but is much more prevalent
at high frequencies. Obviously, this
alters frequency response. This hap-
pens principally at high input levels
due to the inability of the oxide coat-
ing to be magnetized further and a
phenomenon known as self-erasure
occurring predominately at higher
frequencies.

At the level compression begins,
that is where no increase in output
level results from increasing the input
level, saturation has been reached.
Beyond saturation, further increases
in input record level result in de-
creases in output. Use of recording in-
put levels beyond saturation alters
frequency response much more ad-
versely than compression prior to sat-
uration. Compression and saturation
result in non-true level, rather than
the introduction of new or different
frequencies.

Intermodulation Distortion

Intermodulation or IM distortion
occurs throughout the spectrum of
frequencies which the recorder is ca-
pable of reproducing and is the gen-
eration of new frequencies not har-
monically related to the input fre-
quency. This form of distortion results
from the combination of two or more
input frequencies at the same time;
the output contains not only the origi-
nal two frequencies, but also the sum
and the difference of the original two
frequencies. These are usually re-
ferred to as beats of the original fre-
quencies. IM Distortion has no musi-
cal relationship to the original fre-
quencies from which the distortion is
derived, so IM Distortion causes the
greatest subjective impairment to the
music. The words harsh, dissonant,
and "“fuzzy” are used to describe the
unpleasant subjective effects of IM
distortion.

Signal-to-Noise Ratio

The main idea in making superb
quality recordings is to use the highest
record level possible without ob-
jectionable distortion. The higher the
Record level, the more distortion, but
alower Record level results in less dif-
ference between the inherent tape
noise and the level of music during
Playback. Tape hiss gets louder as
Playback level is increased, but does
not get louder as Record leve! is in-
creased. As Record level is increased,
the recorded signal is increased, so

*Audio Engineer,
Memorex Corp., Santa Clara, Calif.
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Yamaha's new two-way taryllium
domre NS-500.

A vary responsive speaker with a
rrch luscious scund. Hizhls defined,
fine'y detziled. A deeply -nvolving
sound.

In aword, sensucus.

V/ita the ’S-500, you gzt z 1 of beryl-
lium'’s advantages (trenspzrency, de-
tail, and lack of distortion thet go
beyond the best electros-atic saeak-
ers), but a: a price rough y haif that
of the NS-100Q. Only $5)2 the pair,
s.gZested retai price.

The joy of berylium.
The idea’ dome mater-al Xr a high
f-ecuency driver mus: ~espond in-
dantly to changes in amp. tude and
f-ecuency of th= inpu: sigmal. So the
ideal dome mzterial mus- ke virtu-
ally weigttless as we | as =xtremely
ngid.
Beryllium is the lightes: and most
ngid metd known. Ite desity is less
than twcthirds that of ecrmonly
used aluninun, and its sigidity is
elirost fo_r tim=s as greai — thus pre-
verting d>me dzformeztioa and con-
secuent distortion. What’s more,
berylliunas sound prepegation veloc-
ity 1s twice that of aludrt n.

Th= berylliun: dome foumd on the
NS-500’s high frequeacy driver is
the worlds lightest —zbaut half the
=e ght o7 one petal of 2 small sweet-
heart race. Which is 2ae of the
reasons fr this speaker’sexczptional
sersitivity and respoise Ard Zor its
sersuous souns.

A closer leakk.

Tobe able to offer the scpistication
of beryllum at a me affordable
arice, wthout sacrif:c ny quality of
serformaace, Yamat a designed the
NS-500 as a two-way Lkass reflex
system.

This gives the NS-500 a lrace more
<rotionzt the low enc t1zn tha reso-
.utzly objactive NS-100. Bt it also
gives the NS-500 more 2fficency
91dB SPL at one m=2t=- with one

vett EMS inout). Which means you
donlt nave to mvest ir. the highest
powered amplfiers or receivers in
crder to drive the NS-50( tc its full
razed output.

For an optim_un match with the be-
ryl-um twe=tes, Yamrana deweloped
z very light, very rig-d * shell” woofer.
Andaspeciai hermzt-cally-sealed air
core LC aessover with a czreful y
sdected 1 8«Hz crossover pant.

As aresut of -hese design zaramre-
te-s, the NS-500 kces's en msign. fi-
can: 0.03% THL badow 5048 SFL,
from 40Hz b 20xHz, nakir g it the
perfect con plement to Yamahe's
state-of -tae-art low distort-on elec-
tronics.

Unaderneath the sleex mo-olithic
sty irg of its solidly -rafted endo-
stras, the NS500 3 ful ¢C many
exdusive Yemzaha featur=s and cis-
tinctive Yarmsha -onches ¢ crafts-
ranship.

Bur to ful'y apareciaze the bzauty of
tte NS-590- you reclly cho_ld visit
your Yameha Aud-o Sp=cialzy
Bealer.

And if yeure net fzmiliar with tae
name of your local Yanmh= Audio
Soecialty Dedler, dop us a line. In
tur, we'll also send you a free pre-
p-1at of the Andio Eng:neermg Soci-
ey paper or Yemrana be-yllivm
technology menticried above.

ik

s
i

(1]
P. (0. Box 670C, Buerz Fark. CA 90622

Entar No. 3T on Reade- Sexvic2 Ca'd
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The Sensuous Speaker.
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N The course of cassette history was irreversibly changed four
eWyears ago. Introduction of the Nakamichi 1000 generated an
unprecedented wave of reaction, from en-

Standards thusiasm to outright disbelief. But today,
. the Nakamichi 1000 and the equally phe-
nomenal 700 are standards of the industry, the logical

Or t e choice of recording studios, independent testing labora-

tories, leading cassette tape manufacturers and discri-

W rld minating audiophiles the world over.
O No other manufactu-er has equalled the original 1000
and 700. And yet, these remarkable decks heve undergone a constant evolution.

Nakamichi innovations are most often subtle, but important, improvements that
are not reflected in published specifications alone.

The latest refinements have produced the 10C0n and 70011—cassette decks that in
no uncertain terms restate the state of the art. The audible improvement is
dramatic. Recordings have  an unconfined quality—an openness and breadth
which elude all but the very best open reel decks.

Immediately noticeable are level meters that indicate program peaks from —40 dB
to an unheard of + 10 dB! Other new features include front panel access to the
record level calibration controls, and independent tape bias and equalization
switches. 1

-’

*‘Dolby’ is a Trademark of Dolby Laboratories, Inc.
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But the real news is ir side the 10001 and 700i1. Nakamichi’s famous dual capsten
DC servomotor transport now has fewer moving parts with enviably low wow and
flutter (under 0.1% CIN weighted peak, 0.05% wrms). Re-designed electronies
yield lower noise anddistortion than ever before, with tremendous headroom. The
mic preamps are highly sensitive, yet virtually impossible to overload. Phase
corrected playback drcuitry ensures total repreduction accuracy; refinementsin
Nakamichi's exclusive Crystal Permalloy playksack head afford even longer life.
The headphone amglifier, too, has been improved with increased output. Amd
finally, both are designed and fzctory-calibrated for optimum performance with
the latest generation of cassette tape formulazions, such as Nakamichi SX and
EXu.

But some things nevar change. True three-head configuration with Nakamich 's
patented azimuth alignment beacon, feather-tcuch transpert controls with full iC
logic, memory rewind, Dolby* Noise Reductior, 3mic inputs with line mixing, and
variable pitch contrel are but a few of the features the 10001 and 700u hase
inherited from their predecessors. The 10001 continues to offer auto-rew.rd,
Dynamic Noise Limizer circuitry, 19-inch rack mount capability, and the. use of
hand-selected components. .

It's not every day that new world standards are established. Visit your Nakamichi
dealer and ask for a demonstration; you can witness cassette history in te
making. For more information, write Nakam chi Research (U.S.A), Inc., 220
Westbury Avenue, Carle Place, New York 11514.

- Nakamichi

Enter No. 15 on Reader Service Card
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better signal-to-noise ratio is achieved
by recording at the highest level pos-
sible.

Since today’s superior performance
tapes achieve their performance
through high record level and output
capability, it is necessary to know how
to record at high levels and still con-
trol distortion in order to utilize the
full performance capability of the
tape.

Tape noise or tape "'hiss’’ is present
in all recording tape and stems from
such factors as the size of the oxide
particles, irregular distribution or dis-
persion within the coating, surface
roughness, and poor orientation of
the particles. Within basic categories
of tape (such as high performance au-
diophile tape), the noise is usually

Fig. 2—333 Hz maximum output level.

quite similar. The predominant factor
in determining the relative signal-to-
noise ratio of competitive tapes is
maximum output signal level rather
than how low is the noise.

Optimum Recording Procedure
Optimum record level settings can
be determined by the recorder user
by utilizing some of the tape record-
er’s features to conduct an A-B com-
parison test as commonly used by au-
dio engineers and other recording
professionals. The easiest way to con-
duct an A-B test is to use a three-head
tape machine with a Source-Tape
switch. Most open-reel recorders sold
today have separate erase, record and
playback heads. Using the operating
instructions for the tape deck, con-
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nect the recorder to a sound source
such as a phonograph record player.
While in Record mode you can then
switch repeatedly from source to
tape, back to source, etc. In this way,
you can compare the source and the
tape playback. This comparison
should include not only careful listen-
ing, but observing and making note of
the level indicator reading on the
loudest passages. There will be a slight
delay in music between the Source
and Tape, but this fraction of a second
does not detract significantly from the
A-B comparison. The delay is depen-
dent upon tape speed and the dis-
tance between the record and play
heads. Note that in the Record mode
on athree-head machine, the level in-
dicator shows Record level in Source
and Playback level in Tape. For each
A-B test, the playback level should be
adjusted to match the loudness when
listening to Tape to the loudness in
Source. This is important because a
difference in loudness may mask a dif-
ference in distortion.

If your machine has only two heads
(erase and record/play), you can still
conduct an A-B test, but it is more dif-
ficult and time consuming. The diffi-
culty stems from the fact that you
can’t listen to tape playback during
the same pass as record, necessitating
rewinding and playing later. Such a
machine doesn’t need a Source-Tape
switch since the level indicator reads
Source during the record pass and
Tape during the playback pass. To A-B
compare the source and tape in this
case, the phonograph record source
and tape recorder playback should be
connected to their respective inputs
of the stereo system preamplifier. The
A-B comparison is then made by
switching the system pre-amp be-
tween Phono and Tape. Itis, however,
necessary to closely synchronize the
phonograph and the tape during
playback.

Once your tape machine is set up in
the A-B mode previously described,
you are ready to experiment. Initially
adjust your recording level so that the
level indicator consistently reads far
into the red zone so that the record-
ing is purposely very distorted. Match
playback levels and switch between
the original source and the now dis-
torted recording. Listen to the dis-
torted recording and compare it with
the original source. Now that you
know how distortion sounds, start re-
ducing the recording level (com-
pensating for any drop in volume by
increasing the playback level) until
you reach a point where you no long-
er notice any distortion in the record-
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The “Click

TAPE
monitor
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2 SENSITIVITY" .

Ever since the invention of the recorded disc annoy-
ing *“‘clicks” and “pops” caused by scratches, static
and imperfections have consistently disturbed the
listening pleasure of music lovers.

Now, SAE introduces the unique model 5000, an
Impulse Noise Reduction System which eliminates
those unwanted sounds with no adverse effect on
the quality of the recorded material.

This breakthrough in electronic circuitry is so dem-
onstrably effective that the SAE 5000 is destined to
become an essential part of any sound system.

The SAE 5000 is compact and sleek, built to SAE’s
exacting standards, and ready to enhance the per-
formance of any system, from the standard receiver/

turntable combination, to the most sophisticated
audiophile components.

SAE is proud to add the 5000 to their broad line of
Components for the Connoisseur.

i
| = ANEBE=
I SCIENTIFIC AUDIO ELECTRONICS, INC.

] P.0. Box 60271, Terminal Annex
Los Angeles, Cal. 90060

] Please send more information on the 5000.
|

|
I Address_

AM-4/77 1

Name. s = — -

1
g City State. Zip-
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THE GAP BETWEEN
OTHER TAPES HAS

INTRODUCING UD-XL | AND UD-XLII. More specif-| Saturation Compgrison at 8 kz i
Maxell tapes have alwaysbeen  ically, it'saferic | \

I - ~ -

considered by many people to be the oxide tape de-

highest quality tapes in the world. signed for use
But instead of sitting back and with the tape

resting on our laurels, we've spent the  selector switch

last few years looking for ways to inthe normal UD-XL1 ve. Typloal Premium

move even further ahead. position (120 Ferric Oxide Cassefte.
The results of our efforts are Maxell microsecond equalization and

UD-XL land UD-XL II. Two tapes which  standard bias).

are not only better than anything Its performance characteristics

we've ever made, they're betterthan  include the lowest harmonic distortion

anything anyone’s ever made. level of any premium cassette on the
To begin with, UD-XL I is an market today.

improved version of our own UD-XL. An extremely flat frequency
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MAXELL AND ALL

JUST WIDENED.

UD XL It vs. Typical Premlum
Ferric Oxide Cassette.

Slgnul -to-Noise Ratio Comparison response from

EREEEe s

the lowest

to the highest

frequencies.
And an ex-

ceptionally high

resistance to

saturation even

affhe highéest recording levels.

UD-XL II, on the other hand, isa
ferric oxide tape specially formulated
for use with the tape selector switch in
the chrome position (7O microsecond
equalization and high-level bias). It offers
the low noise advantage of “chrome”

w0

without the disadvantages. lts per-
formance characteristics include
extremely low modulation noise and
a 5 dB signal-to-noise ratio improve-
ment over ordinary premium tapes.

If you'd like to know more about
UD-XL I and UD-XL 11, stop into your local
dealer and ask some questions. Not
just about our tapes, but about our
competitors’ as well.

We think you'll soon discover
something that we've always known.

The best just keeps getting better.

MAXELL. THE TAPE THAT'S TOO GOOD
FOR MOST EQUIPMENT.

Maxeil Comporation of America, 130 West Comme cial Ave . Moonachie, N.J. O7T0OT4.

Enter No. 11 on Reader Service Card
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Fig. 3—Relative distortion.

ed program relative to the original
program. By observing the level in-
dicators at this point, you have identi-
fied the point on your meters where
distortion becomes unnoticeable. Sig-
nals swinging further into the red
zone on your meter will give notice-
able distortion.

Ideally, you should adjust your
record level to as high a level as pos-
sible without inducing distortion. And
you should recognize that recordings
from different program sources made
at the same recording level setting
may differ in distortion because they
differ in dynamic range and average
level. Thus, we should repeat the
above experiment for various types of
music. Remember that with some
tape machines, you may be able to
operate well in the red with no no-
ticeable distortion. With others, you
may have to keep the indication be-
low the red even for sudden peaks.
The single most valuable tool you

Fig. 4—Sensitivity.
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have in controlling distortion is the
level indicator. The recordist must
learn from the equipment manu-
facturer and from his own experience
how to use his particular indicator to
control distortion.

There are great differences among
level indicators of which there are
several types. The most well known is
the VU meter which averages the sig-
nal, ignoring sudden peaks. There are
also bar-graph indicators, LEDs, and
peak reading meters. One type of
peak reading meter measures ‘‘aver-
age” loudness much the same as VU
meters except that it has a fast-attack,
slow-decay ballistic response so it re-
sponds to shorter transient bursts of
sound. It measures the flat response
input signal when metering source.
The other type of peak metering has
the same peak response but meters
the record signal in Source AFTER
record equalization so that the actual
level applied to tape is indicated.

NEW PREMIUM TAPE
— — ~— STANDARD HO/LN TAPE
22 +
USING THE SAME RECORD LEVEL,

20 NEW PREMIUM TAPE HAS HIGHER OUTPUT
@
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(High frequencies are recorded high-
er relative to low and mid-frequencies
in what is known as Record equal-
ization or Record pre-emphasis.)
With some tapes you can record at
very high levels, but with some you
can’t. Thus, you should determine
what sounds best to you, and then op-
erate on that basis. This test will also
allow you to explore different brands
of open-reel tape, giving you the op-
portunity to determine if one brand
offers better performance on your
machines than another. One brand of
tape may have more ““headroom”
than another, and this might allow the
level indicator to read further into the
red zone. On the other hand, if the
tape also had greater sensitivity, it
would give a higher undistorted out-
put for the same reading on the level
indicator. Remember that high un-
distorted output is the key require-
ment in obtaining a stronger, more
dynamic recording with less hiss.
While you can, of course, play it safe
and always avoid distortion by record-
ing signals at a low level, you would
be recording too close to the noise
floor, so you would notice more
““hiss’’ than the recording would have
if the Record level were set to its high-
est “distortion-free” position.
Compression is most noticeable in
the high frequency end of the spec-
trum. Therefore, certain percussion
instruments are best for observing
where compression takes place. Cym-
bals and some tambourine sounds are
good examples of this. An example of
records very good for experiencing
what compression really is and how to
control it is I've Got The Music In Me
on Sheffield records, Rough
Trade—Live on Umbrella (through
Audio-Technica cartridge dealers), or
Direct Disco by Crystal Clear Records.
These records are particularly clear,
free of distortion, and have great high
level high frequencies. A record that
has great dynamic range from very
soft passages to very loud ones is Saint
Saen’s Organ Symphony in C Minor,
Phila. Orchestra, Columbia MS - 6469.
For A-B comparison, however, the
most useful type of record music is
one with lots of high frequencies at
high level on a sustained or repetitive
basis. Other than that, you should
choose music of the kind you like
most and listen to most frequently.

Ways to Control Distortion
Although wise use of your level me-
ter and experimentation is a primary
way of controlling distortion, there
are other techniques to be consid-
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With the new AKAI GXC-730D,
great maments in music aren't shat-
tered by those not-so-great moments
in cassette rewind-
ing and flipping.

Instead, a
bi-directional GX
record /playback
head allows you
to play both sices
continuously. Automatically. And
you can play or record both sides
without ever having to srop and

physically rurn the cassette over.
The fact that the 730D is the
most versatile front-loading cassette
deck on the market
is just the begin-
ning. It’s also loaded
with some pretty
fantastic features.
Like Dolby*
and AKAT's exclu-
sive Automatic Distortion Reduction
System (ADRS). Memory rewind.

Pause control. Separate right and left

channel record level conrrols. Soft
touch, direct function operating
controls. Peak level indicator. [llumi-
nated VU meters. A great-looking
walnut cover. And all the specs
youd expect an AKAI top per-
former to deliver.

Hear it at your dealer’s.

The AKAI GXC-730D. Dedi-
cated to the proposition that some
of your perform-

ances are just too AKAI

good to interrupt.

For an 18" 5 24" poste- of this Charles Bragg etching, send 32 to AKAI, Dept. A-4, P.O. Box 6010, Compton, CA 90224, ATTN: Lovers-

DON'T INTERRUPT

LIFE'S GREAT PERFORMANCES.
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WeE

ople
ve done,
no one will heckle

learn

our speakers.

We're as close to the impossible

as possible.

Our new speakers color sound.

Anybody's speakers do.

Should someone tell you otherwise,
they speak with forked frequency
response.

We at Sony approached the develop-
ment of our new speaker line with this
grim reality in mind.

Thus our goal was to create speakers
with @ minimum of coloration. With a
frequency response flat and wide. With
low distortion. And with repeatability.
Which is critical. Which means that
each speaker we turn out will sound like
the one before and the one after.

Searching and researching.

Our basic dilemma was that speaker
specs don't specify much.

_ You can build two speakers with iden-
tical specs, and find they'll sound non-
identical.

That's because your sophisticated ear
can pick up differences our clumsy
measurements can't.

Some examples:

You can hear how pure water is. The
purity of the water in which the pulp for
the speaker cone is pressed will influ-
ence the sound. (Spring water is the best )

But water purity would hardly change
the frequency response —or any other
measureable characteristic.

Nor would the dye used to color the
cone—or the glue used in gluing the
cabinet.

But you'd hear the dye and the glue.

And there are dozens and dozens of
elements that interact this way.

So our job was mammoth. To corre-
late these factors in order to reach the
goal we outlined earlier. Changing one

changes the other and almost changed
our minds about going into the speaker
business.

But we stuck it out. And found the an-
swer to the juggling of these variables
thanks to a major technological innova-
tion.

Trial and error.

That's why we labored for three years
to bring you our speakers. While other
manufacturers rushed frantically to
market with theirs.

We keep the whole world
in our hands.

Once we understood how to control
the sound of our speakers, we realized
we had to control what went into our
speakers.

So we did the only logical thing.

We built a plant.

And pursuing that logic, we built it at
a place called Kofu. Which is at the base
of Mt. Fuji. Where we can get all the
spring water we want.

This factory does nothing but pro-
duce —under outrageously close con-
trol—the components for our speakers.

Whatever we do buy, we specify so
carefully that our vendors have night-
mares about us..(It's unfortunate that
we can't make everything ourselves,
but only God can make a tree, and only
wood can make a fine cabinet.)

Few companies make this effort.

So it's safe to say that when it comes
to exercising this kind of control, our
speakers are a voice in the dark.

Don't judge a bookshelf speaker

by its cover.

As you can see, there’s a lot that goes
into producing a speaker that’s not eas-
ily seen. (One beautiful exception —the
handsome finish on our cabinets.)

Suggested retail prices: SSU-3000, $300 each; SSU-4000, $400 each,

Enter No. 29 on Reader Service Card
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That includes the carbon fiber that
we mix into the speaker cone paper.

Carbon fiber is light and strong.
(Why they don't use it in girdles we'll
never know)

Light, so our speaker is more effi-
cient. Meaning you need less power to
operate it. Meaning you are closer to
the ideal of converting electrical en-
ergy to mechanical energy without a
loss of power.

Light, so our speaker cone reacts
quickly to stops and starts in the sig-
nal. The result: improved transient
response.

Strong, to prevent the cone from
bending out of shape in the high fre-
quency range.

Moreover, carbon fiber doesn'’t re-
sonate much. It has what's called a
low Q, and it took someone with a
high 1Q to realize it would absorb the
unwanted vibration rather than trans-
mit it down the cone.

We also cut down on unwanted vibra-
tion (as opposed to the wanted vibra-
tion, which is music), by using a cast
aluminum basket rather than a
stamped, shoddy cheap metal one.

We could go on, but at this point the
best thing would be for you to move on
to your nearest Sony dealer. And listen.

Because the results of our three
years of labor will be clear after three
minutes of listening.

At which point, far from heckling
our speakers, you'll be tempted to give
them a standing ovation.

SONY

© 1977 Sony Corp. of America. Sony, 9 W. 57 St., NY,, NY. 10019
SONY is a trademark of Sony Corp.
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The SSU-3000 and SSU-4000.
Great speakers like these deserve an andience.
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HE
PRUBLEM
SOLVER

THE BGW 250B
DOESN'T HAVE —

eFuses

e Knobs

* Meters

e Current limiting
eHum

e Noise

e Thumps

e High price

BUT, IT DOES HAVE—

*Enough muscle to drive 2-ohm loads
(340-watts*)

* Absolute speaker protection
(exclusive BGW SCR crowbar)

e Virtually unmeasurable distortion*

e Modular construction

® 12 rugged 150-watt output transistors

* High speed magnetic circuit breaker

o True op-amp front end

e Heavy %¢' thick rack panel

e Totally enclosed heat sinks

® 660-square inches of efficient heat
radiating surfaces

* Rugged steel chassis

® Mono-stereo switch

*Guaranteed specifications:

Stereo mode: 90-watts/channel into

8-ohms, 20-Hz-20-kHz with less than

1% total harmonic distortion (THD).

100-watts/channel into 4-ohms, 5-Hz-

15-kHz with less than .15% THD.

Mono mode: 180-watts into 16-ohms,

20-Hz-20-kHz with less than .1% THD.

200-watts into 8-ohms, 5-Hz-15-kHz

with less than .15% THD.

The perfect mate is our new model 202

stereo preamplifier featuring the in-

dustry's most accurate phono system—

82-dB S/N, .01% THD, active 18-dB/

OCT. Hi-Lo filters, studio type graphic

controls. See all 8 BGW power amps

and our new preamplifier at your local

dealer.

BGW Systems
P.O. Box 3742
Beverly Hills
CA 90212
(213) 973-8090

Enter No. 4 on Reader Service Card
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ered. They fall into two general cate-
gories, machine adjustments and tape
selection.

As mentioned earlier, the sole pur-
pose of bias in audio tape recording is
to promote a linear relationship be-
tween reproduced output and
recording input. Ideally, this should
be done for each different type of
tape to minimize distortion. Too little
bias causes non-linear distortion and
increases high frequency output. (This
is due to bias field strength gradient
throughout the oxide coating thick-
ness, the strength being higher nearer
the surface where high frequencies
are recorded.) Too much bias effects
the frequency response, decreasing
the high frequencies more than the
lows.

Very few tapes decks provide a con-
venient means of bias adjustment by
the user. Unless your deck provides
such a means, it is unwise to tamper
with bias if you are not equipped with
proper external test equipment to
measure the degree of adjustment. If
you purchase a new machine or
change brands of tape, you might find
a worthwhile improvement by having
a service agent rebias your machine.
Many new machines are not properly
biased for the brand of tape being
used. Some machines have a switch
with more than one fixed bias setting,
labeled Standard/High, Normal /LN,
etc. You should use the position rec-
ommended by the recorder manu-
facturer or tape manufacturer.

The higher the tape speed, the easi-
er it is to get good signal output versus
noise, without getting into distortion.
The slower speeds place the most de-
mands upon the tape performance,
and it is at these speeds where the dif-
ferences among tapes are the most
apparent.

Dirt on the record head separates
the tape from intimate contact with
the head and causes distortion be-
cause the separation effectively low-
ers the bias as well as the record sig-
nal. A dirty playback head can cause
distortion mainly through recordist
confusion if you erroneously increase
record drive to make up for lower
playback level caused by head to tape
separation.

Magnetized heads cause even har-
monic distortion and increased noise
level, so periodic degaussing is rec-
ommended.

Tape Selection

For best results you must select the
tape which will provide the greatest

AmericanRadioHistorv. Com

performance parameters with min-
imal distortion. Even among premium
tapes, it is important to try out various
brands and experiment with record
levels in order to find out which offers
the best performance on your tape
deck. Generally speaking the impor-
tant characteristics to consider in-
clude:

Distortion. If your tape has relative-
ly low distortion, you will be able to
record higher levels while still main-
taining high quality reproduction.

Signal-to-noise ratio. The higher
you can record above the tape noise,
the less “hiss” you will hear even on
soft, quiet music since the output lev-
el setting can be lower relative to the
record level setting.

Saturation. A high output before
onset of saturation results in a greater
dynamic range and, most important,
provides assurance against over
recording high frequencies to the
point where higher input results in
lowered output.

Sensitivity. A tape with higher sensi-
tivity is one which has higher output
than another tape for the same record
level. While the M.O.L. (Maximum
Output Level, usually quoted relative
to a certain percentage distortion) is
the more important parameter, sensi-
tivity is ordinarily a reliable indicator
of relative M.O.L. among tapes of sim-
ilar bias requirement. A more sensi-
tive tape usually has higher M.O.L.,
especially at low or mid-frequencies.
To check this out yourself, record
some music which has asustained lev-
el from a phonograph record at about
-5 to -10 on your level meter. With the
same record level settings, check
which brand of tape plays back at the
highest level. You may find 2 or 3 dB
difference between major premium
brands. More sensitive tape usually
has lower relative distortion as well.
This lets you capture all signals at a
higher level relative to the noise.

Conclusion

In conclusion, it should be evident
from this discussion that any record-
ing enthusiast can control distortion
if, first, he has a good basic under-
standing of the mechanics and limita-
tions of his tape recorder and its me-
ters; and secondly, if he understands
the performance characteristics of the
tape and how it interacts with the
recorder. Both conditions necessitate
a certain amount of recording experi-
ence and experimentation, but once
this is acquired you have the tools you
need to control distortion. 4
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Ortofon
cartridge
for us.

As far back as 1945, Ortofon
was making the cutterheads
used throughout the world to
cut the grooves in master
phonograph records. But the
phono playback cartridges
then available could not put
our cutterheads to the test for
sensitivity and capacity.

So we made our first phono
cartridge. For us.

Since then our cutterheads
have moved ahead— with
a quality we couldn’teven
imagine in 1945. So have our
phono cartridges.

The new MC20 moving
coil phono cartridge is the
best we've ever made. We be-
lieve itis the finest available
tor professional or home use.

The MC20 has the lowest
stylus tip mass ever attained
on a phono cartridge. A flaw-
less, tine line diamond stylus
is fixed directly (without the
usual sleeve) to a stepped, low
mass cantilever. Beryllium
fitling enables the cantilever
to attain rigidity despite its
minute dimensions. The mov-
ing coils are wound with wire
one-fifth the thickness of a
human hair.

Entgr Mo, 17 6 Feadée Service Card

The moving coil principle,
with its low inertial mass,
wider frequency response,
low distorton as well as low
tracking force, nas clearly
established its sonic superi-
ority over ny cther phono
cartridge system. Our new
pre-preamyplifier. the MCA-76,
is also avai_able to process the
signal of the MC20 or any
other moving coil cartridge.
The MCA-76 features low-
noise circuitry, a subsonic
filter and a by-pass switch
which accommodates all mag-
netic cartridges

We'll be pleased to torward

data on the entige Ortofon line.

We suggest that you write to
us directly. Ortaton, Dept. C,
122 Dupom Strect, Plainview,
New York 11803.

ortofon

e
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The Compleat
Microphone Evaluation

48 o

Starting with this issue, | am privileged to share with you
the results of a series of tests and evaluations cf various mi-
crophones. This is a pleasure, as it allows me to pass along
some of what | learned as an engineer in RCA’s Acoustics
Laboratory. You may well recall from the recent historical
article in Audic by Bob Paquette (Dec., 1974} that RCA and
Western Electric were leaders in microphone developmeant
in the 1920s anc ‘30s. | was a latecomer, joining RCA in 1957,
but was forturate to work with several of the great pioneers
in acoustics.

I discovered that development of specialized precision
test apparatus had paralleled developments of commercial
microphones. These instruments were never described in
the literature, probably because they are less interesting
than commerciel microphones or other products. We use
some of these unique instruments in our testing, and | will
attempt to fill in the literature void by describing them in
detail. !

Our title hints that our evaluations may not be as thor-
ough as we’d like. A microphone is a personal instrument,
handled, fondlad, dropped, or used as a hammer by hu-
mans. Our test may show that a microphone has superior
technical characteristics for a given application, but the user
must be the final judge. If the microphone does not loox,
feel, or sound right to you, then it is not the best instrument
for your purpose. Sometimes your application may involve
stresses or enviranmental factors that we did not anticipate
in our testing. Microphone performance requirements are
varied and numerous, and only rarely does one particular
model fulfill all requirements.

Looking at the brighter side, | have been testing micro-
phones for 20 years and have no connection with any prduct
manufacturer. i am under no pressure to “go easy’’ on ad-
vertisers. (Editor’s Note: Oh, drat!) Therefore, | can serve
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you, the reader, as a qualified and unbiased consultant on
microphone selection. Our tests will be as accurate and
complete as possible. | hope to earn your confidence. Read-
er comments and questions are invited and will be wel-
come.

Testing Methods—Standard or Special?

General principles and methods of testing microphones
are well established in the standards literature, which is list-
ed in the table. The ANSI document, in particular, is a de-
tailed and up-to-date “‘cookbook.” There is no need to de-
velop additional, more sophisticated tests. This situation is
different from evaluation ot loudspeakers, where the stan-
dards literature leaves much to be desired. We hope that
the novel and exceilent methods developed by Dick Heyser
and presented in Audio will, in the future, be adopted as
national and international standards.

However, even a reader with an engineering degree can
learn few specifics of microphone testing from the standards
documents. This is good because standards must allow for
continuing refinement in test apparatus. Each laboratory
must engineer their own test facilities. You will find a mix-
ture of off-the-shelf instruments plus numerous custom in-
struments and test fixtures. Each lab claims conformance to
standards, but the differences between laboratories are
great enough to acrount for significant inconsistency in
published data. Add 1o this the sales department’s very natu-
ral desire to smooth out the wiggles in the frequency re-
sponse curves, and vou end up with catalog literature that
cannot be used for reliable comparisons of performance.
(Editor’s Note: | wish you hadn’t said that; it means another
ulcer.)

Our tests may not be more accurate than Manufacturer
“X,” but we use the same instrumentation to test brands
“X,” "Y,” and "“Z,” so the results may be precisely com-
pared. In addition, we promise to publish all of the wiggles
we find!

Sensitivity Ratings

According to ANSI $1.10 the Free-Field Response Mg of a
microphone at a particular frequency is defined as:

e
Mg =P
where e is the open-circuit output voltage and Pf is the free-
field sound pressure which existed prior to introduction of
the microphone.

This must be converted tc decibels so that the data can be

plotted on a standard grapn of a dB versus frequency. The
desired quantity is the Free-Field Response Level Rf (unit is
the decibel.)
Rf = 20 Logm%fr
Mr is the reference level which is 1 volt per newton per
square meter. The Pascal (Pa) is equal to one newton per
square meter. Rf is expressed in decibels with reference to 1
volt per Pascal. This may be abbreviated to dBV/Pa.

Example: A rated sensitivity of -60 dBV/Pa means that for
an input of 1 Pascal (+94 dB Sound Pressure Level re 20 mi-
cro pascals), the open-circuit output of the microphone is
60 dB less than 1 voit, or 1 millivolt.

Note: The above are S.I. (International) units. You will
find many specifications use the older c.g.s. units where My
equals 1 dyne per square centimeter or 1 microbar. 1 Pascal
equals 10 microbars. Thus, with 20 dB less input, the micro-
phone will have 20 dB less cutput (Rf), and the sensitivity fig-
ure becomes -80 dBV/microbar.

The open-circuit output e is essentially equal to that ob-
tained with a preamp whose actual input impedance is
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much greater, say 10 times, the actual impedance of the mi-
crophene at any frequency. This is known as an “unloaded
input” circuit. Most audio equipment designed for low im-
pedance microphones has “unlecaded inputs.” Infrequently
we find equipment where the manufacturer has provided
“matched” input impedance. You should generally avoid
purchase of such equipment because the frequency re-
sponse of such microphones may be degraded.

The opan-circuit response level in dBV/Pa is the funda-
mental micraphone sensitivity rating. The others were de-
scribed in great detail by A. Lorena in the Decemkber, 1976,
issue, and 1 will not cover the same material. | will however
correct some errors and omissions and emphasize just two
of the ratings.

You have cbservad that sensitivity is rated for 1 Pascal or
94 dB Sound Pressure Level, which as indicated corresponds
to a very ioud voice at one foot. The important correction to
be made to Lorona’s article is that standard speed level (per
ANSI Standard $1.8-1969) is 65 dB at ane meter, which results
in 75 dB at one foot. The discrepancy between the 75 and 94
dB levzls is a well-known bit of non-realism in the Stan-
dards.

The dBV rating works for both high or low impedance mi-
crophones. There is an additional useful rating for low im-
pedance microphones that 1 call “Power Sensitivity,”” which
is exprassed in dBm:

Power Sensitivity equals the power output level in de-
cibels with reference tc 1 milliwatt (dBm) that would theo-
retically be obtained if the microphone was operated into a
matched load with a sound pressure input of 1 Pascal.

“Theoretically” refers to the assumption that the micro-
phone impedarce is equal to rated value, and that the load
value equals this value. In practice, the microphone is un-
loadec, so the dBm value is thought of as “power available”
to a matched load

Table 1—Standards relevant to microphone testing.

ANSI $§1.10-1966 R1971: Calibration of microphones.
EiA SE-105: Microphones tor sound equipment.
ElA RS-221: Broadcast microphones, Polarization or
phasing of.

ANSI—American National Standards Institute.
ElA—Electronic Industries Association.

Example: Assume our -60 dBV/Pa microphone is 250 ohms
impedance. (This yrelds round numbers, unlike the 150 ohm
value that is widely used.) 1 milliwatt into 250 ohms develops
0.5 voits. The open circuit value is 1 volt. Thus, -60 dBV
equals -60 dBm. The Pawer Sensitivity or dBm rating equals
the dBV rating if the microphane impedance is 250 ohms.

The third sensitivity rating of significance to all micro-
phones is the EIA Sensitivity rating (GM). it is calculated
from cur (S.1. units) dBV rating Rf:

GM = R§-20 - X
X is from a table in EIA Standard SE-105. For microphone
rating impedances from 75 to 300 ochms, X equals 71.8.
Example: Our microphone with Rf = -60 dBV/Pa and
{150 or) 250 ohms impedance has
GM = -60-20 -71.6 = -151.8 dB
What is the utility of this strang2 number? It turns out to be
very useful for by adding the Sound Pressure Level (SPL) in-
put to the GM value, you obtain the approximate dBm out-
put (into that ficticious matched load).
Example: You are expecting to record a rock group with
the above microphone and anticipate a maximum SPL of 120
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dB. Your recorder overloads at 15 millivolts input. Do you
need an attenuator between mike and recorder? Adding
+120 to -151.8 we obtain -31.8 dBm ““Power Output.” Re-
calling that dBm equals dBV for a 250 ohm impedance, the
open circuit output of the mike is -31.8 dBV or 25 millivolts.
This will overload your recorder so you need an attenuator.
(You may check this result by noting that 120 dB is 26 dB
greater than 94 dB (1 Pascal). The mike output is -60 dBV for
1 Pa, and thus the output for 120 db SPL is -60 +26 or -34
dBV. This is close enough to 31.8 dBV for practical pur-
poses.)

In the event that arithmetic is not your bag, I suggest the
Shure SRC-1 Sound Reinforcement Calculator. This ex-
cellent cardboard computer relates all three of these sensi-
tivity ratings and will tell you millivolts output versus SPL.
Just remember to add 20 to the dBV numbers; Shure uses
c.g.s. instead of S.I. units,

Frequency Response and Sensitivity Test

The object of this test is to measure microphone response
level, Rf versus frequency. The 1000 Hz value of Rf is gener-
ally the published sensitivity, The frequency response is sim-
ply the plus or minus variation of Rf compared to its 1000 Hz
value. (Fig. 6).

Figure 1 shows a diagram of our instrumentation, and Fig.
2 shows the author at the controls. The heart of this sys-
tem is the precision Spherical Sound Source shown in Figs.
3 and 4. It was developed 29 years ago by A.L. Witchey.
It consists of a 2-in. diameter aluminum dome diaphragm at-
tached to its periphery to a tapered thickness aluminum coil
form that was machined from bar or tubing. The coil is long
compared to the magnetic gap. The moving system is sus-
pended by three loops of nylon thread which fasten at six
points around the front and rear of the coil form.

Precise tension adjustment is provided by adjustable pull-
eys and screws accessible from the outside. [n the photos,

you can see the suspension housings projecting radically
from the dome. The resonance of the moving system is ex-
tremely low; if you displace it by a d.c. current, it may take a
minute to return to rest position! Damping is high because
of eddy currents induced in the solid metal coil form.

This source is essentially a combination of a dome radiator
and an acoustic suspension low frequency speaker. (And
you thought these were new concepts.) This arrangement
results in low frequency response in excess of that normally
expected from a 2-in. radiator, and in very smooth frequen-

cy response.

The calibration of this source is shown in Fig. 5. Some
broad band equalization is employed, but itis not practical
to flatten the response below 100 Hz. Microphones, particu-
larly directional types, have a proximity effect (see Fig. 9)
that provides ““bass boost”” which offsets the source re-
sponse below 100 Hz. Thus, we can calibrate some micro-
phones down to 40 Hz with this source. The rising high fre-
quency response is an artifact resulting from an old error.
This could be equalized flat if we choose to do so.

Returning to Fig. 1, note that the “EQ" for the sound
source is inserted ahead of the power amplifier. The os-
cillator is driven by the recorder and slides slowly from 20 to
20,000 Hz. The frequency is synchronized with the chart. A
sample chart is shown as Fig. 6. How do we calibrate the de-
cibel scale so we can calculate the dBV and other sensitivity
numbers? All we need is a dBV calibration on the chart. This
is accomplished by the “insert voltage’”” method of ANSI
$1.10. To calibrate the scale in terms of open circuit micro-
phone output, the method requires “inserting’’ a known
voltage in series with the microphone (with the Sound
Source “off”}. (The voltage source impedance must be low
compared to the microphone impedance.) | found long ago
that the ANSI method wouldn’t work with a balanced input
broadcast type preamp such as the RCA BA-31. 1 invented a
little gadget which [ call a “balanced calibrator’ to solve this
problem, the ““Insert V Box” shown in Fig. 1. To make a -60
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HOW NOT TO RUIN YOUR RECORDS
PART I

Don't “play” over micro-dust

THE PROBLEM:

The grzatest cause of record degen-
eration is micro-dust. All records fos-
sess a static charge which attracts a very
fine, virtually invisible micro-dust from
room air. A record may “look clean” but
contain 2 fine coaling of micro-dast.
When you play over tais coating, even
at one gram of stylus pressure, you grind

COMMON ERRORS:

Most record cleaners are “pushers”,
and simply line up dirt without remov-
ing it from the disc. Skating a pusher oft
the record only spreads micro-dust intc
a tangent line of danger. Extra arm de-
vices and all cloths are too coarse to dc
anything but pass over micro-dust—or
gently spread it out.

the micro-dust into the record walls,
often forever. Your record then gets
“noisy.”

AN ANSWER FROM RESEARCH:

The exclusive Discwasher Svsiem removes micro-dust be‘ter than any other method.

1. The slanted pile lifts up rather than lines up debr.s. The pile fibers are fixed in the fabric
better than any cther record cleaner,and “track” record grooves rather than scrape them
(see figure 1).

2. Alternating “open rows” of highly absorbent backing hold micro-dust taken off the rec-
ord, and demonstrate Discwasher’s 2ffectiveness cver long term use (see figuoe 2).

3. The inherently safe D3 fluid delivery system and capillary fluid removal allows the most
researched recozd cleaner to be the world’s best.

UNRETOUCHED PHOTOS
JF DISCWASHER 3RUSH

LR

o

ATAN RN R
L AN N NN

: o b LA 1 e A it B
AR T e o

m o et

Fig. 1 Line of micro-dust
removed from a ‘clean”
record.

AR

Fig. 2 Accumulatec micro-
dust from long, effective use
cf tre Discwashar System.

1407 N. PROVIDENCE RD.
COLUMBIA, MISSOURI 65201
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Fig. 2—Photo of measuring rack.

dBV (1 millivolt) mark on the chart requires 1 volt into the
box. Now if | vary the oscillator frequency and draw a curve
with the insert voltage | have what I call a “cal curve,” Fig.7.
The test equipment between microphone and recorder has
flat response except for these loading effects on the micro-
phone by the preamp. On some directional microphones,
such as the BK-5B, the impedance peak at the low frequency
resonance may be four or five times the nominal impedance
value. This causes loading of about 3 dB at 50 Hz for the RCA
BK-5B/BA-31 combination, and the acoustical response data
must be corrected for this deviation. Obviously I could use
an op-amp in the preamp input and eliminate microphone
loading, but the commercial preamp permits detection of
electrical defects in the microphone.

Let’s assume that we've calibrated the dB scale of Fig. 6,
and drawn the axial response curve, denoted by 0°. The BK-
5B has wider and smoother response than many uni-
directionals. It is my favorite for all classical or pop music
recording. All of the minor ““wiggles” or response variations
of this excellent microphone are revealed because the
smoothness of the Source response exceeds that of the mi-
crophone! For everyday work, no corrections for Source re-
sponse variation need be made to the Fig. 6 curve.

For publication or other purposes requiring accuracy, we
need to correct Fig. 6 for Source variations and the “cal”
curve. Directional microphone data must be corrected for
proximity effect. Certain infidel acousticians would refer to
Fig. 4 as the “"holy cow” curve, a term that usually refers to
calibration curves of commercial speaker sources. These

Fig. 3—Small sound source and 640AA.

sources have irregular response so that you must constantly
compare test curves to the ““holy cow,” which is a poor test-
ing method.

Most laboratories do not have custom built sound sources
with uniform response, so that various artificial means of
“flattening” the SPL versus frequency are employed. One
method is to insert a small condenser microphone along
side of the microphone being tested. The condenser output
is used to regulate the oscillator and speaker output by an
AGC circuit resulting in uniform SPL versus frequency at the
condenser microphone. This method does not conform to
ANSI $1.10 and results in variable errors depending on how
much the test microphone disturbs the sound field at the
condenser. A better method involves tape recording the
condenser mike output with no test microphone in place.
Then the test microphone is substituted for the condenser.
The tape is played and controls the speaker output by AGC
action. This method appears to meet ANSI $1.10 but requires
periodic re-recording of the tape, plus careful attention to
maintenance.

The Source in Fig. 5 was calibrated in 1967. It is current be-
cause no significant changes have been observed in the
Source since then! The stability and precision of the Source
calls for equally precise calibration. Figure 3 shows cali-
bration by our Western Electric 640-AA microphone. The
condenser capsule (the forward most inch of cylinder) is cal-
ibrated by the National Bureau of Standards (NBS) and is a
Prime Reference Standard Microphone. It is our working
standard. Our other 640-AA, also NBS calibrated, remains in
the dessicator, unless we suspect a change in the working
standard and need a cross-check. Calibration by 640-AA in-
volves a preamp, power supply, and potentiometric d.c. me-
ter. Nearly a full day’s time is required, so this is not done
frequently.

For a quick, every-day calibration check, a secondary
standard microphone is used that plugs in place of dynamic
or ribbon types. This is the SPX-11 Standard Ribbon Velocity
Microphone (Fig. 4), developed by A L. Witchey about 1956.
It was based on the SPX microphone, which was built about
1936 by L.J. Anderson. At that time, there were no good lab-
oratory condenser microphones. The figure-8 pattern of the
velocity microphone discriminates against room reflections
which cause “wiggles” om speaker response curves. This
frequency results in the curves drawn by the SPX-II being
smoother than those obtained with an (omnidirectional)
laboratory condenser microphone, in real world imperfect
anechoic chambers. With a condenser microphone, you
frequently go outdoors to obtain a smooth curve. (The ve-
locity microphone is a better choice for testing speakers and
“room equalization” adjustments as its discrimination is not
unlike binaural hearing. If you want to hear like an omnidi-
rectional condenser, close one ear!) The SPX-II has flat re-
sponse to 20,000 Hz on or off axis. The 640-AA, or any one-
inch condenser, undergoes a change of about 8 dB at 8000
Hz from 0° to 90°. Thus, SPX-1I data requires no response
correction.

Proximity effect with the velocity microphones close up to
sources of spherical waves is easily corrected by RC rolloff
equalizing that matches the curves of Fig. 8. You must be in
the far field, which means at least twice the source diameter,
so your estimate of distance to (equivalent) point source is
accurate. Since our Sound Source (diaphragm) diameter is
only 2 inches, the far field begins at 4 inches. This permits
measurement of the proximity effect of the microphone un-
der test at realistic close-talking distances.

I have applied the corrections for source, preamp loading,
and proximity effect to the sample microphone curve of Fig.
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FISHER INTRODUCES THE
WORLD'S FINEST RECEIVER.

This headline from any other
manufacturer might sound like just so
many words. But, it's by Fisher, the
company that started the high fidelity
industry back in 1937. And the company
who introduced the very first AM/FM
stereo receiver 18 years ago.

In a sense, we've been building the
RS1080 for 40 years . . . researching,
engineering, inventing, and refining our
technology to finally develop what is
surely the world’s finest receiver at any
price.

‘7‘ £ o
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Our RS1080 is rated at an enormous
170 watts per channel, minimum RMS
into 8 chms, from 20 to 20,000Hz with no
more than 0.1% total harmonic
distortion. There is lots of pure, clean
power to give you lots of pure, clean
sound at any listening level. But poweris
only part of why the RS1080 is the
world’s finest.

Tuning. Precise, accurate tuning is a
must for FM listening. And the RS1080
includes 3 separate tuning meters: signal
strength, center-of-channel, and most

Dolby is trademark of Dolby Labs. Inc

IEEE

————

important, a multipath meter with
phase-locked-loop circuitry.

FM Dolby. For the ultimate FM
listening experience, the RS1080 has
built-in, factory calibrated FM Dolby
decoder circuitry. This feature lets you
hear the full dynamic range of Dolby
broadcasted music. Another must if a
receiver is designed to be the world’s
finest.

Other state-of-the-art features and
specifications include 8-gang tuning, 1.7
wV FM sensitivity, plus all the front panel
controls and rear panel input/output jacks
you’ll ever need.

BASS SELECTOR BASS RANGE

A5k, R

N

Bass Extender. A major exclusive
feature of the RS1080 not found in any
other receiver is our bass extender and
bass range level control. At a flip of a
control you can boost bass response up to
12dB at either 45 or 80Hz. Electrically
tuned circuits assure sharp roll-off
characteristics, and a tremendously

*Mfg. suggested retail price.

AmericanRadioHistorv-Com:

noticeable improvement in bass response
without muddying-up the mid range or
increasing hum or rumble. The result is a
truly sensational improvement in sound
quality in your listening room with any
speaker system.

RS-1060, 1080
TUNED BASS EXTENDER
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Sure, maybe some late-comer audio
manufacturers have good receivers on the
market, but at Fisher, we are convinced
that our RS1080, priced at $900*, is the
world’s finest. Look at and listen to the
Fisher 1080. Available at fine audio stores
or department store audio departments.

©1977 Fisher Corporation, 21314 Lassen Street
Chatsworth, California 91311

# FISHER

The first name in high fidelity.



6 with the result in Fig. 7. Only the axial response is shown.
The (M) response at low frequencies is essentially flat as
shown, for plane wave or distant sources. “M’’ response is
intended for (Music) sources more than 2 feet distant. For
close up (voice) the V1 and V2 equalizers compensate for
proximity effect.

Directional Pattern

The familiar polar pattern is measured at a single frequen-
cy by rotating the microphone and recording on a circular
chart. The alternative is to draw frequency response curves
at selected angles, such as Fig. 6. This method is easier and
emphasizes the importance of uniform frequency response
versus engle.

The microphone may be rotated in the horizontal or verti-
cal plane. The horizontal plane is generally selected because
of the obvious symmetry of a round diaphragm. The larger
the diaphragm, the more high frequency rolloff occurrs off-

Fig. 4—Small sound source and SPX.

axis. If you have a ribbon 0.060 x 1.0 inch and a 1.0 inch
diameter diaphragm, the off-axis response of the ribbon will
have much less high frequency loss in the horizontal plane.
But in the vertical plane where the “diaphragms’’ are similar
in dimension, each will have a similar loss. Microphones
with physical assymmetry should be tested for both horizon-
tal and vertical directivity. The horizontal pattern is, in most
applications, more important than the vertical.

We will use the response versus angle test method in all of
our tests. It is not too difficult to translate this mentally into a
polar pattern. Look at our example in Fig. 6, in the 500 Hz
frequency range, the 0° or front response is the reference and
through symmetry, is identical to the 270° response. The 180°
response is more than 15 dB down, which is a null or zero
response for practical purposes. This is a tricky example:
Your mental polar pattern is not a cardioid because the 90°
response is more than 6 dB down. It is not a super-cardioid

because no rear lobe has developed to accompany the in-
creased “sharpness” of the frontal pattern. It turns out that
this is the so-called ""uniaxial” characteristic described in a
patent by Dr. H.F. Olson. This characterisic provides more
reduction of reverberation or noise than a cardioid or su-
per-cardioid.

Using the same mental process, note how the polar pat-
tern becomes poorer than a cardioid at 3000 Hz. Variation of
directional pattern with frequency is undesirable and is of-
ten observed at high frequencies. Good discrimination at
low frequencies is relatively more important. The sound ab-
sorption of rooms usually increases with frequency, so that
the undesired reverberation and noise are much more in-
tense at lower frequencies.

Impedance Test

The very simple test arrangement of Fig. 10 was used for
many years at RCA in the manufacture of ribbon micro-
phones. The a.c. current is generally 10 microamperes, which
will not harm any type of microphone. The current remains
constant so that
V=I1Z=10"37
Voltage is the analog of impedance. When Z equals 1000
ohms, V equals 0.01 volts. If Z is 150 ohms, V is 0.0015 volts.
By varying the frequency, the curve of Fig. 7 is obtained. The
BK-5B has large magnets, and at low frequencies the exag-
gerated peak is entirely related to ribbon motional imped-
ance. The curve does not settle down to the nominal 250
ohm value until 5000 Hz! The impedance in this region is at-
tributable to the d.c. resistance of the ribbon (multiplied by
a transformer). Before you get upset, recall that micro-
phones should work into unloaded inputs. The “/Cal’’ curve
of Fig. 7 shows rather negligible loading even with a mis-
match in nominal impedances. This test uses a broadcast
preamp, but | obtain equally good results with a Revox
recorder and Shure line transformers.

Omnidirectional dynamic microphones generally have a
flat impedance curve, and a response doesn’t vary with (re-
sistive) loading. A matched load may be used. These remarks
also apply to a condenser or any microphone having built-in
electronics.

Cardioid dynamics will have an impedance curve similar
to the ribbon type, with the resonant peak generally higher
in frequency and lower in amplitude. The resonance corre-
sponds to the low acoustical cutoff frequency of either dy-
namic or ribbon directional microphones.

Phasing

Correct phasing of microphones is of obvious im-
portance. Phase reversals when using similar microphones
generally result from user error. If you mix up types, then
you should rely on the manufacturer’s data for correct cor-
rections.

All microphones should conform to EIA RS-221 but some
do not. The standard does not mention 3-pin XL-type con-
nectors except to require that the plus terminal be marked
with ared dot or stripe, but | have never observed this mark-
ing on any microphone. The standard also requires the red
(or non-black) cable conductor to be a plus, with positive
sound pressure.

The test methods suggested in RS-221 are not practical,
though I have found the EMT Polarity Tester to be accurate
and easy to use. Its operation is shown in Fig. 10. The de-
tector reacts to the polarity of the pulse leading edge.

Hum Sensitivity
In the 1950s an RCA study of broadcast studios revealed
that 1 milligauss was a reasonable number for the flux density
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= gyper’ FM tuners are usually priced from $1000 up.
Sansui’s new model TU-9900 tuner,at

(under) $450° matches (their) performance...,

at least in the most important respects’.

Julian Hirsch, Hirsch/Houck Laboratorias

These are excerpts from the Julian Hirsch
t=st report on Sansui's new Model 1U-9900 as it ap
peared in Popular Electronics, January 197/,

"The Model TU-9900 ... is an ideal mate for
the highest quality amplifiers and speaker systerns
... |It is| esthetically impressive ..... The S/N at 65 dBf
(10001 V) was 74 dB in mono and 71.5 dB in stereo
while distortion measured an incredible 0.021% and
.052% respectively. (These figures ... leave no
coubt that the tuner has stretched the capabilities of
our test equipment to ifs limits) ... image rejection
was unmeasurable, exceeding the 100 dB range of
our test equipment ... Stereo channel separation
was almost as unbelievable as the distortion figures,
exceeding 60 dB from 60— 600 Hz ..... The alternate

ohE e SANSUI ELECTRONICS CORP.
: Woodside. New York 11377 - Gardena, Calitornia 90247
Se SANSUI ELECTRIC CO., LTD., Tokyo. Japan

TU-9900 Sansut

channel selectivity [narrow nmode was unmeasura-
ble (greater than 100 dBi and the adjacent-channel
selectivity of 17 dB was cne of the best we have
ever measured on a tunar ..

‘Clearly, the Sansui Model TU-@900 tuner is
a very superior performer ... land| any untfoward
sounds heard via this funer originate from the FM
station ..... In sum, this separats tunar excels in virtually
every area of FM performance ... t's a fap value unit.”

Visit your nearest Sansul franchised dealer
today for a demonstration of the TU-9900 or any of the
other models in Sansui’s imprassive line of amplifiers
and matched tuners, the AUZTU sefies.

A whole new world of beautiful music.

AM/FM Stereo Tuner

i EEENN
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SANSUI AUDIQ EUROPE S.A., Antwerp, Belgium - in Canada: Electronic Distributors
= Approximate nationally advertised vahse. The actual relail price wil be s61 by he Indvicual dealer Ot his ootion.

Enter No. 26 on Roader Service Card
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Fig. 5—Calibration of small sound source.

of an ambient 60 Hz magnetic field. Since then, broadcast
and professional grade microphones have published Hum
Sensitivity Ratings. This rating is the same as Power Sensi-
tivity, except an input of 1 milligauss 60 Hz is specified. The
rating should be comparable to the equivalent noise input
of the preamp. A low noise preamp would have a rating of
-125 to -130 dBm for 15 kHz bandwidth. The microphone
thermal noise is on the order of -132 dBm, and studio micro-
phones should have -125 to -135 dBm hum sensitivity. Lava-
lier or hand-held microphones should be -115 to -120 dBm.

| find that microphones for non-professional applications
may not have a rating, so | feel that a quantitative test is a
waste of time. | will make subjective comparisons with a mi-
crophone | know to be good (BK-5B, -130 dBm), using a
hum field of approximately 1 gauss. Any microphone that
appears to have high hum will be so indicated. This would
be an important consideration only if you plan to use the
microphone for distant speech or classical music, or for any
application in a high hum field.

Wind and “Pop”’ Sensitivity
There is much confusion concerning these phenomena.
To begin with, I shall quote Dr. Harry Olson, who said to me
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Fig. 6—Chart record of test—BK-5B.
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Fig. 7—*Cal” and impedance curves.

on more than one occasion that “wind sensitivity is propor-
tional to microphone sensitivity.” This means that wind sen-
sitivity, with other things equal, is not a function of the type
of transducer element. There is subjective appeal in believ-
ing that a fragile ribbon, for instance, is more wind sensitive
than a plastic diaphragm. Not so! | have observed high wind
sensitivity in microphones of all types. Wind sensitivity is re-
lated to the performance of the microphone screens, grilles,
and case. A good aerodynamic shape, such as a sphere on
the end of a cylinder, encourages non-turbulent flow of air
which results in low wind noise. | have also encountered a
misconception regarding the mode of noise generation, the
sound of wind flowing around trees or houses is not the
noise with which we are concerned. That is ordinary air-
borne sound. Wind noise is generated at the microphone by
a steady or ““d.c.” flow of air (or at least it was before you in-
troduced the microphone.) “Pop” noise is closely related,
but it is noise generated at the microphone by a pulse of air
from the talker, usually a “p” sound.

In addition to a good aerodynamic shape, a microphone
needs wind protection in the form of layers of cloth or
open-cell acoustical foam and the wind screen should be as
large as possible. A small diameter foam screen is often as
effective as a large cloth covered screen. Objective tests of
wind sensitivity are difficult. Usually you must swing the mi-
crophone in a circle at the end of a boom. Blowers are not
suitable because they are not quiet. | have seen a small, easy
to use, “pop” generator at one laboratory, but none of
these methods is "standard.”

[tis quite easy to subjectively rate microphones for “pop”’
by reciting “Peter Piper picked...” at close range. "“Low"’
noise is evidenced by the non-existence of “pop.” “High"’
noise causes loss of speech intelligibility and is very ob-
jectionable. “Medium’’ is somewhere in between. Although
a performance standard is not really needed, | usually refer
to the BK-5B as a standard as it has low wind sensitivity and
an integral blast filter (which resists gun shots) plus a large
accessory windscreen.

Vibration Sensitivity

Unlike wind noise, vibration sensitivity is primarily related
to the mass, and the noise is generated by motion of the
case relative to the moving system. A massive diaphragm,
such as found in dynamic cardioid microphones, will tend to
stand still while the case vibrates, generating high noise. A
lightweight ribbon will tend to vibrate with the case, gener-
ating low noise.

A secondary mode found in certain microphones involves
a bell-like “ringing”” of the case or housing. This is gener-
ated differently. The vibration case generates airborne
sound, which is picked up as ordinary sound by the trans-
ducer element. “Ringing” can be quite severe in die cast
aluminum housings. In this instance, vibration sensitivity is,
like wind noise, proportional to microphone sensitivity. Ob-
viously all types of transducers will pickup the ringing sound
equally.

The mass-related or “seismic’ type vibration noise can be
reduced by cushioning the transducer within the case. The
"“bell” noise cannot be reduced by cushioning. This noise
can be reduced by “detuning,” adding mass or stiffness to
the case or by adding viscous, damping material to the case.
“Detuning” usually involves expensive tooling changes and
is rarely considered. Damping is less expensive and is often a
by-product of materials such as silicone compounds used to
secure transformers or other parts inside the case.

Vibration sensitivity is another peripheral item where ob-
jective testing can be complex and no standards exist. | will
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We're the other fine response,
high performance ===

Microphone. E
The one that costs less! ’

TYPICAL RESPONSE - FREQUENCY CHARACTERISTICS
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Competition
Astatic 950HS “Published Response
List Price: $110.00 List Price: $135.00 & Up

Now there is another fine response, high performance
microphore you can buy at a lower cost! Astatic’s Music
Mike. . Professional aesthetics and acoustic characteristics
for the most demanding performer. Attractive design with
brushed satin chrome finish.

The Music Mike comes in two basic models. One has a
contoured response for the discreet listener, providing

crisp sound that every artist will appreciate. A second

model offers a flat response for the independent entertainer
who prefers natural sound. Both cardioid mikes come with
high and low impedence versions, each complete with
switch and easy-on swivel stand adaptor. Packaging
includes a modern plastic carrying case.

Astatic’'s Music Mike. Why buy any other
microphone when quality and style

are available now at a

lower cost.

High impedance models 950KS (Contoured rasponse)
952HS (Flat response)

List Price $110.00

Low impedance models 950LS (Contoured rssponse)
952LS (Flat response)

List >rice $300.00

)

£\ Imagination in communications

THE ASTATIC CORPORATION

CONNEAUT, OHIO 44030 (216) 593-1111

IN CANADA:
1820 Ellesmere Road, Scarborougt. Ontario M1H 2VE. {416) 4386384

Enter No. 2 on Reader Service Card
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Fig. 8—Inverse of proximity effect.

therefore perform a subjective test, comparing the test unit
to the BK-5B as a standard; | have never tested a micro-
phone with lower vibration sensitivity than the BK-5B.

Distortion

I recall from studies by Olson that dynamic or ribbon mi-
crophones have low distortion levels well up past the over-
load of any known preamp. The margin is such that a 10 or
20 dB attenuator on the microphone does not change this
conclusion. Microphones incorporating electronic ampli-
fiers, such as condensers, have a clipping level that is fre-
quently below preamp overload, depending on gain factors.
The only way to generate the required pure tones at 110 to
130 dB SPL is with a resonant pipe. This is not worth the ef-
fort, because the voice can generate peaks up to 130 dB at
close distance. Peak clipping is easily observed on a scope.
Knowing the acoustic sensitivity, the clipping SPL can be cal-
culated. If your application is rock music, then a clipping
(peak) level of 130 dB is desirable. For classical music, 120 dB
is satisfactory.

Biomechanics

This is, | believe, a new term which refers to human fac-
tors involved in the physical operation of tools or machines.
Itis currently being applied as a science by Ingersoll-Rand in
design of hand tools, and they have published some results
which can be applied to microphone evaluation. These con-
cern the motions and positions of the fingers, hand, wrist,
and arms. Microphones that ““feel” awkward to use proba-
bly violate some of the rules of biomechanics. As an ex-
ample, the fork mount on our favorite BK-5B microphone is
so awkward to use that it will be our standard for “poor”
biomechanics. Microphones that are easy to use and have a
good “feel factor” will be rated “good.” The “fair” rating
will apply to others.

Fig. 9—Frequency response of BK-5B.
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Listening Test—Audio Quality

Listening tests of microphones are best performed by
making an A-B test, comparing the unit on test to a refer-
ence microphone. The reference microphone, theoretical-
ly, is an arbitrary choice, but I will choose a high quality unit
of similar type that is familiar to me. (A comparison of an
omnidirectional to a cardioid type is not valid, for instance.)
You may object to my choice of an RCA broadcast micro-
phone, for example. There might be a large difference in
price, it is sold primarily to broadcast stations and practically
impossible for an audiophile to obtain. However, if | choose
a well-known microphone, my experience is that if the test
unit is rated poorer than the reference, people will con-
clude I am “’selling” the reference microphone. | can more
easily maintain an unbiased posture by choice of a reference
that is not generally available to the market. If | always use
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Fig. 10—Impedance and phasing test.
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the same reference, the ratings between microphones can
be accurately compared, just the same as hum, wind, and vi-
bration ratings.

Quality and Durability

This is the most subjective rating. You must rely on my
judgment as an expert. The “standards” will be existing sam-
ples or mental images of microphones tested in the past. If |
suspect fragility, | may drop the microphone or pull on the
cord. Ratings of poor, fair, and good will be assigned.

Conclusion

I have described how we will test microphones and how
to interpret our ratings. Sufficient tutorial material is includ-
ed to enable the audiophile to sort out the many perform-
ance factors and make a more intelligent choice of a micro-
phone for a particular application. The increasing sophis-
tication, cost, and complexity of home audio equipment will
result in wider use of professional grade microphones. The
user will therefore require more knowledge and technical
information about microphones, and we hope that such ar-
ticles and tests as these will provide such knowledge. 4
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(High Fidelity magazine commentin on the new Ohm C2)

“The sound of the C2 resembles that of a much larger system,
in dynamic range as well as bass output...the system does
phenomenally well at 80 Hz, reaching 100 dB SPL (Sound
Pressure Level) with distortion quite low.

~...the low frequency output falls away between 30 and 40
Hz — just where Ohm claims it will.
...Located on a shelf and at least two feet from the corners of
the room, the speakers produce a sound that is clear and
well detailed — and if you like it that way — loud.
... Surely, all things considered,
the design of the Ohm C2
represents a fine achievement. ..
With classical music its
performance is adequate
with something to spare.
And with popular music — wow!”
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MANUFACTURER’S SPECIFICATIONS

Tuner Section

Usable Sensitivity: 1.0 4V (5.2 dBf) in
mono, somewhat poorer in stereo.
50-dB Quieting Sensitivity: Variable
(depending upon climatic condi-
tions).

Ultimate S/N Ratio: Mono, 103 dB
(A+B+C+ CCIR weighting); Stereo,
considerably noisier.

THD: Mono, variable (depending
upon setting of fuzz and rasp controls,
but generally under 10 per cent.);

AM Suppression: Infinite, you dum-
my, this is an FM-only set!

Stereo Separation: C. 10 feet (in an-
echoic chamber).

Amplifier Section

Power output: 5 FTC watts per chan-
nel (100 W measured by the Lirpa
ears-only method when coupled to
our ribbon-microphone speaker sys-
tem) into shorted loads, from 800 Hz
to 1200 Hz at not really much more
than 0.0003 per cent harmonic dis-
tortion.

Hum: Some.

Noise: Depends upon room conver-
sation level.

Frequency Response: Flat from -15 Hz
{(when fed with out-of-phase signals)
to -40,000 Hz, within 3 DBFWMVS.

General Specifications

Power Consumption: 50 watts (less pi-
lot lamp); 150 watts (pilot lamp in-
cluded).

Suggested, Nationally Advertised, re-
tail, non-listed, hoped for price (at
option of dealer, of course): What-

Stereo, who wants to know?

ever the traffic will bear.

It may seem odd to readers of Audio magazine that | have
been asked to test and report on a product which | designed
myself, but | know of no one more qualified to describe the
design features of my Lirpa | receiver, with the possible ex-
ception of my two colleagues, Mr. I. M. Toidi—who will rep-
resent the East Coast Sound fans—and Mr. U. R. Dennoc
who will analyze the performance of the unit from the West
Coast and Southern point of view. There is the added ad-
vantage too, that since the three samples which we used in
this evaluation were prototypes from my lab (which pro-
vides, among other things, an averaging effect on results ob-
tained), the factory will have had no opportunity io tweak
up the sets for improved performance or unrealizable speci-
fications—if I make myself clear.

Let us examine the front panel of the Lirpa 1. As you can
see, we have solved the problem of inadequate dial scale
length by incorporating an attractive wood-grain finished
scale which measures nearly a half yard in length and pro-

jects beyond the right end of the receiver proper. Should
the FCC decide in the future to narrow channel width from
its present 200 kHz to 100 kHz, 50 kHz, or even 10 kHz, this
dial scale is sufficiently extended to permit precise tuning.
Furthermore, if, in the future, a TV channel were to be
added, displacing the upper end of the FM dial, you need
simply cut off the end of the dial with a sharp hack-saw.

As readers are aware, |, as well as several other golden-
eared audio experts, have long feit that laboratory measure-
ments on hi-fi equipment are meaningless. After all, if the
good Lord had wanted us to measure sounds on instru-
ments, we would all have been born with oscilloscopes
where our eyes are and a distortion analyzer somewhere
else. Thus, while Audio magazine insisted on publishing the
specs shown above and while we present some graphs in
this report, the real essence of this unique product can be
best appreciated only by carefully examining its front panel,
its rear panel and—if you will forgive the expression—its
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guts! Also, you can listen to the product if you feel that you
are as qualified to judge audible performance as | and my
associates are.

In any case, at the left of the panel are three push-buttons
which may be depressed (singly or together) for glassy,
brittle, or hot sound. Depressing all three at once yields a
hot-brittle-glassy sound, unless the thermal protection cir-
cuit goes first.

Major controls along the left bottom of the panel include
rotary knobs which adjust the degree of raspiness, gutsiness,
edginess, muddiness, and fuzziness of the reproduced
sound. Depending upon the setting of these controls, a
series of lights above the left end of the dial scale indicate
type of sound achieved. While the abbreviations should be
obvious to any true audiophile, for the benefit of the neo-
phytes we must explain that WC is West Coast, EC stands for
East Coast, NE is Northeast, and if you haven’t figured out
the others by now, this product is simply too sophisticated
for you. The height and width control slides to the right of
the fuzz control are really unrelated to the receiver but are
useful if you decide to turn the set off and watch TV instead.

Two rows of push buttons adjacent to the volume control
at the lower left take care of all program sources. The spell-
ing of “base” on the lower right-most of these buttons is not
a production error. When this button is depressed along
with the “acid” button, sound is effectively neutralized. This
feature beats the new audio muting controls found on some
receivers by a mile.

You may have noticed that although there are several in-
dicator areas on the face of the front panel, none of these is,
in fact, illuminated in the photo of the front panel. This is
not because the unit was not plugged in. it was, via our
heavy duty power cord, but we decided that instead of wast-
ing so many individual pilot lamps to light the indicators, a
single, 100 watt bulb would do nicely and would also illumi-
nate the entire listening room to exactly the right intensity
for serious listening.

The rear panel is distinguished by its antenna input and its
two outputs. Since all good receivers should have at least
one control which is non user-adjustable, a small hole in the
rear panel is provided for gaining access to this special non-
adjustable control.

Internal Construction and Features

As you can see from the internal view of the Lipra |, a
power reservoir is located just in front of the all-in-one pilot
lamp. It is designed to permit a powerful flow of all the elec-
trons you will ever need via the coiled tube just to the right.
Care should be taken to keep the set in an upright position,
however, as electron flow is, in part, regulated by gravity. The
coiled spring, just to the right of the row of vacuum tubes,
uncoils at predetermined periods and causes a small mallet
to strike the side of the nearest adjacent tube. This provides
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that well known “tube sound” for which this receiver is
gaining an enviable reputation.

The entire front end of the tuner section is free-floating
which gives the FM sound that “ethereal” or airy quality.
Instead of FETs, we used much more musical FRETs. A spe-
cially selected MOSSY-FRET is used in the first stage to pro-
vide that soft, green sound so many of us like so much. A
block diagram of the entire circuitry is shown in Fig. 1 and
should be read from front to back in a downward direction
unless you believe the current flows from positive to nega-
tive. | had wanted to publish the complete schematic of the
receiver, but even if reduced in size for minimum legibility,
it would occupy an area of 1270 m by 932 m—a bit too large
to fit on these pages.

Measurement Results

Very good. If, as we said earlier, you insist upon knowing
more about laboratory measurements, you may consult Figs.
2,3, 4,5 & 6. As for Mr. Toidi, Mr. Dennoc and myself, we
prefer at this point to discuss the listenability of the receiver.

A Word About My Colleagues

As many of you know, my design headquarters are lo-
cated in the mid-West, while Mr. Toidi’s listening rooms are
set up just off Route 128, in the Boston area and Mr. Dennoc
operates—or rather listens—in Texas. Despite my own pre-
dilection for mid-West sound, | have deliberately avoided
adding a “‘graininess” control to this particular product
since there is already a surplus of grain where | come from.

In order to be fair to every product we test, my associates
and | seldom talk to each other—as will be evident when
you read their comments along with mine. We all use differ-
ent loudspeaker systems for listening purposes. The dimen-
sions of my listening room are 6 x 4 x 5 x 3 feet so | am neces-
sarily confined to using rather small speakers for all my tests.
Mr. Toidi (the last | heard) continues to favor a pair of ultra-
high efficiency ““Heretic”” bi-focal, uni-omni-directional sys-
tems in his oversized barn-like listening room which mea-
sures 50 x 30 x 83 feet high, while Mr. Dennoc uses head-
phones primarily, preferring the acoustics of his inner ears,
though occasionally he will fire up his Bazoom 4000s from
Rabid Audiophile Systems, a highly efficient system capable
of 210 dB SPL at 1500 meters with a 0.1 watt input.

First my own listening experiences. All controls were at
first set absolutely flat. After a few moments of listening, |
discovered that the entire receiver was on an inclined sur-
face and had to compensate the control settings accord-
ingly. The FM section of the Lirpa | proved to be more sensi-
tive than | had thought. Stations were received at every
1/16th inch-mark on the dial, but some signals had a definite
woody quality to them. After carefully synchronizing the
PH 1and PH 2inputs, | was able to compare my two favorite
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Fig. 1T—Complete diagram of the Lirpa I.

cartridges without an A-B switch, since both played the
same material simultaneously (at least two identical records
are necessary for this test). | must confess that despite my
best efforts during the design of this product, | could hear
TIM. That is probably because my son (whose full name is
Timothy) was just outside the listening room door (he thor-
oughly enjoys bass below 200 Hz and has no use for treble at
all—hence his favored listening position outside the listen-
ing room). Best results in my listening room were obtained
with the Guts control set to a quarter past three, the Edge
control at MAX and the Mud control at three and one half
minutes after eight. Only once, during my entire listening
tests (which extended well into next month), did the gener-
al-purpose light-bulb indicator lamp flicker—as if to warn
me that the music I had selected was not suitable for the
equipment. (This is a feature about which | have said and
can say very little as there are still three patents pending in
Outer Mongolia.)

After several glorious hours of enraptured listening, | de-
cided that the Dub and Splice indicators on the front panel
really don’t belong there at all but are left over designations
from the front panel of an Emcaset tape system | hope to re-

lease next year. (For those interested in the derivation of the
word Emcaset, | originally called it a monster-cassette—it
uses two inch wide tape travelling at 130 ips and has one au-
dio track and eight control tracks—but | soon abbreviated
that to M-Cassette which later became Emcaset.) Anyway, to
get back to the listening tests, | can only say, in summation,
that the Lirpa | did more for my listening pleasure than even
| had expected. Talk about transparency of sound! Sudden-
ly, I could see right through and past the speakers—all the
way into my bedroom, in fact, which faces my listening
room. Overall frequency response, according to my ears at
least, was definitely responsive, while dynamic range
was—how shall I say it—very dynamic and certainly very ran-
gy. In conclusion, | would say that the Lirpa | will remain
my standard of comparison for all future listening tests—at
least until it is superseded by the Lirpa Il which is currently
in its last design stages.

Mr. I. M. Toidi Reports

In my opinion, Professor Lirpa has finally done it. While |
cannot fully agree with his control settings nor with his im-
pressions regarding the transparency of the sound he heard,
nor with the layout of the controls, nor with the placement
of the power reservoir, pilot lamp or choice of circuitry, in
all other respects | believe he has done an outstanding job.
In my view, the tuning knob of the receiver is slightly off-
pitch, but this may be due to a Doppler effect because | gen-
erally like to run around the room at a fast pace whenever |
evaluate a new piece of equipment. | find that doing this
helps to integrate the sound or average it in a much better
way than would be possible if | used test equipment to mea-
sure a thousand or more points in space in the room. In this
manner, any standing waves are left standing, since | move
too quickly to hear them. Considering the large size of my
own listening room, the fact that my antenna faces straight
out over the Atlantic and that one of its wires is broken, and
taking into the account the fact that one of my speakers is
known to have a defective mid-range driver (I have tempo-
rarily installed a light-weight Japanese fan in place of its
cone and find that air motion at these frequencies is just as
smooth and is also devoid of those bothersome ripples), |
would say that the sound heard from the Lipra I, while cer-
tainly not definitive in every sense of the word, was totally
recognizable as music—and then some. I’'m not prepared to
make a final judgment at this time, simply because three
months is not enough time in which to completely evaluate
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Fig. 2—FM quieting and distortion characteristics.
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ig one!

1757 illustrated pages of

detailed audio reference for

the working technician...the
student. ..the hi-fi buff!

Here’s a comprehensive volume espe-

cially designed for the man or woman

who has an understanding of electronics
and an interest in audio technology.

The Audio Cyclopedia is the most author-
itative reference book ever published on
this subject. It includes every phase of audio
technology—plus the latest information on
solid-state and integrated circuits.

25 informative chapters...
convenient format so you find what
you’re looking for... quickly... easily!

Each of the big, information-filled chapters
covers in depth one of the major areas of audio
electronics. You’ll find anything you could
want to know about everything—amplifiers,
acoustics, meters, transformers, coils, transis-
tors, diodes, filters . . . plus much, much more!

All information is presented in easy-to-

Get yourselfthe

a understand,question-and-answer format. For

\,?Qi& 2 “instant find,” there’s a unique index and refer-

ok # ence system so the
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Dictionary of ELECTRONICS!
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plete reference
library today

the latest happenings in the ever- . N ; Sl 'for 00
changing field of electronics. et A S just $34
Modern Dictionary of Electronics ELECTRONICS

gives you clear, concise defini-
tions of 18,500 terms commonly
in use today in the fields of com-
munications, microelectronics,
fiberoptics, semiconductors,
reliability, computers and
medical electronics.

It’s yours for only $14.50
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MAIL TODAY FOR 15-DAY FREE TRIAL .
YES — send me the book(s) checked below to exam- /
ine for 15 days free. If not completely satisfied, I may
return my order and owe absolutely nothing. Other-
wise, I will pay the amount on the invoice accompany-

ing my book(s), including shipping and handling. i

For more
audio infor-
mation...
Take one

or more of
these handy
paperback
guides.
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Onkyo-A step ahead

State-of-the-Art is for everyone else. Onkyo design and construction is for tomorrow. Today.

We don't just claim innovation, quality and value. We prove it when independent test laboratories
publish their unbiased reports in your favorite audio magazines.

Of our TX-4500, one test report said, ...one of the finest receivers available today af any price.’

Of our TX-2500, another said, "...sounds a good deal better than the data suggest —and better than
cre has aright to expect at $300’

If the data don't suggest the total quality, it may be we're too cautious in our claims. But, we have
ather equipment too new to have been reported on as yet. All are built to the same exacting standards,
featuring exclusive Onkyo advances. We'll try to be a bit less modest as we tell about:

Quartz-Locked Tuning —This is the tuning system of which the most famous testing lab said,
...a new system that completely eliminates tuning errors in FM reception:' This is done by using a quartz
crystal oscillator which takes advantage of the unique capability of precisely ground quartz to maintain
a fixed frequency.

The Quartz-locked circuitry compares the tuner's IF frequency with the frequency generated in the
Guartz-locked oscillator, continually compensating for frequency differences that would cause distortion
or poor reception, and additionally compensating the FM tuning meter at the same time.

Servo-Locked Tuning —An economy version of the Quartz-Locked system with similar character-
istics in a different configuration. While essentially an automatic frequency control circuit, Servo-Lock is
more sophisticated in design and performance and in actual lab tests has held stations for at least 24
hours without perceptible drift.

Quartz-Locked AM/FM Stereo Receiver

TX-8500 - Power output 110 watts per channel, minimum RMS
ot 8 ohms, both channels driven from 20 Hz to 20 kHz with no
mo-e than 0.1% Total Harmonic Distortion.

Cirect coupled cifferential pure complementary main arplifier
wit1 ultra wide frequency response, 2 Hz to 60 kHz * | dB at i 5 2 e
ma n amp. Total Harmonic Distortion less than 0.1% at rated out- [Tl £32C) Y nnoon (N ococee
put: 0.08% at 1 watt output. Rated FM sensitivity 1.7 1V (mono),
4 18V (stereo). 50 dB quieting sensitivity 3 pV (mono), 35 uV
(stereo). Image rejection ratio 83 dB; alternate channel s=lectiv-
ity 70 dB: IF reject.on rafio 100 dB. S/N ratio 70 dB (mono®, 65 dB
(stereo).

TX-4500 - Power output 55 watts per channel, minimum RMS
at € ohms, both channels driven from 20 Hz to 20 kHz with no

mare than 0.1% Total Harmonic Distortion. e — " =
Direct coupled ditterential complementary main amplitier with LI IR DU LI 50 0 /

ultra wide frequency response, 2 Hzto 80 kHz 1 dB at main amp. - =ML o A e N s

Rated FM sensitivity 1.8 uV (stereo). Image rejection and alternate

at 1 watt output.

Servo-Locked AM/FM Stereo Receivers

TX-2500 —Power output 27 watts per channel, minimum RMS
at & ohms, both channels driven from 40 Hz to 20 kHz with no
more than 0.5% To*al Harmonic Distortion.

Direct coupled differential main amplifier with frequency re-

channel selectivity 70 dB. IM distortion 0.3% at rated powe~; 0.1% « 7 13/ ” s XaXaXa) "‘\ ornna B ‘

sponse of 2 Hz to 60 kHz " 1 dB. Total Harmonic Distortion no x
more than 0.5% af rated output; 0.2% at 1 watt output. M dis- - | M B e wwmn owm
tort on 0.5% at rated power; 0.3% at 1 watt output. Usab e sen- S B M I il 1

sitivity in FM, 2 1tV (mono), 5 1V (stereo). Image rejection 45 dB;
alsernate channel attentuation 60 dB; S/N 65 dB {mono), 60 dB
(stereo). IF rejection 80 dB.

TX-1500 —Power output 15 watts per channel, minimum RMS
at 8 ohms, both channels driven from 20 Hz to 20 kHz with no
more than 0.5% Total Harmonic Distortion.

D rect coupled differential amplifier with overall frequency re-
sponse 20 Hz to 20 kHz = 1 dB.Total Harmonic Distortion ne more
thar 0.5% at ratec power; no more than 0.3% at 1 watt output,
Usabe FM sensitivity 2.3 1V (mono), 5 1V (stereo). 50 dB quiet-
ing sensitivity 4.5 4V (mono), 50 uV (stereo). S/N ratio 65 dB
(mono), 60 dB (stereo). IF rejection 80 dB. Alternate channel
atteuation 60 dB.

All of Onlyo's receivers feature multiple speaker outputs as
well as multiple tape inputs and outputs including tape to tcpe

dukbing. All are built to specification which often exceed their
price ranges with special features, including Phase Locked Loop
M tiplex.




Quartz-Lecked AM/FM Stereo Tuner

For thosz who are satisfiec with their presert amplitier but want
the dist nct beyesits f Quo"z-Lockaftuning, Onkyo offers the
T-9,the only cemponet tuner in the world that has Quertz-Lock.

Inaddition tc the prec sia- tuning opabili-ies of the T-9, it fea-
tures a dual cate MTSFEY/~ gang-variable capacitor t-ont end
with usable semsi-iviy 1.7 i/ 50 dB quieting sensitivity of 3 jiV,

83 B Image rejactionand 73 dB S/N n stereo.

The T 9 uses Phase Locked Loop Multiple< for low distortion,
hick separaticn s*2reo reception. A- 1 kHz, stereo sepcration is
40 dB; ct 100-10,00 =, separation is.35 dB.

Assuringcontin_ous dritt- ree tuning, the FM oscillator circuitry
is hermerically sealed -o pr=vent environmen-al influence on the components.

Cthes specit ccfions inc ude an IFrejectien ratio of 100 dB and AM suppression ratio of 50 dB. In addition to Quartzdocked
tﬁni‘\g and exceptional perfarmance characteristics, the Onkyo T-9 provides a special feature for tape recording directly from
the ~uner.

Kaown as the Tape Feco-d ng Level Check Switch, activation injects a 440 Hz tone to set recording level through tae tap= deck.
Mocula-ion of the incaming FM signa is reduced to 50%, preventing overloading and distortion. OnEyo's T-9 provides some of the
cleanest tape r=cord ng ocssible.

Salid State Integrated Ampiifiers

Having the only Qucr-z-lacked Tunet in coptivity, Onkyo felt the
need t> provide amzlifiess capable of delivering the same
quclity. There are at zresert, two cmplifiers in this series.. . A-5
arc A-7. Bothhhave beer cesignez for thzir power handling
quclity, featuring reserve scwer for cptimum sound reproduction
with aksolute » m ni-rum distortion.

Because of this bes ¢, vary low distortion design, these ampli-
fiers require exczpt cnally muscular and stable power supplies
with mare powe= tken needed for mormal operation, and a lot
avdilode when reeded fer seak demaonds. “hese needs are met
through massive trasfarmers and crersized electrolytic capacitors. Thus, an extremely stable power supply is assured for hours
of ontinuous opera“ion. Fusther, sp=cially selected power transistors are moun=ed in oversized heat sinks and the entire unit is
enc osed in a mose than ample cabinzt which allows for the flow of cooling air.

A final Onkyo “oust for cieor, clean highs and deep-down lows is design approach and construction that approaches the theo-
retizal zero po nt ir equivalent serie< resistcnce (ESR).Through circuitry whicﬁ uses copper plates instead of wires zalled the bus
feeder ground system cnd Lnusuallpheavy Jauge wiring to the power transformer the overall frequency response is greatly en-
harced Because of these ard other sonsidesations the fallowing ratings are estcblished-conservatively:

A-5 - Power ostput of 45 wctts per channel, minimum RMS into 8 ohms, both chaanels driven, from 20 Hz to 20 kHz with ro more
tha1 o. % Tota Harmcnic Distortion.

Gnky 0 avoics the primery, distortion found in solid state amplifiers with Class A, push-pull driver stage differen-ial diract cou-
pled, pure complemen-a-y circu try. Tke A-5 delivers exceptional frecuency response of 2 Hz to 70 kHz " 1dB,
wita system scuare wave “esponse s1owing less than 5% tilt at 50 Hz. S/N ratio is extraordinary ot 110 dB (IHF A Natwork ).

Features inc uce t oo Phono inputsard two tape monitors and dubbing, as well as tone controls and deteat, muting and a sub-
sonic fi ter plus teansiznt kil er circui ry.

A-? -Fower cutpu- 35 wctts per channel, minimum RMS at
8 ohms both canels drizen, from 20 Hz to 20 kHz, with no more
tha1 0. % Tota Harmenic Distortion.

Cnkyos A-7 irtecrated cmplifier also uzes o Class A driver
stage citterenticd d ract-ccupled pu-e comalementary circuitry.
The A-7 frequency ~egponseis 2 Hz 1o 80 kHe * 1 dB wi-h square
wa~e rasponse siow ng kess than 5% tilt ¢t 50 Hz. At no point
does the A-T exce=d J.1% Tota Harmonic Distartion at
rated power, and at 1 wat- cutput, To-al Harmonic Distortion is as
lown as 3.08%.

la th2 ampl fier sectior #he phona equaizers are based on Class A, ditferantial push-pull circuitry with exceptionally low
ncise characteridics. 2.9., the A-7 shows animpressive 3/N ratio of 110 dB.

£ number o speccl fgeatures are ncluded, such as ¢ subsonic filter and a high frequency filter as well as transient killer cir-
cuitry. Steppec tene crtrols are provided with two turnover frequency switches and tone control defeat. Phono averlocd is ex-
ceptiorol at 230 m¥ RME et 1 kHz 0.1% Total Harmonic Distortion, and the RIAA Curve Deviation of ' 2 dB, 3D Hz te 15 kHz
producas superbregraduction of your records.

What does it all mean?

Yclve read a ot of sur claims - undarstated though they may be —and some of the claims made for us. But the kest test is still
ycur own ears And the 01 v way tcwse them is at your local Onkyo dealer. if vou want more information, including reprints of
ind2pe~dent t=s- reoarts ..or the ncme of your nearest Onkyo dealer, drop us a line. After all, a thirteen cents stamg is a lot
better -han guzsawcrs«.

e QN YO

Eostern Office: 42-27 20t Ave., Longlsland City. N.Y. 11105, 212 728-4639 Midwest Office: 935 Sivert Drive, Wood Dale, 11l. 60191, 312595-2970
Canada: Sol2 Distributor, Tri-Tel Associates Ltd., Willowdale, Ontario M2H 255
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Fig. 3—Separation and distortion vs. frequency.

a set of this complexity. | shall have further comments to
make in a future issue. In the meantime—keep wondering!

Mr. U. R. Dennoc Reports

| basically had one problem with the unit. Since | prefer to
do all my listening via headphones, | was at a loss here be-
cause | could not find a stereo headphone jack on the front
panel. Only after carefully reading the owner’s manual (still
in rough draft form) did I realize that the phones must be
connected to the speaker output jacks. MY INITIAL REAC-
TION THEN, IS THAT THE SET PLAYS TOO LOUDLY!!!! But
then, as one leading manufacturer in our beloved industry
has proclaimed for years, Loud Is Beautiful—If It's
Clean’’—and goodness krows, the Lirpa | was as clean as any
set I've owned. One could still detect the brush marks
where final testers had cleaned away the last fragments of
loose solder. That’s what | call clean. From an aesthetic point
of view, the set is flawless. Consider, for a moment, what the
designation on the master volume control says when you
view it in a mirror. It says LOV, that’s what it says—and it’s
clear that Lirpa has put allthe LOV and CAR and other good
things into this design, consistent with its suggested, nation-
ally advertised, retail, non-listed, hoped for price. One
could not ask for more!
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Fig. 4—Harmonic and intermodulation distortion
characteristics.
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EDITOR’S NOTE: In the interest of fairness, we permitted

the designer of the Lirpa |l to have the last word by replying
to the comments of his colleagues after he had an oppor-
tunity to read their remarks. His final comments follow:
“It is obvious that both Mr. Toidi and Mr. Dennoc had
something wrong with their associated equipment when
they tested the Lirpa [. While | respect their views, I suggest
that they borrow another pair of sets from me or, better still,
purchase a pair from their nearest dealers so that there can
be no doubt about anything—and repeat their listening
tests. In fact, it would probably be a good idea if Toidi would
fly down to Texas and listen in Dennoc’s room while Den-
noc travels East and does the same at our Boston location
If after they have repeated their tests they still come to the
same conclusions, it is my intention to place an ad in the
classified section of one of the hi-fi magazines (perhaps
even Audio, if | can get a good rate) which will read about as
follows:

"WANTED: AUDIO TESTERS TO EVALUATE NEW HI-FI
PRODUCTS. NO TEST EQUIPMENT REQUIRED. ONLY
GOLDEN-EARED APPLICANTS NEED APPLY BUT WILL
CONSIDER SILVER-EARED APPLICANTS IF THEY OWN
THEIR OWN SPEAKERS AND TURNTABLE. REPLY TO |I.
LIRPA, P.O.B. 10-4, LAKE CLIFF, NEBRASKA.” Prof. I. Lirpa
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Fig. 6—Real and imaginary response vs. frequency.
Measurement by NLK Electronics, Santa Barbara.
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Dynaco Model SE-10 Equalizer

—
e

MANUFACTURER’S SPECIFICATIONS

Nominal Rated Output: 2.0 volts.

Maximum Output: 8.0 volts.

Equalizer Range: +12 dB at octave intervals, 30 Hz to 15 kHz.
Total Harmonic Distortion: 0.04 per cent.

Intermodulation Distortion: 0.02 per cent.

Frequency Response: 10 Hz to 35 kHz, 1 dB.

Gain: —12 dB to +6 dB (adjustable).

Signal-to-Noise Ratio: 85 dB below 2 volts output.

Output Impedance: 600 ohms.

Input Impedance: 50 kilohms.

Dimensions: 132 in. (34.3 cm) W x 4% in. (10.8 cm) H x 11
in. (27.9 cm) D.

Weight: 10 Ibs. (4.536 kg).

Price: $349.00 (249.00 in kit form).

The graphic or octave equalizer seems destined to be-
come as important a high fidelity component as bass and
treble controls or high and low cut filters. One would have
thought that every facet of the audio equalizer had been ex-
plored by now, but, surprisingly, Dynaco has come up with a
10-octave equalizer that boasts a few features not normally
found on similar products. Like so many other Dynaco prod-
ucts, the SE-10 is available either in kit form or fully wired,
and, judging by the finished product we tested and eval-
uated, the $100.00 incremental difference between the
wired and unwired versions does not seem out of line. Fur-
thermore, as is true of just about every Dynaco product we
have examined in the past, if you elect to wire the unit your-
self from a kit, your chances of coming up with a working
unit that meets or exceeds specifications are very good in-
deed. Wiring and assembly instructions are excellently writ-
ten, and the now well-established step-by-step kit building
techniques which Dynaco and Heath have developed over
the years can be followed by just about anyone who can
wield a pencil-tip soldering iron.

As for the finished product itself, it resembles a great
many other equalizers, in that the most outstanding ele-
ments on the front panel are the 20 slide controls (10 for
each stereo channel) spread across the face of the panel.
Nominal center frequencies listed atop each slide control
are 30 Hz, 60 Hz, 120 Hz, 240 Hz, 480 Hz, 960 Hz, 1.9 kHz, 3.8
kHz, 7.7 kHz, and 15 kHz. The slide controls are smooth-op-
erating, and each slider pair is separately calibrated from
—12to +12 with /0" corresponding ‘o the flat response po-
sition of that control. Click-stop cer:ter positions for each
slider are not provided, making it a bit difficult to establish
exact center of motion unless you face the control head-on.

AUDIO e April 1977

Beneath each bank of 10 controls is a horizontally
mounted overall gain control for that channel which varies
gain of the system from —12dB (with respect to input level)
to +6 dB. A “0" notation near the center of each gain con-
trol’s range indicated the setting for unity gain. Three push-
buttons located at the lower center of the panel handle
tape/source selection (equivalent to having an additional
tape monitor position in your system), equalization/defeat
(whereby equalized reproduction can be instantly com-
pared with unequalized program source sounds), and Line
1/Line 2 selection. With this last switch set to the Line 7 set-
ting, normal operation of the equalizer takes place. But, in
addition, an independent line 2 input/output stereo pair is
available for equalizing a second program. Thus, without
plugging and unplugging cables, you can switch either of
two sources through the equalizer and one of them can be
equalized prior to recording onto your tape deck.

A power On/Off switch and an a.c. power-on indicator
lamp are located at the lower right corner of the front panel.

The rear panel of the Dynaco equalizer contains six pairs
of input and output jacks. The three input pairs include
tape in, line 1 in and line 2 in, while output pairs include
tape out, line 2 out and line 1 out. Two a.c. outlets (one
switched, the other unswitched) are also located on the rear
panel.

Internal Construction and Circuitry

All of the audio components and power supply com-
ponents, with the exception of the power transformer, are
contained on a single large p.c. board. A total of eight inte-
grated circuits, plus four transistors provide an IC-regulated
power supply, independent channel gain control over an 18
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SONUS Blue Label
Phono Cartridge

MANUFACTURER’S SPECIFICATIONS

Frequency Response: 5 Hz to 20 kHz
+1.5dB.

Voltage Output at 1kHz/cm/sec: 0.8
mV +2dB.

Compliance: 50cms/dyne x 10 -5,
Stylus Force Range: 0.75 to 1.25 grams.
Vertical Tracking Angle: 20 degrees nominal.
Channel Balance: 2 dB.

Nominal Channel Separation at
1kHz: 30 dB.

Recommended Load Impedance per
Channel: 47 kilohms resistance in

| parallel with not more than 400 pF.
When used for CD-4, capacitance
should not exceed 250 pF.

Cartridge Weight: 5% grams.

Price: $125.00;

replacement stylus, $62.00.

The SONUS cartridge is available in three models, the
Blue Label, tested here, with a multi-radial stylus; the Red
Label, with a elliptical (bi-radial) stylus, and the Green Label
with a spherical stylus. The choice of stylus determines the
model since all three models utilize a common cartridge
body. Our review is restricted to the Blue Label cartridge
with the multi-radial stylus, which incidently is capable of
playing Quadradisc records.

When we first listened to this cartridge, we were im-
pressed by the sound emanating from our speakers; this ob-
viously wasn’t an average cartridge. During the 10 hours of
listening we normally do prior to measuring a cartridge, we
became acutely aware of the fact that this was an exception-
ally good cartridge. Continued listening convinced us that
Peter E. Pritchard has indeed developed a cartridge that is
superior to all his previous designs.

The SONUS Blue Label certainly ranks among the best
cartridges we have tested for stereo, SQ, QS, CD-4, and UD-
4. The audiophile in search of a cartridge to play all types of
recording formats should seriously consider the SONUS
Blue Label cartridge for this purpose.

Measurements

The manufacturer’s specifications recommend an input
impedance of 47 kohms per channel, paralleled by no more
than 400 pF, and for CD-4 use no more than 250 pF capaci-
tance. We made all of our measurements using a 100-kohm
load and less than 100 pF capacitance, since the Sonus Blue
Label is meant to be used for reproducing CD-4 records. Be-
cause CD-4 demodulators have a 100-kohm load resistor in
each magnetic phono input channel and their recommend-
ed phono cable input capacitance is less than 100 pF, it ap-
peared most appropriate to make measurements under the

Fig. 1—1 kHz square wave response of the SONUS
Blue Label.

actual loading conditions present at the demodulator. The
maker informs us his measurements were made with a 47-
kohm load, since they feel most set ups will have such aload
with only CD-4 requiring the 100-kohm load. The measured
response should then be flatter above 10 kHz, though be-
ginning to rise slowly.

The frequency response of the cartridge, using the B & K
QR-2009 test record, is +1.5 dB from 20 Hz to about 13 kHz
and +6.25 dB at 20 kHz at an optimum tracking force of 1.25
grams and anti-skating at 2 grams. Separation generally aver-
ages 20 dB through 14 kHz and 18.5 dB at 20 kHz. Checking
the frequency response above 20 kHz with the JVC TRS-1005
test record, the cartridge has a peak of +7 dB at approxi-
mately 28 kHz and then drops to +5 dB at 30 kHz and —5 dB
at 40 kHz. Separation at these high frequencies is excellent,
e.g. 19 dB at about 28 kHz, 18 dB at 30 kHz, and 15 dB at 40
kHz. From these data, one can conclude that the cartridge
has an excellent frequency response and separation for ster-
eo, matrixed four channel, as well as discrete quadraphony.
This proved to be the case, especially for discrete quad-
raphony where we encountered no difficulty in locking the
cartridge to either a CD-4 or UD-4 demodulator.

Although the square-wave response at 1 kHz shows a fair
amount of ringing present, the frequency of the undamped
peak in the carrier range is beyond hearing. Using the Au-
dio-Technica AT-1009 arm, the cartridge-arm low frequency
resonance was less the 10 Hz.

As is our practice, measurements are made on both chan-
nels, but only the left channel is reported. During the test
period the average temperature was 70°F +1° (21°C) and
the relative humidity 61 per cent +3 per cent.

The following adjustment and test records were used in
making the reported measurements: Technics MA-4009;
Micro-Acoustics TT2002; Shure TTR-103, TTR-109, TTR-110;
Columbia STR-100, STR-112, SQT-1100; JVC TRS-1004, TRS-
1005; Stereo Review SR-12; B & K QR-2009; Deutsches Hi Fi
No. 2; Denon (UD-4) ST-5003; Ovation OVQS/4000, and
Nippon Columbia Audio Technical Records (Pulse Code
Modulation) XL-7004-6.

Wt.5.52g; d.c. res. 214.7 ohms; ind. 145 mH; opt. tracking
force, 1.25 g; opt. anti-skating force, 2 g; output, 0.875 mV/1
cm/sec; IM dist. (4:1) + 9 dB lateral, 200/4000: 1.2% - + 6
dB vertical, 200/4000: 4.2%; crosstalk, —28 dB; ch. bal., 0.25
dB; trackability: high freq. (10.8 kHz pulsed), 24 cm/sec;
mid-freq. (1000 + 1500 Hz lat. cut), 25 cm/sec; low freq. (400
+ 4000 Hz lat. cut), 19 cm/sec; 30 kHz mono signal, 2.2 mV;
Deutsches Hi Fi No. 2: 300 Hz test bands tracked to 67 mi-
crons (.0067 ¢cm) horizontal and 20.6 microns (.00206 cm)
vertical; passed all bands of the Shure TTR-110 (Era !1!) test
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record; tracks warped records without difficulty. Passed all
bands of the Micro-Acoustics Transient and Tracking test
record.

Listening Evaluation

Since one does not listen to laboratory measurements, it is
important to perform a cartridge listening evaluation by lis-
tening to a wide variety of recordings over a reasonable
length of time. While listening to the various records played
with the SONUS Blue Label cartridge, we noted the fine def-
inition of the individual instruments, good sonic clarity, ex-
cellent transient response and applause definition, superb
bass response, and a tracing and tracking ability which was
exceptionally good. All this in spite of the odd rise from
about 10 kHz to about 28 kHz in the frequency response
curve. It shows that there are factors in phonograph record
reproduction which we do not yet understand.
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Fig. 2—Amplitude-frequency response and separa-
tion from 20 Hz to 20 kHz using B&K QR-2009.

As is the case with numerous records today, many of those
we used in our listening evaluation exhibited various de-
grees of warpage. Particularly annoying is the prevalence of
dish warpage. Others have such noisy surfaces that they are
difficult to use in a listening evaluation. The problem isn’t
only of domestic origin since we find many of the foreign la-
bels to be plagued by the same problems. We wonder if the
time will ever come when the majority of records will be
available without warp and with quiet surfaces.

The following equipment was used for the listening eval-
uation: Technics SP-10 turntable, Audio-Technica AT-1009
tone arm, two Phase Linear 4000 preamplifiers, Crown DC-
300A amplifier for the front channels and Crown D-150 am-
plifier for the rear channels, two Duntech DL-15B speakers
for the front channels and two Cerwin-Vega 211 (R) speak-
ers for the rear channels, and two Janis Audio Associates
W-1 subwoofers along with a Crown VFX-2 crossover net-
work. The matrix quadraphonic decoders used were the
Lafayette SQ-W, the Sansui QSD-1, and the SQ and QS posi-
tions of the Denon UDA-100. The CD-4 demodulator was
the Technics SH-400 and the UD-4 demodulator was the De-
non UDA-100.

As is our practice, a rigorous listening evaluation was con-
ducted utilizing the records listed in our reports in Audio,
September 1975, November 1975, and January 1976 and the
following excellent recordings which demonstrate quite ef-
fectively the ability of the SONUS Blue Label cartridge to re-
produce difficult recordings faithfully. All records were
cleaned with the Keith Monks Record Cleaning Machine
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and/or the Discwasher and destaticized with the Zerostat.
Although we list records in the various quadraphonic for-
mats, all of them are compatible and may be played without
exception as stereo recordings.

Stereo

Michael Murray: Dupreé—Organ Recital; Advent Records
5014

Stravinsky: The Rite of Spring—Vienna Philharmonic Or-
chestra; Maazel, London CS6954

Handel: Overtures and Sinfonias; London CSA 2247

Stanely Clarke: Journey to Love; Nemperor Records NE 433
Farthquake: Special Sound Effects; MCA-2081

Percussion Music; Nonesuch H-71291

Virgil Fox Plays the Classics—Heavy to Light; Angel 5-36052
Orff: Carmina Burana; Royal Philharmonic Orchestra, Do-
rati, London SPC 21153

T
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Fig. 3—Amplitude-frequency response and separa-
tion from 20 to 50 kHz using JVC TRS-1005.

Direct-to-Disc Recording (Stereo)

Rough Trade: Live!; Umbrella UMB DD1

(This recording is superb and may be obtained only through
your local Audio-technica dealer.)

Pulse Code Modulation Recording (PCM) (Stereo)
Virtuosos For Strings; Sofia Chamber Orchestra, Kasandjiev,
Denon PCM OX-704ND

5Q

George Gershwin Plays Rhapsody in Blue; Thomas, Colum-
bia XM34205

Concert of the Century Recorded Live at Carnegie Hall; Co-
lumbia M2X 34256

Massenet: Thais; Angel SCLX 3832

Karajan Conducts Wagner—Album I; Angel $-37097
O')ays: Message in the Music; Columbia PZQ 34245

Qs

David Liebman: Sweet Hands; A & M (Horizon 2) SP-702
The Winds of Alamar by Iguana; Quadratrak A 101

Rufus: Rags to Rufus; ABC CDQ 40024

Tchaikovsky: The Complete Orchestral Music—Volume I1;
Vox QSVBX 5130

CD-4
Tomita: Firebird; RCA ARD1-1312
Mancini: Symphonic Soul, RCA APD1-1025
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The Drum Session: Philips 4 DX-52-3
Stowkowski Conducts Mahler—Symphony No. 2 (“Resur-
rection”); RCA ARD2-0852

The SONUS Blue Label cartridge reproduced all of the
above records exceptionally well and without any notice-
able coloration. Organ music, particularly the bass pedal
notes, is reproduced with a weight and solidity which is
quite outstanding. For exceptionally good bass, the first two
bands of side one of the Stanley Clarke recording are excep-
tional. Not every cartridge can reproduce the Percussion
Music, Farthquake: Special Sound Effects, and The Drum
Session records cleanly in their entirety. The Stravinsky: Rite
of Spring recording will give any cartridge a real workout. In
the fiendishly difficult final passages of the work, with its
high amplitudes and velocities in the inner grooves, the
record was tracked by this cartridge with absolute ease. The
direct-to-disc recording is of rock music and is a superb disc

with very quiet surfaces. Voice reproduction with the
SONUS Blue is extremely good, as evidenced by the Masse-
net: Thais recording. The Pulse Code Modulation (PCM)
recording is the new direction of recording technology. Us-
ing a 13-bit natural binary code, the master tape has a wide
dynamic range, exceeding 85 dB, very low distortion, and
crosstalk of —80 dB. In the very near future, more releases
will be available in the PCM format. This type of mastering
results in a superior analog disc recording, as is evident from
the sound of these records.

In summation, we were quite impressed with the SONUS
Blue Label cartridge. It is a cartridge that does not cause fa-
tigue during extended listening sessions, a factor which re-
flects the technical excellence of the design. For the dis-
cerning music lover, this cartridge merits their serious con-
sideration. B.V. Pisha

Enter No. 91 on Reader Service Card

Garrard Model GT55
Automatic Turntable

S )

MANUFACTURER’S SPECIFICATIONS

Speeds: 33-1/3 & 45 rpm.

Number of Records: 6.

Wow & Flutter: 0.05 percent.

Rumble: —66 dB (DIN B).

Motor: D.C. servo.

Tonearm: Magnesium, low mass.
Dimensions: 15-5/16 in. (38.9 cm) x
14-1/8 in. (35.8 cm).

Prices $249.95, base & dustcover $39.95.

The GT55 is now the top-of-the-line Garrard automatic
turntable and, at the moment anyway, is the only one using
the tangential tracking arm. Unlike other straight-line track-
ing systems such as the Rabco, Schlumberger and B & O,
which use a mechanism to move the pick-up arm across the
record on a bar, the GT55 has a twin articulated arm. This
kind of arm was first used, if my memory serves me cor-
rectly, by Burne-Jones in England in the 1950s but the ad-
vantages were more than nullified by the high friction from
the various bearings. The Garrard Zero 100, introduced
about seven years ago, was the first example of a successful
unit using a twin arm in which the angle between the cart-
ridge holder and arm was varied to maintain a true tan-
gential relationship with the record groove. The arm used
on the GT55 is a greatly improved version made of magne-
sium to bring the mass down to the incredibly low figure of
14 grams. It is mounted by a gimbal suspension having jewel
bearings in the vertical pivot and double ball bearings in the
horizontal mode. The motor is a high speed d.c. servo type
coupled to the turntable by a belt. Styling is attractive with a
charcoal black and silver finish, making a nice contrast with
the well-made walnut base. (Both base and dustcover are
optional.)

Quite apart from the tangential arm, the GT55 has a num-
ber of rather unusual features. The cueing rate is variable in
both directions, being controlled by a small knob located
just behind the arm rest, and the anti-skating device consists
of a magnet which is offset so the force decreases as the
stylus moves towards the center of the turntable because
skating force decreases towards the center of the record.
The adjustment control, which governs the spacing of the
magnet relative to the arm, is just behind the arm base, and
it is calibrated for both elliptical and conical styli. The arm it-
self has another interesting design feature which is not ap-
parent at first sight; the rear section with the balance weight
is set below the axis of the main portion. This is said to im-
prove trackability with warped records. “Trackability”” is not
aword | like to use here but, well, there it is!

On the left hand side, at the front, is a small panel on
which are mounted the two-position speed change lever
and a neat thumb-wheel variable speed control. Over to the
right is a group of four controls set in a similar panel. The
first one is the cue lift lever, and the second is the auto start
control. Number three adjusts the <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>