WITH ONLY ONE EXCEPTION,
THIS ISTHE MOST REMARKABLE |
TAPE DECK IN THE WORLD.




But without exception it's the most remarkable cassette o
deck.

Today, a thousand dollars or more is standard fare fora mevaL Cro=
professional quality cassette deck. But when Pioneer de-
signed the new CT-F1250, they not only raised the perfor-
mance standards of high quality decks, they also lowered the
standard price.

Metal tape capability is something most new high quality ~ EE=S :
cassette decks have in common. But while many of them ™ el iape capabilicy for
have just been modified for this advancement, the Pioneer far greatcr dynamic range
CT-F1250 has been specially designed for it.

[nstead of the two heads foungin most metal capable tape decks, the CT-F1250
has three. And its these three heads that keep us way ahead of the competition.

Our new “small window” erase head makes a big difference in making sure all
metal tapes are wiped completely clean. And our Uni-Crystal Ferrite recording and
playback heads give you greater frequency response and better wear-resistance
than the ordinary ferrite and Sendust alloy heads you'll find on most other tape
decks.

But you don't get distortion-free recordings just by using your heads.

[nstead of the single capstan tape transport system youll find on some tape
decks that are nearly twice the price, the CT-F1250 has a closed-loop dual capstan
system, similar to that found in our remarkable RT-909 open-reel deck. This system
keeps the tape
in perfect con-
tact with the
heads at all
times. So you
are assured of
getting every-
thing that's on
the tape. Nothing more; nothing less. Whats more, the CT-F1250 has a Quartz-
Locked Direct Drive capstan motor that senses the slightest deviation in speed and
automatically corrects it to keep wow and flutter down to an unbelieveable 0.03%.

[t's engineering innovations like these that make the CT-F1250 so remarkable.
But equally remarkable are the features that make the CT-F1250 so easy to operate.

Like our specially engineered Tape Calibration System that lets you (Y)JiCk]y set
bias level, Dolby adjustment, and record equalization for the best possible signal-
to-noise ratio, the lowest distortion, and the best high frequency response.

And our 24 segment Fluroscan meter that works on Pioneer's own micropro-
cessor to give you a more accurate reading of what you're listening to. It even has

Peak, Beak Hold, and Average Buttons that let

&) PIONECEIR’ you record without fear of overload.

Pioneer's 24-Segment
Fluroscan Meter
gives you an
instantaneous picture
of what you're
listening 1o

~ Webring it back alive. In addition Pioneer's CT-F1250 has a digital
©1980 U.S. Pioneer Electronics Corp., 85 Oxtord Drive, Moonachie, N.). 07074 . . -
brain with a memory that controls four differ-
B O wasd ent memory functions. Plus pitch control. Mic/
P - - == line mixing. Independent left/right input/
e 7 E 2 2 "2 o output controls. And more.

By now, it must be obvious that the

CT-F1250 was designed to push up the limits

of cassette deck performance. But only

e — = ) : 4 H 1 iNno -

Pioneer's easy-to-use Tape Calibration System Ploneer WOU,|d dO It, without pUShan Up €as
guarantees optimum performance from every tape sette deck prices.
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WITH ONLY ONE EXCEPTION
THIS ISTHE MOST REMARKABLE
TAPE DECK IN THEWORLD.




But without exception its the most remarkable reel-to-
reel.

Today, many audio manufacturers are putting a lot less
into their tape decks and charging a lot more for them. But
when Pioneer designed their new RT-909 open-reel tape
deck they made certain it had every conceivable feature an

PINCH ROLLERS audiophile could expect.
And one feature that was totally unexpected. A reason-
able price.
Even if you pay $1500 or more for a so called “profes-
sional’quality tape deck, you'll probably still be getting a
conventional Sinéle capstan tape transport system that is prone to wow and flutter.

Pioneers RT-909 has a specially designed closed-loop dual capstan system that
isolates the tape at the heads from any external interference. So you get constant
tape-to-head contact. And constant, clear, accurate sound.

And while many of the expensive new tape decks have old fashioned drive
systems that drive up heat and distortion, the RT-909 doesnt. Instead, it has-a far
more accurate DC motor that generates its own frequency to correct any variations
in tape speed. And keeps wow and flutter down to an unheard of 0.04% at 7% ips.

Whats more, the drive system of the RT-909 is unaffected by fluctuations in
voltage. So a drop in voltage doesn't mean a drop in performance. The RT-909 also
has a logic system that ensures smooth, accurate speed change.

Most pro-
fessional qual-
ity tape decks
are designed
for use outside
the home. So
the conven-
ience features
most audiophiles enjoy are nowhere to be found. The RT-909, on the other hand,
offers automatic reverse, automatic repeat, and a timer controllable mechanism
that lets you record a midnight concert even if you can stay awake for it.

Examine our heads and youll see Pioneer engineers at their very best. Our
playback heads, for example, have a new “contourless” design that makes them
more sensitive. They increase frequency response upwards to 28,000 hertz, and
extend it all the way down to 20 hertz. So you not only get greater range than any
other tape deck, but also any other musical instrument.

Of course, these features alone would make Pioneer's RT-909 quite a remark-
able tape deck.

But the RT-909 also has a Fluroscan me- .
tering system that gives you an instantaneous @ p'ONEERJ
plCture Of What you,re llStenlng [O A pltCh Con- ©1980U.S. Pionevevdleectrb<>:12§p.lEleoiiilén?J:\A\c{oenalchie,N.I.O7074
trol that lets you listen to music in perfect pitch

CAPSTAN FLYWHEELS

mstantaneous ture
of what you're
ing '1

even if it was far from perfectly recorded. Four 1mom  slas——ea .
different bias/equalization selections so you PE e -t
. .

can use many tapes and get maximum perfor- 7©€ ==

mance from them all.

Obviously these advancements are very
impressive. But there's still one thing even
more remarkable than the technology we fea-
ture. Its the price we feature.
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DISCWASHER
presents

The Clean Truth
About Your
Naked Stylus

When your stylus plays over one
light fingerprint or one tiny “bead" of
vinyl stabilizer, the clean naked dia-
mond becomes a glazed, dust-holding
abrasive weapon wearing away at your
records and masking their true sound.
This unseen buiid-up may actually hold
the tracking tip of the diamond out of
the record groove.

Accumulated grit
on stylus that
looks “clean” to
the naked eye.

The SC-1 Stylus Cleaner from
Discwasher is designed with a brush
that is stiff enough to remove harmful
accumulation, but gentle enough to
avoid damaging delicate cartridge as-
semblies. Two drops of Discwasher's
D3 Fluid add extra cleaning action to
the SC-1 without the side-effects of
alcohol, which can harden rubber canti-
lever mountings.

After cleaning with
SC-1 and D3
Fluid by
Discwasher.

The retractabie, walnut-handled
SC-1 includes a magnifying mirror for
convenient inspection of stylus/car-
tridge alignment and wiring.

Get the clean truth from your
records; get the SC-1.

SC-1 STYLUS
CLEANER

@

discwasher®inc.
1407 N. Providence Rd.

Columbia, MO 65201
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The Evolution of Excellence

In 1947, Pickering built tre first magnet ¢ cartridg2
and holds 13 U.S. and rumercus fcreicn patents
on cartridge d2sign. In 1976, Picke-inc launched a
new modern righ fidelity 2-a by int-oducing the first
of a new generztion cf phono cariridges, ths
Pickering XSV ¢300, acclaimec a top perormer
by critics and -eviewers worldwide.

Ncw Picke-ingtakesthe S-ereohedror® Seri2s one

“Step beyond 2xcellence with the new XSV 74000.
Teennical advarces inbkcth des gn and conmstruc-
tion have made this deg-ee of zerfection passible.

© 1979 PICXERING & CO. INC

A lightweight, high energy, samarium cobalt mag-
net and shaped-for-sourd Stereohedron Stylus t'p
are major innovations that eclipse previoLs
performanca standards in four crucial areas. Im-
proved tracking @bility. Expanded frequency re-
sponse ran ‘Wider channel separation. Ard
ment of the record groove.

XSV /40' 022 the next generation of sound.

For '5'-; ormation write to: Pickering & Co.
Inc., unn}side Bivd., Flainview, N.Y. 11803
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A Letter T'o Our Readers

In this our 33rd year, Audio is pleased to
announce the name of our new parent company,
CBS Publications, Inc. Since their first
publishing venture in 1971, the acquisition of
Field & Stream, CBS Publications has
experienced continual growth. By the end of
1973, they had acquired five magazines including
Road & Track, Cycle World, Sea, World
Tennis, and Pick-Up, Van & 4WD.

With the acquisition of Fawcett Publications
in 1977, CBS experienced exceptional expansion.
Included in this acquisition (one of the largest in
CBS’ 50-year history and one of the largest in
publishing history) were Woman’s Day, Rudder
(later merged with Sea), Mechanix Illustrated,
and the Fawcett paperback book line, which
publishes over 1,300 titles annually. Most
recently they began a newspaper magazine
group with the acquisition of Family Weekly,
the Sunday supplement which appears in 350
newspapers throughout the U.S. In addition,
CBS publishes more than 60 newsstand
specialty magazines.

This year they bring Audio into their ever-
expanding magazine fold under the auspices of
the CBS Consumer Publications Division. It is
only natural that CBS — with its background in
broadcasting, recording, research and
development, consumer audio products from
manufacture through sale, and publishing —
should round out their Special Interest
Magazine Group with Audio, the original
magazine about high fidelity.

Looking forward to the ’80s, we feel that the
resources of CBS Publications, Inc. (one of the
largest magazine publishing companies in the
U.S.) will enable us to expand, improve, and at
the same time retain the high standards set by
you, our readers.
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A Telarc Dlgltal

Tchaikovsky “1812” Overture; Capriccio ltalien, Cossack Dance from Mazeppa
Erich Kunzel conducting the Cincinnati Symphony Orchestra

@ It’s stirring, familiar music.

« Superbly played by the Cincinnati
Symphony under the sensitive baton of
Erich Kunzel. And captured with al! its
warmth and emotion in the 100-year-old
Cincinnati Music Hall. But what of the
huge bells? And what of the fabled
cannon? They are there—literally in
full force—providing dramatic proof of
the superiority of digital mastering of
the untapped capabilities of today’s

disc recording.

Not For Every System

Wwe’ll be perfectly frank: not every sys-
tem—even some of the finest—will be
able to successfully track the remarkable
grooves on this record. And even if your
cartridge and tone arm can track the
record, the full impact of the sound may
escape you unless you own an outstand-
ing amplifier and speaker system. In
short, this record will challenge every
part of your system in every respect.

Most difficult to track and reproduce is
the authentic 19th century cannon whose
initial “crack™ as the powder is ignited is

TCHAIKOVSKY Symphony No. 4,
Lorin Maazel, Cleveland
Symphony TEL-10047

This 12x enlargement
shows the incredible
groove modulations
during the cannon shots

..probably the most
demanding low fre-
quency signals ever cut
on disc.

followed by pressure waves as low as 6 Hz
which can easily be seen on the finished
disc. Even with maximum recommended
mracking force, many tone arm/cartridge
combinations may be incapable of follow-
ing these remarkable groove excursions®.
And the “boom” is well below the useful
range of all but the most sophisticated
speaker systems, coupled to amplifiers
with generous reserves of power.

At the other end of the scale, the tumul-
tuous bells provide a challenge to high
frequency tracking and a stringent test of
the mid-range and tweeter components.
Add the full resources of the Cincinnati
Symphony—captured as only the Sound-
stream digital system and Telarc
microphone technique can—and the

ADD THESE EXCITING TELARC DIGITAL RECORDINGS

TO YOUR COLLECTION

Symphony

MOUSSORGSKY Pictures at an
Exhibition/Night on Bald Mountain
Lorin Maazel, Cleveland
TEL-10042

result is a record which will challenge
your ideas about equipment performance
and the limits of disc recording
capabilities.

This landmark recording is just one of
several new digitally-mastered Telarc
releases. Available at most Audio-
Technica dealers and wherever audio-
phile recordings are sold. If not available
locally, write us today for our current
StandarDisc catalog of digital, direct-to-
disc, and advanced analog recordings.
AUDIO-TECHNICA U S., INC., 33 Shia-
wassee Ave., Fairlawn, Ohio 44313.
Dept. 20A.

*If your cartridge/tone arm combina-
tion is unable to track this spectacular
recording, your Audio-Technica dealer can
recommend several A-T cartridges and
tone arms capable of meeting the rigors of
this advanced digital recording technique.

audlo-technlca

AUDIO-TECHNICA PROFESSIONAL AND HOME PRODUCTS FOR BETTER SOUND

VECTOR-ALIGNED™
PHONO CARTRIDGES

TONE ARMS
4ND ACCESSORIES

3 LE RECORD CARE STEREC s
RECORDS MICROPHONES



Tandberg has been one

of the world’s

foremost manufacturers of
high performance

audio equipment for almost
50years.

Renowned for decadesin
the United States

for the outstanding
performance and reliability
of their high fidelity
instruments, the Tandberg
heritage has now grown

to encompass a full line of
audio components,
including open-reel

and cassette tape recorders
featuring the exclusive
ACTILINEAR Recording
System (Patented) &
DYNEQ Record Equalization
(Patented),

plusthree stereo receivers
offering ultra-low
distortionand

superior FM performance.

HIGH FIDELITY

Write for

the name of your

authorized Tandberg dealer:
Tandberg of America, Inc.
Labrijola Court

Armonk, N.Y. 10504

(914) 273-9150

TANDBERG
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Exercising Your Options

Q. The owner’s manual for my tape
deck calls for microphones with im-
pedance of 10,000 ohms or less. Would
you explain the difference that the
mike impedance makes in recording?
The mikes | am using now have dual
impedance of 150/50,000 ohms, so |
use the 150-ohm option. But when re-
cording, | turn the mike level to maxi-
mum and still do not get a very high
level indication on the VU meter. Is
this due to the low impedance? What
would happen if | tried to use the
50,000-ohm connection of my mike?
— Tom Bouts, Arvada, Colo.

A. A microphone with low-im-
pedance output supplies a small sig-
nal, but in exchange you can run a
long cable to the tape recorder with-
out significant treble loss. There is also
less danger of hum pickup. A micro-
phone with high impedance provides
a greater amount of signal voltage, but
requires a short cable — at most 20
feet — to prevent treble loss. | suggest
that you consult your local audio deal-
er for a step-up transformer with 150-
ohm primary and approximately a
10,000-ohm secondary. If your dealer
can’t help, write to the manufacturer
of your microphones. There is a possi-
bility, although 1 am dubious of it, that
you can use the 50,000-ochm output of
your mikes without significant prob-
lems of distortion or treble loss. Try it
and see.

Tap Toe Through the Playback

Q. When | play a disc, all sounds
fine. But if | make a tape recording of
the disc and press the monitor button
on my preamp, each little bounce of
the tonearm makes the recording
sound as if the tape is bouncing up
and down on the playback head. If |
record but leave the monitor button in
the out position (thus listening to the
program source instead of the tape
playback), then the tape machine re-
cords very little of the bouncy sound.
— David Mann, Pasadena, Calif.

A. Your trouble may originate in a
microphonic component in your tape
deck or preamp, more likely the latter.
Perhaps you can expose the insides of

your equipment while in operation
and go tapping around with a pencil
eraser to see if this guess is correct.
Should tapping accentuate the prob-
lem, you may have located the source
of the problem.

Pick Up a Piezo

Q. Why is it that a turntable with a
magnetic cartridge cannot be used for
recording 8-track tapes directly on my
8-track recorder? — Marc Kelley, Ke-
nosha, Wisc.

A. The problem probably lies in the
fact that the output of a magnetic
pickup requires equalization (bass
boost and treble cut), whereas your re-
corder does not supply such equaliza-
tion. Also, the voltage output of the
pickup is quite low, and your recorder
probably does not provide enough
ampilification. If you employ a piezo-
electric (crystal or ceramic) pickup,
you would probably have a signal with
sufficiently flat response and enough
voltage for recording. If you don’t get
enough bass response with the piezo-
electric pickup, try mounting a capaci-
tance of several hundred pf between
the hot and ground terminals of the
pickup (one capacitor for each chan-
nel). You’'ll have to experiment to dis-
cover the proper value of capacitor for
flattest bass.

Digit Counter Usage

Q. Is the digit counter on most tape
recorders used as an index for each
particular machine, or does the coun-
ter actually measure footage? — Ar-
thur Pushkin, West Hempstead, N.Y.

A. The digit counter is usually
hooked up to the mechanism that
turns the take-up reel and normally
does not measure actual footage.
Therefore you may easily get different
counts on different machines for the
same tape footage. (However, one or
two expensive decks recently intro-
duced do count actual footage.) 4

If you have a problem or question on tape re-
cording, write to Mr. Herman Burstein at AUDIO,
1515 Broadway, New York, N.Y. 10036. All letters
are answered. Please enclose a stamped, self-ad-
dressed envelope.
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AFTER 300 PLAYS OUR HIGH FIDELITY
TAPE STILL DELIVERS HIGH FIDELITY.

If your old favorites don’'t sound as good as they used to, the problem
could be your recording tape.

Some tapes show their age more than others. And when a tape ages
prematurely, the music on it does too.

What can happen is, the oxide particles that are bound onto tape
loosen and fall off, taking some of your music with them.

At Maxell, we've developed a binding process that helps to prevent
this. When oxide particles are bound onto our tape, they stay put. And
so does your music.

So even after a Maxell recording is 500 plays old, you'll swear it’s not

a play over five.
maxell
[T'SWORTH I'T.



Gary Stock

Dr. Thomas Stockham—
On The Future
Of Digital Recording

One of a series of interviews
with the audio industry’s
innovators and thinkers.

Dr. Thomas Stockham is uniquely
qualified to comment on the future of
high fidelity. In 1968, as a professor at
the Univ. of Utah, he developed one
of the first digital recorders capable of
high-quality music reproduction. The
company he founded and now heads,
Soundstream, Inc., of Salt Lake City,
Utah, specializes in digital recordings
produced using equipment designed
by him and his company. Among the
50 records produced via the
Soundstream system are a widely
acclaimed RCA series of Caruso
transcriptions, restored using digital
sound processing, and the master tape

of Fleetwood Mac’s recent Tusk album.

The company is among the best-
known recording firms in the world.
Stockham talked with Audio at the
recent Audio Engineering Society
Convention in New York, in the
Waldorf Astoria’s Cole Porter Suite
(graciously made available by the
Society). There the conversation
ranged over a broad spectrum of
topics, from the sound system for
Disney’s classic “Fantasia” to some
suggestions to help recording
engineers maintain musical
objectivity. Excerpted here are Dr.
Stockham’s thoughts on high fidelity’s
direction in the coming decades.

Audio: As you view the fyture of
audio, how do you see the musical
storage media—disc, tape, credit card-
style plate, whatever—shaping up over
the next 10 or 15 years?

Stockham: First, | do not see video
cassettes adapted to digital being a
substantive and permanent addition.
The main problem is the problem of
copying. High-speed duplication of
digital is even more difficult than
duplication of analog, because the
bandwidth of the basic digital
information—not the sound but the

“...size and shape
and feel can be
as important as

any of the
technical
characteristics.”

codes—is much greater than in analog.
The bandwidth of a basic audio code
at normal speeds is equal to the
bandwidth of a high-speed analog
duplication. Some fundamental
breakthroughs in tape copying could
change this, but in spite of promises
over the years, there has not yet been
anything demonstrated that is really
practical. So, | see the adapted video
cassette as a kind of bridge, and
perhaps it could hang on as a home
recording vehicle.

Relative to a disc format, I find it
curious and at the same time natural

that video discs should be adapted to
digital-audio applications. Technically,
itis an obvious direction to go in, and
there are as you know, two
fundamental approaches. One is to
take the video disc player and create
audio discs and a digital adaptor of
some sort, perhaps built-in. This will
allow you to play television programs
and digital audio on the same
machine. And then there is the
alternative approach, which for
example the Philips Compact Disc has
taken (See “Audio ETC,” Audio, Sept.,
’79), to use video technology but
reshape it completely for audio only.
Perhaps both of these approaches
have a place. | personally prefer the
audio only direction, because one of
the things we have learned in the last
decade or two about new storage
media is that the shape and size and
feel can be as important as the
technical characteristics. Why, for
example, should the Philips Compact
Cassette have been of any usefulness
or had any success in the record
business? For the most part the
technical quality of a cassette is
somewhat poorer than that of a disc.’
Well, it's compact, easy to carry
around, one can quickly take it out of
the player, and so on. In short, it has
appealing physical characteristics
above and beyond the sound
characteristics.

Audio: You then think that smaller is
the route we may take?

Stockham: | think that we may see a
smaller digital record, of higher quality
than today’s records, with nominally
the same amount of program material,

AUDIO ¢ February 1980



MEMOREX HIGH BIAS TEST NO. 2.

WHICH HIGH BIAS TAPE
WINS WITH “LUCILLE”?

Select any blues solo where B.B. King
really lets “Lucille” sing, and record it on
your favorite high bias tape.

Now record the same solo on MEMOREX
| HIGH BIAS tape, and listen to the two
tapes back to back.

We're convinced you'll have a new favorite
for two important reasons:

1. At standard record levels, no high bias
tape has a flatter response across the
entire frequency range.

2. The signal/noise ratio of MEMCREX
HIGH BIAS is unsurpassed by eny other
high bias tape at the critical high end

In short, you can't find a high bias cassette
that gives you truer reproduction. And,
after all, isn't that what you buy a Figh

bias tape for? )
pV'3 /“‘-'\,

Is it live, oris it ;\. *cx

ad VEMOREX ' T

MEMOREX 90

| The legendary “Lucllz’ s a Gibson
. -)ESf3_55_ made espea’&J'.y: ier B B. King. HIGH BIAS .

Memor
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Direct Drive and Direct Drive tape transport. manual controls. A feather-light
g 7 The rugged capstan on the DD300 fingertip touch sets the DD300 in
solenoid controls in a new is directly driven by a high-torque 18- motion. An IC logic circuit actuates
cassette deck. pole brushless, coreless DC flywheel the solenoid transport function for
motor, optimized for the critical instant, silent, positive action.

record and play transport functions.  LED’s light up tc continuously dispiay
It glides silently at a steady 360 RPM. what functions are in operation.

And, it eliminates the probiems of Metal tape compatibility. If you want
transport for lasting, unvarying perfor- conventional high speed DC brush 4 41y the new "n:;tal part%cle tape
mance, feather-touch solenoid elec- MOtors and drive belts. Wow and you’ve been hearing so much about,
tronic controls for superior operation  fluttér are down to an amazingly low  1he pp3gQ is ready. Get set for an

and metal tape compatibility for 0.04%. A separate motor is provided  aginishing improvement in signal-to-
the ultimate in fraquency response.  or fast forward and rewind. noise, dynamic range and a frequency
There's an incredible amountof - N0 compromise. response of 30Hz-18kHz + 3dB.
advanced engineering packed into Feather touch electronic controls. ~ Get set, too, to make recordings that
this new Fisher cassetie deck. Goodbye to the old “clunk-clunk” of rival studio-procuced tapes.

Here is the very latest cassette deck
technology. The new Fisher DD300
Cassette Deck has direct drive tape
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TIMER STAND-BY DOLBY NR TAPE SELECT
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Drive coils provide
pulsating magnetic

18-pole permanent

ring magnet Is Separate motor

operates fast forward

field to propel bonded to back of 3
flywheel. fiywheel. and rewind functions.

) Instant, silent,
Sensing coil positive tape
between driving transport functions
colils and are operated by

flywheel magnet solenolds.
continuously
monitors speed in

DC servo circuit:

Dynamically-
balanced flywheel
weighs over ¥z Ib.,
helps maintain speed
accuracy, low wow
and fiutter.

Capstan shaft is directly
connected 10, and is part of
the tiywt eel. There are no belts,

no pulless. 2 ©Fisher Corporation, 1980

INPUT SELECT

LINE

It’s what you'd expect from the new
Fisher. We con’t have the space to
list all the other features of the new
Fisher CD300. Features that are
indicative of ithe high technology of
the new Fishar. We invented high
fidelity over £0 years ago. And we’ve
never stopp=ec innovating. If you're
ready for the latest cassette deck
technology, see the new DD300 at

your Fisher cealer.
Fisher Gorroratior, 21314 Lassen Street,
Chatswortr, CA 9311

# FISHER

Thefirstnamein high fidelity:
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or even more. But who is to say

that we won’t have a multiplicity

of digital audio media? We have

at least three analog media that are
commercially viable right now,

and | would think that ore would
expect more than one medium in
digital, certainly not right

away but after a while.

Audio: Have you at Soundstream done
any work relative to digital disc
development?

Stockham: Soundstrzan: has done no
explicit product development as far 1s
a digital disc is concerned. However,
we are extremely interested in this and
active in the area.

Audio: How fullv is digital audio
developed at this point, in your view?
Stockham: Well, nothing is ever fully
developed. If you mean by fully
developed that digital recording is
capable of doing something
interesting for the consumer, then |
would say “yes.”” We have produced
with our customers, to date, 50 long-
playing records, all hybrids—analog
records with digital mastering and
recording. Nippon Columbia has
produced twice that or more. 3M has
done some; Sony has done some.
Digital is taking its place in the
entertainment industry, so it is in that
sense developed.

Transform your home
into a nightclub, concert hall
or cathedral.

Even the fineststareo cennot create the l.usbn ¢ “being there™inthe
same acoudlic space as the mus.cians

Now you cam experience the impact of hzaring sound in *hree dimen-
sions with “re ACS 10 Acoustic Dimension Sythesizer. The ADS 10
uses sophisiczted digital time delay technicues to recrzate the am-
bient sourd field which surrounds the listever in any -eal acoustic

space.

Stereo Review™ an the A£DS 10 experienze: *_ . . a totally unobtrusive,
natural ambiznee-can be achieved— andonze yau've experienced it,

it's very difieul to give _p.”

The Compre-e Bayer's Guide to Stereo’rli-F Equipment® put & this
way: “. .. If yau have a grod sterec system amd a3k yourself, ‘Is chere
anything | caulc do for under $120C that wouH dc so much to improve
the realism o* music reproduction in my 1or-e &3 the ADS 102, the
answer is centginto be no'. It's that good.”

For more irfermarion, wiice ADS, Cept. AJ1~ or zall 1-800-824-7888
(California 1-800-852-7777) toll free_anz as« for Operator 483. Or
better yet, ta-e your faverite records to vour AD3 deale- and |22 him
demonstrate-hawthe ADS 10 can recréat= theslive musicel experiznce

in yaur home.

'Ouoted by pernission, atereo Radew, April 1939, anc “de C=mie€ Buyer's Guide, t¢c tereo/

Hi-Fi Equipmert, ~owerber 1978.

ADS «here technology serves mesic

8nalog & Digital Systms,inc., Cne Progress Way, Wiimngtar, MA 01887 (€17) 658-5100
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. . . a properly designed
digital system

should not sound

any different from

a direct connection

to the source....”

Audio: Do you think that there is likely
to be any significant audible
improvement as time goes on, or do
you think the present specifications
place digital audio systems essentially
beyond the discrimination of the
human ear? Are there any audible
differences between the various
available digital recording systems, for
instance?

Stockham: | have not heard them all
together, so | couldn’t tell you. |
believe, however, that the properly
designed digital systems available
today are developed enough, from the
point of view of audio fidelity, that the
differences between them are
comparable to the differences
between high-quality amplifiers of
different brands.

Audio: Extremely subtle, then.
Stockham: Well, subtle, let’s say, or at
least rather small. That does not mean,
of course, that all of the available
systems have been properly designed.
I've heard some that sound very good,
some that don’t sound very good at
all. 1 do not imagine that the sound of
a digital system would be an area in
which one would expect a big stride
forward from the best we have now.
Audio: And yet there has been some
resistance to digital on the part of
some engineers and reviewers, who
claim it sounds artificial in some way.
How do you feel about that?
Stockham: The best information | have
is that a properly designed digital
audio system should not sound and
does not sound, in my experience, any
different from a direct connection to
the source or a very, very high-quality
amplifier. Within the scope of the
experiences that I’ve had, | cannot
detect any differences between the
direct and the digitized material.
Audio: Then you’re inclined to think
that these remarks are “politically”
motivated?

Stockham: 1 don’t know what basis
they have. | suspect a bit of skepticism,
a bit of nervousness, a bit of “digital
isn’t good for my business”
motivation. Whether that is really true

AUDIO ¢ February 1980



TDK's new improvement
has nothing to do with the sound.

It's tlle package.

n.h:‘ -

i

Each TDK package is

now designed to catch your
eye as never before. Clean, modern lines.
Bright new colors. Bolder designations in
front. Full tape description in back, in-
cluding sound characteristics, formu-
lation, bias and a frequency response
chart to let you know precisely what
you're buying without having to hunt for
a salesman.

And don’t expect the improvements to
stop there. Inside there are complete
recording and cassette care tips. Invalu:
able for preserving the life of each cas-
sette, even though each TDK cassette ic
protected by a full lifetime warranty.*
There’s also a convenient, tear-out index
card to help you build a perfect reference
system.

Once inside, TDK couldn't stop improv-
ing. There's now a wider cassette window.

© 1980 TOK Electronics Corp., Garden City, New York 11530

= =y .1_;. PR

suPER Av'u.m cnssene I

HIGH RESOLUTION

Super Precision Cassette Mechanism

Through i

you'll be able

to watch two red

double nub clamps reg-

istering tape direction as

they turn. Just when the improve-

ments seem to end, TDK tape technology

begins. TDK SA's cobalt adsorbed gamma

ferric formulation continues to set the high

bias standard around the world. TDK AD,

the tape with the hot high end, is now

Acoustic Dynamic. You'll see it in brand

new blue and silver colors. TDK D,

another member of TDK’s dynamic series,

makes many premium normal bias cas-

ssttes sound ordinary and overpriced.
That's all we have to report for now. But

there will be more to come. Part

of TDK's philosophy is: when N""«l\

every improvement has 5352‘/ Py

been made, improve again. ¥ ~,!

The machine for your machine

*|n the unlikely event that any TDK cassette
ever fails to perform due to a defect in
“materials or workmanship,simply return it to
your loca! dealer or to TDK for a free

Supplier to the U.S. O!ympuc Team replacement.

Enter No. 36 on Reader Service Card
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ALLisoN: FIvE $160/168
price varies with Shipping distance

ALLISON ACOUSTICS INC 7 Tech Circle, Natick, Massachuserts 01760
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animprovement by one order of magnitude in the accu-
Allison Acoustics manufactures six models of Room

: leaders
racy of the reproduced sound field.

acoustic suspension design, demonstrated the advan-

tages of treating the woofer and its enclosure as a sys-
tem rather than as separate components. Today,

In 1954 Edgar Villchur, by means of his revolutionary
nearly all loudspeakers embody this concept. Roy Alli-
son (a professional associate of Mr. Villchur for many
years) has now extended the “system” one logical step
further, to include the listening room itself. The resultis

ALLISON.

Enter No. 2 on Reader Service Card

or not, some people may reach that
conclusion.

Audio: Where you stand depends on
where you sit.

Stockham: That’s right. | have no truly
objective evidence that any of the
comments are true, and I've never had
anyone offer to show how | or anyone
else can hear the difference. | know
that objective, measurable differences
exist; you put a signal through any
device and what comes out will be
different in some way from the signal
that goes in. The question is whether
or not these are audible, either on an
absolute scale or in a way that
anybody, even a finicky person, really
cares about. I've concluded that the
differences between direct and digital
are either subjectively null or very,
very trivial. Even if we say that there
are some differences, which I claim
there aren’t, I'm absolutely certain that
with digital you get a big bushelful of
benefits, and whatever you give up is
mighty small.

Audio: How do you, as someone who
has contributed to the state-of-the-art
technology, envision the home music
system changing during the next
couple of decades? What sort of
sequence do you see?

Stockham: | see the next major change
being probably in the area of the
digital’audio disc we have discussed.
You will be able to go to the store and
buy a piece of plastic with digits on it,
and a player to play it on. It will be
connected to your present hi-fi system
much like a cassette deck. And you
will be able to play these records. it
won’t mean that you cannot play
analog cassettes also or the analog
records you have. It will be simply
another input source.

But | envision another funny
phenomenon happening when this
disc player becomes available. | don't
think people understand yet just how
goodthese digital discs really are. For
those who are really into listening and
into hi-fi, as your magazine’s readers
are, the experience of hearing a digital
master-tape-quality record is going to
be the wave of the future. Just as an
example, | was playing a high-quality
direct-to-disc record in my home one
evening, and | had some guests in —
10 or 20 couples. We had recorded the
same piece of music at the same time
on digital tape, and | had set up the
digital recorder in the back room.
When | started the disc, | pushed the
start button on the digital tape
recorder, so they would be in
synchronization, then came out and
let the disc play for awhile. During a
quiet passage | just switched over
without anybody noticing, in a place

where the music did not change
character in any way. Conversations
were going on, and a few true-blue
audiophiles were listening at the front
of the room. When the digital music
came up, fully 70 percent of the
people in the room just fell silent.
Audio: Dumbstruck, as it were.
Stockham: Something happened.
There was an involvement, a force of
presence, something, that just
enveloped them. And I've seen this
again and again in playing our digital
tapes. The involvement level goes way
up; people are no longer exposing
themselves to the music. They are
becoming involved in it.

“...'m absolutely certain
that with digital
you get a big bushelful
of benefits, and
whatever you give up
is mighty small.”

Audio: And you believe the advent of
digital audio will involve a larger
number of people more deeply?
Stockham: Right. Involve a much
larger number of people who will feel
that listening to recorded music is a
more involving experience.

Audio: After the digital discs become
available, what then?

Stockham: The major technological
advances that still have to be made
have to do with recording techniques,
including microphone development
and mike placement techniques, and
with loudspeaker development, the
whole transducer field. Attention is
going to be returned to the sound
radiation problem, new solutions to
the questions of how you take the
recorded sound and display it in the
air. That will involve the loudspeakers
themselves, and also the loudspeaker
placement. It will involve a certain
amount of signal and ambience
processing. And, while I'm not
advocating that multiplicities of
channels should be aggressively
sought by people, | think that it is an
area that will receive a lot of attention.
There are substantive improvements to
be made here. We have made some
progress on the problem of how to
launch sound into the air, but we
remain as far from being where we
want to be as the mid-'50s mono
record was from today’s audiophile
discs. 4
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DON'T DELIEVE EVERY

DIGI

When you tune to
102.7, you want to stay
tuned to 102.7. b

Toshiba has solved
the problem of mistuning
by eliminating the need
for a center channel tun-
ing meter. Instead, digital
frequency synthesis uses a
carefully selected quartz
crystal to produce a stable
reference frequency. In
plain English, this system
constantly corrects tuning
errors. The result is the
lowest possible distortion
and absolutely no drift.
Toshiba was the first to
utilize this system in a
receiver, and now we're
using it again in our SA-
850 receiver.

Digital frequency
synthesis not only makes
us accurate, it also makes
us more convenient.

No unnecessary parts.

We’ve eliminated the center
channel tuning meter, FIM/AM dial
scale and tuning knob. So you can
tune automatically or manually
with the ease of pushbutton selec-
tion. You get LED digital readout
and 5 LED signal strength indicators.

STEREO

TUNE ®

You’ll thank us

for the memory and scan.
Actually, you'll thank digital fre-
quency synthesis. Because only with

1. Behind this digital readout is a conventional tuning system. It requires
a center channel tuning meter and manual tuning.

SIGNAL BERNEREN

2.Behind this digital readout is a quartz-locked tuning system. More
accurate, but it still requires a center channel tuning meter. And it still
requires manual tuning.

3.Behind this digital readout is the Toshiba quartz PLL digital frequency-
synthesized tuning system. A totally electronic system that’s never
subject to manual mistuning. Accurate to 0.0025%.

this process can you store 6 FM and
6 AM stations for instant recall tuning
at the touch of a memory button.

And in the automatic FM mode,
digital frequency synthesis allows the
tuner to scan until it stops at the
next listenable station. FM stereo S/N
ratio is 68 dB. FM selectivity is a high
80 dB. Frequency response is 20 to
15,000 Hz + 0.2 — 0.8 dB.

But there’s more to this receiver
than just a superb tuning system.

r——-ﬂulw PRESE

2 E) -

AL READOUT YOU READ.

Power you'll respect.

We're talking about
50 watts rms per channel
into 8 ohms from 20-
20,000 Hz.

This is provided by
full complementary direct-
coupled power amplifiers.
And couple that with an
ultra-low THD of 0.03%.

A preamp

you’ll appreciate.

Along with provi-
sions for attaching two
tape decks, we give you
full monitoring controls.
Plus duplication switching
between the decks.

Our special subsonic
filter switch helps elimi-
nate low-frequency warp
distortion.

And our receiver
looks as good as it sounds.
With a sleek slide-away
cover that conceals a full
range of controls, including
tone /defeat switch and a dual
speaker selector.

The Toshiba SA-850 digital
frequency-synthesized receiver.

The next time you’re look-
ing at receivers, don’t believe
every digital readout you read.
Except ours.

TOSHIBA

Again,the first.

Tosh'ba America Inc. 280 Park Ave., New York, NY 11710

| = ) | i ) ol X
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Edward Tatnall Canby

Distortion! A fascinating subject
both for the audio engineer and the
avid listener. It is the very obverse of fi.

At last fall’s AES Convention in New
York, for instance, there was a memo-
rable give-and-take at one of the
morning technical sessions on a new
aspect of this old subject, TIM. “TIM"
for Timothy, otherwise known as Tran-
sient InterModulation. I'm not about
to enter the Timothy fray nor any
other of the sort, but | do approve. |
also love to argue about distortions
and | have my own ideas, as derived
from the listener's hot seat. TIM has
merely reached
that point where
before we can
cope with it, even
measure it, we
‘have to codify and
standardize and
fence it in. It hap-
pens all the time
and it needs to.
Hence the big ar-
guments.

Of course audio
distortions tend to
occur simulta-
neously, all at
once, in the natu-
ral audio state. But
we don’t work that
way. We have to
isolate before we
can measure, and
we have to discover before we can iso-
late. So each of the great major types
of distortion, the obverse of fi, has had
its big moment in the engineering
limelight over these years, almost like
a series of high-level fads. If they’re ar-
guing TIM right now, wasn’t it Ph.D.
last year? That's phase distortion. And
some time before that, quite awhile,
we went into a prolonged hassle over
plain IM, without the T, measured by
nice continuous pairs of clean sine
waves. Then there was T by itself,
minus IM. Big thing, back then, even if
TIM would seem to be a close younger
relative. Transients, mixed, all kinds,
like mixed nuts.

Back at our beginnings came the
granddaddy of all distortions, the old
original, now shortened to HD. It was
the only kind | ever heard about when

| got into this biz, and my earliest
power amps were proud of their low,
low four or five percent harmonic dis-
tortion. Honestly, truly. And don’t
think it wasn’t audible. Most people
enjoyed the sound, not having heard
anything different other than live,
which didn’t really count. Good, solid
harmonic distortion gave you a bright,
metallic sound that could cut through
the soggy layers of early audio out of
low-pass pickups, cactus needles, and
tubby speakers minus tweet. It was
good. And it sounded loud, too.
Sometimes | really miss it.

| take pleasure in the audible audio
distortions because when they go
away | can always hear the difference.
Also, and maybe more important, be-
cause | find to my pleasure that each
and every type of electronic distortion
has its fair analog in live musical
sound, not as distortion at all but as
part of the signal. That’s interesting.

Take IM, for instance. As | see it, IM
corresponds to what musicians call
beats. Sure, there might be a few Il
technical differences, but have you
ever played a recorder (finger holes
and no cassette) right next to someone
else who is also playing a recorder?
What you hear, in addition to the mu-
sical notes, is a shattering series of
loud buzzes and beepings, seemingly
inside your head, bzzz, BZZZZZ,
bheeee, Brrrr, wildly different in pitch

and totally unrelated to the music.
These are sum and difference tones,
which is to say, IM, but they are not
distortion; they are “natural.”” You of-
ten hear them, too, in brass ensembles.
(Oddly, a similar effect can be elec-
tronically generated — pure distortion
— in faulty audio playback of the
same music.)

Call Me Reproducible

Transients have any number of
names in music, which is overpower-
ingly full of them — that’'s what we try
so hard to reproduce. The now prized
“chiff” of the old
or Baroque organ is
one transient that
the 19th-century
organ builders
(misguidedly, ac-
cording to present
thought) were able
to eliminate via
“nicking” of the
pipes, bleeding
away the transients
in favor of steady
state. Then there is
piano. | will not
forget my first pi-
ano edits. Turn a

R piano tape back-
i ll T wards and you
“ "lﬂm! have a sort of
EITHReRRAGE wheeze box — no

transients at the
beginning and a sort of subdued
cough (transients in reverse) at the
end. But turn it frontwards, cut off the
transient “head” — and you still have
a piano sound. | was dumbfounded,
the first time | heard this. The original
transient burst is merely replaced by
an electronic burst of distortion
caused as the sharp edge of the steady
tone goes by your tape head. But is it
distortion? A question. Plenty of ex-
tant piano notes on a million different
records have at least a few of these
synthetic tone bursts, masquerading as
perfectly good signal.

In singing and speaking there are
glottal sounds, a breathy transient
from down in the throat. And conso-
nants — what else is a consonant but a
bundle of transients? In almost every
musical instrument there are deliber-
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Sansui is breaking up

a very successful relationship.
The TU-717 has a new mate: The AU-719.

Sansui nas just introduced an exciting new
integrated cmplifier, the AU-719. It represents the
very latest developments in audio and electronics
technology. It is so good, in fact, that it has replaced
its rave-reviewed, best-selling predecessor as the
partner cf the TU-717 tuner.

The TU-717's performance has been extrav-
agantly praised by professional critics and knowl-
edgeable consumers alike. With advanced features
like switchalzle IF bandwidth and specs like 81dB
signal-to-naise ratio and 0.06% THD. it's only natural.

We expect the tuner’'s new mate to receive a
tremendous reception and set industry amplifier
standards for a long time to come. Here’s why:

INTRODUCING DD/DC
Whal particularly distinguishes the new AU-719
amp is Sansui's patent-pending DD/DC (Diamond
Diffgrential/DC) circuitry that provides the extremely
high drive current needed to reduce THD by adding
large amounts of negative feedback without comp-
romising slew rate or adding TIM.

Slew rate refers to an amplifier’s ability to
respond to rapidly changing musical signals. The
slew rate of the AU-719 is an astounding 17GV/u Sec.

MAGNIFICENT MUSIC

Many modern amplifiers have extremely low
total harmonic distortion specs. And that's important.
But THD is measured with steady test signals and is
not reallv representative of an amp’s ability to deal

with music. Sansui alone, with it’s DD/DC tachnology,
is gble to provide both low THD and lowest TIM
simultaneously. Instead of the harsh metallic sound
you sometimes get on a conventional amp when the
musical signals are complex, with the AU-719 you
hear only magnificent music.

THD is less than 0.015% at fult rated power of
Q0w/channel, min. RMS, both channels into 8 chms
from 10 - 20,000 Hz. Overall frequency response
is awesome: DC - 400,000 Hz, +Q, —3dB. Hum and
noise are a super-silent —100dB on aux and —88dB on
phono. The phono equalizer, which adheres to the
standard RIAA curve within +0.2dB from 20 - 26,000
Hz, also uses our unique DD/DC circuit for record
reproduction that's second-to-none.

CONTRCL YOURSELF
The unit is equipped with a full complement
of versatile controls and connections to create the
system and sound that’s right for you, including two
phono and two tape inputs, defeatatle tone controls
with switchable center fiequencies, deck-to-deck tape
dubbing and a very convenient 20 dB muting switch.

Audition the new AU-719 cnd matching TU-717
at your authorized Sansui dealer. We think it will be the
start of a very successful relationship.

SANSUI ELECTRONICS CORP.

Lyndhurst, New Jersey 07071 « Gardena, Ca. 90247
Sansui Electric Co., Ltd., Tokyo, Japan

Sansui Audio Europe S.A,, Antwerg, Belgium

in Canada: Electronic Distributars
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ately induced percussive transients,
from the bounce of a violin bow on
the string to the takataka tonguing of
wind instruments. As for nonpitched
percussion, notably the drum, the
sound is a mass of transients and not
much else. So we musicians are quite
familiar with transients, though not as
distortion.

All of which [| think makes clear
what we mean by distortion. We are
trying to be faithful to an original, a
“given,” and that includes the faithful
reproduction of all these sound ef-
fects. We can only define distortion,
then, in terms of a prior model, and
the definition of that model can be a
tough problem. Oversimplification is
our greatest trap, the easy way out.
The trouble with IM is that it doesn’t
include TIM; we get false readings
when it comes to actual listening
sound. On the other hand, what do
you do about reproducing an “origi-
nal” that is distributed over 24 sepa-
rate tape tracks? Or how about the hi-
fi reproduction of those electronic
fuzz noises in pop music, deliberate
electronic distortions (are they,
though?) which must be distortion-
lessly reproduced! It’s a slippery world,
and no wonder there are arguments. |
think, though, that it is reassuring to
know that real-life natural sound so
neatly parallels the unwanted, falsely
generated electronic signals which in
fact do constitute our carefully studied
types of distortion.

As a listener, | tend to make my own
categories of audible distortions, just
as | hear them out at the very end of
the long audio chain. | fancy that
these categories do indeed have some
relationship to those of the engineers
in our business — that is, | am hearing
what they are talking about. But as a
musician | can never be sure; | only
know what | like, as the music hater
says.

Categorically Speaking

| have assembled for this month no
less than three Canby Categories of
audible distortion, and you may make
what you will of them. The first, shall |
say my ‘first-order” category, is the
kind which, if | am right, is caused by
harmonics generated in the system,
here, there, everywhere. It is very un-
common now, and usually unmeasur-
able, but it wasn’t so in the past. We
used to hear positively enormous
quantities of this distortion back in the
78-rpm days, early through late. Vast
harmonic content, variably transient,
via the old shellac disc and its crude
“needle” and cartridge and via many a
brave new early loudspeaker. | can
hear all those sounds in my head and
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fact:
ERa IV Began...

and nothing
remained the same

fact:
viscous-damping

straightens out
all your records

fact:
calling this a“brush”

of warps

A
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is like calling this a“radio”

the role of the Dynam
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V15 Type IV...the stabilized cartridge

] SHURE |
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B 15
s wtrnc iy warcod New! Shure V15 Type IV
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The V15 Type IV astounded the audio community with such technological
breakthroughs as the Dynamic Stabilizer, the telescoped stylus shank, and the
Hyperelliptical stylus tip. It was these innovations that helped the V15 Type |V set new
standards of performance in trackability, ultra-flat frequency response, and low
distortion.

The result: incredible critical acclaim; an enthusiastic audiophile following.
The New Era had begun!

NOW! ERA 1V continues in
five new mid-priced cartridges!
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Tip
Stylus Tracking
Model Contiguration Force  Applications
M97HE Nude Y to1%2
o Hyperelliptical  grams Highest fidelity
Nude Biradial Ytol1¥a  where light
MI7ED ~ (Ellipticaly grams tracking forces
- Ytolle are essential
MOTED NueeSPenedl gams
Biradial 1%2t03  Where slightl
M97E . ianvy
- 97EJ (Elliptical) ~_grams  heavier tracking
, 1%to3  forcesare
M9378B Spherical grams required.
78 rpm Stylus Biradial 12103 For 78 rpm
foraliM97's (Elliptical) ~ grams  records.

the M97 Era IV Series

Shure has written a new chapter in the history of affordable
hi-fi by making the space-age technological breakthroughs
of the incomparable V15 Type IV available ina complete line
of high-performance, moderately-priced cartridges: the
M97 Era IV Series Phono Cartridges, available with five
different interchangeable stylus configurations to fit every
system and every budget.

The critically acclaimed V15 Type 1V is the cartridge that
astonished audiophiles with such vanguard features as the
Dynamic Stabilizer—which simultaneously overcomes
record-warp caused problems, provides electrostatic
neutralization of the record surface, and effectively removes
dust and lint from the record—and, the unique telescoped
stylus assembly which results in lower effective stylus mass
and dramatically improved trackability.

Each of these features. . .and more. ..has been
incorporated in the five cartridges in the M97 Series—there
is even an M97 cartridge that offers the low distortion
Hyperelliptical stylus! What's more, every M97 cartridge
features a unique lateral deflection assembly, called the
SIDE-GUARD, which responds to side thrusts on the stylus
by withdrawing the entire stylus shank and tip safely into the
stylus housing before it can bend.

NEW! M97 Series Era |V Phono Cartridges. ..
Five new invitations to the new era in hi-fi.

HERNEE

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

in Canada: A. C. Simmonds & Sons Limited

Outside the U.S. or Canada, write to Shure Brothers inc., Attn: Dept. J6 for information on your local Shure distributor.
Manutfacturers of high fidelity components, microphones, sound systems and related circuitry.
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they weren’t always so bad. Various
terms come to mind, pro and con —
we talked about buzz, blast, grind,
needle chatter, and about worn
grooves and worn needles, sometimes
minus their points, or the tips bent
into a hook. There were cracked crys-
tals, strained speaker cones, tired
tubes, and | don’t know what else —
the resulting sounds had a clear family
relationship, from the gentlest to the
most raucous. Harmonic? Mainly.

If so, that is important. Because eve-
ry such distortion is directly related,
for the ear, to the “fundamental”

sound, the original signal. Harmonics
make not only harmony but, more im-
portantly, the whole range of audible
tone color. So we were able to “read”
this distortion to a remarkable extent
as a kind of added coloration, often
grotesque and hideous, but often rela-
tively pleasant. Some brand-new
speakers in early hi-fi were actually ad-
vertised as “golden” in sound — note
the coloration — though this was per-
haps to avoid the thought of a less
flattering term, “tinny.”

Yes, there must have been plenty of
the other known distortions in these

Quality Music, Quality Pressings, Quality Sound

Nautitus Hali-Speed Mastered Series

ERywe

 EETWODDMAC
RIMY 5

This is the rumour to listen to: Nautilus Recordings an-
nounces the release of its newest Half-Speed Mastered
Superdisc, RUMOURS by Fleetwood Mac. Produced
from the original master tape and pressed on the finest

100% virgin vinyl available.

Also available at your dealers: (Half-Speed Mastered
Recordings} DREAMBOAT ANNIE by Heart and

THE CAPTAIN AND ME by the Doobie Brothers;

,

(Digital Recording) TIP OF THE WEISBERG by Tim
Weisberg; (Direct-to-Disc Recording} STRAIGHT TO
THE HEART by John Klemmer.

Expect more from Nautilus Recordings.

Free Catalog available.

Nautllus Recordings
761 Shell Beach Road
Shell Beach, CA 93449
{805) 773-1848

Dealer Inquirles Invited
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earlier reproduced sounds, even
did not then recognize them. But .
ly the biggest factor was harmonic
tortion in enormously high perce
tages. So | would think.

| cannot say exactly how my “‘sec-
ond-order’” category of audible distor-
tion will look in the figures, but it is
certainly a very different kind of un-
pleasantness, a new sound, cropping
up mostly via late-model advanced cir-
cuitry though | first heard it myself on
early FM. | still do. Strong adjacent FM
station tries to butt in on your music.
Sput, sputter, splat! Unmistakable and
most unattractive. There is no harmon-
ic message in this ugly sound and no
coloration. It is just loud, jagged, a
shattering, tearing noise that is com-
pletely destfuctive. | hate it. But | hear
it more and more often.

Definitely this is the ugliest of all the
gross distortions, far more unpleasant
than any ordinary buzzing or blasting.
If there is music in its origin, an occa-
sional bit of musical pitch often gets
through with the splat, but it is no
more than a hideous gargle, not music.
Purely indigestible, this stuff, and you
can give me Caruso on an acoustic
portable with a broken needle any
day.

A particularly jarring example of this
sputtery distortion was to be heard a
good while back via those brave earlier
four-channel “discrete” record sys-
tems. It came at the dramatic peaks of
volume and particularly via the inner-
most record grooves. Few of us would
care to listen to any music with that
sort of loud sputter coming through
every so often! The CD-4 people made
heroic efforts to improve, and in their
later demodulators the splats were
gone. But, alas, it was too late. No
more. Curious that here we were also
dealing with FM circuitry, via the CD-4
supersonic modulation of the groove
walls. Curious, too, that none of the
“matrix” decode equipment | ever
tried produced this splatty sort of dis-
tortion, not even those with logic.
Probably just didn’t happen to have
the right elements in their circuits to
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All you feel is the music.

Music should be a sensory delight. Butit can't fast transient response have all been acclaimed by
give you the pleasure you deserve if your headphones sophisticated audiophiles, audio critics and musicians
squeeze your ears and hurt your head. worldwide. And the DT 440’s open-air, high-velocity

The Beyer DT 440 is quite probably the world's design gives you a perfectly natural balance be-
most comfortable headphone. At 9 ounces, it's not tween recorded and environmentally-present sound.
quite the world's lightest {that record belongs to our The overali sound is absolutely clear, yet at the
Beyer DT 302). But with its sponge-padded ear- same time, warm and rich. With smooth, undistorted
cups and low-pressure air-fidled headband, it's so reproduction across the entire audible spectrum.

beautifully balanced it just about disappears. Stereo imaging approaches the ideal,

When you plug in the DT 440 providing accurate and dramatic locating

you'll be part of an almosr unbelievably Bever of each and every sound source.

realistic musical experience. The strong D m' Please visit your Beyer dealer.

bass, high efficiency and vna |C He'll make you feel better.
BURNS ALDIOTRONICS, INC.

5-05 Burns Avenue, Hicksville, NY 11801 « (516) 935-8000
In Canada, H. Roy Cray, Ltd.



& An acknowledged world leader in loudspeaker design and
% engineering, KEF has developed a monitor-standard
-zz= gpeaker system that is both small — only Y-cubic foot in
size—and truly “high” fidelity. While these objectives are not new,
the Reference Series Model 101 speaker system represents the
first time that both are available in one product.

The Model 101 is, therefore, ideal for use in locations where an
accurate small speaker is required in keeping with the rest of a
high quality audio system.

System Design

Despite all the ingenious ideas that have been proposed by
various speaker manufacturers over the years, the three basic
parameters of Enclosure Volume, Bass Response and Efficiency
are still related by unchanged physical laws. What is different is
the thorough manner in which KEF engineers have, with the use
of advanced technology, optimized the relationships between
these parameters.

Starting with the premise that prospective Model 101 users will
have substantial amplification available, KEF engineers achieved
a response from this small enclosure of 90Hz-30kHz *=2dB
(-10dB at 47Hz).

KEF’s leadership in computer-aided digital analysis techniques
enabled them to optimize the design of the drivers, crossover
network and enclosure to achieve a Target Acoustic Response
without repetitious trial and error experimentation. Much of this
technology, which did not previously exist, has been applied to the
design and production of a small high fidelity speaker system for
the first time in the Model 101.

Once the desired prototype was completed, KEF applied the
same unique computer-aided techniques developed for the pro-
duction of the critically acclaimed Model 105, so that the sound
quality originally achieved in the laboratory prototype will be
available to every user.

in addition, the high standards of the computer-aided produc-
tion and assembly procedures enable precision-matched pairs
of stereo loudspeakers to now be offered. For example: every
Model 101 driver is tested and matched to tolerances of better
than 0.5dB, and crossover networks to tolerances of 0.1dB; each
pair of drive units is matched not only to each other, but to the
other components in the system as well.

Loudspeaker Protection

The major problem with small, relatively less efficient loud-
speakers is thermal overloading of the voice coils. KEF engineers
have developed a unique self-powered electronic overload pro-
tection circuit, S-STOP (Steady State and Transient Overload
Protector).

Musical peaks are generally of short duration, so tweeters can
handle far in excess of their normal program rating. A similar situ-
ation exists with low frequencies and their effect on the bass unit.
Consequently any form of fuse protection can reasonably limit the
instantaneous peak handling ability of the system, yet fail to pro-
tect the system against a very high average power level. KEF's
solution is to incorporate a protection circuit which takes into ac-
count the instantaneous power applied to each drive unit and also
computes the length of time the signal is applied. The law under
which it operates resembles very closely the temperature rise
within the voice coil. A potentially damaging signal is immediately
attenuated by about 30dB, and the full signal is automatically
reconnected when it is safe to do so.

As a resuit, the Model 101, although only Ya-cubic foot in size, is
fully protected against fault conditions when used with amplifiers
of up to 100 watts per channel.

The Model 101 is obviously not your average “miniature”
speaker system where the quality of sound or power handling
capacity is compromised by the small size of the enclosure.
Nor is it inexpensive. If you require a speaker system that
is both small and truly high fidelity, visit your au-
thorized KEF dealer for a thorough demonstration.
For his name, write: KEF Electronics, Ltd., c/o
intratec, P.O. Box 17414, Dulles International Airport,
Washington, DC 20041.

KEF

KEF
Reference Series

Model 101;

Accurate,
Small,
Protected
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D-Lightful

I won’t dwell long on my “third-or-
der” audible distortion because, well,
it gets into aesthetics. But | have to
bring it up because it just happens to
be our greatest concern these days —
the hi-fi reproduction of unwanted
noise, the sounds we never asked for
but get anyway. Qur equipment can’t
tell the diff. between noise and signal,
and that is the rub. We are frantically
going this way and that in our search
for the means to get rid of noise with-
out getting rid of signal too. We have
gone far. Autocorrelators (excellent)
new metal tapes, plus hopefully better
disc surfaces, Dolby, dbx, direct-to-d,
digital, maybe even some more uses of
the letter “D” for all | know. Yet at
home | still hear unwanted noises, just
as you do. They are terrifyingly diverse
-— we have to scatter our fire. FM ster-
eo may give out splats but it is also still
pretty hissy. Even the natural ambient
sound of a concert hall or church can
get to be a big problem — but there
we get into the aesthetics because that
ambience is part of the signal, even a
part of the musical effect, and there-
fore we must treat it with deference.

The nearer we come to true silence
in our media background, the more
careful we must be of all the tiny
noises that are still strictly signal
Where we now have that new silence,
in all-digital recording, via dbx encod-
ed discs, even in a few direct-to-disc
releases (by no means all of them!), we
suddenly find exasperating new prob-
lems thanks to the ear’s uncanny abili-
ty to hear ultra-low-level residual
noises once they are unmasked.

Don’t . misunderstand me—| have
been fascinated by my first batch of
dbx noiseless discs and am certain that
this is the most important new system
we have seen in recent years that uses
the still-viable LP record as its base. It
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has caused me absolutely no trouble
since | got the levels of in and out ad-
justed properly—never a splat again.
But there are a few mighty interesting
further items to be noted in connec-
tion with dbx.

For example, on a number of dbx
discs from various labels, | became
aware that some tape editor had re-
peatedly cut off the die-away reverbs
at the end of the musical segments be-
fore they had quite disappeared. Now
that is an old fault, seldom heard to-
day thanks to more aware and careful
editing. So why here? | suspect that
the answer is as you might guess—the
noiseless disc has uncovered a new
area of audible die-away where for-
merly the sound merged into general
surface noise. Now we have to edit
further down, virtually to zero. It's as-
tonishing the way the ear can pick up
these tiny faults, down in what used to
be (still normally is) the proverbial
mud. Caveat editor!

I also noticed on the dbx discs that
the problem of built-in hall ambience
is not always adequately solved. It is
quite normal today for a record pro-
ducer to fade hall noise down to zero
between movements, where there is
normally a strip of leader tape inserted
to fill up the time. OK-—we mostly
don’t notice this because once again
the ambient noise blends into the sur-
face sound. Now, alas, we must re-
think this problem. On a number of
dbx discs | became unpleasantly aware
of these between-movement breaks,
because not only is the ambient sound
nakedly clear—distant buses, cars,
faint clunks and bumps, even maybe
the ghost of a voice or two—but the
sudden fade-out for the leader strip
leaves you thinking your system has
just died. Total, disconcerting silence.
And a clear disruption of the musical
continuity.

We'll have to devise better ways,
once it is established for the ear, to
keep this ambient signal noise going
(or fade it with care when it does have
to go). In that way it is subliminal,
which is the way it must be.

Well, the direct-to-disc boys and
girls should be happy with this. No
editing. Just one continuous play,
straight through in real time, and am-
bience all the way. Just don’t be
tempted to close down your pots be-
tween numbers, you people. I'd much
rather hear a few discreet coughs and
a creaking chair than have to go
through more of that unnerving sud-
den total silence in midstream. Aren’t
coughs and chair scrapes a part of mu-
sical performance? Is not silence, in
this case, a clear distortion? You’d bet-
ter start thinking so. A

Empire’s revolutionary
cleaning method peels
off every trace of dirt,
dust and oil from deep
down in your record’s
grooves.
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Bert Whyte

Recessionary in-
fluences notwith-
standing, the Au-
dio Engineering
Society held its
64th  Convention,
November 2 to 5,
amid the some-
what faded splen-
dors of the Wwal-
dorf Astoria in
New York. Al-
though rated as
“the biggest AES
Convention ever,”
there is no doubt
that the present
economic uncer-
tainties are being
closely monitored
by many manufac-
turers. Let us say
that the audio industry is sipping
champagne, but it is of the domestic
variety, not vintage French!

As you might expect, digital record-
ing technology still holds the spotlight
as the major topic of interest. 3M,
which has been offering its 32-channel
pre-mix digital recorder and 4-channel
master recorder on a lease basis, is
now making these units available on a
direct sale basis. The 32-channel unit is
priced at $115,000 and the 4-channel
master recorder at $35,000. At the Con-
vention, 3M introduced a 16-channel
pre-mix digital recorder at $72,500, and
a 16-channel update kit (to convert
the 16-channel recorder to 32 chan-
nels) for $53,200. These new digital re-
corders are said to b available for im-
mediate delivery. Also new from 3M
were two digital-delay preview units
for disc-cutting, a 1.3-second preview
unit for $5,500, and a 1.96-second-de-
lay preview unit for $7,400. The elec-
tronic editing system introduced at the
63rd ALS Convention is priced at
$7,500 and has recently been made
available.

Much interest was shown in the
new Mitsubishi X-80 digital recorder.
This is a two-channel stereo recorder

R 7
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using quarter-inch tape at a speed of
15 ips. Its stationary head unit affords
one hour of recording on a 10%-inch
reel. The X-80 is a relatively light and
transportable 143 pounds, lending it-
self to location recording. The unit
uses 16-bit linear encoding with a sam-
pling frequency of 50.35 kHz. The
PCM signal is subjected to modified
frequency modulation and is distribut-
ed among eight tracks on the quarter-
inch tape, with a high recording densi-
ty of 797 bit/mm. One auxiliary analog
track and one SMPTE code address
track are provided outside the digital
tracks. The analog track permits nor-
mal tape-cut editing, with special cir-
cuitry allowing continuous phase-lock
control across the splice point. The
SMPTE code track allows electronic
editing. Drop-out error correction is
via cyclic redundancy check code,
with interleaving and interpolation.
Click-noise generation incidence is
said to be extremely small. Frequency
response is claimed to be within *0.3
dB trom 20 Hz to 20 kHz, while the
dynamic range is said to be over 90 dB,
with less than 0.02 percent distortion
at peak levels. To make their digital re-
cording system complete, Mitsubishi

I
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¢ also offers the XE-1
electronic editor
and a disc-cutter
preview unit with
delay times adjust-
able from 0.8 to 1.8
seconds. What
caused quite a stir
among the smaller
independent re-
cording companies
were the Mitsu-
bishi prices—
“around  $20,000”
for the X-80 digital
recorder, with the
electronic editor at
$8,000, and the
disc-cutter delay
unit at $7,000. In
other words, for
around $55,000 you
get two X-80 recorders (one for record-
ing, one for editing layout), the editor,
and preview unit. This presently makes
the Mitsubishi digital system the least
expensive entry into digital recording.

Several From Sony

Sony continues to concentrate on
digital recording technology. In fact,
they now bill themselves as the
“world’s largest producer of digital re-
cording equipment.” Their exhibit in
the ballroom of the Waldorf was al-
most entirely devoted to digital units,
and they introduced a number of new
products. Of prime interest was the
PCM-3324 digital recorder. The system
consists of a 24-channel transport with
fixed heads, using half-inch video tape
at 30 ips, with a separate rack mount
for the digital audio processor. At 30
ips, this machine can record for 60
minutes on a 14-inch reel of Sony V-16
video tape. The recorder uses 16-bit
linear encoding and has the facility of
switchable sampling frequencies of 32
(some Europeans favor this), 44.056
(EIA] standard), 441, 48, 50.0, 5035,
and 50.7 kHz. The track format is two
digital tracks per channel, one track for
SMPTE time code, and two tracks for
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ngb Idellty ic the sum total ¢f aud'o experiénce. It means-not
only.superb styling but ease of Gperation..It also means the joy of
listehing, even ir. the midst of a frenetic werk'schedule. Just turn

on the system, relax and forget ¥our problems and expenence an,

audio happening.

The total audid experience can't be: gleaned from specifica-
tions. Itmust be heard... felt. Because maay Lux original
technical developments enhance the 2xperzience, they are not
easily specified

The Lux L-11drtegrated Amplitier uses Rzaitime Processed DC
Amplification.r: a conventionallamphifier.a capacitor is used:in
the negative feedback loop to esminate wave form d|stortlon, but
itinturn triggers time lag causing phase d stprtion in the lower
frequenty and transient distortion in the higher frequency. Lux’s
approach to this problem as seen in the Model L-11 was to drop
the capacitor from the negative feedback 150p; thus erasing the
time lag causing phase and trarsient distcrtion. DC drift was
solved by thets3 of Lux’s exclusive DML-IC (dual monolithic
linear integratec circuit).

Lux 5K50 Cessette Deck uses our ERBS System. Bullding a
superb cassettedeck needs more technology:han standard
decks. To make the most of the unit's 3-head design, the BRBS
variable bias system is providec. This Bridge Recording by
Bias Current and Signal Current avoids transient and
phase shift distortion.

Lux R-1120A Tuner/Amplifier and our T-12 Tuner both use the |
Closed Lock Loop Tuning System. Since it’simpossible to enjoy
mistuned FM, or to relax when you have to jump up and ‘etune,
Lux has perfected frequency contral.

While most quartz lock systems _operate an the front end only,
Lux goes further, with Closed Lock Loop controlling thefront end,
the IF and detector circuits, with strong. instantaneous corrective
feedback to the exact center of the desired srequency renge.
Another locking circuit, Accu-lockiM physlc;lly locks th2 tunirg
knob at the desired ponnt Not only does Lux’'s system dzliver
perfect'tuning, it retains the last tuned frequency even when the
power is turned off and on.

Lux PD-277 offers quality and convenience. Using a Lx
designed, servo-controlled brushless, siotless motor, wow and
flutter is extraordinarily low at 0. 03‘% while signal-to-ncise ratio
is 60dB.

Other outstanding features are a straightlow mass tanearm
and vertical pivot construction for minimizing resonanc2 and
instability.

Quality and convenience are evidenced by electronic contrals
for allanajor functions and a separate motor for the tonearm
eliminates noisy, friction-producing linkage.

These and other innovations are typical cf Lux’s outlook. But
none of this shows up on spec sheets. Only listening wi!l prove

that all of Lux is for your pleasure.

See your nearest Lux dealer for a unigue listening experience.

LUX AUDIO OF AMERICA, LTD.
160 Dupont Street, Plainview, NY 11803 (516) 349-7070
11200 Chandler Blvd., North Hollywood ‘CA 91603 (213) 985-4500
In Canada: Lux Audio of Canada, Ltd., Ontario

Due to the tremendous response from consumers; Lux has decided to extend the
Great Rebate Program from December 31, 1979 to January 31, 1980.
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analog audio. The analog tracks permit
normal tape-cut editing, while the
SMPTE track affords electronic editing
and multi-deck synchronization.
Punch in/out recording is also provid-
ed. There are analog as well as digital
input/output connections for interfac-
ing with existing analog and new gen-
eration digital studio systems. Sony
has a new correcting code and modi-
fied cross-word error-correcting sys-
tem in this unit. With the data blocks
incorporating internal as well as exter-
nal error-checking, there is a total of
41.7 percent redundancy for synchron-

ization and correction. Sony claims
this new PCM-3324 recorder affords
digital-to-digital duplication with no
signal quality deterioration.

While the Sony 1600 PCM with U-
Matic VTR is now on the market and
has been used for digital location re-
cording, their new portable digital re-
corder, the PCM-3204 introduced at
this AES Convention, would seem to
be even more suitable for this type of
use. The PCM-3204 is a 4-channel,
fixed-head unit using quarter-inch vi-
deo tape at 15 ips. At this speed, two
hours of recording are possible with

L;ig]l pionee_r; the new shapé of sound.

Leigh is proud to lead the way into the
Eighties with a shape that will revolutionize
the world ol speakers. The new shape of

sound: The Leigh ECD: You'll probably
callit The Egg. It represents the
breakthrough in speaker design
that everyone has been
waiting for.

We've put our 56 vears of
experience into producing
this speaker. The ECD is
molded from energy
absorbing compounds

*Elliptically Controlled Diffraction

which permit the use of continuous interior
curves and create its unique sound.

Sound so pure. sound unfettered by flat
surfaces and sharp edges. Sound so
uncolored it seems to just appear
in the air.
Try a pair.
You can position them
almost anywhere . . . floor.
ceiling, walls. Then sit
back and let the new
shape of sound wash
over you. Unforgettable!

Available at leading audio dealers in Canada and the U.S
For the name of your nearest dealér.
write to Audio Marketing Group, Leigh Instruments Limited, Audio and Power Division.
350 Weber St. North, Waterloo, Ontario. Canada. N2J 4E3
Telephone: (519} 884-4510. Telex: 069-55440

LEIGH

Listen to Leigh
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Sony PCM-3324

14-inch reels of tape. As with the
PCM-3324, the tape format is two digi-
tal tracks per channel, one SMPTE time
code track, and two analog audio
tracks. Thus, both tape-cut and elec-
tronic editing are possible. The PCM-
3204 also uses the new error-correcting
code. This recorder uses 16-bit linear
quantization, with the same switch-
able sampling rates as the PCM-3324.
Complete A-D and D-A conversion fa-
cilities and all digital circuitry are inte-
gral in the portable case. At nearly 250
pounds, it might be better to call this
recorder “transportable,” rather than
portable! No pricing given yet, but this
attractive “purpose-built” digital re-
corder would seem to be well-suited
to classical location recording, espe-
cially of the miminum microphone
“purist’” variety. When available, I'd
love to give this unit a good workout
with something like The Rites of
Springor the Mahler 3rd Symphony!

Another item Sony introduced was
their DRE-2000 digital reverberation
system. This is a two-channel delay
and reverberation unit, with a micro-
computer to preprogram up to nine
different modes of reverberation. De-
lay time range is from 0 to 255 mil-
liseconds, with reverberation times
from 0.1 to 9.9 seconds. The unit ac-
cepts 16-bit digital input and output
signals directly and has built-in A/D
and D/A converters. A single-cable re-
mote control is supplied. Also new
from Sony was the DSX-87 sampling
rate converter. This two-channel unit
with its own internal clock can convert
in real time from 44.056 (for video-
based PCM converters) to the 50.35
kHz sampling rate used in Sony’s 3300
series open-reel digital recorders. In-
puts are also available for external sys-
tem clocks, allowing interconversion
between other sampling frequencies
in 7:8 or 8:7 ratios up to a maximum
frequency of 55 kHz. The DSX-87
avoids the problem of leaving the digi-
tal domain, going to analog, and re-
turning to digital when dubbing be-
tween recorders with different sam-
pling rates.
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The weakest
link in your hi-fi system
isn’t in your system.

You could spend thousands of dollars more than 1/3 cf this vital dynamic ~ mode. will let yoa =njoy all the music
2n your sterec system and still not rang=_ But add a dbx Dynamic Range you never heard from your record
aear its full masical potential. That's Expamndzr tec any sys:zem, large or and tzde Bbrery.
Jecause all hi fi systems, even the small, and the missing dyram.ics are Cont bet the weak link make
most sophisticated, have one weak amasingly r=stcred. your investmentir a good stereo sys-
link — the music source itself. dhx of‘ers three state-of-the-art tem wcrthless. V sit your nearest dbx
Dynzmic range (the difference  exparders tha: let every stereo sys-  d=aler for ademerstration of the dbx
between the loudest and quietest tem fl=x its musical muscles. The dynaric sange expander that best
music passages) is one of the primary 1BX, 2BX IBX flynamic Range Ex- fits ycur budget. Experience all the
2lements -hat creates the power and pancers providz as much as a 50% emotiona impact and r=alism that
sxcitement of a live performance. improvement in dynamic range, with was missing from vour music. Rec-
Records (2ven digital and direct-to-  the additicnal kenef t of up te 20dB  ords, :apes and radio broadcasts
disc), pre-recorded tapes and radio ' reduzcion of bazkground noise. Any  never sounded so 3cod

broadcasts sound lifeless in com- dbx,lrcorporated. 71 Chapel St.,
parison because they're missing II Newton, MA (21€5.(317) 964-3210.

Making Good Sound 3e:ter
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It sounds
like music.

Interface:C Series !
is the fulfillment of
our six-year asso-
ciation with optimally
vented speakers based
on the theories of
A.N.Thiele— speaker
designs first introcduced

B by Electro-Voice in 1973,
The Interface:C offers
you aunique combination
of high efficiency and
high power capacity — the
only way to accurately
reproduce the 120+ dB
peak sound pressure
levels found in some
types of live music.

.

‘ The SuperDome™
¥ tweeter, an E-V exclusive,
- and the VMR™ vented

midrange driver, the first
to apply optimally vented
design to mid frequen-
cies, ensure your music
is reproduced without
the coloration normally
found in other highi-
efficiency drivers. An
honest 30 Hz low end
totally eliminates the
need for expensive sub-

woofer assemblies.

When you spend $1,000

for a speaker system,
get your money's worth.
Audition the Interface: C
Series |l at your nearest
Interface dealer. If you
want a speaker that

~ sounds like music, the

R et G
Ey ElechroVoice’

cgUlm company

600 Cecil Street, Buchanan, Michigan 49107
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Lastly, Sony showed their new PCM-
100 digital audio processor, a sort of
upgraded version of their original
“consumer” PCM-1 unit. The PCM-100
can be used with either Betamax or U-
Matic video recorders. The PCM-100
uses the new Electronic Industries As-
sociation of Japan (EIA)) standard of
14-bit linear quantization with the
usual 44.056-kHz sampling frequency.
Dynamic range is claimed to be greater
than 85 dB, with less than 0.05 percent
peak harmonic distortion, and a fre-
quency response flat within 2 dB
from 3 Hz to 20 kHz. It is interesting
that Sony suggests that the PCM-100 is
especially suited to mass duplication
of digital music VCR tapes. One PCM-
100 unit between two VCRs is all that
is needed for digital-to-digital dub-
bing. Sony claims that even multigen-
eration dubs will be identical to the
digital master.

Over At Pioneer

In other digital activity at the Con-
vention, Pioneer made a very strong
case for the dual-purpose PCM disc,
showing their laser/optical PCM play-
er for video and PCM audio discs.
While their player can handle laser-
scanned video discs and may have
some compatibility with the Sony vi-
deo disc, they emphasized its digital
audio playback capabilities. The
quantization is 16-bit uniform, with a
sampling frequency of 50.35 kHz. Pio-
neer claims a dynamic range of 96 dB
and a frequency response of *0.5 dB
from 2 Hz to 20 kHz. They also note
their optical disc system has a
bandwidth of 10 MHz, three times
greater than ordinary home VCR sys-
tems. Playback is via a diode laser on
the disc spinning at 1800 rpm. Interest-
ingly, the Pioneer disc has four chan-
nels with more than 80 dB separation
between channels. Now that is what
you call discrete! With four-channel
sound, playback time is one hour per
side; with stereo playback, it is two
hours per side. Imagine — most operas
could be recorded on one disc of 301-
mm diameter! | should note that at the
recent Japan Audio Fair, JVC showed a
4-channel version of their PCM capaci-
tance audio disc.

There was no digital recorder shown
by Ampex. They actually have tested
several experimental units but feel fur-
ther research into digital technology is
required to satisfy their criteria for a
digital recorder. In the meanwhile, re-
alizing that analog recording is very
much with us and will be around for
some time to come, they introduced a
new generation analog recorder, the
ATR-124. This is, in essence, a 24-chan-
nel version of the ATR-100 using two-
inch tape. Ed Engberg, the Ampex de-

1l

Ampex ATR-124

sign engineer who originally worked
on the ATR-100 and is their newly ap-
pointed audio products manager, was
kind enough to give me an operating
run-through on this incredibly versa-
tile machine, which appears to do ev-
erything for the studio recording engi-
neer but shine his shoes! Even though
2-in¢h tape is used, the ATR-124 has
the same kind of closed-loop, d.c. ser-
vo transport that maintains constant
dynamic tape tension at each reel; in
all operating modes, without pinch
rollers. New flux gate record heads
combine recording and sync playback
windings on one head. As in the ATR-
100, recordings are phase equalized.
Input and output modules are
transformerless. The ATR-124 handles
up to 16-inch reels for longer record-
ing time at 30 ips. There is program-
mable monitoring with memory, with
a battery-powered backup memory in
case of a.c. power failure. If there is
something wrong with a particular
channel (or channels), the VU meter
for the channel in question will flash a
red warning. With dynamic reel-ten-
sion controls, it is possible to intermix
reel sizes, i.e. 5-inch with 16-inch. The
ATR-124 “Setup Memory” will store
four individual setups of 24 channels
each. All controls are touch-sensitive
membrane types, linked to micropro-
cessors. The same is true in the remote
control unit. There is a “rehearse’” con-
trol button, permitting manual re-
hearsal of a setup hefore actually com-
mitting it to final recording. And on
and on. Quite a machine!

Next month VIl wind up the AES
64th Convention report with a number
of interesting items, including a new
addition to the ultra versatile BADAP
unit from Barclay Analytical that
shows a color stereo display on a CRT
and the out-of-phase components in a
contrasting color display! 4
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TEAC

TEAC TODAY:
THE X-SERIES.

Youre
looking at four
new machines
that have more in
common with
data recorders
than audio re-
corders. Together
they are called
the X-Series. And
they bring a total-
ly new kind of
technology to the
open reel tormat.

Each
X-Series transport
is an instrumenta-
tion mechanism.
For 15 years, this
TEAC design has
stood the gruel-
ing test of time in
computer instal-
lations where
dependability is
worth millions.

The basic
configuration is closed-loop dual
capstan. It's extraordinarily quiet, stable
and precise. Wow & flutter is very low.

Speed accuracy very high.

Three DC motors drive the tape. Theyre
used to keep changes in motor temperature to a
minimum under different loads so constant torque
is maintained.

Our Magnetloat tlywheel assembly, a com-
pletely new concept, uses magnetics rather than
mechanics to eliminate problem-causing springs and
pressure plates. Axial variations between the tape
and capstans are prevented so proper tracking is
assured. The result is highly accurate audio repro-
duction even after years of hard use.

The X-Series transport maintains ideal tape-to-
head contact. Audible drop-outs, level and frequency
losses are absolutely minimized. Frequency response is
wide and flat. And signal articulation is unusually clear.

2 “...‘
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‘dbx is a trademark
of dbx. Inc

The brain
behind the trans-
port is our LSI
control chip. It

\ eliminates the
N\ need for me-

W\ chanicalrelays
5O transport
control is taster,

more positive
and reliable. The

L3I also lets us pro-

vide full motion-

sensing in the

X-10 and X-10R.

Within

the X-Series,

machines have

been specifically
designed tfor bi-
directional
record and play-
back. Perfectly
symmetrical head
stacks (6 heads

in all) assure top

performance in

both directions. There’s
automatic reverse and repedt.
And two-way cue monitoring.
New audio electronics
accompany this new transport tech-
nology. Record and playback amplifiers
are quieter and completely free of audible distortion.
The sound is cleaner, more faithful to the source. The
fidelity is unsurpassed.

An option previously available only on our
protessional recorders can now be added to any
X-Series machine. Called dbx [ this noise elimi-
nation system adds 30dB to the already high S/N
and over 10dB of headroom to give you master-
quality recordings.

If your audio perception is critical, your
listening standards high, audition an X-Series
recorder The performance is flawless. The sound

peerless. TEA C

\
/&E

©1979 TEAC Corporation of America. 7733 Telegraph Road, Moniebello, CA 90640 In Canada. TEAC is distributed by White Electronic Development Corporation (1966) Ltd



Real Power
for the Real World:

The Apt 1 Amplifier

Apt Corporation believes there’s only
one good reason to create a new pro-
duct: a genuine need. The Apt 1 Amp-
lifier is just such a product. With 3dB
of Dynamic Headroom, it can deliver
as much as twice its 100w average
rated power (20 Hz-20 kHz @ 0.03%
THD) on musical peaks—just as pro-
gram material so often requires. And,
it can deliver this extra performance
into any actual loudspeaker, not just
on the test bench. The Apt 1also in-
corporates new approaches to power
supply, driver stage, and protection
circuit design, which all contribute to
a uniquely useful amplifier.

Problem Solving
in a Real System:

The Holman Preamplifier

You don't live in an ideal world—
neither does your stereo music sys-
tem. The Holman Preamp is the re-
sult of over 2 man-years of research
into how and why components be-
have in real-world hifi systems. As
such, it provides an unprecedented
balance of features and perfor-
mance, which combine toward a
common goal: sonic excellence.

The Holman Preamplifier and the
Apt 1 Amplifier; individually or to-
gether they make music systems

work better, and sound better.

For information, check the appro-
priate box(es) below and send with
your name and address to:

Apt Cormporation
Box 512
Cambridge, Massachusetts 02139

O Apt 1 Amplifier brochure and the
name of your local dealer.

O Holman Preamplifier brochure.

O For an Apt 1 Owner’s Manual,
please send $4 ($5 foreign).

Enter No. 3 on Reader Service Card

Joseph Giovanelli

FM Distortion vs. Signal Strength

Q. I notice a peculiar effect from my
tuner. | have it connected to a simple
dipole antenna made from a 60-in.
length of twin lead. | get plenty of vol-
ume and a strong signal on the tuning
indicator from most New York-area
stations, although | live 20 to 30 miles
away. There seems, however, to be a
harshness in the upper midrange and
treble passages during the playing of
orchestral music. The harshness does
not seem to be present in solo and
voice passages. | believe that | get a
definite improvement when | connect
my TV antenna to the tuner.

— Name withheld

A. The distortion you notice on your
FM tuner may, in part, be caused by
insufficient signal strength. In some
tuners, the if. bandwidth increases
with signal strength. This increase
takes place even when the limiters be-
gin working. | have noticed that in
some tuners, especially those of older
design, the i.f. bandwidth may be nar-
row enough under weak or even
moderately strong signal conditions
that the i.f. system cannot accommo-
date a fully modulated FM signal.

By connecting your tuner to an out-
door antenna, signal strength is in-
creased, and i.f. bandwidth will in-
crease. Hence, audio quality improves.

It may also be that the outdoor an-
tenna is less subject to multipath re-
ception than the indoor antenna. Such
reception problems can lead to distor-
tion. If possible, therefore, use the out-
door antenna. If this is not possible for
some reason, try orienting the indoor
dipole for best signal quality, regard-
less of signal strength.

Loudspeakers and SPL

Q. I have heard from friends that the
Dahlquist DQ-10a speaker would cre-
ate too much sound pressure for my
neighbors to endure at “normal” lis-
tening levels, which for me are 85 to 90
dB as indicated on my SPL meter. |
have been told that | should live in a
detached home to use such a speaker.
Is this true? — B.L. Byrams, Beltsville,
Md.

A. Any speaker — Dahlquist or oth-
erwise — can produce listening levels
which will annoy neighbors. This fact
is not a reason to buy or not buy any
given speaker. For example, a stove is

capable of heating up a frying pan to a
point where the fat can catch fire. This
is not a reason to get rid of the stove;
rather, it tells us to use the stove with
care. This same logic applies to the use
of a loudspeaker system. Of course,
any reasonably good (or better) speak-
er can be made to produce high SPL,
but by turning the volume control
down, the sound level won’t be too
loud for you or your neighbors. Use
your sound system to suit your partic-
ular circumstances.

Tube Substitution

Q. Being of the old school, | still like
and use tube amplifiers. The tube line-
up of my present amplifier is: EF86,
6SN7GTB, two-6L6GBs and a 5U4GB.

I would like to have a complete kit
of spare tubes. | have been consider-
ing the purchase of a pair of 6L6GCs
and a GZ34 and substituting these for
the 6L6GBs and for the 5U4GB.

Is there a reason why these substitu-
tions should not be made? Do these
tubes produce any change in operat-
ing conditions such as undesirable in-
creased voltages? — John Kogler, New
York, N.Y.

A. | see no reason why you cannot
substitute the tubes as you have out-
lined. The GZ34 has a definite advan-
tage over the 5U4. This tube will not
warm up until the other tubes in the
amplifier have done so, which will
eliminate the high, no-load voltage
that stands across the filter capacitors
when the quick-heating 5U4 is used.

Eliminating this no-load voltage is
especially useful now, inasmuch as the
filter capacitors in your amplifier are,
no doubt, quite old. The high, no-load
voltage could otherwise cause these
capacitors to break down.

The internal resistance of the GZ34
is a bit lower than that in the 5U4. This
will result in slightly higher operating
voltages, but will in no way impair the
operation of your amplifier.

The 6L6GC is a bit more rugged than
its predecessor, so this is a good
change, too. A

If you have a problem or question about audio,
write to Mr. Joseph Giovanelli at AUDIO Maga-
zine, 1515 Broadway, New York, N.Y. 10036. All
letters are answered. Please enclose a stamped,
self-addressed envelope.
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The Universal Expander

Dynamic range limiting during the production of records
(and of FM broadcasts) has long been a source of
irritation for music lovers. As playback equipment
improves, the limitations of most program material
become more and more obvious. The vast majority of
records are produced with the lowest common
denominator in mind—a system that is restricted in its
ability to recreate natural dynamic range.

With the introduction of the Dynamic Expander, MXR's
Consumer Products Group has achieved its goal of
providing a signal expansion technique for all types

of music compatible with the finest audiophile
equipment available.

Enter the typical dynamic range
expander: While dynamics are restored, a series 0
disturbing side effects becomes apparent. Because
typical expanders cannot distinguish scratches, ticks,
pops, and rumble from music, these noises trigger the
expansion circuitry. More importantly, because most
existing expanders have a fixed value release time, they
seem to 'pump’ with some music, and hiss or 'breathe’
with other kinds of music.

In most cases these drawbacks have outweighed the
advantages of expansion for the critical listener.

Enter MXR’s Dynamic Expander: a
linear signal processor with up to 8 dB upward
expansion (restoring musical peaks) and as much as 21
dB downward expansion (reducing noise). MXR has
solved the problem of ‘breathing and pumping’ by
providing a variable release-time control that tailors
the response characteristics of the expander to the
program material.

A sophisticated level detection circuit discriminates
between music and unwanted information such as

rumble and scratches. To monitor gain changes, a
unique LED display accurately indicates the expander's
effect on the signal whether in or out of the circuit. A
level control adjusts the detector’s sensitivity to optimize
the expansion for varying signal levels, and additional
controls provide in/out bypass switching and versatile
taping facilities.

The MXR Dynamic Expander preserves the bandwidth,
stereo image, and spectral balance of the original signal
even after processing. Dynamic range expansion that is
musically natural will restore the excitement and nuance
that makes live music so emotionally satisfying, and will
let you rediscover your cherished recordings.
Harnessing innovative technology and sophisticated
production techniques, MXR continues its commitment
to the music lover.

The expanding universe of signal-
enhancing equipment from MXR's Consumer Products
Group gives demanding music listeners maximum
performance from their playback systems regardless of
room acoustics or program deficiencies. The MXR
Compander allows you to maintain the dynamic range
of source material through open reel or cassette tape
decks. Environmental equalization is easily achieved
with your choice of stereo 10 band (full octave}, stereo
15 band (two-third octave) or professional one-third
octave equalizers all built to the exacting performance
specs for which MXR is famous. See your MXR dealer.

MXR Innovations, Inc., 247 N. Goodman Street,
Rochester, New York 14607, (716) 442-5320

==

Consumer
Products Group
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Equipment Directory Specs

The Annual Equipment Directory
published each October by Audio is
certainly a service to the buying public
since it contains so many specifica-
tions on so many pieces of equipment.
But the reader clearly is invited to
make comparisons among brands, and
within a brand, using the published
specifications as guidance. For exam-
ple, a listener could rightly want to
know how much money needs to be
spent to achieve a certain level of per-
formance, or where more money spent
yields ever decreasing returns,

Unfortunately, in several key areas
there is much left to be desired to
make such comparisons useful. Obvi-
ously it is the manufacturers who must
supply accurate data to Audio; no one
organization could hope to make the
40,000 measurements necessary to
publish such a comprehensive listing.
But there are often co~flicting stand-
ards which result in measured, but not
real, differences. Even within one
standard, setup conditions can also in-
fluence the results.

Outlined below are some of the
more obvious areas where compari-
sons must be made with a grain
(should I say a shaker?) of salt.

Phono Signal-to-Noise Ratio. Phono
signal-to-noise is the specification
with the largest deviation from reality.
This is clear in just glancing down the

range of stated signal-to-noise ratios;
the range encompasses figures from 60
to 160 dB! This should be and is unbe-
lievable, and the principal problem
with it is that it sours people on the
ability of competent engineers to
make real, valuable measurements.
We often hear the argument voiced
that measurements don’t mean any-
thing because the instruments do not
measure anything like the way we
hear. In fact, IHF Standard A-202 speci-
fies a “dummy"” source impedance and
appropriate psychometric weighting to
closely associate measurements and
listening.

The extreme range of the signal-to-
noise specifications should give away
the fact that manufacturers are not un-
iformly using the standard. While
probably none of the measurements is
an outright lie, the range itself should
tell us that the results are not credible
for comparison. And this indeed is the
case.

The problem is that some manufac-
turers are measuring with a shorted in-
put, while others employ the car-
tridge-like source impedance specified
by IHF A-202. The real problem here is
that one can actually design for better
performance with a short circuit than
with a cartridge, then measure with a
shorted input and get phenomenal
signal-to-noise ratios which are not in
any way achievable in practice.

The only way to obtain a signal-to-
noise ratio, re: 5 mV, “A” weighted,
with the IHF source impedance con-
nected, would be to reduce the tem-
perature of the source impedance to
within 2 millionths of a degree of ab-
solute zero! Any actual source im-
pedance has associated with it a cer-
tain amount of noise due to the ran-
dom motion of electrons in a conduc-
tor at room temperature (similar to the
Brownian motion of electrons in the
atmosphere). The only way to elimi-
nate this noise would be to reduce the
temperature of the source impedance
or cartridge to absolute zero (one visu-
alizes mad-scientist experiments with
tanks of liquid nitrogen connected to
tubes running down the tonearm to
supply the cartridge with cold).

The noise level of the IHF standard
source-impedance terminated with
200 pF and 47 kilohm is 78 dB below a
5-mV, 1-kHz input when “A” weight-
ed. Since any realizable circuit will add
some noise, signal-to-noise ratio num-
bers close to this have likely been
measured in accordance with the
standard and may be compared. Of
course, some manufacturers are more
conservative than others: Some give
the limit of production, while others
give the average.

Conclusion: One should look on all
numbers greater than 78 dB as proba-
bly representing a shorted input con-
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Why Yamaha speakers
sound better than all the others.
Even before you hear them.

To make a speaker that produces accurate
sound is not simple. It requires painstaking aftention
to deftail, precise craftsmanship, and advanced
technology.

And that's where Yamaha comes in. We build all
our speakers with the utmost precision in every detail.

As the premier examples of Yamaha loudspeaker
craftsmanship, read what goes into the two speakers
shown, the NS-690I and the NS-1000M. Then you'll
understand why Yamaha loudspeakers sound better.
Even before you hear them.

Precision Yamaha crafted cabinetry — (1) The
walls on these, and all Yamaha speaker cabinets,
are sturdily braced and crossbraced at every
possible stress point. (2) The corner seam
craftsmanship is so fine that it looks like the cabinet is
made from one continuous piece of wood.

The back panels on these speakers are
flush-mounted for maximum air volume within the
cabinet. (3) Inside, a 34" felt lining "decouples” the
cabinet from the drivers to achieve acoustic isolation
of the woofer from the cabinet. (4) Thick glass-wool
also aids in damping the woofer for maximum
performance.

Liff one of these Yamaha speakers. It's
uncommonly heavy and sturdy. (5) We even glue and
screw the woofer cutout from the baffle to the inside
rear panel for greater cabinet rigidity.

Now knock on the cabinet. It will sound as solid
and substantial as it is.

Precision Yamaha Drivers — (6) The drivers are
mounted on computer-cut baffle boards with
exacting, critical tolerances to insure precision fit. All
Yamaha speakers are acoustic suspension design,
and this precise fit is critical for an airtight seal and
optimum woofer recovery.

The drivers on these, and all Yamahc speakers,
are flush-mounted on the baffle
board to avoid un- -
wanted diffrac-
tion of the sound
waves. (7) This is
especially im-
portant because
all our tweeters
and mid-high
range drivers
are the maximum-

NS-6901

ENERGY
HOME STEREQ EFFICIENT
ENTERTAINMENT

dispersion dome type for the most natural
reproduction of voice and instruments.

(8) We use chrome-plated machine screws
(rather than wood screws) with two washers (regular
and lock]) to insure an unyieiding mounting.

(9) The speaker frames shown are die cast rather
than stamped. That's so they won't twist and alter the
voice coil alignment during assembly and use.

Other Precision extras — All terminals are quick
connect, screw-mounted assemblies.

(10) The wire leads are carefully soldered, not
clipped.

All our speakers use full LRC crossover networks.
These crossover networks are among thie most
advanced available.

Precision that stands alone — There's more.
Much more. But, there is another fact of Yamaha loud-
speaker construction that simply stands alone in the
industry. Each component used in the two Yamaha
speakers shown is manufactured by Yamaha. From
the hefty die-cast speaker frames to the unique, ultra-
low mass beryllium dome diaphragm.
That's a statement no other manufacturer can make.

And therein lies Yamaha's story. If we put this
much care and craftsmanship into the making of our
components and cabinet structures, then imagine the
care, precision and craftsmanship that go into the
quality of the final sound. A sound built upon
Yamaha's unique 98-year heritage as the world’s
largest and most meticulous manufacturer of musical
instruments. From our most economical loudspeaker
to our top-of-the-line models shown here, Yamaha
retains the same aftention to detail and craftsmanship.

Look before you listen. You'll be convinced that
Yamaha loudspeakers sound befter than the rest.

Even before you turn them on. Then ask for a personal
demonstration of these and
other Yamaha

loudspeakers at
your Yamaha
Audio Specialty
Dealer, listed in
the Yellow Pages.
Or write us:
Yamaha, Audio
Div., PO.Box 6600,
Buena Park,
CA 90622

NS-1000M

© YAMAHA
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dition and therefore not accurately re-
flecting the real-world condition of
having a cartridge source impedance
connected. Remember that design for
a shorted input can yield worse results
when a cartridge is connected than
design for a cartridge source im-
pedance.

Frequency Response. In the section
on power amplifiers, “frequency re-
sponse” was taken by many manufac-
turers to mean “power bandwidth.”
This was because of the inclusion of
the phrase “at rated power” in the de-
scription of the column for frequency
response, which implies that the ques-
tion really asks for the “power
bandwidth” rather than the “frequen-
cy response.” Unfortunately, a number
of manufacturers ignored the “at rated
power” statement and provided a
specification for low-level frequency
response. This is clear because some of
the claims stretch out to 250 kHz; | am
certain they didn’t intend this to mean
that the unit will produce rated power
at rated distortion, or lower, at that fre-
quency! Furthermore, a specified fre-
quency response without a statement
of the deviations from flat in dB is
practically useless.

Another influence on frequency re-
sponse measurements, especially of
preamplifiers and integrated ampli-
fiers, is the fact that the setup condi-
tions may change the response dra-
matically. For example, one could
choose to rate the response only with
a tone-defeat switch engaged. Or one
could rate the response with the tone
controls in but adjusted to give the
flattest response, whether that re-
sponse corresponded to the position
marked flat or not. Also, naturally
enough, most frequency response
measurements are made with all filters
disengaged, even though the action of
the filters is intended to be infra- or
ultrasonic and engaged in normal op-
eration of the unit. Thus, the manufac-
turer who gives response under the
standard operating conditions s
penalized.

Wow and Flutter. Audio clearly calls
for wow-and-flutter measurements to
be made to the internationally recog-
nized DIN 45 507 standard (which cor-
responds to the American IEEE and
many other standards). Yet, it is obvi-
ous to anyone who has ever made
these measurements that the quoted
specifications greatly exceed those
that could be expected to be realized
in practice.

For example, in a recent Boston Au-
dio Society test clinic, | measured one
turntable-arm combination of Japan-
ese origin which produced 0.12 per-

cent DIN-weighted peak wow and
flutter. The specification for this com-
bination listed in Audio was 0.03 per-
cent. Neither of these numbers would
be important if both were inaudible.
But Stott and Axon of the BBC found
that the threshold for the perception
of flutter among the most sensitive
group of listeners was in the range of
0.12 percent peak. Thus, what we mea-
sured is probably audible wow and
flutter to sensitive listeners with piano
music program material, but 0.03 per-
cent weighted peak is probably inau-
dible to listeners on music {(although it
could probably be heard on pure
tones).

The difficulty is that there is a com-
peting standard called |IS. This Japan-
ese standard produces numbers which
are highly optimistic compared with
DIN-weighted peak measurements.
Some manufacturers have signaled
their use of the Japanese standard by
adding the term “W rms,” standing for
weighted rms to the number, but oth-
ers, however, clearly have not. In our
measurements on 28 cartridge-arm-
turntable combinations, the best mea-
surement we got was 0.044 percent.
The worst was 0.17 percent; the aver-
age was 0.09 percent.

Another difficulty is that the wow-
and-flutter measurements on a turn-
table are influenced by the choice of
arm and cartridge. If, for example, the
peak in the frequency response {which
occurs as a result of the resonance be-
tween the tonearm, plus cartridge ef-
fective mass, and the cartridge compli-
ance) happens to land near a frequen-
cy equal to the eccentricity of a motor
pulley, the flutter will be exacerbated.
So a wow-and-flutter measurement
without reference to a tonearm and
cartridge is not too meaningful.

Also, in our measurements we used
an aluminum-backed lacquer master
which is very flat physically. We ex-
pect that slight warps on vinyl press-
ings would increase measured wow
and flutter. If the frequency of the
warp should land near the frequency
of the tonearm/cartridge resonance,
we might expect a fairly large factor of
increase. So what we were measuring
(and the way things are usually mea-
sured) may be hopelessly optimistic
compared to practice.

These are but a few of the more bla-
tant areas where specifications from
one manufacturer do not correlate
with specifications from another. And,
of course, any such survey which can
devote only limited space to an indi-
vidual product does not tell the entire
story on specifications for a unit. For
example, most engineers believe that

distortions other than total harmonic
distortion are more annoying to the
listener, yet THD persists as most im-
portant nowadays by government de-
cree. The only hope of covering all of
the various distortion mechanisms
which are known is to conduct a large
variety of tests; such a variety could
not be published in a format like Au-
dio’s Equipment Directory, yet a varie-
ty is almost certainly more important
than the THD numbers published.
Tomlinson Holman
Apt. Corp.
Cambridge, Mass.

References

1. Maxwell, John, “Phono Cartridge Noise,” Au-
dio,March, 1977, pp. 40-42.

2. Holman, Tomlinson, “Noise in Audio Systems,”
AES Preprint No. 1418 (N-2) presented at the 61st
Audio Engineering Society Convention, New
York, November, 1978.

3. “Audible Effects of Mechanical Resonances in
Turntables,” Bruel & Kjaer Application Note.

The Editor Replies: Touché, Mr. Hol-
man, and thank you for expressing one
small part of the difficuities we have in
putting together our Annual Directory.
We do indeed ask for power
bandwidth in an ambiguous manner,
and it shall be changed this year.

While in the past we have viewed
many specifications with a raised eye-
brow, we have also treated them as ax-
iomatically true — so long as they
were responsive, that is in dB, rather
than watts, if an answer in dB were
being asked for. If the maker supply-
ing the answer apparently knew what
the question was, we have left the an-
swer alone. Questioning the manufac-
turers’ specifications, we have felt, is
more properly left to reviewers in our
Equipment Profiles section.

Each year, we hear from a number of
irate readers (not to mention public
relations agencies) asking why their fa-
vorite manufacturer has been omitted
from the Directory. For the past three
years, we have been fortunate to have
enough space to reply that “"neither
makers nor products are deleted; we
simply received no material.”” This year
the deadline was some seven weeks
after the Directory forms were sent
out; phone calls were made and mail-
grams sent as the absolute deadline
approached. In the absence of materi-
al, we have felt that no listing is better
than repeating that of an earlier year,
and we do, of course, publish an Ad-
denda. We are mightily sorry to leave
anyone out, but we think it would be
worse to include outdated specifica-
tions and old price information. A
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uses very very very rarely.
But nothing else describes our
new STA-2200 all-digital receiver.

Could Radio Shack have scooped its peers (like Pioneer, Technics and Kenwood) in technology
as well as features? Before you buy a conventional receiver that may be old-fashioned
before 1980 is over, you can see what’s really new at any of our stores. And decide for yourself!

The Computerized Tuner. Quartz-locked, micro-
processor-controlied digital synthesis circuitry ends
mechanical tuning errors and problems. No dial, no
knob, no tuning meters. Instead, bright fluorescent
digits display each station’s frequency with absolute
accuracy. Computer-type “feather-touch” tuning auto-
matically scans up or down the FM and AM bands. Or
you can select manual tuning. Store any six FM and
any six AM stations in the microprocessor memory for
instant recall. Even command the receiver to sample
the stations in the memory, then touch-select the pro-
gram of your choice. There's also battery back-up
memory protection, Dolby* FM noise reduction, LED
signal level indicators, and dual-sensitivity muting.
And the display “off” is a quartz clock.

STA-2200 is 599.95, at participating stores and dealers, price may vary. *

The High-Technology Amplifier. The Realistic
STA-2200 uses a new generation of power transistors
called MOSFETs. Their ultrahigh-speed operation
brings you stunningly accurate sound reproduction
through superior linearity, superior slew rate and in-
audible TIM. They are more reliable than ordinary tran-
sistors and generate less heat. The amplifier features
go on and on. 11-step bass and treble controls with
turnovers for controlling ranges below 150 Hz and
above 6 kHz. Tone control defeat. Hi-MPX filter. Mon-
itoring and dubbing controls. And more. Power is 60
watts per channel into 8 ohms, 20-20,000 Hz, with no
more than 0.02% THD. And one more thing: it's made
by the same company that makes the breakthrough
TRS-80™ microcomputer.

TM Dolby Laboratories.
it
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ANOTHER VIEW OF

Part |

Robert R. Cordell

In recent years the use of large amounts of negative feed-
back in audio amplifiers has become controversial. Several
people have examined the time-response properties of feed-
back amplifiers and have concluded that amplifiers which
employ large amounts of negative feedback are prone to a
form of high-frequency distortion called “transient intermo-
dulation distortion” (TIM) [1-4]. Simply put, this distortion is
said to occur when a signal changes too quickly for the am-
plifier to follow it properly.

The observation that a large amount of negative feedback
causes TIM tends to run counter to the conventional wisdom
that increased negative feedback generally improves a given
amplifier's performance, so long as adequate stability is pre-
served. Several other researchers have recently questioned
these findings and conclude that large amounts of negative
feedback do not increase the possibility of TIM and can in
fact improve amplifier performance as long as the amplifier
has an adequate slew rate [5,6].

TIM is thus a popular subject surrounded by a certain
amount of controversy. It has also become a frequently cited
reason for degraded sound. Advertisements indicate that sev-
eral manufacturers have been influenced by the discussions
as well, some proudly pointing out that they use very little
negative feedback.

Much of the misunderstanding and disagreement sur-
rounding the subject seems to stem from inadequate consid-
eration of the trade-offs and constraints involved in the ap-
plication of negative feedback, especially as it relates to con-
temporary, real-world amplifier circuits. This is particularly
true of feedback compensation. For this reason, we will take
the time to review important negative feedback principles
where necessary. Given a good understanding of negative
feedback as it is applied to audio amplifiers, some of the TIM
issues should become easier to resolve,

Before proceeding, we should point out that TIM, which is
associated with negative feedback and its compensation, is
only one form of high-frequency intermodulation distortion.
The term “dynamic intermodulation distortion” (DIM) has
been used to describe the general class of intermodulation

distortions which depend on frequency as well as amplitude..

TIM is thus one form of DIM. Since the product of frequency
and amplitude implies rate-of-change, and since the maxi-
mum rate-of-change that an amplifier can follow is called its
slew rate, the term “slew induced distortion” (SID) has also
been used as a label for DIM. These distinctions are, howev-
er, relatively weak and unimportant, referring more to the
mechanism than to the measured or audible effect. Because
it is the source of most of the controversy, we will concen-
trate on TIM; however, our discussion will consider other
sources of DIM as well, some of which may in practice be
more serious.

Transient Intermodulation Distortion

First, let’s take a look at the popular TIM arguments to get
some background. What follows is a sort of composite para-
phrasing of many of the arguments which have appeared.

Feedback amplifiers operate on the principle that a large
portion of the input signal is cancelled by feedback from the
amplifier output, leaving a small signal-plus-error which
drives the amplifier so as to produce the desired output. In
amplifiers with large amounts of negative feedback, this sig-
nal-plus-error is forced to be very small and thus, in theory,
low distortion results. Under these conditions, the net gain
with feedback (closed-loop gain) depends almost exclusively
on how much of the output signal is fed back; i.e., if one-
tenth of it is fed back, the gain will be 10. The large feedback
factor (ratio of gain without feedback to gain with feedback)
is obtained by putting a large amount of gain in the forward-
path or open-loop amplifier. The open-loop amplifier is thus
very sensitive and will overload if the error, for some reason,
gets at all appreciable.

All amplifiers have a finite delay from input to output. If a
feedback amplifier is driven with a signal having a very fast
rise time (like the leading edge of a square wave), there will
be a brief interval during which the open-loop amplifier sees
the full input signal, undiminished by negative feedback
which hasn’t yet gotten back to the input. Overload will thus
occur and distortion will result. The more sensitive inputs of
amplifiers with high feedback factors are that much more
prone to such an overload.

Since this form of distortion is brought about by fast tran-
sients in the input signal and because an overload condition
causes intermodulation distortion, the phenomenon is re-
ferred to as transient intermodulation distortion (TIM).

Returning to the origins of TIM, the situation is further
aggravated by the additional slowness of response intro-
duced in the open-loop amplifier by necessary feedback
compensation. Each stage in a multi-stage amplifier intro-
duces phase shift that increases with frequency. Feedback
compensation rolls off the open-loop response so that the
feedback factor falls below unity before enough excess phase
shift accumulates to cause instability or peaking in the
closed-loop response. The frequency where the feedback
factor falls to unity is called the gain crossover frequency. In
order to achieve a stable gain crossover frequency, the 6 dB/
octave compensation roll-off must begin at some lower fre-
quency. Amplifiers with large feedback factors (at low fre-
quencies) have more gain to “‘get rid of”” and must start their
compensation roll-off at a lower frequency, resulting in a
smaller open-loop bandwidth. An amplifier with 20 dB of
feedback needn’t start its roll-off until 100 kHz for a 1-MHz
gain crossover, while one with 60 dB of feedback must start
at 1 kHz. The latter amplifier, with heavier feedback compen-
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IS THIS THE BEST CARTRIDGE
IN THE WORLD?

There are any number of
cartridges available today that
perform exceedingly well on paper.

On the other hand, the Adcom
Crosscoil moving coil cartridge was
designed to demonstrate its superi-
ority in the only place it really
counts, the record groove.

A superiority that becomes
immediately apparent the first ime
you lower the Adcom Crosscoil onto
arecord and experience its un-
canny ability to reproduce every
nuance of the original performance
with a clarity and sublety of detail
other designs don't begin to
approach.

In fact, in a widely publicized
challenge to other cartridge manu-
facturers™ the Adcom Crosscoil out-
measured and outperformed the
entire field, more than 50 of the
world's most highly acclaimed
designs.

An impressive achievement?
Just ask the also-rans.

No less impressive, however,
is the innovative thinking and
engineering that went into creating
the Adcom Crosscoil. For it was
decided that the Crosscoil would be
the first cartridge to fully translate
the theoretical advantages of the
moving coil design into real world
performance.

The cartridge takes its name
from the unique “X" shaped arma-
ture upon which its generating coils
are wound. The "X" shape permits
many more turns of wire to be
wound on each of the cross pieces
as compared to conventional mov-
ing coil designs. In this way, output
is increased significantly, while the
overall weight of the cartridge is
reduced.

In practice, the Adcom Cross-
coil generates enough output to
drive a standard phono input with-

out the need of an expensive trans-
former or pre-preamp. Thus, aside
from the obvious cost savings, the
Crosscoil eliminates a major source
of noise and distortion.

Not only does the Adcom
Crosscoil provide more output, but
its moving mass is extremely low
permitting its use in a whole new
generation of low mass, high per-
formance tone arms.

Additionally, a newly deve-
loped “controlled compliance”
cantilever assembly with an opti-
mized stiffness to mass ratio insures
that the cartridge/tone arm reso-
nance will fall exactly where it

should, above record warp and
below audibility.

Finally, the Adcom Crosscolil's
specially contoured LineTrace
diamond stylus which is grain orien-
ted and nude mounted, provides
greater contact area between stylus
and record groove minimizing
record wear and extending band-
width to beyond 60k Hz while
reducing all forms of distortion to
nsignificant levels.

If you've read this far, it should
be apparent that the Adcom Cross-
coil is a signal advance in moving
coil technology.

Is it the world's best cartridge”?
We think so. But we want you
to make that happy discovery for
yourself.

For additional information and
an ear opening demonstration, write
us for the name of your nearest
Adcom Crosscoil dealer.

*A public demonstration at the Consumer
Electronics Show in Chicago, June 1979

ADCOM CROSSCOIL

ADCOM, 9 Jules Lane, New Brunswick, N.J. 08901

Enter No. 1 on Reader Service Card

Adcom 1979
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Fig. 1—Post-RIAA spectral distribution for phonograph
records.

sation and a long open-loop time constant, is thus slower in
responding to input signals.

In responding to a fast input signal (e.g., a square wave}, a
large internal voltage or current overshoot will be produced
in order to quickly charge the compensating capacitor and
overcome the effect of the long time constant it introduces.
The large overshoot is produced during the interval between
the fast input change and the time when the feedback
catches up with the input, when a large difference or error
signal is applied to the open-loop amplifier.

In some cases this overshoot may be 10 to 100 times as
large as the nominal signal levels at that point. Unfortunate-
ly, the stages prior to the compensation point cannot aJways
handle such a large signal without nonlinearity or outright
clipping. If the overshoot causes these stages to clip or gen-
erate distortion, TIM results. When these overshoots are
clipped, the amplifier is into the well-known phenomenon of
slew-rate limiting.

It can be shown mathematically that if the input signal is
bandlimited to a frequency less than the open-loop
bandwidth of the amplifier, no overshoot can occur, even if
the input signal is a bandlimited square wave. Thus, wide
open-loop bandwidth eliminates the possibility of TIM
caused by overshoots. Having wide open-loop bandwidth, in
turn, places a limit on the feedback factor for a given gain
crossover frequency. For example, if we choose an open-loop
bandwidth of 20 kHz and a gain crossover frequency of 1
MHz, then we are limited to a feedback factor of only 34 dB.

The above explanationof TIM seems plausible enough, and
it has appeared in various forms in many places. It is the
origin of the popular belief that small feedback factors and
wide open-loop bandwidth are necessary for minimizing
TIM. Although it may at first glance seem convincing, this
explanation is somewhat oversimplified and misleading.
While some of the issues have been analyzed in great detail
in technical papers, other more important considerations
have been ignored. In several respects,the problem seems to
lie with not seeing the forest for the trees. A few more recent
papers have, however, done a very good job in lending in-
sight and perspective to some of the more important issues
{5,6].

The approach taken here will involve less detait and more
scope and perspective. For example, we’ll attempt to deter-
mine just how fast audio program signals really are. The
length of the unavoidable time delay in the amplifier and
how it is affected by feedback compensation is another im-
portant area in need of discussion. We will also examine the
conditions governing overload of an amplifier's internal stag-
es. This will be done in the context of a practical amplifier

topology with realistic combinations of feedback factor and
open-loop bandwidth. Recognizing that in addition to limits
on amplitude, amplifiers are limited to providing a maximum
rate-of-change at their output, much attention will be paid to
amplifier slew-rate performance and its relationship to TIM.
Finally, techniques for measuring amplifier TIM performance
will be discussed.

.

Program Characteristics

Just as all real amplifiers are bandlimited, so are all real
program sources. No program source will ever produce a
square wave with razor-sharp edges. In fact, not only are
program sources bandlimited in the small-signal sense, but
they are more seriously limited in large-signal bandwidth, or
power bandwidth. As an example, a fine tape machine might
be flat to 20 kHz at low levels, but it typically cannot produce
anywhere near full output at 20 kHz. Such restrictions are
usually due to equalization which pre-emphasizes the high
frequencies so that the subsequent de-emphasis at the repro-
ducing end will reduce high-frequency noise. High frequen-
cies will, therefore, overload the medium more readily than
low frequencies. Such equalization characteristics are com-
mon to almost every type of program source, including pho-
nograph, FM, and tape. As a result, the maximum high-fre-
quency output of each program source is constrained to
rather well-defined limits.

Since signals with a large rate-of-change or “time deriva-
tive” are generally the cause of TIM, we need a way of
characterizing the tendency of a given program source to
produce them. Such a measure should not be absolute, like
time derivative, but rather should be relative so that it can be
applied equally well at different points in the system regard-
less of signal level. We will therefore use the ratio of peak
time derivative to peak amplitude expressed in “volts-per-
microsecond per volt” (V/ ps)/V, and call it the normalized
time derivative. The inverse of this quantity is similar to, but
not quite the same as large-signal rise time. Knowing the
normalized time derivative, we can go to any point in the
system and, given the maximum amplitude at that point,
determine the commensurate maximum time derivative.

With the exception of a microphone, the best source of
fast program signals in the home is probably the phono-
graph. However, its performance is well-constrained by me-
chanical processes such as tracking. The performance is also
well characterized. In Fig. 1, the dots are a scatter plot of
maximum observed output levels at various frequencies from
a survey of many records. These data were taken from the
familiar trackability diagram widely published by Shure Bros.
[7]. While the usual presentation is in terms of groove veloci-
ty, this information has been RIAA equalized and normalized
to 25 cm/S at 1 kHz and 1V peak. It shows what actually can
be expected at the outputof one’s phono preamp (as shown,
the data are not useful for points in the system prior to RIAA
equalization, such as the phono preamp input). The data
represented by the X’s are spectral data for a single cymbal
crash and were presented by Tomlinson Holman {8]. The
crash is one from a Sheffield Lab direct-to-disc recording
which is noted for its tracking difficulty.

With reference to Fig. 1, we see that the highest amplitude
occurs at 4 kHz and is 1.35 V peak, while the highest time
derivative occurs at 10 kHz and is 0.035 V/ pS. This results in
a normalized time derivative of only 0.026 (V/ uS)/V. Thus,
in a system subjected to a wide variety of material such as
represented by the dots of Fig. 1, a point in the system which
must handle an amplitude of 1V peak with low distortion
must handle a time derivative of 0.026 V/ uS with equally
low distortion.

Before proceeding further, we should take note of the fact
that an advanced treble control will tend to increase the nor-
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They say it's the most
sincere form of flattery.
And frankly, we're
flattered.

The Dahlquist DQ-10 has
become the most imitated speaker
system in high fidelity. There's been
a cascade of obvious imitations, with
prices going up and down the scale.

But the Dahlquist approach is
locked into patents embodying the
solution to the critical problems of
time delay and diffraction delay
distortion. Thus, the impersonators
can offer only the words, not the
music of the original.

The Dahlquist Phased Array and
Open Air Mounting patents give the

DQ-1C its extraordinary

qualities: the ability to
reproduce music with
unprecedented clarity and
spaciousness. It just doesn't make
sense to spend hard-earned money for
an imitation (at any price), when you
can have a pair of the original at
surprisingly low cost.

Write to us and we'll send complete
information on why the DQ-10 sounds
the way it does. Or better still. Ask
your dealer for a demonstration. You
may find that you don't care why it
sounds so great. Only that it does.

DAHLQUIST

601 Old Willets Path, Hauppauge, New York 11787

Enter No. 45 on Reader Service Card
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malized time derivative of the program, but not as much as
one might at first think. The reason for this is found upon
further examination of Fig. 1. The peak time derivative will
increase in proportion to the greater amplitude of the high-
frequency signals. However, most treble control action oc-
curs between 2 kHz and 10 kHz, meaning that the overall
peak amplitude (occurring at 4 to 5 kHz in Fig. 1) will in-
crease somewhat as well. Based on these observations, we
can conclude that 6 dB of treble boost will increase the nor-
malized time derivative by perhaps 50 percent.

While the cymbal crash exhibits substantial ultrasonic con-
tent, its amplitude generally lies below the envelope of the
other points. Notice that its mid-band recording level is actu-
ally rather low in comparison. Taken alone, the normalized
time derivative for the cymbal crash might be fairly high, but
the ratio of interest must be based upon the peak amplitude
for all the music.

Even if the three highest points on Fig. 1 are ignored, an
overall power bandwidth of less than 10 kHz is obtained, and
a maximum normalized time derivative of approximately 0.05
(V/ uS) /V results. By comparison, a 20-kHz sinusoid has a
normalized time derivative of 0.126 (V/ uS) /V.

Music, of course, produces many simultaneous points
whose amplitudes and time derivatives add in some fashion
to produce a total amplitude and a total time derivative for
the complete spectrum. We can gain further insight by rec-
ognizing that for mid-band frequencies between about 500
Hz and 2 kHz, post-RIAA amplitude is directly related to re-
corded velocity. Above 2 kHz, post-RIAA time derivative and
recorded velocity are directly related, i.e., a 50-cm/S, 10-kHz
component produces the same time derivative at the output
of the phono preamp as a 50-cm/S, 20-kHz component. This
latter relationship is due to the integrating effect of the 2-kHz
RIAA high-frequency roll-off. Knowing this, we can get a
good idea of the normalized time derivative by assuming
realistic values for the maximum total mid-band velocity and
the maximum total high-frequency velocity. Notice that a
smaller assumption for the maximum mid-band velocity
yields a larger normalized time derivative. Keep in mind that
the mid-band and high-frequency maxima need not occur
simultaneously.

As an example, if we assume a maximum mid-band veloci-
ty of 25 cm/S and a large maximum high-frequency velocity
of 150 cm/S (probably impossible to track), we arrive at a
figure of 0.076 (V/uS) /V. Based on this figure, a 100-watt
amplifier which can deliver 40 V peak with an 8-ohrm load
must cleanly reproduce signals with 3 V/ uS time derivatives.

Fig. 2—Compensated and uncompensated power amplifier
open-loop gain vs. frequency.
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This figure may seem very small to some people, but the
term “cleanly” is the key here. We are certainly not talking
about the ultimate slew-rate capability of the amplifier,
which generally occurs under nonlinear operating condi-
tions. Clearly the amplifier must have some operating margin
in order to satisfy the “cleanly” requirement. As we shall see
later, in some cases this required slewing margin can be sub-
stantial.

Although it is very unlikely that any material will approach
the 0.076 (V/ uS) /V, figure, we can be even more conserva-
tive if we wish and simply say that a full-amplitude 20-kHz
sinusoid, 0.125 (V/uS) /V, must be handled with adequate
slewing margin. Requiring that a square wave bandlimited to
20 kHz, 0.25 (V/uS) /V, be handled cleanly would add yet
another factor of two in conservatism.

Based on these observations, we may conclude that real
audio signals are not nearly as fast as some would like to
believe. However, this is not cause for complacency with re-
spect to TIM. it merely gives us a more realistic perspective
for dealing with the problem.

Low-Pass Filtering

It has often been suggested that a low-pass filter (LPF) be
placed ahead of the power amplifier to assure that the pro-
gram bandwidth does not exceed the open-loop bandwidth
of the amplifier in order to minimize TIM [1-3]. Although we
will see later that such a precaution has no bearing on TIM
susceptibility, it is worth noting that the LPF will place a limit
on the power bandwidth, and thus the time derivative, of
signals applied to the power amplifier. in this latter respect,
the LPF could prevent TIM if such a limitation were neces-
sary. However, our earlier discussions showed that the power
bandwidth of real audio signals is considerably less than 20
kHz. Assuming that an LPF cutoff of less than 40 kHz is unac-
ceptable due to frequency-response error (-1 dB at 20 kHz
assuming first-order cutoff), it is quite safe to say that such a
filter will have no effect on TIM produced by program sig-
nals.

Ticks, pops, and mistracking may, however, produce con-
siderably larger normalized time derivatives than program, at
least in the case where wideband moving-coil cartridges are
employed. Values as high as 0.1 to 0.2 (V/uS) /V may be
encountered. However, even a step input will only be limited
to 0.25 (V/ uS) /V by a 40-kHz LPF. The filter will thus have
only a limited effect on the smaller normalized time deriva-
tive of the ticks, pops, and mistracking. One also has to won-
der how important TIM-free reproduction of these annoying
signals really is. It is probably sufficient that slew-rate limiting
not be encountered in the system under these conditions.

The only sensible reason for an LPF seems to be improved
immunity to r.f. interference, if this is required.

Feedback Compensation

As mentioned earlier, feedback operates on the principle
of feeding a portion of the output back to the input for com-
parison with the input signal. The loop so formed may be
unstable if the phase of the signal is incorrect. Feedback
compensation is employed to assure stability by controlling
the net gain and phase shift a signa! sees as it goes around
the complete loop.

Since the role played by feedback compensation is crucial
to the TIM distortion mechanism, and since in many TIM
discussions it is not adequately considered, it is appropriate
at this point to take a look at feedback compensation.

Because all real amplifiers have finite bandwidth, the gain
and thus the feedback factor must begin to roll off at some
frequency. In a multi-stage amplifier, each stage usually con-
tributes one or more “poles” (6 dB/octave roll-offs) and ac-
companying phase shift. If at some high frequency we have
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They're the Jensen Sepa-
rates. An individual system of
special higin performance woofers,
tweeters, and midrange drivers.
And by separating them in your
car, you'll come up with a very
together sound.

Why separate them?

Because a car in-
terior is acoustically
very different from
your living room.
And in many cases a
lot of the music may
not even get to your
ears.

Separating the
drivers also opens
up the chance to
use bi-amplification. Which means
better sound with better power
level matching.

Divide and conquer.

We developed the Jensen
Separates to deliver every last
high, low and midrange signal
your music contains. And to over-
come any possible acoustic prob-
lem you may encounter.

Two individual 2" phenolic
ring tweeter units are designed
to be mounted high in the front
doors. That way, every bit of their
4,000-20,000 Hz high frequency
signals travel straight to your ears.
With no stops in between.

Two 31%" midrange drivers

Two 2" phenolic
ring tweeters

also mount in the upper front
doors. And what adifference they
make.

In this position their subtle
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too much phase shift while we still have gain around the
loop, we will have positive feedback and thus an oscillator.
For this reason, the frequency at which the feedback factor
has decreased to unity (i.e., the gain crossover frequency) is
very important in determining amplifier stability. To prevent
oscillation, the phase shift accumulated beyond the fixed
180-degree loop inversion must be less than 180 degrees at
this frequency. In general, good engineering practice requires
that less than about 135 degrees be accumulated, leaving a
phase margin of at least 45 degrees. In order to obtain the
required stability, feedback compensation is employed to de-
liberately roll off the gain so that the feedback factor goes
below unity before too much phase shift accumulates.

The open-loop gain as a function of frequency for a typical
power amplifier before and after feedback compensation is
shown in Fig. 2. The closed-loop gain is shown as a dotted
line at 26 dB, and the feedback factor is simply the distance
between the solid and dotted curves. It is important to re-
member that each roll-off contributes phase shift (phase lag
or delay) which increases with frequency, but which can nev-
er exceed 90 degrees. At its 3-dB point, or “corner frequen-
cy,” each roll-off generates 45 degrees. The gain and phase
characteristics for a single pole are shown in Fig. 3. Notice
that a single pole placed at a low frequency can create a
great deal of high-frequency loss without ever introducing
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Fig. 3—Gain and phase characteristics for a 1-kHz pole.

more than 90 degrees of phase shift. This is the basis for what
is called lag compensation.

A design with many poles situated below the gain crosso-
ver frequency will tend to be unstable, while one with only a
single pole below this frequency will tend to be stable, even
if that pole is at a very low frequency. The uncompensated
amplifier in Fig. 2 crosses over at 2.4 MHz and has three poles
below that frequency, while the compensated version crosses
over at 1 MHz and has only one pole below the gain crosso-
ver frequency. As is the case in Fig. 2, the compensation net-
work usually decreases substantially the frequency of one
existing pole and may also significantly increase the frequen-
cy of another one. This effect is called pole splitting, and its
double benefit further contributes to stability.

To summarize, the objective of feedback compensation is
quite simple: Establish a gain crossover frequency low
enough to achieve an acceptable phase margin. In a power
amplifier, much of the phase shift at high frequencies is con-
tributed by the output transistors, which typically have ft’s
(current gain-bandwidth products) of about 1 to 4 MHz.
Output stages will tend to contribute rapidly increasing
phase shift above this frequency. As a result, reasonable gain
crossover frequencies for power amplifiers are generally in
the range of 0.5 to 2 MHz.

A Typical Power Amplifier

To further put things into perspective, we'll now take a
brief look at the operation of a practical power amplifier. This
simple amplifier will provide a setting for the examples illus-
trating TIM considerations in the later sections. A simplified
version of a popular amplifier topology is shown in Fig. 4.
Transistors Q1 and Q2 form a differential amplifier which is
the first stage of the open-loop amplifier. Here the feedback
signal applied to the base of Q2 is subtracted from the input
signal applied to the base of Q1. Notice that the feedback
signal is divided down by R4 and R3, which set the closed-
loop gain at about 20. Capacitor C2 allows full feedback at
d.c. to assure a small output offset voltage.

The voltage difference between the bases of Q1 and Q2 is
translated to a current signal which in turn drives the base
circuit of the predriver, Q3. The resulting voltage signal at the
collector of Q3 is delivered to the output with approximately
unity gain by the complementary Darlington emitter-fol-
lower output stage. The primary purpose of the output stage
is to provide current gain and thus present a relatively high-
impedance load to the collector circuit of Q3. The collector
current for Q3 is provided by a current source so that the
only real load at Q3's collector is that presented by the out-
put stage. This arrangement provides very high gain in the
predriver stage, especially if the current gain in the output
stage is high.

The uncompensated loop gain of this amplifier is shown in
the top curve of Fig. 2 (assuming transistor betas of 50). Feed-
back compensation of this amplifier is provided by a single
capacitor C3 connected from collector to the base of Q3. Tﬁis
type of compensation is often referred to as Miller-effect
compensation.

At low frequencies, C3 is an open circuit and the gain is
quite high. At higher frequencies, C3’s reactance decreases,
and it begins to form a tight negative feedback loop around
Q3. At high frequencies, almost all of the signal current from
Q1 flows through C3, rather than R2 and the base of Q3.
Under these conditions, we can almost think of Q3 as an
operational amplifier and its base node as a virtual ground.
At mid- to high frequencies, the voltage at the collector of
Q3 is then approximately the signal current from Q1 times
the reactance of C3. Furthermore, the open-loop gain of the
amplifier will simply be the transconduétance (gm) of the
differential amplifier (here about 10 mA per volt) times the
reactance of C3. Since this reactance is decreasing with fre-
quency at 6 dB/octave, so will the open-loop gain of the
amplifier. When this gain decreases to 20 we are at the gain
crossover frequency (f,), since the feedback path establishes
a closed-loop gain (G¢) of 20. The choice of 84 pF for C3
yields a reactance of about 2000 ohms at T MHz, thus setting
the gain crossover at that frequency and yielding the lower
curve for open-loop gain in Fig. 2. Expressed in general terms,

—Bm 1
B=517C (M
Notice that low-frequency considerations, such as feedback
factor, do notinfluence the choice of C3.

Propagation Delay

Some authors have reasoned that an amplifier presented
with a very fast transient will be without negative feedback
for a short period of time until the feedback signal, having
suffered inevitable delay, arrives to cancel most of the input
signal [{1,3]. During this delay time, it is reasoned, some stag-
es in the open-loop amplifier may clip due to the unusually
large input signal.

There is littie question that such a problem will occur if a
square wave with a 1 nS rise time is applied to an audio
amplifier. However, to assess the practical likelihood of such
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Fig. 4—Simplified schematic of a popular power amplifier
design.

a problem, we must consider the time it takes a real program
signal to rise, what the delay time really is (it is not the open-
loop rise time as some have implied), and the overload
mechanism of open-loop amplifier gain stages.

The open-loop amplifier can be modeled as a block of
gain, a dominant first-order compensation roll-off, and a
pure delay as shown in Fig. 5. Effects of the other nondomi-
nant poles are lumped in with the delay with little loss of
accuracy. It is well-known that, following a step change at
the input of a first-order RC low-pass filter, the output begins
to change immediately, no matter how long the RC time
constant; only the rate of change will depend on the time
constant. Thus, after a sudden change at the amplifier input,
the output will begin to change after the above-mentioned
pure delay. This is the propagation delay time of the ampli-
fier and is the delay time during which we must be con-
cerned about overloading the amplifier in order to deal with
the issue raised above.

The propagation delay time can be estimated by consider-:

ing the phase margin of the feedback loop. If an amplifier
has a phase margin of 45 degrees at a 1-MHz gain crossover,
then the total forward path delay (assumning a flat feedback
path) must be 135 degrees, of which about 90 degrees is from
the compensation pole and 45 degrees is from the propaga-
tion delay. This works out to 125 nS. Most power amplifiers
will have considerably less propagation delay than this.

It should be pointed out that it is incorrect to say that the
amplifier is without feedback during this interval. The
closed-loop amplifier is a linear system so long as the gain,
roll-off, and delay elements of the model are linear. It is also

Fig. 5—A simple model of the open-loop amplifier showing
time response to a step input. In practice, gain and delay are
distributed throughout the amplifier.

DELAY [———= OUT

® _|
® _—
© __ -~

~{ | PROPAGATION DELAY

a continuous system in spite of the delay, and feedback is
present 100 percent of the time as long as no stages are
clipped. The feedback is, however, continuously “out of
date” by a time equal to the delay. Fortunately, the feedback
equations readily take this into account in both the frequen-
cy and time domains.

Can a full-amplitude input signal, such as a bandlimited
square wave, rise far enough in 125 nS to cause any amplifier
stages to become nonlinear or to overload? The integrating
action of the compensation will prevent stages beyond the
compensation from overloading, typically leaving only the
input stage before it to worry about (see Fig. 4).

Consider as a worst case a 2-V peak square wave bandlim-
ited to 20 kHz. It will rise about 63 mV in 125 nS, and this is
enough to drive some input stages into nonlinearity. This is
particularly true of the differential pair without emitter resis-
tors (local feedback often called emitter degeneration), as
shown in the design of Fig. 4. With a 63-mV error signal
driving it, its small-signal gain is less than half its nominal
value. This nonlinearity would result in “soft” TIM under
these conditions. However, most high-quality amplifier de-
signs have enough local feedback of one sort or another at
the input stage to allow good linearity in handling such an
error signal. As we will see momentarily, such feedback is
usually also an important ingredient in achieving high slew
rate.

Feedback factor and open-loop bandwidth are clearly not
relevant here, since designs with different values for these
parameters could easily have the same input stage design
and propagation delay. The important criterion here is to
have an input stage that can handle large input signals, at
least under transient conditions.

Slew Rate

Real power amplifiers are not only limited in terms of out-
put amplitude; they are also limited with respect to the rate-
of-change or time derivative of the output. When an ampli-
fier is asked to deliver more than its maximum amplitude, it
clips and produces a constant amplitude independent of the
input signal. Similarly, if an amplifier is called upon to deliver
a greater time derivative than its slew rate, the amplifier will
go into slew-rate limiting and produce an output rate-of-
change independent of the input signal. As with amplitude-
induced distortion, slew-induced distortion (SID), or (TIM),
has a gradual onset. It is non-zero below the slew-rate limit
and rises as the slew-rate limit is approached.

Having discussed amplifier behavior during the propaga-
tion delay interval following a sudden input change, we must
now determine if the amplifier can keep up with the time
derivative called for by the input signal without being driven
into nonlinearity by internal error signals (i.e., overshoots).
This is basically a question of margin against slew-rate limit-
ing, since slewing is the result when the internal overshoots
are so big they are clipped. Recall that these overshoots are
generally the result of the circuit attempting to quickly
charge capacitances, particularly the compensating capacitor.

At this point it is important to emphasize that it is the
magnitude of these overshoots which is important, not per-
centage; many papers in the literature have erred in empha-
sizing the latter [1, 2]. It should be clear that good margin
against slew-rate limiting guarantees that the overshoots will
not be large enough to cause nonlinearity and thus TIM.

How does feedback factor affect slew rate? By itself, not at
all. For example, amplifiers with high feedback factors usual-
ly have the extra open-loop gain after the point of compen-
sation. The most common example is the use of a current
source collector load on the predriver stage, as in Fig. 4. Sup-
pose for the moment that the predriver stage has a shunt
capacitor at its input (base) for compensation (unlike Fig. 4).
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Fig. 6—A model of the feedback amplifier showing the error
time response to a bandlimited step input for various
combinations of feedback factor and open-loop bandwidth.
Closed-loop bandwidth is held constant, and feedback is
varied by changing only A2. Input level is assumed to be zero
prior to the step.

If we double the gain after the compensation by some
means, we must double the value of the compensating ca-
pacitor to restore the gain crossover frequency to its original
value. However, the added gain means that we now need
only half the time derivative on the capacitor to achieve the
same output time derivative, so the magnitude of the current
overshoot charging the larger compensating capacitor is un-
changed. The percentage overshoot is approximately dou-
bled, however, because of the smaller final value as a result
of the doubled d.c. gain. This is illustrated in Fig. 6. Even
though the open-loop roll-off starts one octave lower, the
input stage doesn’t have to work any harder to achieve a
given slew rate.

The situation is the same for amplifiers using Miller-effect
compensation as in Fig. 4. Here, even the capacitor value is
unchanged as the feedback factor is raised or lowered by
varying the load impedance of the predriver (Q3). This is so
because the feedback action of C3 controls the high-fre-
quency gain rather than the load resistance. Amplifiers which
are deliberately designed with low feedback factors typically
achieve this by placing a physical load resistance from the
collector of the predriver to ground [9].

If we assume that all of the signal current from the input
stage can flow into C3, then the slew rate for the amplifier in
Fig. 4 is about (0.5 mA/84 pF) = 6 V/ pS. In practice, it will be
somewhat less because of some current flow into R2 and Q3.

An improved amplifier is shown in Fig. 7 and is an example
of an amplifier with a very high feedback factor. In addition

Fig. 7—Simplified schematic of an improved power amplifier.
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to using a high-quality current source load for the predriver,
triple Darlingtons are utilized in the output stage for extra
current gain and hence a lighter load on the predriver collec-
tor node. Addition of the pair of dotted predriver load resis-
tors, R15 and R16, will convert it to a low-feedback design
with a 20-kHz open-loop bandwidth. The required compen-
sating capacitance remains unchanged.

The open-loop gain for the high- and low-feedback ver-
sions of Fig. 7 is shown in Fig. 8. The gain crossover frequency
for both designs is the same, and the only difference is in-
creased loop gain at frequencies below 20 kHz for the high-
feedback design. The slew rate for both designs is the same
for a step input starting at zero volts. This further illustrates
the fact that feedback factor and open-loop bandwidth have
no effect on slew rate.

What does affect slew rate is the design of the input stage.
For a given size compensating capacitor, an input stage with
a higher output current capability will provide an increased
slew rate. However, merely increasing the tail current of a
simple differential pair stage, as in Fig. 4, will not work be-
cause that will increase the stage gain (transconductance) by
the same factor. This would then necessitate a proportionate-
ly larger compensating capacitor to restore the gain-crossover
frequency, and the slew rate would be back to where it was
before. One popular solution is to use emitter degeneration.
For example, we can keep the tail current the same, use em-
itter degeneration to reduce the gain, and then use a smaller
compensating capacitor. This approach is used in Fig. 7,
where R2 and R3 reduce the gain by a factor of 10. This
permits a dramatic increase in slew rate. Local emitter degen-
eration is also desirable because it increases the overall
linearity of the stage and permits linear operation up to a
larger percentage of the ultimate slewing capability.

It is important to realize that the extra gain in most ampli-
fiers with high feedback factors is not achieved by adding
more voltage-gain stages, which would tend to increase non-
linearity and propagation delay. As can be seen from Fig. 7,
the only elements which need to be added to achieve very
high gain are emitter-followers. These stages are practically
delayless and actually tend to improve linearity by isolating
driving stages from the input nonlinearities of the next stage.
Nonlinearities resulting from transistor beta dependence on
collector voltage (Early effect) and current and junction ca-
pacitance dependence on voltage are reduced in this way.

It was mentioned earlier that a 100-watt amplifier would
have to cleanly handle time derivatives up to about 3 V/ p$
for worst-case program material. How much margin against
slew-rate limiting is required for clean, low-TIM operation?
This depends very much on the particular amplifier design. A
good design with plenty of local feedback and a linear open-
loop response may require a margin of less than 1.5 to 1,
while a really poor design with gross open-loop nonlinearity
could require as much as 10 to 1. However, even the often-
criticized 741 operational amplifier, when operated under
reasonable conditions, requires less than a margin of 5to 1.

A margin of 4 to 1 should be more than adequate for pow-
er amplifiers of reasonable design to guarantee that TIM pro-
duced by internal overshoots will be completely inaudible.
Based on this and the previously discussed program charac-
teristics, the 100-watt amplifier should provide a slew rate of
at least 12 V/uS. This also gives us a 50 percent margin
against slewing in the presence of a 0.2 (V/ uS)/V full-ampli-
tude pop or tick.

Notice that we've paid very little attention to what hap-
pens when outright slew-rate limiting occurs; rather, we've
outlined the conditions required to stay in a rather linear
region of operation where, at most, the nonlinearities are
soft. This is mainly because TIM will become audible before
slew-rate limiting occurs. However, it is worth noting that
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Fig. 8—Open-loop gain comparison of amplifiers with high
and low feedback factors and equal gain crossover
frequency. The major difference is the greater feedback in
the audio band for the former case.

recovery from a slewing condition for most contemporary
amplifier topologies is not affected by the open-loop time
constant. This was not necessarily the case in same very early
transistor amplifier designs in which a transistor could satu-
rate during slewing and charge the compensating capacitor
to an abnormal voltage. Recovery in modern amplifiers is not

significantly longer than the time it takes the output to slew
to the new signal value.

At this point, it should be clear that slew rate is the most
important single parameter governing TIM performance,
while feedback factor and open-loop bandwidth have no
bearing on TIM. In Part |I, we’'ll continue by looking at other
causes of high-frequency or dynamic intermodulation distor-
tion (DIM), why a large feedback factor is good instead of
bad, and techniques available for measuring TIM in the lab. 4
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frequency response.

Our famed jewel-beuring
UNIPIVOT DESIGN assures
stylus freedom so you hear
every nuancc of every re-
cording. AC-3000 MC and

Exclusive tuning control

AC-300 MK-II accept interchangeable PLUG-IN ARM STEMS in straight and
S-shapes, of different diameters and materials, with integral or separate

headshells.

Ultracraft’s uniquely precise lateral balancing device, and anti-skating system
(never before used on a single-point suspension arm), plus features like a 650
gram stabilizer, special litz wires and a 3-step counterbalance, clearly make

Ultracraft the ultimate tonearm. Let your Osawa dealer tune one up for you.
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Consider what

it would be like to own
the new Dual 839
cassette deck.

The new Dual 839 is so different from all other cassette decks that, rather than list its
many features, we'll guide you through them as if the 839 were in front of you.

First, the 839 is bi-directional. In record and playback, the tape reverses
automatically and stops at the end of the second side. This doubles the length of
every cassette. (Reversing can also continue indefinitely if desired.)

You'll notice there’s no door between you and the cassette compartment. Just a
shield over the tape heads that swivels away when you switch on. Insert a cassette
and it will lock in precise alignment. That’s Dual’s Direct Load and Lock system.

(A subtle but important touch: any slack in the tape is immediately taken up.)

Follow us carefully on this next one. Even when the tape is in motion, you can
pull it out and replace it with another ... and the previous mode resumes
automatically. Useful? When the tape nears the end, you can have a new tape in place
without missing a beat.

Here’s another innovation in playback. If a tape made on another deck is too sharp
or too flat, or if you need to match pitch to a live instrument, no problem. Playback
pitch can be varied over an eight percent range.

And previously recorded tapes with clicks, pops and disc jockey interruptions can
be cleaned up electronically—smoothly and permanently. Dual’s fade/edit control lets
you do that with complete confidence, because it functions in playback.

The peak-level LED indicators react faster than any other metering system. And
more accurately, because they’re equalized. They read the full processed signal—
including the high frequency boost other decks add but only Dual reads. No more
risk of overloading a tape into distortion.

There’s still more. Much more. Full metal record and playback. 6-way bias/
equalization. Computer logic solenoid-activated controls. Switchable multiplex filter.
Switchable limiter. Line and mic mixing. Two-way memory stop with automatic
replay. Headphone level controls. And operation by external timer or optional
wireless remote control.

Among the features you can’t see are the two-motor, twin-capstan
drive system and the electronic tape-tension sensor
that guards against jams and spills.

What about the 839’s audible performance?
The specifications can give you a hint.
Wow and flutter =0.03 percent WRMS.
Frequency response from 20 to 20 kHz, +3 dB.
Signal-to-noise better than 69 dB.
Of course, there’s a price for all the 839 offers: $850. If that seems to be more
deck than you really need, there are three other new Dual cassette decks.
They start at $330, and they all feature the Direct Load and Lock system, DC servo
motors, twin-belt drive systems, tape-motion sensor/protectors and equalized meters.
For complete details on all four Dual cassette decks, please write to us directly.

United Audio, 120 So. Columbus Ave., Mt. Vernon, NY, 10553.
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Selection of Capacitors For Optimum Performance — Part 1

rom time to time we hear references to distortion and
other nonlinear effects produced by passive circuit compo-
nents, such as capacitors, used in audio circuits. However,
only on rare occasion can anything be found in written form
which attempts to quantify or otherwise document capacitor
problems, particularly as they specifically relate to audio. Yet,
distortions are produced by a wide variety of basic capacitor
types, and in some cases forms of this distortion are rather
easily measurable. Why there hasn’t been more written on
this topic is truly a good question, as in many instances the
audible defects produced by capacitors can easily be the
Achilles” heel of a given design. If this were not a truism, why
else would there be so many audiophile modifications con-
sisting essentially of capacitor upgrades only? The implica-
tions of this will be apparent when this article is fully appre-
ciated.

While there has been no detailed overview or discussion of
these problems in print, two articles are noteworthy, because
they do in fact address this specific topic. In [1], Dave Hada-
way gave a summary of relative quality rankings for capacitor
types. More recently, John Curl [2} discussed some measured
results for two capacitor types. Dick Marsh [3,4,5] has been
specific in cautions against certain types, in several Audio
Amateur letters.

What we hope to do in this article is cover capacitor basics,
means of testing for impedance and distortion, and summa-
rize with some selection criteria which will optimize sound
quality. We will begin by discussing some simple (but
deceiving, really) distortion tests. A summary of key capacitor
performance defining terms is given in the sidebar entitled
Capacitor Basics.

Signal Path Tests For Capacitor Distortion

One of the more frustrating aspects of the distortion prob-
lem vis-a-vis capacitors is that they do not always allow direct
quantification as they typically operate in the signal path. A
good example of this very point will be demonstrated below
in the discussion of some THD tests on tantalum capacitors.
By these THD results, one might be led to believe that tan-
talum types are adequate when suitably selected. Neverthe-
less, they still fail to measure up in auditioning and show
poor electrical quality when measured by other methods —
even though they may appear to be operating in a virtually
distortionless fashion by THD tests.

Two series of THD tests were performed on two types of
capacitors, tantalum electrolytics and ceramic discs. These
tests seem to be representative, as different capacitors of the
same variety produced similar results, and the results here
generally correlate with Curl’s [2].

*© Copyright by walter G. Jung, Consulting Author,
and Richard Marsh, Technical Specialist, Laurence Livermore
Labs, Univ. of California, Berkeley, Calif.

Tantalum Capacitor Tests

In the tantalum tests, a circuit was built in the form of a
simple high-pass filter, as shown in Fig. 1. The general test
circuit used is shown in Fig. 1a, and the details of various
capacitor connections are in 1b. The 3-V rms generator and
meter is a THD oscillator/analyzer combination. The general
goal of this test is to examine the distortion sensitivity of the
polar tantalum capacitor in handling bipolar a.c. signals.

As the different connections of 1b indicate, there are vari-
ous ways that a polarized capacitor such as this can be con-
nected. The circuit as shown in 1a is a simple a.c.-only circuit
with no d.c. polarizing bias applied to the capacitor in test
condition A.

For such a mode of operation, a tantalum capacitor will
generate appreciable distortion when the signal conditions
are such that there is appreciable a.c. voitage dropped across

Fig. 1—Tests of tantalum capacitors.

Fig. Ta—General Fig. Tb—Test details of
test circuit. capacitor connections.

i+

“C" (SEE TABLE) A o—p——o0

1 o4 6.8uF/35V
AN R=6800 a .
RSA I
N 2x68uF/35V
¢ oHpb—-HF—o
2x6.8uF/35V
+ +
D o b—o
100K
-5V
+ +
E o F—o > c:2x68uF
35V
100K
-lov
F o F~o
100K
-5V

it. Or, stated another way, when its reactance becomes ap-
preciable in relation to that of the load (here 680 ohms).

For condition A, the capacitor is a single 6.8- yF unit, and
its reactance equals 680 ohms at about 35 Hz. To generalize,
we will talk in terms of this frequency, which is the corner
frequency, fc. As will be seen, it is a key to understanding this
particular pattern of distortion behavior.

THD data were taken on this and the remaining connec-
tions, as shown in Fig. 2. For condition A, it can be seen that
distortion is low at frequencies above about 10 times fc, but
rises as fc is approached and nears 1 percent in leve! below fc
when the capacitor sees a large a.c. voltage.

From these data, it seems somewhat analogous to regard a
polarized tantalum operated thusly as a capacitor shunted by
an imperfect diode. The distortion it produces is even order,
which is shown in the distortion photos in Fig. 3. Since the
device’s a.c. characteristic is asymmetrical, it appears that cir-
cuit means which tend to minimize the asymmetry also tend
to minimize the distortion produced.

As John Curl showed [2], a simple parallel connection of
like capacitors, as in B, reduces distortion appreciably. Com-
pared to condition A, condition B reduces the distortion at fc
by a factor of 2 to 3 (Fig. 2).
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