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FEW HIGH PRICED TURNTABLES
SOUND AS GOOD AS THIS ONE




UNDER REAL CONDITIONS,

For years, people have been selecting
turntables based on specs obtained in a lab,
without knowing what kind of sound they'll
obtain in their homes.

And while a few turntables today look
as good as Pioneer's PL-630 on paper, you'd be
hard pressed to find one that sounds as good
in your living room.

A SUSPENSION SYSTEM THAT ELIMINATES
SHAKE.RATTLE & ROLL.

[n your home, simply walking across the
floor can cause the stylus to skate across your
records. !

And acoustic
feedback can make

ONLY ONE THING COMES THROUGH
THE TONE ARM. MUSIC.

The tone arm of the PL-630 rests on
amassive die-cast aluminum base.

And while other tone arms may reston a
similar base few, if any, are mounted to itin a
similar manner. Instead of piano wire or cheap
plastic casings that vibrate, the PL-630’s tone
arm is gimballed on spring mounted pivot
bearings. This not only reduces tracking errore

due to tone arm pivot wear, but increases >
the overall performance of the turntable. :
Which brings us to the Y &t

magnesium headshell. It has
far better acoustical properties

even the most lively

”~
than the headshell you'll find b
on most turntables. This new

piece of music sound
dull and liteless.
Pioneer’s PL-630, however, has a free floating
suspension system thatisolates the platter and
tone arm from the restof the turntable. So that

the platter and tone arm don't.

while the base may vibrate, the platter and Spring loaded

tone arm pivots
help improve

tone arm won't. Which means you don'
have to tip-toe across the tloor just to
prevent vibration. And you can turn your
music up loud enough to rattle the walls
without fear of rattling the turntable.

A DIRECT DRIVE MOTOR
THAT WON'T DETERIORATE WITH OLD AGE.

All DC direct drive motors start out to be
incredibly accurate.

Untortunately, they don't always stay that way.

After a while, the quality of sound
could deteriorate because the motor
is left exposed and free to collect dust "¢ i p 650
and foreign objects.

This is not the case with the PL-630. p ey
Unlike most of the competition, its motor is wh
totally enclosed. Which means that the
incredible wow and flutter figure of 0.025% will
still be an incredible 0.025% years from now. And
so will the 0.002% speed accuracy.

What's more, the electronic circuitry of this
Quartz PLL Hall element system constantly
monitors itself. When it senses the slightest
deviation in speed, it corrects itself. By just
switching the quartz “lock” on, you lock onto the
correct speed, so youre assured of accurate platter
speed at all times and under all conditions.

And because of its extremely high torque, the
PL-630 reaches full platter speed in a mere third ot
a revolution.

But more importantly, it stops almost as

uickly as it starts. Reverse current is ted into the
rive system eliminating both excessive wear on
the turntable and the need for a brake.

sensitivity.

The electronic brain

©1979 LS Pioneer Electronics Corp., 85 Ostord Dine, Moonachie, N1 07074,

When the base of the Pt -630 vibrates,

construction reduces the chances 0!
of hearing any howling or distortion. "/‘

FEATURES OUR COMPETITORS
PRETEND THEY'VE NEVER HEARD OF

Our platter mat is concave

so that even it your records are
slightly warped, they'll sound
like they aren'.

Our spindle is only 0.8
microns larger than most, but !
itcan make a big difference in
keeping your records
per ectly centered.

And our massive platter is less
vulnerable to fluctuations in speed
than smaller platters that come with
most turntables.

Even the way the platter is
coupled to the motor is unique. It
doesn't have bearings. It's precision
machined to a tapered fit so thatits __~
less likely to wobble. '

And while you'll find a strobe
on most direct drive turntables, you
won' find one on the PL-630. Simply because
there’s no need for one. Instead, there's a pitch
display that gives you visual contirmation
of accurate speed.

You'll also tind super sensitive controls thar
even shut otf the power automatically when the
tone arm comes (o rest.

If youre beginning to get the idea that
Pioneer's PL-630 would sound great in your
home, we suggest you go to your nearest
Pioneer dealer.

After all, you may not live in a sound room,
but it doesn't mean your

living room can'
WPIONEER’

sound like one.
We bring it back alive.

..
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WHAT
PRODUCT

1. Prevents
“racord chatter”
on your turntable?

. Looks
unimpressive?

. Is very thin
and gray?

4. Is more anti-static
than similar
products*?

N}

G)

*according to tests oy the
Swedish National Test Institute.

ANSWER

)
Discwasher®

(A turntable mat for overley ar
replacement on your existing
equipment)

WOrKS;
costs only $7.95

and never wears out.

Gve
aspir.

At Discwasher d=za =rs
nationwid=.

d discwasher, inc.

1407 N. Providence Rz.
Columtia, Missour 6520°

July 1979

“Successor to RARDIO FEst 1917”7

Vol. 63, No.

Zudie

FEATURE ARTICLES

An Overview of TIM & SID
Part Il

38 Walter G. jung,
Mark L. Stephens, &

Craig C. Todd
Obituary—Benjamin |. Bauer 51
Tips From A Pro—Car
Speaker Installation 52

CAR STEREO DIRECTORY

Manufacturers Directory 54
Radio/Tape Players 56
Car Speakers 64

Amps & Equalizers 73

EQUIPMENT PROFILES

Kenwood KR-7050 Receiver 76
Sonus Gold Series |1 81

Blue Labe!

Phono Cartridge
Soundcraftsmen RP-2215 83

Equalizer

Leonard Feldman
B. V. Pisha

Howard A. Roberson

WORKBENCH PROFILES

Hewlett-Packard 339A 48
Distortion Analyzer

George Pontis

RECORD REVIEWS

The Column 86 Michael Tearson &
Jon Tiven

Jazz & Blues 90

AUDIO IN GENERAL

Audioclinic 6

Behind The Scenes 8
Dear Editor 16

Tape Guide 22

Audio ETC 26

Classified Advertising 95
Advertising Index 106

Joseph Giovanelli
Bert Whyte

Herman Burstein
Edward Tatnall Canby

About the Cover: Installing a car stereo system might prove to be a very long job with a helper
like our cover model, Linda Powell, but for some professional tips on installing car speakers, see
page 52. Ferrari 308 GTS courtesy Frank Donatoni, Sales Manager, Algar Enterprises, Paoli, Penna.

Photo: Photographic Illustrations, Philadelphia.

——

@ IKF

Audio Publishing, Editonal, Subscription, and Advertising Production offices, North American
Building. 401 No. Broad St., Philadelphia, Penna. 19108. Telephone: 21 5/574-3600
Postmaster. Send form 3579  to above address

AmericanRadioHistorv.Com



A Revolutionary Record Care Breakthrough
From Stanfon...

eliminates record stafic
permanently with only

one application!

L 7

UNTREATED RECORD

Stanton introduces Permostat, the only record
care product that eliminates record static perma-
nently with just a single application. Permostat is a
new and uniquely formulated fluid, which with just
one application to a record totally eliminates static
without any degradation in sound quality...and pro-
longs the life of your record.

Static electricity draws airborne dust particles
onto the record where they can be pushed along
the groove creating various degrees of audible
distortion. Now, Permostat eliminates this problem
permanently.

To demonstrate Permostat's unique anti-static
gualities, Stanton engineers constructed a dust
chamber to perform accelerated dust pickup tests.
In this test, three records were suspended vertically

For further information contact: Stanton Magnetics Inc., Terminal Drive, Plainview, New York 11803

EISTANTOIN

THE CHOICE OF THE PROFESSIONALS™

BRAND X

PERMOSTAT

within the chamber, the first untreated, the second
treated with anti-static products currently available
(piezo electric guns, fluids, cloths and conducting
brushes) and the third treated with Permostat.

Under test conditions, only the Permostat treated
record showed no visible evidence of dust pickup
and no residual charge.

Each Permostat kit provides protection
for 25 records (both sides). Just spray it
on, buffitinand eliminate static for the life
of your records.

Now available at your local dealer

Suggested Retail:
Complete Kit...$19.95
Refill...$15.95

preservative
from STANTON

net contents
3 oz. (85g)

Enter No. 31 on Reader Service Ca
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IT TAKES GUTS TO BE
MORE EXPENSIVE THAN McINTOSH

Mcintosh might be considered
an expensive extravagance by the
average high fidelity consumer. How-
ever the true audiophile perceives
reliability, proven engineering and
classic styling as necessities rather
than luxuries.

The true audiophile also appreci-
ates outstanding specs and the state
of the art technology that distin-
guishes Series 20 from the field.

Consider the Ring Emitter Tran-
sistor out-put stage in the Series 20
M-25 Class AB Power Amplifier that
provides incredible high frequency
performance.

Consider the Series 20 F-26 FM
Tuner’s parallel balanced linear de-
tector that delivers the lowest distor-
tion available.

When you realize how exceptional
Series 20 is, you'll marvel at how
inexpensive expensive can be. "

20 Jewell Street, Moonachie, N.J. 07074

If you would like full information
on Series 20, please send us the
coupon below.
r---------------------.
I To:  Series 20
Dept A7
20 Jewell Street
Moonachie, New Jersey 07074

D Please send me the specs for the

following circled Series 20
components. c21
Stereo
Preampiifier
M-22 D-23 M-25
Class A-Stereo Multl-AMP Elec Class AB Stereo

Power Amplitfier Crossover Netwk. Power Amplifier

¥-26 A-27 F-28
Advanced Quariz  Class AB Integrated Quartz
FM Tuner Stereo Amplifier FM Tuner
PLC-590 PA-1000 U-24
Quartz PLL Servo- Carbon Fiber Program Source
Controlled Turntable Tone Arm Selector
Name
Street
City
State Zip

LT T Y T T T T T T ¥ T sy |

AVAILABLE AT THESE FINE DEALERS

American Audiophile Valley Stream, NY

American T.V. & Appliance  Madison, WI
Another World Electronics  Ft. Lauderdale, FL
Appletree Stereo De Kalb, IL
Appletree Stereo Springfield, IL
Appletree Stereo Napervilie, IL
Appletree Stereo Elgin, 1L
Appletree Stereo Rockford, 1L
Appletree Stereo Normal, 1L
Appletree Stereo Peoria, IL
Appletree Stereo Champaign, IL
Audio Advice Raleigh, NC
Audio Dimensions San Diego, CA
Audio Professionals Overland Park, KS
Audio Professionals Omaha, NE

Audio Professionals Lincoln, NE
Audio Video Concepts Winston-Salem, NC
Back Door Stereo Atianta, GA

DKL Sound Laboratory Silver Springs, MD
Esoteric Audio Wayzata, MN
Executive Audio Santa Monica, CA
Fred Locke Stereo Berlin. CT

New Haven, CT
Wethersfield, CT

Fred Locke Stereo
Fred Locke Stereo

Garehime Music Company
Hi Fi Haven

Las Vegas, NV
New Brunswick, NJ

Innovative Audio Products  Brooklyn, NY
Jonas Miller Sound Beveily Hills, CA
Lafayette Radio Electronics Rapid City, SD
Listen Up Denver, CO
Listen Up Evergreen. CO
Metex International Laredo, TX

Music & Sound
Natural Hi Fi
Natural Sound

Woodland Hills. CA
New Philadelphia, OH
Framingham, MA

Park Avenue Audio New York, NY
Powerhouse Electronics Red Biuft, CA

Pro Audio Sioux Falls, SD
PUD's Albany. CA

Sights & Sounds Chicago Heights, IL
Sights & Sounds Oak Lawn, IL

The Sound Company Minden. LA
Spaceways Sound Annapolis, MD
The Stereo Shop Martinez, GA
Summit Sights & Sounds  Jefferson City, MO
Team Electronics Sioux City, 1A

Tin Ear Sound Company Reno, NV

Tri-State Electrical Supply ~ Michigan City, MN

Enter No. 25 on Reader Service Card
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INTRCDUCING THIE EMPIRIZ IZDRY PHONT CARTRIDCIE.
IT SCUNIDS AS GCTD ON A RIECTRD AS IT DTIES ON PAPIER.

and tear on the record groove.

It was inevitable . ..

With all the rapid developments
being made in today’s high fidelity tech-
nology, the fremendous advance in audi-
ble performance in Empire’s new EDR.9
phono cartridge was bound to happen.
And bound to come from Empire, as we
have been designing and manufacturing
the finest phono cartridges for over 18
years.

Until now, all ghono cartridges were
designed in the lab to achieve certain
engineering characteristics and require-
ments. These lab characteristics and re-
quirements took priority over actual listen-
ing tests because it wos considered more
imporiant that the cartridges “measure
right’” or “test right’—so almest everyone
was sotisfied.

Empire’s EDR.Y (for Extended Dy-
namic Response) has broken with this tra-
dition, and is the first phono cartridge that
not enly meets the highest technological

and design specifications—but also our
demanding listening tests—on an equal
basis. In effect, it bridges the gap between
the ideal blueprint and the actual sound.

The EDR.9 utilizes an L. A. C. (Large
Area Contact) 0.9 stylus based upon—and
named after—E. !. A. Standard RS-2388.
This new design, resulting in a' smaller
radius and larger contact area, has a
pressure index of 0.9, an improvement of
almost six times the typical elliptical stylus
and four times over the newest designs
recently introduced by several other car-
tridge manufacturers. The result is that less
pressure is applied to the vulnerable rec-
ord groove, at the same time extending
the bandwidth—including the important
overtones and harmonic details.

In addition, Empire’s exclusive, pat-
ented 3-Element Double Damped stylus
assembly acts as an equalizer. This elimi-
nates the high “Q" mechanical resonances
typical of other stylus assemblies, produc-
ing o flatter response, and lessening wear

Enter No. 8 on Reader Service Card
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We could go into more technical de-
tail, describing pole rods that are laminat-
ed, rather than just one oiece, so as to
reduce losses in the magnetic structure, re-
sulting in flatter high frequency response
with less distortion. O how the EDR.9
weighs cne gram less than previous Empire
phono cartridges, making it a perfect match
for teday’s advance, low mass tonearms.

But more important, as the EDR.9 car-
tridge represents a new approach to car-
tridge design, we ask that you consider it
in a siightly different way as well. Send for
our free technical brochure on the EDR.9,
and then visit your audio dealer and listen.
Don’t go by specs alone.

That's because the new Empire EDR.9
is the first phano cartridge that not only
meets the highest technological and de-
sign specilications—but also our de-
manding listening tests,

Empite Scientific Corp. m‘E
Garden City,N.Y.11530
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The Best
Deal In
Car Stereo

Our FREE Catalog

The 76 page CRUTCHFIELD
catalog is nationally recognized as
the best source for car stereo
product and installation informa-
tion. It contains all you need to
know to buy and install the ideal
system for your car,

And it’s FREE! Act now and
you’ll have it in just a few days.

* Over 200 car stereo products at dis-
count prices

¢ All the specification, dimension and
feature charts you’'ll need

® The best products in car stereo, in-
cluding Blaupunkt, Clarion, Craig,
Concord, Jensen, Marantz, Panason-
ic, Pioneer, Sanyo, and many more!

® [llustrated installation articles

Fill out the coupon and send right away
for your FREE catalog. Or if you can’t
wait, call TOLL-FREE:

800-446-7924

In Virginia call
g 800-552-3961
= JENSEN

R410 and J1041
Speakers

FREE Catalog
by First Class Mail

Name

Address

State Zip

CRUICHFIELD. |

Crutchfield Park, P.O. Caller 1, Department A
Charlouesvxlle, Virginia 22906
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Joseph Giovanelli

FM Noise Problem

Q. | have a reception problem with
New York City FM radio station WQXR
(96.3 MHz), with which | hope you
can help. | receive a perfectly clear,
noise-free signal from every other local
station with the single exception of
this station, in which case | experience
a background noise similar to SCA
“chatter” or “swishing.” However, this
noise disappears when my tuner is
switched to mono.— Alfred Cocchini,
Glendale, N.Y.

A. The i.f. of most tuners is 10.7
MHz, and if you multiply this frequen-
cy by nine, you come up with a fre-
quency of 96.3 MHz, the frequency on
which WQXR broadcasts.

When your tuner is receiving any
station, the i.f. system radiates energy
to some extent. It not only radiates the
10.7-MHz i.f., but also the various har-
monic frequency multiples of 10.7
MHz. The 9th and 10th harmonics of
10.7 appear to be the only ones which
can interfere with FM reception. In
your case, the 9th harmonic has suffi-
cient energy to be picked up by the
front end, perhaps by a small piece of
the twin lead used to feed signal from
the antenna terminals to the input of
the front end. This internal signal
mixes in the front end with the exter-
nal signal to form a beat; the audible
effect of this beat is less apparent in
mono because there are no pilot or
other higher frequency signals to form
other beats. In the stereo mode, there
will be other beats, all dependent
upon the instantaneous deviation of
the desired signal. Because of the vari-
ous possible beats, and because they
are constantly changing, the effect is
that of background noise rather than a
pure tone.

My own tuner exhibits this problem,
and | cure it by slightly mistuning the
station, which does not degrade the
sound in the slightest. The result is
that the i.f. is now something other
than 10.7 MHz, just different enough
to prevent this beating effect from
being audible, but not so different as
to result in the signal being out of the
bandpass of the i.f. system. | think you
should write to the maker of your
tuner to see what he can suggest by

AmericanRadioHistorv.Com

way of better shielding for the i.f. sys-
tem, so that its energy cannot be
picked up by the front end.

Transient Pulses

Q. | hooked up an equalizer to my
amplifier at its preamp-out, power-
amp in jacks. Whenever the amplifier
is on and the equalizer is turned on,
there is a loud pop and the speaker
fuses blow. This also occurs when
turning the equalizer off while the
amp is still on. The problem, however,
doesn’t occur when the equalizer is
turned on first. Can | just leave the
equalizer on all the time, or is there a
better solution? — Dennis Fischer,
Denver, Colo.

A. You should consider putting the
equalizer into the tape loop, rather
than between the preamplifer and
power amp. | know that this can be a
problem when a tape recorder is al-
ready connected to this set of jacks.
However, most equalizers have tape-
loop facilities, so this is probably the
best solution.

Test Equipment Impedances

Q. | recently purchased electronic
test equipment in order to test and re-
pair my audio equipment. Suppose |
want to connect my 50-ohm sinewave-
oscillator output to the 100-kilohm in-
put (AUX) of my amplifier. Would the
impedance mismatch cause problems?
— Michael Bartholomew, Hellertown,
Penna.

A. Keep in mind that most of the
time we don’t match impedances in
audio, contrary to all the talk being
thrown around. This is true for the au-
dio oscillator used to test the power
amplifier; there is no need to match
impedances. Matching impedances
produces a maximum transfer of pow-
er between two circuits. With the cir-
cuits we are discussing, we are more
interested in transferring maximum
voltage, which doesn’t occur at the
point of maximum power transfer.

If you have a problem or question about audio,
write to Mr. Joseph Giovanelli at AUDIO Maga-
zine, 401 North Broad Street, Philadelphia, PA
19108. All letters are answered. Please enclose a
stamped, self-addressed envelope.

AUDIO » july 1979



The Technics SFPO30 funer
Purists would feel oetter if it cost over*1000.

i

To some, tuners tha- offer 0.08% THD. 50 dB stereo
sapardtion, a capture ratio of 0.8 dB end waveform
fidelity should demard a price tag of over $1,000. But
with the ST-9030 this performance can be yours for
less than half that price.

Thal’s quite a feat for a tuner. But then th=
ST-2030 is quite a tuner. It has two comgletely
independent IF circuits: A ncrrow band for u tm-sharp
selectivity. And a wide band. for ultra-high separation
and ulira-low distortion. It even selects the right
band, depending on recepfion concitioms, automatically.

Botk bands give you the same ex-ended flat
fracuency response. Because, unlike canventional tuners,
the 5T-2030 utilizes an electronic filot cancel circuit
that cuts ~he pilot signal, without cutting any o the high
end. It’s ingenious. And a Technics irnowation.

Te Technics ST-2030 has on= of the quietest,
most sensitive front ends of any turer. With cn advance¢
linea- frequency 8-ganged tuning ccpeacitor and 3

Erter No. 25 orsRezde- Service Card

double-tuned dreuits, plus daal gate MOS FETs in t-e
2-stage RF amplifier and balancec mixzr circuit.
Whet's more, theres a servo tuning ci-cuit that locks into
the huned frequency, regardless of minor fluctuations.
The result: Negligiblz drift distortien end maximum
stereo seporafizn.

Technizs ST-2030. Comoare spedfications and
prices. And you'll rea ize thes2's rzally no comparison.

THD (stereo}): W de—0.08% { 1kHz). Namow—
0.3% (1kHz). S/N: BD dB. FREQUENCY RESPONSE:
20Hz—18 kHz # 0.1, —0.5 dB. SELECTIVITY: Wice—
25 dB. Narmow—90 dB. CAPTLRE RATIO: Wide—0.3 dB.
Namow—2.0 dB. IF. IMAGE and SPURIOUS RESPONSZE
REJECTIONS (98 mHz: 135 dB. AM SUPPRESSICN
(wide): 58 ¢B. STEREO SEPARATICN {1 kHz): Wide—
50 dB. Narmow—40 dB. CARRIER LEAK: Variable —65 ¢B
(19 kHz). Fixed —70 dB (19 kHz, 38 <Hz).

Technics ST2C3). A rane cambination of audie
tecknology. A rara stcndard of aucio excellence

Technics

Prolessional Series




Bert Whyte

As | write this column, I'm within a
few days of traveling to Los Angeles
for the annual May convention of the
Audio Engineering Society. As you
might expect at this stage of develop-
ment, digital audio will be a promi-
nent feature of the convention. Some
digital recording equipment, seen in
prototype form as recently as last
November’s 61st AES convention, will
appear in production models. Need-
less to say, prototypes of new digital
recorders will be forthcoming at the
convention, including one that is ru-
mored to have a capacity of 64 chan-
nels on one-inch tape!

While digital audio is still in a rela-
tively embryonic state, some digital re-
cording for the production of commer-
cial recordings is, in fact, taking place
on a fairly regular basis. Dr. Tom
Stockham’s Soundstream digital recor-
der is being kept busy with his custom
recording service. Telarc Records initial
release of their Fred Fennell and Atlan-
ta Symphony productions using the
Soundstream service will soon be fol-
lowed by their recording of Moussorg-
sky’s Pictures at an Exhibition and
Night on Bald Mountain performed
by Maazel and the Cleveland Orches-
tra. Telarc is said to have a number of
on-going digital productions with
Soundstream. Just recently, the Sound-

stream digital recording service was
employed by RCA to record Bartok’s
Concerto for Orchestra with Eugene
Ormandy and the Philadelphia
Orchestra. Soundstream’s current digi-
tal recorder has a maximum capacity
of four channels, so it will be interest-
ing to hear this production since RCA
usually opts for 8- and 16-channel re-
corders in their normal recording ac-
tivities in their Philadelphia Orchestra
ventures.

Digital Recordings

As noted recently, the 3M 32-chan-
nel digital recorders have been deliv-
ered to A&M Records, Warner Bros,,
The Record Plant, and Sound 80, and
the units are now in use. Thus far, no
analog recordings resulting from this
digital mastering activity have been
announced, but | expect we will hear
some during the Los Angeles AES con-
vention.

Speaking of the 3M multi-track digi-
tal recorder, Columbia Records is sup-
posedly awaiting the availability of
one of these recorders so that they can
record Zubin Mehta and the New York
Philharmonic in yet another version of
Moussorgsky’s Pictures at an Exhibi -
tion and Stravinsky's Petrouchka.
While Columbia has purchased some
of the Sony 1600 digital recorders and
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undoubtedly has done some experi-
mental recording with them, their
well-known proclivity for multi-miking
explains their bias toward the 32-chan-
nel 3M recorder. They are, in addition,
using a one-inch, 24-channel, fixed-
head Sony unit, shown in prototype at
last fall’s AES convention, to do a re-
cording of Straus’ Till Eulenspiegel
and Don Juan by the Cleveland Or-
chestra early in May.

EMI, the British parent company of
Capitol/Angel Records, is said to have
developed a digital recorder, and a
unit is supposed to be in the hands of
Capitol. | have no information at pres-
ent as to whether their recorder is of
the fixed-head or helical scan variety.

In a recent conversation with Arthur
Haddy, Director of Decca Records in
London, he told me that they now
have four of their digital recorders in
operation and are building more recor-
ders on a high priority basis. As | write,
a Decca recording team has one of
their digital recorders in Chicago, and
we will soon hear what Sir Georg Solti
and the Chicago Symphony Orchestra
sound like from a digital master. The
first fruit of Decca’s digital recording
activities has arrived in the form of a
two-disc analog LP recording of the
annual New Year’s concert of the Vi-
enna Philharmonic conducted by Willi
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It spelils
enchantment,
intoxication,
and your utter
involvement in
the music.

Stravinsky's Firebird is a challenge.
In 1910 it dared listeners to embrace
new tonalities, and it has remained
fresh and alive ever since. It is a
formidable test of the resources and
musicianship of the orchestra. And it
makes fantastic demands of the art of
recording.

Even the finest conventional tape
recorders have been unable to capture
the full dynamic range and complex
sonorities of this remarkable compo-
sition. Digital recording techniques are
likewise put to a significant test in
capturing the full impact of this perfor-
mance. That this unique digital effort
has succeeded will be immediately
apparent with the opening notes. And
the benefits of the digital process will
persist to the final echo.

Briefly, this Telarc recording uses
Dr. Thomas Stockham’s Soundstream
digital recording system which converts
the original electronic signal from the
recording console into a series of
digital numbers...a new number every
1/50,000 of a second! Each of these
“samples” uses a 16-bit binary code to
describe the signal more precisely than

-

Strcvinsky:

The lirebir

(Saic. 919 Yersion)

Borodin: Overtare and
folovetsian

you can hear it. These numbers are
stored on tape, with quartz-locked
accuracy, then recalled later without
loss to make the master disc recording.

While digital techniques lower
distortion, increase signal-to-noise
ratio, and eliminate speed problems
which limit most recording quality, it
is just the first step to an outstanding
disc. Half-speed mastering and the
finest of European pressing also con-
tribute to the high standards this
disc achieves.

This impressive technology does
more than simply reveal the impressive
performance of Robert Shaw and
the Atlanta Symphony Orchestra and
Chorus. Uninhibited by artificial

Roberlﬁhaw

Alldnla Symphony Orchestra
and Chons_

restrictions of dynamics, the interpre-
tation of the Firebird Suite is mem-
orable. Borodin’s Prince Igor is no less
spirited.

Indeed, digital recording complete-
ly removes many of the long-standing
barriers between musician and listener.
Enjoy this new freedom at your
Audio-Technica dealer, where the finest
digital, direct-to-disc, and high tech-
nology recordings are sold.

' TELARC. |

R i | NIl

1590

| (R
[STEREO NO. DG-10039__ |

If not available locally, write for complete current cataleg and ordering information.

AUDIO-TECHNICA U.S., INC

Dept. 79A, 33 Shiawa

Enter No. 2 on Reader Service Card

) audio-technica

ssee Avenue, Fairlawn, Ohio 44313
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ALLSON: THREE
The Elegant Solution

With few exceptions, loudspeaker systems
have always been designed to have flat
response in anechoic chambers (test rooms
with completely sound-absorptive bounda-
ries).

This is odd, because loudspeakers are
hardly ever used in anechoic environments.
Most are used in domestic living rooms.
Recent research shows that a real room
changes a loudspeaker’'s performance
drastically, and designing for flat response in
an anechoic chamber simply doesn’t make
sense any more.

The most intense room effects occur when a
loudspeaker is used in a corner, where
reflections from the nearby room surfaces
can cause a variation of 20 dB in acoustic
power output. A corner, therefore, is the
worst place to put a conventional loud-
speaker system.

But if a corner imposes the most severe
penaityfor a misdirected design, it also gives
the reward of maximally enhanced perform-
ance for a loudspeaker system correctly
matched to that location. The woofer’s radi-
ation load, when stabilized by proper design,
will be at its peak value in a corner.

The AtLtisoN: THREe™ Room-Matched™
loudspeaker system is the only high-fidelity
speaker designed for proper use in a room
corner that we know of, except for very much
larger and more expensive corner horn
enclosures. It is the elegant solution to the
loudspeaker/room interface problem.

Price of the ALLISON: THREE system is $290.”
Descriptive literature, complete specifica-
tions, a statement of Full Warranty for Five
Years, and a list of dealers are available on
request.

*Higher in the South and West because of freight

cost.

ALLISON ACOUSTICS
7 Tech Circle, Natick, Massachusetts 01760

Enter No. 1 on Reader Service Card

Boskovsky, London/Decca LDR-10001-

2. Recorded live, the hand-clapping of

the audience between selections has
not been deleted (probably quite
deliberately) since hand-clapping is
well-known as a severe test of record-
ing quality. On these discs, the clapp-
ing is remarkable for its accuracy and
realism. Except for a slight miking
problem, wherein the first violins have
too much forward projection and con-
sequent brightness, the overall sonic
qualities are outstanding. As you
might expect, the repertoire is in the
main waltzes and polkas by various
members of the Strauss family. How-
ever, the most impressive demonstra-
tion of the sonic excellence of the re-
cording is on side two, a sparkling per-
formance of von Suppe’s overture to
The Beautiful Galatea. The sound of
the strings, brass, and woodwinds is
full and rich, yet ultra-clean with high
definition; bass drum has plenty of
weight and impact, and other percus-
sion is sharply etched and very accu-
rate. The wide dynamic range chal-
lenges the limits of the medium. To
complement the high quality of the
sound, the pressing is exemplary, ex-
hibiting virtually no surface noise.
With music like this, the performance
is a labor of love, and the Vienna Phil-
harmonic plays with their customary
elan. Arthur Haddy states that for the
present, we can expect at least one
major digital recording every month!
Obviously, Decca is trying to establish
the same sort of “beach head” in digi-
tal recordings, as they did with stereo
recordings over 20 years ago.

Real Dynamic Range

The foregoing covers what | present-
ly know about digital recording activi-
ties. Before | leave this subject, howev-
er, a word about dynamic range would
seem to be in order. Frankly, it is get-
ting to be quite a pain in the “you
know where” to read articles and re-
views about the “super wide dynamic
range’”’ of analog LPs cut from digital
masters. It is bad enough to read this
and assorted other drivel about digital
recording by uninformed and misin-
formed “hi-fi experts’” in newspapers
across the country. When the experts
of more specialized and responsible
journals start espousing this same
“blather,” it is time to set the record
straight.

It is absoiutely true that most digital
recording systems can produce master
recordings with a dynamic range of 90
dB or better. It is also absolutely true
that the basic noise level of a really
good unprocessed lacquer can be as
high as 78 to 80 dB. Now, it matters

AmericanRadioHistorv.Com

not one whit, whether that lacquer is
cut as a direct disc, cut from a digital
tape master, or from extraordinary an-
alog tape, the limitations of the cutting
system and the degradation caused by
the processing of the lacquer are a uni-
versal limiting factor in the amount of
dynamic range that can be reproduced
from a standard analog PVC recording.
Under the very best conditions, with
every parameter absolutely optimized,
about the maximum dynamic range
you can hope for, is on the order of 62'
to 64 dB. Believe me, that kind of dy-
namic range is the exception ... not
the rule! In no waydoes the fact that
an LP record was cut from a digital
master confer on that record any ex-
traordinarily wide dynamic range.
‘Nuff said!

Metal Tape Doings

If digital recording is going to be the
watchword at the upcoming AES con-
vention in Los Angeles, then metal-
particle tape will be the rallying cry at
the June Consumer Electronic Show in
Chicago. A friend of mine, who is “in
the know” in the business end of the
audio industry and with wide contacts
in Japan, tells me that the CES there
will probably be “over 100" different
cassette models capable of recording
metal-particle tape. Furthermore,
some of these machines will be priced
as low as $279! Obviously, faster than
anyone believed possible, metal-parti-
cle tape will be a major factor in the
cassette recorder business. Whether
the rush to this new technology was
precipitated by the “softness” of the
audio business in general is a moot
point. The EIA] is supposed to have
formulated so-called standards
mainly relating to coercivity ... for
metal-particle tape, but those compa-
nies who can produce this kind of tape
are plunging ahead and not waiting
for everything to be “nailed down.” A
few voices who are urging a “wait and
see’’ policy and advocating restraint
with respect to the adoption of metal-
particle tape, are cynically being dis-
missed as just companies who have
been “caught with their pants down.”
There is no doubt that in some circles,
metal tape is being hailed as the salva-
tion for the current audio ills, and
there is probably a good likelihood
that it will be ballyhooed all out of
proportion and technical boo-boos
will occur.

I had an opportunity to experiment
with some metal-particle tape recently
and familiarize myself with some of its
characteristics, its advantages and its
drawbacks. My good friend Jim Kawa-
da of JVC kindly loaned me one of
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“Overall amplifier performance rating: excellent.
Sound quality: superb. Len Feldman*

The Sansui AU-717
DC integrated amplifier.

When Len Feldman tested the Sansui AU-717 for Radio-
Electronics a year ago, he concentrated primairily on ifs
traditicnal, steady-state performance measurements.
Power output capability. Total harmonic distortion. RIAA
phono equalization accuracy. Signal-to-noise ratio.
Usual tests, though applied to an unusual amplifier.
Here's some of what he said

“One clear advantage of DC design is ap-
parent. Even at the low 20Hz extreme, the amplifier
delivers a full 92 watts —the same value obtained for
mid-frequency power — compared with its 85-watt
rating intfo 8 ohms ...

“The equalization characteristic of the pre-
amplifier was one of the most precise we have sver
measured, with the deviation from the standarc RIAA
playbcck curve never exceeding more than 0.4dB .
The 380-mV overload figure for phono is far greater
than would ever be required using even the highest
output magnetic carridges availaktle.”

At the time, dynamic response measure-
ments —such as slew rate, rise time, and Transient Inter-
Modulation distortion {TIM) — were still in their infancy.
Indeed, even now, engineers have not yet fully agreed
on a standard method of measuring TIM, though its
audible effects have been increasingly recognized.
Mr. Feldman sensed this when he commented: "Sansui
claims that this unit has reduced transient intermodulc-
tion distortion...and, indeed, the model AU-717 deliv-
ered sound as transparent and clean as any we have

Ent2r No. 23 on Reader Service Card

*Repiirted in par from Len Feldman's test repor’ in

heard from an integrated amplifier...”

The fact is that while conventional amps
are designed to reproduce sine-wave test signals —
which have a smoothly-changing. endlessly repeating
character — with negligible THD, they usually do so
at the cost of increased TIM. The excessive negative
feedback used to reduce steady-state distortion to the
vanishing point can (and usually does) reduce the abil-
ity of the amplifier to respond fully to the dynamic,
rapidly-changing, pulsive signals which are the music
itself. Thus! you get the harsh, metallic sound of TIM.

That's why Sansui has not only led the way in
DC amplifier design {circuits whose low-frequency
resonse extends down to zero Hz), but has also con-
centrated on the high slew rate, fast rise time designs
needed for the faithful reproduction of music, not just
simple test signals. Slew rate is a high 60V/uSec; rise
time a fast1.4uSec. And the frequency response of the
power amp of the AU-717 extends to a full 200.000Hz.

Visit your authorized Sansui dealer. You'll
hear the difference Len Feldman heard, and yau'll un-
derstand why the Sansui AU-717 is about the most
pcpular integrated amplifier available today.

SANSUI ELECTRONICS CORP
Lynaiburst, New Jersey 07071 - Gardenag, Ca. 90247
Sansu Electric Co., Ltd., Tokyo, Japan

Sarswk Audio Europe S.A., Antwerp. Belgium
in Canada: Electronic Distributors

RAD/G-ELECTRONICS, January, 1978.

Enter No. 28 on Reader Service Card
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Visonik EURO speakers offer an
unparalleled combination of sonic
excellence and visual design.

They were conceived and con-
structed with quality-—not price —
as the major design criterion.

Both the two-way EURO 5, and
larger 3-way EURO 7, are metic-
ulously crafted using the finest
German-made components mounted
in hand-rubbed walnut veneered
enclosures.

Stop in, look and listen at your
VISONIK HiFi dealer or write to us for

additional information.

VISONIK.

Visonik of America
701 Heinz St., Berkeley, CA 94710 (415) 548 4007

Enter No. 38 on Reader Service Card
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Lirpa Reprint Rights
Dear Sir:

Early this year a group of dedicated
Minnesota and western Wisconsin au-
diophiles organized the Audio Society
of Minnesota and established a
newsletter. As much of the “class” of
the Society will be reflected by the
newsletter, it is important that it con-
tain class material. Your permission to
reprint the Audio review of your revo-
lutionary Lirpa 1 Showermike would,
we feel, ensure that this effort gets off
to a clean start.

| softsoap you not when | relay the
high regard and affection in which you
are held by Minnesota’s large,
knowledgeable population of sophisti-
cated electronics and computer peo-
ple. We wish you, Dr. Lirpa, and espe-
cially Noj Knas, further success in your
mutual endeavors to burst the phy-
choacoustic "bubbles which still
remain.

Roderick Riese
Audio Soc. of Minn.
Minneapolis, Minn.
The Editor replies:

Okay, but the reprint has to be in
Romanian, and be certain not to mix
up Figs. 5 and 6. —E.P.

“Warsaw Box” Update
Dear Sir:

| have carefuily studied the “War-
saw Box” invented by Prof. I. Lirpa, as
discovered by John Woram while he
was being smuggled out of Bucharest
in the bottom of a canary cage, and |
find that Prof. Lirpa must have made a
mistake. The circuit shown by Woram
is a 1-4 quad system, not a 4-1-4 sys-
tem for quad.

Below is the correct circuit as Mr.
Woram should have realized:

\ /\;" /1,: 4
2 ——J\fn——:- R-»——-"/——;
3 :_IV_‘»—/VR_— 2.
A

Of course, the Rs can be replaced
with Cs and a phase shift will result,
giving much improved separation.

Mr. Woram need not worry about
having an insufficient quantity of play-
back speaker systems since one unit
can be merely disconnected and
quickly connected to another channel.

AmericanRadioHistorv.Com

ifor

This is satisfactory because the sym-

metrical characteristics of the “Warsaw

Box” provide built-in intelligence to

force the new channel to be identical
to the first.

Almon Clegg

Manager, Audio Engineering Dept.

Technics by Panasonic

Secaucus, N.J.

FCC’s AM Proposal
Dear Sir:

I hope that all of us recognize the
tremendous importance of Lawrence
D. Swift’s letter regarding the AM
clear-channel proposal of the FCC
(Forum, p. 6, May, 1979).

This proposal is another attempt to
restrict freedom of speech and sup-
press the American citizen’s “right-to-
know.” Canadian news broadcasts and
English-language news broadcasts
from the major European countries are
highly critical of our foreign policy as
practiced in the Middle East and Afri-
ca. These foreign short-wave broad-
casts are now difficult to receive be-
cause of a continuous staccato-like in-
terference which is currently and offi-
cially being blamed on the Russians.
However, friends of mine with direc-
tion-finding equipment report that
this interference originates in three
different spots within this country:
Bremerton, Washington; Grand Island,
Nebraska, and Portsmouth, New
Hampshire.

I believe the FCC proposal is an at-
tempt to jam reception on the broad-
cast band from Canada and Mexico,
and as such should be emphatically
rejected.

Curtiss R. Schafer
Newtown, Conn.
The Editor replies:

Well, Mr. Schafer’s statements about
such interference are bound to raise
some hackles, but it would be interest-
ing to find out whether other folks
have had any experience with such
short-wave interference, particularly
originating from the areas he names.
—E.P.

Coincident Conversion
Dear Sir:

After your microphone issue
(November, 1978, pp. 40-50, A Guide
to Coincident Mikes”) came out last
year | simply had to try the O.R.T.F.
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© 1979 Fisher Torp.. Chatsworth Calif. 91311

The Fisher CR5150 cassette deck.
Gorgeous up close.

Even better from a distance.

Great styling and state-
of-the-art performance are
twe things this new Fisher
cassette deck has plenty of.

But it's got something
even more exciting: full-
furction remote cont-ol—
without wires! It’s the first
tape deck ever to offer this
sensational feature.

Think of it: by touching a
button on the remote infra-
rec transmitter, you can
control Play, Record,
Pause, Stop, Fast Forward,
and Rewind modes —from
up to 20 feet away! You can
record, edit, search, and lis-
ten to cassettes —without
leaving your easy chair.
And the CR5150 is just plain fun
to operate.

Wireless control would prob-
ably make the CR5150 a big
seller even if its performance was
only average. But Fisher went alk
out, and gave it 3 heads for 30-
19,000 Hz response, dual-

process Dotby* * for 68dB S/N
ratic, and a servo-controlled
transport with 0.04% wow & flut-
ter (WRMS). Superb specs that
only a handful of ultra-high
priced cassette decks can maich.
Feature-wise, there’s a built-in
digital clock that will turn on the
CR5150 deck {or your receiver)

to record anything you
want at a preset time,
whether you'rz home or
not. The clock display dou-
bles as an electronic tape
counter with memory re-
wind. Silky-smooth,
feather-touch buttons caon-
trol the solencid tape
mechanism.

But considering the
prices of other dacks with
similar performance and far
less features, the Fisher
CR5150 at $65C* has to be
one of the greatest values in
high fidelity today. No mat-
ter how you look at it.
Available at better audio
stores or the audio depart-
ments of fine department stores.

*Manufacturer’s suggested retail vaiue. Actual selling
price detzrmined solely by the ind~vidual Fisher dealer.

New guide to buying high fidlity equipment.
Send $2 for Fisher Handbook:, with name aad
address to Fisher Corp., Dept H

21314 Lassen St., Chatsworth, CA 91311,

# FISHER

L=

The first name in high fidelity.

* *Dolby is regisiered trademark of Dolby Laboratories.

AmericanRadioHiston.Com
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nipples, with the mike bodies crossing
over each other to fit the 110° and 6.7-
in. separation between the right and
left channels.

Then | took the whole “shootin’
match,” Nakamichi 550 cassette deck,
two CM-1000 mikes, and one CM-300
mike for the center channel, and then
went on vacation recording pipe or-
gans in Portland, Oregon, and Seattle,
Washington.

You cannot believe the results! Ab-
solutely stunning! Perfect and glorious
organ sound with all the ambience
captured. And I'm sure you can appre-
ciate that it was a lot easier to carry

system for myself. After a quick dip
into my nearly empty piggy bank, |
dashed down to the local hardware
store and purchased a cross, two close
nipples, two elbows, a %-in. nipple, a
1%-in. nipple, and a 2-in. nipple . . . all
in ¥2-in. galvanized pipe fittings. With
all this equipment, | ran back home,
put the whole thing into a vise, wres-
tled it around for about 15 minutes,
and came up with a three-channel
O.R.T.F. microphone stand for less
than $5.00. Since Nakamichi micro-
phones have %-in. pipe threads on
their holders, the three holders

screwed onto the ends of the upright

The DR22-C

Fully Synthesized General Coverage
Receiver from McKAY DYMEK

FEATURES

m Shortwave, CB, ham radio, ships at .
sea, overseas phone calls, etc.

m HighImpedance tuner output for
Hi Fi System use.

m High level RF front end for excellent inter-
modulation rejection and sensitivity.

m Crystal filters in first and second IF

Low Phase Noise Synthesizer
m Solid state, phase locked, digital
synthesis tuning.

m Extreme ease of tuning at all
frequencies.

m No mechanical tuning dial error or

amplifiers, ceramic filter in third IF. bac-klash. | S
® Quartz crystal tuning accuracy at all . E;vr:tdcwhigtta:]e.ctab e4or L

frequencies, no crystals to buy.

m Built in power supply for 110-120 or
220-240 VAC switchable, 50-60 Hz.

SPECIFICATIONS

B Frequency coverage:

m Built in monitor speaker with external
speaker connectors.

s Switchable impulse noise limiters
for AM and SSB.

50 kHz to 29.7 MHz, continuous. Digital synthesis in 5 kHz steps,
fine tune for =5 kHz.

AM, upper sideband, lower sideband, CW.

100kHz 200 kHz 400 kHz-20MHz 20MHz-29.7MHz
Cw, SsB 5uV 1.5uV 0.5uV 0.75uV
AM 10uV 3.0uV 1.0uV 1.5 uv

—6dB @ +2 kHz or+4 kHz and —60dB @ *5 kHz orx 14 kHz

50% modulation = 0.6% T.H.D., .
90% modulation = 1.5% T.H.D. (1kHz modulation)

Within =40 Hz in any 8 hour period at a constant ambient of 25C,
after 30 minute warm up.

43 integrated circuits, 18 transistors, 16 FETs and 54 diodes.
(WxDxH)17.5x14.5x5.1 inches. Shpg. Wt. 19 Ibs. (8.7 Kg)

® Reception modes:

B Sensitivity for
for 10dB S + N/N:

B Selectivity:
B AM Harmonic distortion:

®  Frequency stability:

m  Circuitry:

m Dimensions & Wt.:

In Canada

WSI Sales Company
Kitchener

For more information
write or call today.
Toll Free

S 800/854-7769

Great Metropolitan
Sound Co. Ltd.
Toronto

McKay Dymek Co.
111 South College Ave.
PO Box 5000

[ 1 California
Claremont CA 91711 _

800/472-1783
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around one mike stand, rather than
three.
| just had to let you know the results
and to say “Thank You” for putting
such useful information into my
hands. Once again, Audio magazine
has demonstrated its worth. Now, all
you have to do is to use your “good
offices” to persuade Nakamichi to in-
stitute a Metafine-capability refit pro-
gram for their 550 cassette deck.
Lewis J. Smith
Fairfield, Cal.

Historical Interest
Dear Sir:

In response to David Greep’s letter
in the “Dear Editor” column (April,
1979) about the explanation of the
“green room,” | found it very interest-
ing. As a professional actor and per-
former of some 15 years experience, |
can only say that among professional
actors it’s called the “green room” or
the “ready room.” One enters it when
prepared to go “on-stage.” An actor’s
presence there is an indication that all
is okay and he is ready.

The stage manager often operates
from the green room so he knows who
is ready and who is not. At the very
least, he checks it at critical junctures.

If Mr. Greep is correct, he has added
an interesting historical anecdote for
many an actor’s repertoire of tales. It
is, at least, an interesting example of
how we change the meanings of
words to suit our own needs.

Johnny Schott
Cincinnati, O.

Cutter Head Query
Dear Sir:

A recent inquiry in your magazine as
to early embossing stylii characteristics
provided me with many replies from a
lot of people. | have another similar
request to make. | have been trying to
find out how disc recording heads are
rebuilt and information as to establish-
ing proper low-frequency crossover,
level indication, and drive power.

| have had surprisingly good results
making monophonic recordings with a
1961-vintage Rek-O-Kut 12-in. lathe
and some old heads in my possession
— to a limit, that is. The heads | have
been using are an Audax R-56, RCA
MI-4887 and MI-11853, and Astatic M-
41-10. Specification sheets would be
appreciated for the Audax and Astatic
heads, and rebuilding information
would be greatly appreciated for the
others. Should | obtain information, |
will be glad to share it with other read-
ers who are interested.

Michael Stosich
414 Assembly Dr.
Bolingbrook, IIl. 60439
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Perfection
for the
Professional

Drawing upon their unequalled
30 year leadership in magnetic
recording technology, Tandberg's
TD 20A open reel tape recorder
extends their traditionally superior
level of performance to even further
fimits—to even beyond the present
capabilities of today’s magnetic
recording tape! This is due to
Tandberg's exclusive ACTILINEAR
Recording System, which not only
provides up to 20 dB headroom
margin over existing tape, but is
specifically designed to be used with
the new high coercivity tapes that will
appear in the market in the near
future —including the soon-to-be-
available metal particle tapes. No
other quality open reel tape recorder
can make this obsolescent-proof
claim today.

The ACTILINEAR Recording
System'’s extremely linear frequency
response (“ruler flat" according to
some test reviewers) not only makes
the TD 20A essentially immune to
slew-rate limiting and transient
intermodulation distortion (TIM), but
also means better transient
response and lower distortion
overall.

Adding to the TD 20A's superior
level of quality & performance is its
unique PROM computer-controlled
four-motor transport, as well as its
many standard operating features
that permit a degree of performance
and control flexibility that you would
expect only from Tandberg—the
world leader in tape recorders.

Visit your authorized Tandberg
dealer for a demonstration of the
TD 20A. Check our guaranteed
minimum specifications and rate
them against any other man-
ufacturer. Combined with the
unsurpassed ease of operation &
control, the TD 20A is probably more
tape deck than you actually need.
Isn't it the way things should be?

For your nearest dealer write:
Tandberg of America, Inc.
Labriola Court

Armonk, N.Y. 10504
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I Still more features: Four line input
mixer + Master gain control with
pre-set, Self adjusting input
amplifier, Front-panel bias
1 adjustment, Mic sensitivity switch,
1 Channel Sync & Sound-on-Sound,
- “Free” mode & Edit/Cue facilities,
H Infrared-controlled motion
1 Tandberg's unique ACTILINEAR sensing device, Professional
1 Recording System, offering up to scrape-flutter filter, Separate
: 20 dB headroom margin over power supplies for operational
j existing tape. And easily functions & audio functions, and
1| adjustable for use with the new Peak-reading equalized meters
1 high coercivity tapes to come, so that have been graphically
I your TD 20A is obsolescent-proof! redesigned for easier reading.

Enter No. 33 on Reader Service Card
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Tandberg's exciusive PROM
computer-controlled four-motor
transport that eliminates solenoids
and relays. The unique fourth
motor (behind the left reel)
operates the pinch roller & servo
brakes, achieving a smooth,
noiseless and reliable operation
simply not possible with the
conventional solenoid-activated
systems the fourth motor replaces.
The ultimate touch to our
“punch-in" record capability.
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Optional PCM
infrared wireless
remote control for an
ease of operation
that doesn't tie you
down tothe length of
a cable. Plus
automatic start &
stop via a timer
switch (optional).

19






Power!

That’s the Jensen Car Stereo Iriax 1.
That’s the thrill of being there.

Power is right! 100 watts! Now, all the
energy and intensity that went into the original
performance comes through the Jensen Triax Il
3-wa¥ speaker.

his incredible 100 watt capability gives
the Triax II an unparalleled clarity of sound
throughout the entire spectrum.

hat gives the Triax Il its great power
handling and sound reproduction? For starters,
the piezoelectric solid state tweeter with low
mass and incredible power handling capa-
bilities. It starts reproducin%[crystal clear high
frequency signals at 6,000 Hz...and keeps
goingrwell past the range of human audibility.

he 6" x 9” woofer of the Triax II boasts
anew lar‘%e diameter barium ferrite 20 oz.
magnet. Which means better heat dissipation
and more efficiency for clearer, truer sound
at higher listening levels.

A new high power 1%%" voice coil on the
Triax II translates into less distortion and the
ability to achieve higher sound pressure levels.

’i:he midrange unit of this remarkable
speaker produces smoother sound with better
transient response, less distortion and higher
power handling...thanks to its large 2.3
magnet structure.

And the Triax Il is fully compatible with
the advanced bi-amplified power sources for
outstanding clarity and separation.

So go to the concert. Hear the Jensen
Triax II. That’s the thrill of being there.

JENSEN @ &S5
The thrill of being there. :

For more information, write Jensen Sound Laboratories.
4136 N. United Parkway, Schiller Park, lllinois 60176.

® “Triaxial” and “Triax” are registered trademarks identifying
the patented 3-way speaker systems of Jensen Soun
Laboratories. (U.S. patent #4,122,315).

$ e
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Melntosh

“A Technological
Masterpiece...”

O 0 oo O

Mclintosh C 32

“More Than a Preamplifier”

Mcintosh has received peerless ac-
claim from prominent product
testing laboratories and outstand-
ing international recognition! You
can learn why the “more than a
preamplifier™ C 32 has been
selected for these unique honors.

Send us your name and address
and we'll send you the complete
product reviews and data on all
Mcintosh products, copies of the
international awards, and a North
American FM directory. You will
understand why Mcintosh product
research and development always
has the appearance and tech-
nological look to the future.

Keep up to date.
Send now - - -

Mcintosh Laboratory Inc.
Box 96 East Side Station
Binghamton, NY 13904

Name
Address

City State Zip

If you are in a hurry for your catalog please
send the coupon to McIntosh. For non-rush
service send the Reader Service Card to the
magazine.

Enter No. 7 on Reader Service Card

Magnetic Query

Q. The operating manual for my cas-
sette deck says not to place magnets,
magnetic screwdrivers, etc. near the
heads. Is it safe to demagnetize the
heads? — Thomas Burt, lLas Vegas,
Nev.

A. the reason for keeping magnets,
screwdrivers, etc, away from the tape
heads is that these may magnetize
them, causing noise and possible era-
sure of the high frequencies of the cas-
sette. However, it is safe to demagnet-
ize the heads by means of the demag-
netizer made for this purpose. The de-
magnetizer is not a permanent
magnet, but has an alternating mag-
netic field, which means that it will
demagnetize the heads as it is gradual-
ly withdrawn from them.

Faster Cassette Tape Decks

Q. What factors contribute to pre-
venting 2- or 3-speed cassette tape
decks from appearing? — Rajiv Meh-
ta, New York, N.Y.

A. At speeds faster than 1% ips, the
running time for a cassette would be
too short. At speeds lower than 1% ips,
it would be very difficult to maintain
good treble response along with low
distortion and low noise; also, wow
and flutter would become more trou-
blesome. On the other hand, develop-
ment of revolutionary new tapes, such
as those with a coating of fine metallic
particles, may lead to introduction of
15/16 ips as a second speed.

Performance Parameters

Q. In comparing the high frequency
performance of my open-reel deck at
7% and 3% ips, using FM broadcasts as
the program source, | notice no differ-
ence in treble performance. Is this be-
cause the treble content of FM broad-
casts is limited to the capabilities of
the 3% ips speed? — Jeffrey Pratter,
Brooklyn, N.Y.

A. Today’s open-reel decks of good
quality can maintain flat treble re-
sponse well beyond 15 kHz — often
beyond 20 kHz — at 3% ips. Hence
there is, often, no apparent difference
between this speed and the higher
speeds in terms of treble response.

However, the higher speed of 7% ips
offers greater “headroom” — namely,
less chance of high amplitude signals
in the treble range causing tape satura-
tion. If you were recording live pro-
gram material with very strong tran-
sients, as caused by a guitar, you
would probably need the greater
headroom provided by 7% ips. But in
recording from FM, you deal with a
signal which has been limited and/or
compressed, so that the danger of tape
saturation is much less.

S/N Ratio Differences

Q. Why is the playback signal-to-
noise ratio on an open-reel deck al-
ways greater than, or at least equal to,
the record/playback signal-to-noise
ratio?— Jeffrey Pratter, Brooklyn, N.Y.

A. Playback signal-to-noise ratio
tends to be greater than the record/
playback signal-to-noise ratio because
the former excludes noise in recording.
Recording noise is due to noise in the
record electronics and to bias em-
ployed in recording. Unless the bias
waveform is very, very pure — con-
taining a minimum of distortion — it
can add appreciable noise to a tape
recording.

Tape Backing

Q. Some of the tapes have a rough
backing to provide better traction for
the drive mechanism. Will these tapes
cause excessive wear of the crossfield
head of my tape deck?! — Morris
Schoenberg, Madison, Wis.

A. First let me explain, for the bene-
fit of the other readers, that the cross-
field head, which supplies bias in
recording, is located opposite the re-
cording head so that the back of the
tape goes past the crossfield head.

There is no problem in using a cross-
field head with back-coated tape. The
tape is kept a very small distance,
something like one-thousandth of an
inch, away from the tape.

If you have a problem or question on tape
recording, write to Mr. Herman Burstein at
AUDIO, 401 N. Broad Street, Philadelphia, PA
19108. All letters are answered. Please enclose a
stamped, self-addressed envelope.

AUDIO ¢ July 1979
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Our recording tape
is considered by most
auciophiles to be the
world’s finest tape.

Qur tape window
is welded in to keep
dust out.

Our pressire

pad is locked into \

a special four-sided
retainer to maintain
perfect tape-to-head

contact.
Qur slip saeet is \

made of a sukstancz
that's so s iopery, even
glue can't stizh to it.

- Our leader
not only keeps
y ~ou from making
1ecording errors,
t also keeps your
! xape heads clean.
%

Our special guide
rollers make sure our
tape stays perfectly

Our cassefte is “eld aligned with your tape
together b s-eel heads.
screws to cssure precise
alignmert and even X
distributior of pressure Qur standard cassette shell
on all sider of the is finished to higher tolerances
cassefte than industry standards.

There's more to
the world’s best tape than
the world’s best tape.

Qur tape is cnchored
o our hub by a spe<ial
zlamping pin that makes
sl ppage impcszible.

Qur reputation for making the  and more work into our cassettes we believe in a simple philosophy.
world’s best tape is due in part to  than most manufacturers put into To get great sound out of a
making the world's best cassettes.  their tape. cassette takes a lot more than just

In fact, we put more thought We do all this, because at Maxell  putting great tape info it.

TV 0000000000000 3000000000100 TONREO A0 A

Enter No. 15 on Reader Service Card Moxe!l Corporotion o Americo, 60 Oxford Drive, Moorochie, N.J. 07074
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Face Reality:

Introducing The DM Factor.

Dual Monaural construc-
tion. Exclusively Mitsubishi.

It means inside our stereo
preamplifier are two perfectly
matched mono preamplifiers.

Just like our dual monaural
power amplifiers.

Just like your ears.

It means Mitsubishi has
achieved more than stereo.
But inter-channel separation
at more than 80dB at 20kHz.
For separation 30dB more
than conventional designs.

For THD at less than
0.002% from 20Hz to 20kHz.
For effective elimination of
leaks, crosstalk, any influence
able to distort the stereo
image. In both the depth and
breadth of the image.

Our new preamplifier was
also developed to effectively

handle the moving coil
cartridge. For a signal-to-noise
ratio of —77dB. Unheard of
in any other preamplifier.

Introducing our new
frequency synthesizing tuner.
With new capabilities, new
features, new design. ‘

With THD in stereo at
barely 0.08% at 1kHz. Conser-
vative, at that. With switched
selectivity for uncompromis-
ing reception. With digital
read-out. With LEDs to deter-
mine signal strength and
precise tuning. With an un-
canny ability to zero in on the
quietest signal.

And along with unique
electronic engineering,
Mitsubishi offers unique
mechanical engineering.

Like The Docking System.

It means preamplifier can
be linked with amplifier
neatly and compactly. Without
a myriad of crossed wires.

But no matter what we tell
you, the truth is, nothing will

tell you more about
our audio equipment than
your own audio equipment.

So, use your ears, and by
all means compare.

Compare tﬁe difference
The DM Factor makes.
Compare the convenience
The Docking System makes.
Compare the capabilities of
Our new tuner.

And you'll know why
Mitsubishi made them part of
The System.

The only high perfor-
mance audio system with one
name, one look, one warranty,
one standard: what comes
out must be as real as what
went in.

Because reality is what it’s
all about.

ISHI
AMISY AUDIO SYSTEMS

For more information write Melco Sales, Inc., Dept. A, 3030 East Victoria Street, Compton, California 90221.

Enter No. 18 on Reader Service Card
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Edward Tatnall Canby

I am hopeful this will make our July
issue. | am late. July! Often 1 used to
miss that month, and almost missed
this. In times past, it saw our very thin-
nest product, what with manufacturers
on vacation and the public in no
mood to listen to hi fi. Nor, it would
seem, to buy fi. Result: Our July mag
had an uncanny tendency to blow
away with the slightest breeze. | was
seldom blown away because | often
wasn’t there. Not heavy enough.

No longer. And it is not our un-
doubted success in a busy field that
has wrought the change, laudable as
the thought may be. | suspect the
transistor and, equally, the printed cir-
cuit and its successor the IC. They
enormously widened hi-fi applications
and usefulness, especially in summer.
Then came the big industry trade
events such as the “summer”’ (i.e.
spring) C.ES., which sets an urgent
early stage for the fi of the coming au-
tumn season. Those big shows are not
accessible to the public, so do you
think all that stuff can wait? You begin
to hear about it in July and continue
right on through August and Septem-
ber and October . . . and then it’s

» “winter” C.E.S. time.

RGN
N

So | hereby put aside my July lethar-
gy in a hurry, if only to tell you that |
have now discovered an important
offshoot to a law that vitally affects
every facet of our industry, Murphy’s
Law. This one is called Murphy’s Sub-
set and states that if you correct an er-
ror in print you will make two more.

Murphy’s Subset neatly tripped me
in our May issue, where — of course
— | was correcting in print an earlier
misstatement concerning the infinitely
low S/N in the new digital recording
systems. It exists, the residual or added
noise, and | quoted my informant,
reader Brian Berkeley, to point out that
it is specifically determined by a digital
formula having to do with significant
bits.

Eheu, dolor! Murphy got hold of
perhaps the most important single
word in the Berkeley quotation, aided
by myself, and the result was strictly
according to the Subset. “Least” be-
came “last.”” In print it sounded plausi-
ble and to me the same, though quite
meaningless as it turned out. The
“last” significant bit.

Now | know better and thanks again
to B.B. Go away, Murphy, while |
explain. The admittedly very low S/N

AmericanRadioHistorv.Com

in digital recording is determined by
the LSB of the particular coding system
in use. Look out, now, let's not go
wrong again. That’s LSB, which is to
say, the LEAST Significant Bit. LEAST,
Mr. Murphy — get it? There is also an
MSB, a Most Significant Bit, or sign.
But at least we may safely ignore that
one. For the most part, anyhow. It's all
a matter of getting used to the digital
lingo.

I will be curious (see May) to find
out how many of you will have caught
this one and reported same to us. Too
early at this writing.

While | am at it, | should report that
in respect to june’s “Audio ETC"” and
after a number of months of digital de-
lay combined with decode/enhance in
my living room, the six-way system |
described is a continuing success and
on the way to permanence. Regularly
now, for my own listening pleasure, |
continue to check out each recording
first of all with the delay unit (Advent
SoundSpace) in the “direct” position,
i.e. with no delay in the extra set of
speakers, so that | may hear what the
recording people had in mind as actu-
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YAMAHA

MODE. N8-10OM

Incredibly smootﬁ,}/vell—defined, powertul.
Yet small.

Presenting Yamaha's new NS-10M Mini-Monitor. With wide, even dispersion,
high sensitivity and accuracy, the sound is distinctively Yamaha: o -ich, solid sound
with a tight, firm tcass that respects every nuance of tonal shading.

What you're going to wonder, is where it's all coming from. Because for the
sound, the Mini-Monitor is amazingly small. Weighing in at 13 Ibs. the speaker
measures only 15.4" high, 8.5" wide. Inside, a 7" cone woofer anda 1.5" dome
tweeter produce 90 dB SPL with 1 watt at 1 meter.

The Mini-Moritor was made in the image of the NS-1000. it has an identical
finish, and like its bigger brother, is sold in miro}-image matched paits. Atlow volume
levels the sound is virtually the same. It's a primary monitor with the\S-1000 look and
sound, for places the NS-1000 won't fit.

Our new Mini-Monitor with the powerhouse sound is currently contending

with the heawyweights at your Yamaha
Audio Specialty Dealer. And holding YAM AH A
its own, thank you.
Acdio Divison, PO. Box 6600, Buana Park, CA 90622

If you can't find your nearest Yamaha Audio Specially Dealer inthe Yellow Pages, just drop us aline.




© 1973 TRK Zlesronizs Comp

At TDK, we're proud of our reputation as the leader in
recording tape technology. We got that reputation by paying
attention to all the little details octher manufacturers
sometimes skim over But there’s more to a cassette than just
tape. There's a shell to house that. tape, and a mechanism
that has the function of transporting the tape across the
heads. Unless that mechanism doees its job evenly and
precisely. the best tape in the world won’t perform properly,
and you won't get all the sound you paid for

The TDK cassette shell and mechanism are every bit as
good as our tape. And when you begin to understand the time
and effort we've spent in perfecting them, you'll appreciate
that our engineers wouldn’t put TDK tape in anything less
than the most advanced and reliable cassette available.

The Shell Our precision-molded cassette shells are made
by continueusly monitored injeciion molding that creates a
mirror-image parallel match, to insure against signal

overlap, echannel or sensitivity loss from A te B sides. We make
these shells from high impact stvrene, which
resists temperature extremes and sudden
stress better than regular styrene or

clear pfastic.

The Screws Our cassettes use five
screws instead of four for warp-free mating
of the cassette halves. We carefully

torque those screws to achieve computer-controlled stress
equilibrium. That way, the shell is impervious to dust, and
the halves are parallel to a tolerance of a few microns.

The Liner Sheet our ingenious and unique bubble
liner sheet makes the tape follow a consistent running angle
with gentle fingertip-like embossed cushions. It prevents
r—— uneven tape winding and
minimizes the friction
that can lead to tape
damage. Also our
cassettes will not
squeak or squeal
during operation.

- —

The Rollers Our Delrin rollers are tapered and flanged,
so the tape won’t move up and down on its path across

the heads. This assures a smooth transport and prevents
tape damage.

The Pins In every
cassette we make, we use
stainless steel rcller pins to
minimize friction and avert
wow and flutter and channel
loss. Some other manufac-
turers “cheat” by using
plastic pins in secme of their
less expensive cassettes.

We don't.

AmericanRadioHistorv.Com
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The Pressure Pad

Our sophisticated pressure pad
maintains tape contact at dead
center on the head gap. Our
interlocking pin system
anchors the pad assembly to
the shell and prevents lateral
movement of the pad, which
could affect sound quality.

_The Shield We use an expen-
sive shield to protect your recordings from stray magnetism
that could mar them. Some manufacturers try to “get by”
with a thinner, less expensive shield. We don't.

The Window Our tape checking window is
designed to be large enough for you to see

all the tape, so you can keep track of your
recordings.

The Label We've even put a lot of thought

into the label we put on our cassettes. Ours

is made from a special non-blur quality

paper. You can write on it with a felt-tip pen,

a ballpoint, whatever Its size, thickness and
placement are carefully designed and executed

so as not to upset the cassette’s azimuth alignm2nt.

The Inspections When it comes to quality
control, TDK goes to extremes. Each cassette is stbject
to thousands of separate inspections. If it doesnt
measure up on every one of these, we discard it. Our
zeal may seem extreme, but it is this commitment

sounds hetter
hetter.

to quality which allowed us to offer the first full lifetime
warranty in the cassette business—more than 10 years
ago: In the unlikely event that any TDK cassette ever fails
to perform due to a defect in materials or workmanship,
simply return it to your local dealer or to TDK for a free
replacement. It took guts to pioneer that warranty, but our
cassettes have the guts—and the reliability —to back it up.

A Machine for All Your Machines Now that
we've tald you how we move our tape, let us remind you about
our tape. SA, the first non-chromehigh bias cassette, is the
reference tape most quality manufacturers use to align their
decks before they leave the factory. It's also the number
one-selling high bias cassette in America. For critical music
recording, it is unsurpassed. AD is the normal bias tape
with the “hot high end.” It requires no special bias
setting, which is why it is the best cassette
for use in your car, where highs are
hard tocome by, as well as at
home. Whatever your recording
needs, TDK makes a tape that
offers the ultimate in sound
quality. But it’s our super
precision shell and mechanism
that make sure all that sound
gets from our tape to your ears,
year after year TDK Electronics
Corp., Garden City, NY 11530

HTDIK

The machine for your machine.

Enter No. 34 on Reader Service Card
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ally recorded in the grooves. (Decode/
enhance makes use of this information
specifically.) Only then do | pick a
suitable room size and a suitable de-
gree of reverberation, both synthetic,
to complement the sound of the re-
cording itself. It is easy and quick, and
the more you do it the more unerring
it becomes. No fumbling, no uncer-
tainty. Just a brief listen, then a flick of
the readout numbers to the right
place, the right delay for that music.
The modest but very definite further
enhancement of already-enhanced
four-way sound is a pleasure for any
musical ear. Only an occasional faint

T-T-T-ttt as a scratch or tick goes by or
I drop my pickup a mite too fast be-
trays the presence of all that sophisti-
cated synthesizing circuitry — see Len
Feldman in May.

Was It Murphy?

A further curious and useful habit of
this unit has cropped up since my last
writing. | thought someone was using
my equipment — the numbers on the
readout changed. It seems, | now dis-
cover, that when you turn your system
off the readout cancels as in any calcu-
lator or larger computer — but not to
zero. Instead, when you switch back

SP4002 FEATURES:
O Dual10-band + 15 dB Equalization

O Zero-Gain/LED Level Balancing

[ Sub-Sonic Filtering—15 Hz

[J Varlabie Cartridge Looding, 50 to 800 pf.

The new SP4002 SIGNAL PROCESSING Preamplt
fier 15 the mast flexible preamplifer ovoilable fis
PUSH-BUTTON PATCHING capabilities are endless
The SP4002 was destgned far those audiaphiies
who take a "HANDS ON” approach to thew equip
ment For tonal flexibility, we hove'included TWO
TEN OCTAVE GRAPHIC EQUALIZERS For the tape
enthusiost, the SP4002 is copable of handting up B
fo three tape recorders with THREE WAY dubbing
control Along with thus are TWO SIGNAL PROC-
ESSING LOOPS for added occessories, 0 subsonic
hiter and stereo/mono mode swifching Our unique ¢
CARTRIMATCH®™ phono preamplifier design allows
the use of fwo moving coil cariridges without heod
amphtiers and ADJUSTABLE CARTRIDGE LOADING
on phono 1 and phorio 2 from 50 to 800 pico-
farods. Again the Soundcroftsmen todition of
offordoble seporotes  1s continued

:Egc EQuAaLizER $249.00

9 EQUALIZER FEATURES:

1. Environmental EQ Test Record 2. Compu-
tone Chorts for EQ re-setincluded 3. EQ Tope
Recording 4. Tope Monitor 5. EQ defeat
6. +16-12dB EQ/octove 7. S/N-105 dB
8. Cobinet included os shown 9. Two Moster
QOutput Controls

" WHYS & HOWS
of equalization

pleasures;’

[ Inputs For Most Maving Cail Cartridges
Four Mono Phono Preompiifiers

—| Three-way Tape Dubbing

[ Two Ampiitied Headphone Outputs

O Variable 47/100 Ohm Phono impedance ] Two External Processing Loops
0 +20 dB Phono Level Adjustment "1 Stepped Level Control
[ Phono Signak-to-Noise—97dB

tncludes TEST REPORTS, complete specifications, Class ''H'" amplifier
ENGINEERING REPORT, EQ COMPARISON CHART, and the ‘‘WHY'S &
HOW'S'' of equalization—an easy-to-understand explanation of the relation-
ship of acoustics to your environment. Also contains many unique IDEAS on
‘‘How the Soundcraftsmen Equalizer can measurably enhance your listening
*'How typical room problems can be eliminated by Equalization;’
and a 10-POINT *‘DO-IT-YOURSELF'' EQ evaluation checklist so you can

EQUALIZERS. ..
PREAMP-EQUALIZERS. ..

CLASS “"H” AMPLIFIERS...

“THE PERFECT PREAMPS” - OCTAVE-WIDE TONAL CONTROLS, PLUS PUSH-BUTTON SIGNAL-
PROCESSING PATCH-PANEL, FOR OPTIMUM FLEXIBILITY IN PROGRAMMING, SWITCHING,

PLAYBACK...

[0 Zero-Detent Slide Potantiometers

[J 19" Rack Mount Brushed Aluminum Black
& Sitver Overiay Panels

[ Front Panel Tape inputs & Outputs

O Includes Enviranmental Test Record

{J Computane Charts for “EQ” setting

Jz’w/d’%mx

NAL PROCESSOR/PRE

FIND OUT FOR YOURSELF WHAT EQ CAN DO FOR YOU!

SEND $6.00 FOR EQUALIZER-EVALUATION KIT: 1-12” LP TEST RECORD,
1 SET OF COMPUTONE CHARTS, 1 COMPARISON CONNECTOR, 1 INSTRUCTION FOLDER

“Conada: ESS AUDIO (Conado) LTD., Onfono MADE IN U.S.A. BY SOUNDCRAFTSMEN, SANTA ANA, CA 92705

Enter No. 29 on Reader Service Card
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on again you find an invariable read-
ing of 50, which is the halfway point.
In delay terms this corresponds to a
room or hall of middle size, some-
where between a ‘‘chamber music
hall” or studio and a large symphony
hall, or the median equivalent in the
synthesized spaces found in pop
music. Excellent idea, and a good set-
ting to start with, making the going
easy either upwards or downward, to
smaller or larger synthesized space.
Somebody used his musical brain de-
signing this, for sure.

Speaking of concert halls and other
halls for music, | have just been exam-
ining a piece | wrote some time ago in
a brave attempt to get ahead of the
game, even before my copy was actu-
ally due, and to store up some reserve,
incidentally, in case of disaster or for-
getfulness. Well, it never works. This
one, it seems, just never got published
at all. It went into the perpetual re-
serve file. So to heck with getting
ahead, but | will mine a bit of it —
which means, of course, | will come
out with something entirely different; |
always do. No matter.

The Space of Sound

Music and architecture are one, or
should be. Just as the product fits the
market and vice versa, these two arts
have developed side by side, and it is
never easy to tell which came first, if
either did. They have progressed coin-
cidentally, though occasionally one or
the other has taken the lead for the
moment. Before we in audio came
along, music was designed to be heard
in a particular and suitable space, an
architecture, and it wasn’'t ever the
home living room as we now know it
— most certainly not for a hundred
sorts of large-scale music. Do you
think operas were designed for Texa-
co? Or for “stereo” headphones or the
TVv? But all that is another story.

In the 17th century, they built
sumptuous new-style buildings to
house a new-fangled musical idea, the
King’s 24 Violins (Louis XIV) or equiva-
fent in other up-and-coming royal pre-
serves all over Europe. Needless to say,
these buildings were designed to suit
the occasion, not only visually but
with acoustics ideal for the music
itself. If you have seen the kind of or-
nate elegance in which this music was
heard, you know what | mean.

In Venice of the 16th century the
peculiar architecture of St. Mark’s
Cathedral, many domed and Byzan-
tine, prompted a whole school of mul-
ti-choir music that was imitated all
over the continent. It was devised sim-
ply to take advantage of major per-
forming difficulties, a number of wide-

AUDIO ¢ July 1979



ONE OF THE WORLD'S
GREAT POWERS.

X

THEPHASE LINEAR 700 SERIES TWO.

Over seven years ago, Phase
Linear took the audio world by
storm when it introduced the first
truly high-power, high-fidelity
amplifier: the Phase 700. Everyone
was stunned at the incredible 350
watts per channel, with ultra low
distortion. (In those days, popular
mythology held that amps would
never need more than 50 watts to
a side. In fact, who had even heard
of clipping?)

Naturally, the skeptics scoffed.
But audio critics and music-lovers
worldwide listened. And for the first
time, they heard recorded music
reproduced in the home accurately.
No muddy rumble at the low end.
No harsh, distorted clipping of the
highs. The era of great power amps
had begun!

Today, it's generally accepted
that you need an amplifier with a
massive reserve power to drive
inefficient high-technology
speakers and reproduce all the
musical transient peaks without
clipping. The amplifier with unques-
tioned ability to meet this criteria
isthe Phase Linear 700 Series Two.

GREATER POWER RESERVES

MEAN GREATER HEADROOM
The Phase 700 Series Two is W
rated at 360 watts per channel,

with distortion virtually inaudible
at 0.09%. With this tremendous
power, the Phase 700 can repro-
duce musical transients withease,
giving you almost unlimited head-
room. As a result, your music
sounds lively, with incredible
realism. Even the deepest riotes
are clearly distinguishable.

INCREASED ACCURACY
AND PROVEN RELIABILITY

The original Phase 700 was
designed for home use, but it
rapidly won the approval of the
pros. Its proven dependability on
the road made the 700 a favorite
touring amp for super groups and
sound reinforcement companies.

The Phase 700 Series Two
retains this legendary reliability,
and improves sonic accuracy by
utilizing an advanced BI-FET input
stage. Thisintegrated circuit keeps
the output virtually identica to the
input. Beautiful musicin, beautiful
music out.

The 700's instantaneous LED
output meters move at lightning
speed, accurately monitoring the
output voltage, with calibrations
for 8 and 4-ohm applications. |If
you're listening at quiet levels, you
can activate a Meter Range Switch
to upscale the meter by 20dB. You
have a visual indication of output
activity, in addition to the Elec-
tronic Energy Limiters that prevent
damage from accidental overloads.

If you demand great perfor-
mance, don't settle for less than a
great amplifier.

SPECIFICATIONS:

Output Power: 360 WATTS, MIN. RMS PER
CHANNEL 20Hz-20kHz INTO 8 OHMS,
WITH NO MORE THAN 0.09% TOTAL
HARMONIC DISTORTION.

Continuous Power Per Channel At 1000Hz

With No More Than 0.09% Total Harmonic

Distortion: 8 OHMS-450 WATTS, 4 OHMS-
550 WATTS.

Intermodulation Distortion: 0.09% Max
(60Hz: 7kHz-4:1).

Damping Factor: 1000:1 Min.

Residual Noise: 120uV (IHF “A”").

Signal To Noise Ratio: 110dB (IHF "A”").

Weight: 45 Ibs. (20 kgs).

Dimensions: 19"x7"x10"

(48.3cm x 17.8cm x 25.4cm).

Optional Accessories: Solid Oak or
-

Walnut Side panels. E.|.A. standard rack
mount configuration.

@

THE POWERFUL DIFFERENCE

PHASE LINEAR CORPORATION, 20121 48TH AVENUE WEST, LYNNWQOD, WASHINGTON 98036
MADE IN U.S.A. DISTRIBUTED IN CANADA BY H. ROY GRAY LTD. AND IN AUSTRALIA BY MEGASOUND PTY. LTD.
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SHIFT YOUR CAR
STEREO INTO HIGH.

Boost high-end frequency response with a Scotch® Master IlI®
Cassette. Simply record in the normal bias position, or—if you
have it—in the ferri-chrome blas posutlon Result your car stereo

Scutch

fantastic high-end
MASTER 1

clarity anc detail.

SCOTCH RECORDING TAPE. THE TRUTH COMES OUT.

32 Enter No. 13 on Reader Service Card

stereo or monp input sngnals are acceptable; The AP-10 is
available at bettdr stereo and pro sound stores. For your nearest

dealer - Call: (80{)) 8564-0269. — In California| (714) 556-2740.

“or wr}'ta EDCQR ?t 16782 Hale Avenue s« : Irvina, California 927 14"

B e Ll |

Enter No. 6 on Reader Service Card

ly spaced but extremely cramped loca-
tions where musicians could be
squeezed into place, not one of them
big enough for the forces at hand. So
why not use more than one, or all, and
write different music for smaller
groups of performers at each location,
to be performed separately for a dra-
matic directional contrast or simulita-
neously for a marvelously wide “‘ster-
eo” spread? Thus out of severe archi-
tectural problems was achieved what
is now called polychoral music, voices
and instruments, the glory of works by
the Gabrielis, A. and G., and others
from Schutz to Brahms. Architecture
determining the very nature of music.
In the 19th century this pairing of
music and architecture, far from fading
away, reached its most spectacularly
successful level. This was the age of
bigness, in all respects from wars to
nations and empires, from roads and
railroads to the Eiffel tower, from Bee-
thoven to Mahler, and from small, inti-
mate concert rooms to the vast spaces,
holding thousands, that we collective-
ly know as the concert hall. Right
through the 19th century, until
Tchaikovsky himself came over to
dedicate Carnegie Hall in New York,
that close relationship between exist-
ing music — the sound of music —
and existing architecture remained the
norm everywhere. And ever larger.

Soundless Spaces

Then came the modern age. For the
first time in Western history, we now
depend very largely on past music, of
other times, for our concert fare. Not
to mention our recordings — again an-
other story. And every year this past is
farther diversified and extended. What
about the architectural spaces? Should
not each type of music be performed,
at least in the live format, within the
enclosure that corresponds or is close
facsimile thereof?

The big concert hall, the concert
hall, as it happens is just fine for the
prevailing (still prevailing) mostly-
19th-century music that is played by
our monster symphony orchestras, to
the tune of giant deficits and enot-
mous fund-raising campaigns plus
government and foundation support.
Fine, that is, in the case of the older
halls. Carnegie in. New York, the Acad-
emy of Music in Philadelphia, Sym-
phony Hall in Boston, even the quite-
late Severance Hall in Cleveland, art
deco rather than modern; also some
others of the oldie type in our more
recently settled West.

The big old symphonies that we of-
ten hear, the even bigger concertos,
were designed for this type of extrava-
gantly large hall out of the last centu-
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The sound is familiar.
The PRICE is the SURPRISE!

TIREALIS 7cC’
Minimus-7

This amazing little hi-fi
speaker costs only about 2
third as much as some mini
speakers, but we think they
compare very favorably. How
could they? Well, we gave
ours a heavy-magnet large-
excursion 4" woofer, a soft-
dome wide-dispersion 1"
tweeter, a precise L-C cross-
over network, and a diecast
aluminum enclosure. The re-
sult is astonishing bass and
crisp highs from a 7-1/6" tall
system that fits on any book-
shelf. Audio response is 50-
20,000 Hz and
= power capacity is
40 watts RMS. All |
for only 49.95* each. §
Now listen to
: this! Just 14.95*
| - buys you a pair of
4,4» 2 the fully adjustable
> mounting brackets
pictured here, so
you can install two Minimus®-7s
in your car. Or van or pickup or
RV. Discover Minimus -7, the
mini-size, maxi-value speaker
for home or mobile use. Sold
only at Radio Shack.

* Retail prices may vary at individual stores and dealers

at most Radio Shack stores

Radie fhaek

A Division of Tandy Corporation * Fort Worth, Texas 7€102 - .
Over 7000 Locations in Nine Countries Use ’em on a shelf Use "em in vour vehicle
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Needle in the
hi-fi haystack

Even we were astounded at how
difficult it is to find an adequate
other-brand replacement stylus fora
Shure cartridge. We recently
purchased 241 random styli that were
not manufactured by Shure, but were
being sold as replacements for our
cartridges. Only ONE of these 241
styli could pass the same basic
production line performance tests
that ALL genuine Shure styli must
pass. But don’t simply accept what
we say here. Send for the documented
test results we've compiled for you in
data booklet # AL548. Insiston a
genuine Shure stylus so that your
cartridge will retain its original
performance capability—and at the
same time protect your records.

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

In Canada: A.C. Simmonds & Sons Limited

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

Enter No. 26 on Reader Service Card

ry. The two grew up together, as al-
ways in the past, music and perform-
ing space united harmoniousty. And it
is not possible to say which was in the
lead. Aiding and abetting. The original
concert halls, of course, many more of
them, are in Europe; the music, after
all, is European, and until quite recent-
ly our own homegrown concert music
followed the same tradition and be-
longed in the same space. Not until
the 1920s did the hegemony of Europe
begin to crack, at least for contempo-
rary music. It began to try to move
elsewhere. It is still trying. Where can
it go? Does it have any close

and enduring relationship

with our present /‘

©

flourishing architecture? Not that | can
see. Mostly, it just drifts back to the
same old places or the same new ones.
Right along with the Tchaikovsky and
the Brahms. Should it?

Box office people think so. If you
don’t surround it with the familiar
stuff, who'll listen? True, true. But in
past ages contemporary music did ex-
tremely well, wherever, whenever. Or
quit. Or tried a new tack. Survival of
the fittest, an old-fashioned idea if
Darwinian.

What, then, should a contemporary
concert hall, brand-new, sound like?
Obvious! Like Carnegie Hall or Sym-
phony Hall in Boston, to match the
music inside it. Old fashioned. But al-
ways provided that it look modern,
contemporary. That sort of two-way-
ism accounts for the sonic disasters of
recent memory — nobody really knew
how to make the ears contradict the
eyes in such an unheard-of way. We
wanted the sound of yore, but
heavens, we couldn’t build a visible

AmericanRadioHistorv.Com
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fake Carnegie or another Academy of
music in molded plastic. Unthinkable!
A modern building, first of all. And let
the sound fall where it may.

| do go along with the idea that we
should build modern. Today is for
today. It's OK to restore or convert our
existing older buildings but if we build
anew, let’s build US. We have one of
the great periods of architecture at
hand. We should indeed build mod-
ern. The sound is another matter.

Yeah, | know the proper formula for
avoiding the sound/sight conundrum.
Build a concert hall in which “all” mu-
sic sounds good. Double-yeah. Just
like those new pipe organs that play
- 4 everything from early Baroque

to late Music-Hall. Or the all-
purpose coffee grind | just
bought. True, it works in any
coffee brewer. And does a medio-
cre job in every one of them.
Mediocrity is the inevitable by-prod-
uct of any ail-purpose operation, no
matter how high minded. Good
music has very rarely been
all-purpose — quite the
contrary.

Nor, for

that

matter,

/ archi-
v/ tecture.
Imagine an
ancient pyramid
complete with
Pharaoh

plus built-

in tourist
hotel and
maybe

a hockey rink.

So now we have the successor to the
all-purpose concert hall, which has so
often been no-purpose, though we
have tried and still do. The successor is
more honest, if thoroughly two-way.
Back to Square One! Here, indeed, is a
hall that does lookmodern and sound
old fashioned. This took some doing.
A miracle of sorts, all right. But (sorry,
Avery) | stilt think the idea is truly a
cop-out.

What we really need is a whole new
kind of music to go along with our
new spaces minus any sort of compro-
mise, just as in past ages. Why not?
How about Music for Office Building?
Symphony for Small Exxon Station?
Rhapsody for Underpass in E Minor?
These should do it. Might even get a
Concerto for Very Modern Concert
Hall.

Next time you listen to the Best Seat
in the Concert Hall via your new home
fi, think on these things. What an im-
pact they have had on our kind of
music listening! A
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fact:

your favorit¢ record may be 5 tangle of warps

Your phono cartridge "sees” such records as twisted, heaving surfaces, jolting
up and down 0.5 to 8 times a second. Even records that look flat have warps,
and a warped record can change the cartridge-to-record distance, the
tracking force, and the vertical tracking angle. Warps produce frequency
“wow" and distortion, and can dangerously overload speakers and ampilifiers.

What's more, somewhere between 5 and 15 Hz, every tone arm-cartridge
system has a resonance frequency—a frequency at which a warp will produce
an exaggerated response that may resultin mistracking and in extreme cases,
cause serious damage to both the record and stylus.

//—kCHANGINGDISTANCE T [ HI

P
[ - :r-;-,'_u R A N = s e
TURNTABLE
OTHER CARTRIDGE

" CONSTANT DISTANCE '—_—1

1
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THE V15 TYPE IV

viscous-damping
straightens out
all your records

The Shure V15 Type IV is the first cartridge in the world to
incorporate eftectively the principles of viscous damping.
The Dynamic Stabilizer acts something like a "shock
absorber,” carrying the cartridge over surface irregularities
witnout distortion, without bottoming out, and without risk of
damage to records or stylus. It even protects the stylus
should it be dropped accidentally onto the record.

the role of the Dynamic
Stabilizer:

The V15 Type IV's Dynamic Stabilizer makes certain

you hear the recorded information, not the warps. The
viscous-damping system of the Dynamic Stabilizer resists
rapid changes in the cartridge-to-record distance. This
remarkable Shure innovation eases the stylus over warps
without affecting the tracking force on warped or unwarped
portions of the record. And the tone arm-cartridge
resonance is attenuated to a subaudible level. As a further
bonus, the Dynamic Stabilizer cushions the stylus from
accidental impacts.

Get the straight talk today at your dealer's showroom. Ask for
a free demonstration of the V15 Type IV,

V15 Type IV

the viscous-damped cartridge by. ..

HERNEE

Shure Brothers Inc., 222 Hartrey Ave., Evanston, IL 60204, In Canada: A. C. Simmonds & Sons Limited
Manufacturers of high fidelity components, microphones, sound systems and related circuitry.
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Clean look,clean sound.

The Crown Power Line One
amplifier and the Straight Line
One pre-amplifier were designed
for special persons who delight
in accurate sound reproduction—
who want to be aware of the softest
notes, and to clearly identify each
instrument in a bright, vibrant
passage. They're designed for
persons who persist in evaluating
new components, trying to re-
produce the ambience of a con-
cert hall. They’re designed simply
for listening enjoyment.

You may already have experi-
ence with a sophisticated system,
or you may just now be planning
your first high-quality component
system. In either case, you are
aiming for sonic improvement.
The Crown Straight Line One and
Power Line One components can
provide that improvement.

You'll be pleased at the smart,
professional appearance they will
add to your audio system. But
your greatest enjoyment may well
come from the unusual sonic
accuracy of these units. The Power
Line One and Straight Line One
are acoustically as transparent as
can be imagined.

One of the more significant
innovations in the Straight Line
One is the phono pre-amp module,
a separate unit for mounting near
the turntable which produces a
standard input for the Straight Line
One. This design concept, plus
the advanced circuit technology in
the module, eliminates trouble-
some RFl.Internal noise in this
module is so low that the thermal
noise generated by your cartridge
will be the dominant noise from
the phono pre-amp module.

SPECIFICATIONS

The front panel of the Straight
Line One is a model of simplicity,
intended for owners whose prin-
cipal enjoyment is in listening,
and not so much in re-recording
or mixing or “engineering” sound.
An unusual feature of the Straight
Line One is the overload indicator
which enables the owner to deter-
mine optimum gain settings on
both units to achieve minimum
distortion.

The Power Line One amplifier,
a matching unit, is a simple, prac-
tical power amplifier. It will drive
up to three sets of speakers, with
switching available on the front
panel, and is intended for medium
power systems requiring high
signal reproduction quality.

The amplifier circuit design is
all Crown. You will appreciate the
extremely low noise and distortion
and the conservative use of elec-
tronic components for high
reliability.

Frequency Phase

AmericanRadioHistorv.Com

Response, Response
20 Hz-20 KHz 20 Hz-20 KHz

Straight Line One
2-channel pre-amplifier

Switching module +0.1dB +10°

Phono pre-amp (RIAA) +0.5dB +5°
Power-Line One
2-channel amplifier +0.1 dB +10§ to

—15

Power rating: 50 WATTS/CH. MIN RMS INTO 8 OHMS,

20 Hz-20 KHz, THD 0.05%.

80 WATTS/CH. MIN RMS INTO 4 OHMS,
20 Hz-20 KHz, THD 0.07%.

CROWN products are available
outside the U.S.A. under
the brand name AMCRON.



® Crown ® STrARIGHT

L% overLoAd @ R

LIE - DOMEe

MONITOR FILTER

Built-in to the Power Line One
is the unique Crown IOC (Input-
Output Comparator) system for
reporting the effect of many dif-
ferent kinds of overload. Qutput
distortion is detected before it
becomes audible and is reported
onred LED's at the top of the
monitor panel. The other indica-
tors on this panel provide infor-
mation about peak output voltage
for each channel. The indicators
will help in determining available
head room and in balancing your
system.

Ease of operation and attractive
appearance are not the principal
reasons you shouid consider these
Crown LINE ONE components.
They are designed, and carefully
built, to provide clean, pure, undis-
torted outputs—to enhance your
listening pleasure.

For that, why not rely on the
Crown reputation for sonic accu-
racy and reliability in all its prod-
ucts. More importantly, why not rely
onyour own ears? Try your most

demanding record or tapeon a
system which includes the L/INE
ONE components. You may well
hear subtle overtones, nuances
that just weren't obvious before.
That quality of sound happens
partly because Crown is very
careful in inspecting these compo-
nents. We test each one indivi-
dually, and furnish you with a
proof-of-performance sheet which
records the result of each test.
Every Crown component must
test equal-or-better to every pub-
lished specification before it is
released for shipment. And itis
because of careful design, careful
construction,and careful testing
that we can guarantee that your
Crown component will perform
within published specifications
in normal use for three years after
original purchase. If it doesn't,
we'll repair or replace it at no cost

Total Harmonic

IM Distortion Distortion at rated
Hum and Noise at rated output, output 20 Hz-20 KHz,
dB below rated output Max. Max.
unweighted “A"” weighted
97 101 0.00055% 0.0009%
88 94 0.0005% 0.002%
110 115 0.00095% 0.05%

(&) crown

1718 W. Mishawaka Road, Elkhart, Indiana 46514
Innovation. High technology. American. That's Crown.
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to the owner. Crown aiso pays
round trip shipping, if needed. We
build Crown components to work
as specified, and to sound as good
asyou hoped.

See your Crown dealer soon
for a complete demonstration,
or send the coupon to Crown for
a free fuli-color brochure on both
units.

Crown:

Please send the Straight Line One,
Power Line One brochure.
Name

Address -~

City -
State Zip

Phone —
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An Overview Of

Walter G. Jung, Mark L. Stephens, and Craig C. Todd

Part Il—Testing

A desirable object for the
study of SID is to develop a re-
liable and predictive test meth-
od (or methods) for the pres-
ence of this distortion. With
our studies, this objective was
generally met, and good corre-
lation was observed among
several different means of
measurement and theoretical
calculations [33, 34]. These
electrical test methods also ap-
pear to correlate roughly with
listening tests made on the
same devices. The results of
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amps, but it is an excellent one
for IC op amps. Reasons which
. can defeat its validity for some
equipment are limited signal
bandwidth, which masks true
distortion products, and in
power amps, output stage
stress. For wideband, low-level
stages, it can be an excellent
test. However, the SID distor-
tion mechanism cannot always
be conveniently isolated and
quantified, simply because one
does not always have direct ac-

these different tests made on a wide variety of IC op amps are
described in this part.

THD Tests

It has been often reported that THD test methods are gen-
erally insensitive to the detection of TIM distortion [8, 9, 18,
49, 64]. In actuality this is only true for insufficient (or fixed)
signal slopes, i.e. when SS<SR. This factor will be demon-
strated in the discussion below. A 1-kHz spot-frequency
THD test is an example of a test which is (typically) either too
low in SS, or if fixed in level, not dynamic at all. An example
of a dynamic test in terms of SS is one which moves the SS
of the test signal up to and through the amplifier SR; i.e.
where the SR ratio is forced to reach and pass unity. It must
do this, of course, without amplitude clipping of the output
signal, which implies a swept frequency test.

In practice, a relatively straightforward means of exercising
an amplifier for SID (or TIM) is to apply a low frequency
(about 100 Hz) signal at full rated output voltage, and then
sweep the frequency upward until a sudden rise in distortion
is noted [16, 33], the 1 percent distortion level coinciding
with the amplifier’s full power bandwidth.

In op amps, a full output-voltage level sweep test for THD
from 100 Hz to 100 kHz has been found to be a sensitive and
easily applied test to detect SID, as it exercises the output
signal slope-tracking fidelity to a high degree. Unfortunately,
this form of test is not always directly applicable to power

Portions of this article are adapted from “Slewing Induced Distortion in
Audio Amplifiers” by the authors in The Audio Amateur, Feb., 1977 (P.O. Box
176, Peterborough, N.H. 03458), part of an article series which is available in
book form. Portions were also adapted from the authors’ article “Slewing In-
duced Distortion — Its Effect on Audio Amplifier Performance, with Correlated
Listening Results,” Audio Engineering Society Preprint No. 1252 from the May,
1977, convention. (See bibliography references nos. 33 and 34.) © Copyright
1979 by Walter G. Jung, Mark L. Stephens, and Craig C. Todd.

cess and control over amplifier
configuration and/or operating condition (s).

It is possible to isolate SID from other distortion sources
when the test configuration can be completely controlled.
For instance, when testing op amps, this can be accom-
plished by placing some important restrictions on the test
circuit [33, 34, 35, 37, 38]. The test configuration should oper-
ate in the inverting mode, to eliminate the common-mode
distortion effects which exist when an op amp is operated
non-inverting [37, 38]. The magnitude of these effects in
some designs can approach that of SID, therefore a non-
inverting test is simply incapable of discriminating these two
components. Similarly, output stage non-linearity should also
be minimized by careful restriction of loading, to 10K or
more. These precautions assure us that we are truly measur-
ing only SID and not other additional distortions such as
those produced by poor common-mode rejection or output
loading. These distortion mechanisms should be evaluated
separately [31, 38] and are not the subject of this study. Fail-
ure to make certain the test conditions are free from these
distortions can lead to questionable results.

A test circuit which takes these points into consideration
and is suitable for SID tests is shown in Fig. 9. It is a unity-
gain inverter, with the device’s frequency compensation ad-
justed for unity gain, except for special cases as noted. Input-
output signal levels are full rated-voltage swings of ¥10V or
7V rms (except as noted), which generally maximizes the out-
put SS. The heavy feedback condition maximizes sensitivity
to slewing distortions, since it maximizes the potential error
voltage.

The device under test (DUT) is operated in this circuit, and
a check is made for its actual slew rate. Note that for a given
device, the actual slew rate can vary from the data sheet
value, therefore results can only be correlated by actual mea-
surement. |deally, slewing should be symmetric, so the mea-
surement should take note of both plus and minus slew
rates. After the SR test, measurements can proceed.
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Fig. 9 — Test circuit for slew induced distortion.

Representative THD performance data on a common 741
IC op amp with a 0.5V/uS SR is shown in Fig. 10. These data
indicate in the full output-level curve a characteristic sharp
rise from the low frequency (LF) residual level to a 1 percent
THD level at 8 kHz (fp), this occurring within only two
octaves. For lower output levels, such as for 2V and 1V rms,
the 1 percent THD frequency is proportionally higher, in fact
by the ratio of amplitudes. In all three cases, the characteris-
tic sharp rise in distortion can be noted as the device’s SR is
approached by the SS. The 1 percent THD point is reached
when the SS becomes equal to the fixed device SR. This can
be noted as a relatively constant SS for the three different 1
percent THD intercept points, as is evidenced by the differ-
ent frequencies at which this point is reached for different
levels.

SID improves considerably for higher SR devices or com-
pensation conditions which result in higher device slew rates.
In Fig. 11, THD data on a 301A amplifier is shown for various
compensation/gain conditions, with all data referred to a 7V
rms output level.

The first curve (left) is for unity-gain compensation, where
the device SR is 0.9V/uS; the behavior is similar to but slightly
better than the 741 for similar conditions. For the X10 com-
pensation curve, the resulting slew rate is 7V/uS, and the
performance is much better, with slew limiting not reached
until 90 kHz. The improvement is largely due to the X10 im-
provement in SR and gain-bandwidth product, without any
major penalty in LF distortion or noise.

Tvemy  2VEMS jvems

H— + Lo
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o oif —+ —f—1 T nl &0k =
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L S L I | |
CI 100 3 10K 100K 0.001 T .

FREQUENCY — Mz

Fig. 10 — THD vs. frequency for a 741
op amp operated as a unity gain
inverter at various output levels.
Device slew rate is 0.5 V/uS.

7 V rms.
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FREQUENCY — Hz

Fig. 11 — THD vs. frequency for a 301A
op amp operated as a unity gain
inverter at various compensation/
noise gain conditions. Output is

The third curve is for a X100 compensation/gain, and here
slew limiting is not at all evident.

Slewing ' symmetry has a pronounced effect on SID, and
SID will only be minimized when the plus and minus slew
rates are equal. In some IC amplifier devices, particularly
those which use current mirrors, slew symmetry can be
trimmed tg demonstrate this effect, as shown in Fig. 12.

Here the THD performance of a 301A op amp with an SR of
0.4V/uS (when trimmed) is plotted, and the data indicate an
fp of 6.7kHz, which agrees with the theory. For asymmetric
slewing, however, the distortion generated is higher, and the
break point occurs lower in frequency. This sort of behavior
can be noted in many amplifiers, and those in which slewing
is inherently asymmetric will not yield as low a distortion as
devices which are symmetric.

An aspect of SR asymmetry which illustrates why inverting
mode operation is recommended for SID characterization is
demonstrated in Fig. 13 and 14. Figure 13 is the full-scale (20
V p-p) slewing response of a 301A amplifier, and, as can be
noted, there is a marked difference between plus and minus
slopes [21, 22, 37, 38]. This same amplifier was used in the
inverting-mode pattern of Fig. 4a (Part I}, where it was seen
to be nominally symmetric.

Slewing differences between inverting and non-inverting
input operating modes show up in THD tests, as is demon-
strated by Fig. 14. This data is for the same amplifier operated
at unity gain, with curve A for inverting mode, curve B non-
inverting. Note that the fp is lower in curve B and distortion
much higher at lower frequencies than curve A. This general
pattern can also be seen in other devices as well [38].

An interesting demonstration of the effectiveness of SR im-
provement on THD is contained in Fig. 15. This data is for the
2725, a programmable|C op amp, where the device SR can
be adjusted via a bias terminal. Shown here is the resulting
THD for SRs of 0.5, 1.6 and 5V/uS respectively. As can be
readily noted, the resulting performance improves directly as
SR is increased.

Since the previous performance examples have indicated
that quality is generally directly tied to slew rate, it might
seem fair to assume that a very high slew rate is sufficient in
itself to achieve this quality. However, this is not completely
the case, as is shown by Fig. 16. These data are THD perform-
ance for a class of op amps known as “slew enhanced’ types
[20]. This form of op amp uses a class B (or AB) input stage to
dynamically alter (increase) the output current (I} and thus
boost SR for high SS conditions.

In terms of THD, slew-enchanced units generally show a
low SS distortion performance much like a conventional op
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Fig. 12— THD vs. frequency for a 301A
op amp operated as a unity gain
inverter with various slewing
symmetries, Cc is 33 pF, outputis 7 V
rms. Offset adjustment is trimmed for
slewing condition shown.
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Fig. 13 — Asymmetric slewing due to common mode
asymmetry in a 301A op amp operated as a unity gain
follower; 20 V p-p.

amp up to a point, but complete slew limiting is prevented.
The data reflects this, showing a general initial rise, then a
leveling off in THD. It also shows substantial differences in
the performance of the various devices tested. Highest per-
formers are those units which show the combination of good
low-level linearity concurrent with high GxBW, e.g. the x10
531, the 530A, and the 538.

As a final example of THD performance, the data of Fig. 17
indicate what effect an adjustment in SR independent of
small-signal bandwidth (or feedback) has on SID. For this
test, a 318 op amp is used in the circuit shown. The 318 has a

very high SR of 50V/ S with a gain bandwidth of 40MHz,
and its performance is sufficiently high (curve A) that the
THD measured is essentially the residual of the analyzer used
[31, 33, 34, 38].

As the test circuit shows, the current sources and load C,
constitute a slew limit mechanism which can be used to ex-
perimentally alter SR, independent of both feedback and am-
plifier bandwidth. Curve B indicates THD for a 6.7V/ S con-
dition, C for a 0.5V/ S condition. Note that the fp for Cis 8
kHz, as equation 3 predicts.

This test indicates two things; one that SR is a good general
indicator or predictor of high frequency distortion for high SS
waveforms. Second, it indicates a pattern of distortion rise in
curve C much more sudden than any previously noted. This
indicates that the heavy feedback (for the 318, as used here)
is successful in suppressing the typical two octave rate of
rise noted in other patterns above [33, 53, 60].

At this point, THD performance data has been shown
which reflects the key behavior patterns observed in the
group of IC samples tested. From this, it can in general be
noted (for these tests) that if the device slew rate is 5V/ S or
more, is symmetrical, and does not use nonlinear slew
enhancement, the THD performance can be superlative. This
will be evidenced by a THD of 0.01 percent or less up to 20
kHz (a 20-kHz distortion-free bandwidth) with an fp of 80
kHz or more. For the best devices, THD can be 0.1 percent or
less up to 100 kHz. Of those tested, the best devices in the
above terms were: NE5534 (equivalent to TDA 1034), 536,
318, 518, the TLO80 and TLO70 series, 3140, 2625, 2525, 301A
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Sine-Square Test

A combined sine-square wave IM test has been proposed
by Leinonen, Otala, and Curl as a method of measuring TIM
[18]. For this test, the signal is a 3.18-kHz square wave, which
has been filtered with a simple one-pole, low-pass R-C filter,
at either 30 or 100 kHz, and combined with a 15-kHz sine
wave of one quarter the peak-to-peak amplitude of the
square wave. The resulting square-wave signal component
has a very high slope, which is in theory actually limited only
by the low-pass filter. As can be appreciated from this factor,
this test has the capability of stressing an amplifier to a high
degree for non-linearities related to signal slope and/or slew
rate. Figure B-1 is an oscilloscope photo of a 30-kHz band-
limited signal (DIM 30).

The output spectrum of the amplifier under test is ana-
lyzed for intermodulation products generated by non-linear
mixing of the sine and square waves. The rms sum of these
products relative to the amplitude of the 15-kHz sine wave is
defined as the percentage distortion. This definition of the
test does not include the residual distortion products of the
square-wave source (which are not a result of the intermodu-
lation under examination). As typically occurring in practice,
these spurious products are the even-order harmonics of the
square wave (which, of course, should ideally be absent).

If a very high-quality square-wave generator is used, for
example with even-order harmonics 90 dB down from the
tundamental, even-order distortion resulting from amplifier

Fig. B-1 — Time domain representation of DIM-30
test signal.

asymmetry is measurable. In the tests of this study, this type
of distortion was included, as sometimes it was the only dis-
tortion present in the output spectrum.

It should be noted that a test signal as defined above has a
very wide spectrum. For example, even though the square
wave is low-pass filtered at 30 kHz, there is still significant
energy present up to several hundred kHz.

A very interesting and inherent property of an ideal square
wave (with no band limit) is that every individual harmonic
of the Fourier series comprising the square wave contributes
the same amount to the resulting slope of the square-wave
transition. This is because the amplitudes of the harmonics
fall in exact proportion to their rise in frequency, which
makes the slope constant for increasing harmonics. Thus, it
should be intuitively appreciated that an unfiltered square
wave constitutes an extreme test in terms of signal slope. In
the ideal case, for a fundamental frequency/amplitude com-
bination resulting in a slope of “x”” VAS, the composite slope
will be infinite; in a practical case of “n” harmonics, the slope
will be (n + 1) (x) VAIS.

This pattern of constant signal-slope contribution per har-
monic is not strongly ameliorated by a simple 30-kHz single-
pole filter, such as is used in the sine-square test. As a result,
a very high percentage of the signal slope is contributed by
ultrasonic energy. As a specific case in point, every odd har-
maonic comprising a 16V p-p, 3.18-kHz unfiltered square wave
contributes 0.16VAS to its slope. When passed through the
30-kHz filter, there will be five square wave harmonics below
30 kHz (f1, 3 f1, 5 f1, 7 1, 9 f1). These components will
contribute slopes of 0.16, 0.15, 0.14, 0.13 and 0.12 VAS,
respectively, to the composite test signal slope, while the 15-
kHz, 4V p-p sine-wave signal (f2) has a slope of 0.19VAS.
This sums up to a slope contribution of 0.9VAS for those test
signal components below 30 kHz.

The total composite test signal slope for these conditions
has a slope of over 3 V/uS. Itis therefore clear that over two-
thirds of the test signal slope is contributed by the square-
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Fig. 14 — THD vs. frequency for a301Aopamp at 7 V
rms output in inverting} and noninverting® modes.

(feed-forward), and the OP-01. Nearly as good were the
ADS540 and 8007. The common characteristic of all of these
amplifiers is their high slew rate and input stage linearity. (No
ranking is implied, and other types may be capable of such
performance.)

Two-Tone HF IM Tests

A second series of tests conducted on this sample group of
IC op amps was HF two-tone difference IM, hereafter called
simply IM. This type of test also shows SID, as evidenced by
IM, to be generally governed by amplifier slew rate. For this
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Fig. 15— THD vs. frequency for a 2725 programmable
op amp operated as a unity gain inverterat 7 V rms
output at various slew rates.

test a one-to-one mixed, high-frequency tone pair at full out-
put level is swept from 10 kHz to 50 kHz. The difference
frequency is maintained at 100 Hz. All tests were performed
in the test circuit of Fig. 9.

Figure 18 shows some data which indicate the general rela-
tionship of IM performance and SR. These data were taken

wave harmonics above 30 kHz, which are not completely
filtered. Obviously, this form of test cannot be construed as
an “in-band” test, as the bulk of the energy distribution in
terms of signal slope is concentrated in the ultrasonic region
of the spectrum.

The above points are graphically illustrated in Figs. B-2 and
B-3. Figure B-2 is a simple spectral distribution plot of a sine-
square 30-kHz band-limit test. This shows the relative ampli-
tude of the individual signal components as they appear at
the input to an amplifier being tested. The 30-kHz fifter re-
sponse is also shown for reference, superimposed above the
spectral lines of the signal.

The spectrum, as shown here, very closely resembles the
conditions used in our sine-square tests, for the 30-kHz case.
As can be noted, the non-ideal even-order products are ap-
proximately -90 dB with respect to the fundamental.

The plot of Fig. B-2 is simplistic in the sense that it gives no
real appreciation for what is required of the amplifier in
terms of SS capability or SR. The graph of Fig. B-3 is intended
to convey this.

Fig. B-2 — Spectrum of sine-square test signal. (f1 =
3.18 kHz square wave; f2 = 15 kHz sine wave.)
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This figure is simply a graph (or graphs) of the signal slope
which results for 30-kHz and 100-kHz band-limit conditions
versus p-p operating level. For the case discussed above, the
example of a 20V p-p level and 30-kHz band limit is plotted,
and the resulting SS is 3.2V/u$, as noted. Were the band
limit 100 kHz, the SS would be over 10V/uS (for the same
operating level). From the simple relationship shown, an $$
can be calculated for any operating level for either case of
filtering.

An important point to be noted is the fact that this rela-
tionship applies to voltage swing, and it can apply to either
preamps (at lower levels) or power amps (at the higher
levels). It has an indirect link to power output (since power is
a function of load impedance as well as voltage).

Finally, as will be noted from the discussions of the tests in
the text, a given amplifier should have an SR greater than
the SS generated by a particular test condition. The 3.2V/u$
SS case, for example, would require an amplifier with an SR
in excess of 3.2V/uS, for distortionless reproduction.

1000 — T T 7171 T T T T T T TTTIT T T VT T T T3
3 /
$ 0oL ss -8R  0-2VppT (15,000 /)
100E 10sT 10° 77
S Vpp = COMPOSITE p-p LEVEL 7
W [ wiere ©8Vep - SQUAREWAVE p-p LEVEL 3
=S 0.2 Vpp =SINE WAVE p-p LEVEL B
o T=53x 10 FOR 30kHz ~
4 1.6 x 10°* FOR 100kHz / /
3
10— AND SS IS IN V/uS =
8 E ! “ 7" 7 E
= t 3
A
| Lo 1oLy AILA Lol 111 ilL
I

110 [o]e} 1000

|0OkHz 30kHz OUTPUT,Vpp

Fig. B-3 — Sine-square test signal slope.
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with the 2725 programmable op amp, with slew rates of 0.5,
1.6 and 5V/ S (condition similar to Fig. 15).

The nature of the IM performance behavior with respect to
increasing SS strongly resembles the data based on THD,
showing a similar rise as the amplifier SR is approached. This
behavior pattern is a characteristic one of IM [14, 33, 34, 51],
just as it is for THD. The rise in IM (dotted) at low SS reflects
the equipment residual.
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Fig. 16 — THD vs frequency for various slew-
enhanced op amps operated as unity gain inverters at
7 V rms output.
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Fig. 18 — Two tone IM (mixed 1:1) vs. frequency (Af
= 100 Hz, constant) for a 2725 programmable op amp
operated as a unity gain inverter at £10 V output for

various slew rates.
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Figure 19 shows a composite plot of IM performance by
this method, for a variety of different IC op amps. The high-
est performance devices here show IM distortion at the
equipment residual level, while the others show quality gen-
erally proportional to slew rate. The notable exceptions to
this pattern are the 535, a high-speed slew-enhanced type,
and the 356, an asymmetric-slewing unit with appreciable
second-order distortion. Each unit has a high slew rate, but
the exact method of achieving it prevents optimum linearity
from being realized.

The data from the IM tests follow the same general pattern
as THD-based data in terms of distortion rise for SR ratios
approaching unity. It is less sensitive, though, due to the fact

that it measures even-order products and the amplifiers usu-

ally (if perfectly symmetrical) generate odd order. This test is
quite effective in pinpointing amplifiers which have inherent
transfer asymmetries (and thus even-order distortion), such
as the 356 type. A two-tone IM test to measure odd-order
products (2 f1 - f2) would yield more useful data on the
symmetrical devices.

It should be noted that an IM test such as this can be more
useful for band-limited amplifiers, as it can measure IM prod-
ucts folded downward to lower frequencies by the HF tone

pair.

Sine-Square Tests

A selected sampling of devices which had undergone the
THD and IM tests were subjected to the sine-square tests as
outlined in reference 18 and described in the sidebar. Like
the previous THD and IM tests, the test circuit of Fig. 9 was
used. Our results do not directly correlate with those of refer-
ence 18, because we are operating the amplifier with no
common-mode swing (inverting mode) in order to isolate
SID from common-mode distortion. Figure 20 summarizes
the results of these measurements, for full output-level tests
performed with a 30-kHz square-wave band limit.

The general relationship between Dynamic Intermodula-
tion Distortion (DIM after the terminology of reference 18)
and device SR capability is shown by the graph in Fig. 20. This
graph shows percentage DIM versus device SR, for all types
of devices under one standard test condition. The maximum
SS of the input sine-square signal for this case is 3.2V/pS.
Thus, a given device would require an SR of at least this
much to pass the waveform without gross distortion. This
graph shows that distortion rises above the residual level at
around a device SR of 6.5V/uS, which is roughly twice the SS
of the input waveform,

This is an important and useful indicator; on the average, a
device must have an SR capability of twice the input signal
slope to pass signals with negligible distortion. As the SR
capability of the test devices falls below 6.5V/uS, the graph
is seen to rise linearly to very high amounts of distortion. A
best straight line drawn through the data points turns out to
have a slope of 3:1 on the logarithmic coordinates. This indi-
cates that DIM varies as the third power of the ratio of the
input SS to the device SR. A simple equation that expresses
this relationship is

%DIM = K (SS/SR)?
where K = 0.16 percent for our data.

This relationship is quite a valuable one to audio designers,
as it indicates how DIM varies with SR ratio. A very interest-
ing observation which can be made from Fig. 20 is that the
DIM test is relatively insensitive to distortion detection,
when the SR ratio is less than 0.5. It will, of course, measure
gross IM levels for conditions of SS>SR, but this is hardly a
practical mode of amplifier operation. Since the distortion
mechanism being analyzed by a given test method is the
inter-relationship of SS and amplifier SR, the point must be
made that an optimum test method should show usable re-
sults over a wide range of conditions.

(18)
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Fig. 19 — Ranking of op amps operated as unity gain
inverters 10 V output, by slew rate on basis of two
tone (1:1) high frequency IM.

It should also be noted from Fig. 20 that there are devices
that do not fit the characteristic relationship between dis-
tortion and slew rate. These devices are grouped to the right
of the line and show excessive distortion for their high slew-
rate capability (compared to the general trend). With the
exception of the 356 and 357 devices, all of these op amps are
slew-enhanced units. They feature an input-stage transcon-
ductance that varies with level to produce rapid slew rates
for large signals. Unfortunately, the changing input-stage
transconductance of these devices (a non-linearity), gives
rise to a crossover type of distortion mechanism. Since, for
small signals their SR capability is low, they begin to produce
distortion for relatively low SS waveforms. As the SS of the
input is increased, the slew capability of the device increases,
and it is more capable of producing the required output.
Thus, at high SS inputs, the distortion doesn’t increase, it
merely remains the same percentage as it was under low SS
conditions.

We found that under varying input SS waveforms, the out-
put spectrum of the slew-enhanced devices remained fairly
constant; only the relative magnitudes of the individual dis-
tortion products varied up and down. Increasing the input SS
caused some distortion terms to increase and some to
decrease, but the magnitude remained fairly constant. It is
interesting to compare this behavior with the leveling off of
THD observed in the THD tests at high SS conditions.

The 356 and 357 devices also did not fit on the characteris-
tic straight line, but they suffer from a different type of prob-
lem than do the slew-enhanced circuits. These units showed
only even-order distortion falling on the square-wave har-
monics; no other intermodulation products were produced
(as did the slew-enhanced devices). The 356 and 357 devices
seem to alter the symmetry of the waveform, indicating that
an asymmetric nonlinearity is in action. This theory is sup-
ported by other forms of tests (for example, references 31
and 38). It should be understood that the problem experi-
enced by these particular devices is not inherent in all Bi-
FETs, or even other FET op amps, by any means. The 536, an
older design, had DIM levels below the resolution of our
measurement equipment. Also, the TLO80 (and TLO71) FET
device families are capable of high performance for these
tests, as is the LF351 and other devices of the same families.

Devices which are capable of differing slew rates, such as
the 2725 and 301A, show DIM performance which improves
as device SR is increased. In an experiment to examine the
effects of open-loop bandwidth [4, 6, 7, 8, 9, 10, 14] and the
degree of feedback as design criteria for low DIM, several
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Fig. 21 — Comparison of DIM performance of two
devices with different slew rates, both operated as
unity gain inverters. Top curve is 741, bottom is
NE536; input signal slope is 3.2 V/ iiS. Spectrum
analyzer sweep, 0-20 kHz linear.

specific tests were performed. The results of these are the
spectrum plots shown in Figs. 21 and 22.

Figure 21 shows comparative DIM performance for two
different op amps for conditions of a 10V p-p output and a
30-kHz baqd limit (S5=1.6V/uS). The 0.8V/uS device (a 741)
clearly shows strong DIM, but the 10V/uS device (a 536)
shows a spectrum which is indistinguishable from the input.
Open-loop bandwidth of both devices is less than 20Hz,
feedback is nearly 100 dB at low frequencies, and gain-
bandwidth is 1 MHz.

Figure 22 shows a performance comparison for 20V, 30 kHz
(3.2 V/uS SS) band limit conditions, with slew rates adjusted
to 0.5, 1.6, aind 5V/uS, using the 2725 device. It is clear that
DIM is reduced as the SR is increased above that of the SS (or
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Fig. 22 — Comparison of DIM performance for a 2725
adjustable slew rate op amp operated as a unity gain
inverter with input signal slope of 3.2v/S. Top
curve is SR of 0.5 V/uS; middle is 1.6 V/ uS; bottom is
5 V/uS.
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Fig. 23 — DIM vs. output level and signal slope for

two devices operated as unity gain inverters with

BL = 30 kHz.

stated another way, as SS/SR is lowered). For these condi-
tions, device open-loop 3-dB bandwidth is for all cases less
than 200 Hz, and feedback is nearly 100 dB at low frequen-
cies.

It seems apparent from these tests and others made that
the sine-square test performance is strongly affected by SR
just as are THD and IM. There appears to be no directly
measurable or obvious sensitivity to open-locop bandwidth.
Gain-bandwidth product and loop gain affect DIM perform-
ance, as they do THD and IM, in that they affect how close to
slew limit one can work before distortion rises.

A further demonstration of how DIM behaves in a manner
similar to THD and IM performance is contained in Fig. 23.
These data are based on the common condition of a 30-kHz
band limit, but with DIM plotted versus output amplitude.
To show the similarity, two different SR devices are used, 0.5
and 1.5VAS. At low signal levels DIM is at a very low level; as
the output signal level is increased, DIM shows a rapid rise,
similar in behavior to THD and IM, as the SR ratio approach-
es unity.
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Comparison of Test Methods

If the three test methods used are compared on a common
base, it is possible to see a definite common pattern in their
behavior, which is done in Fig. 24, where the horizontal axis
is normalized in terms of the ratio of the SS to the SR of the
device. By this means, it is possible to see just how the vari-
ous forms of distortion behave as the device slew capability
is taxed, and also to indicate the relative sensitivity of the
three test methods.

The THD method shows the widest dynamic range of the
three methods and gives the highest percentage distortion at
a unity slew-rate ratio, 1 percent. The anomalous low-level
slope for the TIM test is due to our detection of some sec-
ond-order low-level nonlinearities in the 741 tested. This pro-
duced a second harmonic of the square wave which we were
able to detect in the ouput spectrum. Since the TIM distor-
tion number is normalized to the 15-kHz sine-wave ampli-
tude, and the square-wave fundamental amplitude is 12 dB
larger, the distortion shows up a factor of four larger than it
should. Our experiences with the equipment available for
these tests was that it was very difficult to detect SID with
the sine-square test at signal slopes less than % that of the
device SR (see Fig. 20).

Unfortunately, there is a serious problem with the sine-
square test method that is not totally equipment related, one
which became apparent after evaluating some of the best op-
amp circuits. The problem concerns amplifier distortion
products which are coincident with the even-order distortion
products of the square-wave generator. Theoretically, a
square wave should consist only of odd-order harmonics of
the fundamental frequency. Practically, every generator will
have some slight asymmetry in its square-wave output,
which creates small but definitely measurable amounts of
even-order distortion. Typical amounts for a general purpose
lab square-wave generator are 50 to 60 dB down from the
fundamental. Thus, if one were measuring a very good ampli-
fier that had only low-level distortion products falling on the
even-order square-wave harmonics, the true distortion of
such a case would be masked by the generator, and therefore
unmeasurable. The conclusion could then be erroneously




drawn that the amplifier was free from transient intermodu-
lation distortion, when in fact the amplifier was producing
small amounts of distortion below the threshold of measure-
ment.

One might point out that an amplifier producing distortion
products coincident with the square-wave harmonics should
also produce other intermodulation products of comparable
magnitude, ones that could be readily measured. This simply
was not the case in our tests and can be easily demonstrated
by testing an asymmetric device such as a 356 or a 530A. Both
of these amplifiers show the pattern of only even-order
square-wave products, even at the most severe SS TIM test
(10VAIS). To accurately measure these two devices, a square-
wave generator with even-order products down at least 90 dB
is required. In our series of tests, this was realized by carefully
monitoring and adjusting the symmetry of our square-wave
generator at periodic intervals. Only when the generator’s
even-order distortion was reduced to these low levels did we
begin to see differences between the best op-amp circuits
that typically had only even-order distortion products. The
magnitudes of these even-order products for the best circuits
were as low as only 0 to 6 dB greater than the generator
residuals, and in many cases required detailed comparison of
the input and output spectrum over several runs to verify
that the products were, in fact, actually there.

The two-tone difference IM test is much more sensitive to
even-order distortion than the sine-square test. For example,
where it was difficult to detect distortion in the 356 with the
sine-square TIM test, the IM test found it easily (Fig. 19). It is
possible that a two-tone IM test designed to look for odd-
order products would show superiority for finding odd-order
distortion products. The main attraction of the TIM test is
that it allows a quick qualitative look at an amplifier’s per-
formance.

THD evolves as a very desirable test method, as it is not
only sensitive, but equipment for it is common. However,
when a limited bandwidth circuit is being evaluated, some
form of IM test becomes necessary.

Listening Tests

IC op amps from the group subjected to the above electri-
cal tests were auditioned in a listening test [33] to assess the
degree of correlation between the various forms of electrical
distortion and audible defects. These tests were done in
mono, in an inverting test amplifier configuration similar to
Fig. 9. To sensitize the test for SID, however, the test device
was preceded by a preamp to drive it to near full-scale out-
put (and so, maximum SS} with program material. The full-
scale output was then scaled down and level matched with
the original input to within #0.2 dB. A-B tests were then con-
ducted on each IC to determine audible degradation. Source
material was a variety of phonograph records, using a mov-
ing-magnet cartridge.

The results of this test indicate that not only can SID be
detected audibly, but also suggest that the ear is apparently
sensitive to levels of distortion lower than 1 percent. The
results of these tests are summarized in Table i1, which also
indicates the relative quality weighting.

Before discussing these results, it is highly important that
the reader appreciate the basic fact that these listening tests
and the quality levels they indicate for a given SR are referred
to 10V peak levels. One cannot generally assume these quali-
ty levels as absolute, as operation of given (fixed SR) device
at other output levels will change the working SR ratio. As a
necessary result, distortion will change accordingly, i.e. im-
prove in going to lower levels or degrade in going to higher
levels (for those devices capable of higher levels).

The above effects are, of course, simply due to the level-
dependent property of SID; it is worst at highest SS or highest
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SR ratios. It is for this reason that the operating parameters
associated with each test device are given here in several
different terms, so as to avoid confusion. What the reader is
most interested in, of course, is what parameters of a device
are necessary to achieve a given quality level.

In terms of the reproduction observed, “A” level quality is
that indistinguishable from the source on the most difficult
high frequency program material. In general, devices of over
4V/uS slew rates fit into this category. Exceptions were some
(but not all) slew-enhanced devices and the asymmetric
devices. Quality levels B and C are degradations of a some-
what subtle nature, as noted. Quality level E and portions of
D are distorted in a sense which is gross or obvious.

There appear to be two broad categories of audible SID,
one which can be associated with the approach of slew limit-
ing, Category |, and one in which slew limiting actually
occurs, Category Il

Category I distortion will occur relatively infrequently on
normal program material if the device slew rate is above
0.5VAIS. However, Category | distortion is possible in many
instances, and adjectives used to describe it have often been
seen in print.

Since the quality levels just described are for the devices
and associated slew rates operated at 70V output levels,
some means of relating this to more general conditions is
desirable. If the SR for each quality level is divided by the
operating voltage level, it can be normalized to a required
SR/V figure. This is simply the SR required per peak volt of
output to attain a given quality level. For example, “A” quali-
ty level was observed for devices which achieved 0.4V/uS/V
(or more) performance. This requires a 4V/uS device for 10V
(peak) operation or a 0.4V/uS device for 1V (peak) opera-
tion.
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Fig. 25 — Relationship between SR/V (1/time) and fp.

Fig. 26 — Comparison of SID for low and high
feedback conditions.
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The parameter SR/V is related to a power bandwidth,

which can be calculated as
fp=(SR/V) (10°/2)
where fpisin Hz, and SR/V isin VAS/V.

As can be calculated from (19) or the table, a 0.4V/uS/V
SR/V level corresponds to a 64 kHz power bandwidth.

Some authors [62] have expressed the parameter of SR/V
in units of 1/time (which may or may not appear to be sim-
plified to the reader). A power bandwidth can also be calcu-
lated from this parameter as

fp=("x"/mS) 1/ (2m) (20)
where fp is in Hz, and 1/time is in 1/mS (x is the variable).
These two relationships (19, 20) are graphically summarized
in Fig. 25, with either parameter as an input.

The general observation which can be made from Table I
is that obviously distorted reproduction begins to be noticed
(level E) at an SR/V level of 0.05V/uS/V, or a power
bandwidth of less than 8 kHz. This is plotted as Example 1in
Fig. 24. Other researchers conducting listening tests have ar-
rived at a corresponding distortion level threshold in terms of
1/time, at a level of 5/mS [62] (or 0.005 V/uS/V), which
equates to an 800-Hz power bandwidth (example #2).

The level dependence of SID has caused much confusion
as to where and when a given SR is a limiting factor. The
reader should understand that a 5V/uS amplifier SR (for
example) will most likely not be a limitation for a preamp
output, but may be critically so for a power amplifier. The
difference is in the voltage swings the two types of amplifiers
are called upon to produce without distortion.

As an illustrative example, if we assume a 1.5V power amp
sensitivity for full output, this equates to roughly a 2V peak
level from the preamp. To produce a 2V peak level in terms
of the highest performance of Table Il, the 0.4V/ uS/V guide-
line implies a device SR of 0.4x2=0.8V/ iiS. This level of per-
formance is met by many devices, for example the popular
4558 or 4559, at 1.5V/ iS.

For the power amplifier, if we assume an example of 100W
into 8 ohms, this equates to a voltage of 40V peak. Applying

(19)

the highest performance level again of 0.4V/uS/V, the SR
required is 16V/ uS or more.

Hopefully, the above discussion illustrates how SR must
be related to operating voltage level to predict quality. It
should be appreciated that an SR number quotation by itself
is relatively meaningless, if it is not related to operating level.

Also, another point which should be made is that perform-
ance simply does not continue to dramatically increase with
greater SR, once sufficient SR has been obtained. For a
preamp output, for example, if an SR of 5V/ S is more than
sufficient to meet any possible operating condition, 50V/ S
may not improve operation in practice and may well repre-
sent a meaningless numbers race.

As pointed out in reference 33, the listening tests of this
research are basically the subjective observations of one indi-
vidual and should not be construed as a result applicable to
all situations.

Summary of Test Results

Some sensible guidelines for amplifier selection now begin
to emerge from this series of tests. The primary one is speed,
which is to say that faster amplifiers are generally better.
There are two basic aspects to speed, bandwidth and slew
rate, and in general they tend to go up together. It can be
stated that raising an amplifier's gain-bandwidth product (or
unity-gain frequency) is usually desirable [27, 28, 29, 30, 31].
The reason is that at any given frequency (neglecting d.c. and
very low frequencies) the loop gain of the amplifier will be
higher and more feedback-related distortion reduction will
take place, which lets one work closer to the device SR (and,
of course, reduces other distortions as well).

It has also become apparent that higher SR is generally
better, even for equal bandwidth, but some caution is re-
quired here. Since slew rate is determined by the dynamic
range of the (usually) nonlinear input transconductance
amplifier, it is important that high slew rate not be achieved
at the expense of linearity.

The slew-enhanced devices, such as the 535 and the asym-
metric 356, are examples of amplifiers which violate this

Category of SID

Quality Level (1) A B

Audible No differences Just discernible

Character detected for softening, loss
any program of sweetness.

Table ll—Listening test results (referred to full output of 10 V).

I—Deterioration

D E

Colorations Coloration and
apparent, loss of distortion obvious,
dimension, more constricted

Further softening,
somewhat dry,
generally

2720 (5V/uS)

301A (x10, x100,

or FF comp)
4136 (2V/uS)
709 (x10)

material. satisfactory with “covered” sounds, covered sound,
slight loss of dulled transients, transients smeared,
dimension. constriction, edge grit, edginess,
begins. fuzz.

Associated Parameters (2)

SR >4V/uS 2-4V/uS 1-2V/uS 0.5-1v/us <0.5V/us

SR/V .. >0.4V/uS/V 0.2-0.4V/uS/V 0.1-0.2V/uS/V 0.05-0.1vV/uS/v <0.05V/uS/vV

P e >64kHz 32-64 kHz 16-32 kHz 8-16 kHz <8 kHz

Samples Tested 318, AD518 1456 1741S 741
NE5534 (TDA1034) 356*
2625 4741 . .
2525 Notes: *Audible ranking here is possibly
8007 due to factors other than SR.
NE536 NE535 1: Listing of various devices within col-
AD540 NE538* umns is not a ranking. Character in col-
3140 umn D is generally in category 1, but
TLo84 may at times fall into category Il.
OP-01 2: Some prefer expressing SR/V in units
NE530A NE530 of 1/time. As point of reference,
NE541 (x100) NE541* (x10) 1V/uS/ Y=1000/mS.
NE540 (x100) NE540* (x10)
NE531 (x10) NE531 (x1)

2720 (1.6V/uS) 2720 (0.5V/uS)

2720 (0.16V/uS)
301A (x1)
4136 (1V/uS) 209 (1
x1)
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premise. These devices are inherently incapable of perform-
ing as well as devices with more linear overall transfer char-
acteristics. Emitter degeneration used in an input stage is an
excellent example of a technique that allows higher SR [20,
21, 24, 47], while at the same time linearizing the input stage
and extending its dynamic range. The 1456 or 318 is a good
example of this type of amplifier; FET differential input types,
which by their very nature have low transconductance, are
also excellent (provided they are symmetrical). A good exam-
ple of this type of topology is the TLO80, TLO71, or the LF351
series.

To restate these design criteria, we primarily want an am-
plifier which is linear for large input signal (AV) levels, and
importantly, one which can deliver relatively large currents to
the compensation capacitance [24]. This gives us high SR and
a highly linear input dynamic range, which allows large error
signals. Secondly, we would like this amplifier to have as
high a unity-gain bandwidth as possible, so that when we
apply feedback, the HF loop gain will be as high as possible
for distortion reduction. The loop gain determines how close
we can operate to slew limiting before distortion begins to
rise (as it inevitably will, in a practical circuit).

Some previously discussed design criteria for low TIM,
such as the use of low open-loop (d.c.) gain and a high
open-loop pole frequency (we), do not appear to be funda-
mentally necessary conditions for low TIM [33, 34, 45, 47],
given an SR > SS.

From the above considerations, it seems useful to suggest a
new form of SR criteria for audio circuits. From the four series
of tests (THD, IM, sine-square, and listening), this would be a
criterion which specifies a minimum SR with regard to the
maximum output voltage level in use. Our criterion is “The
circuit, including all possible loading conditions, should pos-
sess a (symmetrical and unenhanced) slew rate of 0.5VAS
(minimum) to 1VAS (conservative) per peak output volt.”
Application of this simple criterion will result in negligible

SID, either electrically or audibly, if the slew rate is symmetri-
cal (% 20 percent) and the input stage has a linear transfer
characteristic (constant transconductance, unlike slew-en-
hanced types).

Inasmuch as the above criterion is a stringent one, and in
view of some conservative operating conditions, some quali-
fiers could be added. In general, this criterion specifies an fp
of 80 kHz, which is four times the generally accepted audio
bandwidth of 20kHz. The reasoning behind this is the rise in
distortion with the onset of slewing, sometimes described in
the literature as “soft TIM” [7, 8]. Figure 26 illustrates this
effect in curve A, which is the THD performance of a 741 on
a normalized scale of SR ratio. As can be noted, appreciable
distortion exists at ratios as low as 0.25 (or two octaves below
fp) [33, 60)

Curve B is for a heavily fed-back amplifier, using a high
gain bandwidth IC. As can be noted, distortion is at measure-
ment residual levels right up to the point of actual slew limit
(this has been referred to as “hard TIM" in the literature).

Obviously, in the case of B, less derating is necessary, since
there is virtually zero distortion until actual slew limit. How-
ever, inasmuch as most practical amplifiers will show some
distortion prior to slew limit, the 80 kHz fp is intended to
guarantee a 20-kHz distortion-free bandwidth (for all output
levels). Of course, for less than high performance uses, the
criterion can be derated as the user sees fit.

This criterion is perhaps most applicable to amplifiers
where the user does not have total control over performance
parameters, such as SR, bandwidth, and input dynamic range
(and/or linearity). For such applications, it can be useful as a
guiding selection criterion, for example with IC types.

When one has design freedom from the ground up, and
can optimize all operating parameters, other design ap-
proaches can be more useful. These are discussed in the final
part of this series, which includes a design process to guaran-
tee non-slew-limited performance. A

MODEL 105
COMPUTER MATCHED.

To get the best possible stereo image,
you need the best possible match be-
tween the loudspeakers.

At KEF we produce matched sets of
high, mid and low frequency units, using
our unique computerised test facikities.
Moreover, our total system approach to
the design of the enclosures and the
electronic dividing networks, means that
we can deliver Model 105 in pairs that
are nearer to the ideal ‘match’ than any
previous loudspeaker. KEF pioneered
the use of computer digital analysis in
loudspeaker design, and you, the listener,
can now hear the results: the most life-
like musical quality and the most aston-
ishing stereo perspective.

Write for the full technical story and
the name of your nearest dealer, who will
be glad to give a demonstration.’

KEF Electronics Ltd.,US Distributors
Intratec, PO Box 17414, Dulles Inter-
national Airport, Washington DC 20041.

KEF

The Speaker Engineers

Enter No. 12 on Reader Service Card
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3 3—3-9_A DISTORTION MEASUREMENT
» . .

2

NI

MANUFACTURER’S SPECIFICATIONS
Distortion Measurement Accuracy: 20
Hz to 20 kHz, 1 dB; 10 Hz to 50 kHz,
+1, -2 dB; 50 kHz to 110 kHz, +1.5, -4
dB.

Fundamental Rejection: 10 Hz to 20
kHz, over 100 dB; 20 kHz to 50 kHz,
over 90 dB; 50 kHz to 110 kHz, over 86
dB.

Distortion Introduced by Instrument
(Inputs over 1V rms): 10 Hz to 20 kHz,
below -95 dB; 20 kHz to 30 kHz, below
-90 dB; 30 kHz to 50 kHz, below -85
dB; 50 kHz to 110 kHz, below -70 dB.
Residual Noise (fundamental frequen-
cy setting below 20 kHz, 80-kHz filter
in, source resistance no more than 1
kilohm): Less than -92 dB, referenced
to1V.

Input Level for Distortion Measure-
ments: 30 mV to 300 V rms (100-mV
range minimum).

Input Impedance: 100 kilohms, 1.0
percent, shunted by less than 100 pF
from input high to input low.
Oscillator Distortion (600-ohm load
minimum, less than 3 V output): 10 Hz
to 20 kHz, less than -95 dB (0.0018 per-
cent) THD; 20 kHz to 30 kHz, less than
-85 dB (0.0056 percent) THD; 30 kHz
to 50 kHz, less than -80 dB (0.01 per-
cent) THD; 50 kHz to 110 kHz, less

g8 1N

than -70 dB (0.032 percent) THD.
Output Resistance: 600 ohms, 5 per-
cent. Oscillator output terminals re-

main terminated with 600 ohms in Off
position of oscillator level control.
Price: $1900.00.
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Since the earliest days of high fidelity, there has been a
steady increase in technical sophistication and an improve-
ment in all measurable parameters. One inevitable conse-
quence of this trend has been the birth and growth of elec-
tronic equipment specially designed for audio measure-
ments. Here is one fine new instrument from Hewlett-Pack-
ard, the Model 339A Distortion Analyzer/Oscillator.

Coming from the Loveland, Colorado, instrument division,
this new machine joins a number of similar products from
the same firm, such as the 4333 and the better-known 331-
334 series. However, this is the first instrument from H-P that
includes a low-distortion signal source. With the internal
oscillator, a tracking notch filter, and a sensitive true rms
responding voltmeter, the 339A has the complete capability
of making the familiar THD+N measurements as defined in
IHF standard A-202-1.17. Additionally, the voltmeter and os-
cillator may be used independently to provide various other
measurement capabilities, including signal-to-noise ratio and
level-flatness testing.

In the distortion analyzer mode, or more properly the dis-
tortion meter mode, the instrument can measure total har-
monic distortion and noise from 0.07 percent to 100 percent
full scale in nine ranges. While the fundamental frequency
range is from 10 Hz to 110 kHz, the rejection and voltmeter
circuits have sufficient bandwidth to provide good measure-
ments for harmonics as high as 330 kHz.

While simultaneously tuning the notch filter, the oscillator
has switch selectable frequency settings with two significant
digits of resolution. A variable control is also provided to
permit operation at intermediate, but uncalibrated frequen-
cies. An output attenuator with seven 10 dB steps and a 10
dB vernier give good setability for output levels from less
than one millivolt to greater than 3 volts across 600 ohms or
greater than 6 volts across high impedance loads.

H-P has placed great emphasis on making this instrument
fast and easy to operate. With automatic set level and the
coupled oscillator/analyzer tuning, this instrument nulls
without operator assistance once the desired frequency is
selected. Automatic set level operates over some 10 dBV of
input range. When this range is exceeded, one of two LEDs
above the input level control indicates the proper action re-
quired by the operator for a valid measurement.

In similar fashion, two LEDs located above the frequency
tuning dials direct the operator quickly to the appropriate
setting needed when tuning to an unknown input frequency.

For convenience in making relative a.c. level measure-
ments, the meter has a relative level adjustment that allows
the user to bring any input level up to the “0” dB point on
the meter. Another operating convenience is the oscillator
level function. When the function selector is set to Osc
level, the a.c. voltmeter circuits are connected internally
across the front panel oscillator output terminals, permitting
the user to see exactly what the signal level across the input
of the device under test is.

A good selection of filters (400-Hz high-pass and 30- or 80-
kHz low-pass) with 18 dB/octave rolloffs are selectable in
any combination on all functions. Broadcasters will appreci-
ate the self-contained AM detector and the switchable nor-
mal/VU meter ballistics.

Figure 1 shows the actual and the specified performance
for distortion residual under conditions similar to those en-
countered in a typical preamplifier measurement. The mea-
surement was made by tying the oscillator output to the ana-
lyzer input, setting the output level to 3 volts, and setting the
dials to selected frequencies. By studying the specifications
for the 339A, it can be seen that there are actually four differ-
ent components to the residual distortion of the unit, 1) in-
complete fundamental rejection, 2) distortion added by the
instrument, called induced distortion, 3) residual noise, and
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Fig. 1—Residual THD and noise vs. frequency with
oscillator output unloaded, 2 V rms output; input
range, 3 V full scale; all filters off.

4) oscillator distortion. In practice, the most significant con-
tributors were the induced distortion and the residual noise
of the input and analyzer circuits. Use of the low-pass filters
will permit lower measurements, but the residual of the 339A
is already so low that it is unlikely that many meaningful
audio measurements will be limited by the instrument’s
capabilities.

As a signal source, the 339A oscillator section is one of the
very best available. Not only is the distortion exceedingly
low, but the output amplitude flatness was found to be
much better than the specified+0, -2dB from 10 Hz to 100
kHz. At 100 kHz, most of the “error” is caused by simple
capacitive loading on the 600-ohm output of the oscillator.
From 20 Hz to 20 kHz this particular unit measured about+0,
-0.01dB. Frequency setting accuracy was closer to 1 percent
than the specified 2 percent, but it will still be necessary to
employ a frequency counter when measurements are to be
made of RIAA equalization, without the aid of an accurate
pre-equalizer. One particularly noteworthy feature of the os-
cillator is the very fast amplitude settling at low frequencies.
This desirable state of affairs is due to the use of a clever and
elegant AGC circuit; it uses a sample/hold to peak detect the
instantanebus output amplitude. Incidentally, the oscillator
section of the 339A is available separately as the model 239A
and sells for $575.00.

The 339A is certain to be good choice for production appli-
cations requiring a high-performance instrument. The in-
herently fast oscillator and notch setting, combined with the
automatic set level, make this the fastest responding instru-
ment of its type — especially when viewing the monitor out-
put directly. The meter is large and easy to read, but the
response of the voltmeter circuits is slower than that of the
oscillator and notch under most conditions. This particular
situation seems to be stimulated<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>