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measuring equipment.

Atotally unique tuning system.

Deep inside the SX1980 there's
a quartz crystal generating the perfect
frequencies of every FM station in
the United States and Canada.

As you rotate the tuning dial, a
special Pioneer integrated circuit com-
pares the station youre trying to tune
to its perfect frequency. When the
station is tuned exactly right (all this
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multipath button for adjusting your
antenna to eliminate multipath
distortion. So even tall buildings
won't stand between you and better
sound. (FM sensitivity isanincredible
1.5 microvolts; the signal to noise ratio
isanequally superb 83 decibels. Both
better(%han Most separate tuners.)

Still other innovations.

Whenwe designed the SX1980,we
knew itwould representaremarkable
engineering achieve-
ment. But it also
represents the kind

ofthinkingandvalue
you get in every
high fidelity com-
ponent we make.
That's why
besides everything
else, the SX1980
features a sug-
gested price of
less than$1250#+*
Which only

@ PIONEER sTEREO RECEIVER 8X-1B80

takes about half a second), a “fine
tuned” light comes on; the receiver
then senses when you've let go of
the tuning dial and automatically
“locks” onto that broadcast.

Luckily, the benetfit of all this is
far easier to explain.than the
technology: FM drift is eliminated. A
fact that's easily appreciated by
anybody who's ever tried to record a
long concert off a less formidable
receiver.

In addition, the SX 1980 features
a five gang variable capacitor that
helps pull distant FM stations into
weak areas. And there’s also a

sounds expensive
untilyou hear what
our competition
is asking for other
high powered
receivers that lack
this kind of
sophistication.
The SX1980 is currently inspir-
ing awe at your local Pioneer dealer.
But before you go listen be
forewarned: it'll spoil you for any-
thing ordinary.

High Fidelity Components

WPIONEER
We bring it back alive.

©1978 U.S. Pioneer Electronics Corp., 85 Oxford Drive, Moonachie, N.J. 07074.

**Suggested retail price. The actual price will be set by the dealer.
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| Most
companies
would consider
a receiver 1
any one of
theseinnovations

| remarkable.
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But Pioneer isnt just any

company And our 2Z/0'watt SX 1980
is somewhat better than remarkable.

Every month, somebody
introduces something called “the

world’'s most incredible hi fi receiver”
Yet when you compare their fea-

tures and technology to
Pioneer’s SX1980,
these "miraclesof

Where some high powered
receivers try to get by with ordinary
transformers, Pioneer has developed
a 22 pound toroidal core transformer
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modern science”
begin to look, and
sound rather
pedestrian.

The greatest DC

power story ever
told.

It's a simple

fact ot lite that the
more pure power

areceiverpossesses, the easier it
can reproduce music without
straining.

And at 270 watts per channel,
even the most demanding piece of
music will hardly cause the SX1980
to flex its considerable muscle.

But whenwe built the SX 1980,
we did more than just create an
incredibly powerful receiver. We
created a whole new high powered
technology.

Each channel, forexample, has
a separate DC power configuration
that helps to provide richer and more
accurate bass.

that's far less susceptible to minor
voltage variations. So you get cleaner,
clearer sound.

And instead of pushing conven-
tional power transistors to their limits
(the way some manufacturers do),
we've actually invented new
transistors that last longer and
eliminate the need for fans that can
cause electrical interference.

All told, these innovations give
the SX1980 a total harmonic distor-
tion level of less than 0.03% from 20
to 20,000 hertz. A figure that not
only taxes the imagination, but also
the abilities of most scientific

AmericanRadioHistons.Com
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—a revolutionary
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New IHF Amp Standard 24 Edward |. Foster
Phono Reproduction 1978 42 Roger Anderson, L.R. Happ,
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cartridge systems by adding a Record Art Books Compared 70 James Wizard Wilson

protective cushion between the A New Standard in Turntable 78 George T. Gillies, Rogers C. Ritter, &
record and the tracking stylus. Speed Constancy Robert T. Rood

e reduces low frequency reso- Dolby Noise Reducer, Part |l 114

nance that colors the sound of
even the best tonearm/cartridge
systems on all records. Equipment Profiles
e reduces record-warp reso-
nance—as witnessed by a

dramatic reduction of woofer- Audio General 511 Preamp 86 George D. Pontis
flutter. Janis Audio W-1 Subwoofer 94 Richard C. Heyser
e permits accurate tracking of Tandberg TR-2040 Receiver 102 Leonard Feldman

Technics RS-9900US Deck 106 Howard A. Roberson
Acutex M320[II STR 112 Leonard Feldman
Phono Cartridge

even badly warped records.
e reduces record wear and
stylus damage from warps.
® reduces distortion caused
by high velocity groove
overload, mistracking and
intermodulation.

Record Reviews

® adaptable to most tonearms. The Column 120 Michael Tearson/Jon Tiven
European Records 124 John S. Wright
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Classical 132 Edward Tatnall Canby
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FiG. 1 FIG.2 Classified Advertising 134
Figure 1 shows the amplitude Advertising Index 140
of low frequency resonance
in a typical tonearm/cartridge

About the Cover: With the rapid advances in
audio technology, it sometimes seems we're living

SyStem USing a“flat" record. in a Dali-esque fantasy land. For a glimpse at the
Figure 2 shows the identical possible future of turntable technology, see the
conditions with the Disctraker ;\“C'e S:‘”;Ifl‘g on pase 78. Photo  by:
i t. t t.
damping system on the tonearm. i otographic Tustrations
discwasher? i'nc. AUDIO Publishing, Editonial, Subscription and Advertising Production offices, North American Building

401 No. Broad St . Phitadelphia. PA 19108 Telephone (215)574-9600 Postmaster Send Form 3579 to above address
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The XSV'3000 is the source of
perfection in stereo sound!

Three big features... all Pickering innovations S ) _) '
over the past12 years...have made it happen. - —/

TRAC‘fN(S_ﬁAD_IUS
ST%?E(L)L%E%F;ON / 5 0003
1976: Stereohedron® This patented Stylus tip assures T\ ‘ S
super-traceAbility™, and its larger bearing radius offers the A\ / St 10001
least record wear and longest stylus life so far achievable. AREAOF\\ X
CONTACT WITH \J
GROOVE WALL CONTACT OR
1975: High Energy Rare Earth Magnet ‘ RADIUS 0028

Another Pickering innovation, enabling complete

o \ ; Technical drawing of the Stereohedron shape
miniaturization of the

T T T T stylus assembly and tip F/?
| B e T .. massthrough utilization ‘
-, ofthistypeof magnet. e

|

1 2
100 1000 1000C 20000
FREQUENCY IN CYCLES PER SECOND

Frequency response curve
of the XSV /3000

(4
'/ W/BRUSH
: |

1966: Dustamatic® Brush
This Pickering trademarked N N R
invention dynamically stabilizes ‘ '

the cartridge—arm system by damp- Damping effect on tonearm resonance
ing low frequency resonance. ltimproves low frequency tracking

while playing irregular or warped records. Best of all, it provides
record protection by cleaning in front of the stylus.

L L L
10H; 20 30 40

For further information write to Pickering & Co., Inc., | ) A EDIAG
Dept. A, 101 Sunnyside Bivd., Plainview, N.Y. 11803 ‘@ PICKERING

“for those who can 'hear| the difference”
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Is it live,
or is it Memorex?

Well, Melissa?

We put Melissa Manchester

to the Memorex test: was

she listening to Ella Fitzgerald

singing live, or a recording

on Memorex cassette tape?
It was Memorex with MRX. Oxide, but Melissa couldn't tell.

it means a lot thal Memorex can stump a singer, songwriter
and musician like Melissa Manchest=r.

It means a lot more that Memorex czn help you capture and
play back your favorite music the wey it really is.

MEMOREX Recording Tape.

Is it live, or is it Memorex?

i 53 S

© 1978. Memorex Corpcration, Santa Claz. Ga ifornia Bs0!
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Presenting the $200 cartridge
that costs $3000 to hear.

The Quest for Perfection. At
$200, the Micro-Acoustics 530-mp
offers the same patented™ direct-cou-
pled transducing system as our other
highly-praised stereo cartridges. The
same twin-pivot design, for superior
transient ability. The same dual -bear-
ing construction, for outstanding
tracking ability. The same built-in
microcircuit. And, like the 2002-e, the
same super-light beryllium cantilever
and low-mass design. Plus more.

For those very few peaple whose
pursuit of perfection overrides every:
thing else, the 530)-mp offers two
subtle refinements not found on our
other cartridges.

But theimprovements these re-
finements provide can be realized only
on asystem representing, at the very
least, an investment of $3,000 in
turntable/tonearm. preamp, amplifier
and speakers. And even then, only by
individuals with the most discriminat-
ing ears. In other words, less than 2%

of component high-fidelity system
owners.

An Analog Stylus. The new
530)-mp features a Micro-Point™

®© 1977 Micro-Acoustics Carp.

N

Graph.c Recorder
Plottingofindividial
530-rp frequency
respcnse.

V-groove Lapidary
Final polishing of
stylus, mounted on
beryllium shank.

playback stylus. It is an exact analog of
our Micre-Pointrecording stylus, used
to master over 500,000,000 of the
world's best ste-eo discs this year. By
replicatirg the recording stylus geom-
etry, tke 530-mp stylus provides op-
timum groove aontact. The result is
unsurpassed definition.

Individual Curve. L.ike our other
cartricges, eact 530-mp under

goes rurnerous demanding QC tests,
monitored by sensitive electronic
equipment. In addition, each 530-mp

must run the gauntlet of further tests,
culminating in an individual frequency
response curve. After checking and
initialling the curve (which is then
packed with the unit), the senior quality
inspector serializes the cartridge and
approves it for shipment.
$3,000 Later. With all these refine-
ments, however, the sonic difference
between our top-rated 2002-e and the
new 530-mp is admittedly very sub-
tle. (In fact, for most applications, the
2002-eis all you'll probably ever
need.) But if you've invested $3,000
or more in state-of -the-art equipment,
subtle differences are obviously im-
portant to you. Important enough to
audition our 530-mp.

For more information and the name
of your nearest dealer, please write
or call: Micro-Acoustics Corporation,
8 Westchester Plaza, Elmsford, NY
10523 (914) 592-7627. In Canada,
H. Roy Gray, |.td., Markham, Ont.

I"aR

Micro-@Acoustics

‘‘Because good tracking
isn't enough.”

*U.S. Pat. #3952171




SPEAKERS
AT $600
APAIR?

%oy

ORTHESE
AT UNDER
$55.

If your ears are ready for
$600 speakers, but your
budget isn’'t, we have a way
to satisfy both. Sennheiser
headphones. Using the
same acoustic design prin-
ciples that have made our
professional microphones
industry standards, Senn-
heiser Open-Aire® head-
phones reproduce sound
with a realism most loud-
speakers can't begin to
approach. With wide, flat
response. Low distortion.
Excellent transient re-
sponse (even in the bass
region!) And sheer intimacy
with the music. All without
sealing in your ears.
Whether you're waiting for
that pair of $600 speakers
or just curious about a pair
of headphones some ex-
perts have compared with
$1000 speakers...the an-
swer's at your audio dealer’s.

*Model HD414 Deluxe Model HD424
also available at under $87.00

J/FSENNHEISER

ELECTRONIC CORPORATION
10 West 37th Street, New York 10018(212) 239-0190
Manutacturing Plant: Bissendor!/Hannover, West Germany
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Audioclinic

Joseph Giovanelli

Graphic & Parametric Equalizers

Q. Describe and define the dif-
ference between graphic and para-
metric equalizers. What is the ad-
vantage of each of these devices?—
Martin Smith, Grants Pass, Oreg.

A. A graphic equalizer divides the
audio spectrum into many separate
slices, and because of the arrangement
of the controls, you can see at a glance
what the frequency response is. The
controls are essentially a graphic
representation of the frequency re-
sponse produced by the equalization
you have selected.

With a parametric equalizer the
spectrum is also divided into sections,
and there are usually not as many con-
trols for accomplishing this as are
found on a graphic equalizer. Where a
good, one-octave graphic equalizer
will have 10 sets of controls, a
parametric equalizer might only have
four sets.

With the graphic equalizer, the con-
trols boost or cut at the frequencies
shown as well as some distance above
and below these designated frequen-
cies. The controls on parametric equal-
izers have three different capabilities.
First, associated with each frequency
control is another control which can
shift the center frequency over some
given range, perhaps one octave in
either direction; this means that we
can either use the controls as marked
or shift their operating frequency
range. This means that a few boost and
cut controls can do the work of many.
The philosophy behind this is that, in
compensating for room acoustics,
defects in recording quality, etc, it is
probably necessary to only touch up
about three or four points in the audio
spectrum.

Another control associated with
each boost and cut control is a Q con-
trol. What this does is to adjust the
bandwidth covered by the selected
boost and cut. The conventional
graphic equalizer is arranged so that
all boost and cuts cover a specific
bandwidth. However, the parametric
equalizer is arranged so that the band-
width can be made either very sharp or
very wide, depending upon whether
the sound corrections require a narrow
notch of correction or a broad, smooth
slope.

AmericanRadioHistorv Com

The one-octave graphic equalizer
can be operated with excellent results
with only a little practice by most
users. The parametric equalizer, on the
other hand, will take some getting used
to, but once mastered, provides a
degree of control not possible with a
graphic equalizer.

Matching Output Tubes

Q. | have a vacuum-tube amplifier.
The instruction manual specifies that
the output tubes should be replaced
with matched pairs only. Can you
please tell me how | can match tubes
myself? —Name withheld.

A. It is best to use a mutual con-
ductance tube checker to match
vacuum tubes. The tube checkers us-
ually found in stores only check
cathode emission, and this is only one
parameter of tube operation. Mutual
conductance is also important in
achieving a proper match

Some tubes are sold in what are, at
least, said to be matched pairs. These
are more expensive than buying two
loose single tubes with the hope that
they will properly match up. | have
seen cases, however, where the match
of a pair was not too well made.

The need for matched tube pairs is
less in an amplifier which has a means
for adjusting both bias and a.c. bal-
ance. The bias adjustment should be
so arranged that it can be set up for
each tube individually, rather than for
the pair of tubes only

Drum Miking

Q. | play drums with a few groups
and | tape record all our sessions.
Could you tell me what type of mikes
are best for recording the
drums?—Steve Johnson, Paulsboro,
N.J

A. You need mikes with a good low-
frequency response. Probably, they
should be omnidirectional to pick up
the reverberant as well as the direct
sound. You probably will want the
microphone to be sturdy, which seems
to call for a dynamic.

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

AUDIO ® June 1978
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POWER AMPURER MA 5005

SPEARERg
. 2

250 WATTS RMS PER CHANNEL, 20 Hz-20 KHz, BOTH CHANNELS DRIVEN
INTO 8 OHMS, 0.1% THD ... FANTASTIC DYNAMIC RANGE (HEADROOM)
INTO40HMS... T.IM. <0.02%...S/N >105dB. DAMPING FACTOR

> 100...SLEW RATE >50... FREQ. RESP. + ¥%dB 20-20 KHz.

GUARANTEED
SPECIFICATIONS

i VARI-PCRT'ONAL SYSTEM® —

ram

3 modets, Power Amp, Meter Amp, Amp-Quatizer® priced from 5599.

1 _ _ 1 o.u_fn. _ SURPLY

FREE — CIRCLE READER CARD FCR ENGINEERING BULLETIN AND TEST REPORTS

PORTIONAL" SYSTEM is that its computer-like ANALOG LOGIC CIRCUITRY
senses and calculates the amount of voitage required in accardonce with
the amplitier's nsing or taliing autpyt power level, and it then directs the
power supply te make avaliable precisely the amount of voltage required,
with no wosted energy. The ‘scope photo illustrotes this Patent Pending
system by shawing a loud rock music signal penefrating the upper volt-
age supply and also shawing the supply VARIABLY increasing AHEAD of
the signal.

VARI-PORTIONAL® CIRCUITRY-BENEFITS:

a. enables 356 walts at 4 ohms, 250 watts a1 8 ohms, gt very low cost.

b. reduces AC line cument requirement to save 1 kilowaft every § hours,
yet provide futi power whenever needed for high level output

¢. combined with ultra-fast output circultry, provides extremely low T.LM.
tor clean undistorted sound, with a SLEW RATE of better than 50 voits
per microser:ond, tar exceeding most other amplitier circuits.

‘ TECHNICAL DESCRIPTION: A brief explanation af the VARI-

VARI-PORTIONAL® L.E.D.’s: when either channel's output level
reaches approximately 50% of total power, the green LE.D. will stort to
flash. It is indieating that the ANALOG LOGIC CIRCUITRY is actuating the
second power supply, 0 VARIABLE high vottage supply, and the AL.C. Is
controlling $hat supply's voltage IN ANTICIPATION of o potenfially higher
oufput level requirement. The LE.D. will glow proportianally brighter,
showing the valioge supply increasing, as the metered power oufput rises
above approximately 50%. When the green L.E.D. is NOT ON, the low volt-
age power supply is in continuous operaticn, and the amplifier s operat-
ing in its most ctticient mode, drawing very liftle AC line current ond there-
fore saving enargy casts (for example, you save approximately ¥ kilowatt
every 5 hours over o conventional Closs B or AB amp, both operating af
i3 power)

CLIPPING INDICATORS: The red LE.D.'s, indicating clipping,
are able fo reszond 1o stgnals much faster than meters con, ond the clip-
ping lights wili flash dimiy as clipping begins. When the clipping lights
are bright, the nmplifier is exceeding its rated power output. (Clipping
will occur at varying power levels, from somewhot over 250 wats of 8
ohms, 1o over 350 watts at 4 ohms,

Enter No. 53 on Reader Servic

“AUTO-CROWBAR® INSTANTANEOUS OVERLOAD
PROTECTION: Ihis Saundcraftsmen AUTO-CROWBAR® protection
circuitry is unique among amplitiers. it uses no relays, no circutl bieakers.
AUTC-CROWBAR® circuit will automaticaily ond continuousty attempt to
reset itself every second or two, unfil the overloaded condition is remaved.

NQN-LIMITING CIRCUITRY protects speokers from limiter-
caused distortion fhot results fram overdriving in amplifiers that use
cufrant-fimiting circuttry.

DIRECT-COUPLED output.

SPEAKER-PROTECTING input circultry with automatic blocking
of input below 1 Hz. This prevents DC from any input source from blowing
out speaker cones.

CERTIFICATE CF INSPECTION: Actual measurements of eoch
unit ore enctosed with each unit to show actuot measured rms output per
chonnel, actual measured distortion per channel, actucl measured siew
rate per channel, efc

REMOTE TURN-ON TRIAC-ACTUATED deigy coouit =imi-
notes furn-on surge at time of switch closure, enables REMOTE AC fum-on
plug-In for switching from your preamp.

INPUT LEVEL CONTROLS: The input level conirols are dessgned
1o assist in system operation by providing input voltage contral frars O 1o
fult. This capability is particularty voluable in public address sound
seinforcement, and amplified musical instrument applications where
many lang cables are in use and where ground loops and cther
unwanted conditions might exist.

METER RANGE When the meter range “fimes 1" (XT) butten is
depressed, the meter will indicate approximate power aufput in percent-
age (00%=250 watts, assuming on 8 ohm load at the speaker output
termingls).

g
Qﬁwwm%’ftmm 1721 Wewport Circle, Santa Ana, California 82705
e Card



Edward Tatnall Canby

The following will diverge from the
purest audio but, all in due course of
time/space, will work around to that
proper subject. So hang in there with
me! Do you remember Aunt Minnie?

She was no joke, nor is this. A
generation ago, Aunt M. was that dizzy
dame who had to have the simplest
facts of early hi fi explained for her in-
finitesimal intelligence, so that she
could play music all by herself without
being electrocuted or something. | fear
we writers ran her right into the ground
for awhile. Quite sadistic. No doubt we
all had our own Aunt
Minnies, under a dif-
ferent name, some-
where in our own

plaguy lives. Frus-
trating.
So now | feel

frustrated and I'm
bringing her back, if
for a different pur-
pose. | need her to
help me defend—
phew! —the very
basis of our civiliza-
tion and, incidental-
ly, of audio. We do
live in the d—dest
age. We see the most
extraordinary devel-
opment of technol-
ogy ever—in every
imaginable field in-
cluding our own—
fairly bursting,
blasting forward.
And yet at the very
same time we can
see the dimming everywhere of what
can only be rightfully called the
method of science. Help, Aunt Minnie!

Too many of us, in various ways, in
engineering, in the arts, and the
philosophies alike, simply do not
understand (and often do not respect)
the fundamentals of that method,
which is never based on mere “facts,”
nor on the opposite, various divina-
tions, inspirations, hunches, vibrations,
oneness with nature, and the cosmos —
but rather on a very rigorous combina-
tion of these. It is a starkly demanding
discipline, this scientific method, as
every good engineer knows, and on
earth only man has had the intelli-
gence, the brain, body, and memory by

which it can be made to operate. But
man is millions of years old and scien-
tific method is far less than a thou-
sand. We can lose the whole thing in a
mere blip of time, and so lose our
world, good and bad; since what we
have is built strictly upon the method
of science . . . but enough. You can’t
even build a phono cartridge without
scientific method.

So you remember Aunt Minnie?
GCood. Well, right now, great-Aunt M.
(this is fiction and any resemblance is
simply a resemblance) has moved into

—! Ry

a ground-floor room, well away from
our hi fi and the TV, where we can
keep an eye on the old gal. Like so
many old people (is this modeled on
life!), she sometimes just wanders off
and we have to retrieve her. Great-aunt
Minnie thinks the hi fi is too loud (you
remember she never could stand music
louder than—well, a radio) and she
can’t stand TV. Too flickery for her
glasses and why are people’s heads so
pointy? And the sound is so bad —her
bone conduction won’t take it. Also,
she has a strange aversion to purple
people, the kind you see smiling in the
commercials. If you really want to
know she prefers them lemon
yellow.
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Minnie Maneuvers

OK, here’s the proposition . . . great-
aunt Minnie has got out again. Just
quietly disappeared. Where has she
gone this time? Have to get her back
quick before she comes to harm. So do
we sit down and await an inspiration?
More likely (now you understand), we
apply some quick and practical scien-
tific method. It really is the most
reliable and fastest way of getting
through this sort of problem.

Not “facts” .. we have none. But
we do have a lot of provisional info,
and we immediately
set up two hypoth-
eses—working as-
sumptions. Some-
times, the old lady
just goes out to the
movies. Buries her-
self in a nice, com-
fortable chair in the
middle of all those
interesting anony-
mous bodies and ab-
sorbs the big, gentle
sound and the vast,
large-screen  pic-
tures, and not a pur-
ple people in sight.
So Minnie just might
be sound asleep at
the movies.

But there s
Hypothesis #2. Not a
fact, but a tendency.
Once in awhile our
great-aunt just
ambles around the
block at full speed,
one step per sec. x 4, to visit with her
oldest friend, aunt Maxie. Now Maxie
isn’t really an aunt, but proper scien-
tific approach says that this is irrele-
vant. So maybe Minnie is with Maxie?

Science, though, says it is not yet a
closed thing. There are also n other
hypotheses, including the one that
states she may have been run over by a
horse and is now in intensive care at
one of three possible hospitals. One
keeps one’s scientific mind open to all
possibilities, no matter how remote.

It is lucky that Pa Bell invented his
telephone. For in great-aunt Minnie’s
case, unlike many of much greater im-
port, we can check things out quickly.
Which hypothesis would you check
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PHASE LINEAR SETS THE STANDARD
FOR HIGH POWER.

Current loudspeaker design theory
takes for granted the availability of
a high power reserve. An idea once
considered frivolous by many. Today
it is considered essential for the
best possible reproduction of
recorded material.

To reproduce a musical peak, a
loudspeaker requires up to 10 times
the average power being delivered.
If the amplifier lacks a sufficient
power reserve, it will clip, producing
distortion and audibly destroying
sonic quality.

The Phase Linear Dual 500 Series
Two Power Amplifier is capable of
delivering 505 watts per channel
from 20Hz-20kHz into 8 ohms, with
no more than 0.09% Total Harmonic
Distortion. That's unsurpassed power
for unsurpassed realism.

CONVENTIONAL DUAL-500
OUTPUT OUTPUT
TRANSISTOR. TRANSISTOR.

The Dual 500 utilizes an advanced
design in output devices to overcome
the problems associated with ampli-
fier clipping at realistic listening
levels. As a result, the power
handling capability is greatly
improved. In fact, the

capability in the audio industry.

A massive rear mounted extruded
aluminum heat sink assembly pro-
tects the 36 output devices against
overheating and includes a self-
contained, thermally activated forced

3 2

0,00,

air cooling system. You don't have
to worry about over-heating under
normal operating conditions
Instantaneous indication of output
activity is easily maintained with an
exclusive 32-segment LED display,

i
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while a special 4-segment clipping
indicator warns of hazardous
overloads. High/Low Impedance
Operation modes are automatically,

AGAIN.

or manually activated for increased
amplifier efficiency when using
low impedance speakers.

£ w2 Q eipee

HEARING IS BELIEVING.

See your local Phase Linear dealer
for the most powerful argument for
the DUAL 500: a demonstration.

SPECIFICATIONS

OUTPUT POWER: 505 WATTS
MINIMUM RMS PER CHANNEL
20Hz-20,000Hz INTO 8 OHMS
WITH NO MORE THAN 0.09% TOTAL
HARMONIC DISTORTION.

CONTINUOUS POWER: 1000Hz per
channel, with less than 0.09% Total
Harmonic Distortion:

8 ohms - 600 watts
4 ohms - 800 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 (1HF "A"™)

WEIGHT: 65 Ibs. (32 kgs.)

DIMENSIONS: 19" X 7" X 15"
(48 .3cm X 17.8cm X 38.1cm)

Optionally available inE I A standard rack
mount configuration.

Optional accessories: Solid Oak or

AR TR O,
power semiconductor

complement of the
Dual 500 features the
highest power handling

|
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Phase L.inear Corporation

20121-48th Avenue West

Lynnwood, Washington
98036

THE POWERFUL DIFFERENCE

MADE IN U.S A. DISTRIBUTED IN CANADA BY H. ROY GRAY LTD. AND IN AUSTRALIA BY MEGASOUND PTY. LTD.
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We build
a speaker
that sounds

like music .

It can accurately repro-
duce the 120+ dB peaks
that are found in some
live music. That's more
than just being able to
play music loud. It can
accurately reproduce the
music bandwidth — from
below 25Hz to 20kHz.
And the Interface:D’s
vented-midrange
speaker reproduces
midrange sounds with
the clarity and purity
that allows precise
localization of sound
sources— both lateral
and front-to-back.

The Interface:D is the
only commercially avail-
able speaker we know
of that can meet these
criteria. Audition them
at your interface dealer.

Ey

Elecholoice’

o?U'hﬂ company

600 Cecil Street
Buchanan, Michigan 49107
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first? Of course—aunt Maxie. (Or
would you go out looking for a
runaway horse?) There she is! You can
come and get her any time, says Maxie
brightly. End of story.

Shrewd Hunch

Except to note that what turned out-
to be a fact was previously NOT A
FACT, only a hunch based on shrewd
projections. That’s science. More often
than not, we can never check our
hypotheses as facts. We can do no
more than move forward, bit by bit. So,
has our life developed.

Suppose (to get another brief story
off my chest, this one true), you were
that cunning British criminal back in
the early 19th century who set up a
most ingenious hypothesis, that if he
could jump straight onto that new
marvel called a train of cars on a
railroad he could fly (almost) from the
distant scene of the crime and conven-
iently vanish in London. A clever idea,
all things considered as they then were,
but alas it turned out to be faulty. Im-
agine his surprise when he was met at
the London terminal by the criminal
authorities, who swallowed him up on
the spot.

The scientific hypothesis is always
projected from available information
and, even in the most precise engineer-
ing, must be understood to be in-
complete, just possibly having missed
out on some of the facts. There is no
perfect hypothesis! That, in varying
degrees, is what scientific method is all
about. Our criminal gentleman, un-
fortunately, did not know that the very
first operating British telegraph line
just happened to stretch alongside the
railroad of his choice. (If he had known
this, he might still have altered his
hypothesis to include a different rail-
road and thus have proved it a very
fine hypothesis indeed.)

Speaking of criminals, I've been
reading three books simultaneously,
one on audio and two definitely not,
and these three have in fact sparked
these thoughts. Not Sherlock Holmes,
but Doyle’s “Dr. Challenger” series,
another craggy character. Doyle and
H. G. Wells (and Jules Verne in France)
invented that superb literary art called
sci-fi, or science fiction, and nowhere is
its methodology better suggested than
by Holmes himself. Sci fi is, you see, an
ingenious playing with the very basis
of scientific method and, as many peo-
ple have observed, it is really almost
identical in its approach, ‘facts,”
hunches, hypotheses, and all. Look at
what those old boys perpetrated on the
hunch basis! Submarines, moon shots,
time warps (The Time Machine—one
of Wells’ best), and more. In sci fi the
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hunch comes first, the facts are made
to fit. It's fiction, after all. But for
every clean shot at the future, right on
target, there are plenty of ridiculous
misses, just awful from our later point
of view, but great fun to read.

Isn’t this exactly what happens in
real scientific life? We are still making
ridiculous mistakes, as our descen-
dants will know. Our methods aren’t
rigorous enough sometimes and then
we crash. Engineering itself, audio
development, is not different. We
crash, too. Like the diamond stylus
that fell out of my cartridge today
right in the middle of a record. Not en-
visioned by the design projection. But
we move forward by not crashing. It's a
rigorous discipline and we must never
lose it.

Doyle was a curious man of science.
His “The Lost World,” a story involving
a fictional Amazonian plateau where
by a freak of evolution (a hot subject
in Doyle’s heyday!) all sorts of
monsters from the remote past still liv-
ed on, is one of the finest sci fi stories
ever and astonishingly close to later in-
formation as it has subsequently
developed. Take the sub-human ape
men in the trees who battle it out with
little brown “indians” down below,
smooth skinned and of larger cranium;
Richard Leakey, of the Leakey family
that has been digging up proto-man in
Africa complete with newly accurate
datings, now hypothesizes that indeed
earlier type and later man species did
live simultaneously in the same ter-
ritories and time_ (Leakey is my second
non-audio book:) A near-fact, getting
nearer, but in Doyle’s imagination it
was merely an accurate scientific
hunch. Charles Darwin, well over a
century ago, theorized that man must
have originated in Africa, based on
sheer reasoning, minus facts. Long
after that hypothesis, the Leakeys have
shown that this, too, is a near-fact.

Spiritualistic Sophistry

A. Conan Doyle brings Pithecan-
thropus erectus, an apish man, into
another of his stories but there we run
into a Doylian snag. Doyle was a
Spiritualist, Phase I, the Dead Brought
Back. His ape man is made of ecto-
plasm recreated by a human medium.
Conservation of energy! Doyle ex-
plains that to make this ectoplasm
really drains a human medium—it
takes work in the strict engineering
sense. You can’t make something from
nothing, after all. Strictly scientific and
the only unproved aspect of the
hypothesis is the ectoplasm itself, in
which Doyle firmly believed. Alas, he
“proved” its existence the wrong way,
by simply stating that it was so. Even in
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“The Sansui AU-717 is a superb amplifier.
We like it with no ifs,ands,or buts.” guian Hirsch)
It offers “as much circuitry sophistication
and control flexibility as any two-piece
amplifying system?”’

(Len Feldman)

Everyone says great things about
the new Sansui AU-717, but the
experts say it best.

The Sansui AU-717 DC integrated amplifier is “Sansui’s
finest ... It incorporates a fully direct-coupled power
amplifier section whose frequency response varies less
than +0, —3dB from OHz (D.C.) to 200 kHz. The amplifier’s
power rating is 85 watts per channel (min, RMS) from 20 to
20,000Hz into 8-ohm loads, with less than 0.025 per cent
total harmonic distortion ... If any amplifier is free of
Transient Infermodulation Distortion (TIM) or any other
slew-rate induced distortion, it is this one ....The slew rate
... was the fastest we have measured on any amplifier, an
impressive 60 V/usec.

‘The preamplifier section of the AU-717 ... hcs very
impressive B
specifications
for frequency
response,
equalization
accuracy, and
noise levels ... The
AU-717 has dual
power supplies,
including
separate power
transformers, for its
two channels ...
[and] exceptionally comprehensive tape-recording and
monitoring facilities .... Good human engineering ...
separates this unit from some otherwise fine products....

"The Sansui AU-717 is a superb amplifier. We like it with

Julian D Hirsch, Contributing Editor Stereo Review

no ifs, ands, or buts.” [Reprinted in part from Julian Hirsch’s
test report in Stereo Review, February,1978.]

"One clear advantage of DC design is apparent, Even
at the low 20Hz extreme, the amplifier delivers a full 92
watts — the same value obtained for midfrequency

z T power —

| compared with its
85 watt rating into
! 8 ohms....
| "The
| equalization
§ characteristic of
the preamplifier
was one of the
most precise we
S have ever
Leonard Feldman. Contributing Editor Radio Elecionics Measured, with

the deviation from

the standard RIAA playback curve never exceeding
more than 0.1dB......

"Sansui claims that this unit has reduced transient
intermodulation distortion — a direct result of the DC
design, and, indeed, the model AU-717 delivered sound
as transparent and clean as any we have heard from an
integrated amplifier...

" ... worth serious consideration — even by those who
prefer separate amplifiers and preamplifiers.” [Reprinted
in part from Len Feldman's test report in
Radio-Electronics, January, 19781

Listen to the superb sound of the Sansui AU-717 at your
Sansui dealer today. And be sure to ask him for a
demonstration of the matching TU-717 super-tuner.

SANSUI ELECTRONICS CORP.
Woodside, New York 11377 - Gardena. California 90247 » SANSUI ELECTRIC CO., LTD., Tokyo. Japan Sansui_

SANSUI AUDIO EUROPE S.A., Antwerp. Belgium « In Canada: Electronic Distributors

Enter No. 47 on Reader Service Card
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e Where should
you start in your
search for better sound?

At the beginning. With
@ anew Audio-Technica
Dual Magnet" stereo phono

Cartrldge. Our ATI2XE, for instance. Tracking
smoothly at | to 1-3/4 grams, depending on your record
player. Delivers smooth, peak-free response from 15 Hz to
28,000 Hz (better than most speakers available). With

24 dB of stereo separation at the important mid frequencies
and even 18 dB of separation as high as 10 kHz and
above. At just $65 suggested list price, it’s an outstanding
value in these days of

inflated prices.

Audio-Technica
cartridges have been
widely-acclaimed for
their great sound, and
for good reason. Our
unique, patented® Dual
Magnet construction provides a separate magnetic system
for each stereo channel. A concept that insures excellent
stereo separation, while lowering magnet mass. And the
ATI2XE features a tiny 0.3 x 0.7-mil nude-mounted elliptical
diamond stylus on a thin-wall cantilever to further reduce
moving mass where it counts. Each cartridge is individually
assembled and tested to meet or exceed our rigid perform-
ance standards. As a result, the
ATI2XE is one of the great
bargains of modern technology
...and a significant head start
toward more beautiful sound.
Listen carefully at your
Audio-Technica
dealer’s today.

UAL
MAGNETS
<
S . THINWALL
~“_ CANTILEVER

.
~

e .
NUDE-MOUNTED - *U.S. Pat. Nos. 3,720,796
0.3x 0.7-M

0. iL
ELLIPTICAL STYLUS —— o) Qe B

‘audio-technica.,

INNOVATION o PRECISION o INTEGRITY

AUDIO-TECHNICA U.S., INC,, Dept. 68A, 33 Shiawassee Avenue, Fairlawn, Ohio 44313
In Canada: Superior Electronics, inc.

Enter No. 8 on Reader Service Card
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audio we sometimes do that little
trick.

Doyle went off into the beyond
firmly intending to return as ec-
toplasm. He also, 1 might note, went
along with a much more reasonable
assumption of the scientists of his
time, that there was an all-pervasive
substance, without form or shape or
mass, which nevertheless infused the
universe —ether. Now that was a true
and helpful concept in scientific
method, a projection, a hypothesis,
that could explain things otherwise
then inexplicable. In the end, it
became outdated and was retired (now
we have neutrinos, quarks, cosmic
rays, and a batch of other useful and
partly factual things to replace it)—
but Doyle wrote a story in which an in-
terplanetary belt of ether passes ac-
cross the earth and knocks all living
things senseless, seemingly dead.
Marvelous descriptive writing, but a
false premise. The ether passes on and
everybody comes alive again. So much
for sci fi.

Scientific Methodology

Audio? My third book, right along
with Doyle and Leakey, has been a
splendid manual on the specific
designing of a new-generation phono
cartridge that came to me from Shure,
where the the papers were presented
early this year at a seminar (see Audio
May, 1978, pg. 32). You'd be amazed
how neatly these three volumes com-
plement each other. Shure’s exposition
has had me really delighted {as has a
very different JVC seminar report of
the same sort)—for if ever there was
clear, well-organized scientific method
applied to one highly specific subject,
it is here, described on paper for the
benefit of both engineers and the in-
telligent press. We follow step by step,
through the background ““facts,” the
balances, contradictions, and trade-
offs, gathered up one by one, neatly
isolated for study, then put together
step by step, for the solution of this
one, single engineering project. (JVC,
differently, covers a wide spectrum of
projects.)

True, the result of the “hypothesis”
is a commercial phono cartridge, the
Shure V-15 Type 1V, and this is Shure’s
special thinking, not necessarily 100
per cent acceptable to other good car-
tridge engineers. But if we understand
that proper science and engineering
ALWAYS leave room for doubt, for
correction and change after argument,
for adapation and improvement, then-
these papers make a remarkably fine
example of the right way to think
things through, in a crazy, impulsive
world. Congrats! And I’ll be sure to tell
Minnie and Maxie all about it. 4
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'The one alternative to separates:
The Yamaha CA-2010 Integrated Amplifier.

By The Head Amplifier. Discerning music lovers all over the world are discovering the transparent

s highs and extended frequency response of the moving coil phono cartridge. While other manufac-

s turers require the addition of an expensive preamp or step-up transformer to boost the low output
LT signal, Yamaha included a special head amplifier in the CA-2010. It's available with the flip of a switch

PHCND -2
47x0 ™
x

b on the front panel. And to help you get the most out of moving magnet cartridges, there’s a 3-position
o phono impedance selector.

The Preamplifier. To assure exact, repeatable bass and treble settings, the controls are precision
calibrated in ¥2dB steps. Dual turnover frequencies for both ranges double the versatility of these
: accurate tone controls. Completely independent Input and Output Selectors let you record one
= | source while listening to another. And the power meters are easily switched to REC OUT readings in
= millivolts, so you can monitor the actual output level to your tape deck for cleaner,
distortion-free recordings.
SELECTOR SELECTOR | The Power Amplifier. 120 watts RMS, with no more than 0.03% THD 20Hz to
20,000Hz into eight ohms.
e S Ao o For tighter, cleaner bass response, the amplifier can be switched to DC operation.
4 Class A operation is switchable on the front panel, delivering 30 watts RMS, with no
more -han 0.005% THD 20Hz to 20,000Hz into eight ohms.

The twin power meters are fast-rise, peak delay—they can track even the briefest of
transient bursts. Plus they can respond to levels from 1mW to 316W (into eight ohms).

Real Life Rated™ The specifications of the individual components of the CA-2010 are
superior to many separates. Individual specifications alone, however, can’t possibly
reflec: actual in-system performance. That's why Yamaha measures overall perform-
ance from phono in to speaker out, rather than at designated points along the signal
path. Furthermore, we measure noise and distortion together over a broad output
range, rather than individually at the optimum output.

Our Real Life Rated measurement is called Noise-Distortion Clearance Range
(NDCR). On the CA-2010, NDCR assures no more than 0.1% combined noise and dis-
tortioa from 20Hz to 20kHz at any power output from 1/10th watt to full-rated power.

Superb tonality from a musical tradition of technical excellence. The tonal
accuracy of our audio components is referenced to the same standards used to evaluate
the tonal accuracy of our world-renowned musical instruments. The result is a rich,
clear tonality that is unknown elsewhere. You really must hear it.

You really must hear the same resolutely accurate music reproduction available from
all four Yamaha Integrated Amplifiers and four superb
tuners. All are made to a single standard of
excellence—a standard rooted in a 90-year tradition of
musical perfection.

For a personal audition of the new Yamaha CA-2010,
| as well as the rest of our complete line of components,
s ' just visit your nearest Yamaha Audio Specialty Dealer.

' ; If he’s not listed in your Yellow Pages, drop us a line.

© YAMAHA

Audio Division, P.0. Box 6600, Buena Park, CA 90622
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Bert Whyte

Since this column is concerned with
room acoustics, their effect on sound
reproduction, and possible modifica-
tion of the listening room, it is
understandably directed to those who
have absolute control of their listening
environment. (My utmost sympathies
to the rest of you out there, who share
your domain with someone who is not
enamoured of stereo sound systems,
who doesn’t like the effect those large
speaker enclosures have on the living
room decor, and who definitely does
not like loud listening levels.)

Let’s assume that you have gone
through a number of hi-fi systems and
have progressed to the point where
you now own a very sophisticated sys-
tem. You're conversant with slew rates
and SID and TIM and all that new-
fangled stuff, and like all dedicated
audiophiles, you zealously pursue all
manner and means of updating the
quality of your system. In essence, you
have become a “purist,” and any
signal-processing device that would
sully the quality of your audio signal is
an anathemato you.

Yet the moment you placed your
loudspeakers in your listening room,
no matter if they were the finest, most
expensive units on the market, you
created gross distortions of a mag-
nitude far beyond what any processing
device would impose on your audio
signal. Depending on where you plac-
ed the speakers in the room, you would
have varying degrees of time-delayed
reflections, diffractions, and standing
waves which cause ringing modes and
all manner of peaks and dips, along
with assorted acoustic anomalies. That
lovely flat anechoic response of your
speaker is now a shambles in the real-
life situation of your listening room.
What’s that? You don't believe me?

If you were to perform an acoustic
analysis of your listening room with
such instruments as the UREI! Soni-
pulse, the Shure M615AS, or the new
Crown real-time analyzer, you would
be shocked to find that you had a
pretty ragged curve across the frequen-
cy spectrum. You may well find that
you had a rising bass characteristic

from 125 Hz down, with 63 Hz up +3
dB, 50 Hz perhaps up +6 dB, and 31
Hz up as much as 3or 4dB. All thisis a
major contribution to “boomy’’ bass
response. You might be even more
shocked with your high-end response,
with progressive attenuation beyond 8
kHz, to the point where 125 kHz is
down by 8 dB, and 15 kHz might be
down as much as 11 or 12 dB (don’t get
panicky . . . a roll-off starting around 8
kHz is a natural consequence of ab-
sorption, diffusion, and progressive
high-frequency attenuation with dis-
tance). Needless to say, these acoustic
curves are considerably influenced by
the character of the room . . . whether
it has an average mix of reflective and
absorptive elements, carpeting, fur-
niture, etc. or is highly absorptive with
much drapery, carpeting, and over-
stuffed furniture ... or is very reflec-
tive with a lot of glass area, wood
paneling, vinyl or tile floor, and sparse
modern furniture upholstered with
leather or vinyl. However, assuming an
average room, analysis will reveal
standing waves which, below 2 kHz,
gives rise to audible ringing modes. At
higher frequencies the standing waves
become so complex and “‘cluttered”
that they have a decreasing effect on
sound reproduction. You may not con-
sciously be aware of it, but these
modes usually add a reverberant qual-
ity to the listening room. Obviously
you would like to flatten the acoustic
curve in your listening room, and while
observing some technical constraints,
there are a number of ways this can be
accomplished.

Acoustic Analysis

Before remedial measures can be
undertaken, the room must be acous-
tically analyzed, and fortunately for
those who do not have access to the
aforementioned instruments, there is
an inexpensive but excellent alter-
native. This is the Crown Equalization
Test Record, available through Crown
dealers as part of the Crown EQ-2
Synergistic Equalizer system, and the
dealer is also supposed to have high-
quality SPL (sound pressure level)
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meters for rent. By buying the record,
renting the meter, and buying a pad of
special graph paper, ruled with a range
from 20 Hz to 20 kHz, with standard

ISO Vi-octave centers in between,
you’re in business. The test record has
1-kHz reference levels for right and left
channels. In the position in which you
normally listen to your system, the SPL
meter is referenced to 80 dB. The
record then gives a voice an-
nouncement, followed by 10 seconds
of pink noise of each of the Yi-octave
bands between 20 Hz to 20 kHz, and
the graph is marked with the readings
obtained from the SPL meter. Done
with care, this gives quite an accurate
acoustic response curve for your room.
There is an extra added advantage in
using this method, inasmuch as it
incorporates the phono cartridge,
RIAA circuitry, etc. in the overall re-
sponse. There are, of course, a number
of excellent pink-noise generators
available from the likes of Ivie, UREL,
and one is built into the Shure
analyzer. These must be used with
calibrated mikes and do not reflect tne
phono data.

Needless to say, the Crown people,
Soundcraftsmen, Shure, etc., all make
equalizers, and all the aforementioned
analysis is to convince you of the need
to buy one. Gadzooks! You can hear
the purists screaming a mile away!
None of this kind of circuitry for them,
say they, mumbling about distortions
and phase anomalies, etc. All right ..
leaving that subject for the moment,
what can be done to correct the
acoustic deficiencies in the room?

Damping with Fiberglas

The answer is that a new type of
fiberglas comes to the rescue
Fiberglas 703 is a semi-rigid material,
supplied in 2 by 5-foot sheets in 1-, 2-,
and 3-inch thicknesses. It is charac-
terized by an almost 91 per cent ab-
sorption coefficient from 125 Hz to
beyond 4 kHz. The 703 can suc-
cessfully cope with most of the ringing
modes in the room and deaden the
room considerably. Of course, for the
home listening room, we don’t want it
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The‘better than’equalizer

TONE CONTROL
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crown Eg-2
octave equalizer,

2 channels, 11 bands/channel

Adjustable center frequencies— The Crown
EQ-2 is better than a parametric because you can
control boost and cut for eleven-bands per channel
with adjustable center frequency for all 22 bands. It
cures many more room problems.

Simple set-up — The Crown EQ-2 is better than a
1/3-octave graphic because it's simpler to set up,
yet provides full-range control. The EQ-2 can also
be cascaded to create a 22-band, 1/2 octave mono
equalizer.

Unique tone control— The Crown EQ-2 is bet-
ter than other equalizers because of its unique tone
control section. Shelving-type bass and treble con-
trols with selectable hinge points r2duce phase shift
problems, since low and high frejuency problems
can be resolved before equalizing begins. This fea-
ture also permits quick reshaping of the response

curve for different room populations without altering
basic equalization.

Superb specifications— The Crown EQ-2 is
“better than” because of a signal-to-noise ratio
90dB below rated output, and THD less than .01%
at rated output.

Reliability — It's “better than” because it's Crown.
That means reliability, ruggedness, and better
value.

New RTA - It's also “better than” because Crown
now manufactures a real time analyzer which, used
in conjunction with EQ-2, makes the job of equaliz-
ing even easier.

To hear the EQ-2 and see the ATA-2-in action,
schedule a trip to a nearby Crown dealer. If you
can't locate one quickly, write us. We'll tell where
they are and send you EQ-2 literature.

(&) crown

1718 W. Mishawaka Road, Elkhart, Indiana 46514
American innovation and technology...since 1951.
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to be “anechoically” dead, so ideally,
the 703 should be applied in certain
measure, and then the room is reana-
lyzed, and the final amount deter-
mined by results. How do you apply it?
Here is where “saying what goes”
comes into play. The 703 is the usual
unattractive yellowish color, and, of
course, you have the abrading of the
glass fibers to contend with, which can
cause physical discomfort such as
itching. The problem can be solved by
using a light Monks cloth cemented to
the rear of the 703 batt without any

loss of absorption. Insulation con-
tractors will have special “spikes” .. .
which have a square self-adhesive base
and metal spikes of varying length; the
spikes are set at intervals on the wall,
and the batts of 703 are impaled on the
spikes. Be warned ... if you remove
the spikes from painted or papered
walls, they will usually remove some of
the wall covering. Three-quarter-inch
furring strips can also be used to
mount the 703, with the plus here of
some dead air space behind the batt,
which helps absorption. The 703 batts

face it.

Reputations are built on performance. That's why Spectro Acoustics is
known for excellence in the manufacture of quality electronics. From
the introduction of Self Contained Amplifier Modules (SCAMP),
gyrator synthesized inductors and the extensive use of IC circuitry to
the incredible all new Model 500 Series Power Amplifier, Spectro is
dedicated to a line of pure audiophile equipment. Spectro Acoustics
is the only hi-fi manufacturer offering a transferrable warranty on
parts and labor; the only manufacturer with confidence enough in the
rugged and reliable features of its products to offer such a warranty.
Truly exceptional hi-fi equipment at surprisingly acceptable prices is

yours for the asking.

Contact your dealer today or write to Spectro

for details on all or part of the following equipment.

Mode! 101 Preamplifier/Equalizer

[ e - |

AT
il oy

-l o fen .

Model 210 Graphic Equalizer

Model 217 Straight-Line Preamplifier

SPECTRO ACOUSTICS

Dept. KC
3200 George Washington Way, Richland, Wa. 99352 / (509) 946-9608
TC ELECTRONICS — Quebec, Canada
INTERNATIONAL: FIMC 30 Greenhill Rd., Westwood, Mass. 02090
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can be fairly easily cut to various sizes
and shapes for appropriate placing on
the walls.

Where do you put the 703? Every
room will be different, of course, but
generally on a long wall in a rec-
tangular room, with the opposite wall
uncovered, unless the modes and
reverberation in the room are quite
pronounced. It is usually placed on the
wall opposite your speakers, and if you
are using a permanent quadraphonic
speaker setup, then place it on the
facing wall as well The two-inch
thickness is most practical to work
with, and as to cost, 10 of the 4 by 5-
foot batts are about $36.00. The 703
does a good job at a reasonable price.

There is another material, much fan-
cier than the 703, and this is called
Soundfoam. It is a polyurethane ma-
terial which comes in 2 by 4foot
panels with self-adhesive backing, and
thicknesses up to 1 inch. It is also
available in an embossed pattern and
in various colors. A special version
comes with a layer of lead sandwiched
between the foam, which affords a bar-
rier against sound transmission, as well
as its absorptive properties. Just the
thing to cut down noise between apart-
ments, although bass frequencies will
still be transmitted through the floor
and the adjacent studs. The Sound-
foam is roughly 75 per cent as efficient
as the 703, and it costs quite a bit
more, but it is an attractive looking
material and that may weigh heavily
with many people.

Owens-Corning Fiberglas 703 can be
obtained from most insulation con-
tractors. The Soundfoam is obtainable
from Soundcoat Co., 175 Pearl St,
Brooklyn, NY 11201, who also make
foam wedges for use in the construc-
tion of anechoic chambers.

Okay, so we have conquered a good
part of the room acoustic problems,
but what about the rising bass end and
the treble roll-off? The answer has to
be an equalizer .. = there is just no
other way, except elaborate polycylin-
drical and free-form plywood diffusers
and even these are not always the
answer. Equalizers are like any other
piece of audio equipment . you
usually get what you pay for. In the
graphic types there are the Crown,
Klark-Technik, and Soundcraftsmen,
and in the parametric type there are
units from Technics, Orban, and SAE.
All of them and others will correct the
bass end. As for the treble, it really
should be left in its naturally at-
tenuated state, but if you insist in try-
ing to restore some of the top end, do
it quite moderately, remembering that
a totally flat top will sound very hard
and overbright. A
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FREQUENCY 10Hz-50kHz J15H2z-45kHz J20H2-20kHz [l 20Hz-20kHz B20H2-20kHz [R20H2-20kHz ll 20H2-20kHz [} 20Hz-20kHz il 20H2-20kHz
RESPONSE -+ 3dB dB 1B +1%dB +2dB * 2dB + 3dB +3dB ~ F+3dB
TRACKING 5 °
FORCE RANGE Ya-1% gm 1-1% gm Ya-1% gm 24-1% gm Ya-1% gm Y4-1% gm 1-2gm 1%-2% gm _1%-3gm

SEPARATION
156Hz to 1kHz 28 dB 24 dB
1kHz to 20kHz 23dB 20dB
20kHz to 50kHz 15dB 15dB
204z to 500Hz 20cB 18dB 20dB 20dB 18dB 16 dB
500Hz to 15kHz 30cB 27dB 28dB 25d8 23dB 21dB
15kHz to 20 kHz 25cB 22d8B 20 dB 18 dB 15 dB 13dB

I.M. DISTORTION 2% 2% .08% 1 .08% A% 15% 2% % 2%
@ 3.54 cm/sec 2kHz-20kHz BPkHz-20kHz PkHz-20kHz [@2kHz-20kHz W2kHz-20kHz @2kHz-20kHz B 2kHz-20kHz |l 2kHz-20kHz [l 2kHz-20k
STYLUS 2 mil 2m Z2x.7mi 2x 7 mil 2x.7 2 x .7 mil x .7 mil 3x.7mil 7 mil
adial elliptical elliptical elliptical _elliptical elliptical elliptical spherical
EFFECTIVE
TIP MASS .4 milligram 4 mitligram 2 milligram 2m ra 6 milligram .6 milligram 1 milligram
COMPLIANCE 30x10 v 30x10 30x10" 30x10 ¢ 20x10 % 18x10* 17x10" 16x10 © 14x10° .
cm/dyne cm/dyne cm/dyne cm/dyne cm/dyne cm/dyne cm/dyne cm/dyne cm/dyne

TRACKING 32 cm/sec 30 cm/sec 36 cmy/sec 38 cm/sec 32 cm/sec 28 cm/sec 28 cm/sec 28 cm/sec 32 cm/sec
ABILITY @ 1kHz @ 1kHz @ 1kHz @ 1kHz @ tkHz @ 1kHz @ 1kHz @ 1kHz Y@ 1kHz
@ 1gm g @ 9gm @ tgm @1gm @1%gm @1% gm @ 1% gm @ 2 gm

m o
CHANNEL within 1 dB within 1% dB Bwithin ‘. dB within 1 dB8 within 1dB Jwithin 1% dB [l within 1% dB B within 1> dB @ within t}, dB
BALANCE @ 1kHz @ 1kHz @ 1kHz 1kHz @ 1kHz @ 1kHz @ 1kHz @ 1kHz @ 1kHz
INPUT LOAD 100k Ohms/ 100k Ohms/ @47k Ohms/ 47k Ohms/ 47k Ohms/ 47k Ohms/ 47k Ohms/ 47k Ohms/ 47k Ohms/

channel channel charnel channel channel channel channel channel channel
TOTAL under 100 under 100 300 400-500 400-500 400-500 400-500 400-500
CAPACITANCE pF/channel pF/channel @pF’channel pF/channel pF/channel pF/channel pF/channel pF/channel pF/channel

OUTPUT 3 3 2 3 EE 45 7 :
@ 3.54 cm/sec mV/channel @imV/channel fimv/crannel ll mV/channel A mV/channel @ mV/channel ll mV/channel mV/channet
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THE
AMERICAN
CARTRIDGE

THAT'S
A STAR

When we intfroduced rhe Sonus Blue car-
tridge, we were amazed ar the speed
with which discriminating audiophiles re-
sponded ro its astounding abiliry to im-
prove the qualiry of record reproduction.
And we must admir thar we've gotten
some pretfty good reviews in America.

But what really surprised us were rhe
enthusiastic reviews of European au-
diophile publications.

Hi-Fi Choice (England): "A besr
buy... must be the Sonus Blue. .. overall
balance of sound qualiry and laborarory
performance is first rare...On lisrening
tests, the Blue ranked number one.’

Banc D’Essais—Nouveautes (France):
“Listen fo the Sonus cartridge. . . it repro-
duces even the most complex musical
passages with superiarive clariry.

Stereolab—Test (Germany): " . .The
Sonus showed up as very balanced and
clean...compared to other outstanding
carrridges, it stands up effortlessly!
... Quality level: Without question rop
class.

We feel more strongly than ever before
that the addition of a Sonus cartridge to
any fine quality stereo sysrem will resulr in
noticeable sonic improvements. Write for
copies of these reviews, further informa-
tion, plus the name of your local Sonus
dealer.

Manufactured in the U.S.A. by:
SONIC RESEARCH, INC,,
27 Sugar Hollow Rd., Danbury,Conn.06810

High Definition Phono Cartridges

Enter No. 51 on Reader Service Card

Herman Burstein

Speed Measurement

Q. | have a tape recorder with an ad-
justable capstan motor capable of ex-
act speed, but the problem is how to
measure it.—Ed McElroy, Brookline,
Mass.

A. Dubbings Electronics Co., 1305 S.
Strong Ave., Copiague, N.Y. 11726 used
to make stroboscopic wheels for mea-
suring tape speed. You might write to
them and find out if this device is still
available. Some test tapes have timing
signals included in them for measuring
speed accuracy, so you might inquire
about these at your local audio dealer.

Also you might construct your own
measuring device by very carefully
measuring a given length of tape, say
750 inches, and then measuring how
long it takes the machine to run
through this prescribed length. Ac-
cording to whether your machine runs
through the tape in the exact time,
fast, or slow, you can figure its ac-
curacy. For example, the 750-in. tape
should take 100 seconds at 74 ips, but
if the tape runs through in 95 seconds,
then the speed is a little over 5 per cent
fast; while if it runs through in 105
seconds, then it is a little over 5 per
centslow.

Performance Contradiction

Q. After much reading about tape
recorder performance a basic contra-
diction in the available literature has
become apparent. The conflict is one
of “controlled bandwidth” vs. “ex-
tended response.” Many recorders have
flat response to 15 kHz at 3% ips, yet
some manufacturers claim that about
12 kHz is the maximum usable re-
sponse at 3% ips. Can you resolve this
apparent contradiction?—Craig Cham-
bers, Scott AFB,

A. Tape recorder performance in-
volves juggling three basic factors, low
distortion, extended treble response,
and low noise. To maximize any one of
these performance aspects requires
sacrifices in one or both of the remain-
ing aspects. Furthermore, there is the
factor of time which can cause deter-
ioration of the signal on tape with
respect to both noise (specifically,
print-through) and treble response.

AmericanRadioHistorv Com

Taking all these factors into account,
some of those who have studied the
situation carefully have come to the
conclusion that in the current state of
the art, a reasonably conservative
statement is that at 3% ips optimum
performance should not seek flat tre-
ble response beyond about 13 or 14
kHz —about the limit of hearing for
most adults.

One may get out to 15 kHz or higher
at 3% ips, but this may not represent
the optimum combination of low
noise, low distortion, and wide treble
response. And, it does not mean that
the very highest frequencies recorded
on the tape will retain their full
magnitude some months from now. On
the other hand, there has been con-
stant progress in tape formulations so
that we find the limits of treble
response, without appreciable sacri-
fice in terms of noise and distortion,
are steadily being expanded.

Deck Switching

Q. | would like to purchase a switch-
ing mechanism that would allow me to
use either of two tape decks while leav-
ing the monitoring function intact and
permit dubbing from one tape recorder
to the other. Can you advise me if such
a unit is available and from whom?
— Emil Aftandilian, Marion, Ill.

A. Inquire at Russound/FMP, Inc,
P.O. Box 204, Stratham, N.H. 03885.

Tape Whistle

Q. When recording off FM | have
noticed a very weak high-pitched whis-
tle which is audible at 17 and 3% ips,
but not at 72 ips. It sounds like some
kind of feedback for if | lower the
recording level it disappears. —Stan
Schwartz, Storrs, Conn.

A. Most likely the whistle is due to
overloading the tape which results in
severe harmonic distortion, with the
whistle being one of the harmonic pro-
ducts. At 7% ips you are less likely to
obtain such distortion because of less
treble emphasis in recording.

If you have a problem or question on tape recording,
write to Mr. Herman Burstein at AUDIO, 401 North Broad
Street, Philadelphia, Pa. 19108. All letters are answered.
Please enclose a stamped, self-addressed envelope.
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It hard Iao finda
ck that doesn't

pe deck that

- Or a$100 ta
shouldn't.

If you spent $ 000 &1 a tape
deck, you'd be concerned with N
hearing every bit cf <ound it -'9
could p-educe. ‘a

That’s why owners
of the werld’s best tape
decks use Maxell more
than any other brand.

But i~ you're like
most pecple, you don't own
the best tape deck in th=world
and you're probakly rat using

Maxell. And chanzes cre; you're not ou- of it. So spend a little more

hearing every bit of sound your tape and buy Maxell.

deck is ccpable of producing. - Maxell. You can think of us as
Wactever you spent for your fage  expensive tape. Or the cheapest way ir

deck, if's @ waste not to get the most the world to get a better sounding system:

maxe il i IIII||IIIIIIIIIIIIIIIIIIIIIIII|||||H QUL L TG
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with a tonearm and cartridge
works. Introducing the
eedback and reso-

“pick-up system” that works
The Mk Il now traps resonance at both
has the lowest possible mass, greatest

ed buzzing. The new Mk II has it

all! Chatter-free suspension. Tremendous tracking ability. Immunity to

bass distortion and frequency peaks. Sounds like
From America’s Only

Complete Family of Super-Precision Tonearms. . .
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ends! Its new acoustically decoupled counterbalance weight helps squelch #
another winner!

as one? Critical listeners everywhere proclaim, the G-707 is the one that

new G-707 Mk IL. Two decades of experience are behind it.
nance. Its integrated cartridge shell of polyurethane

torsional stability. and immunity to cartridge-generat

inning the
Race.

Get your sound off to “an audiophile start”
with the G-707 Mk II. It makes a terrific
ditference; costs only about $180. and its
easy. Your Grace audio specialist has all
the reasons. Go to him. Hell welcome you
with open arms! Grace arms.

BROUGHT TO YOU BY
P e
P.O. BOX 5046/BERKELEY CA/94705
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Urban Tuner Update
Dear Sir:

In response to your article on “FM
Specifications Revisited” (Audio,
April, 1978) | think the most important
parameters for an FM tuner in an ur-
ban environment are front-end dy-
namic range and adjacent-channel se-
lectivity. Unless these design
parameters are considered seriously by
the design engineer, the tuner will not
be able to receive many of the signals
present at its antenna terminals.

| would change the list on page 62 as
follows: 1) adjacent-channel selectiv-
ity, 2) alternate-channel selectivity, 3)
spurious response and image rejection,
4) IM distortion and capture ratio, 5)
50-dB quieting, 6) usable sensitivity, 7)
SIN@ 65 dBf, 8) THD @ 65 dBf, 9) fre-
quency response, 10) i.f. rejection, 11)
AM suppression and capture ratio, 12)
SCA rejection, 13) stereo separation,
and 14) subcarrier rejection.

The above list represent my basic
thoughts when | designed the MR-78
tuner for Mclntosh almost 10 years
ago. The validity of the above list can
be still shown today when one
operates an MR-78 in the city of Hart-
ford, Conn., in which location the
MR-78 will pull in clear stereo signals
from New York City’s three classical
music stations (WQXR, WNYC, and
WNCN). There are no other tuners on
the market that will do this. New York
City is either completely inaudible or,
at best, just discernible in the splatter
from the strong Hartford local signals.

Just consider that the first job of an
FM tuner is to pull in stations, then all
else follows.

Richard Modaferri
Vestal, N.Y.

Horrendous AM
Dear Sir:

Today most AM/FM tuners above
$350.00 have an FM section whose
performance is quite comparable with
other tuners in the same price range.
However, the AM sections of these
tuners possess a horrendous array of
obscene distortions. This need not be
the case, as the McKay-Dymek AM-5
tuner and DA-5 antenna have demon-
strated with their high fidelity per-
formance on an AM receiver. With the

AmericanRadioHistorv-Com

imminent FCC approval of stereo AM,
manufacturers have a splendid chance
to introduce high fidelity AM sections.
Through completely critical reviews
of the AM sections of various tuners,
Audio Magazine may help this along
and, also, help the reader to purchase
the best AM and best FM performance
at a given price level.
Donald Kerr
Turtle Creek, Pa

Engineering Empathy

Dear Sir:
With an electronic engineering
background, | subscribe to Audio

Magazine because of the technical em-
phasis of your publication. | do not
subscribe to any of the so-called
“underground’”” magazines because,
while | agree that technical meas-
urements do not necessarily predict
how a product will sound, | do feel
that the measurement process should
not be abandoned, it needs to be refin-
ed. More research is required to cor-
relate perceived sound quality with
technical specifications. In this regard,
the series of articles by Richard C.
Heyser in Audio is excellent and | ap-
plaud his efforts.

As it is with most audiophiles, | sup-
pose, | have an insatiable appetite for
the “Equipment Profiles” and would
like to see more contributions from
Richard C. Heyser, Bascom King,
George Pontis, et al. Leonard Feld-
man’s reviews are adequate, although |
wish he would place more emphasis on
the listening evaluation. | very much
appreciate the inclusion of schematic
diagrams in the “Equipment Profiles”
as | have a personal interest in correla-
tions between the circuit topology and
the perceived sound quality.

| also enjoy the construction articles
presented in Audio and find their num-
ber well balanced with the technical
articles.

Despite the claims of “noncommer-
cial” audio magazines |, perhaps,
naively believe that a ““commercial”
publication such as Audio can present
an unbiased reflection of the state of
the audio art. And with this reflection,
I remain a committed subscriber.

D. Gary Lerude
Fairborn, O.
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The Dahlguist DQ-10.

‘Time...and Time again.

Critics and audiophiles agree — ...and Time Again

the listening quality of the DQ-1Q The rea_ “secret” to the unprece-
is unexcelled. What accounts for dented performance of the DQ-10
its superb performance? lies in Jon Dahlquist’s patented

method for reducing diffraction, a

E.Ilmﬁ dit fori h coh more audible and destructive form
g o A St o S i of time distortion. The separate

ence must be given to the precisely  p¢fje pate on which each driver
matched transient characteristics :
of the five drivers. And, a good
deal has been written about the
DQ-10 and its extraordinary solu-
t.on to the problems of time de-
lay or phase distortion. It is
r-ot surprising that other high
cuality speaker designers
have followed suit in offer-
ing their versions of time
delay correction.

b,

P

is mounted is dimensioned to
minimize diffraction in the fre-
quency band in which it operates.
Thus, the effect of the sound we
hear is that of a driver mounted in
free space, without obstructions
or surfaces to distort the original
sound source.

It can be said that the DQ-10
eliminates inaccurate reproduction
caused by time elements — inertial
time delay, and diffraction time

L . delay — distortions that limit

the performance of conven-
tional speaker systems.

That's why the more critical

Time and time again.

?Q;;‘«r"’ ;

_,_/%W_,, wnr??¥”
2T d
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listener will select the DQ-10.




24

New IHF
Amp Standard

Edward ). Foster

As | write this article, the new IHF amplifier standard,
designated “Standard Methods of Measurement for Audio
Amplifiers, IHF-A-202, 1978, is being distributed to the In-
stitute’s membership for ratification. As you read this story,
the standard will (I hope) have been approved and will be of-
ficial.

A technical standard can easily be in committee for three
years —longer is not unknown—and it has a truly useful life
of perhaps three to five years—less is not unknown. Not that
a standard will be replaced every few years—producing one
is too formidable for such luxury —but technology changes so
quickly that, within a short period, new “distortions’” are
“discovered” and new methods and specifications begin to
appear. The uniformity of measurement and specification
method, the raison d’etre of a standard, fades, and the clarity
of comparison is obscured.

The IHF’s previous amplifier standard was promulgated in
1966; the new one will be dated 1978. In that 12-year period,
the audio industry grew from adolescence to relative matur-
ity. The engineering fraternity drifted from the 1966 standard,
and many incomparable specifications appeared. The IHF’s
Standards Committee set up a sub-committee to develop a
more modern document, and once the FTC’s 1974 “power rul-
ing”” became law, it was legally impossible to follow the letter
of the 1966 document.

— e s

The amplifier standards committee first met in February,
1975, called together by Len Feldman, the IHF’s Technical
Director and head of all the standards committees. Almost
three years later, a draft was approved by the IHF Executive
Board and distributed to the membership for ratification.
Over most of the period, | was associated with the sub-
committee work — for half the time as Chairman.

Our initial hopes that the 1966 document could be revised
and edited to bring it into step with the present soon were
dashed, and, after struggling for a while with the extant stand-
ard, we decided that it would be better to strike out anew.
That is what we did, using the 1966 document as a guideline
to help to avoid missing something.

Definitions — Total Harmonic Distortion

To assure that everyone will be ““talking the same lingo,”
an extensive section of definitions was first drafted to serve
as the bedrock on which the standard rests. I’ll take this op-
portunity to encourage anyone using the standard to study
the definitions carefully as some are surprising. For example,
total harmonic distortion is now defined in terms of the
square root of the sum of the squares of the individual har-
monic components, not as the reading of a conventional
distortion analyzer, which also includes residual noise as part
of “distortion.” Now this is defined separately as THD + N,
i.e. total harmonic distortion plus noise.

This is an example of the subtle differences in specifica-
tions that a redefinition can make. It is not necessary that
every branch of electronics subscribe to our definitions; it is
necessary that common definitions be used within the audio
industry.

Why change the definition of THD? Mainly because the old
definition was a misnomer including, as it did, the contribu-
tion of noise as part of distortion. You have seen curves taken
on many amplifiers that indicate a greater “distortion” at
reduced power levels than at more advanced power levels. In

AUDIO ¢ June 1978
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We're rather well-known for our
expensive amplifiers and tuners.

Now we’d like to be known for our
less expensive ones.

N

When LUX Audio products were introduced to

the U.S. in late 1975, we had already played a
leading role in Japan electronics for more than five
decades. And our audio components had enjoyed
an enthusiastic following in Asia and Europe for
many years.

Thus, unlike the typical “new" brand, LUX had
available a wide array of integrated and power
amplifiers, preamplifiers and tuners. Eighteen
models in all. Our problem was deciding which
to introduce first.

We chose our top of the line power amplifier,
the M-6000. Its enthusiastic reception encouraged
us to follow with our other state-of-the-art products,
such as the L-100 integrated amplifier and the
C-1000 preamplifier.

These superb components combined
performance, styling and precision in a manner
new to the U.S. audiophile. They prompted one
audio publication to state: “Almost overnight, the
name ‘LUX Audio’ has earned itself a place of

Luxman T-88V AM/FM stereo tuner. Our least expensive tuner,
yet includes FET front end with four-section tuning capacitor
Linear-phase ceramic filters in IF section. Features include

FM interstation-noise muting, variable output level control and
oscilloscope jacks for viewing multipath distortion, etc. Usable
FM sensitivity; 2 microvolts (11.2 dBf) IHF and 2.8 microvolts
(14.1 dBf) for 50 dB quieting. Stereo separation: 43 dB at

1,000 Hz. $345.00

N\

respect in the hi-fi marketplace.”

That was fine. Not so fine, however, was our
resulting reputation for being very exoensive. Thus,
many audiophiles were deprived of enjoying LUX
quality and performance simply because they were
unaware of our less expensive products.

We're now rectifying that. The units shown below
are representative of our more moderately priced
components. The differences between them and
our top models are more a matter of power or
flexibility than any variation in quality. You'll see that
even our lowest priced units have specifications
any manufacturer of fine components would be
proud of.

So, if some of the engineering “indulgences’ of
our top units aren't really necessary to you, you can
still enjoy the sonic excellence that distinguishes
LUX components.. .. because now you know about
our moderate-priced components. Your LUX
Audio dealer will be happy to spend as much time
as you need helping you to appreciate them.

Luxman L-80V integrated stereo amplifier. 50 watts minimum
continuous power per channel, with total harmonic distortion no
more than 0.08 per cent, both channels driven simultaneously
into 8 ohms, 20 to 20,000 Hz. Frequency response, 10-50,000
Hz, within 1 dB. Phono S/N better than 77 dB {re: 10 mV input).
Bass and treble controls each have 3 turnover frequencies; high
and low filters each have 2 cut-off frequencies. $475. (Luxman
L-85V, similar except 80 watts per channel, $765.)

)
S

_4

LUX Audio of America, Ltd.

160 Dupont Street, Plainview, New York 11803 - In Canada; White Electronics Devetopment Corp., Ontario

AmericanRadioHistorv Com
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It is generally agreed that higher order
harmonics are more disturbing than those of
lower order. The standard also provides for
the possibility of a “weighted” total harmonic
distorition measurement. . . .

the past, no one could tell whether this increase in “distor-
tion” was due to a notch at the crossover (important) or to
residual noise (not important insofar as the noise level is
specified separately). By eliminating noise from the THD
spec, the ambiguity is removed. And now that spectrum
analyzers are available that can distinguish between in-
dividual distortion components, the new definition is prac-
tical as well as correct.

The widespread use of the spectrum analyzer has made it
possible to determine other useful distortion parameters. The
new standard provides for the specification of individual har-
monic percentages, i.e. the percentage of second harmonic
distortion, etc. It is generally agreed that harmonics of higher
order are more disturbing than are those of lower order. The
standard also provides for the possibility of a “weighted”
total harmonic distortion measurement (W THD) to take this
audibility factor into account. However, we don’t yet know
enough about the audibility of the various harmonics to stan-
dardize a weighting algorithm. Thus, the standard allows any
algorithm to be used provided that it be made part of the
spec.

Providing for the Future

Provisions for future mea-
surements, even if they cannot
be standardized now, permeate
the 1978 document, as the
committee attempted to an-
ticipate future needs and pro-
vide sections within the stand-
ard that will form the basis of
future measurements. It is our
hope that IHF-A-202 will be a
living document that will allow \
easier revision. In this way, we o\ ,
hope to keep it current with / \ _
new technology and to in- @ —
crease its useful life.

In this vein, a definition of transient intermodulation
distortion (TIM) is included, although no one method of
measurement is specified. Several quasi-standard techniques
for determining TIM have been proposed. Each puts a handle
on the same physical behavior (or misbehavior) but yields
results that are numerically different. Which of the methods
yields the most useful results? How does one interpret the
figures produced? At present, these questions are not easily
answered. At one point, the standard included a specific
method for determining TIM. It was, | believe wisely, decided
not to incarcerate it in cement. We’d merely cut off future
research into this interesting subject.

Intermodulation Distortion

Still on the subject of distortion, two methods are specified
for the determination of intermodulation: the old “low-
frequency/high-frequency” method that the previous stan-
dard endorsed and a new "“two-tone” method as well. To
distinguish between them, the former is called SMPTE-IM
after the Society of Motion Picture and Television Engineers
which first standardized it; the second is called IHF-IM.

The SMPTE-IM method determines the degree to which a
high-frequency tone is amplitude modulated by a low-fre-

quency signal. The IHF standard specifies that the two fre-
quencies shall be 60 Hz and 7000 Hz, the most commonly
used (but not universal) pair for this type of measurement.
SMPTE-IM is easily measured with conventional M
analyzers. It provides a convenient means of determining in-
termodulation as a function of output level. Its Achilles’ Heel
is that it does not investigate behavior as a function of fre-
quency, hence the desirability of an alternate intermodula-
tion measurement that will do so.

The IHF-IM method also uses two frequencies, but they are
to be swept across the audio band at a constant difference in
frequency, that is f,-f, will remain the same as f, and f, both
move up the spectrum. The standard specifies a difference
frequency of 1 kHz and that the mean frequency shall be
swept from 2500 Hz (the practical lower limit) to the upper
rated band edge of the amplifier. All intermodulation pro-
ducts (up to the fifth order) that lie within the audio band (20
Hz to 20 kHz) will be measured and combined to determine
the percentage of IHF-IM. Such a measurement establishes
intermodulation as a function of frequency, and the measure-
ment can be repeated at various power levels to yield a series
of curves of IM vs. frequency with output level as a
parameter.

The IHF-IM method ts similar to the CCIR-IM method but
takes into account more of the higher order products. The
IHF-IM method can be extended into the supersonic region
and yield information related to transient intermodulation
distortion. Either a spectrum analyzer or swept filter can be
used to measure |HF-IM.

Whichever way that the intermodulation distortion is
measured, the power level to which it refers is defined in
terms of the average power level of a sinusoid of equivalent
peak-to-peak amplitude. Although this is not the true power
level of the two-tone signal, the power scale so defined is
compatible with that used ina THD vs. power measurement.

Rated and Reference Characteristics

One source of confusion that the definitions section of the
new standard seeks to relieve is the difference between a
rated characteristic and a reference characteristic. The
easiest way to keep them straight is to associate a rated
characteristic with a specification. Ratings are derived from
measurements. They are the numbers that the manufacturer
claims are representative of the product’s performance. A
rating is a single value of a characteristic such as power out-
put, distortion, etc. The ratings may be based upon curves
(which may also be shown), but they themselves are the single
values that represent the “worst-case’ conditions.

A reference characteristic specifies the operating condi-
tions under which the rated characteristic is specified. For ex-
ample, the input-signal level, the output-signal level, the gain
setting, etc. are reference characteristics that specify the con-
ditions under which, say, distortion is rated.

The committee had to make two exceptions to this general
rule. The “rated bandwidth” means the frequency range over
which the performance of an amplifier is rated in other
respects, e.g. power output. And the ‘“rated load” of a power
amplifier denotes the load impedance into which the
amplifier is designed to operate in order to achieve its other
ratings. “Reference bandwidth” and “reference load” would
have been better terminology, however, the FTC power-out-
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Some committee members would have
preferred to rate a power amplifier in terms of
its voltage and current capabilities into a
given load and avoid the “power”
nomenclature entirely.

put ruling uses the terminology “rated” and, to comply with
the letter of the law, we decided to conform to this un-
fortunate choice of words.

IHF References

In the past, manufacturers have used a variety of reference
points. For example, the signal-to-noise ratio (S/N) of some
amplifiers is referenced to the amplifier’s rated output level,
that is, a S/N of 80 dB meant that the output-noise power is 80
decibels below the maximum output level. Other amplifiers
carried a rating referenced to a specific input voltage level. A
SIN of 80 dB in this case means that the equivalent input-
noise voltage is 80 decibels below the input reference level,
say 10 mV for a phono input. Although both signal-to-noise
ratios have the same numerical value, they are not com-
parable, and there is no convenient means of translating one
into the other.

The usefulness of signal-to-noise ratio referenced to the
amplifier’s rated-output capability is further jeopardized by
the fact that the actual noise power a given figure indicates
depends upon the power-output rating. For example, consider
two power amps, one rated at 10 watts, the other at 100 watts.
Assume that each has an 80-dB S/N referred to its rated out-
put. The 10-watt amplifier is actually 10 dB quieter than the
more powerful amplifier because an output-noise power that
is 80 dB below 10 watts is actually 90 dB below 100 watts, the
difference between 10 watts and 100 watts being 10 dB.

It would appear that amplifiers whose noise level is
referenced to a common input level can have their signal-to-
noise ratios compared directly provided that the input
reference level for the two measurements is the same. Un-
fortunately, even this isn’t necessarily true. The noise level of
some amplifiers is measured with the volume control fully ad-
vanced, others are measured with the volume control at a dif-
ferent setting. The resulting figures are incomparable, and
there is no way to bring them into line.

Interdependent ratings that result from referencing one
specification to another and ratings based upon non-standard
test conditions result in specifications that cannot be com-
pared. The consumer is faced with having to juggle numbers
and with trying to translate each figure to a common
reference point. Sometimes this can be achieved; sometimes
it cannot.

One of the most important aspects of IHF-A-202 is its
specification of standardized reference levels and stan-
dardized control settings. The underlying philosophy of the
new standard is to rate an amplifier under conditions that
simulate typical use.

Standard Test Conditions

The second section of the standard specifies the test condi-
tions under which the amplifier is to be operated. Standard-
ized input and output reference levels have been established.
So have control settings. The input reference levels are 0.5
volt for a line input (AUX, Tape, Tuner, etc.), 5 millivolts (at 1
kHz) for moving-magnet or similar type phono cartridges, and
500 microvolts (also at 1 kHz) for moving-coil-cartridge in-
puts. These levels are typical of normal listening conditions.
In practice, and on a dynamic basis, the input-signal level
may be higher or lower depending upon the instantaneous
level of the music.

The output reference levels are 1 watt for a power
amplifier and 0.5 volt for a preamplifier—again, roughly the
average operating conditions in the home. For the majority of
the tests, all tone controls, filters, etc. are defeated (if possi-
ble) or they are set to their nominally flat positions. Gain con-
trols are set so that an input of reference level produces an
output of reference level.

These reference levels assure that each amplifier is tested
under identical operating conditions, regardless of its max-
imum available gain or its power-output capability. An excep-
tion is made for an independent power amplifier. Many do
not have a gain control, and it was thought best to test them
all under conditions of maximum gain. Most power amplifiers
have pretty much the same gain in any event.

Section 2 also standardizes a
preamplifier output-load im-
pedance —10,000 ohms in par-
allel with 1000 pF. The new pre-
amp output-load impedance
represents the approximate
worst-case conditions when in
use and is much lower in value
than that specified in the 1966
standard. A power amplifier is

% tested with the manufacturer’s
m—,] h!w “rated” load, but an IHF refer-
i g ence-load impedance is spec-
= j‘ AN . ified as 8 ohms nonetheless.

For the first time, standardized input termination im-
pedances are specified —a resistor of 1000 ohms for each line
and moving-magnet phono input and 100 ohms for moving-
coil phono inputs. No longer will amplifiers be rated under
zero source impedance (ideal) conditions. Finally, section 2
specifies the characteristics and the accuracy of the test
equipment to be used.

Section 3 —The Meat of the Standard

The third section details the tests that are to be performed
on a single-channel amplifier. It also specifies how a rating is
to be derived from the test results. Each subsection of 3.0
outlines the deviations from standard test conditions that are
required for the test to be performed properly. By FTC dic-
tate, the first and foremost spec for a power amplifier is the
continuous average power output rating (sometimes mis-
labeled ““RMS Power.”)

Section 3.1 relates to this rating and is in compliance with
the FTC ruling as currently interpreted. Enough has been writ-
ten about this ruling to eliminate the need for repeating it
here. The only deviation from the standard test conditions is
in the setting of the gain control. For practical reasons, it is
adjusted for an extra 12 dB of gain.

Two other points should be noted. For the purposes of the
standard, power is defined in terms of a voltage measure-
ment —as the square of the voltage divided by the load im-
pedance. As long as the signal is sinusoidal, and the output
and load impedance purely resistive, the figure so calculated
is indeed the power in watts. When the impedances are par-
tially or totally reactive, or when the signal being measured is
not sinusoidal (for example, residual noise), the calculation
from a voltage measurement (with the type of voltmeter
specified in the standard) does not yield “true” power.
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Since our sensation of relative loudness is
approximately logarithmic, dBW-based
ratings correspond more closely to how

“loud” the sound is.

Nonetheless, we have defined it as such—the reason being
that this is, in fact, the way measurements are made. By
acknowledging this point in the definitions, we assure that
everyone is talking the same language even if it is ques-
tionable theoretically. Some committee members (myself in-
cluded) would have preferred to rate a power amplifier in
terms of its voltage and current capabilities into a given load
and to avoid the “power” nomenclature entirely. However,
the consumer is so used to the concept of power that such a
radical change was felt to be unwise. Besides, the FTC ruling
is based upon a power measurement.

In the definitions section, provision is made for an alter-
nate logarithmic power scale based upon the decibel; 0 dBW
is defined as the equivalent of 1 watt, and, from that
reference point, all other power levels can be calculated in
the customary manner. A 10-watt power level is equivalent to
10 dBW, a 20-watt level to 13 dBW, a 100-watt level to 20
dBW, etc. Since our sensation of relative loudness is approx-
imately logarithmic, dBW-based ratings correspond more
closely to how ““loud” the sound is.

Dynamic Headroom

The 1966 standard provided for a “music power” rating
that indicated the power level that an amplifier was capable
of supplying for a short period of time. Two methods of
measurement were specified. One required that the amp-
lifier's power supply be disconnected and replaced by a
regulated laboratory supply. Then the continuous power cap-
ability (at rated distortion) would be measured. The second
method used a modified tone burst and required that the
distortion be measured “on the fly” so to speak. The burst
power capability (without exceeding rated distortion) would
then be measured. The lower of the two power figures would
be the “music power rating.” : -

The measurement fell into
disuse for a variety of reasons.
Measurement of small
percentages of distortion on a
dynamic basis is problematic
at best, and replacing the amp-
lifier's power supply with a lab-
oratory supply is often not
feasible. Furthermore, a few
quasi-high-fidelity manufac-
turers took advantage of the
technique to advertise a hyped
“IHF” power in watts and ig-
nored the continuous power al-
together.

Nonetheless, the concept of measuring the power capabili-
ty of an amplifier under pulsed conditions is a good one.
Music is composed of series of transients. The average power
content of a program is usually quite small, but, on occasion,
large bursts of power are required. An amplifier that has the
reserve capacity to provide this power will be capable of the
same level of reproduction (on a given speaker) as an
amplifier of greater continuous power capability but no
greater reserve.

Thus, the committee felt it important to indicate the
reserve capacity of an amplifier. We did not want to specify it
in watts and risk the same two-power-rating confusion of the

past. The solution that we came up with is called the dynamic
headroom rating. This rating expresses the number of deci-
bels by which the short-term power capability exceeds the
continuous power rating. A dynamic headroom rating of 3 dB
means that the amplifier can supply twice the power on a
burst basis than it can provide continuously. A dynamic
headroom of 0 dB indicates that the power supply is well
regulated but that, as far as music is concerned, no greater
power is available for peaks than for continuous sine waves.

The signal chosen to simulate music consists of a 1-kHz
sinusoid that increases in level by 20 dB for a period of 20
milliseconds. The burst is repeated twice a second. Recent
research indicates that few musical peaks exceed 20
milliseconds in duration and that they occur much less fre-
quently than twice a second. The repetition rate was chosen
for convenience of measurement and represents a somewhat
more stringent requirement than music demands. Rather than
attempt to measure distortion on a dynamic basis, the stan-
dard calls for the determination of the burst-power capability
at the clipping point of the amplifier (by means of visual
observation of the signal on an oscilloscope). Today’s
amplifiers enter the clipping region very abruptly, and the dif-
ference in power capability as measured at some arbitrary
percentage of distortion and that at clipping is negligible. A
similar measurement is specified for the clipping power
headroom rating. The difference between the two is that clip-
ping power headroom is measured with a continuous
sinusoidal input rather than with the burst.

The maximum voltage output of a preamplifier, or, for that
matter, any set of line-output terminals, is defined as the out-
put voltage at which the THD reaches 1 per cent. Standard
loading is used, of course, but, for practical considerations,
the gain is increased by 12 dB over that specified by the stan-
dard test conditions. The 1 per cent-THD point probably cor-
responds to the onset of clipping, and the THD under normal
operating conditions will be much less. For that reason, THD
is specified separately at 2.0-volt output level, i.e. with a stan-
dard input level and 12-dB additional gain. There is no reason
to measure preamps with a tone burst since it is most unusual
for their maximum output capability to be any greater on a
dynamic basis than on a continuous basis.

The maximum input signal level indicates the point at
which the input circuitry overloads. The new standard
specifies that the rating shall be the minimum input overload
level anywhere within the rated bandwidth. The input level at
which a phono preamp overloads varies with frequency
because of the equalization curve employed. The new stan-
dard takes this into account by requiring that the maximum
input signal rating be given on the basis of the equivalent 1-
kHz overload point, after adjusting the measurements for the
effect of the equalization.

Sensitivity and Signal-to-Noise Ratio

The sensitivity and S/N of an amplifier rated in accordance
with the new standard are likely to be quite different from
those published in the past. As indicated previously, the
thrust of the new standard is to eliminate interdependency
between ratings by referencing to standard output levels (0.5
volts and 1 watt). The new sensitivity rating is the input
voltage level required to achieve the reference output level
with the gain control set at its position of maximum gain. The
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GX-650D Reel Capacity:
Up to 10%" reel; Tape Speed:
15,7% and 3% ips(* 0.5%);
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RMS at 15 ips; Frequency
Response: 30 Hz to 30,000 Hz
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AC Servo Motor for capstan
drive; two Eddy Current Motors
for reel drive.
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30 Hz to 23,000 Hz (* 3 dB)
at 7% ips; Distortion: Less than
1% (1,000 Hz “O” VU); Signal-
to-Noise Ratio: Better than
60 dB (measured via tape with
peak recording level of + 6 VU);
Heads: (3) one GX Forward
Playback, one GX Reverse Play-
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Recording/Erase Head; Motors:
(3) one AC Servo Motor for
capstan drive, two Eddy Current
Motors for reel drive.

4000DS Mk IT Reel
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Speed: 7% and 3% ips (* 2%);
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WRMS at 7% ips; Frequency
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(= 3dB)at 7% ips; Distortion:
Less than 1% (1,000 Hz “O”
VU); Signal-to-Noise Ratio:
Better than 56 dB (measured
via tape with peak recording
level of +6 VU); Heads: (3)
One I-micron gap Playback
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Erase head; Motor: 4-pole
induction motor.
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REEL-TO-REEL DECKS SINCE THE
BEGINNING OF RECORDED HISTORY.

From the beginning, the name
AKALI has been synonymous with
some of the most significant dis-

coveries in the audio recording field.

First, AKAI led the industry with
the electronics and technology
required to produce the very finest
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Another advancement was the
exclusive AKAI glass and crystal
ferrite (GX) head — it remains
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sound and wearability— guaranteed
for 150,000 hours, the equivalent
of playing 24 hours a day for
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sellers. From the high performance
GX-650D loaded with features, to
the mid-priced GX-270Dwith
reverse record and playback, to the
hottest-selling 4000DS Mk II. For
multi-track recording, the Quadra-
Sync® GX-630DSS is also
available.

See your AKAI dealer today,
because no matter which of the
11 AKAI decks you choose, you'll
be getting the best there is into
your system. As well as the best
value for your money; something
mummy always said to look for.
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You never heard it so good.
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The Dynamic Headroom rating expresses the
number of decibels by which the short-term
power capability exceeds the continuous
power rating.

new sensitivity figures will appear to be much lower, i.e. the
amplifier will appear to be more sensitive, than in the past
since heretofore “sensitivity”” denoted the input voltage re-
quired to reach rated, rather than reference, output. To deter-
mine the input voltage necessary to reach full or rated out-
put, the consumer will have to multiply the new sensitivity
figure by the factor with which the amplifier’s rated output
exceeds the reference output. In essence, the "new’” sensitivi-
ty figures reveal the maximum gain of the amplifier, un-
confused by its rated-output level. For that reason, we felt
that the new approach will be beneficial in the long run.

Signal-to-noise ratios will also be numerically different for
they too will be referred to a standard level rather than to the
rated-output level. The importance of this was explained
under the section “IHF References.” Suffice it to say that the
IHF signal-to-noise rating will be based upon an A-weighted
noise measurement rather than an unweighted measurement.
And, be it noted that weighting is not a subterfuge to make
the numbers “look better.” It is an honest attempt at making
the numbers reflect the audibility of noise so that the
amplifier with the better S/N ratio will indeed sound quieter
in practice. After considering many different weighting
curves, the “A” was chosen as being reasonably accurate and
well established in the mind of the consumer. Provision is
also made for weighting in accordance with the so-called
CCIR/ARM method.

Furthermore, the S/N rating called for in the new standard
is based upon a terminated rather than upon a shorted input.
The terminations are as specified before except that moving-
magnet phono inputs will be terminated with an R-L-C circuit
that simulates the source impedance of fixed-coil cartridges.

Frequency Response and Filters

There are two major changes in frequency-response rating.
The new ratings will indicate the response with the gain con-
trol set in accordance with the standard test conditions, not
with it set for maximum gain as was customary. Thus, the
rating will reflect the response under typical conditions of
use rather than under artificial ones. For many amplifiers,
there may be no difference at all. However, some amplifiers
do not exhibit quite so good a high-frequency response with
the volume turned down as they do with it at maximum. This
is reflected in the new rating.

The second change is one of clarification. The frequency
response will be given as the plus and minus decibel error in
gain referenced to a 1-kHz signal. Thus, an amplifier that is
flat through the midband and down 3 dB at 10 Hz and 100
kHz will be specified as +0 dB, —3 dB, 10 Hz to 100 kHz
rather than as +1% dB over that range. Many manufacturers
do this now; some do not. Clarification was in order. The fre-
quency response rating of an equalized phono preamp will be
the plus and minus decibel error in equalization referenced to
1kHz.

The cutoff frequency rating of a filter is now clearly speci-
fied as that frequency at which the gain is reduced by 3 dB.
The slope rating is the asymptotic limit of the response vs. fre-
quency curve in dB octave.

Input and Output Impedance and Damping Factor
Most high-fidelity amplifiers are not designed to operate
under “matched-impedance” conditions. As long as the input

impedance of a subsequent device is much greater than the
output impedance of the preceeding equipment, the two will
normally be compatible in this regard. The major exception
to this generalization regards phono-input circuitry —
especially that designed to work with fixed-coil cartridges.
The majority of these phono cartridges are designed for op-
timum performance into a specific load. The typical load is
that presented by a 47-kilohm resistor in parallel with a
specific value of capacitance, typically between 200 pF and
450 pF.

The new standard acknowledges the importance of proper
phono-cartridge matching by requiring that the input im-
pedance be measured at a variety of frequencies. If the input
impedance can be accurately modeled by a parallel com-
bination of resistance and capacitance, then the R and C
values will be given as the input impedance rating.

If, as sometimes happens, the input impedance is too com-
plex to be modeled with a parallel R-C combination, then the
magnitude of the impedance at 1 kHz (in ohms) will be given
as the rating. The astute consumer should look for a resistor-
capacitor-type rating of phono-input impedance, for this in-
dicates a “classic” input circuit that will provide the proper
termination for a cartridge (assuming, of course, that the
resistor and capacitor values are appropriate or can be made
to be appropriate for the cartridge in use).

The output impedance of an amplifier will now be
measured with a standardized signal-current flow through the
load. The current specified approximates that in typical
operation. The damping factor of a power amplifier is, of
course, related to its output impedance and, by definition in
the new standard, is 8 ohms divided by the output im-
pedance.

Provision is made for two damping factor ratings. The
wideband damping factor rating is the minimum damping
factor over the rated bandwidth of the amplifier. The low-fre-
quency damping factor is that measured at a frequency of 50
Hz —the typical resonant point of dynamic loudspeakers.
(Past practice called for the damping factor to be measured
at1kHz.)

Transient Specifications

The majority of an amplifier’s ratings are based upon
measurements taken under steady-state, sinusoidal-signal
conditions. (The one exception that was already mentioned is
the dynamic headroom rating.) In real life, a high-fidelity
amplifier seldom operates that way, music being basically
transient in nature. Several new measurement methods have
been incorporated into the standard to determine the tran-
sient performance of an amplifier.

On occasion, an amplifier may be driven into clipping by a
high-level transient. How quickly it recovers can be important
in establishing the sound quality. If the amplifier recovers in-
stantaneously after a brief overload, its misbehavior is less
apparent than if it introduces a low-frequency perturbation
after the overload or if it “blocks” for some period of time.

The transient-overload recovery time rating is a measure of
such behavior. The test signal simulates music and is the
same as that used to determine dynamic headroom, i.e. a 1-
kHz signal that, for 20 milliseconds out of every 4 second,
increases in level by 20 dB. For the overload test, the input
level is adjusted so that the amplifier is driven 10 dB into
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For years, SAE has been producing “state-of-the-art”
separate components that offer value, quality and
performance. That experience has now been applied
to a line of integrated amplifiers. But what’s the
hole for? The answer is, ultimate performance!

Unlike others, our integrateds are identical to our
separates with the same designs and component
parts already proven in SAE preamps and amps. But
that’s not all - in each of our integrateds the preamp
and amp section is entirely separated (even the
power supply!). The preamp section, which is
identical to our 2900 (or 3000, depending on the
model) has its inputs and outputs near the front
(hence the need for the hole), while the amp section
(2200 or 3100) is at the rear. The only common parts
are the chassis and the power switch. This unusual
“U” shape design provides isolation of low and high
level circuits, while retaining easy access to inputs
and outputs (now only 3.5” behind the front panel).
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the (whole story

These new units are so unique we don’t consider
them integrateds. Instead, we call them preamp/
amps. Thev meet all the goals of an ideal integrated;
(1) Convenience cf an integrated design; (2) Excellent
value due to reduced packaging costs; 3) The
performance of separate components.

No matter which of SAE’s preamp/amps you choose -
the 2922 with parametric EQ and 100 watts* per
channel, 3022 with tone controls and 100 watts* per
channel or the 3031 with tone controls and 50 watts*
per channel , you are assured of SAE performance,
quality and value. The preamp/amps are truly
integrated separates. And that’s the whole story.

*Per FTC Rating @ 8 ohms
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2922 Pre-amp/Amp
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SONY

The TC-K7 I front-loadir 3
cassette deck is its own best
spokesman.

Switch it on, and that dis
ciplined Sony engineering will
come through loud ard clear.

And no wonder. Sony’s
been making tape recorders fo-
30 years. And today, we're still
pushing back the frontiers. The
K7 II shows how.

Its transport mezhanism s
a DC servo-controlled motor, with
a frequency generator. It emits a
signal which is relayed to elec-
tronic circuitry that locks in the
tape movement exactly.

2
gre0 CASSETTE ek | 10 K11

Our heads are ferrite-and-
ferrite. And they're Sony’s own
forrula—we don't buy them, we
uze our heads and make them

You'l also find a direct-
ccupled head-playback amplifier.
T"s mzans we've eliminated the
mdclemar —the coupling capac-
itor—frcm the signal path. You
get your sand direct, with min-
imum distar-ion.

Anotzr reason the K7 1L is
the logical choice: our logic con-
trolled feathertouch push-buttons
actually go from fast-forward, to
rewind, to play, without going
through the stop position.

AmericanRadioHistorv Com

The K7 Il also speaks for
itself with Dolbv Noise Reduction
System™ Large, profess onally
calibrated VU meters. Three
LED's for peak level indicaticn

There’s also bias end
equalization switches for stan-
dard, Ferri-Chrome and Chrc-
mium Dioxide tapes. In fact. with
nine possible combinaricns, any
tape possibility of the fu-ure can
be accommodated.

So if you're intrigued by
quality that speaks for itself, get
down to your Sony dealer and
check this new cassette deck.

Before they're all spoken for.



But it won't be silet for
long. Because the moment you
record on one of our blank tapes,
that quality will make itself heard.

Witness our Ferr-Chrome
cassette.

Everybody knows ~hat
ferric-oxide tapes are ideal for
reproducing the low frecuencies.
And that chromium diox.de is
ideal for the high frequencies.

As usual, Sony waouldn't
settle for anything but the best
of both.
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