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professional 10%2-inch tape reels. Its
unique combination of bias and
equalization switching controls give 12
different settings to optimize the
performance of any tape on the market.

The RT-1050's 3-motor transport
system is activated electronically by full
logic, solid state circuitry, triggered by
feather touch pushbutton controls. [ts
transport is completely jam- and spill-
proof, permitting you to switch from Fast
Forward to Fast Rewind, bypassing the
Stop button.

The RT-1050 was specifically
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designed for easy operation with a wide
combination of professional features like
extended linearity VU meters with
adjustable sensitivity, mic/line mixing,
pushbutton speed selection and reel
tension adjustment buttons. There's also
an exclusively designed pause control and
independent contro! of left and right
recording tracks.

The same 2-track recording system
studios use for better signal-to-noise
ratios and higher dynamic range is
incorporated into the RT-1050. Yet it can
be easily converted to 4-track use with an
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IS up to us.

optional plug-in head assembly. Everything
considered it's the most versatile open-
reel deck you can buy. Professionals
prefer it for its studio-quality performance.
Everyone appreciates its completely
simple operation.

Pioneer open-reel and cassette decks
are built with the same outstanding
quality, precision and performance of all
Pioneer stereo components. That's why,
whichever you choose, you know it’s
completely professional and indisputably
the finest value ever in a studio-quality
tape deck.
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High fidelity is important to us at Pioneer.
it's all we do and it's all we care about.
We are excited that cassette tape decks
have reached a level of performance that
meet the highest standards. We are
excited because we know that it means
more enjoyment for you from your high
fidelity system. We also know that you can
now get more versatility and more value
out of your high fidelity system than ever
before.

The great advances in cassette
technology have had impact on the
reel-to-reel tape deck concept as well. We
believe that the era of the small, in-
expensive 7-inch reel tape deck is past.
Neither its convenience nor its performance
make it a good value compared to the
new cassette technology. And it is now
possible for Pioneer to offer you a
professional studio-quality 10%2-inch reel
deck at prices that compare favorably
with what you might expect from old
fashioned 7-inch reel units. In our
judgment the old ideas must move aside
for the new ideas. And Pioneer has some
very intelligent new ideas in tape for you.

The convenience of cassette.

The performance of open-reel.

The stereo cassette deck has become
a "must” in complete high fidelity systems.
Because of its convenience, price and
performance, it has virtually replaced
the once popular 7-inch open-reel deck.
As Julian D. Hirsch, prominent audio
reviewer put it, “The best cassette
machines compare favorably with a good
open-reel recorder in listening quality.”
Pioneer proves it with four top-performing
models.
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Stacks compatibly with other components.

Our new CT-7171, with built-in Dolby,
is a deck with a difference. It's designed
with all controls up front so you can stack
other components on or under it. Even
the illuminated cassette compartment is
front loading, for easy access and
visibility.

Performance features stack up, too.
Bias and equalization switches provide
optimum recording and playback for every
type of cassette tape made. You'll
produce distortion-free recordings
consistently with two oversized,
illuminated VU meters plus an instant-
acting peak level indicator light. And
for those unpredictable program source
peaks, there’s a selectable Level L miter
circuit. It’s similar to the type used in
professional recording studios to prevent
“clipping”’ distortion.

Finding a desired program point in a
recorded cassette is simple with otr new
CT-7171. A memory rewind switch,
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working together with the 3-digit tape
counter, plus an exclusive Skip button,
lets you monitor audibly at accelerated
speed to make precision cuelng a breeze.
Automatic tape-end stop, dual
concentric level controls, separate
mic/line inputs, pause control, in addition
to many other features, make the CT-7171
the recording studio that fits on a shelf.
Whether you choose the sophistication
of the CT-7171 or Pioneer's CT-5151,
CT-4141A or CT-3131A, which share many
of its features, you're assured optimum
performance and maximum value. One
tradition that never changes at Pioneer.
Open-reel. A professional
recording studio in your home.
Protessionalism comes with all
three studio-quality open-reel models.
The RT-1020L (7Y2, 3% ips) is unequalied
in 4-track units. With three motors and
three heads, it has virtually every
professional feature you'd want. Yet it's
extremely simple to use. In addition to
stereo record/playback, it also highlights
4-channel playback. The complete extent
of its capabilities becomes apparent only
after you've worked with it. Then you'll
recognize the magnitude of Pioneer’s
accomplishment.
Our FT-1050 is a 2-track, 2-speed
(15, 7% igs) 3-head deck which, like all
our open--eel models, can handle
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12 Bias & Equalization settings
optimize performance.
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Pick The Open-Reel Deck Features You Need

Pick the Cassette Features You Need

Model - RT-1050 RT-1020H RT-1020L Model CT-7171 CT-5151 CT-4141A CT-3131A*
Maximum Reel Size 101" 101" 101L" Dolby Noise
Speeds 15& 7% ips 15&7% ips 7% & 3% ips Reduction yes yes yes no
Number of Tracks 2 (4 optional) 4 4 Tape Selection  Bias & Equal. Bias & Equal. Bias & Equal.  Equalization
Wow & Flutter (at high speed)  0:06% 0.06% 0.10% Auto. Tape Stop yes yes yes yes
Frequency Response (*3dB) 30Hz-22kHz 30Hz-22kHz 40Hz-20kHz Memory Rewind yes yes no no
Tape Bias Selection 3 position 3 position 3 position Pause Control yes yes yes yes
S/N Ratio 57dB 5548 5548 Freq. Response* 30-16,000 Hz 30-16,000 Hz 30-15,000 Hz ,30-15,000 Hz
Equalizer Selection 4-Position 2-Position 2-Position . [ )
Mic/ Line Mixing yes ves ves Peak lrlldllcator yes yes no no
LED Peak Indicator yes no no Leve! limiter yes YES ne Lo
Memory Recording yes yes yes Skip cueing yes yes yes o
VU Meter Scale Selection yes no no (Snlglnb:;:)/Nmse 58 dB 58 dB 58 dB =
';'ft’(‘:’rZ"e' Flayback e e = S/N (Less Dolby) 48 dB 48 dB 48 dB 47 dB

- . = Tape Heads Ferrite Ferrite Permalloy Permalloy
firisg $639.95 $649.95 $649.95 Motor Type DC Servo DC Servo DCServo  DC Servo _

s utter 0,109 0.12% 0.13% 0.13%
Price $369.95 $269.95 $239.95 $179.95
*not shown
PIONEGER PIONEER
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Our ™
Domestic
Version?

We Americans have some strange
ideas. We often revere imports
only because they are imports.

Yet American technology has
proven itself superior in so many
areas. And it was American tech-
nology and ingenuity which pro-
duced our domestic version.

din utilizes a special fluid with
a special fabric mounted on a
hand-crafted walnut handle. It is
the only superior record cleaning
system. And it's not imported. Un-
less you live outside the United
States.

Discwasher, Inc., 909 University,
Columbia, Mo. 65201.
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The next step in the evolution of the turntable |
1S upon us. A new family of turntables is coming |
from B-I-C.

They are simple. They are pure. They offer a
blend of features and capabilities that surpass any-
thing you can buy today.

You will discover in them the design superiorities
of a fine manual combined with the best qualities of
an automatic. They are a new breed. They are the
first programmed turntables. They will be on display
within weeks at a B I-C dealer near you. 4

If you are considering the purchase of a turntable
you will find the B-1-C 980 and 960 well worth
waiting for. For the full color brochure announcing
and describing the new B-I-C turntables, write to
British Industries Co., Westbury, L.1.,N.Y.11590.

A DIVISION OF AVNET INC

Check No. 6 on Reader Service Card




SPECIAL
ISSUE
A High Performance Loud-
speaker System for Home
Construction by Jan de Vries
and Michael Lampton

LOUDSPEAKER

More on Speaker testing
from Richard Heyser

Equipment Reviews include—
Audionics Quadraphonic De-
coder

Wollensak 4780 Cassette Deck

About the cover: Four-channel
sound has made many advances
in the last couple of years with
chips, discs, complete quadra-
phonic systems and a variety of
accessories. Our cover symbolizes
this progress.

Audioclinic

Joseph Giovanelli

Maximum Volume Control Setting
Versus Power Output

Q. 1 own a four-channel synthesizer
which controls both the amplifiers of my
system. If each amplifier is ser ar full
volume and if all volume is controlled
via the synthesizer, do the amplifiers heat

up and produce their average amount of

distortion as if they were playing at full
volume constantly? Or is the distortion
and “wear and tear” on the amplifiers a
function of the volume determined by the
setting of the control on the synihesizer?
—Richard Bearoft, Carlisle, Pennsyl-
vania

A. The fact that you set the volume
controls on your power amplifiers to
their maximum settings has nothing to
do with their producing maximum
power. The power delivered by any
amplifier is determined by the amount
of actual signal present at the input of
the amplifier. This input signal is de-
termined by the amount of signal pro-
duced by the preamplifier. What I am
saying is that it the volume controls of
the power amplifiers are turned up tully
and if there is no signal presented to
their inputs, the amplifier will not
generate any significant output power.
The only signal it will produce is its own
internal noise, present in all electronic
equipment. This noise is generally so
low as not to be heard in the loud-
speakers. Fully advancing the volume
means that if the synthesizer produces
one volt of signal, this voltage will be
fed unattenuated into the input of the
power amplifier. If it happens that one
volt is needed to drive the power ampli-
fier to full output, under the conditions
I have described, the amplifier will
deliver its maximum output power.
When the volume control of the syn-
thesizer is reduced so that it is now
supplying 0.1 volt, however, the power
amplifier will produce considerably less
power output than its maximum possible
output, even though its volume control
is set to its maximum clockwise position.

If the volume control on the power
amplifier is tuned down, the amount of
voltage supplied by the synthesizer is
attenuated before it can affect the
power amplifier. Again, i we have a
power amplifier which is capable of
maximum rated power output at a
signal level of one volt, and if the syn-
thesizer is producing this one volt, the
amplifier will now not produce full out-
put power because its volume control

has been set lower than maximum.
Therefore, the power amplifier is re-
ceiving less than the full signal from
the synthesizer.

While what | have said is true, there
may be other considerations which
would keep you from setting your power
amplifiers’ volume controls to their
maximum clockwise positions. If the
synthesizer produces noise (as all elec-
tronic gear does) and if your power
amplifiers have fairly high gain, this
noise might appear as a high in the
loudspeakers ali the time. regardless of
the setting of the controls of the syn-
thesizer. The noise can be reduced by
decreasing the volume control settings of
the power amplifiers to a point where
the hiss just disappears.

If the two power amplifiers are of
different manufacture, their charac-
teristics may be different enough so
that, with their volume controls wide
open, each would produce a different
amount of output power, given the
same input signal voltage. The result
would be channel imbalance. You would
have to correct for this by adjusting
the volume controls of the “stronger”
power amplifier.

Degrading of Electrolytic
Capacitors

Q. Is it true that electrolytic capacitors
wear out gradually if left in a non-
operating condition? Such could easily
be the case with consumer-type electronic
audio gear which may not be operated
for extended periods of time. How
insidious for an amplifier to wear out
Just  sitting  there—say, perhaps in
storage, for a considerable length of
time!—Steven Heinisch, Prior Lake,
Minnesota

A. When an electrolytic capacitor
is not used, most of the time its capaci-
tance does not change much. Its vol-
tage breakdown point, however, will
gradually fall. This fact can cause
trouble when a piece of equipment has
not been operated for long periods. In
some instances, the capacitance may
also decrease.

If you have a problem or question on audio,
write to Mr. Joseph Giovanelli, at AUDIO,
134 North Thirteenth Street, Philadelphia,
Pa. 19107. All letters are answered. Please
enclose a stamped self-addressed envelope.
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Introducing
our new speakers.
They stubbornly maintain
their neutrality.

We call them the Neutrals. And that’s how we de-
signed them —to be neutral, as free of coloration
as possible. Because Technics is convinced neu-
trality is the key to great speaker performance.

Unfortunately, many speaker designers feel
that they have to add ccloration to give their sys-
tems “personality”” or “preserce.” But Technics
believes that adding coloring is wrong because it
permanently compromises fidelity. And that the
best way to introduce special tone emphasis is
with the tone controls on your amp cr receiver. So
you can control it.

Technics speakers achieve their unusually high
degree of neutrality without using gimmicks. In-
stead, they use drivers of proven design. Like
phenolic-ring tweeters, dome-center cone super-
tweeters, cone-type midranges, and air-susper:-
sion woofers. Expertly matched with specially

tailored crossover networks. And then precisely
positioned in fully sealed enclosures.

Model T-200 T-300 T-480 T-500
Freq. Resp.: 44-18kHz =3B 40-20kHz =348 38-20kHz *=3dB 35-20kHz *3dB
free field —10dB at 35Hz —10dB at 50Hz —10dB at 28Hz —10dB at 25Hz
Dispersicn: 120° 160° 180° 180°
on axis-tm. at 10,000 Hz at 10,000 Hz at 10,000 Hz at 19,000 Hz
Power:
minimum 10 watts 10 watts 10 watts 10 watts !
max. music 100 watts 100 watts 10D watts 100 watts
max. 400Hz 40w-5 min. 50w-5 min. 90w-§ min, 100w-5 min.
Sensitivity:
3,000 cu. ft. 10w = 80dB 3PL 10w ==90dB &PL 10w = 92dB SPL. Ww =—92dB SPL
Drivers:

| wooter 107 107 12¢ 210"

| midrange 8. ax 5”
tweeter 13~ & " 2-1%”
supertweeter 22" 2.27
Controls: tweeter tweeoter twezter tweeter
normal f—3d8 midrange m'drange midrange
Enclosare: H-213%~ H-243%* H=27" H.29”
oiled walnut W-12" W-13%" W-15” W-18%“
futly sealed D-10%2™ D-12%" D-13% "~ D-14%"~

Each of the four Technics Neutrals has an im
presstve roster of specifications. The most im-
portant ones are stated in the chart. And in terms
that make the numbers meaningful.

Stop in at your dealer and experience Technics
neutrality. The more you listen to it, the more
you'll appreciate why we're so stubborn about
maintaining it.

Thz Neutrals. The concept is
simptle. The execution is precise.
The performance is outstanding.
The name is Technics.

FOR YOUR TECHNICS DEALER, CALL FREE
800 447-4700. IN ILLINOIS, 800 322-4400.

Gritle aveiablein brownor biue

Technics

by Panasonic

Chbck No. 27 on Rsader Service Card
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RUGGED!

The BOSE name and a full
FIVE YEAR WARRANTY
are your assurances of relia-
bility and performance with
the BOSE 1800™ Professional

Power Amplifier.

2800 Watts rms sLED Displays

sOver 1,300 Square Inches of

Heat Sinks ®Sturdy Packaging
= Rack Mountable

Please send complete informa-:

tion on the BOSE 1800 to:
Name
Address
City, State Zip.

Mail to: BOSE, Dept. AP,
The Mountain, Framingham, Mass. 01701

| reference
standards?

We would not claim our TL30 or 50 to
be the highest performance systems
available—yet they offer performance
that almost always causes the listener
to compare them with far more expen-
sive systems. The TL30 and TL50 are
transmission line loudspeakers that of-
fer exceptional value for dollar, striking
yet efficient styling, and most impor-
tant, performance to satisfy the audio-
phile. If you are considering the pur-
chase of loudspeakers you really can’t
afford not to investigate the Audionics
TL Series. Write for the name of your
nearest dealer.

AUDIONICS, INC.

8600 NE Sandy Bivd.
Portland, Oregon 97220

Check No. 2 on Reader Service Card

Tope Guide

Herman Burstein

Connecting Heads

Q. Would you tell me the besi way io
connect two record heads to one record-
ing channel? Should they be connecied
in series or parallel, and is an isolation
network necessary? Please inform me if
there would be problems such as in-
sufficient record or bias current.—John
K. Behrens, Eagle Pass, Texas

A. I would advise against connecting
your record heads either in parallel
or series because of problems of bias
and signal current. It seems that the
logical thing to do is to split the audio
signal and feed it through isolating
resistors to each recording head. The
proper value of the isolating resistor
would depend on the impedance of the
record head. Perhaps you can deter-
mine this experimentally or with the
aid of the tape machine manufacturer.
You will have to compensate for signal
loss due to the isolating resistors, and
this in turn will require readjustment
of the record level indicator, unless
the audio signal is split at a point prior
to the indicator. Finally, you will have
to make provision for feeding suffi-
cient bias current to the extra record
head.

Three Motors

Q. I would like to obtain information
on the advantages and disadvantages of
three motors in a 3-heud tape deck over
a single motor in a 3-head deck. Is the
much higher price of a 3-moitor iape
deck really worth 11?—1. R. Ligon,
Toronto, Ontario, Canada

A. From the point of view of per-
formance, a 3-motor tape recorder
offers little if any advantage over a high
quality l-motor unit. In fact, if the
machine is to be portable, the 3-motor
unit is at a disadvantage, being heavier.
On the other hand, a 3-motor recorder
does tend to be more rugged and better
able to withstand the full-daily kind
of use that a commercial recorder is
exposed to. Usually the 3-motor unit
has faster, and perhaps smoother, rapid
wind. Also, it tends to be a less
complex affair in mechanical respects,
therefore less subject to breakdown.
All-in-all, though, for home use, a
well-made l-motor recorder appears
to be quite adequate for high fidelity.
Some of the most highly regarded home
machines have but one motor.

Y2 Mil Tape

Q. I have been taping operas from
the Saturday afternoon broadcasts onto
an Ampex 2100 tape deck, using Irish
Y2 mil polyester tape. I have noticed
that, contrary to the manufacturer’s
claim, after a yeur the recording de-
teriorates and develops what I call
“warbles” in the treble range. The effect
is sometimes startling. [ have taken
the matter up wirh the distributor, but
with no satisfaction. I should add that
in general the tapes play back many
times without apparent deterioration, the
problem occurs only after a year, and
does not discriminate between ofien or
seldom used rapes. I plan to switch to
either % or 1 mil polyester tapes in the
hope that this may help eliminate the
undesired sounds. It will be quite a job,
as I have over 30 operas nicely raped
and edited Any suggestions you can
offer to help me build up a permanent
library will be most appreciated —John
A. Stees, Mainland, Pennsylvania

A. Tt seems that %2 mil tape of any
brand is a good thing to stay away from.
The NAB (National Association of
Broadcasters) standards state that %
mil tape is “not recommended.” There-
fore I suggest that as quickly as pos-
sible, before deterioration sets in, you
transfer your valued recordings which
are still in good shape onto | mil or
12 mil tape of good quality.

Note

Mr. Ivan Berger (of Popular Mechanics,
New York, N.Y.) points out a “goof”
in my answer to Mr. Jose F. Reyes in
the March issue. He states that since
the Sony TC-100A and Crown CSC
9350M are both cassette recorders,
“they’re perfectly compatible. Stereo
cassette recorders have both tracks of
each stereo pair side by side, covering
the same area. So both stereo heads
will automatically read the mono track,
and a mono head will automatically
read both stereo ones.” Correct, of
course! H.B.

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




We give you the softest soft
to the loudest loud. Choose any
model. You wont get clipped.

Today's best recerdings can reproduce power limit. Drive our super efficient

music's full dynamic range, from the softest Formula 6 at its maximum, and it will
soft to the loudest loud. Most of today's deliver nearly 1300% more sound power!
popular low and moderate efficiency speaker That's . the loud half of the story.
systems can't. But BIC VENTURI™ speakers do. o With soft music (or when

A speaker's dynamic range depends mainly P you turn down the volume)
on its efficiency and power handling capa01ty 7 you want to hear it soft.
Low-efficiency speakers can't get started With most speakers, turn down
without a good deal of ' 44 the volume slowly and you reach
input power. And, they a point where the sound suddenly

tend to get stifled
when driven beyond their
capability.
BIC VENTURI speakers
are efficient! They need
as little as one fifth
the amplifier power of most
air suspension systems for
the same sound output. So,
you can listen louder
without pushing your ampli-
fier to the point where it
starts clipping the tops and
bottoms of musical peaks.
Today's popular,low-efficiency
speakers require about a 50-watt
per channel amplifier to deliver
lifelike sound levels. Even our
Formula 2 will deliver that same frequency response, automatically
sound level with only 25 watts of == to compensate for the ear's
amplifier power;the Formula 4 with 20watts deficiencies. The result: aurally "flat"

fades out because the speakers
aren't linear anymore.

But BIC VENTURI's are.The sound
goes smoothly softer, without
,any sudden fadeout,

retaining all the subtle
/nuances that add to the

character of the musiec.

_ But, even though
BIC VENTURI speakers remain
linear,there is a point where
your ears do not. At lower
sound levels, your ears lose
- their bass and treble
sensitivity. So,our DYNAMIC TONAL
BALANCE COMPENSATION™ circuit
(pat. pending) takes over. As the
volume goes down it adjusts

and our Formula 6 with only 9 watts! response, always!

With BIC VENTURI, your amplifier can loaf Our Formula 2 is the most efficient of
along with plenty of reserve "headroom" its size. The Formula 4 offers even greater
to reproduce musical pesaks cleanly, efficiency and power handling.And the most
effortlessly. It's as if your present ampli- efficient is the Formula 6. Hear them at

fier suddenly became two to five times as your dealer. B-+I-C INTERNATIONAL, Westbury,
powerful. BIC VENTURI can handle lots of : . N.Y.11590. Div.of Avnet, Inc.

power, too. A typical, low-efficiency system Canada:C.W.Pointon, Ltd.,Ont.

is rated for a maximum safe power input of &
4 2 :l BIC VENTURI

about 50 watts. Feed it more power and you're
likely to push it into distortion, or even
self-destruction!

With a BIC VENTURI you can turn up the
power, without distortion or speaker damage.
Even our compact Formula 2 can safely handle
75 watts per channel. With that much power
feeding it, it will deliver 210% more sound
output than a low-efficiency system will at its

Check No. 7 on Reader Service Card



Behind The Scenes

Bert Whyte

The Wollensak 8075

T THE 1973 Consamer Elec-
Atronics Show in Chicago, the

3M Company demonstrated a
prototype 8-track cartridge recorder
featuring Dolby B noise recuction and
new circuitry to utilize a special high
performance tape formulation. This
unit is now in regular production and
is available as the Wollensak Model
8075. 1 have been using one of these
recorders for some months now, and it
is obvious that it represents a sig-
nificant step forward in 8-track car-
tridge technology.

Since its introduction in 1965, the
8-track cartridge has been the pre-
dominant medium for car stereo. In
the past several years, a steadily in-
creasing number of people have been
installing cartridge playback units in
their homes, thus getting “double duty”
from their commercially recorded
cartridges. While this made economic
sense to these people, they soon found
that the playback of cartridges in the
home revealed sonic flaws in this
medium which were not apparent in
the much noisier environment of their
cars. The principal problem was, of
course, the poor signal-to-noise ratio
with its obtrusive tape hiss, along
with restricted high frequency response
and some distortion. The quieter
ambience of the home also made any
wow and flutter problems more ob-
vious.

The 8-track cartridge was designed
as a playback medium, but as is
common with all magnetic tape for-
mats, people soon wanted the ability
to record their own programs. Thus the
8-track cartridge recorder came into
being and since the cartridge is an
endless loop configuration, with four
2-track stereo sequences, on the early

8

models there were timing problems.
To be frank, those original cartridge
recorders were so difficult to use, and
the results so mediocre, that “rolling
your own” cartridges simply wasn’t
worth the trouble. Nonetheless, some
companies persevered on the idea of
a cartridge recorder, principally Telex
and Wollensak. While improvements
in these units were slow in coming,
I think it is safe to say that they have
reached their culmination in this Wol-
lensak 8075, and have finally made
cartridge recording a practical prop-
osition.

The Wollensak 8075 is an attractive-
looking unit, with all controls easy to
handle and in practical groupings.
There are many refinements and little
niceties to make life easier for the
cartridge recordist, but let’s look at
the principal features. Foremost, of
course, are the Dolby B noise re-
duction facilitiecs. There is a three-
position switch in the Dolby section.
In the record/play position, a red
signal light indicates the Dolby circuit
is active in either mode. Dolby record
and playback levels are factory pre-
set. A check with my Dolby reference
level cartridge revealed the playback
to be “right on the money,” with left
and right meters indicating exactly
0 VU. The “off” position of the switch
affords normal non-Dolby record and
playback. The third position of the
switch is for FM decode and record.
Yes, the 8075 “gilds the lily” by en-
abling the decoding of Dolbyized FM
broadcasts. On the rear of the unit are
left and right channel Dolby FM cali-
bration controls. When the FM station
broadcasts its 400 Hz Dolby tone, the
controls are adjusted to read 0 VU on
the meters. When recording a Dolby

FM program, the switch is in the FM
decode position. If the Dolby record/
play position was used, you would be
Dolbyizing a Dolby signal . . . and that
is a “no-no.” All Columbia cartridges
are now Dolbyized, as are some
selected Ampex cartridges and as
played back through the 8075, those
I auditioned were impressively quiet.

While the recorded Dolby music
cartridges were of generally good
quality, the most satisfying sound
quality resulted from recording my own
copies of Dolby “A” open reel tapes.
On a more usual home recording
activity, I was really impressed by the
excellent sound of the Dolby cartridges
I made of some high quality disc re-
cordings. The Wollensak 8075 has a
tape equalization switch for regular
“high output/low noise” cartridges
and a position marked “special” for
the new 3M super high performance
cartridges. No details of the “special”
tape oxide are available, but presum-
ably it is some variant of the new high
density gamma ferric oxides now com-
ing into vogue. In any case, with the
machine set up for the specific bias
and equalization of the tape, the
performance is very high indeed. How
about 30 Hz to 15 kHz, +3 dB for a
cartridge? 3M has used a B and K -
Octave Analyzer to show that the new
high performance tape is better than 10
dB over regular tape at 16 kHz! This
special 3M cartridge is in very limited
supply at the moment. 3M did supply
me with some however and, when used
in conjunction with the Dolby noise re-
duction, the recordings are really out-
standing. The sound in all cases was
clean and wide range with little or no
distortion. And of course . . . blessed
thing in a cartridge . . . virtually no tape
hiss. How quiet is the 8075 with Dolby?
Better than 60 dB at 4000 Hz and above,
better than 59 at 2400 Hz, better than
56 dB at 1200 Hz.

The Model 8075 has illuminated VU-
type meters which read record and
playback. The recording level controls
are of the slide type. It is best not to
trust the markings on the panel to
set levels. Wollensak recommends using
a mono signal, which is all right,
but it is better to use a discrete fre-
quency tone. For example, when re-
cording phono discs, 1 used the CBS

(Continued on page 12)
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The “Why’s and How’s of Equalization”,
an easy-to-understand explanation of the rela-

TOROIDAL and ferrite-core inductors, ten octave-bands per
channel.

FREQUENCY response: 15 db from 20-20, 480 Hz at
zero setting.

HARMONIC DISTORTION: Less than .19% THD @ 2 v.,
Typ: .05% @ 1v.

IM DISTORTION: Less than .1% @ 2 v.,

Typ: .05% @ 1v.

SIGNAL-TO-NOISE RATIO: Better than 90 db @ 2v. input.
INPUT IMPEDANCE: Operable from any source 100K ohms
or less — (any Hi-Fi Pre-amp. Receiver or Tape Recorder.)
OUTPUT IMPEDANCE: Operable into 3K ohms or greater
~— (any Hi-Fi Amp, Receiver or Tape Recorder.)

CIRCUIT BOARDS: Military grade G-10 glass epoxy.

RESISTORS: Low-noise selected carbon-film.

RANGE: 12 db boost and 12 db cut, each octave.

MASTER QUTPUT LEVEL: ‘‘Frequency-spectrum-level’
controls for left and right channels, continuously variable
18 db range, for unity gain compensation from minus 12
db to plus 6 db.

MAXIMUM OUTPUT SIGNAL: variable Master ‘‘frequency
spectrum level’' Controls allow adjustment of optimum
output voltage for each channel, to exactly match ampli-
fier capability, up to 7 v.

SIZE: designed to coordinate with receivers, comes in-
stalled in handsome walnut-grained wood receiver-size
case, 514" x 18" x 11", or rack mount.

WARRANTY: 2.year parts and labor.

Check Nc. 24 on Reader Service Card

tionship of acoustics to your environment. This
8-page booklet also contains complete specifi-
cations, an editorial review of the 20-12 by J.
Gordon Holt’'s Stereophile magazine, many
unique ideas on ‘‘How the Equalizer can meas-
urably enhance your listening pleasure,” and
""How typical room problems are eliminated by
Equalization.”
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(Continued from page 8)
Labs STRI100 test record, which has
left and right 1000 Hz 0 VU @ 3.54
cm/sec. reference levels. I found that
you cannot set the meters at 0 VU or
overload will result from average level
discs. With levels set at minus 3. S/N
was optimum, distortion not apparent.
As mentioned before, timing and
fitting of program material to the tour
stereo sequences has always been a
trickv thing with cartridge recorders.
While this problem has not been com-
pletely resolved in the Model 8075, se-
quencing has been greatly simplified.
There are two switches for AUTO EJECT
and REPEAT which work interdepend-
ently. Logic circuitry is incorporated
here and, depending on the position of

the switches, there are various play
and record options. For example, with
REPEAT switch on position ONE, the
machine will record the selected track
and then eject. If the REPEAT switch
is in the ALL position, the cartridge
will be recorded tracks one through
four in sequence and then eject. Of
course there will be the switching click,
and very minute loss of signal as the
machine switches from sequence (0
sequence. In addition to the eject/
repeat logic there is a digital counter
registering in minutes and seconds.
If you are a real stickler for timing
accuracy and maximum utilization of
sequence tape length, you can use a
technique [ used to sequence car-

The B&K 1/3-Octave Analyzer display indicates the

peak music a

each 1/3 octave.

Top photo shows dis-

play with Scotch brand High Output Low Noise tape.

Bottom photo shows display with new Scotch brand

Special High Performance tape, which was found to

be better than 10 dB over regular tape at 16 kHz.

tridge masters at RCA. [ should add
that this works only with typical pop
recordings which are banded on each
side of the phono record. Classical
works require a much more compli-
cated process with special equipment.
In any case, assume a 60-minute car-
tridge, which ideally would mean four
15-minute sequences. Figure on 14 min.
50 second sequences as more realistic
and manageable. Now add up the total
time of the selections on the record.
If the time i1s more than the total
length of the cartridge, eliminate a
selection whose time is enough to
bring the total below the required time
span. Now it will not be possible to
record the selections in the same order
as they were on the disc recording.
Choose a group of selections which
total in time as close as possible to the
14 min. 50 sec. sequence. Now record
the disc onto open reel tape, prefer-
ably with Dolby noise reduction. Each
selection on the disc is separated by a
5-second spiral, which naturally will
be blank on the tape. By editing the
tape to the groups of selections you
have chosen and then deleting or add-
ing blank tape between the selections,
you can usually bring each sequence
to the exact timing. After assembling
the tape, it is then recorded onto the
cartridge. An admitted pain, but in this
way you won’t cut into any of the
music.

The Model 8075 also features a fast
wind facility. 1 can see the value of
this, but my personal feeling is that
this upsets the conformation of the
endless loop tape pack and can give
rise to audible wow and flutter. In-
cidentally, the Model 8075 has a wow
and flutter spec of 0.1% weighted rms,
which is about par for most cartridge
machines. Unfortunately, part of this
spec is dependent on how good the
cartridge itself is in terms of free tape
flow. Far too often, the combination
of the machine and the cartridge add
up to audible wow.

The Wollensak Model 8075 has many
other exemplary features that make
for easy handling and good quality
recording. This may raise the hackles
of the companies which issue recorded
music cartridges, but with the quality
of this unit, it sure is nice to record
your own programs, especially for use
in a car. The Dolbyized cartridges
played on non-Dolby equipment in a
car sound fine, because if the hiss
seems excessive, you can turn down the
treble control, which gives you a form
of noise reduction without losing highs.
All in all, the Model 8075 is a fine
example of the new breed of cartridge
recorder, K
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" It’s now clear that audio components will cost
a lot more this fall than they did last year.
Prices of many parts for these components
have risen from 5 to 50% in the last few
weeks alone.

§.. We recently computed our new total parts’ cost
“o8 and it is clear that BOSE Direct/Reflecting ®
speakers must go up in price. However, we are happy that
we can at least give you several weeks’ notice from the time
this page goes into print. Our prices will hold until July 15,
1974.

With BOSE products there will be no compromise in quality
regardless of parts’ prices or shortages. Thus, you may find
the speakers hard to get, but when you get them you are
assured of the same care in design, production, and testing
that uniquely has characterized them to consumers through-
out the world. We hope that you will take the opportunity
to hear what this means by auditioning the BOSE 901®in side-
by-side comparison to any other speakers regardless of size or
price. And then listen to how many of the audible benefits
of the 901 are present in the 501 at about half the price.

For those interested in the technology behind the BOSE Direct/Reflecting®
speakers, reprints of the paper ‘“‘Sound Recording and Reproduction,” pub-
lished in TECHNOLOGY REVIEW (MIT), Vo!. 75, No. 7, June *73, are avail-
able from BOSE Corporation for fifty cents per copy.

For information on BOSE audio products, write us at Department A6,
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Edward Tatnall Canby

Signals and Noises

F A NOISE annoys an oyster, will
Iil annoy me? What is noise—would

the noise that Dolby eats up, and
Burwen and dbx, be a sound an oyster
might enjoy? If I seem mixed-up, it’s
because I have a pair of noise treaters
on hand, one of them a batch of words,
treating noise, and the other a consumer-
type box, the same. And so different!
How could T help but think of the
oyster.

A play on words is one thing and a
noise another. The audio man has
a nice, pat definition in front of his
nose when he sets out to treat what
he calls noise. But move yourself a
millimeter away and you are into philo-
sophics and aesthetics, into music and
non-music, and into a great deal of
noisy hot water. Oyster stew. What
is noise?

Ever tried out music on a dog or cat?
No reaction, though a dog may raise
a questioning ear to a speaking voice
in the loudspeaker. The cat. like the
oyster, just looks annoyed. Yet try a
fire siren on your dog and get his
reaction—nine out of ten docile house
puppies turn instant wolf and let out
gut-tearing wails ol grief—or 18 it joy?
Hard to tell. You should hear them in
New York City, right out of the steppes
of Russia or maybe the Alaskan North
Slope, where they recorded that mar-
velous wolf-howl disc. Something
atavistic in this sound. Back to primev-
ality. Noise? Not for a wolf. Not for
a dog, nor for me.

There’s wolf in every human being.
First time I played that wolf howl in my
living room, all by myself. I rar’d back
and let go with my own wolf howl,
right in sync. It felt good. It belonged
in me and out of me, the call of the
wild, the clan, kindred souls communi-
cating! Enough to stand the hair on
end. T think maybe this is the origi-
nal of the art of singing, which is a
major part of music. Controlled wolf
howl?" Probably:" Just as language is
controlled bark, whine and growl.

[ am a real wolf, I guess. Old hound
dog near me in Connecticut; on a still
night he sends out his CQ challenge,
WOOF, wowowowowow, and waits for
an answer. Sometimes | answer him,
and I can hear the pleasure in his next,
which is perceptibly higher in pitch.
A fellow soul! Good doggie.

I think the most useful definition of
noise in this area, as in much else,

14

even in audio, 1S non-communication.
Noise, practically speaking, is meaning-
less sound. Meaningless to whom? Can’t
get out of it that easily, you see. If
I can communicate with a dog, can
you communicate with Stravinsky? One
man’s noise is another’s communication.
What kind of noise, then, do we selec-
tively reduce in audio equipment
designed for the purpose? The audio
circuitry leaves the wolf howl untouched.
Also Stravinsky. That is signal, not
noise. Communication, you see, 18
directly at the nub, in the very meaning
of the word signal, clearly related to
signify. It means something. If we agree
on any aspect of noise, it is that we
do have common modes of intercom-
munication in sound and it is these
which provide us with signal.

Noise has been defined and rede-
fined and it is amusing to see how self-
serving all such definitions are, in the
name of objectivity. Words are that
way—they fill a nced. They decfine
things after the fact. First the fruit and
then the apple. What is a tree? That’s
a tree, right over there, though its
prehistoric forebears had no name at
all and didn’t mind in the slightest.
How do you define a hill as contrasted
to a valley? Nature couldn’t care less,
and the only boundaries between the
two are man-made and man-thought.
Nature is, man defines.

And so in audio, noise is the meaning-
less, therefore the wunwanted, stuft,
unwanted for whatever reason—as
opposed to the wanted, the significant
signal. Ours not to reason why. (Ours
but to do and die!) That’'s good
engineering. Further, noise, generally,
is electronic “sound” that leaks in or
generates itsell’ uninvited additively.
Or destructively. Yet the signal can
be noise. We generate it in shades of
pink, white and gray, in fine contradic-
tion. Nobody yet. to my knowledge,
has hooked up a Dolby A noise re-
duction unit to a white-noise generator
to sce which could outdo the other. The
reason is clear enough if you under-
stand the “wanted” in our field 1s
interchangeable with “original,” both
being signal rather than noise. But as
you’ll see, even here we walk on eggs.

[ have here those pages of noise
treatment, from a correspondent who
has come at me from so many angles |
haven’t always realized he was one
and the same, Morris Knight. Look
back in March, p. 83, and you will

find my capsule review of New York
Brass Quintet Plays Knight, on the
Now label. T used the word noise. Mr.
Knight isn’t sure I made my meaning
clear, though he does think my (75-
word) review was “thoughtful and well
written” which, considering I said his
music contained ‘“vast stretches of
chicken-like cluckings and scratchings,”
was rather decent of him, you’ll admit.
I liked it. “Such a range of brass noises
youw’d never guess,” | said.

Well, T knew what I meant, though
not according to any audio definition.
This was brass music with (a) unpitched
sounds—grunts, clucks, burps. In music,
noise often means unpitched sound.
And (b) non-standard, ie., new and
novel sounds not in the normal brass
communication, over and beyond the
expected musical language—hence,
noisc. Hmmmm. Yes, T'll stand by it.
Maybe “brass sounds” would have been
more neutral; but also less descriptive.
You see what is involved in writing
capsules. Words work overtime.

Mr. Knight sent me three pages of
his own comment on noise, plus two
in duplicator purple, noise definitions.
“People do not like noise. By definition
it is unwanted sound.” Cyril M. Harris,
Ph.D., Handbook of Noise Control,
1957. So noise is undesirable sound?
Too sieve-like, that definition. “Noise,
in a sense, is the totality of all sounds
within the range of hearing to which
attention is not directed.” My italics.
Joseph L. Hunter, Acoustics, 1957
O-ho—so that’s why I always say that
background music for my ear is so much
noise. A new factor, attention vs. in-
attention. If you don’t attend, you don’t
communicate. Tell that to Dolby! So
you see what I mean. All this is very
subjective.

How about distortion? Distortion is
noise, if you will. when it is added to
or alters the signal or the signal per-
ception. (Those two are different.) My
first reaction, years back, at the time of
the sudden appearance of the pocket
“transistor” on our streets, parks, on
the beach, was that suddenly, here was
a wanted distortion. tolerated, invited,
yet monstrous in terms of audio mea-
surement. Small power, large overload.
(Less in recent years as improvements
have come along and power is greater.)
People who carried these radios in-
variably turned them up far beyond
the overload point into the agonized-
scream range. Did they wince? Of course
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People who are really serious

about their records are the best ones
to ask about turntables.

Most people who decide they want
components turn to a friend who knows
something about high fidelity equipment.
If the friend is a reader of this magazine,
that's good. And if the friend happens to
be someone who reviews recordings,
that's even better.

Record reviewers must select their
equipment with great care, since they must
listen with great care. To such things as
the interpretation of the artist. To the
recording and microphone techniques.
And 1o the quality of the record surface
itself.

All this is why the professional
listeners select their turntables so carefully.

What most serious listeners know.

Professional listeners know that what
they hear (or don't hear) often depends on
the turntable. ‘

After all, the turntable is the one
component that actually handles records,
spinning them on a platter and tracking
their impressionable grooves with the
unyielding hardness of a diamond. And
the professional realizes that much
depends on how well all this is done.

Which is why so many record
reviewers listen to their records on a Dual.
And why the readers of the leading music
magazines buy more Duals than any
other quality turntable.

They know that a record on a Dual
will rotate at precisely the right speed, to
give precisely the right pitch. (If a record
happens to be off pitch a Dual can
compensate for it.)

They know that a Dual tonearm will
let the most sensitive stylus track the

The gyroscopic
gimbal suspen-
sion of the Dual
1218 and 1229

tonearms is the

tific means for
balancing a pre-
cision instrument
inall planes.

The 1218 and 1229
tonearms track
records at the
ori?incﬂ cuttin
angle. The 122
parallels single
records, moves up
for changer stack.
A similar adjust-
ment is in the 1218's
cartridge housing.

In all Dual models
stylus pressure is
applied around the
pivot, maintaining
erfect dynamic
@clance of the
tonearm.
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Separate anti-skating
calibrations for coni-
cal and elliptical styli
achieve perfect track-
ing balance ineach
wall of the stereo
groove.
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m Cual 1218, 8¢

United Audio Products, Inc., 120 So. Columbus Ave., Mt. Vernon, MY, 1553

Exclusive U S. Diskributiun Agency for Duol.

Check No. 28 on Reader Service Card

best known scien-

wildest curves ever impressed on a record
groove, and not leave a trace of its
pCssage.

And they know that a Dual will
perferm smoothly, quietly and reliably
year after year dfter year. Despite all the
precision built imto a Dual, they know it's
one turntable that doesn't have to be
handled with undue concern. (Even if the
tonearm is locked when play is started, or
if the tonearm is restrained in mid-air
while cycling, na damage will result.)

If youd like to know more.

A few examples of Dual precision
engmeering are shown in the illustrations.
But if you would like to know what several
independent test labs say about Dual
we'll send you complete reprints of their
reports. Plus a reprint of an article froma
leading music magazine that tells you what
to look for in record playing equipment.

Better yet, just visit your franchised
United Audio dealer and ask for a
demonstration.

Dual turntables may seem expensive
at first, but not when you consider your
present and future investrment in records.
And riow that you know what the
professional listeners know, doesn't it
make sense to own what they own?

Dual 1216, $154.95




not! This was desirable sound, if mainly
for status. (But isn’t plenty of hi fi that?)
So look out—noise can be signal; so
can distortion. The fuzz generator. One
begins to wonder whether the “original”
is getting to be no more than raw ma-
terial, like the “original” of a multi-
track pop recording.

And there’s John Cage. A ballet,
with deliberately overdriven loud-
speakers squalling a hideously distorted
live piano pickup. I groaned, but I got
the point. Or his music for thirteen
(M radios, randomly and simultaneously
tuned on stage, another thought-pro-
voker and another kind of noise—or
signal. Randomness. Is it communica-
tion? He makes it so, and he is right.
Nobody is ever bored by Cage. Though,
like the oyster, we are often annoyed.

Now Cage could be called esoteric
or avant-garde but you can’t call a
transistor radio esoteric. And so ['ve
long thought that its squeal is the finest
walking illustration I know of the mean-
ing of music, art and entertainment,
and the best paradox around, too.
Morris Knight goes me one better.

“The sound of surf and wind at an
ocean beach can only objectively be
measured as noise (it very much con-
sists of non-period pulses, therefore
non-pitched) (See?), yet populations
as far as recorded history discloses have
particularly sought this sound (noise?);
furthermore, it has often been described
as a curative.” Can one imagine having
this “noise” cut off at a beach? As a
matter of fact, a radio playing “‘music”
at the beach is often a very great in-

trusion
“sound.”

Good! And what about a crowded
beach where a dozen (or thirteen) radios
compete for air space to the point of—
What? Meaninglessness? Noise? All
Cage did was to take that idea into
the concert hall and ask you—what
about it? This sound, too, exists. It is.
You name it. And so we have enough of
a paradoxical jumble here to last a
month. As for me, on the beach, | want
the ocean sound and I hate the radios,
singly or in multiple, clear or distorted.
[ go there to absorb sun and listen to
white noise. White signal? Maybe it’s
just as well that engineers like those at
Dolby, Burwen and dbx stay strictly in-
side their audio technology—which is
where T will confine myself from this
point on,

Sitting on my table, underneath
Morris Knight, is the “signal preserver”
that started all this fuss, the dbx 154,
all function and no aesthetics. Except
in the looks. A small box, 9 x 10 and
weighing nothing much; yet inside there
are four discrete channels of highly
sophisticated dbx signal preserving.
Each is controlled by three simple push
buttons, no more, REC, BYP and PLAY.
That’s all. Code-in, decode-out or
bypass. The dbx 154 is “top of the line”
in a new configuration of dbx equip-
ment designed to complement the
quality “home” or semi-pro recording
equipment still burgeoning all over.
There are other models for different
needs but all share one really unique
feature. These noise reducers are

. it becomes unwanted

compatible with all existing dbx pro-
fessional equipment. Same characteris-
tics.

Now that is something. A free inter-
change, in terms of dbx noise (?) pro-
cessing, between all sorts of four-
track home-style equipment, light-duty,
semi-pro, superduper—and the ultimate,
the all-out heavy stuff in the pro studio.
(Heavy in performance reliability, not
weight.) It spreads a glorious recording
potential, right across the board, and
should extend the usefulness of the four-
track quarter-inch tape, stereo or quad-
raphonic, into new areas.

If T am right, you see, increasing
numbers of virtually pro recordists are
already making use of the compact four-
track quarter-inch tape for what
amounts to professional recording, as
standards for the medium continue to
rise both in the tape itself and in equip-
ment performance. But there are
barriers left. Noise, the kind of noise
we are talking about, is going down and
down, S/N getting better, even without
special treatment. Even so—with four
narrow tracks on one narrow tape,
and cassettes notwithstanding, the
perfectionist tends to feel that some
noise reduction circuitry would be a
good thing, to remove any little micro-
residue that just might somehow creep
in. After all, look at all the half-inch
and inch- and two-inch tapes in the
“real” pro field. If they need it. . . ?
With a bit of noise control. we could
really call ourselves pro in most respects,
at a tenth the cost. What we can afford.

Dolby? The obvious first thought. The
Dolby success is twofold; first its clever
world standardization, right from the
beginning and. second, the fact that
Dolby does not touch the signal at all
except at its lowest levels. That’s safety
and sonic insurance and it has built
up immense confidence. For your 10-
plus dB of S/N improvement in Dolby
A, you get a whale of a bargain in sound
and total signal purity. Dolby B does
equivalently well in its area. But you
must make a choice if you intend to
process your four-track recording in
some near-pro fashion. The two Dolby
circuits are not compatible. You record
in Dolby B and you decode in the
same—or you go all-out and buy the
A, which ain’t hay, | assure you. Not
really intended for our intermediate
area.

As most of us know, dbx goes a
lot further than Dolby in noise reduc-
tion, up to 30 dB. But at a definite,
tiny, yet considered risk. Dbx treats the
whole signal with compression and
expansion; the signal does not remain
untouched. It get miraculously well re-
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stored, though, especially considering
the untidy history of past attempts at
this approach. Just amazing. But dbx
would be the first to say it is possible
that a very acute ear, in some particular
kind of signal, might conceivably notice
a minute A-B discrepancy between
signal IN and signal OUT. Depends on
the sound. And of course, the ear. It’s
that sort of risk. Minus A-B, you are
very unlikely to notice anything at all.
Try for yourself. I've listened. 1 haven’t
heard anything wrong. Signal goes in.
Signal comes back out, minus noise.
Period. A small, calculated risk in ex-
change for a whale of an S/N advan-
tage, and the dbx control method, the
signal squared and then an antilog
“average” taken as the level indicator
(did T get it right?), seems to work
astonishingly well.

And now—compatibility between
“consumer” dbx and dbx professional.
I couldn’t wait to try. I've been mutter-
ing testingtesting into a channel or two
of the dbx for some time but now I have
a much better project in mind, a chal-
lenge as aiways. Coming up. Last year,
my Cuanby Singers recorded with the
tiny, battery-powered Nagra IVS in
stereo for the second time, and with a
new fillip, cheap electret mics from
Electro-Voice. We threw out the ex-
pensive ones in their favor and we were
absolutely delighted. So our third
session this year will go this way: (1)
Four electret mics, bottomed price: (2)
my TEAC 2340 four-track quarter-
inch quadraphonic recorder, still on
hand; and (3) the little dbx 154, to
encode the four-track session. How’s
that? Not even an oyster could object.

If this works, i’ll be straight back to
the processing studio and, hopefully, on
to a disc, just like for real. Could be!
You should try too. I see a great future
for this dbx kind of consumer/pro
compatibility and 1 look forward to
taking a risk on it myself. Wish me
luck.

PS. One item at a time. Burwen goes
further. Where dbx compresses signal
around 2:1, Burwen goes up to 3:l,
they tell me, for an incredible advan-
tage—total silence in the background.
I heard it—remember the kettledrum
demo? Scared me out of my wits, But
there is an inevitable additional risk
of signal alteration. Try Burwen, and
see. | like the way these noise people
talk to you, not only about themselves
but informatively about the other out-
fits. They are honest and they give you
real information, a choice of different
parameters to suit differing needs. Wish
everybody in hi fi would talk this way.
Good for our business. 7.3

The new Revox A700 - $1695

the performance is shattering

The Discrete

Cartridge of Choice

with CD-4 Record

Manufacturers:

Whether listening to reference
lacquers or checking metal
“mothers’ for quality, you’ll find
more Audio-Technica built car-
tridges in use than
any other make.

The reason is simple: Our con-
sistent performance is essential
to their quality control standards.
Whether your CD-4 cartridge is
for home or studio...if you've
built up a tolerance for nothing
but the finest, come to us.

lllusirated: Mode! AT148 with Sh/bata sty/us $75.00,
® mounted in AT-1009 Tone Arm, $139.

AUDIO-TECHNICA U.S., INC., Dept. 74A, 1655 W. Market St., Fairlawn, Ohio 44313
Check No. 4 on Reader Service Card



Editor’s Review

APPARENTLY many readers of AUDIO are nos-
talgia buffs, judging from the response to Arthur
Shifrin’s article in our April issue. Quite a few have
written to Mr. Shifrin, in care of the magazine, while
many others commented favorably in letters or on the
Reader Service Card. Such feedback, either positive or
negative, is always welcome because it helps us gauge
the amount of reader interest in various subjects, and
ultimately gives you a magazine you’ll find more in-
teresting.

Be that as it may, the nostalgia buffs took it on the
chin this spring, as one of the main producers of music
away from home announced that it was getting out of
the business. The Wurlitzer Co. said that it was dis-
continuing production of jukeboxes, of which it has
made some 750,000 since it began in 1934. The firm says
that the business is no longer profitable because there
aren’t enough places to put jukeboxes anymore and
cites urban renewal and most particularly the demise
of the neighborhood tavern. Wurlitzer estimates that
about 45,000 jukeboxes were sold last year by the four
major firms in the business, which the firm says is
down from about 60,000 produced five years ago. Wur-
litzer’s three rivals disagree that a trend is in the mak-
ing.

The first jukeboxes appeared in the 1930s and con-
tained only 10 records, as compared with the 200
common today. Each play cost a nickel, and there was
no selection; the patron could only hear whatever disc
was next in line.

Russell Mawdsley, president of the Music Operators
of America (MOA), the industry association, feels that
jukeboxes have a good future. Basic to this, Mawdsley
feels, is the restyling of the machines to help them fit
in with the decor of today’s chic restaurants and cock-
tail lounges.

Knowing what customers want to hear is also im-
portant to making money with jukeboxes. The man who
operates the unit locally relies heavily on such industry
publications as Billboard or Cashbox which list tunes
frequently played by area of the country and type of
location in which the jukebox is installed, as well as
music type. The “top ten” dominates such lists, but
country and western has about 15 per cent of this
market and is gaining.

Guides to Recordings

The Schwann Record and Tape Guide folks have re-
leased a 20-page Basic Record Library of Jazz, a selec-
tive list of especially important jazz recordings made

18

from 1920 through 1973. All of the discs listed are still
current and available through retail outlets. The list is
arranged by decades, with a brief historical introduction,
and supplementary artists’ listings are extensively cross-
referenced. Also included is a list of selected reference
books and magazines about jazz recordings and per-
formers. The Basic Record Library of Jazz was edited
by Richard Seidel, former curator of the Institute of
Jazz Studies at Rutgers Univ., and is available at rec-
ord shops for 50¢ or from W. Schwann, Inc., 137A
Newbury St., Boston, Mass. 02116 at 75¢ for individual
copies.

JNP Audio Tapes, a division of Jeffrey Norton Pub-
lishers, has released a new 64-page catalog listing over
1,000 spoken-word tapes which they have available,
with most priced at $11.75. Basis of the series is Sound
Seminars, formerly owned by McGraw-Hill, which in-
cludes the YMHA-WA Poetry Center Series of live re-
cordings of contemporary poets, writers and critics.
Another major source of titles is the Pacifica Foun-
dation, which owns a network of four listener-supported
FM radio stations. Subjects included range from Ab-
normal Behavior to Zen, while speakers include S.I.
Hayakawa, Margaret Mead, Winston Churchill, Norman
Mailer, Paul Goodman, Alan Watts, and a host of
others. The catalog is available free of charge on re-
quest from Jeffrey Norton Publishers, Inc. 145A East
49th St., New York, N.Y. 10017.

Armstrong Awards

Eight FM radio stations will share $4,000.00 in prize
money for winning programs in the 10th Annual Arm-
strong Awards competition for excellence and original-
ity in FM broadcasting. First place awards of $500
and a bronze plaque in the commercial stations division
went to WPST, Trenton, N.J., for “The Unfair, Im-
practical Equal Time Law and Fairness Doctrine,”
in the community service category; WRVR, New York
City, for “Rockefeller’s Drug Law,” news; WTIC-FM,
Hartford, Conn., for “The Listening Room” series,
music, and WFMT, Chicago, for “A Legacy of War,”
education.

Winners in the non-commercial station division, who
received similar awards, were: KPFA, Berkeley, Calif,,
for “The Little People, or Think Big,” community
service; WOSU-FM, Ohio State Univ., for “Munici-
pal Court Series,” news; WITF-FM, Hershey, Pa,, for
“The Opera: Der Ring Des Nibelungen,” music, and
CBL-FM, Toronto, for “Aldous Huxley and Beyond,”
education. EP
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To fulffill the requirements

of the most critical listening
and auditioning...Stanton
is the professional standard.

in STEREO— The Stanton 68leeE

If critical listening is to be unbiased, it must begin
with a stereo cartridge whose frequency response
characteristics are as flat as possible. One that intro-
duces no extraneous coloration as it reproduces re-
corded material. For anyone who listens ‘“‘profes-
sionally,” the 681EE offers the highest audio quality
obtainable at the present ‘State of the Art’

Many record critics do their auditioning with
Stanton 681EE. Recording engineers have long used
the Stanton 681A to check recording channel cal-
ibration. The 681EE provides that logical continuation

of the Stanton Calibration Concept. High compliance
and low tracking force assure minimum record wear.
Its low-mass, moving magnetic system produces vir-
tually straightline frequency response across the
entire audio spectrum. Its built-in longhair brush
keeps the stylus dust-free, and protects record
grooves, thus reducing noise and wear. Each 681EE
is individually calibrated, and the results of these cal-
ibration tests are included with each cartridge.

The Stanton 681EE — used by recording engineers,
broadcasters, critics and audio professionals —the
cartridge that sounds like the record sounds, always.

in DISCRETE 4-CHANNEL- The Stanton 780,4DQ

A totally revolutionary stylus design
concept proves to be the best solution
for discrete playback. It’s the Quadra-
hedral —all tests and in-use demon-
strations authenticate the value of the
discovery. Stanton has this new stylus
. in its four channel cartridge.
QUADRAHEDRAL  This is the first American designed
and manufactured stylus developed for discrete four-
channel records. It was especially engineered for the
Stanton 780/4DQ cartridge which is already the first
choice of professional record reviewers, anxious to
evaluate the new discrete 4-channel discs coming
on the market.

The performance of the stylus (and cartridge) ful-
fills all the extensive demands and sophisticated re-
quirements necessary for playback and review of all
the material recorded on discrete discs. And while
performing brilliantly, it is actually very kind to rec-
ords in terms of wear. Stanton’s own engineers,
whose professional products are the {77 R
standards of the industry, tested and > $
proved its characteristics, and report
that it functions with total reliability
in every measurable aspect.

This new cartridge, the 780/4DQ is
available at your franchised Stanton
dealer.
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STANTO

For further information, write: Stanton Magnetics, Inc. Terminal Drive, Plainview, N.Y. 11803.

Check No. 26 on Reader Service Card

Ms. Gladys Hopkowitz, Recording Engineer
Mastertone Recording Studio, Inc., New York
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PROGRESS REPORT

UR LAST SURVEY of the quadra-

phonic scene was back in July,
O 1973, and not a great deal has
happened since then. There are still
three main contenders—CBS and Sansui
on the matrix side and RCA/JVC with
their CD-4 system. E-V has virtually
dropped out of the race, having trans-
ferred their patents to CBS, who has
also picked up the Scheiber patents.
Although the majorty of receiver
makers havz opted for SQ (there are
now more than 109 licensees), the
tendency is to make provision for both—
or all systems—which seems a sensible
thing to do!

As far as records are concerned, the
score is 360 SQ (includes releases from
Columbia, Connoisseur, Vanguard,
Project 3, et al. and Sansui QS 160
(ABC, Ovation, Black Fazz, Quad Spec-
trum, Dunhill, BASF, et al). JVC has

George W. Tillett

released a good number in Japan, but
the combined total of JVC and RCA
discs available here is less than 30,
although many more are promised for
release just abhout the time this article
hits the editor’s desk. (A JVC-circu-
lated list published subsequent to the
writing of this article shows 188 CD-4
discs released in this couniry from all
sources. Ed.)

Many FM stations have been broad-
casting matrix records (sometimes
without mentioning it; two broadcast
engineers told me the matrix discs
sounded better than the regular two-
channel version), but the situation
with CD-4 is still unresolved. The
Electronic Industries Association formed
a committee to study the problems
involved in broadcasting discrete
records, and they are evaluating 10
different systems from Quadracast,

Zenith, RCA, GE, and others. One of
the best, in my opinion, is the Quadra-
cast system, also known as Dorren
after its inventor. It has been tested
over San Francisco’s K-101 and a
Toronto station as well. Like the other
proposals, the Dorren system could
be described as an extension or varia-
tion of the present multiplex stereo
system. Figure | shows the baseband
distribution of the stereo signal. The
main channel, on the left, contains
both left and right audio modulation,
L + R, and the upper and lower side-
bands (38 to 53 kHz and 38 to 23 kHz)
carry the difference information, L - R.
There is a pilot signal at 19 kHz which
is used by the tuner to generate the
missing 38 kHz carrier and so resolve
the L + R and L - R signals by addi-
tion and subtraction to yield the lefi
and right channel signals. The. SCA

MAIN CHANNEL

Yo

MODULATION

0 0 20

LOWER SIDEBAND

30 40 0
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Fig. 1—Present stereo frequency distribution.
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subcarrier, on the far right in the figure,:

is centered on 67 kHz, and this is used
to provide special services and back-
ground music to subscribers who use
an appropriate receiver or adaptor.
The presence of this SCA signal is a
source of exasperation to proponents
of four-channel broadcasting because
the FCC insists that there must be
provision for it.

We will now see how the Dorren
system tackles the problem. Figure 2
shows the basic arrangement. The main
channel is in the same place but it
now carres the sum of all four signals
(Lf, Lr, Rf, and Rr). The 19-kHz pilot
is retained, as is the suppressed 38-kHz
subcarrier—but there are now two sets
of upper and lower sidebands in quadra-
ture. In other words, the second set
leads the first by 90 degrees phase. It
is then possible for a suitable detection
circuit in the receiver to resolve them.
The first pair of sidebands contains
the following signals (Lf + Lr - Rf -
Rr) and the second pair contributes

(Lf - Lr - Rf + Rr). So far so good.
(You probably wondered whether
that algebra you learned in school
would ever be of use!) Now, at 76
kHz there is another subcarrier with
upper and lower sidebands and they
carry additional difference informa-
tion (Lf - Lr + Rf - Rr), and so the
net result is four equations that end up
as four separate signals. The 76-kHz
carrier (4 times the [9 kHz pilot) is
suppressed. As you can see, that SCA
subcarrier now finds a home at 95
kHz—where it can be locked to the
19-kHz pilot (5 x 19 = 95). Some critics
have said that the Dorren scheme would
contravene FCC regulations as there
is information above 75 kHz—in other
words, out-of-channel radiation. In
fact, this is not so as the FCC rules
stipulate merely that sidebands between
120 kHz and 240 kHz from carrier
frequency must be attenuated by 25
dB or more. However, the extended
bandwidth will certainly pose problems
for some receivers, especially the less
expensive kind.

Chips

Both JVC and CBS have designed
and introduced IC “chips” for their
decoders (strictly speaking, the JVC
unit is a demodulator). The CD-4 device
is made by Signetics and is a 16-pin,
dual-in-line unit. Two are required
with a few discrete components for a
complete demodulator, and the printed
board size is only four by three inches.
ANRS noise reduction is incorporated,
and the signal-to-noise is quoted at
48 dB. Phono RIAA equalization is
also built-in, and the gain is around 50
dB at | kHz.

The SQ chips were jointly designed
by CBS and Motorola, and three types
are available so the designer has a
choice of non-logic or three kinds of
logic systems. Figure 4 shows separa-
tion of the basic matrix using a single
chip. Left-to-right separation is high
but front to back is relatively low and
so this circuit will only be used with
inexpensive equipment. Figure 5 shows
how the separation is increased when a
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Fig. 2—Quadracast frequency distribution.
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Fig. 3—Two of these ICs, plus a few
small components, can replace
JVC’s 4DD-5 unit above.

Fig. 4—Separation in dB achieved
by non-logic SQ matrix.

Fig. B—Separation in dB achieved
by full-logic SQ matrix with blending.
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Future Sound Shock, Enoch Light.
Project 3 PR-5077QD, SQ, QS,
or CD-4.
Enoch Light was one of the first to
realize the potentialities of quadra-
phonic sound. This record is a fine
one for demonstrations and includes
One Note Samba, Baubles, Bangles,
and Beads, and The Girl From
Ipanema, played by *“the world’s
finest wind and percussive musi-
cians.”

* * *
The Second Coming, Rudolph John-
son.
Black Jazz BJOD-11, QS.
Features The Water Bearer and Time
& Space, as well as the title piece.
Kent Brinkley on bass, Doug Sides
on drums, Kirk Lightsey piano, and
Johnson on tenor sax.

* * *
Two Concertos for Organ and Or-
chestra, Rheinberger. E. Power
Biggs and the Columbia Symphony
conducted by Maurice Peress.
CBS MQ-32297, SQ.
The New York Times said it was
“perfectly gorgeous” and, for one,
I agree with the good, grey Times.
Rheinberger is not as well known as
he should be in America. Born in
1839, he was appointed organist at
the Chapel of St. Florian, in Vaduz,
Liechtenstein, when he was only
seven years old.

* * *
World’s Greatest Jazz Band, Yank
Lawson & Bob Haggart.
Project 3 PR-5033, SQ and QS.
Needs no introduction to lovers of
Dixieland! Selections include Sunny,
Panama, and Limehouse Blues.

* * *

Four-Channel
Light.
Project 3 PR-5068-QD, QS or SQ.
Described as “new arrangements
and recording concepts of world
famous hit songs,” this disc includes
Cecelia, Penny Lane, and Chicago.
* * *

Dynamite, Enoch

Persuasive Percussion. Command
CQD-40000, QS.
This appears to be a four-channel
version of the old stereo disc fea-
turing Terry Snyder and his All
Stars. Among the selections are
I'm In The Mood For Love, I Love
Paris, and I Surrender, Dear.

* * *
Big Band Hits of the Thirties, Enoch
Light & the Light Brigade.
Project 3 PR-5049, CD-4.
Among the bands saluted are Glenn

Miller, Tommy Dorsey, Woody
Herman, and Harry James. Enoch
puts you right in the middle—a
good demonstration record, though.

* * *
Experience, Dick Shory
Ovation QD/2, QS.
This is really a demonstration record
or a sampler and it contains ex-
tracts from a number of quadra-
phonic records, including Bonny
Kolac’s Hold Onto Me, Days of
Wine and Roses by Mancini, and
Rich Mountain Tower. Also featured
is a cut entitled Men In Motion
which describes the evolution of
motion from walking to space
flight—a sort of audio montage.

* * *
Early American Vocal Music, The
Western Wind.
Nonesuch HQ-1276, CD-4.
The subtitle is “New England
Anthems and Southern Folk Hymns.”
A nice, spacious spread of sound.

* * *

Bach Organ Favorites, Vol. 5, E.
Power Biggs.
CBS MQ-31424, SQ.
The organ is the Flentrop instru-
ment in Harvard’s Busch-Reisinger
Museum and the works played
include the Fantasy and Fugue in G
Minor and the Prelude and Fugue
in B minor.
* * *
String Quartet No. 2 (Lily), Leon
Kirchner and the Lenox String
Quartet,
CBS M-32740, SQ.
One of the Modern American Music
Series. Lily is a part of a theatrical
piece commissioned by the New
York State Opera and it can be
played as a chamber music com-
position. In the stage version,
lighting effects are used to heighten
the drama. However, the recording
has some interesting location effects
(the original uses tape recorders
off stage). The string quartet is
more conventional but not for those
accustomed to Haydn, Mozart, et al.
* * *
Mancini Salutes Sousa
RCA Quadradisc APD1-0013, CD-4
The Mancini orchestra was augment-
ed by “the cream of Hollywood’s
musicians” for this recording and
they certainly play with élan. All or
most all of the popular tunes are
there—Semper Fidelis, The Thunderer,
and EIl Capitan. During the playing
of Stars and Stripes Forever, jet
planes are heard flying past—adding
to the parade ground atmosphere.
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complex logic circuit is used and front-
to-back separation is now 20 dB, ie.
left-front to left-rear or right-front
to right-rear. This configuration is called
full logic with blending. It might seem
strange to use “blending” when the
name of the quadraphonic game is
separation, but it’s really quite logical
(sorry!). The blending in this instance
combines a portion of the left-front
signal with the right-front signal and
vice versa for a center-front soloist.
The same is done for a center-rear
soloist in the rear channels. Since a
center-front signal appears out-of-
phase at the two rear-channel outputs
of the decoder, blending causes this
signal to subtract or decrease at the
rear. The result is an increase in center-
front to center-back separation—at the
cost of a slightly lower left-to-right
separation. If the designer wishes, the
blend function can be made variable
as determined by the program material.
In the absence of either a center-front
or center-rear sound, the blend circuit
is inoperative so there is full left-to-
right separation. A sound appearing
either at center-front or center-rear
will activate the blend circuit causing
the front-to-rear separation to increase.
An FET is used as a “dynamic resis-
tance” and obviously the associated
time constants must be chosen with
care to avoid “pumping” action. If
the designer wishes, he can use the
blend circuit on the front channels only
as there is rarely any significant infor-
mation at the center-rear, although
Walter Carlos (Switched on Bach)
would not agree!

In the early days of quadraphonic
sound—only two years ago really—we
had a number of critics who said, “It
was a gimmick hatched up by the record
companies” (although the sales figures
showed that they were all doing very
nicely anyway), that it “did not improve
the quality of reproduction—that stereo
was not perfected” (neither was mono)
“so why go to the extra expense,” and
so on. Well, many of these voices are
now silent and even the most conserva-
tive, the most respected music critics
concede the advantages of quadra-
phonic sound. This stage has not been
reached in Europe (with the possible
exception of West Germany). In
England, all the music publications
regularly review quadraphonic discs
and the large EMI Company voted for
SQ a long time ago, but other companies
like Philips, Decca and DGG are still
uncommitted.

A few months ago, Dr. Steinhausen,
former vice president of DGG, had
this to say: “Up to now, we have tried,
with great success, not to bring the
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Say farewell to the grand old DC300, and welcome to
THE PROBLEM SOLVER, the amp that is going to make
your job easier and your customers happier. The original
model DC300 was a great amp — the first super-power
low distortion amp in the world, when Crown introduced
it five years ago. Meanwhile, top sound systems design-
ers have used it successfully in hundreds of demanding
situations, and made some excellent recommendations
for improvements. The response of the Crown design
team was not an updated DC300, but a totally new and
different amplifier, the DC300A. It is the only high
power low distortion amp specifically designed for com-
mercial sound applications. {CAUT/ON: There are some
large consumer-type amps attempting to sell in the com-
mercial sound field without providing adequate continuous
power for all load impedances.)

Power You Can Count On

The New DC300A has double the number of output
transistors, effectively twice the muscle of the old DC300
at the same price. Each channel has eight 150-watt
devices for 1200 watts of transistor dissipation per channel.
The DC300A is rated at 150 watts per channel continuous
into 8 ohms or 300 w/ch continuous into 4 shms (both
channels driven) and 500 watts continuous into 2.5 ohms
(single channel driven).

Two Amplifiers in One

As a dual-channel amplifier with separate level con-
trols and circuitry for each channel, the DC300A is
almost two amplifiers in one. This gives you additional
flexibility in controlling your speaker load, as when driv-
ing separate front and back speaker systems in a large
auditorium, or when bi-amping a system. For 600 watts
continuous output at 8 ochms, the DC300A converts to a
mono amp with two plug-in parts. This makes it possible
to drive a 70-volt line directly without a matching
transformer.

Superior Output Protection

The DC300A output protection circuitry is a rad-
ically new design which completely eliminates DC fuses
and mode switches and further reduces service problems
to the negligible level. It is superior in every way to the
old VI-limiting circuit pioneered by Crown and now
used by most other high power amplifiers, since it intro-
duces no flyback pulses, spikes or thumps into the
output signal, whether operating as a single-or dual-
channel amp.

Gone too is the need to baby the amp by carefully
juggling load configurations. The Problem Solver can
drive any speaker load — resistive or even totally
reactive — with no protection spikes! Parallel speakers
with no deterioration of sound quality, since changing
the load impedance only affects the maximum power
available, not the ability of the amp to keep on producing
clean sound.

Lowest Distortion and Noise

Also new is the DC300A's IC front end, which sets
new world’s records for low distortion and noise. At
the 8-ohm rated output, IM and harmonic distortion is
less than 0.05% full spectrum; hum and noise is 110db
below. Servicing — if ever necessary — is a snap, since
removing the front panel accesses the entire circuitry.

Although it is a completely redesigned model, the
DC300A has inherited some characteristics from its
predecessor:

PRICE - still under $700. As two amps in one, it will prob-
ably give you or your customers a welcome cost/break
when you design your next multiple-amp system.
WARRANTY - three years, covering all costs of parts,
labor and round-trip shipping.

COOLING - excellent heat dissipation provided by
massive cooling fins and the entire chassis itself.
DEPENDABILITY - stringent pre- and post-inspection
and testing proves every electronic component, every
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concert hall itself into the limited
confines of one’s own four walls, but
rather the music of the concert hall.
To convey the impression of the concert
hall is a physical problem which can
be solved only adequately even with
four channels; but to convey the music
of the concert hall is an artistic task
which is technically capable of being
carried out fully with two channels.
The attractiveness of the effect which
an unobtrusive mixture of ambience
from the rear can achieve is not dis-
puted. but many consider it out of all
proportion to the expense involved . . .
again if this ambience is exaggerated,
it can very quickly lead to a distortion
of the sound picture and to paralysis
of the artistic mind.

“The transparency of definition of
the sound picture, which is often
limited in the concert hall and is nor-
mally enhanced in stereo recordings, is
based on the fact that ideal clarity of
sound exists only in close proximity
to the sound source. Normally, in a
concert hall this area of proximity has
no seats. As a result, the recording
microphones are set up in positions
where no member of the audience
could sit. The sound picture which
emerges initially is usually clear and
dry and its hard contours need to be

carefully softened. This is done by the
corresponding  careful addition of
ambience—that is, through the addition
in indirect constituents of the sound
picture. An important aspect of the art
of the sound engineer lies in achieving
the best mixture of direct and indirect
sound. If the indirect constituents are
exaggerated, the result can produce
a ‘swimming pool’ acoustic and an
increasingly mono type of sound pic-
ture. In good recordings, the concert
hall is therefore manipulated as if it
existed just for one listener seated in
an ideal position, and the art of re-
cording begins where the concert hall
leaves off.

“The second possible application of
quadraphony is to create up to four
different sound sources, each issuing
different, though artistically related
information. This is not in itself new:
musical literature contains a few well-
known examples, and one wonders
why there are not more. It could be
because the composer rightly fears
prohibitive performance difficulties—
and here a multi-channel reproducing
medium could help. However, it could
also be that most composers have not
so far looked to technical complexity
for the expression of their artistic
thoughts and have mainly regarded

dispersal of sound as no more than a
gimmick . . . We shall have to wait to
see whether artists can find and develop
a new art form here; whether tech-
nology has discovered new territory
or is driving an empty artistic truck
to a dead end.”

Those were Dr. Steinhausen’s thoughts
in November, 1972 as published in
The Gramophone. At that time, I
believe some of his misgivings were

justified but since then we have had

ample evidence of the artistic merits
of quadraphony as opposed to the
gimmickry. The Bernstein Mass, E.
Power Biggs and the organ of St
George's Church, Ormandy and the
Philadelphians,the Leipzig Gewandhaus
and the Beethoven series. Somary with
the English Chamber Orchestra, Boulez
and the New York Philharmonic—all
testify to the musical values of the
medium. But Dr. Steinhausen is right
when he criticizes composers for not
making the best use of the multi-
channel recording techniques. There
arc  Henry Gant, Walter Carlos.
Subotnick, Walter Crumb, and a few
others who do well, but we ought to
have more operas, more drama, and
large-scale orchestral works composed
for this exciting new medium. In Lon-
don, the BBC has been recording in
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quadraphony for some months and I am
told that the tapes made of the Prome-
nade concerts in the Albert Hall are
fabulous. So is a performance of Oedipus
Rex, which is called an experimentat
quadraphonic drama.

Ambionics

Ambionics has been widely publicized
in the British audio magazines as
“superior to both stereo and quadra-
phonic sound.” It is sponsored by the
National Research Development Cor-
poration, Professor Fellgate and others
at Reading University, and an elec-
tronics company—IMF (not connected
with the U.S. company with the same
name). Full details are not available,
probably due to patent difficulties,
but it appears to be a matrix system
linked to the use of four microphones
in a double-coax or tetrahedral array.
This would have merit for the recording
of music with a concert hall reference
but it was stated that certain effects
could be obtained by the use of what
are called “outrigger” microphones.
The system was being demonstrated at
the recent Sonex Audio Show in Lon-
don, where it was listed as the major
attraction.

I must say straight away that the
results were most disappointing. The
room was fairly large, holding about
300 people, and not only was there a
sense of confusion similar to that
caused by out-of-phase effects but
there was hardly any location. Voices
sounded totally unreal, some appearing
to emanate from 30-foot mouths! I
spoke to a number of people who con-
firmed these impressions; in fact, I
found no one who was in any way
impressed. To be fair, the organizers
did point out that they were not happy
about the sound either and that much
better results could be obtained from
smaller, more domestic size rooms
elsewhere in the hotel. Unfortunately,
I was unable to attend this demonstra-
tion.

Looking back to the first public
demonstration of quadraphonic (matrix)
sound at the RCA studios in New York
held under the auspices of the AES, I
well remember that this was hardly an
unqualified success either. But on the
other hand, the organizers were a little
more diffident about it—there was none
of the ballyhoo associated with am-
bionics. Therefore, I will suspend
judgment. Incidentally, the Sonex
demonstration must be one of the first
large-scale affairs to use a cassette re-
corder and overall sound quality was
excellent. The particular recorder was
a Nakamichi, which costs a small fortune
in England.
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EDUCATION
IN AUDIO

ONTH AFTER MONTH people
write to the editors of various
trade magazines such as

Aubio, and ask. “How do I become an
audio engineer?” Before attempting to
answer that question, I feel that a com-
mon misconception should be cleared
up. The common image of the audio
engineer is that of someone who sits
behind a l6-track console and helps
make hit records. Actually, the audio
engineering field includes more than
just the recording of gold records.

It is certainly true that the recording
engineer or mixer whose name appears
on the cover of an album is a bona fide

-~

Scott Rivard of Sound 80 Studios in Minneapdlis specializes in the design

Paul Moverman

audio engineer, but let’s take a few
moments to explore other areas where
an audio engineer may be employed.

Many of the major record labels, such
as Columbia and RCA, maintain staff
engineers in such major recording
centers as New York, Los Angeles,
and Nashville. These engineers are
usually members of a union (such as
I.LBEW. or NAB.E.T.) and normally
will be employed solely by one label.
However, the majority of recording
engineers are employed by independent
studios such as A&R in New York or
Sound 80 in Minneapolis. These engi-
neers work mainly out of their own in-

A

and construction of sophisticated sound reproduction systems.
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dividual studio, but many do free-lance
work for either record companies,
producers, or other studios. Also to be
included in this “free lance” category is
the tape mixer, the person who will mix
the 24- or l6-track tape down to either
stereo, four-channel, or mono.

The second type of audio engineer
that we will discuss is the mastering
engineer or disc cutter. The mastering
engineer is the man who will conduct
the tape to disc transfer of the music
that has already been mixed down. The
disc cutter has to make certain that the
disc will sound exactly like the tape
that was mixed in the studio. Although
many lathe manufacturers are now
marketing automated disc cutting sys-
tems, an engineer must be present to
ensure quality control and proper equal-
ization. Many times, a disc mastering
engineer has to be more creative than
the mixer in ensuring that the song is
cut the way the producer heard it, with-
out sacrificing any highs or lows to
enable it to be cut.

Another category of audio engineer
is the motion picture sound man. Many
film production houses maintain a staff
of audio engineers to supervise the re-
cording of filmtracks, sound effects,
etc., and then to mix them down into a
single audio soundtrack. The sound-
track will then be transferred to either
a magnetic or optical track that will be
heard in movie theaters around the
world.

Closely related to the motion picture
sound engineer is the audio engineer
employed by many radio and television
stations and networks across the country.
These television audio engineers are
responsible not only for the sound on
such programs as “In Concert.” but
also for the live audio that is heard
daily on such programs as “The Edge
of Night” and all the major network
news broadcasts. Also, do not forget
to include the engineers that have re-
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corded the New York Philharmonic
Young People’s series for so many
years. It should also be noted that
engineers such as Richard L. Kaye of
Boston have been responsible for in-
stituting stereo and quadraphonic broad-
casts of the Boston Symphony Orchestra
for several years now. On the other
end of the musical spectrum are the
well known rock broadcasts (and quad-
racasts) of the King Biscuit Flower
Hour, a syndicated concert series.
When discussing audio engineering,
one must be sure to include the acous-
tic architects, noise control engineers,
and sound reinforcement engineers.
Many people fail to realize that each
and every one of these people is re-
quired in order to produce a concert
where someone in the rear of the hall
will be able to hear the performance as
well as the person sitting in the front
row. Television stations, concert halls,
and even airports would be totally lost
without the services of these audio
engineers. Just imagine an evening news
broadcast where vou couldn’t under-
stand what the newscaster was saying
due to the amount of echo in the studio!
All of the above mentioned people are
audio enginecrs, although they may
have specialized in a particular area of
the field. Let’s take a look now at how
you can become an audio engineer!
The first step you can take towards
becoming an audio engineer is to try
to decide the particular area you want
to “major” in. You may find that you
will want to go into several areas rather
than just one. One good way to get a
feel for which area(s) you might be
interested in is to go to a local meeting
of the Audio Engineering Society. The
A.ES. is a corporation whose pur-
pose is that of “. . . uniting persons
performing professional services in the
audio engineering field and its allied
arts, of collecting, collating and dis-
seminating knowledge in the field of
audio engineering . . ”* and as such
offers the best source of information in
the audio engineering field. The society
has sections located in Boston, New
York City, Atlanta, Chicago, Los
Angetes, San Francisco, Washington,
D.C., and also in Canada, Great Bri-
tain, Japan, and Central Europe. Most
of these sections offer monthly meet-
ings that are open to anvone interested
in audio. The Society also publishes a
journal which in itself is a great source
of knowledge. By attending these meet-
ings you can get a chance to meet and
talk with many of the persons who have

* Audio Engineering Society, Inc.. by-laws, re-
vised June, 8, 1973. Journal of the AES Vol.
21, p. 425,
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made audio what it is today. By listen-
ing to these people talk on a wide
range of subjects you might discover
a certain arca that is of special interest
to you.

Once you have decided what aspect
of audio engineering you want to be-
come involved in, there are two possible
routes that you may take to achieve
your goal. One is to try to find a job
through the political method. In other
words, without much knowledge, you
could conceivably get a job in a studio,
etc,, just by knowing somebody that
knows someone. The only difficulty
with this method is that after a short
time, if vou’re not extremely alert,
you’ll find yourself in a jam and will
have to go looking for help Also, you
could find vourself waiting for a job
using this method for months. An ex-
ample of this is a close friend of mine
who has been waiting since last April
for a relative who knows somebody to
get a job for him.

The other route most likely will prove
to be more fruitful in the long run.
Although neither route could be said
to be any faster, this second method is
certainly the smarter of the two. Let’s
take a look at the traditional way of
becoming an audio engineer.

Educational Programs

The first step is to select some sort
of technical school and enroll. tollowing
their supervised program. Upon com-
pletion of this program (the length of
which could vary from 8 weeks to four
years) vou will want to get down to
work and find a job. Before discussing
Job hunting through the audio engi-
neering field, let’s take a look at what

' @
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type of educational programs are now
available and take a look at some of
the problems facing audio engineering
nstructors.

One major problem facing the audio
engineering educators is the problem
of the evergrowing number of “quickie”
courses that may or may not promise
employment upon graduation. You
might remember the disc jockey craze
of the late sixties when dozens of schools
sprang up. all selling you on the fact
that there were more jobs available than
there were applicants. Before going
any further, it’'s a good idea to note
that whatever school you may graduate
from. it is going to be very difficult
to get that first job.

The schools that offer courses in audio
engineering generally fall into two
categories, the private institutes, and
the universities and colleges. Schools
such as Albert B. Grundy’s Institute of
Audio Research and Don Davis’ Syn-
Aud-Con are excellent examples of
private institutes that offer courses
in different aspects of audio engineer-
ing. Many students that have taken
courses at these institutes have con-
tinued their education at some of the
nation’s leading universities, receiving
credit for courses taken. While the
majority of these private institutes offer
only one course, several such as the
Institute of Audio Research are now
offering courses in areas such as Studio
Technology, Disc Mastering, and Sys-
tems Design. These programs normally
run for two to three months, unlike the
university level programs that run for a
minimum of one college semester.

During the past several years, more
and more colleges and universities have
added courses in audio engineering to

Capitol Records’ disc mastering center in Hollywood.
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their curricula. The list of schools ranges
from Brown University to the Uni-
versity of Surrey in Great Britain. A
moderate list of colleges and uni-
versities offering courses in audio
engineering is appended to this article.

While many schools of higher edu-
cation now offer programs in audio,
there are many schools which have not
made such courses available even in
view of the fact that they own sophisti-
cated audio equipment. Examples of
this situation may be noted at the
Evergreen State College in Washington
and the University of Illinois at Ur-
bana. At Evergreen there is an array
of professional audio equipment rang-
ing from a Quad-Eight console to an
Ampex MM-1000 (l16-track) tape re-
corder, and to top it off, an intense
student interest in a formalized audio
program has been continual. How-
ever, the “powers that be” at this
school have not seen fit to hire an in-
structor and institute an audio engineer-
ing program. If this isn’t enough, take
a look at the University of Illinois,
where in addition to sophisticated
audio gear, the University has on the
campus, the beautiful Krannert Center
for the Performing Arts. This complex
of four magnificent theaters would be
ideal for a program in audio engineer-

ing as world reknowned artists perform
there almost on a daily basis. Perhaps
in the near future people will become
less “afraid” of audio as it develops
into a more popular area of study.

Most of the schools that offer courses
in audio engineering have a very de-
tailed theoretical curriculum with little
emphasis on the actual operation of the
hardware. As I have found out, the
operation of a tape machine is far easier
than the understanding of what is
happening when you align the machine.
However, as [ shall proceed to point
out, the actual operation of equipment
in a real studio operation is a vital part
of your education.

The Ideal Education

Several months ago, I undertook a
suryey of several leading audio engi-
neers both in the United States and
abroad. Each engineer was asked what
the *“ideal” education would be for a
young person who wanted to get into
the audio engineering field, and also,
what particular area of study should be
stressed the most in an audio engineer-
ing education.

The subject area that seems to lead
the pack is Music Theory and practi-
cal music experience. It should be noted
that the group of engineers responding

Recommended texts for audio engineering students:

Bernstein, Julian L., Audio Systems,
John Wiley & Sons, 1966, 409 pages.

Brown, Robert M. with Paul Law-
rence, How to Read Electronic Circuit
Diagrams, Tab Books, 1970, 189 pages.

Crowhurst, Norman, Audio Systems
Handbook, Tab Books, 1970, 189
pages.

Dillow, Arthur P., Alternating Current
Fundamentals, Howard W. Sams &
Co., 1966, 416 pages.

Lowman, Charles E., Magnetic Re-
cording, McGraw-Hill Book Com-
pany, 1972, 288 pages.

Lowery, H,, A Guide to Musical Acous-

tics, Dover Publications, 1966, 94
pages.

Navy, Department of U.S, Basic
Electricity, Dover Publications, 1970,
490 pages.

Navy, Department of U.S, Basic
Electronics, Dover Publications, 1969,
538 pages.

Olson, Dr. Harry F.,, Music, Physics,
& Engineering, Dover Publications,
1967, 460 pages.

Qlson, Dr. Harry F., Modern Sound
Reproduction, Van Nostrand Rhein-
hold Co., 1972, 335 pages.

Taylor, Rupert, Noise, Penguin Books,
Inc., 1970, 268 pages.

Villchur, Edgar, Reproduction of Sound,
Dover Publications, 1965, 92 pages.

Publishers’ Addresses

Dover Publications, Inc.
180 Varick Street
New York, New York 10014

McGraw-Hill Book Company
1221 Avenue of the Americas
New York, New York 10020

Penguin Books, Inc.
7110 Ambassador Road
Baltimore, Maryland 21207

Howard W. Sams & Co., Inc.
4300 West 62nd Street
Indianapolis, Indiana 46268

Tab Books, Inc.
Monterey & Pinola Avenues
Blue Ridge Summit, Penn. 17214

Van Nostrand Rheinhold Company
450 West 33rd Street
New York, New York 10001

John Wiley & Sons, Inc.
605 Third Avenue
New York, New York 10016
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was not made up strictly of recording
studio personnel, but included repre-
sentatives of such areas as acoustics,
noise control, education, and trans-
ducer design. Most of the engineers
responding felt that the primary area
of importance was that of understand-
ing and having a “feel” for music. In
second place was electroacoustics,
followed closely by disc cutting and
psychoacoustics. It would seem only
natural that an engineer would have to
have a thorough understanding of not
only the equipment, but also the medi-
um with which he is working. A study of
disc cutting would certainly help the
mix down engineer understand the
limitations of the art and enable him
to guide his final mix appropriately. The
three final areas of study that appeared
were, in order of importance, Music
Law, Electrical Engineering, and
Analog/Digital Computer Techniques.
Although the a/d computer techniques
appeared to be of the least importance
in relation to the other subject areas,
one might note that the importance of
this field will increase sharply over the
next several years as more and more
digital audio equipment appears on the
market. During the last few years alone,
we have seen the introduction of digital
audio delay lines and automated mix-
down systems, both spawned by the
computer age.

Indications of the advent of a new,
highly specialized, recording operation
are becoming evident throughout the
world. Dr. Ray Dolby of Dolby Labora-
tories noted during a recent telephone
conversation, . . . due to the growing
need for efficiency in the handling of
the complex and varied booking sched-
ules of studios today . . . there seems t0
have been a division of responsibility in
major recording projects. You may now
have a recording engineer, producer,
musical director, maintenance engineer
and tape machine operator all working
together on a single project. Because
of the tremendous growth of the re-
corded music industry, the making of
records is now a team effort, not a
solo performance by a versatile and
highly trained engineer/musician. The
need now is for more specialization.”
Perhaps due to the new need for spe-
cialization the old “Tonmeister™ con-
cept is becoming outdated.

As noted earlier, almost 95% of those
engineers responding to the survey
felt that, in addition to the classroom
training, a valuable part of the educa-
tional program would be spent in a
workshop situation, or on the job
training under the direct supervision
of a qualified engineer. However, at
the present time, this is almost impos-
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sible to accomplish. Dave Kent-
Watson, Director of Indigo Sound
Studios, Ltd., notes: “Basic theory
should be dealt with, after which prac-
tical experience is the only way to a
complete education. (However) as
studios are reticent about taking on
inexperienced staff, 1 feel that the
professional organizations should spon-
sor entry to a studio for training.”
The first school to sponsor entry into
the professional recording field was
the University of Surrey (England).
The School of Music at Surrey sct up

a program that led to a B. Mus. (Ton-
meister) degree. The tonmeister
concept is a rather old theory insti-
tuted by the Germans many years ago
in order to educate audio engineers.
The basic idea is that the student be
thoroughly educated in both physics
and music. At Surrey, during the third
year of studies, the student works at a
commercial recording studio as a
regular paid employee. The student is
required to file both oral and written
reports on his training upon his return
to the University. Quite contrary to
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the general employment situation, there
were more vacancies last year than
there were students.

Here in the United States meanwhile,
several schools now offer audio courses
that include regular visits to major
recording studios but do not offer the
student the opportunity to work in
the industry for several months as
part of his education.

How to Get a Job

After completing a program of study
in audio engineering, you will be faced
with the problem of how to get a job.
There are several employment agencies
claiming to specialize in the audio
engineering field. But as you will dis-
cover, they aren’t really interested in
the newcomer who will go to work for
somewhere around $5500 per year as
a trainee, but rather in the professional
engineer whose salary will pay off with
a big commission. Don’t let a put down
at the employment agency stop you!
The best way to find a job in this busi-
ness is to get dressed at 8:00 am and
go knocking door to door until you
meet the right person at the right place
at the right time. You might preface
your pavement pounding by mailing a
resumé to the studios that you will
be visiting. New York City is definitely
the wrong place to try to break into
the audio engineering  business.
Granted, there are dozens of studios
on the island of Manhattan, but the
last time I checked, there was one
studio that had a waiting list of some
125 people just waiting to work without
pay as messengers Or janitors, just to
be able to get inside a recording studio.
The most important thing about your
first job is that you should try to get
into a studio where there is someone
who is qualified to take you under
his wing and teach you the studio
business. Working in a studio without
proper supervision will lead nowhere
fast.

After seeing how hard it is to get
into the audio engineering field, you
might ask, what is being done to better
the situation? Several years ago, the
National Academy of Recording Arts
& Sciences formed the NARAS Insti-
tute in Nashville. The Institute, under
the direction of Mr. Henry Romersa,
has been responsible for the coordi-
nation of commercial music educational
programs throughout the country. The
Institute has also instigated the forma-
tion of several new courses in this area.
Last fall at the Audio Engineering
Society’s 46th Convention in New York
City a session was devoted to audio
education. Those attending, in excess
of 150, were not only audio engineering
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for your system? Just look at what we have to offer in the FAIRFAX line.
The FX-400, with a retail price of $269.95 is a floor-standing system
featuring twin isolated chambers. I is a three-way, ductec-port design with
two heavy-duty high compliance woofers, a five inch midrange and a
3%z inch tweeter specially constructed for wide dispersion.
Frequency response of the FX-400 is 20 to 20 KHz with crossover points
at 1 and 5.5 KHz. Impedence is 8 ohms and power capability is 8 watts minimum,
80 watts maximum. The oiled American walnut veneer cabinet
measures 28 x 14 x 28 inches and weighs 105 Ibs.
Our other speaker systems—there are seven models in the FAIRFAX
line priced from $79.95 to $399.95—offer the same quality in workmanship and
sound reproduction as our “'Top Rated”” models.
We suggest you visit your FAIRFAX dealer and have him demonstrate
the line. We're confident that after listening to our speakers
and comparing them to other speakers cf the same or higher price,
you'll agree FAIRFAX IS NUMBER ONE.
If your dealer is not a Franchised Fairfax Dealer, have him contact
us and we will send him a pair of speakers for your evaluation —at our expense.
Only FAIRFAX has the confidence in their product, and
your judgment, to make such an offer.

FAIRFAX

FAIRFAX INDUSTRIES iINC.
900 Passaic Avenue, East Newark, New Jersey 07029

In Canada: Omnimedia Carp. Ltd., Lachine, Quebac

THE SUPERSOQUND
LINE
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students, but educators, and well known
representatives of major recording
studios and product manufacturers.

It is happening slowly, but there is
a growing interest in the future of
audio engineering education.

Following is a partial list of the
schools that are currently offering
courses in audio engineering. Additional
information may be obtained by con-
tacting either the NARAS Institute in
Nashville, the Audio Engineering
Society in New York, or the author

Georgia Institute of Technology

Atlanta, GA 30332

Gilfoy Sound Studios
300 Gilbert Avenue
Bloomington, IN 47401

Illinois Central College
Box 2400
East Peoria, Il 61611

Institute of Audio Research
64 University Place

Seattle West Recording Corp.
319 North 85th Street
Seattle, WA 98103

Southern California, University of
University Park
Los Angeles, CA 90007

Surrey, University of
Guildford, Surrey, England

Tennessee State Technical Institute
Memphis, TN

in care of this publication. New York, NY 10003

Brigham Young University
The Brown Institute Provo, UT 84601
3123 East Lake Street

Minneapolis, MN 55406

Minnesota, University of
105 Morrill Hall
Minneapolis, MN 55455

Brown University
Engineering Department
Providence, RI 02903

Missouri, University of
Columbia, MO 65201

The following schools offer courses
in acoustics and/or noise control:

NARAS Institute
Box 12469
Nashville, TN 37212

Bolt Beranek and Newman Inc.
50 Moulton Street
Cambridge, MA 02138

Cincinnati, University of
Cincinnati, OH 45221

Eastman School of Music
26 Gibbs Street
Rochester, NY 14604

New York University
School of Continuing Education
New York, NY

Bruel & Kjaer Instruments, Inc.
S111 West 164th Street
Cleveland, OH 44142

Fanshawe College
1460 Oxford Street East
London, Ontario N5W 5HI, Canada

Recording Institute of America Synergetic Audio Concepts
15 Columbus Circle Box 1134
New York, NY 10023 Tustin, CA 92680

SPACE SAVING STEREO

The slim but potent 320MT modules handle 200Hz-up,
and are compact enough to fit wherever stereo or quad
effects are optimum.

So if your ears can’t tolerate small speakers, and your
home can’t tolerate big ones--get both. The CERWIN 320
Modular System.

Another innovative product from Cerwin-Vega. Write
now for data.

SPECIFICATIONS 320MT 320C

max. power input: 100w (RMS) 300w (RMS)
effective frequency range: 125Hz-22KHz 25-250Hz

max. sound levels: 128db @ 4’ 128db @ 4’
crossover frequency: 1500Hz; 4000Hz  200Hz
Why use three cabinets for a stereo system setup when + dispersion: 1000h., 45%v. 3600
two will do? Simple...to save space. Because a CERWIN speaker elements: spl. 12 mid-bass  (2) spl. 12"
320 modular system will give you all the sensational HF-91 reflective woofers
sound vou'd expect from a couple of stately floor- mid-high horn

standing giants, while taking up almost no usable living (2) dhorm tweeters
space. impedence: 8 ohms 8 ohms
dimensions: 6”x18"x14%" 25"x25"'x20”

O. Cerwin-Vega
6945 Tujunga
North Hollywood/CA/91605

(213) 769-4869

Key to the 320's unique performance is the separation
of the woofers from the mid-treble speakers. Since the
low frequencies are non-directional, the bass commode
(320C for two channels, 320B for one) can be located in
an out-of-the-way corner without regard to stereo effect.
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ESS is shaping the future of high fidelity with a
standard of loudspeaker excellence dzstined to be
tomorrow’s norm. incorporating the revolutionary
air-motion transformer invented by physicist Dr.
Oskar Heil ESS speakers have broken free from
bankrupt concepts of the past to achieve accuracy
so dramatic they deserve tc be called the loud-
speakers of the future.

Presently the high fideltiy industry evaluates per-
formance of speakers with a response curve that
measures the relative /oudness of various fre-
quencies. But our ears are not very sensitive to
loudness. Most people, for example, do not realize
that a mere 3 dB increase actually represents a
doubling of power because it is heard as just percep-
tibly louder. On the other hand, our ears are very
sensitive to the frequency content o* sounds. With
this faculty we can immediately recegnize a friend's
voice even over a crude telephone. The extraordi-
nary sensitivity of the ear in this area can be realized
by imagining yourself at a concert with the orches-
tra playing double forte. Amidst this avalanche of
sound, a single trumpet hits a wrong note and you
are immediately aware of this inaccuracy although
the trumpet represents only an infinitesimat fraction
of the sound power being produced.

Since our ears are so sensitive to the frequency
content of sounds, even the minutest amount of
frequency distortion will make us aware we are
listening to a reproduction. “Listener fatigue” occurs
as we unconsciously fight to ignore these distorted
inaccuracies which are produced by conventional
loudspeakers because, like all solids, their solid
diaphragms ‘‘store” energy. “Stored”’ energy is
what happens to piano strings when they are struck.
They take in energy at the hammer’s impact and
“store” it, releasing it slowly as a sustained tone.

It is this resonance that allows us to recognize

a vibrating solid as a block of wood. a bell, a cymbal,
or a gong. The solid diaphragms of conventional
speakers have such a resonance toa. This ‘“‘storage”
resonance is designed to be as short as possible,
but because the voice coil is always pushing and
pulling it is constantly being re-excited.

With the insight of a creative genius, Dr. Heil
developed the air-motion transformer, a driver that
does away with all these obstacles to accurate
sound reproduction and achieves a level of per-
formance never before experienced

The ESS Heil air-motion transformer adds absolutely
no coloration of its own; even the human ear, more
sensitive to coloration than any instrumented test
yet devised, can detect no impurity, and it is capable
of transient definition beyond the ability of the ear’s
resolution. Listeners are immediately aware of the
astonishing clarity and definition, extreme instru-
mental purity, and the incredible stereo breadth and
imaging produced by the ESS Heil air-motion
transformer.

Now there are four speakers that give you the high
adventure of the ESS Heil air-motion transformer at
prices surprisingly modest for systems so advanced.
tach one carries a lifetime warranty on the ESS
Heil transformer to the original owner. High

fidelity standards of yesterday no longer apply, so
hear tomorrow’s state-of-the-art today at any
franchised ESS dealer.

&=X.iNC. sacramento, ca. 95827
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Microphones-Vital Link
in the Recording Chaiin

Part 2

David Lane Josephson

OsT READERS of this article will no doubt be trying
M to achieve a stereo pickup in their recordings. This

is one of the toughest problems in making good
tapes—getting the “stereo effect”—because, especially in live
recording, stereo is not “two monaurals.”” Rather it must be
a complex aural experience leading to the listeners’ illusion
that they are actually where the recording took place. The jump
from mono to stereo is much more difficult than the jump from
stereo to quadraphonic, since four-channel, in this context, is
an extension of the stereo effect.

STl |

Fig. 1—Single mic pickup of piano. Single mic shown
may be replaced with two for stereo; they should be
placed one cn either side of the mono mic position and
about 18 in. from where the mono mic would be. Distance
between piano rim and mic(s) may be varied from six to
12 feet to achieve a balance between direct and re-
flected sound.

34

Recording engineers have arrived at two basic means to
obtain the stereo effect. One is an imitation of the way human
ears perceive this depth-and-position sensation, known as
binaural; the other uses a great number of microphones, each
placed quite close to one particular sound source and then
mixed to create a synthetic stereo illusion, known as multi-
tracking. Since the amateur recordist usually doesn’t have
the huge number of high quality mics and mixing gear re-
quired for multi-tracking, this guide to microphone placement
will stress variations on the binaural technique, using at most
two microphones per recording channel.

Pickup of a single voice is probably the easiest microphone
placement problem a recordist will run into, but it is by no
means simple. Any good quality microphone may be used. A
velocity mic will provide an extra fullness, another intangible
characteristic that isn’t reflected in a microphone’s specifica-
tions. Most recordists mike much too close to the speaker—
this may give a bassy “studio sound” that some appreciate,
but it is not an accurate pickup. Some mics, such as the
Neumann U87 and Electro-Voice REIS, incorporate bass
rolloff switches that reduce the response below 150 Hz or so
by as much as 10 dB, to compensate for the bass accentuation
that occurs when any microphone, especially a unidirectional
one, is used close to the sound source. Sometimes, in voices
lacking depth and assurance (most amateur announcers), this
proximity effect will be beneficial.

Omnidirectional dynamic mics, such as the Shure SM-60 or
Electro-Voice 635A, are often used for voice pickups since they
are relatively insensitive to wind and breath noise, and because
of their lack of proximity effect, usually sound smooth and
natural. Additional noise reduction—to the almost complete
exclusion of all wind, breath and handling noise—may be had
with the isolated mics similar to the SM-60 and 635A, the Shure
SM-61 and EV RE-50. With this type of mic, the announcer or
singer may be placed as close as six inches from the mic with-
out any severe proximity effect or breath noise. Unidirectional
mics, unless equipped with bass rolloff and very effective
windscreens, must be used no closer than 12 inches—prefer-
ably two feet—from the speaker. Bidirectional velocity mics
must be placed no less than two feet from the announcer, for
accurate pickup.

Placing the microphone(s) directly on the table or lectern,
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NVISIBLE
SCOUN

For the first time in your life, you can hear music precisely as it was recorded.
Down to the last incredible detail.

Until now, the very best high fidelity loudspeakers have been described as transparent,
Now, innovative design and precision engineering have made it possible to take a
giant step beyond transparency-to the Invisible Sound of Braun speakers.

Music passes through Braun speakers with such natural clarity the speakers seem to
disappear. Only the music is real. Once you experience the Invisible Sound of Braun
speakers—the ear-opening sound of live music in your living room-youll never be
satisfied with conventional speakers again.

We'll be happy to explain to you how and why Braun, and only Braun, is able to
achieve Invisible Sound. We'll also describe our complete line of speakers in detail,
and send you the names of the selected group of Braun dealers in your city.

Write. Braun Loudspeakers, 377 Putnam Avenue, Cambridge, Massachusetts O2139.
Phone. 617/492-0970.

THE SOUND OF BRAUN
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174 greatest
L. 5 Innovation
since

solid state

THE TUBE. Many audiophiles think it’s old-
fashioned. They’re thinking of yesterday’s tube
equipment, with its poor circuits, poor tube
types, and design problems. Today’s improved
tubes, combined with modern technology, de-
liver better audio reproduction than present
solid-state electronics. In Audio Research
components, the tube becomes a positive
breakthrough.

The vacuum tube is just one of the many
innovations in Audio Research equipment.
There’s our own patented circuitry and power
supply regulation, plus the toughest manufac-
turing and quality control standards in the in-
dustry. That’s why our preamplifiers and power
amplifiers deliver unequalled accuracy and
subtlety across the full range of musical fre-
quencies. We call it “high definition.” We've
also got the speaker that does justice to the
finest components —the MAGNEPLANAR*
Tympani Series, based on a design so unique
it won a top award in a national inventors’
competition.

Audio Research equipment has more to offer
the demanding audiophile than any other com-
ponents -on the market. Arrange for a demon-
stration at your dealer. Once you've heard
what Audio Research innovations mean to
music reproduction, you won’t be satisfied
with anything less.

*TM MAGNEPAN, INC.

audio research
corporation

Box 6003/Minneapolis, Minnesota 55406
Tel: (612) 721-2961

|

MAIN MICS |

CLEFIN
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AMBIENCE MIC ~ ¢
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Fig. 2—Stereo pickup for upright piano. The main mics
are placed about four feet apart, equally spaced from the
two ends of the piano and an equal distance (about 18 in.)
from the piano back and the wall. The ambience mic may
be recorded on a separate track and mixed into left and/
or right later, or may be mixed into left and right during
recording. Some mixers have a panpot or “‘blend’’ channel
and this is how it is used.

Check No. 3 on Reader Service Card

rather than on a stand, will reduce reflections that can add
a tinny quality to the recording. Covering the table with felt
or any similar sound-absorbing material will also reduce this
form of aural multipath distortion.

Miking Pianos

Piano pickups are another very simple type of setup. Grand
pianos should be placed in the one position they were designed
to be used in—with the lid at full stick. Some engineers advo-
cate leaving the lid closed, or opening it to half-stick, or even
removing the lid entirely. But the piano was designed to be
used at full stick, and the most accurate and natural-sounding
pickup almost always results when it is recorded this way. In
mono, a single microphone, preferably capacitor or velocity,
should be placed about six feet off the floor, on a line parallel
to the keyboard but centered in the middle of the sounding
board, eight feet out from the rim of the piano. If the bass is
too prominent, the mic may be moved toward the front (key-
board) of the piano, still maintaining the eight foot distance
from the rim. Conversely, if the treble is prominent and the
sound is harsh or bright, the mic may be moved toward the
rear of the piano. The distance from the mic to the rim should
be decreased only if the room is too reverberant, and then only
to a minimum of four feet. Unidirectional mics are usually
used to eliminate extraneous noises. A stereo effect may be
created using two microphones, placed about three feet apart
(each about 18 inches from the center line). Height and distance
from the rim of the piano should not be changed. Two pianos
may be miked with one omnidirectional or bidirectional mic
as shown. Two unidirectional mics are used for stereo.

Upright pianos present a sort of diamond-in-brass problem.
They were not designed for use except in places where grand
pianos could never fit. The compromises made to reduce the
size usually render them less fit for music recording—but it



The Sansui SR-212.
Fine music on a pl

t-
. &

Put your favorite record
cn the large 42" aluminum
platter of the new Sansui SR-212
cutomatic return turntable and you
vill be pleased with the results. You'll
be pleased with the ease of operation.
A cueing control that lets you place the
armatany pointon the disc and go “automatic™
from there. You'll be pleased with the reliability
and rugged construction of the SR-212's belt- d-iven
full size platter powered by a 4-pole synchronous motor.
You'll be pleased by the statically balanced S-shaped arm
and anti-skate features. You'll be pleased by the solid stability as-
sured by Sansui's multiple point suspension system. You'll be pleased by
Sansui's added features of handsome wood base and hinged dustcover.
And, most of all, you'll be pleased by the reasonable price that goes
with this new Sansui turntable. Hear it at your nearest franchised Sansui dealer.

SANSUI ELECTRONICS CORP. Woodsice, New York 11377 « Gardena. Califoria 90227
SANSLE ELECTRIC CO..LTD., Tokyo. Japan « SANSUI AUDKO EUROPE S.A, Antwerp, Belgium
Chack No. 22 on Reader Service Card
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Fig. 3—Acoustic guitar pickup using a bidirectional
velocity mic, in this case the RCA SK-66. Most velocity
mics have a bass rolloff of some sort, either fixed or
variable, that can be used to counteract the proximity
effect to be expected when the mic is used this close.

can be done. Most of the sound is produced from the back of
the piano and reflected from the wall. The piano should be
spaced about two feet from the wall, and the mic placed above
the piano. The lid (if you can call it that) may be raised for a
little more brilliance. The distance between mic and piano
should be between four and eight feet but experimentation
is called for. Player pianos may be miked the same way, ex-
cept that the mic may have to be raised further to eliminate
mechanical noises. A zero-reflectance pickup with the mic
on the ceiling might work well for this sort of pickup.
Electric organ pickups have been described as “duck soup.”
Simply place one mic directly in front of the unit’s speaker,
about four feet out. Since these units are entirely electronic,
the microphone may as well be dispensed with, except for
pickup of room acoustics and/or vocals. Most electric and
electronic organs have tape recorder outputs that tap directly
into the amplifier. Pipe organs present an entirely different
miking requirement. Good capacitor mics are almost a neces-
sity for pipe organ pickups, although good velocity and omni-
directional dynamics have been used. The main criteria is that
the frequency responsc must be as flat as possible down to
30 Hz and up to at least 16 kHz. In this type of pickup, since
the acoustics of the room have probably been designed for
organ, the natural ambience is important. This calls for mic

placement further away than would be expected. Church
organ pickups generally may have a great deal more reverbera-
tion than might be desired in an electric organ pickup. Walk-
ing around the church during a rehearsal will help find the
best spot for a single-mic pickup for the organ, which should
be employed if at all possible. An accent mic should be used
for the choir. This may be a unidirectional capacitor or dy-
namic unit.

Guitars and Strings

Guitar pickups are another subject of acute controversy
among professional recording engineers. Generally the pre-
ferred technique is to use a good unidirectional capacitor mic
one to two feet out from the sound hole of the instrument and
directly out from it. A good omnidirectional dynamic may also
be used. The main problem with guitar pickup is the great bass
accentuation when the mic is any closer than two feet. This
is, of course, especially troublesome when a unidirectional
mic i1s used, and if a bass rolloff switch is available on this
type of mic, it should be switched in. Any acoustic guitar,
lute, mandolin, ukelele or banjo may be miked this way. With
banjos, only capacitor mics should be used because of the
necessity of preserving the “twang” and sharp attack time
that characterizes this instrument.

Electric guitars may be miked in one of two ways. Either
the output from the unit itself may be fed into the recorder,
or a single good dynamic or capacitor mic may be placed in
front of the amplifier speaker. If any sort of effects (fuzz,
reverb, tremolo, etc.) are used, the latter method must be em-
ployed. Since fuzz tone depends on good square wave re-
sponse, capacitor mics should be used if this effect is pre-
dominant. Electric basses may be miked the same way, al-
though any decent dynamic or velocity mic may be used.
Contact mics should be avoided like the plague, both for
electric and acoustic guitars. In most cases, these are simple
crystal units, with response dropping sharply below about
200 Hz. The standard electric guitar pickups depend only on
changes in a permanent magnetic field caused by movement
of the steel strings, and this usually provides an accurate
pickup.

Classical stringed instruments such as violin, cello and bass
should always be miked with capacitor mics if they can possibly
be obtained. Accuracy in pickup of bowed stringed instruments
depends mainly on the untarnished rendition of the complex
harmonics of the basic note. Violin harmonics extend past 18
kHz, and it is important to use mics that will respond linearly
to this high frequency. Omnidirectional capacitor mics are
ideal for this type of pickup. Only two need be used in achiev-
ing a very realistic and accurate stereo effect.

(To be continued)

Addenda

The Revox Corp., American distributor for the Beyer
line of microphones, complained about the conten-
tion in the December, 1973, AubpIo that velocity micro-
phones werc heavy and susceptible to damage due to
strong wind or breath noises. The firm’s representative
stated that Beyer mics, pressure gradient ribbons though
they may be and not velocity units, were “tarred with the
same brush.” Revox very kindly loaned this writer three
samples of the Beyer pressure gradient ribbon mics for
testing.

First, let us be clear that nor all mics that use a ribbon
element are velocity microphones. In order to be a true
velocity mic, the ribbon must be open to the air front
and back for its whole length. These mics are usually very
heavy and always very susceptible to strong coughs and
wind. They are also certain to be damaged by high-level
impulse noise, such as a close-range shot from a timer’s

38

gun at a sporting event. The steep rise and fall of the
pressure from this sort of noise simply snaps the ribbon.

On the other hand, pressure gradient ribbon mics, such
as the entire Beyer line of ribbon mics, the RCA BK-58
and 77-DK (in unidirectional position), the Shure SM-33,
can be made much lighter (they require less magnet) and
much smaller, some as small as small dynamic units. Since
more than half of the ribbon is nor exposed to the air in
the rear but rather ducted to an acoustical labyrinth which
is sealed to outside air, the pressure gradient ribbon mics
are much less sensitive to damage caused by breath noise
or wind. The mics tested, the Beyer M-160, M-260 and
M-500, and the Shure SM-33, all seemed to be impervious
to damage from these causes. when subjected to extremely
loud feedback and repeated breath and wind noise over a
five-day period by an electric guitar class at the Middle-
town, Calif., High School. In short, the pressure gradient
ribbon mics aren’t nearlv as fragile as their velocity an-
cestors. Ed
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s 4-Channel Challenge

We challeng= any other mar Jfacturer
in the world to surpass the performancs
cf A<Al's new 4-chaqnel compoment com-
tinetion. You can pay more. Butvou can't
buy better.

Here they ar2.

First is AK2l s rew AS-380 &channel
r2ceiver. Endowned with sophistizated fea-
tures for unparailel2d performa-ice. Sen-
sitive and powerful the AS-98C provides
& cantinuous oL tou” of 120W (3Cx 4). Plus
4sedarate 4-channel modes: Discrete, SQ,
RM._and built-inCD4 with individual sepa-
ration controls ... It's everyth »g you'd
expact AKAI's /-irmate receiver “o be. -

Unequalled rearoduction guality is
you-s with AKAFs tew GX-2BaD-SS. It's
& fully discrete 4-channel tape deck that’s
glsc 2-channel comaatible. The _tilization
¢f 2 individual heads—includirg AKAI's
exc usive GX glass znd crystal heads (dust
f-ee and virtually wear free)—anz 3 super-
kly engineered amd balancez motors
make this unit t% grofessional 2-channel
pe deck for recording and playoack.

Together, -hese units a2 AKAl’s
tnkeatable 4-ckhannel chal enge—
providing professional 4-chan-el capa-
bilifies that no oher equipment ombina-
tor can match 4

Both the AS-98D receiver arJ the GX-
£80D-SS tape deck are availabi2 at your
nearest AKAI Cealer ... Whenewer you're
ready to make that Litimate stépmp. That's

e

AKAl's 4-channeld challenge.

AKAI| Ameriza, Ltd. / 2133 £. Del Am> Bivd., Compton, California 90220
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Tandberg Model TR-1055 FM/AM Stereo Receiver

sacenee T
JANDBERD ammeo

MANUFACTURER’S SPECIFICATIONS
FM TUNER SECTION: IHF Sensitivity: 2.0 uV (1.8 pV typical).
S/N: mono, 68 dB; stereo, 66 dB. THD: Mono, 0.2%; Stereo,
0.3%. Selectivity: 80 dB. Capture Ratio: 0.9 dB. Frequency
Response: 20Hz to 15,000 Hz (-3 dB). Separation: 40 dB.
AM TUNER SECTION: IHF Sensitivity: 600 uV/Meter (internal
antenna); 60 uV (external antenna). Selectivity: 45 dB. IF
Rejection: 52 dB. Image Rejection: 39 dB. THD: 1.0%.
AMPLIFIER SECTION: Power Output: 55 watts/channel, 8 ohm
loads, both channels driven, any frequency from 20 Hz to 20
kHz. THD: 0.2%. IM: 0.2%. Power Bandwidth: 4 Hz to 40
kHz. Damping Factor: {1 kHz): 55; (20 to 20,000Hz): 50.
Frequency Response: 7 to 70,000 Hz, -1 5 dB. Input Sensi-
tivity: Phono, adjustable from 2 mV to 8 mV; Tape 1 and 2,
adjustable from 150 to 600 mV. Phono Overload: 100 mV.
Preamp Output Level: 2.0 V. Main-amp Input Level: 220
mV.
GENERAL SPECIFICATIONS: Dimensions: 17 in. W x 4% in. H
x 12 in. D. Weight: 23 ibs. Price: $579.90 (cabinet included).
The Tandberg Model TR-1055 is more than just a worthy
addition to that company’s line of receivers which began with
the TR-1020 reviewed here more than a year ago. It is a superb
product in every sense of the word and is NOT just a higher-
powered version of the earlier entry. The sole criticism you
will find in this entire review has to do with the listed specifi-
cations presented by this reputable manufacturer from Norway
—and that is a two-fold criticism. First, the company failed to
give us enough specifications, omitting such important numbers
from their instruction booklet as AM suppression, Spurious
Response Rejection, Image Rejection and IF Rejection. Since
all of these parameters turned out to be excellent, Tandberg
could have done themselves a lot of good by being more
complete in their tabulation of performance specifications.
Second, those specifications that are listed are almost without
exception too conservative for the highly competitive US.
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Fig. 1—Rear panel.

market where manufacturers tend to squeeze every last watt
and microvolt (and then some) out of their products!

Seriously, though, the TR-1055 is a handsome receiver—
inside and out, and resembles the earlier TR-1020 in panel
layout and execution. Clean aluminum extruded bars break up
the long expanse of panel into easy-to-use and read sections,
with a well illuminated AM and FM dial scale, a signal strength
and center-of-channel meter and a large tuning knob occupying
the upper section. Below the meter area are a series of illumi-
nated words which light up to tell you mode of operation and
presence or absence of such extra circuits as filters and loud-
aess control in the audio chain. The center “bar” is legibly
and boldly marked with the names and functions of the push-
buttons and rotary controls located directly below. These in-
clude a power on/off switch, muting switch, stereo/mono FM
switch, five program selection buttons (FM, AM, Phono. Tape
1 and Tape 2), tape monitor button and volume, balance, bass,
treble and speaker selector in the form of easy to grip rotary
knobs. This row also contains the usual phone jack and a “Tape
3" jack which, besides enabling you to connect a tape re-
corder directly via the front panel is special in another way.
The lower bar of aluminum which looks for all the world like
an immovable part of the front panel is in reality a hinged
flap which, when pulled down reveals such secondary controls
as a mono/stereo selector. a mono-L(eft) selector, mono R(ight)
selector, rumble filter switch, loudness control switch, a pair
of high-frequency filters and a unique pre-amp record button
which allows you to use the aforementioned Tape 3 jack with-
out bypassing tone, volume, balance and filter controls for
altering the tonal response of the recording in process. We
honestly can’t think of a single control facility that Tandberg
might have added to this panel—and yet. when that flap is
swung back into place, the Tandberg TR-1055 looks un-
cluttered, clean and elegant. Incidentally, in case the flap is
closed and you’re not sure of how the Tape 3 jack is in the
circuit (bypassing controls or not) a light in the dial area lets
you know that at a glance too.

The rear panel of the TR-1055, pictured in Fig. I, contains
conventional phono tip input and tape output jacks, with each
pair of jacks supplemented by a standard DIN socket. Speaker
connections for two sets of stereo speakers also provide a
dual option—regular screw terminals or polarized sockets. By

Fig. 2—View of the chassis.

40

AUDIO - JULY 1974



connecting corresponding plugs to your speaker cables you are
assured of correct phasing if speakers should have to be un-
plugged and reconnected for any reason. The rear panel also
contains preamp-main-amp jumpers which permit you to
separate the two sections and insert a variety of auxiliary
products such as equalizers, reverb units and the like. Antenna
terminals are provided for either 75-ohm or 300-ohm trans-
mission lines and a pair of a.c. outlets (one switched, the other
unswitched) and grounding terminals complete the back panel
layout.

But there is more! If you lift up the chassis and look under it
you will find three input level controls (one for phono, and
two for the pair of “Tape” inputs). These permit you to equal-
ize the levels of these program sources with respect to the
built-in AM and FM facilities but, more important, they permit
you to adjust overall levels so that the front panel loudness
control circuit, when used, becomes a precision device for aural
compensation at low listening levels, rather than the “extra
bass boost circuit” which it has been degraded to in less am-
bitious designs. To repeat—Tandberg thought of everything
this time!

Figure 2 shows the inside of the chassis, which is a model of
orderliness and careful circuit layout. There are separate
modules for the low-level preamp circuits, tape selector board,
tone control circuits, power amplifier circuits, AM tuner
circuit, FM-if. and MPX circuit and left and right power
supply sections. An interesting innovation is Tandberg’s use
of two separate rectifier systems to power left and right
channels. There are even small separate modules for circuit
fuses and the various pilot lamps discussed earlier. The FM
front end contains a pair of dual gate FET’s plus two con-
ventional r.f. transistors and tuning is accomplished elec-
tronically through the use of four back-to-back varactor diode
pairs. The Lf. section contains, in addition to two stages of
amplification tuned by permanently aligned solid state filters,
a multi-purpose CA-3089 IC which amplifies, hard limits and
quadrature-detects the composite audio signal. Although this
IC requires only one tuning coil, Tandberg has elected to use
a double-tuned, primary-secondary quadrature coil arrange-
ment for greater linearity and lower distortion in the re-
covered audio. The heart of the MPX circuit is a single IC
which operates in the phase-lock-loop mode and requires no
coils or alignment. Nine additional transistors are used in
this circuit and twin-T notch filters effectively reject carrier
products from the output lines. Tone control circuits are of the
feedback type, and two degrees of filtering siope rates are
provided for the two hi-cut circuits. Each power amplifier
section is fully direct-coupled from input to output, with a
differential amplifier in the input stage for proper bias sta-
bility. Thermally activated switches as well as mechanical
relays interrupt connection to the speakers in the event of
overloads, shorts or other problems which might otherwise
damage the set.

Tuner Section Measurements

THF sensitivity of our sample measured 1.7 uV—more like
the 1.6 pV “typical figure” stated by Tandberg than the
“nominal” 2.0 uV listed. 50 dB of quieting was achieved with
an input signal strength of just under 4.0 pV, while ultimate
quieting reached exactly 70 dB as opposed to the 68 dB claimed
for mono FM. Mono and stereo quieting and THD curves are
plotted in Fig. 3. In stereo. S/N reached 65 dB with no external
high frequency filters connected between the outputs and our
measuring equipment. This means that not only was the
random noise level down by that amount, but that all sub-
carrier products (19 kHz, 38 kHz, etc.) were also suppressed
by at least that amount.
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The ultimate THD measurements constitute a “first” in
our laboratory. This is the first time we have measured identical
values of THD for both mono and stereo performance—0.2%!
Who said it couldn’t be done? Tandberg claims only 0.3% for
stereo—but our sample proved to be better than that. A couple
of other firsts are represented in the graphs of Fig. 4, where
mid-band separation for stereo FM reached an incredible 50
dB—the theoretical limit of our stereo generator. Separation
remained well above 35 dB all the way down to 50 Hz, de-
creasing to about 30 dB at 10 kHz. THD in stereo at very low
frequencies approached 1.0%, but at the higher frequencies,
THD was the same for both mono and stereo, approaching
0.5% at about 10 kHz with no evidence of “beats” observed
in either the meter readings or the ’scope display used to
examine the distortion components.

Other measurements made of FM performance were a
capture ratio of 0.9% (as claimed), selectivity of 85 dB (better
than claimed) and spurious response rejection in excess of 90
dB. Automatic switching to stereo takes place with an input
signal strength of 5 uV, while the muting circuits are adjusted
to allow reception of signals of 3 uV or higher.

The AM section, while not the most sensitive we have mea-
sured, proved to have excellent selectivity and relatively low
distortion—0.8% for 30% modulation. AM tuning, unlike the
FM arrangement, is done by means of a conventional variable
capacitor and i.f. stages in this section are tuned by means
of conventional interstage transformers. Lf. rejection mea-
sured 52 dB as claimed. while image rejection was a bit better
than 40 dB. Calibration of both the AM and FM dial scales was
extremely accurate from one end of the band to the other.

Amplifier Measurements

Harmonic and Intermodulation distortion characteristics of
the amplifier section of the TR-1055 are shown in Fig. 5, the
former with an input signal of 1 kHz applied to the Tape |
inputs. Under these test conditions, with both channels driven
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and connected to 8-ohm loads, power output reached 66 watts
for the rated THD of 0.2%. Tandberg makes no claims with
respect to this measurement, preferring to quote power output
over the entire frequency range from 20 Hz to 20 kHz at 55
watts.

Figure 6 is a plot of power bandwidth which extends from
4 Hz to 60 kHz (as opposed to the 40 kHz limit claimed by the
manufacturer). Note that at 10 Hz, the curve crosses the 0 dB
level, corresponding to 55 watts. At the high end of the audio
range, the amplifier actually produces a bit more than 55
watts. At the rated power output, THD at 20 kHz measured
0.08%. as shown in the continuous frequency vs. THD graph
of Fig. 7. While we normally present frequency vs. THD curves
for three different power levels (full power, half power and
1 watt levels), there was no point in showing the lower output
curves in the case of this receiver, since even at full power
output, THD was below 0.2% for all measured frequencies.
At the one watt level, the curve would have actually crossed
the “full power” curve because of residual hum. Residual
hum measured via the Tape input terminals was ~76 dB with
reference to full output. Phono hum measured -66 dB with
reference to a 2 mV input signal and with the input sensitivity
adjusted for maximum sensitivity. Since most magnetic car-
tridges will produce more than 2 mV nominal output with
typical record groove velocities of 3.14 cm/sec., this hum
figure is quite impressive and must be interpreted in the light
of actual cartridge outputs rather than with respect to the high
sensitivity circuits of the phono preamplifier of the TR-1055.
Overall frequency response was flat within 1.5 dB from 4 Hz to
70 kHz. At 100 kHz, audio response was down 2 dB. Phono
overload occurred at anywhere from 35 mV to 100 mV,
depending upon the setting of the input sensitivity control.

Tone control, loudness. and filter response characteristics
of the Tandberg receiver are plotted in Fig. &, and if you want
to see how filters should be designed for greatest effective-
ness, take a look at the steeper sloped hi-filter and the low-cut
filter curves. Note that at 80 Hz and 8 kHz the filters have just
barely begun to cut into the response, while at 30 Hz (a prom-
inent “rumble” frequency) and at about 17 kHz, attenuation
produced by these two filters is some 15 dB. The alternate
hi-filter has a more gradual slope and is intended for use
when moderate high frequency attenuation is desired. Alterna-
tively, both high filters may be used in tandem, which results
in a somewhat steeper attenuation of highs with a lower
crossover frequency.

Listening Tests

Before describing our reactions to the Tandberg TR-1055
under actual listening conditions, there is a useful, additional
“surprise” on the front panel which we found. When you pull
out on the speaker selector knob, the signal strength meter
becomes a power output indicating meter. Since it is cali-
brated in arbitrary numerals from 0 to 20, Tandberg thought-
fully supplies a chart in the owner’s manual which relates meter
readings in this mode to actual power output, depending upon
speaker impedance. A very handy addition for such a power-
ful set if you have any doubts about the power handling
capacity of your associated speaker systems.

We were not surprised to find that FM performance. and
particularly stereo FM, was superb. The very excellent capture
ratio of this unit actually resulted in audibly better stereo FM
—particularly from those stations where we ordinarily detect
small amounts of multipath distortion even with “best” antenna
orientation. Not a single “usable” signal was blocked by the
introduction of the muting circuit, thanks to its very low but
effective threshold setting of 3 uV.
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As for the amplifier section, the availability of full power
even down to 20 Hz made an audible difference as we tried to
drive our low efficiency speaker systems to louder and louder
listening levels. We must confess that they “gave up” before
the amplifier section of the TR-1055 did—especially on low,
low buss passages of music. This was confirmed by continued
monitoring of the amplifier’s output waveform while listening
to different program material. There’s enough reserve power
here to really take advantage of dual location of pairs of
speaker systems—even low efficiency types. We did find that

the treble emphasis afforded by the loudness control was a
bit much for us, and so if you use the loudness control at low
listening levels you may want to turn your treble control down
to about “10 o’clock” to offset this slightly exaggerated treble
emphasis. Chances are, though, that when you are working
with this powerful unit, you’re not going to spend much time
listening to “background music”—it’s just too fine an instru-
ment for “casual” listening. Leonard Feldman

Check No. 50 on Reader Service Card

Technics by Panasonic SL-1200
Direct-Drive Player System

MANUFACTURER’'S SPECIFICATIONS:

Speeds: 33', 45. Platter Diameter: 13 in. Material: Alumi-
num. Weight: 3.86 Ibs. Motor: 20-pole rotor, 15-pole stator,
ultra-low-speed d.c. brushless motor. Variable Pitch Control:
+ 5%. Wow and Flutter: Less than .03% weighted r.m.s.
Rumble: Better than —65 dB (DIN A), -70 dB (DIN B). Dimen-
sions: 17'Y, in. W, 13%,, in. D, 7%, in. H. Weight: 22.1
Ibs. {with dust cover). Price: $279.95.

TONEARM SECTION: Direct-reading stylus-force adiustment,

" ’5

»

'

Fig. 1—Underside of chassis with protective molded
plastic cover removed.

static-balanced type, universal head shell, anti-skating device.
Effective length: 82/, in. Overhang: %, in. Stylus force:
0.4 grams. Arm Resonance: 10 Hz. Tracking Error Angle:
Within + 2.0 deg.

This is a beautiful instrument. Anyone who has any interest
in mechanical devices would derive considerable pleasure in
inspecting it to say nothing about connecting it up to his stereo
system or even to a CD-4 installation, since it is already pro-
vided with low-capacitance leads in readiness for discrete four-
channel applications. The measured capacitance is 70 pF, which
is exceptionally low.

The motor itself is an interesting device—no commutator,
and a speed selectable by a switch to either 33% or 45 rpm so
as to drive the turntable directly without the need for any
speed-reducing drives which were almost universal a year
ago--no belt, no idler, no mechanical movement to change
speeds. The speed is controlled by an electronic circuit, and
although adjustable over a range of + 5%, it remains exactly
where it is put with no dependence on line frequency or, within
limits, on line voltage.

The cast chassis is relatively heavy, and is mounted on four
“audio insulated” legs which combine springs and damping
material for the insulation, and yet may be rotated to adjust
levelling of the platter. The large platter—I13-in.—extends
beyond the record area to provide the stroboscope markings:
four rows of die-cast “dots” for both 50- and 60-Hz line fre-
quency for the two speeds. The mat is molded rubber, attrac-
tively ribbed, and of the full diameter of LP records. Cast in
the chassis is an opening for the 45-rpm adapter disc. Cleverly
made with two “levels,” the adapter is lifted into a position
where it may be grasped easily by pressing slightly on the back

Fig. 2—Close-up of arm mounting
stylus-force adjusting knob, cue control,
control, and arm lock.

showing balance and
anti-skating

44

AUDIO - JULY 1974



and distortion foo.

And . .. JVC has the brochu-e to show you hew. It explains ANRS (Automatic Noise Fe-
duction System) .. why it's better for your ears, your audio system and your pockst-
book. Now, with JVC Cassette Decks, you can have clean, crisp, “reel-to-reel” fidelity . . .
plus cassette features like: 2 Studio-type VU meters accurate enough to be used for
studio recording . ..a peak level indicator to signal when distortion reaches critical
levels .. .a 3 digit counter with a memory .. . long life Cronias/Ferrite heads .. .a
hysteresis synchronous motor . . . automatic eject system with photoelectric cell . . .
eject button . .. 100% solid state . . . precision slide controls . . . push button function
control panel . . . a frequency response of 30 - 19,000 Hz. . . .

Before you invest in a cassette deck ... invest in a 10¢ stamp ... write for this unigue,
informative brochure on how to make tape hiss nonexistent. THE BROCHURE 1S YOURS FREE!
Just send the coupon below to JVC America, Inc., 50-35B 56th Road, Maspeth, New York 11378.

Check No. 13 on Reader Service Card




half. Along the left side of the chassis toward the front is a
housing for a neon lamp which illuminates the rows of dots
comprising the stroboscope. At the front left corner is a three-
position lever switch for power and speed selection, and to its
right are two small knobs for vernier adjustment of speeds.

The tonearm is just as loaded with unique—or at least in-
telligently designed—features. It has all the usual functions and
characteristics such as offset, angled horizontal pivot, viscous
damped lift and lowering mechanism, locking cartridge head,
and so on, but all in a precise form. The one feature that is
unique, in our opinion, is the adjustment for balancing the arm.
This is a true rack-and-pinion type of adjustment, which is not
unusual; many turntables are so equipped. But, once the car-
tridge and arm are balanced, the balancing knob is then pulled
outward and presto! the indicator is automatically at zero, and
the desired stylus force is set with the indicator functioning
correctly. The arm height is readily adjustable, as is the amount
of lift after the correct normal position is set. Similarly, the
amount of anti-skating compensation is set by adjusting a knob
to the indicated stylus force position.

The dust cover of smoke-colored plastic is molded with slots
which engage with the hinges mounted on the rear of the
chassis, providing easy removal when desired. yet holding the
cover in the upraised position firmly during record changing
operations.

Electronic Speed Control

The motor, described as a brushless d.c. unit, actually
operates on pulsating d.c. controlled by three power transistors,
which are in turn controlled by the interaction of a locally
generated signal of approximately 50 kHz with a toothed wheel
which rotates with the platter. The signal is picked off by three
coils which effectively generate a three-phase 50-kHz signal.
These three signals are rectified and compared to a reference
voltage from the regulated supply and in turn control the
power transistors which govern the pulsating d.c. which actually
drives the rotor and hence the platter. The advantages of this
system are that there are no 60- or 120-Hz a.c. hum-producing

fields around the motor, and the correction signals fed to the
driving power transistors operate so fast that there is practi-
cally no deviation from the predetermined speed. Wow and
flutter figures are sufficient proof of this.

Measurements

As usual, the normal system of measurements were made
with this unit to substantiate the specifications of the manu-
facturer. Using NAB specifications, wow and flutter measured
0.4 per cent. Measured separately, wow was 0.04% and flutter
was 0.035%, all within specifications. Noise and rumble to-
gether measured -58 dB below a stylus velocity of 3.54 cm/
sec at 1000 Hz. This measurement was made over the whole
audio spectrum, but machine-run curves supplied with the
machine showed noise and rumble levels ranging between
-50 and -60 dB in the vicinity of 25 to 35 Hz, with no peak
levels exceeding —65 dB over the spectrum above 45 Hz. Truly
remarkable performance. While line frequency variation had
no effect on speed, line voltage did. With the line voltage
lowered to 85, speed dropped off materially. This is un-
doubtedly not a function of the motor itself, but of reduced
operating voltages for the electronic portions of the mech-
anism which may cause a shift in frequency of the local
oscillator, or insufficient potential to maintain complete regu-
lation. However, in most instances the normal line voltage
usually exceeds the nominal 117, often rising to 125 or more
during off-peak-load periods. In our tests, speed/voltage con-
sistency was within 0.2% from 90 to 125 volts.

In addition to the fine packaging of the SP-1200, now practi-
cally standard with any high-quality Japanese-built product,
the ‘unit is furnished with the ubiquitous polishing cloth, the
necessary screws for mounting the cartridge, the 45 adapter,
a small screwdriver, and a tube of special oil for the motor,
which requires ten drops of this oil after 2000 hours of play-
ing—which amounts to 5% years if the device is used only one
hour per day. The tube of oil should last at least as long as the
turntable’s owner. C. G. McProud

Check No. 51 on Reader Service Card

Frankmann Integrated Stereo Speaker System

MANUFACTURER’'S SPECIFICATIONS

Speakers: Woofer: Four 12-inch, each channel; Midrange:
Four 8-inch direct radiator, each channel; Tweeter: Four
diffraction horn, each channel. Crossover Frequencies: 200
Hz, 5 kHz. Crossover Type: 12 dB per octave. Weight:
Woofer: 185 Ibs.; Satellites: 30 lbs. each. Size: Woofer: 31
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in. H x 49% in. W x 24 in. D; Satellites: 43 in. Hx 9 in. W
x 6 in. D. Price: $1300, utility cabinet; $1600, stained wood
cabinet.

Measuring 31 x 24 x 49 inches and weighing 185 pounds,
which would be considered a massive speaker by anyone’s
standards, the Frankmann stereo reproducing system is mar-
keted by King Research. And these are the specifications of
only the woofer section! The midrange and tweeter speakers
are housed in 9 x 6 x 43-inch satellite enclosures meant to be
suspended on either side of the woofer enclosure to constitute
a stereo installation.

A total of 24 speakers are used in the Frankmann. The woof-
er section for each channel consists of four 12-inch drivers.
These are positioned in a multiple configuration with an equal
offset of 13 inches between centers and alternate speakers
canted so as to cross-fire into the room.

The left channel and right channel woofers share a common
enclosure which is sturdily crossbraced for structural rigidity.
All woofers share this common volume of 16.1 cubic feet
with the distinction between left and right stereo woofers made
by their physical location with respect to center of the en-
closure. While the woofers are housed in a completely closed
fashion, there is substantial leakage of air through the woofers,
which, together with a common acoustic communication with
woofers of the opposite channel, mean that this was probably
not designed as an acoustic suspension system and ranks more
nearly with a passive radiator vented system than an infinite
baffle system.
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The woofers cross over at 200 Hz to the satellite enclosures
which house midrange and tweeter drivers. These are con-
figured in a line-speaker arrangement with four 8-inch direct
radiator midrange speakers alternated with four diffraction
horn tweeters. The satellite enclosures are intended to be
positioned on the same plane as the common bass enclosure
and on either side at a height of 18 to 31 inches from the
floor, according to King Research. Since these satellite units
each weigh 30 pounds, this reviewer recommends a sturdy
support for safety reasons.

Speaker connection is made by means of a screw terminal
barrier strip on the rear of the enclosures. Each channel uses
a pair of wires from the appropriate amplifier terminals to
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Fig. 1—Impedance (A) opposite channel woofer terminals
open and (B) opposite channel woofer terminals shorted.
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Fig. 3—0One-meter anechoic response at two power levels.
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the rear of the bass enclosure. A flexible wire pair supplied
by King Research connects the satellite reproducer to its
appropriate terminals also on the rear of the bass enclosure.
The terminals are well marked and legible and no difficulty
should be experienced in hookup or operation. Each half of
the stereo pair is protected by fuses, access to which is avail-
able through holders in a recessed cavity on the rear of the
bass unit.

The unit received by Aupio was finished in flat black for
custom installation. The only literature supplied to AUDIO
by King Research appears to be more nearly associated with
a patent disclosure than conventional technical information.
This could be very confusing to a purchaser who had not
previously had the experience of reading such prose.

No warranty or user oriented instructions accompanied the
unit delivered to AUDIO.

Technical Measurements

Figure 1 shows the measured impedance as a function of
frequency. Because the woofers communicate through the
common enclosure, excitation of one channel causes an in-
teraction with the undriven woofers of the other channel
Because of this, two impedance plots are shown—one with
the undriven woofer section unterminated and the other with
a low impedance amplifier termination.

The curve marked A is the unterminated companion woofer
measurement and shows two distinct peaks at 27 Hz and 50
Hz in the bass region. This is characteristic of a vented
system and in fact the unterminated woofers constitute the
equivalent of a passive radiator, or “drone cone.”” One can
anticipate from this that the low frequency response will not
be that of a simple rigid closed box.

The curve marked B is made with a short circuit across
the undriven woofers and clearly shows that the double
resonance is due to passive radiator effects and not to moving
boundary problems in an otherwise rigid enclosure. The B
curve is more characteristic of behavior when driven by stereo
amplifiers of high damping factor and this configuration was
used for all other spectrum tests.

The relatively broad impedance peak at around 2.5 kHz
and dip at 7 kHz do not occur at the stated higher frequency
crossover of 5 kHz. For the majority of program matenial,
the Frankmann can be considered to be an 8-ohm system as
specified.

The one-meter anechoic amplitude frequency response
for one-watt input is shown in Fig. 2. The Frankmann is an
unusually sensitive system with an acoustic output per watt
ranking close to the larger horn radiator systems. The response
was measured one meter directly on the axis of symmetry of
a satellite which had been placed directly above and in the
plane of the woofer cones. Low frequency response is im-
pressive with an acoustic output at 32 Hz well above the mid-
range output available from many conventional direct ra-
diator speaker systems when driven at the same power level.

The frequency response above 200 Hz, measured under
anechoic conditions, is unfortunately very dependent upon
the microphone position. This is due to the “broadside array”
properties of periodically spaced multiple midrange and
tweeter units. A displacement of the space position of the
measuring microphone by less than an inch produces quite a
different looking frequency response. This substantial space
interference may be responsible for an unusual nonlinear
property noted during these measurements. The frequency
response is a function of drive level. Figure 3 is a measurement
of the normalized response at one watt average and 10 milli-
watts average drive. The detail behavior in the 3-4 kHz and
9-10 kHz range is different for the two drive levels as is the
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fine detail elsewhere. This effect was completely reproducible
as a function of power and was not due to driver damage
since at no time was measurement made at power levels in
excess of 10 watts average above | kHz.

Because the phase response was more dramatically modified
by drive power level and completely changed characteristics
dependent upon microphone position, no phase plot is in-
cluded for the Frankmann. This reviewer did not feel that it
would be possible to provide a representative phase meusure-
ment. The Frankmann is almost totally non minimum phase
above | kHz.

The three-meter room response is shown in Fig. 4 To make
this measurement, the bass enclosure was tloor-mounted and
placed against a flat wall. The satellites were also placed
against the same flat wall as a user might prefer to mount
them and in a manner indicated in literature supplied by
King Research. The satellites were oriented with the long
axis vertical and the lowermost part 31 inches above the floor.
The satellites were placed slightly over one meter to the left
and right of the center of the bass enclosure. Only the left
channel stereo speakers were used for test and the right
channels had the terminals shorted to simulate an amplifier
source. The microphone was placed one meter above the
floor and three meters distant from the front surface of the
satellite left channel speaker.

The frequency spectrum of the first ten milliseconds of

sound arrival are shown. The two measurements of on-axis
and stereo listening are displaced 10 dB for clarity of presen-
tation. Much of the midrange-robbing interference evidenced
in the anechoic measurement is filled in by floor, ceiling, and
bass enclosure sound scattering when listening in a room.
The substantial drop in response at 220 Hz for the on-axis
position is due to the fact that the acoustic position of the
woofer is sufficiently far behind that of the satellite that its
contribution does not arrive in time to be passed through the
time gate of this 10 millisecond measurement. The implica-
tions of this three-meter measurement are that overall sound
balance will be good between 300 to 10 kHz for most seating
positions, but pinpoint stereo sound images should not be
expected. Additionally, the timbre of percussive instruments
with fundamentals in the octave around middle C will change
with listening position. Instruments which have a more steady
state characteristic, such as organ, will not be bothered by
this effect and should be accurately reproduced to the satis-
faction of many listeners.

The anechoic polar energy pattern for the satellite mounted
in the preferred vertical position is shown in Fig. 5. There is,
in fact, a preferred left and right satellite position due to
an angular offset of the front mounting panel. This is not
mentioned in the literature which King Research supplied;
however, it would appear that the satellites may be mounted
so that the drivers each more nearly face into the listener
position or away from him. To prevent ambiguity, the polar
azimuth plot of Fig. 5 was made with the frontal axis aligned
with the axis of the speakers themselves, which means that
if the enclosure were placed flat against a wall, the wall would
be represented by a line passing through the center of this
plot and going from about the 9:30 clock position to the 3:30
clock position.

Figure 6 shows the polar energy pattern for the vertical,
or elevation, axis of the satellites when mounted in the pre-
ferred position. The effect of multiple drivers on a total energy
basis is evident in this measurement. Substantial floor and
ceiling reflection is to be expected from the satellites, according
to this measurement.

Because the bass enclosure handles energy below 200 Hz
while the satellites cover the musical range above that fre-
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quency, the harmonic distortion measurements were made
separately. Figure 7 shows the harmonic distortion for E,
and A, which are handled by the woofers, while Fig. 8 shows
the measurement for A, and A,, which the satellites handle.
If you like pipe organ and have a large enough listening
room, the Frankmann can provide thrilling reproduction. Dur-
ing all such tests, the output of the test microphone is moni-
tored on an oscilloscope and listened to through an auxiliary
speaker to note any signs of distress. No enclosure buzzing or
driver problems were noted except for the second harmonic
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distortion at E,. The use of multiple drivers clearly relaxes the
demand on any single speaker, enabling high intensity to be
achieved at low distortion values.

To test the woofer which crosses over at 200 Hz, the inter-
modulation test was performed for the effect of E, (41.2 Hz)
on D, (146.8 Hz). The intermodulation is plotted in Fig. 9 as
a function of power. Again, the Frankman had a very low
distortion. The intermodulation was almost purely amplitude
modulation with virtually no phase modulation in evidence.
A spectrum analyzer display during this test disclosed that the
harmonic distortion on E, was distinctly higher than the side-
bands about D, due to E.. This is a desirable characteristic.

The crescendo handling capability of the Frankmann is
extremely good. Musical test tones of A, and A, were not
measurably modulated by superimposed broad-band noise
with an average power level 20 dB above those tones even
when the instantaneous noise peaks achieved 200 watt. As-
suming an average acoustical transfer of 95 dB per watt at
one meter, this means that an 87-dB tone is not measurably
suppressed by a crescendo of incoherent tones with instan-
taneous peak levels of 117 dB when measured at one meter.
If you like it loud, this speaker will give it to you.

The energy-time plot 1s shown in Fig. 10. This is a direct
measurement of the arrival time pattern of total energy
density for spectrum components from d.c. to 20 kHz. The
Frankmann does not fare so well in time delay distortion. The
equivalent acoustic positions of selected physical components
is indicated on this figure. The measurement is made one
meter directly in front of a satellite enclosure which has eight
speakers. The speaker directly in front of the microphone is
a diffraction horn tweeter. This is what is labelled “center
tweeter” on this figure. On either side of this tweeter are 8-
inch direct radiators which are labelled “middle speakers.”
On the outer side of each of these direct radiators are dif-
fraction horn tweeters and then direct radiators, labelled
“outer transducers,” to complete the eight radiating elements.

What is labelled “enclosure lateral extremity” is the time
that would be taken by a sound wave expanding from the
center tweeter as a spherical wavefront to traverse the major
length of the enclosure and radiate from the acoustic dis-
continuity due to the enclosure-air boundary.

The voice coils of the horn tweeters lie behind the front
panel by a number of inches. The voice coil of the direct
radiators is nearer to the mounting surface and a cone com-
pressional wave which travels much faster than sound in air
would, if not elastically terminated by the cone surround,
launch a sound wave that would appear to come from near
the position of the front panel. This would be expected to
be very low in energy.
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Fig. 9—Intermodulation distortion of musical tone D,
(146.8 Hz) by E, (41.2 Hz) mixed in equal power.
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Listening Test

The Frankmann represents a challenge for listening for
a variety of reasons, not the least of which is its bulk and the
requirement for satellite mounting. When you purchase this
system, have a good idea where you want to place it since it
is one piece of furniture that does not lend itself to experi-
mentation in placement.

For listening test, the Frankmann was mounted against a
flat wall with the satellites also against the wall but raised
so that the bottom of the satellite enclosure was just below
the top of the bass enclosure.

The first impression is that of a lot of sound for a little
power. A ten-watt amplifier would supply all the sound most
people would want, if the amplifier were clean. This is a mixed
blessing since amplifier hiss and hum will be quite a bit more
audible with such an efficient system.

One expects, and gets, a lot of clean bass from the woofers.
However, there is one listening problem with the bass which
this reviewer found serious and could not solve completely.
Stated simply, the natural tendency when listening to a
geometrically symmetric stereo installation like the Frankmann,
is to sit with the bass section in front of you and the satellites
symmetrically displaced to front left and front right. When
you do that, there is generally a wall somewhere behind you
that is parallel to the wall against which the Frankmann is
placed. This is a classic setup for a grave room normal mode.
Advertising copy to the contrary, the physics of a localized
bass source with that geometry will create standing waves.
In the case of the Frankmann, this created the sonic illusion
of pipe organs with missing notes in the lower register and
tympani with, to this reviewer, an unnatural change in timbre.
when the Frankmann was positioned against a wall which had
an uninterrupted path of about 32 feet. This reviewer can
recommend the Frankmann bass unit only for very large rooms
when the Frankman was positioned against a wall which had
an uninterrupted path of about 32 feet. This reviewer can
recommend the Frankman bass unit only for very large rooms
when you are sitting far back from the speakers.

The satellite units provide a well balanced midrange from
the standpoint of frequency response, but the stereo imagery
is diffuse and does not lend itself to pinpoint localization.
Massed choral groups, organ music, and symphonic material
were well reproduced with the exception of the previously
mentioned room mode problem. Percussive instruments,
single vocals, and piano were not reproduced to this reviewer’s
satisfaction.

The satellites must be oriented vertically. A brief experi-
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17 rENCLOSURE LATERAL EXTREMITY
T

o L 2 ]

3.0 3.25 35 375 4.0 4.25 45 475 50

TIME, MILLISECONDS

Fig. 10—Energy density for first two milliseconds of
sound for perfect impulse with all frequency components
from 20 Hz to 20 kHz.

mentation with listening to the satellites spaced horizontally
soon verified why. The polar fingering in a horizontal direc-
tion is so substantial that even without moving one’s head,
stereo center stage vocalists hopped kangaroo-fashion from
left to right as they performed.

A very interesting effect was noted when wide-stage material
was reproduced in a location where the opposite wall spacing
was only 14 feet. This close spacing was deliberately chosen
to represent reproduction in smaller rooms. If one turns his
back so the sound source is to the rear, the stereo quality is
almost as good as that when facing the speakers. This would
suggest that smaller problem rooms could be used with the
Frankmann if the speakers were directed so as to increase the
ratio of reverberant to direct sound. In any event, the Frank-
mann can provide both outstanding bass performance and low
distortion high sound level in very large rooms.

Richard C. Heyser
Check No. 52 on Reader Service Card

Addendum

In our May, 1974 equipment profile of the ESS preamplifier
and Model 200 amplifier (page 536), we inadvertently inserted
an incorrect graph. Here is the proper version, with our apol-
ogies for the error. Ed.
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Fig. 14—THD at 1 kHz versus power and IM distortion
versus power. Note that right channel IM distortion
fell to levels achieved by the left channel with a small
adjustment of the bias pot.
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Classical Reviews

Edward Tatnall Canby

AMERICANA

The World of Louis Moreau Gotts-
chalk. Eugene List, Reid Nibley, pfs.,
Utah Symphony, Abravanel. Van-
guard VSD 723/4, 2 stereo discs
$11.96.

The World of Scott Joplin. Max
Morath, piano. Vanguard Everyman
SRV 310 SD, stereo, $2.98.

The Dawning of Music in Kentucky
(A. P. Heinrich). American Music Group,
Neely Bruce, pf. and dir. Vanguard
VSD 71178, stereo, $5.98 (a/so SQ:
vSQ 30028)

Astonishing—the first “real” U.S. composer, at last given real depth here. Out of
New Orleans, a travelling virtuoso in 50s and 60s, he is of P.T. Barnum era, extro-
vert and not exactly profound—but his (European-trained) writing is 100 per cent
pro, fluent, sophisticated, tuneful and surprisingly American. No naive composer,
this! He’s excellent and Eugene List is ideal pianist for him (2! sides), dry but
affectionate, never overplaying. Two big orchestral works too, a piano showpiece
(Nibley) and a semi-tropical symphony, prototype film music. No fake and hokum
in this revival.

Well yes, gotta have Joplin these days. This pianist isn’t hothouse—he plays the
rags manfully and with sinew. Helps no end, even with a rather grand piano.
Joplin, plus other rags—two by this pianist (after the fact; he’s not rhar old), and
Marshall, Scott, Lamb, blending right in with J. himself. A bit of rag goes a long
way—jazz is enormously more flexible. But it’s tuneful, and moderately varied
here within the rigid rag style.

Here’s the more usual Americana. The “Beethoven of America” alias (his own
idea) “log-house composer from Kentucky,” a transplant from Europe, writes
showy, can’t-be-taken-seriously (by us) music to now-corny texts, for a laugh.
Hail 1o Kentucky (why quotes of “Rule Britannia™?), Voice of Faithful Love,
etc. plus a long Barbecue Divertimento. Piano pieces, little vocal cantatas, a Bee-
thoven-period sound but with curiously jagged 19th c. key changes, not very con-
vincing. For most ears, definitely on the quaint side. Cf. Nonesuch’s Stephen Foster
matenal.

NEAR-TO-MODERN

Erich Wolfgang Korngold: Symphony
in F-Sharp, Op. 40 (1950). Munich
Phitharmonic, Kempe, RCA ARL1-
0443, stereo, $5.98.

A revealing disc. Korngold in 1910 was a child genius, acclaimed by Mahler et al.,
an opera produced at 13—a new Mozart. In 20s he was out-styled by modernism;
in *38 he arrived in the U.S.—and Hollywood. This 1950 Symphony tries to pull
it all together, painfully for my ears; it is classical “modern” but keeps falling
into embarrassing Hollywoodese. Too bad. He might have been, but wasn’t our
Mozart.

Bob Greene’'s The World of Jelly
Roll Morton. (Live at Carnegie Hall))
Narration by Bob Greene. RCA ARL1-
0504, $5.98.

Liszt: Symphonic Poems. No. 7
""Festklange’’; No. 12 “Die ldeale.”
London Phitharmonic, Haitink. Philips
6500 191, $6.95.

Liszt: Symphonic Poems. No. 5
““Prometheus’’; No. 8 ''Héroide
funébre’’; Mephisto Waltz No. 1.

London Philharmonic, Haitink. Philips
6500 190, $6.95.

Why not! The Jelly Roll Morton
concert is on RCA’s fanciest Red Seal
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label, right out of Carnegie Hall, a
re-creation of music approximately 50
years old. The two Liszt records (part
of the complete recording of 13 tone
poems, mostly unknown today) re-
create concert music that is only about
twice as old, from the 1850s. In the long
stretch of musical time our “pop” and
“classical” categories are ephemeral,
mainly useful in the record stores. Jazz
is by now almost wholly out of pop.
In effect it is already “classical.”

All of this music now must pass
through the presto-changeo of the re-
cording medium, straight into the living

room, where it must be judged strictly
as listening material in a new environ-
ment. Neither Jelly Roll nor Liszt had
any such thought (though Jelly Roll
did make early records). Anyhow—it
is an irony and a pleasure that two such
opposites should end up in the precise
same listening league! But here they are,
and if Liszt costs more it is merely be-
cause he is imported.

Of course the Jelly Roll music is
the easier to enjoy. I basked in it. Even
his 50-vear-old style is of our century,
the chamber-music clarity of the solo
instruments and the even tenure of the
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