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Jim is one of the good ol' boys of
Nashville. His engineering career stretches
back some 18 years to the days of mono
mixing. He's done everything from pop to R&B
to disco-and, of course, country The
aviation industry gave Jim his technical
background. But he's also prepared himself by
playing four or five different instruments.
Some of the names on the other side of the
glass from him include Bob Dylan; Simon
and Garfunkel; Peter, Paul and Mary; Loretta
Lynn; Johnny Cash; Don Williams; Marty
Robbins; Conway Twitty; Ray Price; and
Roy Clark.

ON SPECIALISTS
''Let me say that I have sympathy for
them, because they're missing the rest of the
world of music. They're locked into one
thing and I got it all. I have done four
different styles of music in one day. I did a
disco record that got to number six on the
Billboard charts, 'Dance With You.'In the same
day, I did a number one country record. You
don't listen to the same kind of music all
the time. And I don't want to listen to the
same kind of music all the time, either."

ON OVERPRODUCTION
"'Swarm.' That's my term for overproduction. I've had producers who have
turned and said,'Well, how many tracks have
we got left?' You may look at the chart
and say, 'Well, we've got nine tracks left.'
He'll say, 'Great.' And he looks into the
window of the studio. 'Hey, let's put an
electric piano on.' Not because the electric
piano fits the song and has a place or meaning

in the rhythm or in the feel of the song, but
it's because he sees one in the room and
we've got nine tracks to go. And that's
overproduction, abuse of multitrack recording.
And that I don't condone."

ON PLAYBACKS
"I actually mix. I don't load tape. I like to
sit down at the console, set my monitor levels
equal and put the band together and get a
monitor mix in the control room that sounds
as close as I can make it to the record, so that
the producer and the artist and the
musicians can hear and understand what
they're doing and correct their mistakes.
I'm an old mono mixer. And that's what built
mono mixing.''

ON TAPE
"A competitor of 3M has stated that 3M
has a greater print-through than their product.
It's my opinion that there is no greater
print-thrnugh on the Scotch® 250. It's just not
masked with modulation noise. There also
was a comment that the competitor's tape
was brighter, when in fact, there was just
more third harmonic distortion in the 10 to 12
kc range. I am very stringent on monitoring
in the control room. And when I hear a
signal off the floor,I want it to come back
off the tape the same way. I don't want it
to be embellished with third harmonic
distortion to make it brighter, or
modulation noise to confuse the bass line."

SCOTCH 250
WHEN YOU LISTEN FOR A LIVING.
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• ls your studio really humming (at 60 or
120 Hz)? Are you infinitely baffled by
standing waves? Were you "off the air"
for an hour, and no one complained?

THE SOUND ENGINEERINGMAGAZINE

• You may need help, and next month
we've got some, as our authors tackle the
ways and means of getting and keeping
your studio's system and acoustics in
good shape.
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Audio-Technica

To THE EDITOR:
In John Borwick's article highlighting
British professional equipment manufacturers (June, 1980), the author listed
B&W Loudspeakers, but failed to name
the US representative. The representative
for B&W Loudspeakers in the United
States is Anglo American Audio, 1080
Bellamy Road North, Scarborough,
Ontario, Canada M 1H 1H2.
M. J. Remington
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And over 55 lines iHctuding:
AKG, Ampex. Anrils. Aurotone, Beyer, BGW. DBX,
Deltalab. ElectroVoice,
Eventide, Gauss, lvie. JBL,
Klipsch. Koss,Leader. Lexicon. Master Room, MRL
Neumann, Orban, Otari,
Revox. Roland, Sequential
Circuits. Scotch, Sennheiser. Shure, Sony, Sound
Workshop, Stanton, STL.
T.angent. Topeo, Tascam.
Teac. Technics,UREI.Vega
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Professional Audio Equipment and

Services

(206) 367-6800
11057 8th NE, Seattle, WA 98125

To THE EDITOR:
We have been reading the letters
regarding broadcast audio processing
with great interest. Here at WM BM we
have taken every step possible to insure
that all dynamic range is eliminated.
All music is taped thru two very fast
peak limiters hooked up in series. The
compression ratio is 200 to 1, release time
is 20ms. At this stage we add 15 to 20 dB
of boost above 5kHz. This is to insure
optimum tape saturation. Phono cartridge tracking force has been optimized
at 0.2 grams; this results in a very
punchy sound to the highs. Our music
is so hot it sounds like the stylus is going
to jump out of the groove.
We start our audio chain by chopping
off those annoying highs above 7.5 kHz.
A 48 dB-per-octave high-pass filter at
150 Hz removes the irritating thumps so
common on today's disco records. Next
the audio hits our special custom-made
27-band compressor featuring over 135
adjustments. The discriminating listener
appreciates this attention to spectral
consistency and true loudness. Foil owing
this is the triple-stage hard clipper. The
audio is clipped so drastically that the
alley behind the station is filling up with
the round tops of all the sine waves that
we clip.
The transmitter is two 1kw solid-state
units in parallel to handle the virtual DC
modulation. Special bribe arrangement
with the FCC allows 500% positive peak
modulation.
Listener reaction? Just amazing.
WMBM has replaced over 150 speaker
cones damaged by DC modulation. Lawsuits are pending on 12 auto crashes
resulting from listener fatigue. Cume
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a new look for the 80's
There's so ~Leh new about these professional microphcnes •ve can only touch the highlights. Exclusive "picLr= perfect" SUEDECOAT™ Tan or Ebony matte finish
l=:>oKs
great-permanently Significantly smaller,
exceptionally light in weight; yet so extraordinarily rugged and reliable we call them the
"Light Heavyweights'.' They feature the crisp
sound that makes Shure the world's most
widely used professional performer
microphones.
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For more information write:

'""

Shure Brotners Inc., 222 Hartrey Ave.,
Evanston, IL 60204
In Canada:A. C. Simmonds & Sons Limited
Manufacturers of high fidelity components, microphones,
sound systems and related circuitry.
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Desk Paging?

ratings have jumped 350% but quarterhour ratings have dropped unexpectedly.
Here at WMBM we are proud to have
solved the audio processing dilemma.
GREG STRICKLAND

Chief Engineer
db replies:

Well done! But couldn't you raiseyour
auto crash ratings a bit? Also, you could
avoid cone damage by soldering a tenpenny nail across each listener '.s terminals. That would real!v take care of
your quarter-hour problem as well (No
charge for this advice.)

TO THE EDITOR:

Turner desk paging microphones allow the audio professional more
flexibility in choosing the right microphone for each installation.
A minimum amount of electronic modification is required because
Turner hasengineered its products to meet virtually all applications.
Twelve distinctly different microphones in two desk-top case styles.
There is a quality Turner desk paging microphone with features to
meet the following applications requirements:
• Omnidirectional • Low Impedance • Normally Open Switching
• Normally Closed Switching • High Impedance • Zone Paging
• Cardioid • Noise Cancelling
• Press-To-Talk • Lift-To-Talk
• Amplified.
And, that's only the beginning. Turner has 13 other paging microphones in gooseneck, handheld and wall mount versions, as well
as a full line of sound reinforcement microphones. Turner does
have more, and now, with the additional product development
strength of Telex Communications, Inc. there will be even more
to come.

Quality Products for The Audio Professional
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TELEX® \TURNER®\
TELEX COMMUNICATIONS,

co

INC.

9600 ALDRICH AVE. SO.. MINNEAPOLIS, MN 55420 U.S.A.
EUROPE: 22. rue de la Leqion-d'Honneur. 93200 St. Denis, France.
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Before running out to buy a reel of
two-inch videotape, expecting 5 MHz
response from your 24-track, consider a
few facts of recording life.
No direct analog magnetic recording
system is good for reproducing substantially more than a range of ten
octaves. While any properly set up
professional video machine will record
and reproduce a bandwidth exceeding
5 MHz, (greater than eighteeen octaves)
demanded by a high resolution color
video signal, this is accomplished by
frequency modulating a "carrier" between 7 and 10 MHz, (less than one
octave). The head-to-tape writing speed
required to handle this frequency range
is 1500 ips, accomplished via a rotating
headwheel carrying four heads. Complex
capstan and head servosystems along
with various timebase error reduction
circuits help to restore the original
signal.
Now to the tape. The particle orientation for videotape used in this manner
is 90 degrees referenced to the tape edge.
This works well for the scanning video
head, but tends to destroy the linearity of
any audio tracks recorded the "regular
way." The thin coatings, while firmly
attached to the backing, do not lend
themselves to the signal and bias levels
to which audio engineers have become
accustomed. This is of no consequence
in video, since the FM video signal is
recorded at a levelapproaching saturation.
Helical systems are a slightly different
matter. Despite Mr. Weinstock's reference to "Helical particle orientation,"
SMPTE standards dictate longitudinal
alignment-like
audiotape-for
professional-format helical-scan videotapes.
While helical systems offer greatly
improved audio performance when
compared to older VTR audio, the
backing thickness and coating thickness
again limit the audio signal drives and
bias conditions to something Jess than
those considered optimum in an audio
application. Reference fluxivity for Cformat audio is lOOnanoWebers/Meter
-nearly 8 dB below the level of a
"normal" 250 nWb/M audio machine.
While I have disagreed with some of
Mr. Weinstock's technical comments, I

Shown clockwise from top: Ampex 2"
Grand Master professional Audio
Tape,'/.'' Grand Master Professional Audio Tape, Professional
Audiocassette, Grand Master
Consumer Audiocassettes
and 406 Professional
Audio Tape.

More studios master their hit albums on Ampex Grand Master TM recording
tape than on all other tapes combined. That's why we call Grand Master
the tape of the stars.
But Ampex star quality doesn't end with the tape of the stars. It extends
throughout the entire Ampex tape line:

HFARIT
You'll find Ampex star quality in professional audio tape in
every configuration. And in cassette, 8-track and open reel
for consumer use .

••

'SEE IT
Ampex brings star quality to videotape, too. In
quadruplex, helical and 3/4" U-matic versions 4!1'~··5n~ú1~ti!BJ)l;;J;
+,.,, 5a•·
for professional use. And 112"Beta- and VHSformat videocassettes for home and industry.

W-j;t;

I

=u =+:W
Shown clockwise from standing reel:
Ampex 175 2" Quadruplex Tape, 3/." U-Matic Videocassette, VHS and Beta W' Consumer Videocassettes,
Beta 'h" Industrial Videocasset1e
and 1961" High Energy
Helical Videotape.

TESfIT

You'll even find Ampex tape in starring roles recording
instrumentation data for critical aerospace uses and other
precision applications. Star quality doesn't happen overnight. It's the result of the continuing Ampex commitment to
engineering excellence. And it extends from the top of our line
right through the entire Ampex family.
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AMPEX
Ampex Corporation, Magnetic Tape Division, 401 Broadway, Redwood City, California 94063.415/
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367-3887

strongly agree with him that we are
crossing into a new period of radio
awareness in the field of television, to the
benefit of all of us.
PALMER S. PATTISON
Audio Engineer
KUED-TV
db replies:
Oops! Change the offending sentence
so that it describes superior results (when
recording audio in videotape), unless
particle orientation has not been optimized for helical-scanning. This restores
Weinstock 's-and the tape's-original
orienta lion.
To THE EDITOR:

... our PEM 468 Studio Mastering Tape will. Accepted on the
highest level as "the tape" for top quality original recording,
it's available to the discerning as a low-noise, high-output,
low-print mastering tape, in 1/4", 1/2", 1" and 2" - and PEM
526 Bintape in 1/4", 1/2" and 1". When your standards for
recording demand the highest, come up to that level- and
surpass it-with AGFA-GEVAERT Mastering Tape.
Contact us TODAY!

•'-'==TERING
AGFA-GEVAERT, INC.

275 North Street, Teterboro, N.J. 07608 (201) 288-41 oo
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Ursa Major Is a Sound Improvement
I

I really appreciate the highly technical
articles in your magazine. It's amazing
what those of us involved in sound
engineering can learn from just one
periodical. Scott Pelking's article in the
July issue of db on how to build a
"PRASP" was just too good to be true.
My only complaint is that Mr. Pelking
didn't say what brand of undershirt
works best for applying stain. However,
I checked with several engineers and the
consensus is that Hanes is the best, with
Fruit-Of-The-Loom
a close second.
Perhaps you could get Scott to do some
more writing for db. I, for one, would
enjoy an article about building bookends
or an end-table. Maybe he could even
discuss whether it is better to use a
~-inch or Ys-inchhole when construcing
a wren house.
ORIN N. FRIESEN
Chief Engineer
KEYN AM&FM
Long-Pride Broadcasting, Inc.

fyou work with close-miked sound sources, the Ursa Major SPACE
STATION'Mis one of the most creative sound processing tools you can
db replies:
own. This innovative new digital reverb system adds warmth and body to a
We've always thought that gentlemen
speaker's voice, enhances both liveand recorded
,,"'- ,,,,,,,,,,..,,,,
,,.,...•
,
prefer
Han es, although for AC/ DC
music, and generates spe~ial eff~cts ~hat range
(.-,
·
"·..•~. 'i
operation,
you may want to try Fruit-offrom the subtle to the exotic. Unlike simple delay
~¡
the-loom.
units, the SPACE STATIONincorporates a propri- l •·
·
For bookends, why not try a miniature
e~a!YMulti-TapDigital Delay algorithm, in which a ~ /
·•
digital RAMcan be tapped at more than 20 loca~~'¡ . .
·.:~
~~
PRASP? Actually, you'll need two of
tions at once. With this feature, you can simu./f~-;~..i' ·
.·~~,:,.~
~
,
them; one for each side of the book (or
late an almost ~ndless variety of.reverberant
Í \ ..._:~tif~-:.-!~""""''~~ books). You can also lay a PRASP on its
spaces, from tmy rooms to parking garages
{
\
~- _ ~s-;,,_.::-side, if you need an end-table.
and concert halls.
í
\
"";,._,,~,·
f
As for the birds, that's a little bit
Check outthe SPACE STATIONsoon.
/ ~
,,,,,,& .f.:. ,..
beyond
our scope. However, we imagine
For reverberation quality and variety, for
-~i·.
....-->;.;: · ·
you should measure the wrens before
special effects feature~. and for price,
.J
.;~'::
--'
drilling. But, as a chief engineer, you
the SPACE STATIONis the best
J.:·.._...,_.~,,.,
_
probably know all about birdies already.
sound improvement you can make.!.---<~-·
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US Price: 51995

To THE EDITOR:

o
co

We would like to take this opportunity
to thank you for the article you did on
Indian Creek Recording Studio in your
June issue. There was however one fact
(misprint) which was not correct and is
very important to us and even more so to
our clients. Our rates are $100 per hour
instead of the $200 quoted. We feel that
this is an extemely competitive rate for
a studio of this quality.
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Demonstration cassettes for
broadcast and recording applications are available for $2.00each.

'O

JOHN ROLLO

.o

Chief Engineer
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; Most horns oftersbrne.cofitrot of
?
¡( the sound pattJmjheY prÓduce.The}¡
~~·problem is that;fr'e:ciueljlcie,s
at the 1
(,, center of the p~tt~[n a~edifferent frof,n
those at the ed~es. :
:~ Unless you us~H~ Co;nst~nt
''l
]" Directivity horns, /hat'$ the problem!
you'll have.Tothe:áudience this mea~s
(~
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too:; dull, ;¡io,
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and sometimes¡ui.! pl'lin ~..ad'.º. und 1¡
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~JDirectivity hor!'ls;ffom ~.lettro-Voice ,;
provide full-ran~e_freqÜeoh coverag~
.f and effectiveness pf pattern control . '¡
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"white horns" has
grown dramaticallyalmost completely by word-of-mouth.
Once a sound engineer, musíctan
or facility owner hears the difference
HR Const'\lnt Qirectbtity i;r;iakes.a ne,w
demand is created. ·
e
Ask e;someone
who
hasused
or héarddl,
sa
1[1{'
"'l/>
.,,y:,.~
them, or buy a pair arid try them yourself.You'llprob9bly hear that HRlt1orns'
tefinare c1éé'r1y
sÜperior that other
choices
obsolete.

Write to Electro-Voice for more
information_.,_We'llr,send-·you
a eomplet
set of Engineering Data Sheets and
a paper cor;pparir;tgthe.today perfórmance'of HR1toristant directivity horns
with yeste~qay's,_promj0ses.
Include $1
with your request, and we wiUput you
on the mailing list f.or the E-W'PABible,"
+:
-'.4/M
down-to-earth series of papers on
the s~lectioQ anq appli~atioQof proJessiétnalPÁ pró~'uctsand éoncepts!
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BARRY BLESSER

@)Digital Audio
Digital Audio
Up to this point in our discussion, we
have considered the encoding process
where the audio signal passes through
the anti-aliasing low-pass filter, the
sampler and the analog-to-digital converter. The result is a series of digital
numbers. But now, let's consider the
decoding process, in which this series of
numbers is converted back into a continuous audio signal. These encoding and
decoding operations are mirror images;
each element in the encoder has its
counterpart in the decoder.
Just as the analog-to-digital converter
(ADC) transforms a single voltage value
into a digital word, the digital-to-analog
converter (DAC) transforms the digital
word into a single voltage. Conceptually,
the digital-to-analog conversion is much
simpler, since each digital number

corres ponds exactly to a particular
voltage. In analog-to-digital conversions,
there is a quantization error, since a
range of voltages within the quantization
interval are all transformed to a single
digital number. There is no corresponding quantization error in digital-toanalog conversions.
Consider a 10-bit digital word which is
to be converted to an analog voltage. The
10-bit word specifies one of 1024 different voltages. Thus, the number I might
correspond to 0.001 volts, the number
2 (0010) to 0.002 volts, the number 3
(0011) to 0.0003 volts, etc. Since there are
1024 unique voltages, this DAC would
have a range of +0.511 to -0.512 in steps
of 0.00 l volts. (The range is asymmetric
since O.O volts is one of the I024 voltages.)

PRECISION
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DE-SAMPLING
We must now consider the process by
which the individual samples of the DAC
can be smoothed to create a continuous
audio sample. This is the reverse of the
sampling process in the encoder. At this
point in our discussion we need to
digress, since the way of analyzing the
smoothing processes is different from the
way they are actually built. We may
think of the DAC's output as being a
series of samples, as shown in FIGURE IA
or, we may think of it as being a constant
voltage between samples, as in FIGURE
IB. In both figures, the DAC produces a
voltage corresponding to the digital
word. However, in the top figure, the
DAC produces its output for a very short
"sampling" time. In the bottom figure,
the DAC "holds" its voltage until the
next digital word enters to change the
value. Now, forget FIGURE IB for the
time being and we will return to it later
on.
Since we will be using a low-pass filter
to smooth the DAC's output, it would be
wise to consider the spectrum of the
signal represented in FIGURE IA. By
understanding the spectral content, we
can see clearly how the low-pass filter
creates the desired signal. FIG URE 2
shows the way in which the waveform of
FIGURE IA could have been created.
FIGURE 2A shows a I kHz audio signal.
This will be multiplied by the sampling
signal in FIGURE 2B to create the result
in FIGURE 2C. The sampling signal in
FIGURE 2B is a periodic pulse train with a
Figure 1. (A) The sine wave is sampled
at regular intervals; (8) each sample
voltage is held until the next sample is
taken.

MAGNETIC TEST TAPES
(A)

E
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STANDARD TAPE LABORATORY, INC .
26120 EDEN LANDING ROAD #5, HAYWARD, CALIFORNIA 94545 • (415) 786-3546
(8)
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THE STUDER STANDARD
Good is not eno~h,
only excellence is adequate.
The Studer ASO/RC Mic II. For studio
mastering. Or cutting master lacquers.
Or broadcast syndication or master
film soundtracks. Whenever you need
a %-inch master recorder you can
base your reputation on, you need a
machine built to the unique Studer
standard of excellence. The Studer
ABO/RC Mk II.
Compare the editing facilities of the
ABO/RC Mk II with any other master
recorder on the market. And the
unique Studer real-time (positive and
negative) digital tape position indicator
and zero-locating feature. Compare
the noise level of its electronics. Check
out the wide variety of available head
configurations, including a pilot tone
version with or without resolver for

film sync applications. Vari-speed
control(± 7 musical semitones) is standard, as is a monitor panel with built-in
speaker/amplifier which lets you cue
the tape right atthe machine without
tying up your monitor system.
As for servicing ease, the ABO/RC Mk II
is simply incomparable. All the logic
boards have LEDstatus indicators so a
failure can be spotted instantly. You
can even take apart the entire recorder
with the two Allen wrenches supplied.
Of course, there aren't any secrets to
the incredible r.igidity of the die-cast,
precision-milled ABOframe and the
extraordinary machining tolerances of
its stainless steel headblock. Only Willi
Studers characteristic unwillingness
to compromise.
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Others could make their heads and
motors as well, no doubt; they just
don't. Servo-controlled reel torque and
capstan drive (independent of line frequency or voltage) aren't exactly new
concepts. Nor is PROM-logic transport
control. But try them all outand see
whether you can settle for anything
lessthan the Studer ABO/RC Mk fl.
Second best is very good today.
But not good enough.
Studer Revox America, Inc.
1425 Elm Hill Pike, Nashville, TN 37210
(615) 254-5651
Offices: Los Angeles (213) 780-4234
New York (212) 255-4462
In Canada: Studer Revox Canada, Ltd.
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contains energy at I kHz (audio), 39 kHz
(sampling frequency - audio frequency),
41 kHz (sampling frequency + audio
frequency), 79 kHz (2 x sampling frequency - audio frequency), 81 kHz (2 x
sampling frequency + audio frequency),
etc.
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Figure 2. (A) A 1 kHz audio signal; (8) The
sampling signal; (C) Ax 8 = C.

fundamental at the sampling frequency
and many overtones or higher harmonics. If the fundamental is 40 kHz, we
would expect to find energy at 80 kHz,
120 kHz, 160 kHz, etc. Multiplication is
like a very severe nonlinearity which
creates large amounts of sidebands. This
is similar to amplitude modulation or the
intermodulation of two sine waves. As
with intermodulation distortion, the
resulting signal contains frequencies at
the sum and difference of the components. The waveform in FIGURE2C

SOUND WITHOUT IMAGES
The role of the smoothing filter is to
remove all components other than the
I kHz audio. These other components
are called "images" since the spectra
centered at 40 and 80 kHz are the same
as the audio spectrum centered at DC.
If the audio signal contains components
of I00 Hz, 200 Hz and 800 Hz, then the
sampled signal will also contain these
components, as well as image components at 40 kHz, 40.1 kHz, 40.2 kHz
and 40.8 kHz. There will also be mirror
images at 39.9 kHz, 39.8 kHz and 39.2
kHz. Since the smoothing filter must
remove these images, it is called an
anti-image filter.
The anti-aliasing filter at the input
limits the energy in the audio to less
than 20 kHz in this example. But, a
19 kHz audio signal produces images at
21 kHz [40-19], 59 kHz[40 + 19],61 kHz
[2 x 40 - 19] and 99 kHz [2 x 40 + 19].
The desired signal at 19 kHz must be
separated from the nearby undesired
image at 21 kHz. For this reason, it is
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Figure 3. (A) Input and output of a
low-pass filter with a very long time
constant; (8) A low-pass filter with an
extra delay inserted; (C) A - 8 = C.

usually better to limit the anti-aliasing
filter to a frequency lower than half the
sampling frequency. This provides a
guard-band for the transition betwen
desired and undesired signals. An 18
kHz limit allows a 4 kHz guard band,
since the nearest image is now (40 - 18)
22 kHz.
SAMPLE-HOLD
We are now in a position to return to
the actual implementation of the DAC
using an implied hold. FIGURE IB can
be thought of as holding the sample
between successive words. We must now
show that the effective holding action,
which turns a very short pulse into a
longer rectangular pulse, is nothing more
than a filter. FIGURE 3A shows the
input and output for a low-pass filter
with a very tong time constant, which is
called an integrator. FIGURE38 shows
another low-pass filter with an extra
delay inserted. If these two outputs are
subtracted, as in FIGURE3C, the output
is a pulse. This operation turns the
sample pulses of FIGUREIA into the held
pulses of FIGURE IB. Hence, the only
differences between them is the filtering
produced by our delay-integratorsubtractor. The implied hold is nothing
more than a filter which has the frequency response given by the equation
below:
H(f) = sin ( 7r faTs)
7rfaTs
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where fa is the audio frequency and Ts is
the sampling period. It is impossible to
demonstrate
this equation without
higher mathematics and the reader
should consult other references for a
proof. The important thing to note is that
this filtering effect reduces the high
frequencies in the audio band somewhat,
and this must be corrected. The filtering
effect of the hold is called the aperture
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Here's the class act in ADC1s Pro-Line.
Eight new, low impedance sound connectors that perform as great as they look.

We've added eight new male and female
plugs to our ever growing family of high
quality and high reliability Pro-Line Connectors. All feature a rugged, zinc die cast metal
housing finished in either brushed nickel
or conductive black plating. A tough, die cast
latch and mechanical keyway locks the plug
receptacle in a perfect fit. The separate
ground terminal is electrically integral
with the connector shell to minimize
"glitches" from outside interference.
ADC also offers crack-resistant,

high-impact thermoplastic inserts plus
a choice of either performance-improving silver- or gold-plated contacts.
Small wonder these top-of-the-line professional connectors meet or exceed
industry standards. Best of all, they're
compatible with other audio connectors
used in the industry. For information,
call or write your nearest ADC
sales office listed below. Or call
us at (612) 835-6800.

4900 w 781ti S11ee1M1nneapol1s. MN 55435 (612) 835-6800
TWX 910-576-2832 TELEX 29-0321 CABLE ADCPRODUCT
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Sales offices in: Atlanta, GA (404) 766-9595 •Chicago. IL (312) 655-2441, 2440 •Dallas, TX (214) 241-6787 •Denver, CO (303) 761-4061
•Fairfield, CT (203) 255-0644 <Los Angeles. CA (213) 594-6160 •Melbourne, FL (305) 724-8874 •Minneapolis. MN (612) 835-6800
•Mountain View. CA (415) 964-540ü •Washington. DC (202) 452-1043 •Montreal. Quebec (514) 677-2869
Ül
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ENCODE
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output frequency will still be the same
as the input frequency.

DECODE----~~

DIGITAL
AUC>IO
OUT

AUDIO
IN

ANTI-ALIASING
LOW PASS
FILTER

SAMPLER

AID
CONVERTER

DIA
CONVERTER

ANTI-IMAGING
LOW-PASS
FILTER

APERTURE
COMPENSATION
FILTER

Figure 4. The complete AID, DIA system.

response. As in photography,
the
aperture is the size of the opening: pulse
width. With the pure samples, the
aperture is extremely small and there is
no effect. A compensation filter must be
included in the decode process to compensate for the effect when a hold is
used. The hold is implied by leaving the
DAC on between samples.
GENERATION OF IMAGES
Let us return to the subject of the
image frequencies and their origins.
The audio signal was said to exist only
between DC and half the sampling
frequency. Where then did the image
signals come from? In the previous
article we considered the sampling
process, and showed that it is able to
create the same sampled signal from
many different input signals. In particular, a 1 kHz sine wave and a 41 kHz sine
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wave, when sampled at 40 kHz, produce
the identical result. This is a "mapping"
of two (or more) sine waves into the same
result. The digital number sequence
represents both sine waves. In fact, the
same sequence represents 1, 39, 41, 79,
81, 119, 121 kHz. The input anti-aliasing
filter resolves the ambiguity by removing all except 1kHz. However, the digital
number sequence does not know that
only one possible sine wave could have
produced that sequence. At the output,
the decoder produces all sine waves
which could have created that sequence.
We design the anti-image filter to allow
only the one which we know produced
the sequence.
One could have an anti-aliasing filter
with a bandpass from 20 kHz to 40 kHz if
one also has an anti-image filter which
is the same. Such a digitizing system will
only pass those frequencies, but the

COMPLETE SYSTEM
This completes the introductory discussion on the theory of digital audio
systems. The complete system is shown
in FIGURE 4. So far, we have done
nothing with the digital word sequence
other than convert it back to audio. In
a real application, the digital sequence
is processed in some interesting fashion,
such as delay, reverberation, storage, or
transmission. A digital tape recorder
would record the digital sequence for
later playback; a delay system stores
and recalls the sequence. A reverberation system is much more complex, since
it processes the sequence to create a new
digital sequence.
We should also note that the encode
process produces all of the theoretical
degradation, by the quantization noise of
conversion, and bandlimiting, by the
anti-alias filter. The decode process
produces no further degradation, since
there is no quantization and the antiimage filter is the same as the antialiasing filter. The former removes audio
components, whereas the latter removes
images created by sampling.
In the next few articles, we will turn
our attention to the actual implementation of the converters. This will introduce us to the real problems of a digital
~~fil

De-essing doesn't have to be complex, expenThe Orban 526A single-channel Dyhamic
sive, apdttime consuming. The 526A does it fast
Sibilance Controller is a simple, economical
"'*'andríghtin recording studios, cinema, broadcast
dedicated de-esser-without the complexity ahd
and cassette duplication.
compromises of multi-function processors. It sets
The 5i6A De-Esser is available at your Orban
up fast to produce sibilance levels that sound
Pro-audlq dealer.
natural and rigt)t. Features include mic/line input,
fully balanced input and output, LED level meter,
¿
GAIN control, compact size and more. $pecial
Orban Assóeiates Inc•
level-tracking circuitry assures consistent results
645 Bryant Street
with varying input levels. And our control technique
San Francisco, CA 94107
doesn't emphasize residual IM when de-essing
(415)957-1067
occurs.
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design is based on helping your voice to selt. q>nstag~
In front of the paying customers.
"
· r I
The AT8.14response-is smooth, but it isn't flet. Rather,
it's tailored to help you punch·through instrurrental
backing and noise without screaming or forcing. You
sound natural. And great.
The AT814 is also designed to work best very close i.p.
The way you want to work. But without spitting, .?opping,
or overload problems. And with a controlled p-o<imity
effect which builds bass without booming. Or co-nplements an equalizer to control feedback if you prefer
Even our cables are special. With a condi.ctrve coati iq
on both interior wires to make them some oí the Iowes.
noise cables in the industry. And built to take repeated
flexing without failure.
And the AT814 is STRONG. In capital letters because
it's so important. Our windscreen is three stuctural
layers of mesh, soldered (not glued) and backed up by
foam. In every respect, the AT814 is built to deliver.
Night after night. Town after town. Because you can't
afford a reputation for bad sound anymore t.ran \W'e
can.
We can't promise the AT814 will make mere peop.e
like your singing. But we can promise they'll hea: you at
your best. And once you've tried the AT814, we t iin.c
you'll sing its praises too. At leading music stores everywhere. Try one today! AUDIO-TECHNICA U.S., INC.,
1221 Commerce Drive, Stow, Ohio 44224. De¡:t. 90BD
')e

In Canada: Audio Specialists, Inc., Montreal, P.Q.

audio-tecbnica,
Great sound right from the start!
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NORMAN

H. CROWHURST

@) 1heory a Practice
Voice Prints and Stress Analysis
What is a voice print? It is an everyday
term for a sound spectrogram of a
person's voice, continuously taken
through time. Does this mean you can
read a voice print? Now that depends on

what you mean by "read." With some
practice, you can recognize patterns that
represent specific words and thus, from
memory, you will know those words
again on the voice print. But a great deal

A SOPHISTICATED "ID"
Now, voice prints have been used as a
sophisticated form of identification. A
person says a name and the machine
recognizes if it's the owner of the name,
or someone else, saying it. Only the
owner's way of saying it will be accepted
as "authentic" by the machine.
Now, think about listening to different
people saying the same name. They all
say it differently, and the voice recognition machine can detect such differences,
when compared with a permanent voice
print of how the person himself says it.
But, given that it could tell when you say
your name, or when I say mine, could
it tell if it was you saying mine, or I saying
yours? Only if those specific voices,
saying those specific names, were programmed into it. It could not tell, at the
present state of the art, merely from prior
inputs consisting of each of us saying
our own names.

MADEIN

..____....
U.S.A

GUARANTEED to improve -and enhanceany fine stereo component system!
The Patent-PendingDIFFERENTIALCOMPARATORcir·
cuitry of the "SCAN·ALYZER"/EQUALIZER
IS THE KEY
TO HIGH PRECISIONACCURATEEQanalysis.The basic
simplicity of the DIFFERENTIAL COMPARATORcir·
cuitry makes it possible for even a novice to accurately
EQhis room and his system, yet that samecircuitry is so
highly accurate it can actually be used for 0.1dB labora·
tory measurementsin EQ analysis. This combination of

5 EQUALIZERS
from $249 to $550

equalizer and analyzer creates a functional component
that should bean integral part of everyhigh quality home
stereo system. The "SCAN·ALYZER"/EOUALIZER
with
its accompanying COMPUTONECHARTS,can be used
in a homestereo system for so manyimportant functions
we can't begin to list them here.Seeyour nearestSound·
craftsmen dealer, or circle Reader Card, for complete
information.

3 STATE-OF-THE-ART
PREAMPS, $399 to $699
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3 CL.ASS H 250w AMPS
from $649 to $949
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more practice would be needed before
you could construct words from your
knowledge of the way sounds go together, rather than by simple recognition.

··-·
1111

Includes TEST REPORTS.complete specifications. Class
"H" amplifier ENGlNEERINGREPORT,EQ COMPARISON
CHART.and the "WHY'S & HOW'S" of equalization-an
easy-to-understand explanation of the retauonsnlp of
acoustics to your environment. Also contains many unique IDEAS on "How the Soundcraflsmen
Equalizer can measurably enhance your listening pleasures:· How typical room problems can be
eliminated by Equaazanon.' and a 10-POINT "OO·IT·YOLRSELF" EO evaluation checklist so
you can FINOOUTFORYOURSELFWHATEQCAN00 FORYOU!

SEN~ S6.00 FOREOUALIZER·EVALUATIONKIT: t-12" LP TEST RECORD.1 SET OF CHARTS. 1 CONNECTOR.1 INSTRUCTIONFOLDER

Made in U.S.A. by SOUNOCRAFTSMENINC.• 2200 South Ritchey• Santa Ana, CA92705 U.S.A.
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STRESS ANALYSIS
That's a little of what voice prints can
do. Now what about stress analysis?
What does a stress analysis machine do?
It must work with the same spectral
content, but process it in a different way.
It is not concerned with recognizing
the words you say, but with recognizing
whether you are in a relaxed or tense
state when you say them.
Research has found that subtle
changes in the way the vocal chords work
occur with nervous tension, as compared
with when the person is relaxed. What
does this mean? A person's voice rises
and falls in pitch, some more than others,
in the normal course of speech. It may be
for emphasis or some other purpose.
That, in itself, does not reflect tension or
relaxation. Tension tends to make a
person's voice what you would subjectively describe as "edgy."
How can voice analysis tell that? Not
so much by frequency content, as by frequency combination in that content, just
as in music. Strident sounds result from
inharmonious combinations of tones,
while melodic ones result from harmonious combinations. This means that
any such detector must first frequency
analyze the sound, and then apply the
output from such analysis to some form

www.americanradiohistory.com

of logic circuitry, that functions on the
basis, not of the frequencies present or
absent, but on the relationship between
the frequencies present.
If you are an experienced listener, perhaps you can tell the same thing that a
voice stress analyzer can just by listening
to the voice itself, in much the same way a
musical conductor assesses the performance of his musicians. Advocates of stress
analyzers, for the most part, want us to
believe that the machine is "smarter than
the average ear," with apologies to Yogi.
All we can say is that a stress analyzer
removes the result from the subjective
realm - the opinions of various listeners
-to
an objective realm-a
precise indication on a meter or indicator of some
sort.

DON'T JUMP TO CONCLUSIONS!
But beware of jumping to the conclusion that because the result is objective,
it is infallible, as regards determining
whether the person being analyzed is
lying or telling the truth. Tain't necessarily so!
First, any machine that will reliably
detect stress, or the absence thereof, in a
particular person's voice, must first be
calibrated to that person's voice. Some
people's voices are more strident when
they are relaxed than others are when
they are under tension. This isjust a characteristic difference between individuals,

and is no indication that one person is
normally more tense than another.
So, you've calibrated the machine,
using the procedure specified by the manufacturer, and you have tested it by having the subject say something both of you
know to be true, and also something you
both know to be a lie. Good, it indicates
for this subject. Now, can you be sure
the result is reliable?
The point to remember is, all it can
really tell you is whether the question
you ask the subject causes stress. And
stress can definitely be brought on by
reasons other than lying. In Victorian
times, the word "sex," particularly used
in mixed company, would have caused
stress. Would the responses achieved
indicate that the people present were
lying about something? Not necessarily:
it would just indicate that a taboo word
had triggered stress. And there could be
other reasons for a similar response, perhaps individual to specific subjects.
IN RELATION TO AUDIO
How does all this affect audio, and
what we may be able to do in the future?
It may help to get us thinking about the
parameters involved. Perhaps a voice
stress analyzer could be adapted to determine whether a specific person, for
whom the device has already been calibrated, or someone else, is speaking in a
specific piece of sound track.

On solo sounds, it would be possible
to modify the same technology to determine what musical instrument is being
played, and possibly, even to identify the
musician playing it, from something
equivalent to his "style." But that is still
a long way from being able to isolate such
a sound, in a complex sound channel, obtained from a full orchestra, playing at
once. This is a capability a musical conductor can acquire and maybe, down the
road aways, technology will find a way to
duplicate that capability.
DUPLICATING HUMAN
HEARING ABILITY
So far we can distinguish three basic
systems, with variations, each of which
partially duplicates an ability of human
hearing. A voice print gives a visual
print-out of any source of sound, as a
spectrum of changing frequency content
against time. With some skill, which must
be acquired from working with them, you
can "read" them. You may be able to
detect a difference between the voice
prints of different people saying the same
thing, but you would be hard put to
identify who was speaking, without such
a constraint of having them say the same
thing.
A second system is based on providing
it with an electronic memory, whereby
it can remember the precise voice print

The Garner 1056
High Speed Professional
Tape Duplicator.
The Garner 1056 delivers
perfect dubs time after time, with
unmatched precision and accuracy.
We challenge you to find a superior unit.
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Never before has a duplicator combined
such precise performance characteristics for
such a reasonable price. The compact design and
convenient control panel make operation and installation
the easiest you'll find. The Garner 1056 High Speed Professional
Tape Duphcator... perfect duplication plus a lot more.
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• Fast 60 ips duplicating speed
• Conman capstan eliminates speed
•Two-minute tape loading
variance between master and slaves
• Glass bonded ferrite heads
• Compact, self-contained console
•Three-year mechanical warranty • 1OC% solid-state integrated circuitry
Look to Garner for quality electronic audio
and video products. For more information, write or call:

GARNER INDUSTRIES

4200 N. 48th St.. Dept. DB-9 Lincoln, 'JE 68504 • Phone 402-464-5911
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JBL's new 7510.
The automatic mic mixer
that thinks before it speaks.
JBL's new 7510 advanced digital/analog mic mixer actually
thinks before it speaks- by activating or deactivating up to 24
input channels. Automatically.
Now, you don't need an operator
to constantly adjust controls. The
7510 does it all. Quickly, precisely and without error.
Versatile modular design rrakes
the 7510 an all-around performer.
In churches, meetings, courtrooms and council chambers.
Delivered with a single, 4-channel input module, the system is
expandable to 24 channels.. And
each panel features controls for
level, threshold, release time and
mode selection.
The 7510 offers a variety of other
advantages over conventional
mic mixers. Automatic mic on/off

and output level correction permit hefty power gain without the
"howling" of feedback. Turn-on
features a zero crossing detector.
So there are no pops or clicks'
Advanced level sensing circuits
trigger extremely fast attack30-60 nanoseconds. This quick
rise makes it ideal for gated mixing. The 7510 offers separate
outputs for every input. So the
user can program to match each
need. When in the priority mode,
all inputs in automatic are muted
by selected lead mies.
At the same time, a unique digital attenuator decreases the
system's output gain by 3 dBs
each time the number of live
mies doubles. The feedback stability margin remains constant
regardless of the number of mies

operating. And the system's
threshold circuits can distinguish
between program signals on one
mic and ambient noise on all
mies to within 1 dB.
Other features include 48-volt
phantom power supply. Master
VU meter. And the system fits
easily in three EIA rack spaces.
The 7510's low distortion, low
noise, flat response and wide
input dynamic range make it
perfect for all sound reinforcement applications. It's also ideal
for noise gating in recording
studios and for broadcast and
live music reinforcement
applications.
JBL's 7510 delivers what it
promises.
James B. Lansing Sound, Inc , 8500
Balboa Blvd, Northridge, CA 91329.

UBLFirst with the pros.

01980 James 8 lansng Sound. Inc
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Frequency Response
Input Module
Output Module
Overall System
Maximum Gain
Overall System

20 Hz-20 kHz
±0.5 dB
20 Hz-20 kHz
±0.5 dB
20 Hz-20 kHz
±0.5 dB

2 80 dB

Main Output Characteristics
Maximum Output
+23 dBm
Load Impedance
600 l1or
higher loads
Total Harmonic Distortion
Mic In to Direct Out
0.2% maximum
35 Hz-20 kHz
Mic In to Main Out
0.2% maximum
35 Hz-20 kHz
Automatic Mic Functions
Input Rise Time
30-60 ns
Input Release Time
100mS to
5 S, ad¡ustable

The third kind of machine is the stress
analyzer, often called a "lie detector."
This analyzes the prints a little differently.
It does not seek identity or non-identity,
but rather certain qualities about the
print. To do this, it must in some way be
"calibrated"
to the individual
being
"tested," usually by having him state
some already verified fact, which the
operator knows to be true, and then
getting him to say something he knows
to be false. It uses differences about the
print that have been found to be indicative of the state of stress under which the
person speaks.
Because it needs calibrating, it obviously has the basic capability of telling

of a particular person saying his own
name, and use that memory to reject the
print of anyone else saying the same
name. Data on the precise voice print can
be entered in a magnetic memory on a
card, similar to a credit card, which is
inserted
in the machine,
while the
presenter of the card says his name into
a microphone.
Thus, such a machine is a form of
comparator: it compares the voice print
of the freshly spoken word into the
microphone,
with the recorded print
presented to it on the card; but it has only
two results; go and no-go. If the two
match, the person is identified. If they
don't, he is rejected as an imposter.

MAKE YOUR SOUND SYSTEM
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the difference between individual voices,
although it is not set up to do that, like
the security device is. So all three
duplicate part of human hearing capability. All three start by producing a frequency analysis of sound over time, in a
form that could be presented as a voice
print.
THE AMAZING HUMAN
HEARING FACULTY
This leads us to conclude that the
human hearing faculty has an infinitely
better memory system than any of them.
We can hear what a person says, and if
we have heard that voice before, we can
also identify the person saying it. We
recognize words we have heard before,
perhaps many thousands of them, and
can interpret them into meanings (rightly
or wrongly). A person transcribing a
dictated message can "translate" those
sounds into visual symbols, such as those
you are now reading.
Efforts are being made to produce a
reliable transcribing machine. One of the
main problems is that of accommodating
a wide variety of different voices, still
recognizing the same set of words, in a
large enough vocabulary.
Human hearing accepts all signals
picked up by the person's ears, and
processes them. It has the ability to ignore
non-relevant sounds, according to the way
the person's "listening" faculty programs
it, even ignoring sounds that occupy the
sarrie frequency spectrum as those being
listened to, by using pattern recognition.
To do this, it must have some way of
telling what frequency components "belong together" as parts of the same sound:
the voice of the same person speaking.
How does it filter off-or whatever
would be the appropriate term-just
those elements within the common
spectrum that all the sounds being picked
up are using, and identify them as that
particular person's voice? To the best of
our knowledge, this is a capability that
technology has not been able to duplicate,
as yet. To do any of the things we have
been discussing, the machine must be
provided with the sound to be analyzed,
pretty well isolated from all other sounds.
Does anybody have any answers to this?

~~-;·I·

McMartin LR-1007

The McMartin LR-1007 Supervisory Control System continually
monitors a complex sound system in order to detect component
failure. Automatic switching circuits disconnect defective devices
and reconnect standby units.

•

A remote annunciation feature permits a central monitoring room to
be used for fault detection of one or more remotely located sound
systems.
The LR-1007 uses a modular design that can be configured for a wide
variety of installation requirements. Write for complete information.
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McMartin Industries. Inc.· 4500 S. 76th St.• Omaha. NE 68127 • (402) 331-2000 ·Telex 484485
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Copies of db
Copies of all issues of db-The
Sound Engineering Magazine starting with the November 1967 issue
are now available on 35 mm. microfilm. For further information or to
place your order please write directly to:
University Microfilm, Inc.
300 North Zeeb Road
Ann Arbor, Michigan 48106

The Greatest
Radio Event
Of 1980
October 5~8~
1980
Bonaventure Hotel Los Angeles, California
• Specially-Selected Speakers And Sessions To Prepare You
For The Unique Communications Challenges Of The 80)s
• Giant Exhibit Area= You'll See The Tools Of Tomorrow
•Learn The Latest American Lifestyle Trends
•Ratings Cltnic i'Last-Minute Fine.-Tuning For The Bookn
• Superstar Concert
•Multimedia Shows And Movies
•Special "American Radio Expo" Awards Presentations
• Large And Small Market Sales Clinics Featuring "New Methods For Co-op"
• Radio Vs. Records: "The Copyright Debate: Should Radio Pay To Play?"
• Formats - The Present And Future:
Top 40, AOR, Black, Beautiful Music, Country, Pop Adult, News/Talk
• Promotion In The 80's: Covering Everything From Letterhead To TV Spots
• Participate In A Futuristic "Delphi Study" Of Our Industry
• The Latest From The Networks And Syndicators
• FCC & Engineering Panels
• Hospitality Suites

And So Much More ...

------------------------,------------------------Registration Information
Hotel Reservations
RETURN TO: NRBA • 1705 Desales St. NW• Washington, D.C. 20036 • (202) 466-2030

Please Print Or Type

Please use separate forms for each room requested.
This form may be duplicated.

Name(s) & Title(s):

Name(s) & Title(s):

I

Station/Company:

I

Station(s)/Company:

Address: ~~~~~~~~~~~~~~~~~~~-

Address:_~~~~~~~~~~~~~~~~~-

City/Sta te/Zip:

City/State/Zip:

Phone:

"

Arrival date:

I
FEES*

NRBA MEMBERS
t st reg1strr1n1
ench adclt'I. registrant

NON MEMBERS
1si reg1str;int
oner, adcnt. rcg1s1n'tn1
SPOUSES

$150.00
$130.00
$190.00
$170.00
$ 50.00

Phone: ~~~~~~-

II

¡
Piense circle preferred

_

¡

type of

accornrnocanon:

Departure

date:

_

Standard

Reservations will be held until 6:00pm
unless guaranteed by a first-night deposit
(payable to hotel) or a credit card.
Credit card type & # ---------Expirationdate:

Medium

Deluxe

Single

S57

S67

S77

lw1n
12bedsl

S69

$79

S89

Double

11bed:
2 people!
11
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@)Sound With Images
·Film vs. Video
resolution of the typical %-inch video
system is approximately 260 lines in
color and 330 lines in black-and-white.
This adds up to about as many bits of
information as a fast 16 mm film stock;
that is, a film that can be used with

• American standard television relies
on 525 scanning lines of electron dots
to fill a screen anywhere from two inches
diagonally on up to ten feet and more,
if you include the huge projection
systems used in theaters. The horizontal

Pick your signal
More magic
from the
Wizardof VIZ

VIZ means value ... OCto ·40 MHz -

Pulse Generator

WR-549A

$130

• Ideal for logic design or digital circuit trouble
shooting
•Output 5 Hz to 5 MHz ±5%. 0-15 V into
6000, 0-6 V into 500
= Pulse width adj. 100 ns to 0.1 sec., rise and
fall time 20 ns
•TTL and CMOS compatible, on and off time
independently adj.

1

Function Generator

WR-5508

$150

• Sine, sawtooth and square wave output, 1Hz
to 1MHz
• Output 0-20 V peak to peak at 6000 plus 1O V
adj. offset
• 1O to 1 freq. sweep with ext. sweep voltage
of any wave form
• Freq. stability 200 ppm/º C
•Accuracy to 100 kHz ± 5% of dial. Above
100 kHz, ±8%
• Separate fixed 4 VDC square/sawtooth wave
outputs compatible with TTL and CMOS.

--------------------------~--------------------------
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Audio Generator

WA-5048/440
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$139 ! RF Generator

•Switch selectable sine or square wave output
• Output 20 Hz to 200 kHz in 4 ranges
•Stability better than ± 0.5%
•Voltage output 4 ranges .01 to 10 V at 6000
·•Sine wave harmonic distortion 0.15%
•Square wave rise and fall 150 nsec. Tilt 2%

See your VIZ distributor

\J IZ

WR-SOC

$130

•RF output tunable 85 kHz to 40 MHz in
6 ranges
•Special sweep output at 455 kHz and 10.7
MHz, plus external xtal
• RF output .05 V rms, 2 step 10 to 1 plus fine
adj. attenuator
•Internal modulating freq. 600 Hz adj. to 80%
• Audio output 6 V rms across 15 kO load
• FET amplifier for rugged stability

VIZ Mfg. Co., 335 E Price St., Philadelphia, PA 19144
Over 70 test instruments in the line.
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available natural light. (Film's dynamic
range of bright-light-to-darkness is far
greater than video's, in any format
compared.)
Much professional film production is
done in. 35 mm, creating images with a
resolution far better than anything video
can reproduce. Confusingly, for film production done exclusively for showing on
television, producers still prefer the
35 mm format, even though this difference in quality cannot be reproduced.
Why?
Could it be the audio portion? (Not
yet a crucial part of the television experience.) Most audio on film is still
rendered (perhaps "rended" is a better
word) in the final product into "optical
sound," the recording device invented
back in the early twenties by Lee De
Forest. This capacitance system has
severely limited dynamic range (about
500 to 14,000 Hz), and ages quickly.
As the film gets dirty or scratched, which
is inevitable with hard celluloid, you hear
it. Historically, film-sound has been so
bad that one didn't even mind.the horrors
of "mag stock," or the hard, celluloidbacked, sprocketed, magnetic tape that
was used to maintain sync with the
pictures. The hard backing and sprocketpopping degrades the response, even
before the sound gets transferred to
optical. In the 16 mm format, slow
transport speed also contributes its share
of damage.
In contemporary film production, the
final sound is often recorded on a "mag
track" instead of optical, particularly in
any feature film claiming to have better
than average stereophonic sound, Dolby
sound, etc. Still, the width of each sound
stripe involved (0.063 inches) is somewhat thinner than a single track on a
pro-audio multi-track tape recorder
(0.070 inches). (For more on various
sound track formats for film, see the
March 1980 db-Ed.)
Of course, as I pointed out in my last
column, sound on video tape is no
better, and sound on television is even
worse. Yet, both have high capabilities,
and should improve rapidly. For the time
being, however, quality of both picture
and sound remains on the side of film.
But the larger reason why film is used
more often for programs to be televised
probably lies with force of habit.
Time was, video equipment was all
bulky stuff that did not lend itself to
location work. Of course, time was that
film equipment was zip-locked in that
same bag. But film broke out of the
studio about 1960, while video is just
now beginning its break-out with smaller,
more portable equipment. In fact, with
fine video cameras about the same size
as 35 mm cine cameras, and with the
same degree of lighting needs, and VTRs
down to manageable size, video now
rivals film's convenience factor.
And, video has a few added conveniences of its own. Electronic editing
has just spread to the audio world, and

"Bose 802s are amazing speakers:'
Rather than blowing our own "horn" and
describing how the Bose Model 802
speaker system does away with awkward
horns and bulky bass cabinets that are
nightmares to use-we've decided to let
one of our enthusiastic, satisfied dealers do
the talking
"Forme, the basic advantages of/he Bose
802 over any other type of speaker system
are sound and size. Most of my customers
want speakers that sound good and don't
spoil the show tJv drawing attention to
themselves.
"/am very conscious of sound ... I was a
professional musician before I became a
dealer As a performer and a listener, as
well as an installer, I would never sacrifice
good sound for size. If I feft a speaker had
to be big to give a big sound, I would
choose it over a smaller one. But Bose 802s
are amazing speakers. Bose provides intimate, living-room, high-fidelity sound for
the listener-never the offensive, listenerfatiguing type of sound that you often get
from a horn-loaded sound system

We can't promise you'll rocket to stardom
when you use Bose. But we can promise
that your audiences will enjoy your music
without going home with a headache The
rest is up to you.
®

Bose for Pros.

r--------------1
"Another fantastic thing about Bose is that
I never worry about the 802 blowing up.
That's quite a contrast to some of the compression drivers I have used. In this business, the operators cften don't understand
how much the systems can take and they
get abusive. Bose 802s can take just about
anything those guys hand out.
"Several years ago, when I decided to go
into the business of selling and installing
sound and lights, I wanted to take on a line
I really believed in-one that really did
what it was supposed to. With Bose, I've
done that."

Bose Corporation, Dept. SE
The Mountain
Framingham, MA 01701
Please send me a copy of the Bose
Professional Products Catalog and a
complete dealer list.
Name:

_
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_
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most of us are familiar with the incredible
advance this represents over the age of
the ragged razor blade and greasy fingers.
Film is necessarily still in that ragged age:
the editor may use a three-screen, programmable Steenbeck editing bench, but
in the end, he physically "cuts the
plastic," a step unnecessary in video.
In fact, here video's usually-overrated
higher equipment cost is evened out:
the hardware to edit video (one editing
deck, controller, processing amp, and
perhaps a console) is much cheaper than
the finest film editing equipment. Without the finest possible editing, film's
advantage in quality is thrown away. Not
a problem with video.

The convenience of the %-inch cassette
should not be underestimated. On a film
set, there's usually a crew member whose
sole job it is to make sure the camera's
magazines are loaded; and those magazines, in 35 mm, won't usually roll for
more than twenty minutes. Much more
importantly, the convenience of seeing
what you've got on tape as soon as you've
got it is still something the medium of
film can't match, though Polaroid is
trying.
Film and videotape are about equally
difficult to duplicate, but if the film has
a magnetic sound stripe, that's an extra
step-and
that takes longer. Speaking of
which, it is our understanding
that

BIGGER PROFITS
PROVEN PRODUCT
VAST MARKET
AEI Foreground Music offers substantial new
opportunities for increasing your sound contracting
business and your cash profits. Our program combines
high-profit equipment sales, continuing monthly
music residuals, warrantied equipment, and satisfied
customers. We've got the whole package - and the
best one. Just send us the coupon for our free
literature on how easy it is to become a well-paid
AEI dealer.
Audio Environments Inc.
619 East Pine Street Seattle, Washington

98122

I want to know more about the AEI Foreground

206/329-1400

Music program.
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another reason mag striping never really
caught on is that films are still shippedby mail or equally-destructive courierin cans, and are easily demagnetized or
remagnetized. Video tape would also
have this problem, and therefore is a bit
less convenient to distribute
than
optically-striped film.
But on the distribution end, there is a
psychological factor working in video's
favor. People are getting used to watching television, and coming to prefer it to
sitting in a darkened, more formal room.
At corporate conferences, sales meetings,
in-house teaching, in schools, and indeed
in all the domains of the industrial film,
the public is coming to demand video,
not film. Could this not also represent a
general belief in video as more technologically advanced?
It is, of course. And if films at present
record images with more quality than
videotape, they record that image as well
as they are ever going to. While advances
such as the Steadicam, better dollies, and
smaller lights benefit both video and film,
the film itself, and its basic hardware, is
at the top of its technology. There will
never be better contrast or color represented on film than there is now, and a
supportable position in debate is that the
first Technicolor feature films produced
better-perhaps
more-interesting is the
word-color
than today's processes.
Certainly film and film equipment will
never be more cheap and available than
they are today.
Video may not have the quality of the
best of film just now, but it will in the
future, for video is at the beginning of
its growth curve. We say "video" advisably, and not "videotape,"
because
much of that growth in quality will come
from the videodisc, and eventually from
direct computer storage of information.
Make no mistake about it (here comes
the auspicious pronouncement),
the
videodisc represents as much of a superior technology to videotape as magnetic
tape does to film. (The capacitance
recording, stylus-in-groove, mechanical
system soon to be marketed by RCA and
its licensees, with all its inherent mechchanical imperfection, and with lousy
mono sound, is not what we are referring
to, and hopefully it will fall by the wayside soon-sorry about that, RCA.) We
speak of those video systems that use the
laser-probably,
more than atomic
energy, the greatest discovery of our
time. Aside from zapping some future
Starship Enterprise, the laser is the
recording apparatus of Philips/ Magnavox's new disc, and provides striking
improvements in the recording of both
picture and sound, bringing both up to
the level of the highest quality film and
digital audio.
Next time, we'll get back to solid engineering ground, as we unravel the mysteries of the Time Base Corrector.
•
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Crown power amplifiers
are designed to help
you make money.
They work- reliably.
That's been proven in
over thirty years of
supplying these amps
to the professional
sound industry.
They build your
reputation.
Crown is used
for speaker
power in more
recording studios
than any other
brand, and by all
of the major
mobile sound
reinforcement
contractors.
You are known
by the good
company
you keep.
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Crown amps help you
meet the demand
for better sound
systems. Crown has
been concerned
with full-band high
fidelity sound
since our founding.
We have been
preparing for a
long time to help
you build better
sound systems
for the
discriminating
demands of
the '80's.

l'\...
.

. .- "~·~·

@crown
1718 W. MishawakaRoad,Elkhart,Indiana46514

Innovation. High technology American. That's Crown.

For more
information,
send us the
coupon .
c.
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TO: CROWN INTERNATIONAL
1718W. Mishawaka Rd., Elkhart, IN 46514
Name

_
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CompanY----------------------~
Address

_
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PhoneNumber

State

Zip
_
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~}New Products a Services
SPECTRUM ANALYZER

GAIN REDUCTION AMPLIFIER

• The Model SA-91 Audio Spectrum
Analyzer offers a cost-effective way of
obtaining high resolution by offering
1/9-octave resolution at a price usually
equalivent to 1/3-octave analyzers. A
single, sharp voltage-controlled filter is
swept over the entire audio spectrum to
obtain 1/9-octave resolution in 91 bands
over a 20Hz to 20kHz range. Dynamic
range of display is 20d B in 1O1distinct
0.2dB points. This analyzer is useful with
any equalizer. The internal memory
can store two complete frequency response curves.
Mfr: Spies Laboratories
Price: $1195
Circle 50 on Reader Service Card

WOW!!

In Stock!

• The Model 3320 Gain Reduction
Amplifier has only one operating
control, Range Reduction, calibrated in
dB. Output peaks remain constant under
all Range Reduction settings once the
Input and Output presets are adjusted to
the desired bus level. The Model 3320 is a
panel mounting unit 5Y4-in. high by
I Yi-in.wide and 5~-in. behind the panel.
The 3320 requires a bipolar 15 volt de
supply.
Mfr: Modular Audio Products
Circle 51 on Reader Service Card

PATCH BAY
• The PB 2896 patch bay system features
16 stereo inputs and outputs with 64
gold-plate phono connectors on the rear
panel and 3-conductor Bantam jacks on
the front. The fully-norrnalled design
means that no patch cords are necessary
for normal system operation. Internal
switches are also provided to disconnect
"normals" on components not normally
hooked up in the system. Able to fit into a
19 in. rack space, the patch bay offers
a PBX22 stereo balanced bridging
adaptor, PJ7 l 3G gold-plated patch cord,
and other options.
Mfr: Audiovisual Systems
Price: $650.00
Circle 52 on Reader Service Card

And Priced Right Too!
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Sescom

•• Ml-Series
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Transformers

for Professional

Audio Applications
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Send for your FREE 1980 Catalog
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SESCOM, INC.

aoms•-0993

Proftss1ona1 Sound 01·11S!Of1

<BOOJ 634-.3457

1111 lasVegi\sBlvd.Nort'l
Las Vegas.NV 89 I

oI

TWX910-397-6996

U.S.A.
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MIXING CONSOLE

• The Series 700 marks a new line of
recording consoles. The first product is a
36-in, 16-out, console with four effects
outputs, two foldback outputs, stereo
control room and studio monitor outputs, designated the Model 720. The
mainframe contains a modular plug-in
jack bay with 432 jacks. It also contains
24 VU meters that indicate all the console
program outputs. Other features of the
720 include transformerless microphone
preamps, three-band parametric-type
equalization, and VCA input subgrouping.
Mfr: Audiotronics
Price: $41,000 to $63,000
Circle 53 on Reader Service Card

Circle 32 on Reader Service Card
www.americanradiohistory.com

:: ::::::::

••a .•

MOBILE

CONSOLE

• Technics has introduced
a rugged,
totally mobile professional
turntable
console that features the quartz-phaselocked direct drive system. The Model
SL-9560 is a stereo (or mono) phono disc
reproducer
designed for professional
applications.
The unit consists of two
highly sophisticated, acoustically isolated
sections: the turntable and tonearm/
cartridge "deck" section, and the control
illumination "main" section. The deck
section includes a direct-drive turntable
featuring a gimbal-suspended
tonearm,
which incorporates,
a professional
quality moving coil cartridge. The control section consists of a phono-equalizer
amplifier with a high pass filter, tone
controls and a monitor amplifier with
speaker.

STANDARD

TAPE MANUAL
This valuable data
book is for the AUD10
recordist, engineer or
designer. Offered at
$45.00 you may order
direct from publisher.

MAGNETIC REPRODUCER
CALIBRATOR

Mfr: Panasonic
Price: $6,565.
Circle 54 on Reader Service Card

This is induction loop equipment of laboratory quality for primary standardization of
tape recorders and tapes. Send for detailed information, prices and formats

R. K. MORRISON ILLUSTRATIVE
MATERIALS

MIXER

819 Coventrv Road
Kensington, CA 94707

• The Series 200-8X2 is intended for both
film and TV use as well as for all mono or
stereo recording or mixing applications
requiring a small, (13" x 17.5" x 7") battery-operated mixer. The 8X2 will operate
approximately 20 hours from an external
rechargeable
Gel-Cell
battery
pack
(supplied) or any 12 volt source. Among
the inputs included are ones for phantom
power, phase reverse, cue and echo sends,
4-position input gain set switch and three
equalizers with 4-position mid frequency
select. Two standard VU meters, ganged
Duncan master fader and phones monitor
are on the master panel.
Mfr: Interface Electronics

Circle 43 on Reader Service Card

fiudioTape
for professionals

Circle 55 on Reader Service Card

MIXING CONSOLE

REEL TO REEL TAPE

• Series4(fouroutput
buses)isanewline
of mixing consoles offering optimum
features and performance for both sound
reinforcement
and four or eight-track
recording sessions. Offered in either 12 or
20 input fully-modularized
frame, some
of its features include: transformerless
input circuitry; three-band, continuouslyvariable equalization in each channel;
peak LED and 20 dB pad on each input;
eight independent returns, PFL, and six
bus assigns through submasters (4) and
R / L stereo buses; and full provision for
multi-track monitoring and assign.

Ampex, 3M. All grades.
On reels or hubs.

CASSETTES, C-1O-C-90
With Agfa, TDK tape.

LEADER & SPLICING TAPE
EMPTY REELS & BOXES
All widths, sizes.

Competitive!
Shipped from Stock!
Ask for our recording supplies catalog.

PolyU!.!1r;.

Mfr: Tangent Systems, Inc.
Price:$2800.00
Circle 56 on Reader Service Card
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REVERBERATION SYSTEM

••

Join db, on a two-week

South American Adventure
to

THE GALAPAGOS ISLANDS
AND MACHU PICCHU
February 22 to March 8, 1981
Editor John Woram and publisher Larry Zide invite you to join them,
aboard a luxury 16-passengeryacht for a week-long visit to Darwin's
incredible "enchanted isles"-the Galapagos lslands-600 miles off
the coast of Ecuador.
Then, we fly to Peru, to visit Lima, Cuzco,
and the celebrated Inca citadel of Machu Picchu.
For more information, write to

SAGAMORE PUBLISHING CO., INC.
11120Old Country Road
Plainview, New York 11803
Or phone: (516) 764-8900

• The Master-Room XL-210 incorporates a recent technological breakthrough that provides the highest quality
reverberation at an affordable price.
\ The XL-21O is a self contained 3Vi-inch
rack mount unit that features two completely independent stereo channels that
are easily switchable to monaural operation. Input and output connections are
via Y-i-inchphone jacks located on both
the front and rear panels. This unique
feature aLlows convenient break-in
patching at the front panel without
disturbing the permanent rear panel
connections.
Mfr: MicMix Audio Products Inc.
Price: $950.
Circle 57 on Reader Service Card

SIGNAL PROCESSING
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The Mike Shop™
PO Box 366A, Elmont, NY t l003 (516) 43 7- 79 25
A Division of Omnisound Ltd.
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• A new modular signal processing
system, the 900 series which includes a
noise gate, de-esser and compressor, was
recently introduced. The series features
convenience with flexibility. Up to eight
signal processing modules can be fitted
into a rackmount unit measuring just
5Y-i-incheshigh. Designed for fast installation, standard connectors enable the
rack to be wired easily into a system. The
interchangeable signal processing modules slip in and out in seconds.
Mfr: dbx, Inc.
Circle 58 on Reader Service Card

@)Editorial
the National Radio Broadcasters
Association holds its annual convention (Los
Angeles, Bonaventure Hotel, October 5-8).
In honor of the event, we devote this month's
db to a look at various aspects of broadcast audio.
Usually, we tend to think of pro' audio as something
that happens in the recording studio. After all, recording engineers are into audio, while broadcast engineers
concern themselves with, well, broadcasting.
Broadcasting what? Why, audio of course; for example, your very next chart-buster: the one that hasn't
got a chance unless it gets plenty of air play.
After recording, mixing and mastering, your potential
hit record will surely encounter some "we'll fix it after
the mix," when (and if) it arrives at the broadcast studio.
Some stations have their own special "sound," while
others simply try to be the loudest game in town. In
either case, your priceless master is in for even more
processing, which will hopefully keep those listeners
tuned in.
But how much processing? Eric Small has come up
with a means of"modulation analysis" in which he quantifies what goes on just before the transmitter. Using
the New York marketplace as his guinea pig, he makes
some interesting comparisons between stations from his
lab, somewhere in the wilds of darkest Brooklyn. Barring an offer he "can't afford to refuse" from some program director, Eric will probably show up in your home
town, as he goes about Measuring the Sound of Radio.
Playing a significant role in the sound of radio is the
celebrated(?) NAB cartridge. Recording engineers, longaccustomed to the relative sophistication of open-reel,
may wonder about the continuing popularity of the
cartridge system in broadcasting. Elsewhere, the cart
has all but disappeared, in favor of cassettes. Why not in
broadcasting?
Why not indeed, asks Eumig USA, Inc. Technical
representative Tom Bensen, who describes the company's
micro-processor-based
system, which may be used to
control up to 16 cassette decks, using a low-cost personal
computer. With a little creative imagination,
such
computer-controlled
cassette systems will probably start
showing up outside the broadcast studio as well.
Speaking of outside the broadcast studio (nice segue,
huh?), what about wireless transmission
inside the
recording studio? The wireless microphone has been
around for some years now, but until recently it has been
regarded as somewhat of a compromise, to be used only
when microphone
cables are absolutely out-of-thequestion. However, wireless transmission and reception
has at last come of age, and John Nady offers us an
EXT MONTH,

N

interesting overview of theory and application, both in
and out of the recording studio.
While wireless microphones are finding their way into
the recording studio, noise reduction systems are
showing up outside the traditional studio venues. Dolby
film sound comes to mind, and of course there's the
Dolby 'B' system in consumer audio. Now, dbx is
beginning to make its presence felt in broadcasting, and
has in fact installed a custom-designed noise reduction
system in National Public Radio's satellite communications system. This month, d bx chief engineer Leslie Tyler,
shares with us the dbx approach to broadcast signal
processing, which naturally includes a look at noise
reduction, plus some talk about actually expanding
dynamic range.
We close with an inquiry into What's New at the FCC.
As you may have heard, there's a recession going on out
there, and its having its effects on all of us.Traditionally,
the recording/ broadcast
industries have been comparatively "recession-proof," as people stay home more
and therefore spend more time listening to radio and
records.
Well, this time around, our industry is also feeling the
pinch, and it could certainly use a little perking up. In
short, this would be a good time to see AM stereo and
FM quad finally come off the drawing boards. The
recording industry would be revitalized, AM radio would
come a lot closer to "hi-fi," and FM would be able to
surpass anything heard to date.
However, first we must contend with the Federal
Communications
Commission.
The Commissioners
rarely act in haste. Some say they rarely act, period. Our
Special Report will bring you up-to-date
on the
Commission's most recent contributions to the state-ofthe-art.
In a New York Times (July 20) article entitled "In the
Public Interest. Hah!," Jerome Gillman (WUST-FM)
describes his own seven-year battle with the Commission.
He concludes with the suggestion that the Commission
must be re-structured from scratch. The NRBA has sent
reprints to all members of Congress, and it asks interested
parties to write directly to their legislators to convey
personal opinions and experiences in coping with the
FCC.
Depending on the results of the November election,
there may be some changes at the Commission, as well as
elsewhere of course. (Some Washingtonians are already
beginning to pack.) And so, this might be as good a time
as any to let your elected representatives know how you
feel. Maybe something good will come of it-but
not
unless you do your bit.
•
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TOM BENSEN

Computer-lnterfaceable
Eumig FL-1000
With all the problems confronted in using an NAB cartridge
system, why not give cassettes a try?

the NAB cartridge system is by now
a well-established fixture. Therefore, before going into the
technical details of interfacing a cassette system with a
micro-computer for broadcast applications, it might be
wise to answer the question; Why use cassettes in the first place?
Quite simply; Why not? The broadcaster has been living with
the NAB cartridge for more than 25 years, trying to cope with
problems such as excessive wow and flutter, poor stereo
separation, phase shift and imaging. The graphite-lubricated
tape requires constant maintenance and its residue causes
jamming, tape breakage, etc. Because of all of the above, the
NAB cartridge also suffers from instability of frequency
response.
Though advances have been made recently in the NAB
cartridge system, it is still unable to compete with the
specifications of today's cassettes. According to Ed Havens,
technical services manager at TDK Electronics, "It is widely
recognized that more emphasis has been placed upon the audio
cassette in the last ten years than any other analog tape medium.
Improvements in all areas of their development have elevated
cassettes technically, certainly exceeding those of the NAB
cartridge, while effectively challenging open-reel recorder
specifications at 7l/i ips. The most significant improvements in
cassettes are generally noticed in two areas: tape formulations
and shell construction.
New tape formulations such as Ferric Cobalt-an equivalent
to Cr02-and most recently, pure metal particle tapes, have
measureably improved the high-frequency headroom, and
extended overall response and signal-to-noise ratios to meet or
exceed broadcast specifications.
Improvements in quality shell construction have helped
reduce wow and flutter and maintain near-perfect alignment
between the A and B sides of the cassette, while smoothing out
tape travel within transport mechanisms in general. In short,
cassettes have come a long way. They work better, they
certainly sound better, and have proven to be a reliable
medium."
With this in mind, it was Eurnig's intention to design and
build a microprocessor-controlled tape transport mechanism
N BROADCAST AUDIO,
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Tom Bensen is technical representative for Eumig USA,
Inc., Great Neck, NY.

which would fully exploit the cassette in terms of its technical
superiority, while providing the broadcaster with an entirely
new concept of automated program operation. As the design of
Eumig's FL-IOOOcassette progressed, three basic goals were
established:
a) provide a means to reach any position on tape, quickly
and precisely.
b) engineer a versatile and convenient remote control
system.
e) create a data bus system which would enable an external
intelligent device (computer) to communicate simultaneously and bi-directionally with several sub-systems.
To summarize, the FL-1000 design allows it to be addressed
via computer, be given a command, execute that command,
and, move to the next event.
In fact, up to sixteen FL-1000s may be connected at once,
suggesting obvious applications to the broadcaster. In an
automated application, several decks (perhaps four to six), can
be devoted to music playback. Two or three decks may
effectively air and maintain the spot clusters, and time
announcements can be accomplished by another deck. One
would program all announcer breaks, another would be used
for all P.S.A.s, while two decks would be used in the production
area. One deck might be used strictly for automated network
joining, for delayed newscasts, sport feeds, etc. In addition, one
deck might be devoted to the local newsroom. All decks can be
random accessed, playing any selection in any order.
At the control center is a relatively inexpensive computer,
with at least 32K of memory. For sequence storage and
programming, a floppy diskette drive may be used, and finally,
a printer will notate automated Jogging of the broadcast
material.
In the broadcast environment, such a system will provide full
random access to any point on tape. Cue tones are not
necessary, as the FL-1000 uses an optically-sensed counter
which is universal among all FL-1000 decks. Due to the
transport design, which will be discussed later, this counter
system is accurate to the digit, regardless of the number of plays.
It is therefore possible to play selection 2, advance to selection 7,
rewind and play selection 3, etc. This is accomplished via a
several-step process, which begins by using the FL-1000 as a
digital recorder.
By means of three command codes (data onto tape, data
from tape and data onto tape and monitor); digital tape may
be recorded onto the tape via the bus lines and re-read.

www.americanradiohistory.com

All transmissions
fed through the bus using a ten-pin
plug/ cable arrangement, which contains the following:
Line Designation
Code Line
Handshake Line
Handshake Line
Handshake Line
Data Line
Data Line
Data Line
Data Line
Ground
Power Supply

Pin
8

7
6
5
I
2
3
4
9
10

RFT
BY
H1
H2
Do
D1
D2
D3

Ready for transmission
Busy line

negative logic
negative logic
negative logic
negative logic
*see note
+5 volts (TTL)

*To avoid transmission
inactive machines.

disturbances

by

For the purpose of a broadcast demonstration
made by
Eumig at the last NAB convention, material was assembled in
the following manner:
During recording of broadcast material, counter locations
were noted and typed onto the computer CRT via the terminal
keyboard, thus creating an Index or Table of Contents for that
particular cassette. When fully assembled, the FL-!000 is told
to write it (digitally) onto tape, by entering the command code,
1001.
The FL-!000
recognizes and confirms the command,
switches into recording mode, mutes Audio in and out, and
signals the receipt of data by illuminating the Source, Tape and
Record LEDs. Data line D2 becomes a serial data input (TTL
signal). At this point, the CPU can transmit data onto the
cassette via this (D2) line. During data recording, BY, H 1 and H:i
remain in force, thereby blocking access by other participants
on the bus. The data recording is terminated when the CPU
frees the bus line. The FL- I000, in turn, frees the bus and stops.

The functions "data from tape" and "data onto tape & monitor"
are treated identically; the data read from the tape are
transmitted
via Do. The functions
"data onto tape &
monitoring" serves to recognize the end of the leader at the
beginning or end of the cassette. The user can select the coding.
A self-clocking code with approximately
2,400 Baud is
recommended. The "data from tape" function may also be used
to search intervals between pieces of music. During these
intervals, the FL-1000 can also be used to load programs into
the computer.
The information brought through the bus-in
this case the
Index-is recorded onto tape. When requested, the digital data
is transferred back into the memory of the computer. All that
need be done as a function of the program is to request a
machine number and a selection number; for example, machine
1, cut 2. The FL-1000 will then advance towards or rewind to
that location and execute the command. This is possible
through the rather unique transport mechanism. Fabricated
from die-cast magnesium alloy, it is a totally unconventional
design which uses no belts, pulleys, flywheels or solenoids. It is a
single-capstan,
two-motor drive system, which uses a lightweight (under 7 grams) opto-electronic
capstan and disk
arrangement
to both reference its speed ( 15,000 times per
second) and maintain reduced wow and flutter-quoted
at
0.035 percent WRMS or less. There is virtually no mass to
overcome in attaining proper operating speed of 1 Ys ips, which
will occur from dead stop within 40 milliseconds.
As indicated, the FL-1000 can seek a counter position in
response to a manual command from the user, or via the
computer interface. The counter system, which operates from
the take-up spindle, is also driven by a separate optical reference
within the transport, when given a selection number by the
computer from the index in memory. For that cassette, the FL1000 "knows" to go to the appropriate counter position.
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The most probable concern, and most often asked question
is, what if the counter location changes due to tape stretching or
aberration in tape packing density? There would be valid
concern if addressed to a conventional dual-capstan or singlecapstan design which utilize flywheels. However, the FL-IOOO
transport does not change packing density through normal
play, fast-forward, or rewinding of the cassette, due to the
reduced inertia placed on the cassette mechanism. Therefore,
not only do the tape counter positions remain accurate, they are
universal among all other FL-I OOO's.For example, if a selection
begins at location 2248 in machine 3, and that tape is removed,
placed in another FL-IOOO,rewound to the beginning, and told
to go to 2248, it will still be in virtually the identical location
(±0.30 seconds). This tolerance is certainly more acceptable
than the lead time needed to "punch-up" a cartridge or that
which is necessary for an open-reel to attain proper speed and
have the tension arms settle in place.
At this time, there are quite a number of stations in the final
stages of incorporating the FL-1000 into on-air operation. At
the vanguard is Associated Communications Corporation, an
I I-station chain, based in both Pittsburgh, Pa and Tampa, FL
According to director of engineering, Will D'Angelo, "Our goal
was to incorporate the FL-1000 in a series of steps within our
system. The first step was to incorporate it into the system as a
direct replacement for the cartridge machine. Secondly, we
were able to effectively interface it into a Cetec Schafer (System
7000 Automation System) as a music playback system. The
third step was to use a computer for simple sequencing and
operation. Finally, we are nearing completion of a full randomaccess system, using the FL-1000 for all phases of operation,
including interfacing it into our station business system."
D'Angelo explains that they have been able to accomplish the
business system interface by using a frequency-shift keying
(FSK) track on the right channel and commercial material

recorded on the left channel in monaural for decks devoted to
spots. Therefore, commercial Jogging is accomplished through
reading the FSK track and in turn, is interfaced with the station
business system to generate direct billing.
In addition to Associated Communications, there are other
broadcast facilities throughout the U.S. in the process of
incorporating the FL-1000. Some will be as elaborate as
Associated's full random access system, while other planned
applications are for simpler, live-assist environments.
Subsequently, there are other applications for the FL-IOOO
outside the realms of broadcasting, with new ideas being
suggested daily. Some possible examples are:
-Organization and rapid access to large archives of sound
effects and sound recordings, etc.
-Medical applications for the storage and quick retrieval
of data and procedures in the operating theater during
surgery.
-Automated
time-indexed public address systems in
industry, hospitals, and institutions.
-Text storage in libraries with quick access to selected
passages, recordings, and other stored information.
-Multi-media
presentations,
multi-vision, etc., with
simultaneous control of light and sound effects.
-Automated
audio editing using several slave decks as
sources and assembling excerpts from each to create a
master (a similar concept to Umatic video editing in
ENG operations).
-Educational and instructional audio-visual training.
There are undoubtedly a multitude of other applications
which are yet to be suggested. It appears too, that the versatility of applications and functions of the FL-IOOO, when
interfaced with a computer, are solely a factor of the limitations
of the softwave involved.
•
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JOHN NADY

Wireless MicrophonesOn Stage and
in the Studio
On stage and in the studio, the performance of wireless
microphone systems may noi-vequal or sometimes surpass
conventional methods.

TRANSMISSION
OF SOUND was first
achieved around the turn of the century. However,
only within the last several years has the evolving
state-of-the-art finally yielded radio-transmitted
audio with both the fidelity and dynamic range required for
applications subject to the most critical ear. This achievement
had long been an evasive,yet natural, goal for radio transmission.
Interestingly (and fortunately),
the impetus for the
development of this high-level audio performance also dictated
the need for simultaneous
development of a highlyminiaturized radio transmission system. As it turns out, the
screaming rock-and-roll lead guitar places more demanding
dynamic range requirements on a transmission system than any
other audio application. As a result, one of the most significant
breakthroughs in radio-transmission audio performance was
spawned in the course of developing a miniaturized wireless
microphone-type system for playing electric guitars without
cords.

W

IRELESS

Although wireless microphones have been commercially
available for over 20 years, hard-bitten longtime users can
testify that-until
recently-performance
was never even
closely comparable to that of hardwired cords (especially for
use in demanding applications such as cordless electric guitars).
The live entertainment and recording sectors of the general
audio market can most immediately reap the significant
benefits afforded by the imaginative application of this newly
available technology. Of the two, the live entertainment field
has a sizeable head start in advantageously utilizing wireless.
This is because of its past willingness to compromise its audio
performance, as evidenced by the relatively widespread use of
earlier-generation wireless microphones. It is inevitable,
however, that the recording industry will become more aware of
the new possibilities now available in wireless systems which
make no discernible sacrifice of audio quality. Already the
vanguard innovators are beginning to pave the way in
exploiting some of the advantages of going cordless in the
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John Nady is founder and president of Nady Systems,
Inc., an Oakland, California, based company which
manufactures the Nasty Cordless FM tunable and the
Nady VHF wireless systems.
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studio. Since these advances and possibilities are still new to
most interested parties, 1 will present in this article an overview
of the entire present wireless phenomenon as it applies to both
the entertainment
and the recording industries. I hope this
overall picture will create a better understanding of the exciting
promise that wireless microphone systems offer for stage and
studio.
USING WIRELESS SYSTEMS ON STAGE
The advantages
of going cordless in live performances
basically fall into two categories: practical/ aesthetic, and
technical. Under the former, there are: enhanced on-stage
mobility,
greatly
increased
theatrical
possibilities,
a
streamlined, uncluttered stage appearance, and the performer's
ability to hear the total sound offstage-du ring both sound
checks and performance. Of course, the most practical benefit
of cordless operation of electric instruments and microphones is
the total elimination of potential electric shock hazards. Such
common shocks, caused by improperly grounded amplifiers
and/ or other equipment malfunctions, have even proved fatal
at times (Les Harvey of Stone the Crows and Keith Relf of the
Yardbirds were both electrocuted in this manner.)
A well-designed wireless system also offers several technical
advantages
over a hardwired cord. Cables are not ideal
transmission systems for audio signals. Due to their inherent
capacitance,
they act as lowpass filters and can severely
attenuate the highs when used with high-impedance musical
instrument pickups. Although cables vary somewhat in this
characteristic, most will start to "muddy" the sound at lengths
over 20 feet. In addition, cables act like antennae and pick up
spurious noises from light dimmers, radio signals, power lines
and other external sources. Used with certain combinations of
effects pedals or amps, cords often pick up nearby radio stations
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and Clí'ers. All these things considered, it is no surprise that the
list of the hundreds of now cordless top acts reads like a "who's
who" that encompasses a broad spectrum of popular music,
including such diverse styles as that of the Rolling Stones and
Herbie Hancock.
However,
the natural
education
and
emulation process has, especially in the last year or so, filtered
through to the mass market, and a healthy rapid growth is
presently evident in this sector of the wireless field. The use of
these new wireless systems is not limited to microphones and
electric guitars. Musicians of all kinds are discovering the joys
of going cordless. Increasingly seen and heard on stages
everywhere are cordless electric saxes, trumpets, flutes (with
pickups or tiny microphones),
electric violins, mandolins,
acoustic guitars (with pickups) and even an occasional exotic
application such as miniature drum synthesizers. It is clear that
possibly within several years-within
a decade for sure, as the
understanding of this technology continues to spread-cordless
operation of most on-stage musical instruments will become the
norm.
USING WIRELESS SYSTEMS IN STUDIO RECORDING
Wireless systems are increasingly finding their way into the
recording studio, and this is not surprising, considering the
diverse ways in which cordless operation can aid today's
recording engineer. In fact, in the last two years, there have
probably been a dozen popular recordings released (gold or
better) which have utilized some form of wireless operation
during their production.
Before citing studio uses of wireless, I would like to briefly
discuss our own experiences in this area. Most of these
applications are ones I have used over the last five years or so in
my 8-track basement studio. Since we had been devloping a new
generation
of wireless systems during this period, I had
prototype new-generation wireless systems available for several
years before we introduced them on the market in 1977. In fact,
we have done completely cordless 24- to 32-track recordings
(via extensive ping-ponging) utilizing all the wireless techniques
outlined below.
Of course, our recording work was necessarily limited in time
and scope compared to larger commercial studios. Recently, we
have started work on an in-house 24-track recording and
videotaping studio, which will be equipped so that we can
expand our experiments
in recording entirely wireless. In
addition, although we haven't done an extensive survey of the
present state-of-the-art, we have received quite a bit of feedback
about studio wireless use in the last two years from customers,
interested studio people, and the like, which will aid in these
experiments. My own personal feeling is that there are still
advantageous
applications
of wireless that haven't been
discovered-and
we hope to find and utilize them.
Originally, we were committed to exploring the concept of
the totally cordless studio because of our interest in wireless
systems. Not every studio owner will see the need to
immediately commit to cordless studio operation to the extent
we have. However, from what we have already learned, wireless
use in the studio, as on the stage, should not be thought of
simply as a "gimmick" to attract customers (although it has
obvious potential in this regard). Rather, studios interested in
upgrading
their overall operations
(a necessity in this
increasingly competitive field) should seriously study the ways
of integrating this potentially valuable tool for what promises to
be its maximum benefit-a
powerful aid toward improving
operational efficiency.
The immediately obvious studio application of a wireless
system is to allow the electric musician the freedom of physical
separation from his amplifier. In the studio, this introduces a
whole new dimension of possibilities. For example, physical
separation from a loud amp allows a musician to hear his
headset mix at lower, more manageable, less fatiguing SP Ls-a
definite advantage on long sessions. The musician can even play
from the control room, which can often give him a better "feel"
than loud headsets in the studio. Also, the logistics of over-
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especially welcome labor shortcut on complicated
multichannel takes. And, it's a pleasant change to walk around
during a recording session without having to watch out for the
tangle of cords underfoot!
It is also advantageous to eliminate still more cords in the
studio by using a wireless headset monitoring system. We use
our tunable FM transmitters in conjunction with high-quality
FM headphones.
These work well for most applications
without any significant sacrifice of audio quality.
Sometimes, special recording needs arise where the use of
wireless monitoring is practically mandated; for example, by
percussionists when there is to be a lot of quick movement by
several musicians
between percussion
instruments.
The
movement is usually made extremely difficult by the entangling
of headset cords. For a specialized application, such as a movie
sound track, separate input circuitry on the transmitter
provides for proper click-track cueing.
There is another advantageous studio use of the professional,
well-designed
FM tunable transmitter.
It can be used in
conjunction
with several miniature
FM portable
radios
simultaneously as an aid to gauging the sound on typical lowpriced consumer equipment. This function is presently fulfilled
rather inaccurately by the use of small "car speaker" type
monitors, generally driven by atypically overpowered, overlyclean amplifiers.

USING WIRELESS SYSTEMS IN LIVE RECORDING
Live recording can also benefit from the judicious use of
wireless systems. In such situations, the extra cable runs needed
can be a logistics nightmare.
Not only are there more
microphones on stage adding to the tangle, but long, difficult
cable runs to the recording track are often needed. Sometimes,
special staging needs entirely preclude the use of cords. We
worked on one project that is a perfect example of this-the
Rod Stewart in concert
microphone.

using

a

Nasty Cordless

dubbing on many takes can often be made easier with the
engineer and musician sitting side-by-side in the control room.
In my own experience, I have even done dubs from out-ofdoors in my back yard (on exceptionally nice days)-while
beaming the signal to my amp and communicating
with my
engineer via two-way wireless systems. Exploring
such
possibilities can be a refreshing change from the everyday rut of
studio procedure and the wireless system makes it very easy.
This can be important these days, as more and more studios
discover that artists are considering ambience and mood of the
places where they choose to record.
There are several technical advantages of using a welldesigned wireless system in the studio. As discussed earlier,
there is the freedom from high frequency cable loss, and from
spurious audio degradation. Another happy advantage of using
a wireless system in a studio, especially for electric guitars, is an
up to 20 dB improvement in immunity against 60 Hz hum
pickup. In other words, a well-designed wireless system is
actually quieter than a cord! Furthermore,
wireless receivers
have two outputs-with
separate line and mic-level signalsthus eliminating the need for direct-box interfacing by allowing
both amp and direct feeds simultaneously.
Of course, the ultimate advantage
of cordless studio
operation is probably "streamlining." The recording studio is
even more a maze of jumbled cords than the concert stage, and a
significant percentage of valuable studio time is lost in dealing
with this labyrinth during all phases of a typical session. As in
our previous 8-track studio, all inputs in our new 24-track studio
will be on separate radio frequency channels. This greatly
facilitates setup and breakdown. During a typical setup, we
simply choose the mic, attach it to the appropriate transmitter
and place it in the desired location. This procedure is an
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In order to understand the criteria by which tó make an
intelligent choice, be aware of the potential problems exhibited
by wireless systems. These include: radio signal dropout (null
spots); interference; transmission range limitations; audio
degradations, including limited signal-to-noise (dynamic
range); and poor reliability. A well-designed wireless system is
one that has maximized performance specs with respect to each
of these potential pitfalls. Let's discuss these problems.

The Nady Pro 400 and Pro 500 and Nady Cordless.

acoustic side of Neil Young's recent sound-track album from his
movie, "Rust Never Sleeps." The simultaneous use of four
wireless channels (two on voice and two on acoustic guitar)
allowed Mr. Young to wander about the stage unencumbered
by cords. The enthusiasm of the engineers working on this
project surely means many more such productions will be
forthcoming. Such a quality recording would not have been
possible just a few years ago with the previous generation of
wireless microphones.
Another logistics aid of wireless during live recording is in use
with remote microphones over the audience for applause
pickup. Often, hardwiring a single such microphone over high
beams, etc., can take hours. From our experience, a less
expensive wireless mic with less dynamic range than the top
available equipment works quite well for this application.
VIDEO OR FILM SOUND RECORDING
Video or film sound recording is the area of live recording
where the new generation of wireless microphones will make
their greatest impact. Although wireless mies have been used for
years in this classic application, their generally poor sound,
spurious RF noises, and unreliability made them a mixed blessing at best. The old-style wireless systems had limited signal-tonoise ratio, which necessitated the use of compressor/ limiters.
Movie sound men suffered with all these audio degradations for
years. In recent years, more and more attention has been placed
on high-quality, clean, noise-free sound tracks (witness, for example, the increasing use of Dolby noise reduction). It is
especially fortunate that the best of the new breed of wireless
microphones can guarantee studio-quality sound with noisefree, wide-dynamic-range transmission, even in the most
difficult shooting locations-and
with no annoying compression/ limiting.
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GUIDELINES FOR JUDGING
WIRELESS PERFORMANCE
A question remains-Does the wireless microphone impose
any compromises? Certainly, the specs of today's state-of-theart wireless systems meet the objective criteria of present
recording requirements. However-as with all electronic signal
processing equipment-subtle colorations are introduced that
some may swear by, and others, at. Ideally, each interested user
will experiment and answer this important question for himself.
As discussed earlier, not all wireless systems perform
similarly. In fact, there is now a wide diversity in performance
on the wireless market. How then does the potential user choose
a system in the confusing and mysterious arena of cordless radio
transmitters? By what guidelines does one judge a wireless
system?

DROPOUTS (NULL SPOTS/DEAD ZONES)
While passing through the air from transmitter to receiver,
radio waves generally encounter a maze of reflective and
absorptive obstructions. When radio waves bounce off nearby
surfaces and meet in space such that one wave's crest encounters
a reflected wave's trough, a 180-degree cancellation occurs. A
receiver antenna located at that point in space will register no
received signal and a radio dropout will result. Although these
null spots can occur at any receiver distance from the
transmitter, they are fortunately very infrequent up to Vi to 2¡3
of the system's ultimate range at any given location.
Nevertheless, in most critical applications, a maximum nullspot-free range is required. There are two methods of solving
this problem currently offered by wireless manufacturersantenna diversity and receiver diversity. These two methods are
in no way comparable in effectiveness.
Antenna diversity is actually a misnomer-it is no more than
antenna combination. In theory and practice, antenna diversity
has proven to be ineffective in significantly eradicating null
spots and improving range.
The only reason for the existence of antenna diversity units
on the market is that they are a lot simpler and cheaper to
produce than receiver diversity systems.
In receiver diversity, two separate receivers and two separate
antennae are employed to process the single transmitted radio
signal. In a well-designed true-diversity system, a totally silent
comparator circuit continuously monitors the received RF
signal strength of both receivers and instantaneously selects the
audio output of the receiver with the stronger signal. In this
way, there can be no vector cancellation of the received signals
as in antenna diversity, since the two antennae are completely
separate.
The US Navy researched the problems of null-spot dropout
in its critical radio applications for years and concluded that
post-detection diversity receiver switching was the only possible
way to mathematically eliminate dead zones. Although receiver
diversity systems are more costly than a single receiver with
several antennae, the dramatic improvement in reception
reliability is well worth it.
INTERFERENCE
Unfortunately, there are not yet any radio frequencies set
aside by the Federal Communications Commission in the
United States (or by similar radio governing boards elsewhere)
solely for wireless systems. Consequently, a potential user
should be aware of the frequency allocations in the locales in
which he plans to use his system(s) to avert any potential
interference problems.
There are two frequency bands most successfully utilized by
today's professional wireless systems: the commercial FM band
(88-108 MHz), and the VHF business and TV channels band
(150-216 MHz). The wireless systems operating in the
commercial FM band are tunable so that they can be tuned to
blank spots between FM stations. The VHF systems are all
fixed-frequency, and cannot be tuned to open frequencies. For
applications such as traveling musicians, live recordings, etc.,
where clear channel accessibility and freedom from random
interference is a must in all locales, a well-designed, frequencystable tunable system, is recommended. Even for fixed location
use, such systems offer a maximum of immunity from any
possibility of interference from CB'ers, cabs and the like since
such business bands are so far removed from the commercial
FM band.
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Designing a usable VHF system is complicated by the fact
that, since it is not tunable to an open channel, it has to be as
immune as possible from weaker signals on the same frequency
and from strong adjacent business or TY channel interference
(i.e., a good capture ratio of I dB or less and at least 100 dB
image and spurious rejection). Therefore, to compete with a
tunable system's usability in all locales, the VHF system must be
extremely well designed. With careful selection of frequencies,
YHF systems do offer the advantage of enabling the maximum
number of channels to be operated in one location. For this
reason, in the 24-track studio we are currently building, weplan
on using more VHF systems than FM tunables. When finished,
this studio will probably have more radio mies operating in one
location than any previous setup ever attempted! The
importance of proper design to prevent any radio crosstalk
between adjacent operating units is especially critical in any
such multi-channel application.

The Rolling Stones in concert. Note 'ne '.i.asty Cordless
on Richards' back.

TRANSMISSION RANGE
A well-designed wireless system generally has a usable range
of about 150 feet minimum under adverse conditions, and up ro
1,500 feet line-of-sight. Receiver diversity (two receivers with
separate antennae) provides greater usable range than single
receiver or antenna diversity operation, all other conditions
being equal. Different applications, of course, require different
operational ranges. For on-stage use, a wireless system must
provide a totally solid radio link between performer and amp
for at least I00 feet. Due to sound travel, there is an acoustic
delay of about 1-00 milliseconds at that distance. It is difficult, if
not impossible, for musicians to keep in time at longer distances
and longer acoustic delays. For studio use, these delays are
generally not a problem.
For all the applications we've discussed, wireless systems
which provide at least 150 feet under the most adverse
conditions will serve quite well. Not all units presently available

c.

O"
(/)
(1)

-

"O

(1)

3
0(1)

CD

co

o

Circle 37 on Reader Service Card
www.americanradiohistory.com

rPerfect Timing"

can reliably deliver this level of range performance. Published
specs can often be misleading in this respect and it is highly
recommended that one test a system for the range necessary in
any expected application.

If You've Wanted To Put Time Code On
Your Tape, But Can't Afford The High
Cost Of SM PTE:

The ES 280 TIME CODE
GENERATOR/ READER Is For You!

. ·;:-.·..~

DISTORTION
Measuring distortion in any piece of electronic gear can be a
numbers game and wireless systems are no exception.
Published specs often quote a figure that represents a best-case
situation that may not reflect realistic in-field usage. Under
typical conditions, most wireless systems will yield an
approximate THO of 0.7-to-3 percent, depending on the
transmitted audio level and the audio frequency. The best newgeneration systems improve that performance to about 0.2-to0.6 percent THO. Discerning the desirability of the subtle
colorations introduced into the transmitted audio at these lower
distortion levels becomes a subjective decision and depends on
the application intended.

The new, low-cost way to provide time information on all your tapes, ES 280 generates a
time code which includes DAYS, HOURS,
MINUTES, SECONDS AND TENTHS OF
SECONDS.
With the flip of a switch, ES 280 becomes a
reader, to locate that certain place on the
tape.

FREQUENCY RESPONSE
Frequency response in today's professional wireless systems
range from 100-7,000 Hz (±3 dB) to 20-20,000 Hz (±3 dB).
Again, the intended usage can dictate the frequency response
needed. Published specs tend generally to be overly optimistic,
so for critical applications, a careful listen or on-bench testing is
recommended.

An Amplitude Control knob is located on the
rear, so that you can use the 280 with any
recorder, Video or Audio.
The 280 uses tones that are compatible with
the cue tones used in cartridge recording.

ES 280 COSTS $500.00
ES 281 (READER ONLY) $375.00
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Contact us or one of our dealers, and we'll tell
you how you can get your own 280.
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AUDIO LIMITATIONS
The greatest variation in performance features between
wireless systems available today is found in transmitted audio
quality. As a result, the wireless consumer can choose between
available products (often priced the same) whose audio
performance varies as much as night and day.
A word of caution: since most wireless systems are a relatively
expensive investment, one should do careful market research
before choosing. Listen carefully to the several top choices
available. Even among those companies now offering new,
improved systems, there is still significant performance
variation evident. Some manufacturers are obviously further
along than others in developing and implementing the new
technologies.
Distortion, frequency response, and dynamic range are the
three key parameters in measuring the audio quality of any
electronic processing equipment. Let's consider each of these
criteria with respect to the operation of today's wireless systems.

..)

DYNAMIC RANGE
The greatest single breakthrough in the performance of
wireless systems is the recent dramatic improvement in dynamic
range offered by the best of the new-generation units. Signal-tonoise has improved from a previous high of about 65 dB, to over
100dB. By comparison, a commercial FM station only registers
about 70 dB signal-to-noise through a high-quality receiver,
and NASA's ultra-sophisticated deep-space network only
about 90 dB signal-to-noise.
1t was discovered early in the development of wireless systems
for playing cordless electric guitar that about 100dB signal-tonoise was needed for immunity from annoying background hiss
when played at full volume. Earlier systems (all of which are still
on the market) relied on compressor limiters on the transmitter
input to handle the wider dynamic range excursions regularly
encountered in typical usage. This results in the unnatural
"squeezed" sound on the louder signals so typical of limiter
operation and makes such systems barely adequate for most
applications. The best new extended-dynamic-range systems
have no need for compressor limiters, and are thus comparable
to hard-wiring in accurately handling any of the loudest audio
inputs .
Given the highly competitive atmosphere in today's wireless
arena, much secrecy still necessarily surrounds the exact details
of the technology which effected this vastly increased signal-tonoise. It is well-known, however, that the key process used is
companding. Of course, companding has helped to quiet audio
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processing systems in the past, but its successful application to
wireless systems awaited the overcoming of many formidable
obstacles, including unacceptable audio degradation and the
restraints of miniaturization ..
Schematically, the process is similar to the familiar use of
noise-reduction companders in recording, where encoding and
decoding enables audio reproduction through a noisy medium
(recording tape) without retention of that medium's inherent
noise. In this case, encoding (compression) at the transmitter
input is matched by complimentary decoding (expansion) at the
receiver output. The noise of the radio transmission process,
which previously limited the final output signal-to-noise, is
entirely circumvented. Since lower level radio "buzzes" and
"whooses" typical of weakly-received
RF signals are also
eliminated in this manner, both effective usable range and
increased immunity from null spots is also significantly
improved.
Of course, anyone familiar with the different companding
schemes in the recording process will be aware that audio
problems can be introduced by the use of improperly designed
companders. And so it is with the present state-of-the-art
in
wireless systems. Significant performance variation is evident
among products offered by the several competing manufacturers that have so far introduced wireless systems featuring
extended dynamic range using companding. For example, the
signal-to-noise ratio in these differing units varies from about
80 dB to slightly over 100 dB.. Also, each design exhibits varying
success in dealing with the audio degradations most common to
the compander: "breathing" (annoying auditory changes in the
background hiss level), "pumping" (inaccurate input-output
signal tracking), and transient response, especially to low-level
signals. Since some companies have been working at the
development of this technology a Jot longer than others, this
situation is not surprising,

Again, especially for the most critical intended applications,
a comparative listen to the different systems available under
worst-case conditions will prove invaluable in making an
intelligent choice.

RELIABILITY
Like any piece of very complicated electronic gear, wireless
systems are subject to breakdown from parts failures, rough
handling, or just poor production
and design. Each
manufacturer has his own approach to solving this potential
problem. The ultimate test of reliability is proven ruggedness
and roadworthiness. Because the market is still so relatively
undeveloped for many of the applications discussed above, the
potential customer presently has only one way to gauge this
very important factor in deciding which system to buy. Only
people who have been using the various wireless systems for a
reasonable length of time can testify to a brand's typical
reliability. The primary users of the new generation of wireless
systems so far have been the top touring pros. The potential
consumer would do well to find out what wireless systems these
artists are consistently using-he can generally be sure that their
professional sound crews have researched the market carefully.

* * *
As a longtime advocate of the use of wireless systems, it is
especially gratifying for me to witness the ever-broadening
interest in this technology. With the dramatic improvements in
performance now available, I feel the widespread acceptance of
wireless systems isjust around the corner. The timing is now just
a matter of education. A continuing healthy growth in the
general awareness of the diverse possibilities of the new wireless
technology will hasten the day when wireless systems will take
their rightful place as a valuable tool in all phases of the
entertainment and audio industries.
•
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LESLIE B. TYLER

Broadcast Signal
Processing: The
dbx Approach
Presenting a brief overview of methods to keep it louder,
quieter, cleaner, compressed-expanded Why, theres
nothing to it!
TODAY face a persistent problem; to
maintain a consistently high level of audio quality
when switching from live announce mikes, to records,
to remote coverage. The "sound" of the live mike in
the studio is excellent, but the phonograph records are marred
by scratches and surface noise; the cartridge's high end is
strangled in dropouts and high frequency saturation. Remote
feeds are replete with hum, hash, and other garbage picked up
over land lines.
One simple solution is to reduce the quality of all the programming to the lowest common denominator; simply run the
studio audio channel across town on a telephone line, then add
tape delay using a modified cartridge machine! But this
procedure is hardly in keeping with the goal of producing high
quality audio for the station's audience. Besides, products
which can better solve the broadcaster's dilemma of how to
provide a consistently high level of programming when
switching among various sources are now available. Of course,
some of the most successful applications incorporate noise
reduction.
ROADCASTERS
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NOISE REDUCTION THEORY REVIEWED
The com pander (compressor/ expander) has been around for
some years. Many attempts have been made to apply this
concept to professional audio and broadcasting, but most of
these have been less than successful for technical reasons.
The dbx approach uses a voltage-controlled amplifier as the
control element and a true RMS circuit to sense the signal.
These optimize the compander performance for ease of
operation, maximum noise reduction, and increased headroom
for the storage or transmission medium.
The noise reduction system consists of an encoder (with a
constant 2: 1 compression ratio) and a complementary decoder
to precisely recreate the dynamic range of the original program
material. The noisy medium (tape recorder, telephone line,
microwave link, etc.) is sandwiched between the compressor
and expander, with the dynamic range of the input signal cut in
half during passage through the noisy channel.
Noise reduction is due, in part, to the masking effect of the
program signal on the channel's noise level. For example, highlevel musical signals may be loud enough to mask the
perception of most noisy channels even without noise

.o
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Leslie B. Tyler is Chief Engineer of dbx, Inc.,
Newton, Mass.

reduction .. During quieter passages, however, the floor noise
becomes audible. By placing the compressor before the noisy
channel, the signal going through the channel is kept at high
levels, so that more effective masking can take place. On
playback, the expander restores the signal level to its proper
value, while pushing down the noise at the same time. During
periods of silence in the input, channel noise is pushed down so
far as to become inaudible.
For a given signal-to-noise ratio, levels within the channels
can be held down. The lower signal levels almost invariably
result in less distortion of the signal. Because of the noise
reduction system's action, the normal degradation of the signalto-noise ratio with less signal will not take place. In addition, an
increase in headroom is also realized.
THE dbx APPROACH TO COMPANDERS
For noise reduction to work in reality, a more sophisticated
approach than has been suggested above is necessary. For a
cornpander to operate properly, the compressor and expander
must operate as mirror-images. To control the expansion/
compression operation, each must have a signal detector.
There are three common types of signal detection: peak,
average, and RMS. Since peak and average detectors are
sensitive to phase shift, these types of signal detectors are
inadequate for broadcast applications. To cope with timedispersive media-channels with non-flat group delay, where
relative phase shifts of different frequencies can cause severe
alterations of wave shapes-dbx uses RMS level detectors in
both compressor and expander. RMS detection measures the
sum of the energies present in the signal and is not sensitive to
phase shift introduced by time-dispersive media. RMS level is
unaffected by irregular group delay. Peak and average level,
however, are significantly altered. The use of RMS detectors
insures much closer tracking between compressor and expander
levels than would be possible with other detection schemes.
Since the dynamic range of live music sometimes approaches
120 dB, a means of automatically varying level in response to
the detector's output over a 60 dB range must be used to achieve
the 2: I compression ratio. In addition, the dynamic range of the
gain control element itself must be 120 dB or more, in order to
avoid degradation of the input signal. To fulfill these criteria,
dbx employs a voltage-controlled amplifier (VCA), which uses
log-anti-log techniques. At the same time, the VCA control
constant of -6 mV/dB, with O V control corresponding to O dB
(unity) gain, is a fortunate match for the RMS detector's output
constant of -6 mV/dB, with O V output corresponding to a
presettable reference level.
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to IO kHz. When used properly, both systems can deliver in
excess of 100 dB dynamic ranges.

To better cope with high frequency noise content within the
channel, and to combat tape modulation
noise, a highfrequency pre-emphasis of approximately
12 dB is used in the
encoder, with a complimentary de-emphasis in the encoder. The
de-emphasis serves to reduce high frequency noise by 12 dB
when the signal is decoded.
Unfortunately, the 12 dB pre-emphasis alone would impose a
headroom requirement on the transmission channel which may
not be met in reality. Tape recorders which run at slower speeds
are especially prone to high level, high frequency, saturation
effects. To deal with this problem, dbx includes level detector
pre-emphasis. This causes the RMS detector to weigh high
frequencies more heavily than low frequencies in order to
complement the signal pre-emphasis used and the anticipated
overload situation.

BROADCAST NOISE REDUCTION
For the broadcaster, the primary limitations to signal-tonoise ratio lie in STLs (studio-to-transmitter links), telephone
line feeds, cartridge tape machines, and video tape recorders.
Although modern broadcast consoles have excellent signal-tonoise ratios, the best console in the world cannot show off its
wide dynamic range when processed through a noisy STL.
Telephone lines are notoriously noisy, and when adequate
bandwidth is available for proper encoder/ decoder tracking,
can greatly benefit from a noise reduction system. Furthermore,
cartridge machines frequently suffer from headroom
limitations and poor signal-to-noise ratios. Audio sections of
video tape recorders are often relegated to second place in their
overall design. For these situations (noise reduction around
channels with limited high frequency headroom and response),
dbx recommends Type II noise reduction.
When noise reduction is added to all station sound sources,
the differences in dynamic range between these sources may be
so small as to be inconsequential. A note of caution: when using
any noise reduction, equipment such as equalizers, compressors, etc., must be kept out of the encode/ decode loop.
While the linear 2: 1 compression/ expansion ratios insure that
level variations will not cause decode errors, any alteration of
frequency response or dynamic range will introduce tracking
errors.

TYPE I AND TYPE II NOISE REDUCTION
Since overload characteristics of tape machines vary
drastically with their operating speeds, different amounts of
level detecting pre-emphasis may be required. For example, the
dbx Type I system is optimized for operation with high-speed
tape machines ( 15 ips or greater), or transmission channels with
wide bandwidths and generous high frequency headroom.
Detector pre-emphasis begins at approximately 1.8 kHz, and
boosts high frequencies by as much as 19 dB. The Type I
detector bandpass is 20 Hz to 27 kHz.
The Type II system is appropriate when the bandwidth of the
medium is narrow (particularly at the high frequency end),
when peaky high frequency response is present, or when
headroom is limited at high frequencies. Type II is therefore
especially useful for 31.íips and 71/iips tape machines, as well as
telephone lines and other restricted media. Detector preemphasis in the Type II system begins at approximately 440 Hz,
and reaches a maximum boost of20 dB. The bandpass is 30 Hz
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satellite
communication
system applications
is a 3: l
compressor/ expander system. It contains highly specialized
pre-emphasis
and de-emphasis
networks and very tight
frequency response and tracking specifications. The dbx 321
compander system was built on an OEM basis for National
Public Radio System's ground station installation. It allows
N PR to transmit high quality audio signals over otherwise very
marginal satellite channels.

CUSTOM-TAILORING COMPRESSION RATIOS FOR
DIFFERENT BROADCAST APPLICATIONS
Many areas in broadcasting require varying compression
ratios suited to particular applications. As an obvious example,
the classical music station might desire a gentle compression
ratio for much of its programming as well as a higher ratio to
improve intelligibility during news broadcasts.
Unlike compressors in the noise reduction systems, this
compressor is a feed-forward device, so that very high
compression ratios (limiting) can be achieved with absolute
stability. The maximum compression ratio available is oo ; 1,
wherein no increase in output takes place once the input is
above the compression threshold.
The level detector used is an RMS detector. It has been
chosen here because of its unique time constants and the
closeness of its response to that of the human ear. The time
constants of RMS detectors are such that more weight is given
to a large increase in level than to a small increase in level. This
results in an attack time which varies with the amount of change
in signal level, getting shorter for larger level changes. The
attack time may vary from l 5ms for a I O dB change to a 3ms for
30 dB change. The release rate (not time) is fixed at 120dB/sec
{dbx model 160 specifications).
The compressor /limiter provides a gentle, natural sounding
compression effect, keeping levels stable on an RMS basis,

co

Model 380 is the
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circuitry to
reduce the effects of tape
compression and phase
distortions.
o Unprecedented signal
and bias headroom for

full compatibility
with
highest-coercivity
tapes.
o Two "workhOrse" EO
and bias settings, plus
an optimized mode
with separate setup for
best performance from
"super" tapes.
o compatibility with
virtually any combination
of transports and heads.
o SYNC reproduce and
exclusive auto-mute.
o Remote control of all
functions.

similar to the way in which the ear perceives levels. Since it will
not over-react to peaks, the compressor/ limiter should not be
used as a device to prevent instantaneous over-modulation of a
transmitter. However, it can act to control levels in a naturalsounding fashion, before the signal is sent to a final, peakactivated, limiter.
EXPANDING DYNAMIC RANGE
Although some form of compression is a broadcast fact of
life, some broadcasters, seeking to enhance radio station sound,
are experimenting with dynamic range expanders. Stations are
using this equipment to reduce surface noise from records,
emphasize detail in the nuances of the music, and generally
capture a greater sense of the live performance. They are also
finding that use of such signal processors can contribute to
station "identity," which helps listeners recognize the station by
its special sound character.
Splitting the audio frequency range into several bands brings
freedom from undesireable side effects of expansion, since time
constants are tailored to fit the bandpass of each section, and
expansion of low frequencies will not cause pumping of high
frequencies, and visa versa.
CONCLUSION
In today's highly compet inve marketplace, increasing
numbers of broadcasters are seeking high quality signal
processors to custom tailor their station's sound to provide a
marketing edge, to provide maximum talk power, or to clean up
a noisy land line.
As with many companies, dbx engineers are cognizant of
broadcasters' needs, and are interested in establishing an ongoing dialogue on signal processing equipment and signal
processing problems.
•
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use the 380 to create new,
ultimate-performance
recording aqutpment, or to
give your Did tape or magñlmrecorder a sound so
clean you must hear it to
believe it. $820.00

lnovonics Inc.
503-B Vandell way
Campbell, CA 95008

Telephone
(408l 374·8300

See us at AES
Booth Number 209.
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Model 370 is intended for
routine replacement use.
It is compatible with most
studio transports and a
wide variety of original
and replacement heads.
The 370 will make "new"
machines out of your
older studio recorders.
delivering superior performance and great
reliability. $580.00
For more information,
see your distributor or
contact us today.

JOHN M. WORAM

What's New
at the FCC?

THIS YEAR,
optimistic Washington watchers
thought they may have detected signs of life on 'M'
Street, Northwest. At the headquarters of the Federal
Communications Commission, it appeared as though
the broadcast and recording industries were about to get an
invigorating boost: In April, the Commission was expected to
choose from among five competing AM stereo systems. At
about the same time, the Commission was also going to resolve
the matter of FM quadraphonic broadcasting.

E

ARLY

Finally, it appeared that 1980would be the year in which the
FCC broke a long-hallowed tradition, and actually began to
help the industry it serves.
Guess again! Perhaps in recognition of its position as the
most inefficient federal agency within the US Government
(according to the General Accounting Office), the Commission
has once again managed to stifle technological advancement.
Commission-watchers speculate that AM stereo is now
stalled until next year at least. FM quad is in no better shape,
despite the fact that the matter has been before the Commission
since August, 1971!
AM STEREO

Five AM stereo systems have been competing for FCC
approval: Motorola, Magnavox, Harris, Belar, and Kahn. In
April of this year, the Commission approved the Magnavox

system, setting off industry-wide protests. (At least some of th.
howls were predictable: with five systems in the running, any
decision at all is guaranteed to displease 80 percent of the
contestants.)
In the ensuing debate, it was learned that the FCC had
prepared an "evaluation matrix," in which each system was
graded on mono compatibility, interference characteristics,
coverage, transmitter stereo performance and receiver stereo
performance.
At first, the Commission denied a request (by Harris) to make
the matrix public. Meanwhile, FCC staffers, preparing to
justify the pro-Magnavox decision, acknowledged "ambiguities
and omissions" in the record.
In its August 4 issue, Broadcasting Magazine published a
"revised AM stereo evaluation matrix," presumably derived
from FCC data. This shows Motorola as the high scorer, with
67 points (out of a possible 100). Belar is second, with 53, and
Magnavox and Kahn, with 51 each, are tied for third. In fact,
only Harris comes in lower than Magnavox, scoring 50 points.
The Commission has not yet issued a satisfactory explanation
for designating one of the third-place systems as the winner.
However, it should be noted that the matrix does not give scores
for coverage or receiver stereo performance to any system, due
to insufficient data. Obviously, filling in the missing data could
have a significant effect on the ratings. Did the FCC base its
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decision on the missing information? We don't know, but at the
FCC, chief scientist Stephen Lukasik apologized for the
"ambiguities, discrepancies and inconsistencies."
From the thoroughly muddled proceedings to date, one thing
appears clear: the FCC is not in command of the situation. It
seems to be incapable of making an intelligent evaluation, even
if this might be (as Commissioner Quello inquires) that all five
systems are minimally acceptable.
If we may indulge in a bit of over-simplification,
it would
seem that the Commission might make one of the following
statements:
A. One system is clearly superior.
B. One system is not clearly superior.

C. We can't tell if A or B is correct.
On July 31, the Commission approved a Further Notice of
Inquiry on AM stereo, which seems to indicate that C is the
answer. That being the case, why did they approve Magnavox
in April?
In engineering matters, one need not be embarrassed by
requiring more data in order to reach a conclusion. However,
when conclusions are published before the facts, we must come
to some depressing conclusions of our own concerning the
competency of our federally-appointed decision makers.
We suggest that the industry deserves better treatment from
its regulators. When setting standards that will have a long-term
effect on radio and recording, we don't expect the FCC to play
"let's run it up on the flagpole, and see if anyone salutes." By a
stroke of good (or maybe bad) luck, when the Commission ran
Magnavox up on the pole, no one saluted, and the flag was
taken down quickly, with apologies. That's really unfair to the

winner, to the losers, to all of us. In fact, the"winner" becomes a
loser too, and the FCC's already tarnished image gets another
scratch on it.
FM QUAD
At first, it may seem unfair to blame the Commission for the
apparent "death" of quadraphonic sound. Indeed, some
Commission insiders cite the poor showing of quad in the
marketplace as justification for taking no further action.
However, it is a fact of life that the record marketplace is
profoundly influenced by broadcasting practice. It is also a fact
that, over the past ten years, the Commission has allowed some
quad systems on the air, while others were kept off. Therefore,
the listening public has not been able to hear all the contenders
in the quad marketplace. Based on what has been heard, the
public has not come to the support of any quad broadcast
system. And manufacturers, anticipating eventual action by the
Commission, have become reluctant to invest in any of the
competing systems, for fear that it may be rendered obsolete,
once the Commission does make up its mind.
And so the matter stands. But at last, the Commission has
finally acknowledged that even the discrete (4-4-4) systems are
capable of operation within the present broadcasting system.
So it would seem that a standard might be written that would
allow such broadcasts to take place. (It should be noted that the
Commission has acknowledged that matrix standards are
unnecessary, since such programming is already possible under
existing stereophonic standards.)
Well then, we can expect the Commission to finally do
something! Right?
Wrong! The Commission wants yet another period of
comments. After all these years, they now want to know if they
should; A, specifiy a compatible discrete system, or B, leave the
matter entirely up to the marketplace. The FCC calls the latter a
"general standards" approach.
Well, "column B" certainly sounds like the good-old
American way of doing business, doesn't it? It's a wonder it
didn't occur to them ten years ago, when there was still a
marketplace out there.

If something SOUNDS FISHY it
mev be vour fish scale approach to
measuring tension.

The TenteI Tape Tension
Gage is designed to diagnose problems in your
magnetic tape equipment.
Virtually all recorder manufacturers use and recommend the TENTELOMETER
®
for use with their equipment.
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The TENTELOMETER®measures tape tension while your
transport is in operation. so you can "see" how your transport is
handling your tape; high tension causing premature head and tape
wear. low tension causing loss of high frequencies. or oscillations
causing wow and flutter. Send for the Tentel "Tape Tips Guide".
The T2-H20-ML sells for $245 - complete.
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ENTEL

50 CURTNER AVENUE
CAMPBELL. CALIF. 95008
(408) 377-6588

But "specific" or "general," what's the real difference between
A and B? If a specific discrete system is standardized, the
broadcaster may either use it, or not use it-the choice is up to
each station, and its own unique marketplace. If a general
standards approach is in effect, the broadcaster has exactly the
same options. The significant difference is that this "nostandard standard" offers no frame of reference to either the
broadcaster or the manufacturer. It needlessly muddies the
waters, since the Commission has already determined that a
discrete system based on the QSI /RCA proposals is preferable,
and-unlike
the AM stereo situation-there
has been no
significant opposition raised.
Of course, the Commission is no doubt sensitive to the
trouble it brought on itself with AM stereo; a "non-decision" on
FM quad will spare the Commissioners more discomfort.
However, the industry has suffered through ten years of pain,
countless millions of dollars in research, and man-years beyond
counting have been wasted before the Commission. After all
that, surely we deserve the courtesy of an intelligent response
from the Commission. Just one, that is-it needn't become a
habit.
Its been said before. that the Federal Communications
Commission is a little out of touch with the broadcast industry.
In fact, the National Association of Broadcasters (NAB) has
requested that a committee be set up between government and
industry, to help facilitate a comprehensive approach to AM
and FM matters now before the Commission. The FCC has
considered the request, but has decided to postpone action for
the time being. Enough said?
•
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FOR SALE

BX20 AND BX10 AKG reverberation systems. FOR IMMEDIATE DELIVERY. UAR
Professional Systems, 8535 Fairhaven,
San Antonio, TX 78229. 512-690-8888.

THE LIBRARY ... Sound effects recorded
in STEREO using Dolby throughout.
Over 350 effects on ten discs. $100.00.
Write The Library,
P.O. Box 18145,
Denver, Colo. 80218.

JFET TUBE REPLACEMENTS for first
playback stages in most Ampex Professional audio tape recorders/reproducers
available from VIF International,
Box
1555, Mountain View, CA 94042. (408)
739-9740.

IVIE ELECTRONICS REAL-TIME ANALYZERS, etc. Very slightly used demonstrators at discount. Full factory warranty.
Money-back guarantee. JML Company,
39,000 Highway 128, Cloverdale, CA
94525.
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·CONCERT SOUND
·PRO AUD IO SALES
·RECORDING STUDIO

CALF AUDIO

BEST PRICE-IMMEDIATE
DELIVERY &
FREE consultation
on TEAC Tascam,
Ampex, Sennheiser, Eventide, Studio
Master, UREI, BGW, EV, Lexicon, ADR,
Orban, JBL, Beyer, AKG, Technics,
MXR & more. Paul Kadair's Inc., Baton
Rouge, Louisiana, (504) 924-1001.

REELS AND BOXES 5" and 7" large and
small hubs, heavy duty white boxes. W-M
Sales, 1118 Dula Circle, Duncanville,
Texas 75116 (214) 296-2773.

USED RECORDING equipment for sale.
Soon to be in Hollywood. Dan (415)
232~7933.

UREI: FOR IMMEDIATE DELIVERY most
items. UAR Professional Systems, 8535
Fairhaven, San Antonio, TX 78229. 512690-8888.

AMPEX, OTARI & SCULL Y recorders in
stock for immediate delivery; new and
rebuilt, RCI, 8550 2nd Ave., Silver Spring,
MD 20910. Write for complete product list.

AMPEX AG-350-2: consoled, $1300.00;
unmounted, $1100.00. Crown 800 transports-quad heads, $500.00; with electronics,
$650.00. Magnecord
1028-2
$225.00; no electronics
$75.00. (215)
338-1682.

STUDER 867 2/2 VU mint, little used DBX
158 with 2 #410 modules-mint.
Royal
(404) 253-6419.

PROFESSIONAL AUDIO EQUIPMENT
Shop for pro audio from N.Y.'s leader,
no matter where you live! Use the Harvey Pro Hot-Line.
(800) 223-2642
(except NY, AK, & HI) Expert advice,
broadest selection such as: Otari,
EXR, Ampex, Tascam and more. Write
or call for price or product info:
Harvey Professional Products Division
2 W. 45th Street
New York, NY 10036
(212) 921-5920

157 Gray Road Ithaca NY 14850 <607>272·8964
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ELECTRO-VOICE SENTRY Ill, Sentry
IV-8, and Sentry V studio monitor speakers.
E-V raw speakers and pro-music products.
Otari professional recorders. Best pricesim mediate shipment. East: (305) 4621976, West: (213) 467-5725.
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CONSOLES
KITS & WllED
AMPLIFlEIS
MIC., EQ, AC N,LINE.
!An, DISC, ,OWfl
OSCILLATORS
AUDIO. TA'f llAS
POWER sunuES
1033 N. SYCAMOREAY•.
LOS ANGELES,CA. 90031
(213) 934 -JS66
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CAMUIANS!

WANTED
CASH

RECORDING
EQUIPMENT
OF ALL AGES AND
VARIETIES

FOR YOUR 16 TRACK
STUDIO PACKAGE
Must be complete and in perfect
working order. No brokers. Princjpals
only. Call Mike at (703) 734-!:1300
(days) or (703) 451-7481. (evenings
or weekends).

microphones, outboard gear,
consoles, tape decks, etc.
Dan Alexander
6026 Bernhard
Richmond, Ca. 94805 USA
(415) 232-7933 or (415) 232-7818
AMPEX AG440-4, PORTABLE CASES,
two track heads included, excellent
condition. Asking $3200. SA Audio,
6252 E. 20th, Tucson, Ariz. 85711. (602)
747-7628.

dbx 155: FOR IMMEDIATE DELIVERY.
UAR Professional Systems, 8535 Fairhaven, San Antonio, TX 78229. 512-6908888.

AMPEX 440B PROFESSIONAL eight
track recorder/reproducer.
Excellent
condition, never abused. $7,000. Call
Fred or Mike at (516) 489-6177.

AMPEX, OTARI, SCULLY-In stock, all
major professional lines, top dollar tradeins: 15 minutes George Washington
Bridge. Professional Audio Video Corporation, 384 Grand Street, Paterson,
New Jersey 07505. (201) 523-3333.

'/.-INCH TAPE duplicating system. Six
Crown 800 transports. New 4-channel
heads. Solid state. Mint. $4,200.00.(215)
338-1682.
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ORBAN. All products in stock. FOR IMMEDIATE DELIVERY. UAR Professional
Systems, 8535 Fairhaven, San Antonio,
TX 78229.512-690-8888.
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TEST RECORD for equalizing stereo
systems: Helps you sell equalizers and
installation services: Pink noise in 1/3octave bands, type OR-2011-1 @ $38.00.
Used with various B & K Sound Level
Meters. Bruel & Kjaer Instruments, Inc.,
185 Forest Street, Marlborough, Mass.,
01752.

Headquarters for.

dbx
Hill

{f]fj!if[f}Q
TEAG TASCAM

..and many more1
Write or call:

111111111•'•111111111

RICHARD AUDIO INC.
5078 Snerorooke S1 w Mon1rea1 Oueoec H4A 1Y1
r'i141481·99S(I

LEXICON 224 Digital Reverberation.FOR
IMMEDIATE DELIVERY. UAR Professional Systems, 8535 Fairhaven, San Antonio, TX 78229.512-690-8888.

PRO-SOUND equipment. Mail order discount catalog free. Write or call Soli1ixCo.,
Dept. D, P.O. Box 58, Indian Head, MD
20640 (301) 753-6432.

BGW: FOR IMMEDIATE DELIVERY.UAR
Professional Systems, 8535 Fairhaven,
San Antonio, TX 78229.512-690-8888.

FOR SALE: NEVE CONSOLE 24 tr.,
3M M79 24 tr. tape recorder, including
brand new 16trk headassm.,24tr. Dolbys,
3M M79 2 tr. w/Dolby, Crown & CM Lab
pwr amps., UREI Speakers, UREI 1/3
octave eqs., Kepex Rack, AKG BX-20
reverb, everything needed for 24 trk
studio $117,000 takes all. Call Tim
Hunnicutt (602) 258-1610or 258-9282.

I
SCULLY, NEW and used: FOR IMMEDIATE DELIVERY. UAR Professional Systems, 8535 Fairhaven, San Antonio, TX
78229.512-690-8888.

Interested in semi-pro
multitrack recording?
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CAPSTAN MOTOR
(AMPEX, SCULLY 7.5/15 IPS)
Replace shaft or stator $140
Replace shaft and stator $210
Replace upper sleeve w/ballbearing
Includes new shaft $160
Includes new shaft & stator $230

PROFESSIONALAUDIO IN TUCSONCrown, Otari, Altee, Sound Workshop,
AKG, MXR-Pro, dbx & more. Sales, design, service and demonstration showroom. Autograph Pro Audio, 601 E.Blacklidge Dr., Tucson, AZ, (602) 882-9016.

FOR SALE: (2) AKG 451-EB's with CK1
Capsules, (2) AKG 414-EB's, (1) AKG
BX1O, (1) Mellotron, (1) Farfisa VIP 345
Organ. Contact Clay at: (516) 921-9421.

SELLING SCULLY 284B8 TRACK, Quantam QM128 12 x 8 board in-producer's
console,and miscellaneous.Makeoffer(s).
(612) 253-6510.

• Electrosound & 3.75/7.5 IPS motors
price upon request
• All capstan shafts 440C stainless
• Take-up & supply motors, mfrs
original specifications
• 3/6 weeks AR0-(201) 429-8996Warranty
• Shipments UPS COD unless credit
established.
9 WestinghousePl., Bloomfield,NJ 07003
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MIDAS 24 into 10 stage monitor console
with pro-4m modules, patchbay, two
power supplies, case. 1 year old, mint
condition. $22,000.00. (415) 529-2908.

I

TAKE-UP & SUPPLY MOTOR
Replaceshaft or stator $95
Replaceshaft and stator $140

L

FOR SALE: USED CROWN SA-2 amp, M600 mono amps, Dayton Wright Electrostatic speakers XG8-Mark 111. Call Jim
(215) 322-6358.

I

REBUILD YOUR MOTOR

DICKINSON
Auth. Ampex Repair Station

AKG, E/V, Sennheiser Shure, Neuman;
FOR IMMEDIATE DELIVERYmost models. UAR Professional Systems, 8535
Fairhaven, San Antonio, TX 78229. 512690-8888.

_J

Lexicon Prime Time: FOR IMMEDIATE
DELIVERY. UAR Professional Systems,
8535 Fairhaven, San Antonio, TX 78229.
512-690-8888.

NAB ALUMINUM FLANGES. We manufacture 8", 10'/2",121/2",and14".Alsolarge
flanges and special reels to order. Stock
delivery of assemblyscrews & nuts & most
aluminum audio, video, & computer reels.
For pricing, call or write Records Reserve
Corp., 56 Harvester Ave., Batavia, N.Y.
14020.(716) 343-2600.

BUSINESS

OPPORTUNITIES

AUDIO DESIGN & MANUFACTURING
ENGINEERS-Do
you want your own
business? PUL TEC (Pulse Techniques,
Inc.) will be available soon when owner
retires. (1411 Palisade Ave., Teaneck, NJ
07666.

SERVICES
MAGNETIC HEAD relapping-24
hour
service. Replacement heads for professional recorders. IEM, 350 N. Eric Drive,
Palatine, IL 60067. (312) 358-4622.

CUTTERHEAD REPAIR SERVICE for all
models Westrex, HAECO, Grampian.
Modifications done on Westrex. Quick
turnaround. New and used cutterheads
for sale. Send for free brochure: International Cutterhead Repair, 194 Kings Ct.,
Teaneck, N.J. 07666. (201) 837-1289.

MULTI-TRACK RECORDING specialists
-1-2-4-8-16-24
tracks, authorized dealer
for Tascam. Otari, Ampex. Teac, Technics, AKG, AB Systems, Crest. SAE Pro,
dbx, Orban, Tapco C12, Audioarts, Loft.
Lexicon. Ashly Audio, Altee. PAS. PSL,
Shure. and many more. Single items or
complete studio packages. Studio design
and construction. Phone or write for a
prompt written quotation. Profeaalonal
Sound Laba, Inc., 42 N·orth Franklin St.,
Hempstead, NY 11550. (516) 486-5813.

ACOUSTIC
CONSULTATION-Specializing in studios, control rooms, discos.
Qualified personnel, reasonable rates.
Acoustilog, Bruel & Kjaer, HP, Tektronix,
Ivie, equipment calibrated on premises.
Reverberation timer and RTA rentals.
Acou1Ulog, 19 Mercer Street, New York,
NY 10013 (212) 925-1365.

WANTED

.

líl

sound
order!

EMPLOYMENT

MATURE, QUALIFIED
AUDIO ENGINEER for three to six month temporary
employment
.in Mexico City. Duties
include instructing
young recording
studio engineers and studio techniques,
plus consulting on studio related repair,
troubleshooting
and engineering problems. Other travel opportunities available.
Excellent salary with interesting profit
incentives. Contact Ron Newdoll, Accurate
Sound
Corporation,
114 5th
Avenue, Redwood City, Ca., 94063, (415)
365-2843.

SALES
We are an aggressive manufacturer of
pro audio products with an excellent
reputation. We need an ambitious
professional to join us. Since we are
the standard by which others are
judged, we expect the most from our
salespeople. The candidate must be
good at selling and able to prove it
with at least 2 years of recent experience
in sales of pro sound equipment. We
offer top compensation and benefits,
extensive travel in an 8-10 state area
and excellent prospects for a successful career. Please send resume to:
Dept. 91
db Magazine
1120 Old Country Road
Plainview, NY 11803
An Equal Opportunity
Employer

M/F

Special binders
now available.
All you regular db readers who,
smartly enough, keep all your
back issues, can now get our
special binders to hold a whole
year's worth of db magazines in
neat order. No more torn-off
covers, loose pages, mixed-up
sequence. Twelve copies, January to December, can be main·
tained in proper order and good
condition, so you can easily
refer to any issue you need, any
time, with no trouble.

They look great, too!
Made of fine quality royal blue
vinyl, with a clear plastic pocket
on the spine for indexing information, they make a handsome
looking addition to your professional bookshelf.
Just $7.95 each, available in
North America only. (Payable
in U.S. currency drawn on U.S.
banks.)
r--------------,
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Copies of db

Fast emergency
service. Speaker
reconing and repair. Compression
driver diaphragms
for immediate
shipment. NEWCOME SOUND, 4684
Indianola
Avenue,
Columbus,
OH
43214. (614) 268-5605.

db

WANTED: AMPEX MM1100 16-TRACK
head stack, remote control and spares.
Also 16-track console MCI, Audiotronics,
etc. in the $15,000 range. Dennis Reed,
Box 50022, Palo Alto, Ca. 94303. (415)
494-9344.

CASSETTE DUPLICATION
stereo or
mono duplication. High quality cassettes
at very economical prices. Spirit Recording, Box 656, West Bend, Wis. 53095.
(414) 334-5510.

JBL AND GAUSS
SPEAKER WARRANTY CENTER

Keep

WANTED RECORDING EQUIPMENTmikes. recorders. consoles, outboard
gear. Greg Field, Box 243, San Mateo, CA
94401. (415) 343-1353.

Copies of all issues of db-The
Sound Engineering
Magazine starting with the November 1967 issue
are now available on 35 mm. microfilm. For further information or to
place your order please write directly to:
University Microfilm, Inc.
300 North Zeeb Road
Ann Arbor, Michigan 48106

Sagamore Publishing Co., Inc.
1120 Old Country Road
Plainview, NY 11803
YES! Please send __
db binders
@ $7.95 each, plus applicable sales
tax. Total amount enclosed$ __
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• A VAB America announces its move to
new and larger quarters. The facilities are
located at 967 Howard
Street, San
Francisco, CA and will be used both for
sales and manufacturing.
Among the
products
being built there is a new
system of modular dimmers. The first
complete permanent installation of this
system is in the studios of KOKH-TV
in Oklahoma City, OK. The dimmers
are designed to complement A VA B's
line of computer-controlled
and manual
light boards. A VAB is also manufacturing the FM 800, a production sound
mixer for the motion picture and tele-vision industries.

• Audio-Technica U.S., Inc. has named
Shane O'Neil to the position of director
of public relations.
His primary responsibilities
are for the planning
and directing of all news media activities
concerning
Aud io-Technica
and its
product lines. In addition, he will be
involved in advertising and sales promotion projects. Prior to joining A-T,
O'Neil had been director of public
relations
and merchandising
for a
Milwaukee advertising and public relations agency and held a similar position
for five years with Koss Corporation,
a high fidelity component manufacturer.
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• Quantum Audio Labs, Inc., a Los
Angeles based professional
console
manufacturer,
has acquired
Audio
Logic-a
spin-off of Uni-Sync,
Inc.
Audio Logic's operation will be consolidated into the Quantum Audio Labs'
factory facility in Glendale, California.
According to John Pritchett, President
of Quantum Audio Labs, Inc., sales and
service for both product lines will be
handled out of the Glendale facilitywith Audio Logic operating as a wholly
owned subsidiary of Quantum Audio
Labs, Inc. Andrew C. Thompson, former
president of Audio Logic, has been
named National
Sales Manager
for
Quantum Audio Labs, Inc. and Audio
Logic.

Jlohn E. Volkmann

John E. Volkmann, a pioneer in
the field of room acoustics and
electroacoustics, died July 9, 1980 in
Princeton, New Jersey, after a short
illness.
His professional
career
spanned more than 50 years.
Mr. Volkmann
was born in
Chicago, Illinois July 26, I905. He
received his BS (1927), MS (1928)
and Professional
Degree (I 940)
from the University of Illinois.
He worked continuously
with
RCA in the field of acoustics,
specializing in the development and
application
of large scale auditorium
loudspeakers
and stereophonic sound systems, as well as a
consultant
on architectural,
electronic and acoustic problems. He
contributed
to the solution
of
innumerable
projects,
including
stereophonic sound systems for the
Radio City Music Hall, the Hollywood Bowl, the recording acoustics
for Walt Disney's Fantasia, custom
loudspeakers
for the New York
World's Fairs of 1938 and ll964-65
and the Jones
Beach Marina
Stadium. He provided the acoustic
design for the RCA ltaliana's
364,000 cu. ft. Studio A-regarded
as the largest and first ever built for
the recording of full scale operas and
symphonic
orchestras.
He was
responsible for the development and
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design of the sound systems for the
John F. Kennedy Center in Washington, D.C. He applied his pioneering concept of variable acoustics to
the design of the RCA Victor
Recording Studios in New York
City.
For more than three decades,
Mr. Volkmann was in charge of the
advanced acoustic development and
theater
engineering
activities
at
RCA Camden, New Jersey. In 1964
he transferred
to the RCA Laboratories,
Princeton,
New Jersey
as a member of the technical staff.
He retired from RCA in 1970.
He has written numerous technical papers for scientific journals
and holds several U.S. Patents.
In 1962 he received the RCA
Achievement Award for "Advances
in the Development of Architectural
Acoustics" and in 1967 the John H.
Potts Memorial Award from the
Audio
Engineering
Society
for
"Elegant Application
of Acoustic
Principles in the Development
of
Large Scale Loudspeakers
and
Sound Systems." He was a member
of honorary scientific fraternities,
a Fellow of the Acoustical Society of
America, the Audio Engineering
Society and the Society of Motion
Picture and Television Engineers.
Submitted

by Harry F. Olson

Circle the number on
this card that corresponds
to the number beneath
the ad or editorial.

111ore

facts
fast!
Use
the
attached
postagefree
Reader
Service
Cards
for
free
technical
data.

O I AM A SUBSCRIBER

PLEASE PRINT CAREFULLY

Please check your area of
employment or occupation:
O (a) Recording Studio

Name & Title

O (b) Radio Broadcasting
Company

O (c) TV Broadcasting
O (d) Audio/Visual

Company Address

O (e) Video Recording
O (f) Commercial Sound

City/State/Zip
September 1980 -

Use this card before December 1980

O (g) Film Sound
O (h) Other

Circle the number on
this card that corresponds
to the number beneath
the ad or editorial.

9 29 49 69 89
10 30 50 70 90
11 31 51 71 91
12 32 52 72 92
13 33 53 73 93
14 34 54 74 94
15 35 55 75 95
16 36 56 76 96
17 37 57 77 97
18 38 58 78 98
19 39 59 79 99
20 40 60 80 100

9 29 49 69 89
10 30 50 70 90
11 31 51 71 91

Please check your area of

12 32 52 72 92

employment or occupation:

13 33 53 73 93
14 34 54 74 94

O (e) TV Broadcasting

Company Address

O (d) Audio/Visual
O (e) Video Recording
O (f) Commercial Sound
O (g) Film Sound
O (h) Other

15 35 55 75 95
16 36 56 76 96
17 37 57 77 97
18 38 58 78 98
19 39 59 79 99
20 40 60 80 100

me WONDrnG,Nm' NGMAGA"~

MAGA"N~

Enter my subscription to
db - The Sound Engineering Magazine.
My check is enclosed.

~•1111

8 28 48 68 88

7 27 47 67 87
8 28 48 68 88

Company

rus souno rnG'N"""

6 26 46 66 86
7 27 47 67 87

5 25 45 65 85
6 26 46 66 86

O (a) Recording Studio
O (b) Radio Broadcasting

Use this card before December 1980

5 25 45 65 85

3 23 43 63 83
4 24 44 64 84

Name & Title

City/State/Zip
September 1980 -

4 24 44 64 84

1 21 41 61 81
2 22 42 62 82

O I AM A SUBSCRIBER

PLEASE PRINT CAREFULLY

1 21 41 61 81
2 22 42 62 82
3 23 43 63 83

Domestic

Foreign

Canada

1 Year

$12.00

$24.00

$13.00

2 Years

$22.00

$44.00

$23.00

3 Years

$30.00

$60.00

$31.00

Enter my subscription to
db - The Sound Engineering Magazine.
My check is enclosed.
Domestic

Foreign

Canada

$12.00

$24.00

$13.00

2 Years

$22.00

$44.00

$23.00

3 Years

$30.00

$60.00

$31.00

1 Year

Name

Name

Address

Address

City/State/Zip

City/State/Zip

Company Affiliation

Company Affiliation

Title

Title

Signature & Date

Signature & Date

IF RENEWAL PLEASE CHECK O

IF RENEWAL PLEASE CHECK O

Check must be in U.S. funds drawn on a U.S. bank.

Check must be in U.S. funds drawn on a U.S bank.

www.americanradiohistory.com

NJ Postage
f\1 ecessary
if Mailed
in the
United States

11

BUSINESS REPLY CARD
FIRST CLASS PERMIT NUMBER 217 CLINTON, IOWA

Postage will be paid by addressee

db The Sound Engineering Magazine
PO. B0x 2521
Clinton, Iowa 52735

I III

No Postage
Necessary
if Mailed
in the
United States

BUSINESS REPLY CARD
FIRST CLASS PERMIT NUMBER 217 CLINTON, IOWA
Postage will be paid by addressee

db The Sound Engineering Magazine
P.O. Box 2521
Clinton, Iowa 52735

Please fill in a// items on the
reverse side of this card
and be sure to enclose your check.

Please fill in a// items on the
reverse side of this card
and be sure to enclose your check.

Mai/toe~

Mai/toe~

The Sound Engineering Magazine
Sagamore Publishing Co.
1120 Old Country Road
Plainview, New York 11803

The Sound Engineering Magazine
Sagamore Publishing Co.
1120 Old Country Road
Plainview, New York 11803

www.americanradiohistory.com

20,00Q~(:opies in print
'•ft}:¡"<!(•J.,,t.,J,
. ,,,,,,'6,,li·A.

iº""'.
;~"· ·..
""··

:'·

~'··
.•.
~.•

,

<,

J

,,.. ,..,.,.,..,, ......,..
!q>••,

J "~

~

f.';,.

,,

Fourth big printing of the
definitive manual of recording technology!
"John Woram has filled a gaping hole in the audio literature. This is a very fine book ... I recommend it highly.
-High Fidelity. And the Journal of the Audio Engineering
Society said, "A very useful guide for anyone seriously
concerned with the magnetic recording of sound."
So widely read ... so much in demand ... that we've had
to go into a fourth printing of this all-encompassing guide to
every important aspect of recording technology. An indispensable guide with something in it for everybody
to learn, it is the audio industry's first complete
handbook on the subject. It is a clear, practical,
8 clearly-defined sections
and often witty approach to understanding what
·1 information-packed
chapters
makes a recording studio work. In covering all
aspects,
Woram, editor of db Magazine, has prol. The Basics
V. Noise and Noise Reduction
vided
an
excellent basics section, as well as more
The Decibel
Noise and Noise Reduction
in-depth explanations of common situations and
Sound
Principles
Studio NoiseReductionSystems
problems encountered by the professional engineer
II. Tr:ansducers: Microphones

a

and Loudspeakers

VI. Recording

Microphone Design
Microphone Technique
Loudspeakers

The Modern Recording
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