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a studio quality
condenser
microphone
thatsnot
studio bound

This new high technotogy Shure microphone will change the
way people think of condenser microphones. The SMB5 is
designed especially for on-stage, hand-held use. Its sound is
unique—far more tailored to the special needs of the vocalist:
sizzling highs and a shaned mid-range for superb vocal
reproduction, and a gentle bass rofloff that minimizes han-
dling noise and "boominess” associated with close-up use.
Ultra-low distortion electronics make the SM85 highly
immune to stray hum fieids. An integrai, dual-density foam
windscreen provides built-in pop protection.

What's more, the SM85 Condenser Microphone must
pass the same ruggedness and dependability tests
required of Shure dynamic microphones. As aresuit. the
SM85 sets a new standard of reliability for hand-heid
condenser microphones.

The SM85 is extremely lightweight. beautifully balanced—
it feels good, looks good on-stage, on-camera, on-tour. Ask
your dealer for a demonstration of the new SMB85. or write us
(ask for AL664) for fu'l details.

SIVIES,

Cardioid Condenser
Hand-Held
Professional Microphone

_ The Sound of the Professional‘sd_

& | Y| SHURE

Shure Brothers Inc.. 222 Hartrey Ave . Evanston. IL 60204
In Canada- A. C. Simmonds & Sons Limited
Manufacturers of high fideiity comoonents.

microphones. sound systems and related circuitry
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ABOU T THE COVIR

e Unveiled at last Mays AES Conven-
tion. The JBL 4430 and 4435 Bi-Radial
Studio Monitor bring constant coverage
technology to studio monitor design,
As shown by the compiled polar re-
spanse curves, the monitors provide Hat
response over a wide range of horizontal
and vertical angles,
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MODEL 3012-R
=

-

Manufacture of the Model 3012 Series 11

12” (16" US nomenclature) precision pick-

up arm endedin 1972. In response to many

requests to re-introduce it for professional

and hi-fi applications we have produced the

Model 3012-R. Itis basically similar toits

classic predecessor but with important

refinements including:

® Thinwalled stainless steel tone-arm.

® New design lateral balance system.

® Extrarigid low mass shell with double
draw-in pins.

® Fine adjustment longitudinal and lateral
balance for cartridges weighing from
13- 26grams or plug-in heads up to 33}
grams.

® Geometry optimised for 12" records.

Distortion caused by lateral tracking error
is atleast 25% less thanis possible witha 9"
arm and its effective mass of 14 grams
makes is particularly suitable for the many
medium and low compliance cartridges now
on the market.

The S2-Rshell supplied withit is another
SME ‘first” in heavy gauge aluminium with
pin-up and pin-down bayonet for positive
locking. The sockets of all SME arms
employing detachable shells are double
slotted and therefore compatible with this
design.

Full details will be sent on request.

Write to Dept 1864
SME Lirnited, Steyning, Sussex, BN4 3GY,
England
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UTILIZING DIGITAL AUDIO
IN COMMERCIALS

To THE EDITOR:

| was quite pleased to read about what
is “believed to be the first network spot
to utilize digital audio™ (db. May 1981
“Peopie, Places; Happenings™).

It reminded me of my first digitally
recorded commercial for 3M Corporate
on September 12. 1979. at The Record
Plant in L.A. The commercial entitled
“The First Time™ spotlighted singer
faura Brannigan during a recording
session utilizing 3M equipment, and
further points out the constant innova-
tions pioneered by 3M,

After appearing on network TV during
the Kissinger specials. The NBC Evening
News and several other shows. the com-
mercials were contenders for the “Clio™
awnards.

It is certainly anticipated that if digital
is to be utilized in commercials. manu-
facturers of TV sets join the ranks
of those of us in the audio field who
strive for better. cleaner and more
positive marriage of this audio-visual
system. We are now seeing this progress
manifest itself somewhat in the motion
picture field.

FRED WFINBERG
President
Fred Weinberg Productions. Inc.

REVIEWING THIRD ALTERNATIVES

To THE EDITOR:

Crowhurst’s discussion (June 1981) of
possible “third alternatives™ to some of
the issues in the field of hearing are most
appropriate. Many arguments do tend to
become polarized to two opposing
dogmas because of the attitude of some
alleged scientists to the eftect that, “If |
grant that your view is partly right. then
1 must have been partly wrong. and that
cannot be.” The sooner such childish
behavior can be gotten rid of. the better
it will be for all of us (but dont hold
your breath).

1 must point out. though. that neither
of the “third alternatives™ mentioned by
Crowhurst is new. In regard to the ques-
tion of whether perfect pitch is innate or
acquired. Otto Abraham suggested 80
years ago that we may all be born with
the ability to recognize specific fre-
quencies, but that it is simply trained out
of us (or at least it atrophies from disuse)

www americanradiohistorv com
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Coming
Next
Month

e In September. as the NRBA holds its
annual convention (see ad on page 63).
we once again look in on broadcast audio.
If you've always wondered how to mike
a P.O.P. test. Mel Sprinkle’s application
note tells all. We'll also show two ap-
proaches to broadcast console designs
as well as two approaches to signal proc-
essing. In one. WPLJ chiefengincer Rob-
ert Deitsch describes an in-house design
using off the shelf compression and
crossovers. In the other, we present part
two of Nigel Branwell'’s essay on dynamic
processing.
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World’s most acclaimed reverb
is now more versatile than ever

If you already owna Leﬁﬁcon 224 congratulations! 3rd
~ géneratiop reverband operating programs havé recently been
introduced that even further enhance its

audio performance. And, you can update
your system for pocket money by simply
plugging in these new Version-3
programs.

If you haven’t yet discovered this

superb audio-processing instrument
—the most successful ever introduced
into pro audio—now's the time. The

Model 224 is the number One chdice of

the world’s leading studios, broadcasters

and musical artists. Reason: audio

performance unmatched by anything else

around ... true stereo processing....

completely natural sound ... multiple )
reverb programs ... full fingertip control of all reverberation
parameters ... and retrofit design that accepts new capabilities
as they become available. Like Version-3 software.

With the new Version-3 you get even smoother decay...,
enhanced ease of operation ..., plus provision for up to 36 user
pre-sets you can store and recall at will ... plus a new non-volatile
memory option that permanently saves your reverb program set.
ups even though power is removed.

Put the Lexicon Model 224 to wark for you. Nothing can
touch it for versatility or quality of sound. And field-updateability
makes it the most cost-effective choice of them all.

Write for literature on why “the best is better” .. . for you.

=2 b cren 2 2L F Prppsvred Fla-wnwris

1ARAA T ED [l ~ry
FLINCG 11I0OM

TREBLE
DECAY DEPTH

REVERB. TIME

Lexicon, Inc. =
60 Turner 5treet, Waltham, MA 02154 Icon
(617) 891-6790 / Telex 923468 ‘ ‘
Export: Gotham Export Corporation, New York, NY 10014
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because of the emphasis on refarive pitch
that characterizes musical performance.
I'he weight of present evidence supports
this alternative view more and more
strongly.

The other “third aliernative.” leading
to the hypothesis that loud wanted
music produces less damage to the ear
than loud wnvanred music. is also not
new. although perhaps not as ancient as
Abraham’s theory about perfect pitch.
In 1968. Hormann had subjects perform
a tracking task in which feedback was
provided to the subject. not visually, but
rather by means of a 95-phon noise. In
half of the subjects. the noise indicated
that they were on target. in the other

half that they were off. The noise pattern
was exactly the same for both groups. but
there was no way that the subjects could
discover this. The “bad noise™ group
(i.e.. those for whom the noise indicated
that they were off 1arget) showed 18 dB of
auditory fatigue. while the “good noise™
group showed only 10 dB. So perhaps
there is something to the notion that rock
music is more hazardous to those who
don' like it. even though most of us con-
sider the idea somewhat preposterous. |
strongly advise against uncritical extra-
polation of this principle. however, until
extensive corroboration of Hormann's
results appears. That is, I hope that none
of db’s readers throw away their earplugs

r Neutrik AG, Liechtenstein € Neutnik. 1980
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just because they /ike gunfire, chain saws,
or power mowers—or even 115-dBA
classical music.,

W. DIXON WARD
Professor
University of Minnesota

REFERENCES

Abraham. O. Das absolute Tonbew usstsein.
Sammelbde, int. Musikges. 3. 1-86 (1901).
Hormann, H, Larm— psychologisch betrach-
tet. Bild d. Wissenschaft 6. 785-794 (1968).

&} Calendar

SEPTEMBER

25 The Society of Broadcast Engi-
neers 9th Annual Central New
York Regional Convention. Syra-
cuse Hilton Inn. For more infor-
mation contact: Convention Chair-
man Hugh Cleland. WCNY TV,
FM. Liverpool. NY 13088. Tel:
(315) 457-0040.

OCTOBER

7-9 Natural Stereo Techniques for
Recording Music Workshop. Uni-
versity of Wisconsin at Eau Claire,
For more information contact:
Burton Spangler. Audio Coordi-
nator. Media Development Cen-
ter. UW —Eau Claire. W1 54701.
Tel: (715) 836-2651.

13-15 The 11th Conference of the West-
ern Educational Society for Tele-
communications. Harrah's, Reno,
Nevada. For more information
contact: Dr. Donald Price. Media
Production Services. California
State University. l.os Angeles.
CA90032. Tel: (213) 224-3396.

25-30 The 123rd SMPTE Technical
Conference Exhibit. Century
Plaza Hotel. Los Angeles. For
more info contact: SMPTE. 862
Scarsdale Ave.. Scarsdale. NY
10583. Tel: (914) 472-6606

NOVEMBER

12-15 Billboard Magazine’s 3rd Annual
International Video Entertain-
ment/Music Conference. Beverly
Hills Hilton. Los Angeles. For
more information contact: Bill-
board Magazine's Conference Bu-
reau. 9000 Sunset Blvd.. Los An-
geles. CA 90069. Tel: (213) 273-
7040.

25-27 Prosound “81 Professional Sound
Equipment Exhibition. West Cen-
tre Hotel. London. For more in-
formation contact: Batiste Exhibi-
tions & Promotions. Pembroke
House. Campsbourne Road. L.on-
don N8. Tel: 01-340 3291.
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Words are inadequate.

Ji=

Visit a Bose® Professional Products Dealer
and listen to the Bose 802.

F:‘Sose 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:

: Address:

: City: -

I State: _ Zip:

1861 1snbny qp

-/ /L7 I

rred by patent rights issued and/or pending. Betier sound through research
Ipyright 198t Bose Corporation ’
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BARRY BLESSER

e We usually think of the digital repre-
sentation of an audio signal as a numeric
value, in digits, which represents an
audio signal amplitudein volts. Thereisa
one-to-one correspondence between
these domains, which we might describe
as being an instanianecus. free form
transformation. This seems complex, but
restated, it just means that each audio
sample is independent and contains all
of the information necessary to deter-
mine the digital word. The reciprocal is
also true. The only restrictions on the
transformation are a well-defined maxi-
mum for the digital peak, and a well-
defined minimum corresponding to a
single quantization level. The adjective
“instantaneous” means that there is no
memory in the system. Each sample does
its own thing, without being influenced
by any other sample.

We can, however, dream up other for-
mats where one of these assumptions is
not true. Consider a system in which the
digital word specifies the difference be-

s Digital Audio

teen neighboring samples rather than the
value of any singie sample. With such a
transformation, the audio voltages in
FIGURE | would be represented by digital
words corresponding to the difference
values given in the figure.

If we transmit the differences instead
of the actual values, the receiver can still
determine the original audio values. For
discussion purposes, assume that the
transmitter knows that the first (refer-
ence) audio voltage is always 0.0. The
first difference of 1.1 is transmitted and
therefore the receiver knows that the first

Figure 1. If the digital system specifies the
difference between adjacent samples, it
may be possible to transmit a digital signal
with a smaller dynamic range.

The New Mike Shop

MIIIIE MORE THAN MIKES ...BY MAIL

Backed by service before

and after you buy

the mike shop

PO Bax 366C  Hmont, NY 11003

(516) 43
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actual audio value is I.1, since 0.0 (ref-
erence) plus 1.1 is just 1.1; the receiver
determines the second audio value by
taking the second difference (1.5) and
adding it to the first derived value (of
1.1, to get 2.6); the third difference of
—0.4 is added to the second derived value
of 2.6 to get 2.2, and so on. Thus we see
that the difference values are used to
determine the actual values.

However, notice that although the
peak-to-peak audio range is 4.4, the
peak-to-peak difference range is only
2.9 (1.4 maximum and —1.5 minimum).
Note that the dynamic range of the dif-
ference is smaller than the actual signal's
dynamic range. This suggests that the
difference signal will require less bits to
transmit without losing any information.
This form of encoding is called difference
encoding. If we connect an ordinary A/ D
converter to the difference signal, we
create a technique called Differential
Pulse Code Modulation (DPCM) in-
stead of the simple Pulse Code Modula-
tion (PCM).

PRE- AND DE-EMPHASIS

This should remind you of the familiar
audio technique of pre- and de-emphasis
as used in tape recorders and records.
The encoded signal is a pre-filtered sig-
nal which is like the actual input signal
except that the spectrum is changed. A
differencing operation is like the pre-
filter since the derivative operation is just
a filter whose magnitude response is pro-
portional to frequency. In fact, the dif-
ferencing operation can be created by a
simple differentiator made up of a ca-
pacitor and operational amplifier.

The analysis of such a system is very
much like that of a tape recorder. If
everything is designed properly, there
is no effect on the signal since the pre-
and de-emphasis cancel. Only the noise is
affected since it is added after the pre-
empbhasis and is therefore only subject to
de-empbhasis. In digital audio, the noise is
the quantization error. Such a system
produces a white-noise spectrum which
is filtered by an integrator. The integra-
tor is the reverse of the differentiator.
Clearly, there are many variations of a
pre- and de-emphasis filter other than
differentiating and integrating.

This kind of filter is especially inter-
esting since it can be created digitally as
well as by analog methods. In FIGURE 2,
two versions of the differential PCM sys-
tem are shown. The top version is the
classical version with the A/D converter
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HP: EXPERBIENCE INAUDIO TECHNOLOGY

T MB0IA A0 AMALYIER de s,
g mcxam

HP’s 8903A now makes audio testing

- $ L
Sy sees o

I;I 1.} ..1 \-‘ u '{- Q

easier than ever before.

Now a single microprocessor-controlled
instrument offers you the versatility
of an extremely wide range of audio

measurements with just a few keystrokes.

Manual or HP-IB programmable. the

HP 8903A Audio Analyzer is ideal

for testing 20) Hz to1X} kHz character-
istics of stereo amplifiers, pre- and line
amplifiers, tape decks, cassettes, and

other high performance audio equipment.

The 8903A measures such basics as
distortion, gain and frequency response,

power, AC or DC volts, and frequency;
as well as more complex parameters like
signal-to-noise and SINAD. It includes
a sweepable low distortion audio source
and drives an X-Y recorder directly. It's
an automatic test system all in one box,
yet is priced at only $6200*

For more information, contact your
nearby HP sales office, or write to
Hewlett-Packard Co., 1820 Embarcadero
Road, Palo Alto, CA 94303.

*Domestic US price only

DESIGNED FOR

 HP-1B 2

SYSTEMS

(ﬁ HEWLETT
PACKARD

Circle 33 on Reuder Service Card
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Figure 2. Two versions of a differential
PCM system.

after the pre-emphasis differentiator. Ac-
tually, a difference filter is shown rather
than a differentiator even though they
are equivalent. At the subtractor, a de-
layed signal is subtracted from the main
signal. This means that the result is the
difference between the present value and
the delayed value. When the delay is
equal to the sampling period, the signal
at the A/D is equivalent to that which
would be obtained by subtracting the
difference of two samples. Atthe receiver
side, a summing unit is used to create the
restored signal. Assume that its output
is the present value of the audio signal.
If the input is the difference, then the sum
of the difference and the present value
gives the next value. This process repeats.
You can use the table of numbers as an
example to demonstrate that the recon-
struction really works.

From an audio point of view, this form
of pre- and de-emphasis is not particu-
larly interesting; however, FIGURE 2B
shows a more interesting implementa-
tion. In this example, the differencing
operation is performed after the A/D
converter. The subtraction is also per-
formed digitally. Thus, the pre-empha-
sis and de-emphasis are both performed
digitally, with no source of noise between
them. There is complete cancellation.
Therefore, the quantization noise now
passes through the system unchanged
since it passes through both filters. Pre-
viously the noise was introduced after the
pre-emphasis. This is called a lossless
transform, since the digital pre- and de-
emphasis transmits the difference signal
without any loss of information. The
interesting property of difference encod-
ing is that peaks signal can become very

l. ON LINE
2. ON BUDGET
3. ON TIME

Three good reasons
to skip the big guys
and buy from
Pro Audio Systems.

o -»

for orders call:

1-800-426-6600

(including Alaska & Hawaii)

S SRS

Featurmg MCl, SOund WOrEl;op Tascam & other fine audio equipment.

11057 8th Avenue N.E. @ Seattle, Washington 984125 e (206) 367-6800
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small. Consider a 50 kHz sampling fre-
quency having a 20 usec. interval be-
tween samples. Witha 100 Hz signal, the
dynamic range of the difference signal is
more than 40 dB below the actual signal.
A 100 Hz sine wave does not change
value very quickly. If the transmission
word has 10 bits, then the audio signal
can correspond to 20 bits. In other words,
fewer bits are required to transmit a large
signal. One can even get more dynamic
range from a 20 Hz signal, since the
derivatives are 5 times smaller. Higher
frequencies do not do so well; and very
high frequencies do much worse than
simple PCM.

FIGURE 3 shows some of the properties
of these systems. With analog pre-
emphasis, the noise spectrum is shaped
like a 1/f curve labelled A in the figure.
This increases the noise at low frequen-
cies (where the gain becomes very large)
but decreases the noise at high frequen-
cies. The digital difference encoding (B)
does not change the noise with frequency.
If one were to compute the noise power
under the two curves, one would find
that they are the same. We have merely
traded one form of noise for another.

The same curves may be used to illus-
trate the clipping level for ordinary PCM
and our DPCM. At low frequencies,
curve A shows that the DPCM is much
better than the PCM (curve B), but at
high frequencies it is worse. Again, the
area under the two curves is the same
when viewed on a linear frequency scale.

These are only a few examples of how
the information in a digital audio sys-
tem can be transformed to allow the ca-
pacity of the system to be changed in one
area by giving up performance in another.

OVERSAMPLING

Another variation of these systems can
be created by increasing the sampling fre-
quency to a much higher value. e.g. 500
kHz instead of 50 kHz. In this case. all
audio signals may be considered as rela-
tively low frequencies. The higher sam-
pling rate means that the audio signal can
not change value very much in between
samples. At 500 kHz. the time between
samples is only 2 ysec. In this short inter-
val, all differences are cxtremely small.
This decreases the transmitied dynamic
range data o a very small value. Hence,
only a few bits are required to represent
the signal. This allows us to trade oft the
number of words per second (increased)

Figure 3. The same curves may be used to
compare analog (A} to digital (B) noise,
or, DPCM (A) to PCM (B) clipping level.

{
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Take a close
look at what
Tape Transports
are going to he
like inthe'80s

The all new Telex 3000 is here NOW!

No industry has witnessed more technological
improvements over the past few decades than
our own. So, if you're looking for a tape transport
for broadcast, studio or industry, it's important

to choose a product with all the lastest industry
innovations in one unit, the NEW Telex 3000.
Write for exciting details about these features.

* Interchangeable head blocks

* A .Q.R. (Auto Cue Release}

» Differential electro-mechanical braking
s Spill-proof logic

* Motion sensing

¢ Tape counter

* 4 head capability

¢ Hyperbolic tape path

* Remote control capability

* Play only or record/play combinations
* Auto cue/rewind/cycle

¢ Dual speed

* Hysteresis drive motor

¢ Two torque spooling motors

* Quiet operation

* 120/240 volt operation

o Urethane pressure roller

Quality products for the audio professional

TELEX COMMUNICATIONS, INC.

9600 Aldrich Ave. So.. Minneapolis, MN 55420 U.S A
Europe: 22, rue de la Légion-d'Honneur, 93200 St Denis. France
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for the number of bits per word (de-
creased). Of course, we require con-
verters to work at a much higher rate. but
the problem of anti-aliasing filters is
made trivial since the sampling frequency
1s s0 high.

The limiting case of sucha system hap-
pens when the differences become so
small that the digital word reducesto one
bit. This degenerate form of DPCM is
called Delta Modulation. At each sam-
ple. the difference is merely represented
as higher or lower. Consider that this one
bit represents the information +LSB or
—LSB. (We cannot represent zero change
since this would require more than one
bit. There is an inherent assymetry in the

digital word since zero must use up either
one of the positive values or one of the
negative values. For ordinary PCM we
do not notice this because there are so
many levels but there is in fact one more
negative value than positive value. Delta
modulation gives up the zero value since
we need both a positive and a negative
value.)

FIGURE 4 shows how one would build
a digital delta modulation system. The
audio signal is used to create the one-bit
word represented as x in the figure. This
value is either +1 or —1. The delay and
summing network is just the simple inte-
grator which we discussed before. The
last value of v is added to the present x to

The Only 14kHz Digital

Reverb Under $10,000!

Less than half the price of an
EMT 25!. About the same as the
Lexicon 224. Compare System 5
with either of them. You'll see it's
the most advanced digital elec-
tronic reverb system available,
with @ dynamic range of 103 dB.
a signal-to-noise of 83 dB. total
THD of 1ess than
0.02%: andareal
frequency re-
SpPONse In eXcess
of 14kHz

System 5 has
four individual re- -
verb programs. four pre-

| sets. 16 equalization setlings

and the microprocessor control
| which combine to give you infl-
nitely more settings than you'll

T Quad-Eight Electronics

ever need. The compact remote
control can be patched up to 200
feet through a normal audio
trunk line. System 5 is the only
one that gives you the option of
automated reverb addressable
from a tape or disk for reverb
changes on cue

And. if System 5 is too much sys-
tern for your needs, Quad-Eight,
the pioneer in digital reverb,
has other reverb |
systems to meet
your needs and
budget. with
prices ds low as |
$1000. Call us di-
rect. now. tc qudi- |
tionSystem 5 orany
Quad-Eight reverb

(213) 764-1516

= 11929 Vose Street, North Hollywood. CA 91605

c 1981 Quad-Eight Electronics |
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ENCObER DECODPER

Figure 4. Biock diagram for a delta
moduiation system.

A—L, _Ll. =E - - . —1 — 1

Figure 5. A simple low-pass filter wili
smooth out the delta modulation system’s
output (Y) to create a good representation
of the audio input signal.

create'the next value . The v is compared
to the audio input. If the audio is larger
than y, the comparitor adds a +1 differ-
ence in the integrator; if the audio is
smaller, it adds a —1. Since the integrator
in the encoder is identical to the integra-
tor in the decoder, the value of y* will be
the same as the value of y.

Since the value of y (or ¥} is being up-
dated continuously, it will tend to track
the audio signal. FIGURE § illustrates the
process. At 1y, the value of » is less than
the audio, so the comparitor adds 1. The
resulting value of y at /> becomes larger
than the audio, so the comparitor sub-
tracts 1. At 13, the comparitor adds 1. At
14, y 15 again lower than the audio, so it
adds 1 again. The curve y will follow the
audio even though there are small steps.
The rough quality can be ignored since
a simple lowpass filter will smooth it out
10 create a good representation of the
audio. Remember, a real PCM will also
have steps in it when looked at carefully.
You can think of each step as being an
LSB.

This is perhaps the most simple A/D
converter possible since the digitization
can be realized by a simple one-bit com-
paritor costing 59 cents and there is essen-
tially no anti-alias filtering required since
the sampling frequency is extremely high.
Alas, however, there is no free lunch. In
the next article we will discuss all the
ways in which you can get indigestion
from using a delta modulation system.
And as a finale, we will discuss various
forms of digestive aids. This form of en-
coding justifies some considerations be-
cause of the extremely low cost. [ ]

(In the meantime, for more on delta
modulation, see *Digitizing Audio with
Delta Modulation™ in the April, 1979
issue of db—FEd.)
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Unequalized fregucncy response of a typreal
244 o a JBEL 2350 forn.

As vou can see from this frequency
response curve, the new JBIL 2441
delivers impressive levels of perfor-
mance. From extended bandwidth to
high sensitivity and smooth, peak-free
response.

But as important as these perfor-
mance parameters are, thevre only
part of the story. Using the latest laser
holography and computer analvsis
techniques, | BL engineers have devel-
oped a unique diaphragm design that
allows the 2441 to match its outstand-
ing response with unprecedented
reliability and power capacity. That
means vou get exceptionally high
performance without the trade-offs
found in previous driver designs.

The seeret behind this increased
performance lies in the diaphragm's
three-dimensional, diamond-pattern
surround.! As outlined in a paper

Specifications

Y mim -

Horn Throat
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This is not the only

reason to
buyJBLs
new 2441

compression driver.

published in the Journal of the Audio
Engineering Society,” this surround
is both stronger and more flexible
than conventional designs. This per-
nits the diaphragm to combine all
the traditional reliability and power
apacity benefits of its aluminum
construction with the extended fre-
quency response of more exotic metals.
It also maintains consistent diaphragm
control throughout the drivers
usable frequency range to climinate
uncontrolled response peaks.
Additionally, each 2441 is built
to |BLs exacting standards. The
magnetic assembly is machined from
rugged cast iron and steel. Extremely
tight machining tolerances and hand
tolerance matching maintain unit
to unit consistency. And finally, cach
2441 is individually tested to ensure
that it meets published specifications.
So before vou buv any
COMPpression

L ar,
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driver, ask vour JBL, professional
products dealer about the 2441 1t71
deliver a lot more than just an
impressive frequency response.

I. Patent Applied For

2. Journal of the Audio Engineering Society.
1980 October, Volume 28 Number 10. Reprints
available upon request.

James B. Lansing Sound. Inc.
8500 Balboa Boulevard.
Northridge, California 91329 U.S.A.

L
)

JRL duimond suspen-
sion diaphragn combines
performance scith relia-
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LEN FELDMAN

e Another Summer CES has come and
gone and. as usual. everyone I come in
contact with after this semi-annual event
poses the same question: “What did you
see hear that was new and different?”
In terms of product, very little! In terms
of trends, a great deal. Let's take a look
at the most important product displayed
at CES and see how it is likely to affect
both audio and video in the vears ahead.
T'he produet is 12 centimeters in diameter
and has been dubbed the C-DAD. or
Compact Digital Audio Disc.

The small disc 1s a dedicated audio
disc. designed strictly for audio informa-
tion storage. and not as an offshoot of a
video disc system. Therein lies the
controversy between two growing camps.
There are those who maintain that the
consumer of the mid-eighties (thats
when digital audio is likely to take off
regardless of which {ormat ulumately
dominates the scene) is not about 1o buy
vet another turntable for video discs
and a separate player for digital audio.

» Sound With Images
Sights & Sounds

Those who subscribe to this argument
insist that the same player should be able
to handle both video discs and digital
audio discs.

Countering these arguments arc the
co-inventors and co-developers of the
C-DAD. Philips of Holland and Sony
Corporation of Japan who. a couple of
days before SCES. held a press confer-
ence in New York in which they revealed
details concerning the small digital audio
disc and their marketing plans forit. Their
presentations also  highlighted several
good reasons for favoring a dedicated
audio disc. Not the least important of
these was a reminder that the world
employs three popular TV broadcast
systems (NTSC, PAL and SECAM) and
that 1if an audio digital disc were to be
tied 1o a video disc system. there would
then have to be three versions of each
digital audio disc—an inventory situa-
tion somewhat reminiscent of the short-
lived days of quadraphonic sound whose
demise is often attributed to that very

In-studio or on-location
from a whisper to the
roar of a full-blown rock
concer, nothing can
overload our MD 421,
Nothing.

NO OVERLOAD.
NO MATTER WHERE
YOU USEIL

ELECTRONIC CORPORATION

10 West 37th Street New York, NY 10018

(212) 239-0190

Manutactuning Plant. Bissendort/Hannover. West Germany

1980, Sennheiser Electronic Corporation (N.Y)
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type of non-standardization.

A second argument in favor of the
C-DAD has 1o do with its format and its
physical configuration. To begin with.
the Philips-Sony C-DAD is an optical-
laser tracking system. Thus. there is no
contact between the “pick-up”™ (in this
case. a semi-conductor laser) and the
surface of the disc. That fact. plus the
small size of the disc. suggests the possi-
bility of a new program source for car
stereo systems which would not be
practical with larger dises or with discs
that require physical contact between
pickup and disc surface. such as the small
grooved digital audio disc developed
by Telefunken and now considered to
be out of the running.

It is interesting to note that the three
digital disc systems which have thus far
been proposed for audio applications
parallel the three types of video disc
systems which are either being offered
for sale now or will be offered in the
very near future. The small. optical-
laser Sony-Philips system. of course.
uses the same pickup principle as the
Magnavox, MCA Pionecer ~Laservi-
sion” disc which has been available to
consumers for some time. 'he groove-
type disc developed by Telefunken of
West Germany, while not identical in
coneept to the RCA Selectavision video
disc. does require a stylus riding in a
spiral groove. And. finally. the groove-
less capacitance-pickup disc proposed
by JVC is completely analogous to that
company’s video disc proposal which is
known as the VHD system (the audio
version 1s called AHD. for Audio High
Density).

CHARACTERISTICS OF
THE COMPACT DIGITAL DISC
Digital quantization format for the
C-DAID is 16-bit linear. per channel and
a sampling rate of 44,1 kH7 1s used
high enough to insure ruler-flat response
out to 20 kHs. Its error cotrection
scheme is capable of correcting drop-outs
of as long as 3.548 bits. which corre-
sponds to about 2.4 millimeters of lincar
travel of the optical pickup relative to
the spinning disc. Incidenally. C-DAD
revolves at a variable rate -approxi-
mately 200 rpm near the outer circum-
ference and about 500 rpm at the inner-
most point (50 millimeters from the
center of the disc). Play is from inner
circumference to outside and rotation is
counierclockwise.” Playing time of the
disc is 60 minutes per side. in stereo.
and it would be possible to record four
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Buy this 8-track system now

and get $1200 worth of options
free.

We've put together an
8-track system that's hard
to beat, then thrown in your
favorite options to make it
hard to resist.

The system starts with
the new TASCAM M-15SL
mixing console. It's not
only extraordinarily flexible
to work with, but flexible
enough to grow from
8x8x8t024x8x16
within the same chassis

Add to that our 80-8
recorder/reproducer, the
new standard of the
industry. More pros have
chosen it than any other
8-track machine ever built

Now the free stuff
With this system comes

, two Model 301 input
| modules, one Model
304 talkback module
and one VSK-88 variable
., Speed kit—the options
| you'd most likely want to
buy anyway. For $1200
But if you purchase the sys-
tem by September 30, 1981
they're yours free

So ask your TASCAM

dealer about our M-15SL
and 80-8 package right
away. Or you can wait
until the offer is over.
It's your option
TASCAM:ERE

TEAC Production Products

L4

@ r ¢t

e

Offer limited 1 ent Installation 1s requrred f
the VSK-88 Proof of purchase and claims for promotional merchandise

- must be postmarked before Cctober 10, 19
. ©198] TEAC Corporat f America. 7733 Telegraph Road Montebello. CA 0640

E
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Prototype digital disc players by Sony
{left) and Philips, exhibited atrecently held
Summer CES in Chicago. Disc itseif has
about 1/6th the area of conventional

LP disc shown behind it, but piays

for one full hour per side.

channels of information on a side with
playing time cut in half. lt isalso possible
to “sandwich™ two active sides together
to form a double-sided disc. but present
indications are that the software com-
panies who have already opted for the
svstem will probably offer one-sided
discs. initiatly at least.

An hour-long C-DAD recording
would contain up 1o six Ailfion bits of
information in the form of tiny “pits™
along a helical track. Fach pit is about
0.6 microns in width and about 0.2
microns deep. These pits. and the flat
areas between them. represent the *{s”
and “0s” of the required binary language
¢encoding which in turn represent the

instantaneous amplitudes of the wave-
{form that has been recorded. A semi-
conductor laser beam picks up the
pattern of pits and flats using a concen-
trated light beam which is many times
thinner than a human hair. Scanning is at
a rate of around 4.3 million bits per
second. With no physical contact
between the laser pickup and the disc.
there is no record wear. even with
repeated playings.

In addition 10 encoded audio informa-
tion. it is possible to record a great deal
of non-audio data onto the disc. For
example. in demonstrations that | wit-
nessed at SCES. the selection number,
remaining plaving time and the like
were all displayed on a screen. as picked
up and decoded from the demonstration
discs themselves. Future discs might well
contain song titles and much more.
depending upon how sophisticated and
how costly the disc playvers are made.

As for the audio performance of the
disc utself. we have already noted that
frequency response extends from 20 Hz
to 20 kH/. Signal-to-noise and dvnamic
range are both better than 90 dB. Sterco
separation is also in excess of 90 dB.
while harmonic distortion. referred to
peak signallevel. is less than 0.05 percent.
There is no measurable wow-and-flutter.
since rotational speed is synchronized
with a clock generator inside the plaver
and is itself governed by inlormation
contained in the track of the disc.

Increased use of carts makes tape noise
reduction more critical than ever in your

fight to stay competitive. With dbx Type 1]
Noise Reduction, you have an affordable
$2 6 o* new Model 941 offers two channels of encode,

® usic or drive-time rock. Qur

@ the new Model 942 two channels of decode.
Combine them for simultaneous encode/decode. Get up to 16
channels in one 51/4” high rack mount frame. Broadcast noise
reduction is the latest addition to the dbx 900 Series modular
signal processors. All interchangeable, all compatible. See your
dbx Pro dealer, or write for complete technical information.
“Manufacturer's suggested retail price, Model 941. Model 942, $270

Model 941 Encoder and Mode! 942 Decoder

dbx, Incorporated. Professional Products Division, ®
71 Chapet St, Newton, Mass. 02195 US. A

Tel. (617) 964-3210. Telex: 92-2522. Distributed in
Canada by BSR (Canada) Ltd., Rexdale. Ontario.

way to get high quality sound
whether you're into classical
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iNTRODUCTION
AND TRANSITION

From what | was able to learn about
marketing plans for the C-DAD. we in
the United States are not likely to see
players until early 1983. Both Sony and
Philips plan to introduce playvers in their
own domestic markets (Philips in
Europe. Sony in Japan) in the fall of
1982, and these introductions will be
accompanied by the introduction of a
wide variety of software {by Polvgram
in Europe, CBS,Sony in Japan. and
possibly other record companies who will
climb aboard the C-DDAID bandwagon
in the interim). In view of the long delay
before we see these new discs and plavers
offered for sale, why did Sony and
Philips choose this time to announce
and demonstrate this remarkably supe-
rior audio technology? Most experts
agree that the early announcement was
designed to forestall any further debate
about "which system™ should become the
world standard. At SCES. Marantz
surprised visitors with their own proto-
tyvpe digital disc plaver. Additional
companies have announeed in favor of
the Compact DAD. including Matsu-
shita Electric (whose familiar brand
names include Panasonic. Technics and
Quasar), a surprising development when
one recalls the corporate interrelation-
ship between Matsushita and JVC, the
inventors of the competing AHD, VHD
Capacitance Pickup system. Still. there is
always a certain amount of risk invelved
in announcing a radical new technolog-
ical breakthrough well ahead of its
commercial introduction. Some main-
tain that the recording industry. already
suffering from a downturn. will be hurt
further by the publicity garnered for the
new digital discs, as uninformed con-
sumers reduce purchases of conventional
software in anticipation of the new discs
and players.

Those recording studios that have
amassed digital tape masters will prob-
ably find themselves in a fortunate
position since the digital tape masters
they are now using to produce “audio-
phile” type dises will also serve 1o create
the true digital disc catalogs of the future.
Those studios with vast libraries of
analog master lapes may find little or no
use for them when the world “goes
digital™ in a few years. But as for the
fears about the obsolescence of the con-
ventional vinyl dise, 1 think that such
fears are over-exaggerated. The digital
disc will make its way into homes
slowly, 1 feel. and the analog L.P discs
which have been sold by the billions are
not about to be disearded overnight. or
even over a span of ten or more vears.
I'm not saying that they will never be-
come collectors” items-—only that its a
bit carly to discard our collections of
12-inch LPs before we see which way
the digital disc is really going 1o go
and how soon it’s going 1o get there.

|
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EVM by Electro-Voice

The low-frequency
loudspeaker

Electro-Voice EVM™ Series Il loudspeakers
represent the ultimate in maximum efficiency,
low-frequency speaker design.Years of expe-
rience, testing and refinement have resulted
in a series of loudspeakers that are ideally
suited for professional high-level, high-

A
quality musical instrument and sound rein- , ' \
forcement systems. . \

Series Il speakers incorpotate many unique. -;‘
and innovative refinements that result in a loud- J

speaker that combines incredibly high power han- L f
dling capability, efficiency and mechanical durability. \ :
All EVM’s are conservatively rated at 200 continuous \

watts per E|A Standard RS-426A. This procedure is

substantiaily mare stringent than the more common con-.

tinuous or"RMS"” sine wave test, because it provides

not only a 200-watt long-term stress (heat) but also

duplicates mechanically demanding short duration pro-

gram peaks of up to 800 watts which can destroy speaker

cones and suspension parts.

EVM’s are the ideal speaker for vented and horn-type
enclosures. They are also featured in Electro-Voice's
TL line of optimally-vented low-frequency systems.TL
enclosure builder’s plans are also available for custom
construction, and each EVM data shegt contains the
Thiele/Small parameters which allow you to predict

the large and small signal performance in vented boxes.

For these and other reasons, not the least of which is
an unmatched record of reliability, EVM's have been
universally accepted by sound consultants, contractors
and touring sound companies. When specifying a low-
frequency loudspeaker, there really is no other choice.
EVM —by Electro-Voice.

ey

600 Cecil Street, Buchanan, Michigan 44107

In Canada
Electro-Voice, D, of Guiton industnes {Canada) Lid
345 Herber! St Gananoque, Ontang K7G 2Vt
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NORMAN H CROWHURST

iy Theory & Practice

Dimensions and Progress

When vou're climbing a mountain, and
don’t have a map or a trail to follow, it
helps to find a spot where you can sce
how you have gotten as far as you have,
as 4 basis fordetermining how to proceed
higher. So. pursuing the line we started
in our previous column on the impor-
tance of basics, let us see how the whole
business got started, from “sea level” so
to speak.

For centuries, long before anyone
thought about telephones. microphones,
or even the telegraph. observers noted
that electricai phenomena were of two
major forms: electricity and magnetism.
Much earlier, men like Sir Isaac Newton
had quantized mechanical things like
mass and torce. But it was a long time
before experimenters found a way to

gquantize their observations on clec-
tricity and magnetism.

There were forces which provided
the first means of quantizing the phe-
nomena. Bodies with electrical charges
atracted or repelled one another: that
was force. Bodies that were magnetized
also attracted or repelled one another.
And by this time, experimenters had
found that electrical currents int¢racted
in a way similar to the current in a
magnetic field.

So we had what was called “static
electricity,” with properties somew hat
similar. but apparenily unrelated, to
magnetism, and “current electricity,”
which was quite different from magnet-
ism, but apparently related to it in some
way. But, was static electricity related to

current electricity? One would think so,
but finding out in what way required
some kind of breakthrough: progress in
knowledge.

Measurcments were made to find out
how charges of static electricity behaved,
how magnetism behaved. and how
current electricity was related to magnet-
ism. Both electrical charges and mag-
netized bodies exhibited forces, one
toward another, dependent on the
magnitude of both; doubling cither one
doubled the force. Without two charges,
or two magnetized bodies, there was no
force: one charge, or one magnetized
body, produced no force.

Now, Newton had put dimensions on
force. Force 1s measured as mass multi-
plied by the acceleration the force will

~_ Dolby Noise Reduction
is in use everyday, everywhere.

Wherever you or your tapes go — for recording, mixdown or disc
cutting — it is almost certain Dolby noise reduction will be
there to do its job — ensuring reduced hiss, crosstalk and

print-through in your recordings.

You canrelyon
the Dolby system.

X Dolby

Dolby Laboratories Inc

‘Dolby” and the double-D symbol are
trade marks of Dolby Laboratories

731 Sansome Street

San Francisco CA 24111
Telephone {(415) 392-0300
Telex 34409
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346 Clapham Road
London SW9
Telephone 01-720 1111
Telex 919109
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When he was only 16, Mick built a
studio in his basement, which later became
PC! Recording of Rochester, New York. In
1971, he met another Rochester resident
named Chuck Mangione. The two have
worked together ever since. Mick spent a
year at Act One Studios in Buffalo, then
returned to PC!, before his association with
Mangione brought himto L.A.in 1975. Since
then, he's been an independent engineer,
working with people like Peter Mclan, Cher
and Lani Hall.

ON GEOGRAPHY

“The difference used to be that there
were different players, different producers,
different artists recording in different cities.
I'he records out of New York were a little
more hard-hitting, energetic kind of records.
The records that came out of L. A. were a
little smoother. Stylistically, there was a
difference. Now, they're moving around,
recording different parts of albums in
different places. | can't tell anymore. Half the
time, | see a lot of the people | know from
rhythm sections in New York out here. And
when I've been in New York, I've seen a
lot of friends from out here there. So you can
very easily be fooled into thinking something
is done where itisn't’

ON STEREOTYPING

“The first year | was here, | had to work
on a lot of demos for people for practically
nothing to demonstrate that | could record
something else besides what Chuck did,
because that would give me a very limited

MICK

N 1P
. -
T e —

“Scolch” is a registered trademark of 3M.

amount of work. It took a little while to get
out of that. So | had to give away a lot of time
to prove it

ON HONESTY

“l don't like second-guessing. | mean,
‘Yes, well, will the public like this? Will they
love this?' | can't tell. And | think that really
few producers really can tell in advance if
the public is going to love the record or not.
I think the best thing ycu can do from
everybody's standpoint—artist, producer,
musicians—make an honest record that
everybody involved with loves!”

ON SPECIAL EFFECTS

“I really haven't heard anything new
for quite a while. | think that was mostly all
explored by George Martin and the Beatles
in the '60s. Now, it's refinements on that,
putting different things together, you know.
| don't think that | have heard a new effect
In years—a new specific sound”’

ON TAPE

“3M's new formulations came out first,
usually. As a matter of fact, | know that,
because 206 came out before 406 did. 250
came out before 456 did. 3M's been a leader
with new formulations on tape.... | think 3M
is ahead. The difference in audio is minimal.
The difference in durability is great. After
several hundred passes through the
machine, 250 still has more oxide lefton it,
which is a big advantage. I'm not plugging
the tape to get the ad. | really amusing it,
finding it more rugged. That's my main point.’

SCOTCH 250 RECORDING TAPE
WHEN YOU LISTEN FOR A LIVING.
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produce in that amount of mass. (Mass is
a scientific word for weight, but differ-
ent in that weight depends on gravity,
whereas mass is a measure of the amount
of matter upon which gravity acts. to
manifest itself as weight.)

Thus, one pound of weight is a mea-
sure of force, as well as of weight, be-
cause it represents the force that would
accelerate one pound, at the rate gravity
would make it fall, if free to do so. which
is an acceleration of approximately 32
feet-per-second-per-second. Accelera-
tion is the rate of change of velocity.
Velocity is measured as distance-per-
unit time: feet-per-second, or miles-per-
hour. Therefore, acceleration is the rate
at which those feet-per-second, or miles-
per-hour, are changing; per second. per
minute, or in whatever unit of time you
choose.

So, acceleration has the dimensions
of distance divided by time squared.
This may be written as L T, or if you
prefer, LT ". Now force is measured as
mass (M), times the acceleration which
that force will produce in that mass, or,
force = MLT"

As we said. such force between
charged or magnetized bodies is only
present when both of them are charged
or magnetized. And another observation
shows that the force is inversely propor-
tional to the square of the distance
separating the charges, or the magnets.
Taking this into account, given a known

Cassette or
Open Reel
Duplicating
System
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force, due to two charges or magnets
acting on one another, the measure of
the combined effect of the charges is Lix
MLT, or ML'T™.

Next, since that is the effect of twosuch
charges or magnets, and is proportional
to the product of them, we take the
square root of that expression to arrive
at what each charge, or each magnet,
contributes to the overall force. That
way, if there is only one charge, or only
one magnet, there is no force, because it
is something multiplied by nothing. So
the dimension of a charge. or of a
magnet’s strength, is M' "L T

The early experimenters found out
that current is a rate of change of charge.
or a charge in motion. and that currents
interacting produce forces like mag-
netism. This leads us into two definitions
of current. according to which phenom-
€non we use to measure it.

In the first case (a rate of change of
charge). we simply divide charge by time,
making the dimension for current

"*L7 T In the case of magnetism,
the force produced in a magnetic field is
proportional to the length of current-
carrying wire exposed to the field. There-
fore, current has a reciprocal dimension
of length, for the length of current-carry-
ing wire in the stated field. So using this
definition for current, its dimension is
MULYT

So we have two dimensional defini-
tions for current. Now, if a wire carrying
a current is moved in a magnetic field, a
voltage is produced. This means that if
we use the eletromagnetic definition for
current, and multiply that by a velocity,
INT., or LT '. we have the electro-
magnetic definition for voltage. which
thusis M'"L*°T~

Now, in terms of static electricity.
when the distance between two charges
is changed. the voltage and the force
change. being proportional to distance.
So lhe electrostatic definition of voltage
is M'"L'°T" + L, which reduces to
M L'T

Now we get to something more
familiar to audio folks: resistance or
impedance, the dimensions for which are
voltage divided by current. Using the
electromagnetic definitions for each. the
dimensions for a resistance or impedance
come down to L/T, or a velocity. And
using the static definitions. the definition
for resistance or impedance comes down
to T L. or the reciprocal of a velocity.

So far, we've talked about dimension

length, mass, time-—without regard
to units. The time used in experiments
has always been the second. Length can
be measured in various units, but the
scientific unit is the meter. One of the
difficulties in measurement was the fact
that voltages in static electricity experi-
ments could be millions of times as big
as those in current electricity. while
currents in the latter could be millions
of times as big as those in static elec-
tricity. That was why it was so difticult
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to interrelate the effects.

By the time very careful experimenta-
tion had enabled quantizing to be
performed with both methods of mea-
surement, it was found that the same
resistance or impedance, measured in
meter-gram-second units, had a value in
static terms that had to be multiplied by
9 times 10'" 10 arrive at its value in
electromagnetic terms. Now, since one
has the dimensions of a velocity, and the
other the dimensions of the reciprocal
of a velocity, that ratio must be the
square of a velocity. making the velocity
3 times 10" meters per second.

Experiments in astronomy had already
established that light travels at a little
over 186,000 miles per second, which is
very close to 300.000,000 meters per
second. Could it be that light was a form
of electromagnetic waves, and that other
waves of the same form could be gener-
ated by electromagnetic means? That was
what prompted experiments by Hertz,
Marconi and others that eventually led
to the invention of radio.

Further experiments, in the course of
tme. led to the development of polarized
waves, svnchronous reflectors using
dipoles, waveguides of various types, and
so forth: a whole new technology. The
new technology is based on an under-
standing of electromagnetic waves in
space, rather than on electricity and
magnetism in conducting, insulating and
magnetic substances.

Electromagnetic radiation is one form,
consisting of two interacting elements
of the wave, one electric, one magnetic,
each in directions mutually at right
angles to the direciion in which the wave
is propagating. These are called transverse
waves. Acoustic waves, responsible for
transmitting sound, are longitudinal.
That is, the air particles vibrate back and
forth along the same direction that the
wave propagates in, rather than at right
angles to 1t.

But both torms of radiation are waves
aren’t they? They can transmit over
distances that are relatively large (in
térms of the dimensions used for each)
because of mutually-sustaining proper-
ties that depend on their oscillatory
nature: the fact that they have charac-
teristic frequencies. They don’t work in
steady (dc) state, only when the quanti-
ties that vary, do so at some appropriate
frequency. So, although electromagnetic
waves are transverse. and acoustic waves
are longitudinal, there should be some
correspondences between them, shouldn’t
there?

In fact there are quite a tew, if we will
take the trouble to recognize them. For
clectromagnetic waves. an electric dipole
serves as a reflector because 1t “shorts
out” the electric component. doubling
up the magnetic component. This means
it re-radiates a wave in exactly opposite
phase to the one causing those short-
circuit currents. Behind the dipole (from
the direction in which the wave arrives),
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the re-radiated wave cancels the original
wave. But in front of it, the returning,
re-radiated wave, will be in phase with
the arriving wave, a quarter wavelength
nearer the source so that a receiving di-
pole placed there will receive twice as
much signal as the direct wave brings.

Synchronous reflectors occur in sound
devices such as organ pipes. Sound trav-
els along pipes and, before the invention
of the telephone. this effect was used in
the speaking tube. An organ pipe isasort
of speaking tube with either an open or
closed end. When an arriving wave en-
counters an open end, the velocity of the
air particular doubles and the sound
pressure virtually disappears. resulting
in a wave reflected back alongthe pipe.

When the arriving wave encounters a
closed end, velocity 1s totally obstructed,
so the pressure doubles up to compensate
for the enforced zero velocity, and again
a wave 1s reflected back along the pipe.
With the open pipe end there is a pres-
sure null at the open end, and at half-wave
intervals, of whatever frequency builds
up in the pipe, back along the pipe. With
the closed end. there 1s a pressure null ata
quarter-wave distance from the end. and
then at half-wave intervals back from
that,

Pipes will sustain a family of fre-
quencies, having wavelengths that are,
in the case of the open-ended pipe, a
multiple of twice the length of the pipe.
In the case of the closed pipe, the family
of frequencies sustained will be such that
the pipe is always an odd number of
quarter-wavelengths long.

Notice somewhat of a similarity be-
tween electromagnetic waves and acous-
tic waves. Electromagnetic waves have
two mutually self-sustaining elements:
the electric and the magnetic. Acoustic
waves similarly have pressure and
particle velocity, or movement. In elec-
tromagnetic waves, the elements “move™
mutually at right angles to the direction
of propagation. In acoustic waves, the
fluctuation occurs along the direction
of propagation.

The electric and magnetic fields that
make up those waves have a direction at
nght angles to the direction in which they
are mutually propagated. On the other
hand, the pressure in an acoustic wave
can only fluctuate, at a given point: it
has no direction, although the fluctua-
tion can move in a direction. The particle
velocity has a direction in which individ-
ual particles move, at a given instant and
place, as well as a direction in which that
component of the wave travels.

When the wave is truly longitudinal,
which is the natural state for acoustic
waves, the particle velocity 1s back and
forth along the direction of propagation.
But this is not always true, and the fact
that acoustic waves are more complex
than simply longitudinal, accounts for
many of the effects used in acoustics
that audio people need to be aware of.
We will continue this next month. [ ]
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PEAKING OF CONVENTIONS (as in last month’s

editiorial}. it seemed for a time as though SPARS

{the Society of Professional Audio Recording

Studios) was ready to take up any possible slack
in the convention circuit. For just as the AES announced
its convention-cutback program. SPARS began pub-
licizing its Conference 81, to be held in Nashville.
Tennessee {about time sonieone woke up and discovered
Music City. USA). A SPARS press release noted that
“Exhibitors will have the opportunity to ‘openly sell’
...to recording studio owners.”

It occurred to some observers (or at least it did to us)
that an aggressive SPARS “selling show™ could really
gain a foothold among manufacturers. Given the right
conditions. a selling show geared specifically towards
the industry’s “big spenders™ could prove almost irresist-
ible to manufacturers.

But just as these words are coming off the typewriter,
along comes word that SPARS has cancelled its 1981
convention, in response to “...growing industry-wide
opinion that the industry is ‘over-conventioned. ™ Well,
so much for our editorial on the timeliness of a selling
show.

As an alternative, SPARS now plans a series of “road
shows.” At press time, details are still sketchy. but if our
suspicions are correct, it could be that SPARS is having
its own troubles trying to cope with the realities of the
industry today.

It's easy enough to blame all of this on the sad eco-
nomic state of the nation. the plight of the recording
industry. and various other malevolent forces that cannot
be traced back 1o our own doorsteps. But we also suspect
that even in the healthiest of times, we do not need an
endless sequence of conventions. punctuated by road
shows and panel discussions in which blue-ribbon panels
of experts sit around all night sayingnothinginparticular.

Maybe a tight economy will force all of us—the AES,
SPARS, and even (gasp!) db—into a more-critical
evaluation of the real needs of our industry.

We'd like to think that here at db we have all the
answers, but as it turns out. we're having trouble enough
trying to figure out what the questions are.

Forexample, on the subject of “road shows,” just what
does the industry really want? Or. should we ask, just
what does the industry really need? {1t might not be the
same thing.)

The AES does an admirable job of presenting technical
papers at its own road shows. We'd suspect the industry
neither wants nor needs more of the same from others.
{As an aside, the AES’ convention cutback may even

help raise the technical standards of the papers; with one
less convention each year. session chairmen may be more
selective in choosing papers.)

But the industry has other needs besides getting its
quota ot technical papers. There’s a lot of high-tech-
nology out there that needs to be presented to the work-
ing studio engineer. It doesnt have to be spoon-fed.
but neither can many of us digest the technical content
found in some of the more-advanced work.

Here's where SPARS (and db!) can come in handy. Via
“road shows™ (and feature articles), the technology can
be presented in a format that makes it accessible to the
working audio pro’. It might not be as much fun as
watching (or reading about) a recording studio “heavy-
weight™ describing his life behind the big board. but. if
youre trying to cope with an increasingly-complex
industry, what would you rather have from us-—amuse-
ment or education? Here at db, were betting you'd
choose the latter.

In this month’s issue, John Hoge’s feature article is a
typical example of what we mean. Theres probably
more math here than many readers want to see (or so our
typesetter assures us). Yet it's not of a kind that will
present an impossible roadblock to any serious reader.

How many of you will lightly skim through the article
and then rush out to design your own speaker system?
Probably very few. But, how many will take the time to
wade through the equations and come out with a better
understanding of your own studio’s system?

We hope that's where most of you are at today. And
we’ll even bet that many of you would go so far as to
support a “road show™ that brings today’s technology a
little closer 1o home. Although we'd like to think that
db contains evervihing you really need to know (come
to think of it. that’s what the publisher tells our adver-
tisers), in our more realistic moments we remember the
value of attending all those conventions (and a few “road
shows™) over the past many years. We suspect that a
strong “selling show™ coupled with a sequence of intense
workshops at the studio-operator level would meet with
wide industry support. What do you think?

P.S. After a brief absence, our “Sound With [mages™
column is back this month, with noted columnist Len
Feldman presiding. Len will keep us up-to-date on what's
going on these days, as more and more image makers
discover the creative potential of high-quality audio.
However, we'll continue to remember that we're not a
video magazine. In other words, Lens column will
remain “SOUND With Images,” not “/MAGES! (with
sound).” =
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DEAN AUSTIN

Time-Aligned
Loudspeakers Revisited

The ceramic magnet comes of age in professional moniror systems.

ACK IN FHE "DARK AGES™ (about four vears ago}. before
we had come to accept double-digit inflatien and the
prime rate as a lact of daily life. there appeared a smal)
dark cloud on the horizon. known in the loudspeaker

world as a “scarcity of cobalt for making Alnico magnets.”
Without going into the political economic reasons behind this
scarcity. it actually did exist. and as a result the price of Alnico
magnets was increasing at a rate that probably eclipsed even
the price rise of erude oil. Of course. we had seen the production
of consumer loudspeakers with ceramic magnets increasing
steadily for about two decades. but in the field of professional
studio monitors. the conversion and subsequent acceptance is
much more recent.

A CERAMIC-MAGNET DUPLEX LOUDSPEAKER

At UREL one of the earliest changes that occurred in the
design of our 813 studio monitor system was made when the
manufacturer of the auxiliary woofer (URE] 800W) sent us
engineering prototypes of ceramic units for comparison with
the Alnico magnet versions which were used for our initial
production runs. After evaluating several samples of a ceramic-
magnet replacement loudspeaker. and working towards
improved sensitivity, a new ceramic-magnet 800W was
procured that was completely interchangeable with the original
version. But knowing that it would not be nearly so simple to
change our Altee 604-8G duplex toudspeaker to ceramic
magnets. we sincerely hoped that it would be manufactured
forever.

Eventually, the cobalt situation became so tenuous that
Altec informed us that a new ceramic-magnet duplex loud-
speaher was indeed under development and a timetable should
be established for converting our 800-tamily of monitor
svstems. There was at least one positive aspect to the use of an

/)('an Awentin is vice president of fucilities & planning,
United Recording Corp.

all-ceramic system. It is well known that Alnico magnets are
subject to self-demagnetization when driven at very high
levels of current through the voice cotl (what?.. .in a recording
studio?). whereas ceramic magnets are not so adversely affected
by high drive levels.

As soon as engineering prototypes of the new custom-
designed ceramic-magnet duplex loudspeaker were delivered.
the fun began. The design objectives for our new model
813A were the same as those for the original 813 project:

flat frequency response (40 Hz 1o 16 hHz),
improved efficiency.

optimum damping.

low distortion.

. time-alignment® of low- and high-frequency drivers.

In the final design of the 813A., it was again p()\\lbk! to meet
all of these objectives. In fact. system efficiency is almost
14 dB better in the piston band than the §13: another bonus
provided by the ceramic magnets on the drivers.

As it turned out. most of the design effort was required 1o
meet the first objective, with particular attention to that portion
of the spectrum in the crossover region. (The development
of the 813 enclosure. design considerations for the fow and
lower-mid frequency system response. and details of the time-
alignment technique were covered in the author's “Time-

A

Aligned Loudspeaker Systems™ in the March. 1979 issue of

db-— Editor.) “Time-align™ and its derivatives are registered
trademarks of, and licensed by, k.. M. Long Associates and the
use of this terminology is licensed to URE] for use in connection
with its products.

The tight bass sound has become one of the trademarks of the
800-series monitors. In the on-going 813A project. it was
possible to effect some significant improvement in the damping
at the low frequencies when measured by the tone-burst
method. The correlation between tone-burst testing and
subjective listening tests is most remarkable. The physical and
mechanical changes required by the redesign, to accommodate
the pancake-shaped ceramic magnet, produced some advan-
tages through serendipity. but. conversely. created the need for
other complementary maodifictions in order to maintain
smooth power response through the crossover region.

1 he power response of the ceramic low-frequency driver is
indeed smoother in the 500 H/s to 1000 H/ region than the
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Figure 1. A tone burst at 2.3 kHz propagated through a
horn with no buffer.

—— (N ——r—— Oft

original Alnico unit. However, the throat length and the
diameter of the throat were considerably less than in the
original 604-8G version. This required lengthening the horn
and increasing the mouth area without producing a greater
“shadow™ effect. caused by the increased size of the high-
frequency horn.

When it became apparent that most of the system engineering
would be directed at the frequency spectrum above 1000 Hz.
it was obvious that tests would be speeded up considerably by
working in a small anechoic chamber instead of the “Iree-space™
test tower used for the 813 project. Not having an anechoic
chamber at hand. consideration was given 1o constructing one.
At the May. 1980 Audio Engineering Society Convention in
Los Angeles. URE] demonstrated the 800-series monitors
in one of the hotel rooms. In an effort 10 make the room sound
something like a typical control room. Alpha Audio made
available to us some sheets of their new Sonex sound absorbing
acoustic panels. The absorption of this material is very close to
00 percent in the audio frequency range above 1000 Hz.
So. for a loudspeaker test facility. a small chamber was con-
structed by hanging 4-inch thick Sonex panels in a cubical
framework and cutting a circular hole in one side to admit the
test speaker. which was supported on a stand outside the
“chamber.” The test microphone was hung at a distance of one
meter from the speaker and we were in business.

THERAPY FOR SOUND WAVES TRAUMA

It is an inescapable physical phenomenon that. with a short
horn loading a high-frequency driver, such as is the case for all
duplex loudspeakers with crossovers in the 1500-10-2000 Hz
region. the transition which takes place at the end of the horn
can be a traumatic experience for sound waves. The high-
frequency audio waves travel through the throat of the driver
after leaving the diaphragm. then propagate out through the
horn. whose boundaries are almost [00 percent reflective.
Then. they are suddenly dumped into the air. FiGURE | shows a

Figure 3. Amplitude-versus-frequency response of the
plastic horn.
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Figure 2. The same tone burst, after modifications were
made to the horn.

tone burst at 2.3 kHz. propagated through a horn with no
“buffer” at the transition boundary into the air. The burst is on
for eight cycles and then off for eight. and the “ringing™ which
takes place when the burst is shut off is very evident. Also.
there is a delay effect which causes the burst to build up
gradually over the entire eight cycles. reaching a steady-state
condition just as the burst is shut off again. As previously
mentioned. work had been under way. before the change in
duplex loudspeakers occurred. to devise some kind of a
“diffraction buffer” which would reduce these transient distor-
tions. This buffer would ideally be composed of a material with
an optimized absorption coefficient. thus providing an
“acoustic buffer” to match the reflective horn walls to the
absorptive air. Measurement and experimentation with various
materials led to the conclusion that a material with the proper
absorption coefficients and optimum shape. would effect
substantial improvement in performance. Since the horn
length needed 1o be increased slightly. the diffraction buffer
could accomplish both tasks with one piece of material. Con-
siderable previous testing had established that a tear-drop
shape worked well. so it was only necessary to determine the
optimum dimension to properly load the high frequency driver
down 1o the desired crossover frequency, and provide the
desired buffering effect. Since the horn mouth is of two dis-
similar materials. the increase in length required is not directly
proportional to the crossover Irequency change. but was
determined by measurement.

As a result of testing up to this point. and from a study of
available literature. it was believed that some transient distor-
tion is introduced in a rectangular horn by multiple reflections
along the junctions between its horizontal and vertical walls.
One solution to this would be the use of a circular horn. But

Figure 4. The modified horn, showing the difiraction
buffer, absorption material and slot configuration.
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Figure 5. The compieted URE! time-align 813A studio
monitor system. The siots in the horn eliminate shadow
effects caused by the horn's presence.

in a control room environment. a rectangular horn with an

aspect ratio of about 2.5:1 gives much better concentration of

the energy where it is needed.

SYNERGY

Here again came the benefit of the synergy that often occurs
when an engineering project attacks several aspects of an
overall design cffort at once. In designing the high-frequency
driver for their new duplex loudspeaker. Altec found it neces-
sary to reduce the throat diameter to approximately seven-
cighths of an inch. Although the flange supplicd was still
designed to mate with the custom URED 800H horn, an imped-
ance mismatch occurred in the throat which created phase
shifts and consequently amplitude variations in the upper
high-frequency response. The solution to these last two
problems was found by forming a piece of foam material to
fit inside the horn on its short vertical walls. Most of the surface
of the material was covered with a highly reflective plastie
membrane, the rigidity and mass of which is sufficient to
provide a solid boundary at high frequencies. This did not
reduce the efficiency of the system. but the edges of the material
at the junctures of the walls in the horn absorb the corner
reflections. climinating that source of transient distortion. as
verified by our measurements. FIGURE 2 shows the result of a

tone burst applied to the high frequeney section after all of

the above described modifications were made to the horn.
FiGurk 3 shows an amplitude response plot of the high fre-
quency section with and without the modifications to the basic
plastic horn,

THE SHADOW APPEARS

Although we had bencetited greatly from alt of the picees of

the pussle falling into place up to this point, of course there
had to be some compensating difficulty created somewhere
along the line. Sure cnough, it was found when the diffraction
buller was installed on the horn and a composite axial response
of the duplex speaker was plotted. In any duplex-type loud-

speaker there is some “shadowing™ of the sound waves radiated
near the center of the low frequency cone by the horn which is
concentricatly mounted in front of the woofer cone. When the
horn is kept small enough. the effect is minimal. but with the
new 800H bulfer-diffracted horn, the shadow became apparent.
Although the nondirectionality of low-frequency sounds makes
it difficult 1o detect any blockage of the sound waves, phase
differences occurring as the waves are diffracted around the
horn do affect the frequency and power response.

The solution was to cut some holes in the horn to let the
mid-frequency energy through. Considerable experimentation
was required to optimize this slot configuration. but the mid-
frequency response was restored to a flatness that defied
detecting any “shadow effect”™ by cutting four slots in the horn
as shown in FI1GtRE 4. The slots are approximately | cm-
by-4 ¢m in size and are spaced well away from the vertical axis
of the horn throat. By elongating the slots 1o a 4: | aspect ratio,
with the narrow side perpendicular to the direction of travel
of the high frequency wave fronts, there was no measure
degradation of the high-frequency response of the horn.
Sutficient energy is radiated through the slots to eliminate
the shadow created by the increased size of the high-frequency
horn. which had resulied in the previously measured perturba-
tions.

The development of the high-frequeney horn (patent applied
for) was the work of M. T. Putnam and the network forthe 813A
was the responsibility of Mr. Dennis Fink. The design of the
813A isanexcellent example of producing a synergistic solution
to a probtem created by a change in design requirements, which
in this case was precipitated by the necessity to change to a
ceramic-magnel duplex loudspeaker. With the exception of the
necessary network changes, most of the work was done with
the high-frequency section of the system. Therefore, it was a
relatively simple job 1o redesign the other members of the
$00-monitor family. the 81 1A small system. and the 815A dual-
auxiliary-woofer system. ]
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Get Aligned
Stay Aligned
with STL precision
magnetic test tapes

These dependable tapes are used by
broadcasters, recording studios, equip-
ment manufacturers, governments and
educators throughout the world. Widest
variety...Alignment, Sweep, Pink Noise,
Levei Set, Azimuth and Fiutter/Speed.
Available on reels, in cartridges and in
cassettes . Also, the Standard Tape
Manual & the Magnetic Tape Reproducer
Cailibrator.

Phone for fast delivery or free catalog.

STANDARD TAPE LABORATORY, INC.

26120 EDEN LANDING ROAD 25 HAYWARD CALIFORNIA 94545 « (415) 786-3546
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SIDNEY L. SILVER

Digital Filters
in Audio Signal Processing

A guide to the practical aspects of digital filtering.
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1 THE PRESENT TIME. the full impact of digital filtering
has not yet been felt by the audio industry. This has
been due. mainly. to the high implementation cost
and system complexity which. until recently, have

severely limited the application of digital filter techniques in
studio operations. However. recent advances in large-scale
integration have made it possible to implement digital filter
systems with just a few components. so that systems that
once required numerous circuit boards can now be easily
constructed with a small number of 1Cs. Also, power con-
sumption has been drastically reduced in the new designs, and
many of the elements of the filter can now be placed on a
single LSI chip.

Digital filtering permits the efficient processing of analog
data by transforming that data into a digital format before
extracting meaningful information from the pulse stream,
Although these filters are characterized differently from their
analog counterparts. they are often required to perform
identical operations. In either case, circuit components in the
system function in such a way as to modify the frequency
composition of an audio signal in a predetermined manner.
However. for every problem encountered in the design of an
analog filter, there is an equivalent one in the digital case. In
analog, or continuous filtering for example, frequency stability
depends upon the accuracy and matching of passive com-
ponents. In digital processing, it depends mainly on the
accuracy of the sampling frequency. Other error sources that
must be dealt with in digital units are quantization noise
arising from analog-to-digital conversion. and aliasing distor-
tion caused by signal frequencies higher than half the sampling
frequency.

One may therefore ask: What are the advantages of using
digital filters in the audio field? And what properties do digital
filters have that make them superior in performance 10 equiva-
lent analog units? First of all, digital filters are insensitive to
parameter drift: changes in temperature. voltage, and com-
ponent values do not adversely atfect digital elements the way

Sidnev L. Silver is on the supervisory staff of the
Telecommunications Section of the United Nations.
where he is in charge of sound and recording.

they do analog types. Secondly. they can easily be designed
with a frequency response closer to the ideal: that is. uniform
passband response and infinite attenuation in the stopband.
{t is also possible to achieve extremely high Q values and steep
cut-oft rates (even at very low frequencies) that are difficult
or even impossible 1o attain with conventional filters. With
digital filters, there is virtually no limit to the signal-to-noise
ratios that can be realized. All that is required is to increase the
resolution of data bits at the filter input. There arc also no
impedance-matching problems and no insertion losses.
Probably the most important feature is their great tlexibility.
For example. they can be easily modified by simple program
changes. so that one filter unit provides many functions.
Furthermore, using multiplexer techniques, digital tilters can
be time-shared with a substantial number of independent
inputs, vielding an even more useful channel-bandwidth
capability.

Unfortunately. most of the available literature on digital
filters treats the subject primarily in mathematical terms,
often based on idealized components. In this article, however,
we shall restrict ourselves to the practical aspects of digital
filtering, and discuss its use as a signal-processing element
in audio work.

BASIC FILTER STRUCTURE

What is a digital filter? As yet, there is no universal agreement
on a precise definition of the term. For our purposes. however.
it can be defined as a process or device which operates on a
coded sequence of binary digits produced by sampling a band-
limited audio signal in time. and quantizing that signal in
amplitude. so as to produce a new sequence with altered

Figure 1. Basic circuit of a simple first-order digital filter.

Input o G\ —_ (Juiput

Delay

www.americanradiohistorv.com


www.americanradiohistory.com

Experience previously unattainable
performance in the mid-frequency
range, an evolution of pure audio.
Discover the best sounding 12"
mid-frequency loudspeaker available.
Listen...and experience the TM-1201
from TAD.

Assembled in the hands of veteran

® audio craftsmen, the TM-1201 is
The Fulflllmenl Of especially designed for mid-frequency

applications, with a usable range of
200 to 3000 Hz. Ultra-low distortion,
pure Mid'Ffequency smooth extended frequency response
and high power handling establish the
Performance Has 1201 s a halmari i i

evolution of sound.
Yei T E l Evolutionary in itself, with a lighter,
o vo ve. more rigid material than currently
used in the field, the polymer graphite
cone has true pistonic motion
throughout its specified range, with
none of the peaks and valleys
associated with cone break-up or
doubling. In addition, a high power 4"
voice coil with edgewound copper
conductors better utilizes the flux
within the magnetic gap to increase
acoustic conversion efficiency. A
corrugated cloth surround, for extreme
linearity in high power applications,
and a rugged 6-spoke die-cast
aluminum frame assures both durable
and reliable performance.
Conquer the peaks and valleys of
sound with the unprecedented

mid-frequency performance found in
the TM-1201.

i'he evoluﬁn of _sou;ul
begins with TAD.

Audia Devices
A division of U.S. Pioneer Electronics Corp

142 Redneck Ave., Moonachie, N.J 07074
(201) 440-8234 Telex: 133484 PIONERUSA MOON

L1861 isnbBny gqp

Detailed specifications and performance
data available upon request.
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irequency content. After the pulse stream is processed. the
liltered output may be left in its digital form for further
processing by a digital computer. or converted back into its
analog torm. according to application.

To introduce the concept of digital filtering. let us consider
the simple first-order filter (6 dB octave-siope) shown in
FIGURE 1. Here the basic building blocks are an adder. a delay
line. and a multiplier. Note that there are none of the passive
components (resistors. capacitors. or coils) associated with
conventional analog filters. It can be seen that the filter output
is fed to the delay line whose output. in turn, is applied to
the multiplier. At the adder. the multiplier output is combined
with the input. In this operation. the multiplier and adder
comprise the arithmetic unit, or numerica! calculator of the
filter. The delay unit, usually in the form of a shift register or
RAM (random-access memory). compares the data sampled
at a particular instant with the data sampled previously.

The delay length is equivalent to one sampling interval, and
we assume that the addition and multiplication operations
are instantaneous. Since feedback is used inits implementation,
the output of the filter is effectively derived from the present
input values and from past values of the input. In this process.
data is extracted sequentially from the delay element and
passed to the multiplier which provides the scaling factor,
or filter coefficient. that determines the frequency response.
The scaling factor represents a digital number which, once
selected. defines the fixed characteristics of the filter.

The output of a digital filter may be expressed by a difference
equation which defines the output data value, y(nT), as a
function of the present input data value, x(nT). and any prior
input and output values, For a first-order filter, the general
equation is:

Y{NT) = x(nT) + Cy(nT-T)
where n is the number of sampling intervals at a given time, T
is the period of sampling, and C is the scaling factor, or filter
coefficient.

MAJOR FILTER TYPES

There are many ways of designating digital filters, but all of
them fall into three main categories-—recursive, transversal,
and lattice. Recursive filters, which will be discussed first, use
feedback in such a way that the filtered output is always an
explicit function of past and present input values. These units
are referred to in the literature as !N F (infinite impulse response
filters).

FIGURE 2 shows a second-order recursive filter comprising
two adders and four multipliers, with two shift registers serving
as the delay elements. These components provide sufficient
flexibility. so that by appropriate choice of scaling factors, the
filtering action can be made equivalent to virtually any cor-
responding analog type. Here the set of filter coefficients,
C, through C4 . are entered into a ROM (read-only memory),
and fed sequentially to their respective multipliers. By merely

Figure 4. Implementation of a fourth-order transversal
filter.

Riandom access memory

Input { SJ‘ o Qutput

Delay

Delay X

Cy
C, €3 C3 (s
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Figure 2. A second-order recursive filter with a 12 dB-per-
octave slope. C l-C o, represent a set of fiiter coefficients.
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Figure 3. A third-order recursive filter is derived by
placing afirst-order and a second-order section in parallel.
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Qutput

Input o { o \ _
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additional Delay \\':J o { Deiay
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Figure 5. A second-order lattice type digital filter. *

changing these scaling factors, any of the classic filter functions
{Butterworth, Chebyshev, Bessell, elliptic, etc.. in various
modes of highpass, lowpass, bandpass, and bandstop) may be
realized from the same filter unit. Also, by assembling any
number of first-order and second-order filter sections in series,
parallel, or a combination of both, it is possible to synthesize a
wide variety of higher-order filter functions. As an example.
FIGURE 3 shows how a third-order filter can be implemented
by putting a first-order section and a second-order section in
parallel.

In the transversal filter configuration. the output data values
at any given instant depend upon the input values at that time
and on the number of past inputs. Since there are no feedback
elements employed. past inputs do not enter into the response.
Transversal filters generate a finite impulse response and are
therefore also termed FIR filters. FIGURF 4 illustrates a typical
example of a fourth-order transversal filter requiring only a
single adder and five multipliers. with a RAM (random-access
memory) as the delay element. Clearly. the structure resembles
that of a tapped delay line. each tap representing a fixed delay at
uniform intervals related to the sampling time.

In operation, the filter produces a weighted running average
of incoming data values. Each data value is successively multi-
plied by an appropriate filter coefficient stored ina ROM, and
digitally summed in an adder at the output. This sequence
continues for each sampling cycle as each data value advances
in position along the delay line memory. The tapped delay
weights are adjusted to give the sequential values inthe impulse
response that corresponds 1o the desired frequency response.
An important advantage of transversal filters is their uncon-
ditional stability, which means they are virtually immune to
environment changes. One limitation is that a large number of
delay elements are needed to obtain steep cutoff rates.

Figure 6. Cascade realization of a time-varying digital
filter.

The lattice type digital filter (FIGURE 5) is a relatively new
form which offers a compromise between recursive and
transversal units. It has greater stability than the recursive
filter, but requires less hardware than the transversal type.
However, it generally operates with larger coefficient sizes,
making it more difficult to program than the other configura-
tions. The full potential of lattice filters in audio applications
has yet to be explored.

TIME-VARYING FILTERS

In applications where more than one filter function is needed
in a short interval, it is sometimes required 1o manually vary the
frequency characteristics with time. Such filters are being used
in speech recognition experiments, where one can synthesize
speech with different voice inflections by merely changing the
coefficients in the filter program. To operate a digital filterin a
time-variable mode, the scaling factors are made adjustable in
such a way as to control the filter parameters over the desired
range of frequencies and bandwidths. A second-order recursive
filler of this type is depicted in FIGURE 6. The coefficients
Ci. and Cj, together with Cz and Ca control the center
frequency, while C;; and Cx» alone affect the bandwidth,
without shifting the center frequency. Using this approach,
more complex filters can be assembled by increasing the
number of stages, so that the controlling parameters sweep
through a wider range.

ADAPTIVE FILTERS

In situations where audio signals are obscured in a noisy
environment, it is possible to extract those signals from the
noise in an adaptive manner. and hence optimize the signal-to-
noise ratio. To accomplish this, the filter coefficients are
continuously adjusted by an adaptation processor. enabling
the filter 10 automatically track the noisy signals.

FIGURE 7 shows a commercially available adaptive digital
filter system designed for application in voice intelligibility
enhancement where it is necessary to wring out correlated
noises, spectral distortion. acoustic resonances, reverberations.
and other signal convolutions. The 5 MHz filter speed of the
instrument permits the use of filter sizes of. say 445th order
at 5.0 kHz and 700th order at 3.0 kHz bandwidth. with still
higher orders of filtering at narrower bandwidths. Using a
large transversal filter. the device estimates the noise com-
ponents and subtracts them from the audio signals. The noise-
reduced audio is then circulated through the system to con-
tinuously adjust the filter coefficients for maximum noise
cancellation. Where undesirable periodic signals are present,
such as tones, the transversal filter acts as a spectral line
enhancer. For some stationary noises, such as music masking a
voice, the tracking speed is adjusted for a fast convergence
rate; and for less-stationary noises. such as reverberation, a

[npul Qe —f;\— f'-zl < Qutput
Caa X X Cia Cs X Cis
I—\ Delay Delay i Delay Delay

Cia Cip Ca C
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Adjustable
filter coefficients

Circle 36 on Reader Service Card —

wwWw americanradiohistorv com


www.americanradiohistory.com

www americanradiohistorvy com


www.americanradiohistory.com

Tannoy: A single source forthe
single-point sound source.

The Tannoy Dual Concentric:
Two drivers on one axis.

eaponenial curve of the
HF hom keepng the —
resonant requencies
outsicie the passband.

Phase co
muldpie

- be easily separated
by the ear. With class-
‘ ical music the bass
should be a finere-
production of the
| natural sound of the
instruments.
With contemporary
rock. a loudspeaker

extended and smoofhy
HF response.

Al

conductor for low
dynamic mass. and
superb HF response

should easily handle
the accentuated

In Tannoy Loudspeak-
ers, these capabilities
are apparent. You
can separate the

J drummer trom the

Behind the grill of most Tannoy
Loudspeakers is not the usual collection
of separate tweeters and bass units.
Instead. you'll see what appears to be
one speaker only, but which, in fact
is two speakers in one.

Therein lies the Tannoy Dual Con-
centric principle. Single point sound.
This unique method of placing a high
frequency compression driver within
and behind a direct radiator bass unit
provides superb natural sound. low
coloration and phase coherence for
proper sterec imaging and high
sensitivity.

A bass that's deep but not “thick”
Individual bass notes should be deep
and rich, but not “thick” They should

bass player and the
tubas from the cellos.

Midrange: The “live” factor This is
more difficult for comparative evalua-
tion as most loudspeakers ofter accept-
able qualities in this tonal range.

Choose a solo instrumental record
and try not to listen to the melody which
may distract. concentrate on purity of
sound, a closeness to the actual
instrument

Close your eyes. Vocals should not

Mode! X05000 Time Compensated Electronic Crossover

bass without distortion.

sound "wooden” or “telephone like!
Tannoy Loudspecakers provide the
closeness to reality which gives that
very satistying illusion of the original
“live” performance.

Clarity and response on the high
end.Thesnapof a snare drum, the sound
of an acoustic guitar. string sections. an
operatic soprano. or the crash of a
cymbal, these will tell you if the high
frequency response is providing the
absolute clarity essential for good
treble quality.

Voice sibilant should be clear but
not over emphasized. the infinite
flexibility of the female voice isa
revealing test for any loudspeaker, and
Tannoy Loudspeakers pass this test
Iqultlessly.

The English know. Some of the best
recording studios in the world are in
England. and in the UK., Tannoy is one
of the most popular, if not the most
professional loudspeaker.

Call 800-421-1274. We'll tell you
where you can listen to a full line of
Tannoy studio monitors. And discover
what the English have known for over
fifty years.
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BGW:Technology and engineering
in aworld of whistles and bells.

How do you become the world
leader in power amps in tive years or
less? That's easy:

Makeitfirst. Imagine. Invent. Create.
You end up with things like fully modular
construction, {ool-proof speaker pro-
lection, and one-piece construction.

Give it more. More features. Like
precision stepped thick film input
attenuators, front panel mounted mag-
netic circuit breaker/power switch. and
multi-colored. state-of-the-art LED
display circuitry.

Make itlast. Use welded steel instead
of screws. (They unscrew.) Don't cver-
stress the product. It'l] live longer And
keep it simple. We make it modular
So servicing is that much easier.

If you like what we're saying, you'll
love what you see. Test a BGW for your
self. Or, read on.

The DC Arc Interrupter: Still the best
speaker protection you can buy. When
harmiul d.c. voltage is present at the
amplifier's output, a sensing circuit
triggers a tast-acting, heavy-duty relay

to open and disconnect the amplifier
from the loudspeaker load.

Due to the high energy associated
with this type of potentially disastrous
failure. conventional relay circuitry
was found unacceptable and this new
system, based on magnetic arc-inter-
rupting phys:cs was developed.

The largest SOA in the industry. Our
BGW 250 series uses three times as many
output devices as the competition. And
since output devices are the single
most important factor in determining
the litespan ot an amplitier. expect ours
to last three times as long.

In our 750 series, we use a heavy-
duty rear-mounied two-speed industrial
fan to move large volumes of air in from
the back. over the internal circuitry
and up through exhaust ports.

This unique thermostatic cooling
syslem. combined with 24 large-
geomelry outpui devices. give BGW
the largest SOA, or Safe Operating Area.
in the industry today.

Two handles and one piece of steel.
Instead of aluminum or plastic, the
chassisof all BGW amps are ... e
constructed of welded H
steel for maximum

www.americanradiohistorv.com

strength. rigidity and RFI immunity.

Two. large, convenient front panel
mounted handles make moving easy.
(By the way. because of our unusually
strict standards, we are forced to make
most of our metal parts ourselves. And
that's fine with us.)

Circuitry: Sophistication at the heart
of the system. We use large-geometry,
full-complementary circuitry. Full. Not
“quasi” like a lot of our competitors still
use. Full costs a little more. But the result
is much better high trequency response
with much less distortion.

It's a tradeoff we'll gladly make.

Thanks,Billboard. Thanks, America.
According to the Billboard magazine
US. Equipment Brand Usage Survey,
between 1977 and 1980, of the top
three amplifier manufacturers, only
BGW showed an increase in market
share. Specifically. a 25% gain in studio
usage, making BGW the fastest
growing power amplifier source in the

Uniied States today.
\ That's what happens

k,_,x‘? when you make it right.



www.americanradiohistory.com

Look at the Numbers:
TANNOY

SENSITVITY DISPERSION
MAXIMUM 1 WATT 1 METER INCLUDED ANGLE RECOMMENDED ENCLOSURE ENCLOSURE
OUTPUT LEVEL ANECHORC FREQUENCY (1) @ —6dBPOINT AMPLIFIER CROSSOVER DIMENSIONS INTERNAL
MODEL DRIVE UNIT {PEAK) 4TT STERADIANS RESPONSE @ 10KHZ POWER @ 8OHMS FREQUENCY HXWXD VOLUME
SRM 10B 10" DualConcentric  109dB SPL (115dB) 90dB 55Hz-20kHz 90 degrees conical 50 Walts 12kHz 206X138 35 Liters,
X104 1 2CubicFeet
SRM 12B 12" DualConcentric  112dBSPL(117dB) 92dB 55Hz-20kHz 90 degrees comical 100 watts 1 2kHz 23X157 46 5 Luers.
xiwg" 1 6CubicFeet
M 1000 15" High Sensitivity ~ 114dB 94dB 50H2-20kHz 90 degreescomical 200 Watls 1 OkHz 405X284 230Liters.
Dual Concentric X117 8 Cubic Feet
M 3060 15" Wide Bandwidth  112dBSPL(119dB) 92dB 40Hz-20kHz 90degreesconical  150-200 Watts 1kHz 405X284 230 Liters.
Dual Concentric X17" 8 Cubic Feet
DREAD-  1-15* Special 121dB SPL (126) 96dB 30Hz-20kHz 90 degrees conical 750 watts 250Hz 35X524 400 Liters
NOUGHT Dual Concentric *34dB Low Frequency X232.142 {15 Cubic Feet)
2-15" Woolers 500 Watts 2 OkHz 15° Batfie 40 Liters
Mid Frequency Slope {1 5 Cubxc Feet)
250 watts
High Frequency Sealed Cawty
(1) Frequency Response measured in 1/3 oclave bands at any power up 1o Rated Continuous Power with response within * 4dB
DC ARC CALIBRATED LOSS OF
801 POWER FEATURES MAGNETIC FULL INTERRUPTOR PRECISION FEEDBACK TRICOLORED
TOTAL POWER* QUTPUT MODULAR CIRCUIT COMPLEMENTARY SPEAKER FAN STEPPED cLip LED VU METER
MODEL DESCRIPTION OUTPUT EACHCHANNEL CONSTRUCTION BREAKER CIRCUITRY PROTECTION COOLED ATTENUATOR INDICATOR WITH CLIP LIGHT
75 Professional 75 25 Watls Yes No Yes No No No No No
Power Amplitier
150 Professional 150 50 Watts Yes Yes Yes No No Yes Yes 5% & 50%LED's
Power Amplifier
250D/E Professional 400 100 Watts Yes Yes Yes Yes No Yes Yes (250D) Yes (250E)
Power Amplifier
600 Professional 800 175 Watts Yes No Yes No No No Yes No
Power Amplfier
750B/C Professional 900 225 wans Yes Yes Yes Yes Yes Yes Yes (750C) Yes (750B)
Power Amphfier
1250  Professional 1200 400 Watls Yes Yes Yes Yes Yes Yes No Yes
Power Amphfier
3208 Commercial 100 Watis/Cn Yes Yes Yes No No Yes Yes No
Power Amplifier @ 70 volts
620 Commercial 200 Watts/Ch Yes Yes Yes No No Yes Yes No
Power Amplifier @ 70volts
*TOTAL POWER OUTPUT

The total power output is the actual power output as measured during our final test at the factory
Test condiions Mono operation 8 ohm load 1kHz @ 0 1% Total Harmonic Drstortion Line voltage maintained at
120 volis RMS B0Hz This power 1s equivalent to the sum of both channels when driving 4 ohm loads 1n the stereo mode

BGW The exclusive importer/distributor
for Tannoy products in the United States.

BGW/TANNOY

13130 S. Yukon Ave., Hawthorne, CA 90250; Telex: 66-4494, Phone: (213) 973-8090
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Figure 7. An adaptive digital filter system used for noise
cancellation and voice inteitigibility enhancement.

slower rate is selected. There is also a dual-channel mode of
operation utilizing two separate audio inputs. one consisting
of the audio signals accompanied by the noise. and the other
a reference input of the noise alone. In this way. differences
of phase, amplitude, and spectral shape are taken into account
in the enhancement process.

MULTIPLEXING SCHEMES

[f the input data rate {sampiing rate times the number of bits
per sample) is well below the speed limitation of the digital
circuitry, a digital filter can be multiplexed to utilize the
arrcuitry more etticiently. Specifically, if the time intervals
between samples is used to genecrate the next output, and if
cnough time exists between samples for the system logic to
repeat these operations., the filter can be time-shared among
numerous input signals. In FIGURE 8, for example, suppose
that one filter unit is employed 1o equalize the inputs of three
independent audio sources. Initally. the sampled input pulses
are interleaved by the multiplexer, sample by sample, and

Figure 8. The transversal filter uses a muitiplexing
arrangement for time-sharing three independent inputs.
Every third signal sample is processed by the filter, with
S, representing the sample of input 1.

METER SWITCH
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FILTER SIZE IRFUT DELAY
w W P, S

13y e
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o ADAPT

TrRE §00( 0

ADAPTATION PROCESSOR

BrPaSE NAWROW  ICH

applied serially to the filter input. The bit rate would be in-
creased by a factor of three. and the shift register containing
the signal samples would be three times the length of the delay
line for a single input. Thus. for each channel. every third
sample is effectively processed by the arithmetic unit. The
arithmetic unit. in turn, performs the same multiply-add
calculation as the single-input case. but operates threc times
faster. At the outpul. the digital pulse stream emerges in the
same interleaved order as the input. and is thus easily separated
by the de-multiplexer.

Another type of multiplexing operates on a single-input
signal to effect a number of different subfilter forms. In this
arrangment, the digital pulse stream is made to pass through
the multiplex system more than once. to produce higher orders
of filter complexity. As an example, let us consider the imple-
mentation of a léth-order filter in cascade form using the
multiplexed second-order recursive filter shown in FIGURE 9.
Here, the combining of eight separate filters into one multi-
plexed unit requires that the bit rate in the filter be increased
by a factor of eight, and the shift register delay lengths also

| o Delay line memory
w
Z 2 o——| Multiplexer St |S2|Ss|Si|S2]S3|Si|S208318
= 3 Ot

7

: )

Adder De-multiplexer

L (=] —
QOutputs

— Circle 36 on Reader Service Card
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BUILD A QUALITY
SOUND SYSTEM ON
A BETTER FOUNDATION.
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STARTING SEPTEMBER 1,

THE NEW TOA 900 SERIES

PA AMPLIFIERS.

LOOKS REAL EXPENSIVE,
DOESN'T IT?

The facts of the matter are, the
new TOA 900 Series 1s 3to 11%
less money than the same reliable
900 Series you've depended on over
the vears! We simply improved their
performance. And, quite obviously,
their looks. The new 900's are def-
initely affordable, just like before.
And the TOA dedication to quality
with the highest reliability hasn’t
changed either.

IF YOU DON'T KNOW
ABOUT US.

You should. We've been delivering |

the solid-state 900's for nearly a
decade. You'll find TOA PA products
in churches, schools, hotels, thea-
ters. night clubs, convention halls
and auditoriums. Theyre working
day-in, day-out in shopping centers,
department stores, recreation facil-
ities, stadiums, industrial plants and
offices. For paging, announcements.
background music and broadcasting,
a TOA PA System is being relied
upon at the very heart of almost any
communications need.

THERE'’S A SPECIFIC 900
FOR YOUR JOB.

Select from four MIXER/
POWER amplifiers with two to six
inputs and power from 10 to 120
watts RMS. There's the M900
MIXER/AMPLIFIER with six in
and three models of Power Amps
with 60,120 and 240 watts RMS
capability, A total of eight different
maodels for

l"_.!
bt s

II HIEH’

The vear view. Stmple, uncluttered. Evervthing you need to get the job done fuster and easter.

maximum flexibility and versatility.
All of our main outputs are 25 & 70
volts, transformer coupled, bal-
anced. And some models feature
transformerless direct outs. All
models (except the mini 901) feature
illuminated VU meters. All our mix-
ers have full bass and treble tone
equalization, too.

SO, WHAT ABOUT THE
SPEC’S?

Frequency Response is 20 to 20,
+1.0 dB; THD is always less than a
tenth of one percent at rated output
(0.1%): signal-to-noise is as great as
108 dB and with gain at maximum,
not less than 82 dB!; and, Output
Regulation at 1 kHz is typically 1.0
dB (transformer output) and even
less, 0.5 dB direct. Improved. And
definitely ahead.

OUR BIGGEST TECHNICAL
ADVANTAGES.

With a TOA you never have to
worry about overload or short cir-
cuits. Because of unique circuitry,
we don't require a complicated pro-
tective circuit to protect our gear
from accidents and mismatched con-
nections that can happen during your

installation—

' e

Chovse from 15 assorted solid-state, phug-on tnput modudes. Your only tool is a serewdriver, so pack-up

vour soldering ran.

Circle 27 on Reader Service Card

www.americanradiohistorv.com

or worse yet, after you leave the
scene. The line features an assort-
ment of 15 different full-range appli-
cations plug-in modules: no wiring
or fumbling for connectors. Just
order XLR’s, phone jacks, RCA%, 3
screw or 4 pin connectors on most
everything we have from Mic Pre-
amps to Tone Signal Generators,
There's even the capability on our 6
input models to have 2 exclusive
line output modules. Three of the
input modules also feature optional
muting. From input to output, a new
900 will get you into a tight job
easier, and out faster. Much faster.
The new 900 Series—they're the
proven way for you to build a quality
sound system on a better foundation.
Call us at (415) 588-2538. We'll

| be happy to send the spec’s and

show you the new and improved
versions of the old, reliable,

and affordable :
71

PA Standards. |

Proven in the States.

.TOA TOA Electronics. Inc.

1023 Grandview Drive
S.osan Franciseo, GV 080
(H15) 388-233-

Teles: 331-332
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Delay
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Input
multiplexer
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Delay

Output
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Figure 9. Multiplexing scheme where the output is
repeatediy fed back to the input to effect higher orders of
filtering.

be increased accordingly. The filier coefficients are supplied
from the ROM which cvcles the eight data values for each
multiplication during every sampling interval. The data values
arc routed in and out of the filter by the input and output
multiplexers. w hich are also controiled by the ROM.

During the first number of bits of each sampling interval. the
input samples are processed by the arithmetic unit of the first
subtilter in the cascade form. This processing takes essentially
one-cighth of the basic sampling period to complete. By delay-
ing the resulting output one-eighth of the sampling period.
the data values can be fed back via the multiplexer arrangement
to beconie the new input to the filter during the second number
of bits of the sampling interval. This feedback process is
repeated with the filter coclficients of the ROM changed
cach time to correspond to the appropriate subfilter in the
cascade form. The eighth. or last. output during cach sampling
interval is the desired 16th-order filter output.

When low frequency filters must be realized. the require-
ments tor coefficient precision are increased. so that it may be

convenient in a multiplex operation to maintain fixed scaling
factors. but operate at a reduced sampling rate. If. for example.
the sampling frequency is halved. the center frequency of a
bandpass filter will shift one octave lower in frequency while
maintaining the same relative bandwidth. Of course. each time
the sampling frequency is lowered. it must be accompanied
by a low-pass filter action to correspondingly reduce the
high-frequency cutoff of the sampled pulses. This procedure
i necessary In order to prevent the introduction of aliasing
distortion into the system. One application where this concept
1s utilized is the implementation of octave-band filter sets in
digital frequency analyzers.

Multiplexed digital filters have found application as phase-
shifting devices in modifying the tonal and spectral character-
istics of electronic musical signals. To provide the filter with
dynamically variable properties. the coefficients are usually
stored in a small special-purpose computer. and any one of a
number of filter-sweeping programs can be selected by an
appropriate control function. |
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W. J. J. HOGE

Measuring Loudspeaker
Driver Parameters

If vou've survived Mike Math 1 & 11, here’s some math from

the other end of the signal path.

UItE OFTEN. a commercially built loudspeaker

system will not fill a particular need in a particular

situation. When this happens, it is time to design a

custom system. Loudspeaker design used to be more
ot a black art than a scitence. But now, modern network syn-
thesis techniques may be applied to the design of the loud-
speaker, whether it be adirect radiator[ 1. 2, 3] or a horn-loaded
unit [4, 5. 6].

Betore attempting to design a loudspeaker system using an
existing driver, one must know the values of the driver param-
cters which influence system pertormance. Unfortunately,
most manutacturers still do not provide such data on their
units. In this article, we will briefly review the theory of loud-
speaker synthesis, examine the equivalent circuit of a loud-
speaker, and the theory of driver small-signal parameter
measurcment. This theory will be presented in (1 hope) a
straightforward manner; no great math skills are required.
Mixed with the theory will be some worked examples describ-

ing how to make the measurements without having to use half

the H-P or B & K catalogs worth of cquipment. So get out your
snow shovels (or manure forks), and here we go.

A REVIEW OF SOME THEORY

Novak [7] presented an equivalent circuit for a loudspeaker,
which Thiele [ 1] uses as the basis for the application of modern
network synthesis techmiques to direct-radiator loudspeakers,
FiGure | gives a general low-frequency acoustical equivalent
circuit of a direct-radiator loudspeaker. In the figure, each
clectrical circuit clement  represents a specific acoustical
property ot the loudspeaker and its enclosure.

Wo o d Hoge is a research wnd developniemt engineer
Jor Harrison Svstems, Nasinille, TN,

] Ru+
Ras Mas
—+
| .
Ry Cap
|
|
|
P | Rap
I
L 4
t
SOURCE | DRIVER [ ENCLOSURE
Figure 1. The acoustical equivalent circuit of a direct-
radiator loudspeaker.
In FIGURE 1, the circuit elements are defined as follows:
P, equivalent pressure source of the clectrical energy
source,
R, acoustic equivalent source output resistance,

Rar acoustic equivalent of the voice coil resistance.

Ras  acoustic resistance of the driver suspension losses,

M acoustic mass of the driver diaphragm including air
load.,

Ca acoustic compliance of the driver suspension,

Can acoustic compliance of the air in the enclosure,

Ran  acoustic resistance caused by the enclosure’s
absorption losses.

Ra acoustic resistance caused by enclosure leaks,

Map  acoustic mass of the passive radiator port,

Cap  acoustic compliance of the passive radiator suspen-
sion, and

Rap  acoustic resistance of the port or passive radiator
losses.

www americanradiohietorv com
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Figure 2. Section view of a loudspeaker motor.

Thiele noted that the circuit resembles a fourth-order.
high-pass filter. and he derived relationships among the
circuit elements for several ditferent response shapes. His
Table 1 allows us to design a system by specifving the ratios
between: the system’s half-power (—3 dB) frequency and the
driver’s resonance Irequency (fi, fs), the half-power frequency
and the enclosure’s resonance frequency (f:,fu). and the
acoustic compliance of the driver suspension and the com-
pliance of the air in the enclosure (fis,fan). An additional
item. the total quality factor of the driver ((}s) must also
be specified.

The compliance, Cap. is a function of the volume of the
enclosure and the effective area of the driver diaphragm.
Theretore,

Cas/Cap = s, 1w (8]
where }ag the volume of air which has the same com-
pliance as the driver suspension, and
(" the volume of the enclosure.
The other low-frequency small-signal performance specifica-
tion is efficiency. The hall-space efficiency of a driver is given

: n
o — 47}.’ . jSA VA‘\ (2)
C Qp\
where . the driver's half-space etficiency,
C the speed of sound, in meters-per-second. and
Fis the quality factor of the driver. considering

clectrical losses only.

To determine the total quality factor of the driver, we must
consider mechanical losses as well. Thus,

L Qi sQnis 3)
Qrs Ors + Qus
where Qs the total quality factor of the driver, and
Qs the quality factor of the driver. considering

mechanical losses only.

At high frequencies. the voice coil inductance begins to
effect system performance. However, voice coil inductance
15 not constant with frequency. Consider the loudspeaker
motor of FIGURE 2. The voice coil rides around the center core.
Part of the core is saturated with flux from the magnetic field.
but part of it is not. As the voice coil moves in and out. a
greater or lesser number of turns in the coil surround the
unsaturated section, and the inductance of the coil varies. In

Fy VTV

R
100082
I Tvp.)

Owcillator

|

S

Figure 3. A simple test for driver resonance.

some drivers. variations of +100 —50 percent are not un-
common. The voice coil's inductance and resistance cause
the high frequency response to roll off (they amount to a
single-pole filter). The corner frequency varies with the large-
signal inductance variation and this causes amplitude modula-
tion of the higher frequencies. The effective small-signal
inductance, Z;. gives an indication of the trequency region
where this problem may occur. It may also be used to estimate
interaction of the driver and the crossover. The voice coil
resistance, Rg, is also necessary before beginning to design
the crossover.

So far, we have found that the following small-signal driver
parameters are required in order to design a loudspeaker:

Ssa driver resonance {requency in free air,
b'as  compliance equivalent volume,
Ovs  driver quality factor considering electrical losses

only (2).

Qus  driver quality factor considering mechanical losses
only,

(hs  total driver Guality factor (3).

L. effective voice coil inductance, and

R voice coil resistance.

How can we measure them?

The measurement of L1 and Ry is a trivial matter. A bridge
capable of good resolution and accuracy can be used to read
these data directly from the driver’s input terminals. Likewise,
the determination of /s is not difficult. An oscillator. voltmeter.
and resistor can be used. as in FIGURE 3. T'he voltmeter reading
will peak at the resonance frequency.

Vs may be derived from the mechanical compliance of the
suspension, C(vs. We may attempt to measure this directly by
placing the driver on its back (with the cone facing upward and
the cone axis vertical) and putting a known mass on the cone.
Although the measured displacement of the cone might be used
1o compute the compliance, this technique ignores the etfect
of the mass of the moving system. This mass causes a downward
force on the suspension which biases it off center. since the
suspension of a loudspeaker is not necessarily linear. This is
particularly true in high-compliance drivers. which generally
have high-mass cones. In these cases., the cone mass results ina
biasing force which can drive the suspension far ¢nough off-
center to destroy the value of the measuremient. There must
be a better way.

www americanradiohistorv com
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Consider the low-frequency clectrical equivalent circuits
of a driver in free air. and of a closed-box loudspeaker with

a lossless enclosure. as shown in FIGURE 4.
r AN e
Y]
R ‘[—
LIRS Ris lars 3“., B
|
]

Figure 4. Electrical equivalent of a driver in free air (A).
The addition of Lces makes the circuit the equivalent of a
closed-box speaker in a lossiess enclosure (B).

The circuit elements in FIGURE 4 are defined as follows:

k. open circuit output potential of the source,
Ry source output resistance,
R voice coil resistance,

Cwis clectrical capacitance caused by the driver mass

including air loads,

Riw  electrical resistance caused by the driver suspension

losses,

fa1s  electrical inductance caused by the driver suspension

compliance. and

Loew  electrical inductance caused by the compliance of the

air in the enclosure.

We can determine the value of Lops and thus of 1, by
measuring the resonance frequency of the driver in free air and
then on a lossless test box and periorming some calculations.
At first glance 1t may seem that the lower effective inductance
ts the only difference between the two circuits. However, this
is not true. Cues Iy the capacitance resulting from the moving
mass including air loads. As Beranck [8] points out, onc effect
of the test box is to increase the air load above that in free air.
We must account for this variation. Lct us define

(wisy electrical capacitance in free air. and

Cwise  clectrical capacitance mounted on an enclosure.
Now the two resonance frequencies are given by

fan = ——

oA 2m(Cvst Laes)' b
and
1
o = TN (5)
. Law Lers
2 | Caenef—————
TN o # Lo

where fua 18 the resonance frequency of the driver in free air
and /., 1s the resonance trequency of the driver mounted on
the test box. Equations (4) and (5) may be rewritten in the
torms

S L -
5 20 [Cas (Man + 2400 (6
and
_ I (N
e s N
Al Cas
2m _(-'w +(‘,T (M + Mo+ M)

where Map is the acoustic mass of the diaphragm and voice
coil. M., is the acoustic mass of the air load on the front of the
diaphragm. and M is the acoustic mass of the air load on
the back of the diaphragm when mounted on the enclosure.
From Beranck.

0.23
.tl.\] = (8)
d
and
Man = Bnpo 9)
ma

where ¢ is the effective radius of the diaphragm, po is the
density of air, and By is "Beranck’s B (a fudge factor dependent
on the ratio of the effective area of the diaphragm to the area
of the side of the enclosure on which it is mounted).

We may now calculate C'sx by rewriting equation (6) or (7).
We may then find 1., by

Pas = poc Cas (10

The quality factors Qis. Qrs and Qus may be determined
from terminal impedance data taken on the driver in (ree air.
Consider FIGURE 5. a plot of the magnitude of the voice coil
impedance as a function of frequency. The resonance fre-
quency, fia, is located where the impedance is maximum. The
ratio of the magnitude of the voice coil impedance | Ayl at /&
to the DC resistance Ry is defined as

: Z\'(‘I max
ro= ——/ — (n
R

I'he two frequencies fi and /: are found where

| 2'«| = Ren/ro. Then, from circuit theory we know that

_ l.\.-\\/ Foy
Qun= B 0
Iy = %\I\E‘ (13
and
fsa
S el (14
4 : —f) Vro

We now know the sort of raw data which we need and how
it should be processed to yield the proper parameters. Let us
cxamine several methods of taking the data and calculating the
results.

TEST METHODS
The first method we will examine is suitable for use with
limited equipment or for quick checks of the appropriate driver
parameters. After measuring Ry and /&, thedriveris connected
10 a test set such as shown in FiGure 3. With the oscillator
output adjusted for a maximum output current on the order of
10 mA, the resonance frequency of the driver (foa) is measured.
(Note: The dial calibration of most oscillators is not sufficiently
good at low frequencies. A counter may be usetul.) Compute
1[\'(l max by
- I'..\( !ﬁ ( 15)
b — v

where Evc is the voice coil potential, K is the source output
potential, and K, is the series resistance between the source
and the driver. ry is given by equation (11). Next find the two
frequencies. f; and f>. wherelZi¢l = RI:\/r_o. Equations (12),
(13), and (14) give the values of Qms, Qks. and Qs

The driver is now mounted on a test box. Remember the test
box 1s supposed to be lossless. The only aperture in the test box
should be the one to which the driver is mounted. and the driver
should be tightly gasketed. Any leaks may cause trouble with
the measurement. This includes leaks in the driver caused by
vented or porous dust caps. Also, the box must not contain any
damping material which would causc absorption losses. Mea-
sure the new resonance frequency fo and | Z¢| max. Now.

12vC) man =
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find the two frequencies /i (< fiv) and f2  fo1) where | Zydl =
Rev/re. {re =1 Zi| mes), Re. Small [2] defines the electrical
quality factor for for as
Loy = —FCT\/h' (16)
' =S e - 1)
By doing some algebra on severai of the previous equations we
may show that

o= by JorQrer I (17
SsOhs
Worked example I: Given the following instrument readings,
find Qwms. Qrs. Ors. Vas and no.

Frequency  Counter (Hz)  Voltmeter (V) Measured in
Jsa 35 0.29 [ £ | max free air
h 21 0.13 free air
12 59 0.13 free air
I 79 0.28 | £1¢| max lossless test box
! 62 0.13 lossless test box

I 100 0.13 lossless test box
Ry 15 5.6(1 Rg is 1000€), and £, is 10V in all cases, and }p 1s
0.040 m,
From equation (15).
(0.29) (1000)

(10 — 0.29)
From equation (11),

ro = 30 5.6 = 5.4, and therefore.

[ Zvel = ResJro= 30/ 5.4 = 130.

Thus. | £v¢l at f) and /> should be 0. 13V, which checks with
the data. From equations {12), (13) and (14),

| Zvdlmax = = 301).

_ (35) (5.4~ _
Qs (59 — 21 21
B 2.1 _
O = —(544 m_ 0.48
35
Q= Gotap syl 040

Again, using equations (15) and (11),
(0.28) (1000)

I " l = —

Zhv¢lmax (10— 0.28) 29()
e =29 5.6 =52u

L2 = Reny re =5.6,5.2 = 13().

The fact that | Zic! max is somewhat lower than | Zvc/ max
indicates a box loss; however, this magnitude of difference is
typical of this measurement method. Remember, the answers
are approximations.

Using equation (16), we find that
(19 (5.2"

(100—62) (5.2 1)

From equation (17) we find that

_ 9y ] .
Qas = 0.040[ (35) (0.48) l] 0.17m".

Finally, equation {2) may be used to find
_ 4’ (39 (0.17)
no = T
(345) (0.48)

Thiele suggests an improved method for making these
measurements if it becomes impossible to seal the loudspeaker
10 the test box. A vent is added 1o the box. Now the magnitude
of the terminal impedance plot as a function of frequency looks
like FIGURE 7. Using the test set of FIGURE 3 we find: the lower
impedance peak frequency (/1 ). the upper impedance peak fre-
quency {/i). and the resonance frequency of the enclosure (/).

Qe = = 1.1.

Ri + Ry

1Zve |

ro

Ryt

fsa 2
Logf

Figure 5. Driver voice coil impedance magnitude. as a
function of frequency (lossless closed box).

yavgl

Ri

fL

1y T
Logf

Figure 6. Magnitude of voice coil terminal impedance as a
function of frequency (vented box).

Figure 7. An improved test setup.
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Special care is needed in reading fp because the curve has aflat
bottom. An oscilloscope may be added, as shown in FIGURE 7.
Lissajous figures will make fi,, fu, and fi easier to detect as the
phasc angle goes through zero degrees at each of these points.

From these readings we may find the value of the resonance
frequency of the driver. fss, with the added air mass caused by
being mounted on the test box.

- I
_IS" ‘li’ - ( l 8)
We may find bas by
S (1 W/ i)} -

St

Worked Example 2: The driver tested in example 1 is now
rechecked using a vented test box. Given the following instru-
ment readings, find Qms, Qies. Gis, Fas, and no.

Frequency Counter (Hr) Voltmeter (V) Measured in
fsa 35 0.29 free air
h 21 0.13 free air
S 59 0.13 free air
A 13 = vented test box
I 33 vented test box
I 81 —_ vented test box

Ry 1 5.6(), R,1s 1000(}, and £, is 10V inall cases. }is0.040m .
From the methods used in example I, we find

Ovs = 2.1
QI- § = 048
s = 0.40.

Using equation {19),

0.040[(81)° — (33" [(33y —(13)]
81y (13)°

bas =

bas = 0.18 m’.
The reference efticiency is found with equation (2). However,
we will use fsp rather than fsa. This is because the air load when
operating on the test box more closely represents actual condi-
tions in normal use than does the load in free air. Thus, from
equation (18),

. CHIIE I
fun —33 32 Hz
o 4m’ (32)' (0.18)

(345)° 0.48

no = 0.012 (or 1.2 percent).

In both examples the calculation of Qus, Ors, and (s de-
pends on a single set of data. Ashley and Swan (9] suggest a
method which uses both magnitude and phasc angle data on
the terminal impedance at /i (<7 fsa)and f3 > fsa) to compute the
values of the mechanical resistance of the suspension Rys and
the clectromagnetic coupling coefficient, B/. The values com-
puted for the two sets of data are averaged and the mean values
used to compute the quality factors. Ashley and Swan use a
test set not unlike FIGURE 7; the oscilloscope is used to make
the phase angle measurements. The author prefers 10 use a
vector voltmeter or a gain/ phase meter. Minor errors inreading
the Lissajous figure on the oscilloscope can cause 5 percent {or
miore) error in the final computations. Rys and 8/ are found by

R = [l - (fxﬁ,\):] (ZxCOSBx - R[-_)
MS

CusZxsinfx 20
2mfx CusZxsinfx (20)

= [(xffsa)’ — 1] [YxRecosOx — 1) . "
o= 2 fxCus Yxsinfx Rus Re 1)

where fx is the test frequency, Yx is the magnitude of the voice
coil terminal admittance at fx, Zx is the magnitude of the voice
coil terminal impedance at fx, and 8x is the phase angle of the
voice coil terminal impedance at fx.

. Vas
Cus = PVl (22
We may compute the quality factors
|
Qvs = 2mfsCus Rus @)
and
Os = 27rf5M.\115E5 (24)
(Bl)y

(1s may be found using equation (3).

Ashley and Swan also use a magnitude and phase angle
reading of the terminal impedance at a frequency above the
second resonance in free air to determine the effective voice
coil inductance L. At high frequencies where the motional
impedance is trivial, we can model the terminal impedance as a

series connection of Ly and Re.

ZxSinex
le= @ —(/—
27Tx

LARGE SIGNAL PARAMETERS

So far, we have ignored large-signal parameters which relate
to power handling and distortion. This is because little work
has been done to measure parameters such as the maximum
diaphragm displacement, Xna... Ashley proposes measuring
the maximum potential which can be applied at fsa and still
maintain linear operation, and, from this, calculating Xp..
He determines the limit by observing non-linearities in the
Lissajous figure on the oscilloscope. This method, in the
author’s opinion, depends too much on the operator's judg-
ment. However, the author has been using it for approximate
results. This is an area where more work is nceded.

SOURCES OF ERROR

In several years of manual data taking, the largest single
source of error in these tests was boredom-induced operator
error. The errors included reading the instruments improperly
and poorly sealing the driver 1o the test box. Other errors re-
sulted from neglecting the effects of such things as atmospheric
pressure. This was discovered when data taken in Colorado
(altitude 1800 m) and Tennessee (altitude 180 m) on the same
driver were radically different. Attention to detail is required.

CONCLUSION

Driver parameter information is important to a systems
designer. Using the simple, though tedious, methods outlined
above, one can find the parameters of the drivers he must work
with. This is an important step in designing a new system or
analyzing an existing one. L
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» Application Notes

A
¢

Computing Loudspeaker Parameters

HE BASIC COMPUTER program printed here will
quickly calculate the values found in the author’s
worked examples | and 2.

Lines 30 through 200 allow the operator to
input the various known values. The TAB instructions
merely organize the inputted values to more-or-less con-
form to the layout within the article. From line 210 on,
each three-line sequence of instructions calculates a
value, prints its identifying symbol (or a reasonable fac-
simile) and then prints the value just calculated.

In Hoge's worked example 2, £'v¢ 18 not used. There-
fore, at line 150, the operator would input a zero, Now, at
line 390. the program branches to line 590, skipping the

13 HOME
28 DIm F(22)

unnecessary calculations in between. Fiys (=VA) is now
calculated in line 590 (Hoge's equation 19) instead of
in line 520 (equation 17). Next, Fsp is calculated and
printed, and the program returns to line 530 to print ¥y
and finally, calculate the driver's half-space efficiency in
line 550. where the value of 9.6139E-7 merely represents
47" ¢, as required in equation 2.

Wherever possible. the program variables closely
match the author’s style. Thus. in line 190, the original
E; is printed out as E{G). However. to keep the use of
parentheses within reason (just look at 490 or 590!), E(G)
becomes EG in the actual calculating instructions.

38 INPUT
4@ INPUT
s¢ InPoT
8d PRINT
78 InNPUT
88 INP.T
9f  INP.T
1868 VTAB
118 HTaAB

TE(SA)

nECl

mE

"
LER)

e

1
28

.y = m
Al;

! TiFQIL)

128 INPUT ME(VC) = ";E1

138 vtaB
148 HTAB

5
28

15 INPUT "ME'"(vCI= ";E2

168 VTAB
178 INPUT
183 Iy
19 I
28 IN
218 Ix =
228 PRINT

12

"2lv

[INTEN AT
A
[

€y ="

238 PRINT TAB(15)2X

242 RO =
25§ PRINT
268 PRINT

278 X2 = R

280 PRINT
2990 PRINT
g Qv =

318 PRINT
328 PRINT

IX/RE
"RO
Ta8(

2(F
TAB(
£300]
"
KM

TAB(

15)R0
R{ROJ
15)X2Z
R(

sy = ";

153QM

33 QE = QM/(RO - 1)
349 PRINT "QCES) = ";
354 PRINT TAB(15)QE

36 QT = F§/((F(2) - F{1)XSQR{RO)}

379 PRINT "Q(TS) = ';
388 PRINT TAB(152Q

390 1F E2 = P T-EN 597
ugp 2y = E2%RG/(EG - E2)

418 PRINT "Z'(vC B
42¢  PRINT TaB(15)2Y

L3g RC =
448 PRINT

ZY/RE
"RC

M,

4sd  PRINT TABCISIRC
463 YZ = RE¥SQR(RC)
w7d PRINT "Z'(F) = ";

488  PRINT

53 PRINT
S4F PRINT

TAB
Q(E
A

V(A
vAa8(

s> W
15)va
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Taken for granted.

In most studios, the Studer B67 gets considerable use.
But not much attention. It merely does everything it's
supposed to do, with a minimum of fuss and bother.

True, most engineers appreciate the smooth per-
formance and thoughtful features. The quartz PLL cap-
stan drive and servo-controlled spooling motors. The
three speed (15/7.5/3.75 or 30/15/7.5 ips) operation.
Headblocks that plug in with no need for realignment.
Fader start, dump edit, and a real time counter with
plus or minus readout. Improvements on the new B67
MKII include locking tension sensor arms and better
head access for easier editing, plus record drop-out by
punching the “PLAY” button.

In the end, though, engineers mainly applaud the
way a B67 does what they expect it to do... without
doing the unexpected. Year after year.

In this uncertain business, it's good to have some-
thing you can simply take for granted. Studer quality.
Contact us directly for details on the affordably priced
B67 MKII.

STUDER @<

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
Canada: Studer Revox Canada, Ltd.

Circle 30 on Reader Service Card
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Introducing a presen

Once you go
through a record-
ing session with the
new ATR-124 24-
channel recorder
¢ by Ampex, you'll
: want to go through
another. Because with
each new session you'll dis-
cover something new you can
" do. Things that you can only do
with a recorder that’s full of features of the future.

ATR-124 gives you the unheard of:
Time on your hands.
Which means you can use that time to give clients
more of what they’re paying for—your creative skills.
With the ATR-124 microprocessor-based control
system, you can pre-program what you want to do
ahead of time so you won’t waste studio time setting
things up. When their time starts, you're ready to
record by touching a single recall button.

ATR-124 also lets you duplicate a technique
you may have used earlier in the session without

having to rethink what you did. Just touch the
memory button and it’ll all come back to you.
ATR-124 lets you rehearse what you’ve got in mind,
without recording it, to make sure
what you’ve got in mind is right.
Tape can be manipulated faster
which means you'll get the

sound you want sooner. And

the chance to try something “a
little different.” All because of

the speed and accuracy that
ATR-124 puts at your fingertips.

ATR-124 doesn’t take away
vour creativity, it adds to it.
The less time spent setting up,
correcting, and redoing, the
more time spent creating. And
when you add features that
help you create to the ones that o
help you save time, you’ve got one very potent
piece of audio machinery. Take the control panel
for instance. It’s like nothing you’ve ever seen.
Pushpads linked to a microprocessor give you a
new level of creative flexibility. Program a setup,
then change it. Then change it back, all with a
single fingertip.

A repeatable, variable speed oscillator for pitch
correction and special effects is built in. In addition
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romthefuture: ATR-124.

to the standard output, there is an optional auxil- Memory, and Record Mode diagnostics. The
iary output with each channel that enhances point is this: If you like the ATR-100, you’re going
flexibility. So don’t think that ATR-124 is going to to love working with the ATR-124.
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L ATR-124's Control Panel. Speed and accuracy at vour fingertips. R Ric i
ATR-124 options.

replace anything that you do. On the contrary, it’s As impressive as the ATR-124 itself.
going to improve the skills you have, if not help With the addition of a built-in Multi-Point Search-To-
you develop some new ones. Cue (MPSTC), you can rehearse edits and control

five tape-time actuated events and be compatible
with SMPTE time code. Separately controlled aux-
iiary output amplifiers with each channel provide
simultaneous
monitoring of nor-

ATR-124 picks up where ATR-100 leaves off.
It’s only natural that the people who brought you
the ATR-100 should be the ones to bring you some-
thing better. ATR-124 offers you 24 channels
instead of 4. You also get many new and exclusive
features. The kind that have set Ampex apart from mal and sync play-
the crowd for the last 30 years. Features like bal- back as well as all
anced, transformerless inputs and outputs; a other monitoring
patented flux gate record head, 16" reel capability; modes. A roll-
input and output signal bus for setup alignment; around remote
membrane switch setup panel; fingertip-operated control unit can

P

shuttle speed control; and microprocessor-based also be added to
synthesized Varispeed -50% to +200% in .1% steps the_ ATR‘124_
or in Y, tone steps. ATR-124 also features micro- which contains all
processor-based control of Channel Grouping, control features
. multiple 24-channel Setup normally found on e Ml Point Search. To Cuz (MPSTC)

Memory, Program- the main unit. Provides 100 cue locations.

mable Monitoring, ~ ATR-124. Your next
Stay Alive step is to experience it firsthand.
As you scan the points we've covered, remember
that you’re scanning just a small portion of ATR-124’s
P story. We haven’t even begun to discuss the
: ¥ accessibility of key components for easy servic-
v ing and minimal downtime, or the features
we’ve built in to give you greatly improved tape

handling. To find out more, write to us at the

address shown below. We'll send you a brochure

. > i - F ' .
T .'/\ - ‘. on ATR-124, our latest audio effort.
e " - / ATR-124. Pure 24-Channel Gold From Ampex.
\\ 5 “
ATR-124' ' :

ruqged, precision-
machined casting provides

. AMPEX
stability. T o LiSI'en ‘I'therfUre

Audio Video Systems Division
401 Broadway, Redwood City, California 94063 415/367-2011

Circle 31 on Reader Service Card . o
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BOB KATZ

Achieving Depth
Perception
in Recording

Achieving accurate depth perception takes a working
knowledge of acoustic principles and the principles of diffusion—

plus a good ear.

HE RECORDING ENGINEER should be both an artist and

a scientist about his work. When he makes a new

recording which he perceives as “better” (more pleasur-

able} than a previous recording, he should ask himself
why? Perhaps the reason for the “better” recording was a
changed microphone distance from the sound source. The
engineer should then try to consider whether the proximity
effect. the Fletcher-Munson effect, or some other documented
acoustic principle entered into his “better” recording. Then,
of course. he will take a tape measure and carefully measure the
distance of the mikes from the source in order to duplicate the
sound next time. Of course not! (1 had to say that for fear that
many of you would take the previous statement seriously.) A
more realistic approach is to quantify his findings as best he
can and then internalize them so he can continue with the black
art known as Recording Engineering.

This article will show how several well-known acoustic prin-
ciples. including the Haas effect. and the principles of diffusion.
can aid us in the task of achieving accurate depth perception
in our artistic recordings. Remember. however. that the ear is
the ultimate judge of all recording quality; no matter how
much we try to quantify. there will remain some mystery over
why one recording gives us pleasure. and another does not.

Bob Kaiz is a freelance recording engineer working
out of NY(.

Part One: The Perception of Depth

At first thought, it may seem that depth perception is simply
a matter of the ratio of direct to reverberant sound in a record-
ing. On the contrary. it is a much more involved acoustic
process. Our binaural hearing apparatus is largely responsible
for the perception of depth. But recording engineers were
concerned with achieving depth even in the days of monoephonic
sound. In the monophonic days. in general, halls for orchestral
recording were much deader than those of today. The dead
acoustic characteristics of Studio 8H at NBC are clearly
audible on the early Toscanini; NBC Symphony recordings.
That same studio is used today in television. and its short
reverberation time can be heard on TV's Saturday Night Live.
at least until the boom microphone moves out to considerable
distance from the performers, when the apparent reverberation
increases. Hey, come to think of it. TV is monophonic sound.
isn't 1t? (At least today. in the U.S.)

Why is it that monophonic recording and dead rooms seem
to go well together? The answer is involved in two principles
that work hand in hand: 1) The masking principle and 2) The
Haas effect.

THE MASKING PRINCIPLE

The masking principle says that a louder sound will tend
to cover (mask) a softer sound. especially if the two socunds
lie in the same frequency range. If these two sounds happen to
be the direct sound from a musical instrument and the rever-
beration from that instrument. then the initial reverberation
can appear to be covered by the direct sound. When the direct
sound ceases. the reverberant hangover is finally perceived.
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In real rooms (as opposed to rooms reproduced over
speakers). our two ears sense the reverberation as coming
diffusely from all around us. and the direct sound as having a
distinct single location. Thus, in real rooms, the masking
effect is somewhat reduced by the ears”ability to sense direction.

In monophonic reproduction, the reverberation is re-
produced from the same source speaker as the direct sound,
and 5o we may perceive the room as deader than it really is.
because of the masking effect. Furthermore. if we choose a
recording hall that is very live, then the reverberation will
tend to intrude on our perception of the direct sound. since
both will be reproduced from the same location—the single
speaker.

This is the ultimate explanation for the incompatibility of
many stereophonic recordings with monophonic reproduction.
The larger amount of reverberation tolerable in stereo becomes
less acceptable in mono due to the masking eftect.

THE HAAS EFFECT...

The Haas effect says that. in general. echos occurring within
approximately 40 milliseconds of the direct sound become
fused with the direct sound. We say that the echo becomes
“one™ with the direct sound. and only a loudness enhancement
occurs.

A corollary to the Haas effect says that fusion (and loudness
enhancement) will occur even il the closely-timed echo comes
from a different direction than the original source. However,
the brain will continue to recognize (binaurally) the location
of the original sound as the proper direction of the source. The
Haas eftect allows nearby echos (up to approximately 40 ms.
delay) to enhance an original sound withowt confusing its
directionality.

...AND ITS RELATIONSHIP TO REAL ROOMS

We may say that these shorter echos which occur in a natural
environment (from nearby walls and floor) are correlated with
the original sound, as they have a direct relationship. The
longer reverberation is wncorrelated: it is what we call the
ambience of a room. Most deader recording studios have little
or no ambient ficld, and the very deadest studios have only a few
perceptible early reflections to support and enhance the original
sound.

In a good stereo recording. the early correlated room
retlections are captured with their correct placement; they
support the original sound. help us locate the sound source as to
distance and do not interfere with left-right orientation. The
later uncorrelated reflections. which we call reverberation,
naturally contribute 1o the perception of distance. but because
they are uncorrelated with the original source the reverberation
does not help us locate the original source in space. This fact
explains why the multitrack mixing engineer discovers that
adding artificial reverberation 1o a dry. single-miked instru-
ment may deteriorate the sense of location of that instrument.
If the recording engineer uses stereophonic miking technigues
and a liver room instead. capturing carly reflections on two
tracks of the multitrack, the remix engineer will have an easier
time adding artificial reverberation convincingly.

A BRIEF SUMMARY

In short: Depth is perceived binaurally. Monophonic
reproduction provides a very limited sense of depth perception
due to the masking effect. Early reflections (up to 40 ms. delay)
carry most of the distance and location information in a sterco-
phonic recording. Later. diffused reflections are the reverbera-
tion: they give information about the size of the room and some
information about the distance of the source, yet do not help us
discern its direction.

AIR ABSORPTION

Before we leave this topic there is one last contributor
to the sense of distance in a natural acoustic environment,
and that is the absorption qualities of air. As the distance to a
sound source increases, the apparent high frequency response

is reduced. This is another tool which the recording engineer
uses to change distance. An interesting experiment is to alter
a treble control while playing back a good orchestral recording.
Notice how the apparent front-to-back depth of the orchestra
changes considerably as you manipulate the high frequencies.

Part Two: Recording Techniques to
Achieve Front-To-Back Depth

MINIMALIST TECHNIQUES

[n the December 1979 db. Bruce Bartlett’s “Stereo Micro-
phone Technique™ is a compendium of minimalist microphone
techniques. All of the methods described (from coincident
pair to widely-spaced pair or trio) are applichble to this dis-
cussion of front-to-back depth. Later. [ will make a few observa-
tions on how the choice of a particular minimalist technique
affects the perception of depth.

Referring to FIGURE . a musical group is shown in a hall
cross section. Various microphone positions are indicated
by letters A-F.

Microphones A are located very close 10 the front of the
orchestra. As a result. the ratio of 4% distance from the back
compared to the front is very large. (The back is about ten times
the distance of the front in this picture.) Consequently. the
front of the orchestra will be much louder in comparison to
the rear. The rear instruments. at least because of extreme
level differences. will seem farther back. ardd front-to-back
depth will be exaggerated. There is much to be said. however,
in favor of mike position A, since the conductor usually stands
there. and he purposely places the softer instruments (strings)
in the front, and the louder (brass and percussion) in the back.
somewhat compensating for the level discrepancy due to
location. Also. the radiation characteristics of the horns of
trumpets and trombones help them to overcome distance.
These instruments frequently sound closer than other instru-
ments located at the same physical distance from the microphone.

The other contribution to front-to-back depth is the larger
ratio of reflected to direct sound for the back instruments.
Relative reverberation contributes to the sense of front-to-
back depth at mike position A or any other position.

The farther back we move into the hall. the smaller the ratio
of back-to-front distance becomes and the softer the front of
the orchestra sounds compared to the level of the back. At
position B, the brass and percussion are only two times the
distance from the mikes that the strings are. This (according to
theory} makes the back of the orchestra 6 dB down compared
to the front. Acoustics of the hall greatly change any decibel
number quoted. since the more reverberant the hall. the less
severe the level changes as we move farther back.

For example. in position . the microphones are positioned
bevond the critical distance! in the hall. As soon as we pass the
critical distance. further changes in level nrf front orchestra
compared to back become nmich less apparent to us. If the
front of the orchestra seems too loud to us at position B,
moving to C will not solve the problem. At position C we will
probably hear about the same front-to-back relationship as at
position 8. except the entire orchestra will seem more distant
and move overall room reverberation will be heard.

THE DIMENSION OF HEIGHT

The dimension of height allows us to change the front-to-
back perspective practically independently of the reverberation
perceived. At position [J, there will be no front-to-back depth
perceived. since the mikes are directly over the center of the
orchestra. equidistant from front or back. Position £ is the
same distance from the orchestra as position 4. but being much
higher. the relative back-to-front ratio is much less. At £ we
may find the ideal depth perspective and a good level balance
between the front and rear instruments. If even less front-to-
back depth is desired. then F may be the solution. although
with more overall reverberation and at a greater distance. Or we
can try a position higher than £, with less reverb.
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A hall cross section showing various microphone
positions.

DIRECTIVITY OF MUSICAL INSTRUMENTS

Frequently the higher up we move in the hall. the more high
frequencies we perceive. especially from the strings. This is
because the high frequencies of many instruments (particularly
violins and violas) radiate upward rather than forward. The
high frequency factor adds more complexity to the problem,
since it has been noted that treble response affects the apparent
distance of a source. Note that when the mike moves past the
critical distance in the hall. a listener may not hear significant
changes in high frequency response when height is changed.

The recording engineer should be aware ol how a// the above
factors affect the depth picture so he can make an intelligent
decision as to which mike position to try next. Or clse he will
find himself in the position of the 100 monkeys seated at 100
typewriters. Sooner or later they will manage to type all the
works of Shakespeare....Similarly. sooner or later. left
entirely up to chance. any recording engineer will find that
ideal mike position. Hopefully. you will know it when vou've
found it.

ADDING AMBIENCE...AND OTHER UGLY THINGS
(or}) THROWING THE MINIMALIST OUT THE WINDOW

I'he engineer producer often desires a sense of warmth,
ambience. or even distance which is not being achieved by the
mike position. although the position is ideal for relative front-
to-back orchestral balance and depth. In this case. moving the
mikes back into the reverberant field cannot be the solution.
Another case for increased ambience is w hen the hall itself is not
the best hall for recording. In either case. trucking the entire
ensemble to another hall may be tempting. but is nat always
the most practical solution.

Here. the engineer may decide 1o put up additional mikes to
capture the hall ambience. If he has read his Burroughs and
countless others on the evils of acoustic phase cancellation,
he knows that adding more mikes is a sin. (This is of course
why churches make the most ideal recording venues.... The
confessional is near enough to save the recording engineer a
long trip which would otherwise pull him away from his main
Job of sinning.)

The fact is that acoustic phase cancellation does nor occur
when the exira mikes are placed purely in the reverberant ficld.
tor the reverberant ficld is uncorrelated with the direct sound.
The problem. of course. is knowing where the reverberant tield
is located. Proper application of Burroughs™ 3-to-1 rule will
minimize acoustic phase cancellation. So will careful listening.
The ambience mikes should be far enough back in the hall.
wied the hall must be reverberant enough so that when these
mikes arc mixed into the program. no deterioration in fre-
guency response is heard. just an added warmth and increased
reverberation character. If the ambience mikes are all the way
back in the hall and a deterioration of frequency response is
heard. then the hall is too dead-—because the so-called rever-
beration actually contains correlated reflections which cause
acoustic phase cancellation. also known as a comb filter effect.
The engineer should instead cancel using the ambience mikes,
and cither try moving his main mikes further back, changing

their directional pattern. or even a ditferent hall than the one
he shouldn’t have chosen in the first place.

Assuming the added ambience consists of reverberation,
which is uncorrelated with the direct source, then theoretically
an artificial reverberation chamber should accomplish similar
results 10 those obtained with ambience microphones. The
answer is a qualified yes, assuming the artificial reverberation
chamber sounds good and. consonant with the sound of the
original recording hall.

What happens to the depth and distance picture of the
orchestra as the ambience is added? In general. the front-to-
back depth of the orchestra remains the same or increases
minimally, but the apparent overall distance increases as more
reverberation is mixed in. The change in depth may not be
linear for the whole orchestra since the instruments with more
dominant high frequencies may seem to remain closer even with
added reverberation.

Part Three:
The Influence of Hall Characteristics on
Recorded Front-To-Back Depth

LIVE HALLS

In general. the more reverberant the hall. the farther back the
rear of the orchestra will seem. given a fixed microphone
distance. 1 am intimately familiar with one problem hall whose
reverberation is much greater in the upper bass frequency
region. particularly around 150 1o 300 Hz.

A string quartet usually places the cello in the back. Since
that instrument is very rich in the upper bass region. in this
hall the cello always sounds farther away from the mikes than
the second violin. which is located at his right. Strangely
enough. a concert-goer in this hall does not notice the extra
sonic distance because his strong visual sense locates the cello
easily and does not allow him to notice an incongruity. When
he closes his eves. however. the astute listener notices that. ves,
the cello sounds farther back than it looks!

It is therefore rather difficult to get a proper depth picture
with microphones in this problem hall. Depth seems to increase
almost logarithmically when low frequency instruments are
placed only a few feet away from the mikes. It is especially
difficult to record a piano yuintet there because the low end
of the piano excites the room so much as 1o make it seem too
distant and hard to locate spatially. The problem is aggravated
especially when the piano is on half-stick. cutting down the
high frequency definition of the instrument.

The miking solution | choose for this problem is a com-
promise: close mike the piano. and mix this with a panning
position that is the same as the piano’s virtual image arriving
from the main pair of front mikes. | can only add a small
portion of this close mike before the apparent level of the piano
i$ taken above the balance a listener would hear in the hall.
The close mike does help to solidify the image and locate the
piano somewhat. It gives the listener a litile more direct sound
on which to focus. Moere on multi-mike techniques shortly.

VERY DEAD ROOMS

What happens when minimalist techniques are applied to
recording ensembles in dead studios? Not much. My observa-
tions are that the purist coincident pair and other two-mike
technigues which generally sound superior to me are not so
obviously superior in a dead studio. A recent experiment was
made with a horn overdub (sax and brass section) on multi-
track tape. The experiment took place at the facilities of the
Institute of Audio Research. New York City. where | teach a
recording course. Students at 1.A.R. do have a bit more time
to experiment with “exotic™ miking choices than they would
in the speedy outside world. 1 suggesied that they try listening
to a coincident pair placed so as to pick up a natural image
of the horns. It seemed to us that in rthis dead room there were
no significant differences between the sound of this “minimalist™
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pair. and six “multiple-mono™~ close up mikes! The close mikes
were. of course, carefully equalized, leveled and panned from
left to right. This was certainly a surprising discovery to me
and it points out the importance of good hall acoustics on a
musical sound.

Normally, it would seem that close multiple miking kills all
sense of depth, and it generally does. But in the dead room,
the more-distantly-placed coincident pair did not pick up a
significant number of room reflections to provide a reasonable
or ¢ven pleasing depth feeling. When the horns were monitored
and mixed with the other tracks on the multitrack, the rhythm
section effectively masked whatever room ambience that
might have been perceived through the coincident pair. The
differences between the two miking techniques then sounded
insignificant to me. In fact, while this conclusion may sound
like heresy to some people out there, | even found that the
balance control flexibility provided by the multiple close mikes
madce them the superior choice in this room.

THE LEFT-TO-RIGHT PICTURE

Bartlett reports that the further apart the microphone pair.
the wider the sterco image of the ensemble. Instruments near
the sides tend to pull more left or right. Center instruments tend
to get wider and more diffuse in their image picture, harder to
locate or focus spatially.

The technical reasons for this effect are tied in to the Haas
ctfect for delays of under approximately 5 ms. vs_ significantly
longer delays. With very short delays between two spatially
located surfaces. the left-to-right image location becomes
ambiguous. TF'usion does not occur. A listener can experiment
with this cffect by mistuning the azimuth on a two-track
machine and playing a mono tape over a well-focused stereo
speaker system. When the azimuth is correct. the center image
should be tight and defined. When the azimuth is mistuned. the
center image should get wider and acoustically out of focus.
Similar problems can (and do) occur with the mike-to-mike
time delays always present in spaced-pair techniques.

THE FRONT-TO-BACK PICTURE

I have found that when the left-to-right picture is getting
wider (duc to an increase in intermike distance). the depth
picture also appears to increase. especially in the center. This
1s probably due to the extra wide and diffuse center image.
For example. the front line of a chorus will no longer seem
straight. Instead. it appears 1o be on an arc bowing away from
the listener in the middle. If soloists are placed at the left and
right sides of this chorus instead of in the middle, a rather
pleasant and workable artificial depth effect will occur. You
should not overrule spaced-pair techniques on the basis of
theory alone. I fact. two well-known practitioners of the
spaced mike technique (Bob Fine. who used three equally-
spaced omnidirectionals, and David Hancock. who uses two
figure-8 mikes spaced a few feet apart) have produced orches-
tral recordings which in my opinion cqual the best ever made
in terms of their imaging. depth and focusing accuracy.

MULTIPLE MIKING TECHNIQUES

1 have described how multiple close mikes destroy the depth
picture: in general | stand behind that statement. But soloists
do exist in orchestras. and for many reasons. they are not
always positioned 1n front of the group. The engineer should
make an cllort to relocate the soloist closer to the tront micro-
phones when looking for a natural depth picture. But when the
soloist cannot be moved, plays too soltly, or when hall acoustics
make him sound too tar back. then a close mike or mikes must
be used.

Check for frequency response problems when the close mike
is mixed in. As noted belore. the live hall is more forgiving and.
if little or no acoustic phase cancellation occurs. the close mike
:an be used. The close mike (not surprisingly) will appear to
bring the solo instrument closer to the listener. 1{ this practice
is not overdone. the effect is not a problem as long as musical
balance is maintained. and the close mike levels are not changed

during the performance. We've all heard recordings made with
this disconcerting practice. To me, they make the soloist sound
like he must be on roller skates because his distance changes
al the whim of the recording engineer 'producer!

WHAT ABOUT DELAY MIXING?

AL first thought, adding a delay to the close mike seems
attractive. While this delay will synchronize the direct sound
of that instrument with the direcr sound of that instrument
arriving at the front mikes, the single delay line cannot effec-
tively simulate the other delays of the multiple early room
reflections surrounding the soloist. The multiple early retlec-
tions arrive at the distant mikes and contribute to direction
and depth. They do nor arrive at the close mike with significant
amplitude compared to the direct sound entering the close
mike. Therefore, while delay mixing may help.itis nota panacca.

STEREO MIKING A SOLOIST

W hen the closesolo mikesarea properly placed sterco pair and
the hall is not too dead. the depth image will seem more natural
than one obtained with a single solo mike. However, the advan-
tages of stereo miking a soloist decrease in recordings made in
dead rooms. for reasons mentioned earlier. (Blame it all on the
Haas effect. He's very dead anyway.)

INFLUENCE OF THE CONTROL ROOMENVIRONMENT
ON THE DEPTH PICTURE

This is the last topic. Many engineers may ft this point say.
“what is this matier of depth? I've never noticed it in my control
room.”! But chances are, if you've continued to read thisfar. vou
have noticed a degree ol depth perception in your recordings
and want to know how to make them sound “better.” (That
word “better” has inspired more fights in the audio industry
than 1 care to admit. Unfortunately. this article will be no
exception.)

In my opinion, there are now more good speakers available
for home stereo use that are capable of producing an accurate
depth image than are found in today’s so-called “state-of-the-
art” recording studios! But that situation is rapidly changing.
In control rooms of the past. the acoustic design engineer’s
decisions for efficiency, high power handling, flat frequency
response. wide bandwidth across the console width. and other
speaker attributes. have been made at the expense of a tight
center image and accurate depth and focus. I believe that this
trend is changing considerably with the recent advent of the
LEDE™ control room and phase-coherent speaker systems.

Before you book your next studio gig. play a well-recorded
orchestral tape that you are familiar with (in the contrel room).
If you find the {lutes and clarinets sound like they are four feet
wide and nowhere in space. then | suggest you book another
studio. Happy listening, and happy depth perception! (]

FOOTNOTE

Critical Distance™ is a term used in Sound Reinforcement work:
I believe it was first popularized or coined by Don Davis. ltretersto the
pointin the hall where the direct and reverberant sound areatequal level.
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1. Bartlew. Bruce: “Stereo Microphone Technigue.” db. December 1979,

2. Burroughs. Lou: “Microphones: Design and Application.” Saga-
more ublishing. 1974.

3. Madsen. L. Roerbaek: “Extraction of Ambiance Information from
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as well as a description of a four=peaker ambiance extraction system
that must be heard to be believed. (I is excellent).

4. Davis, et al; various recent publications on the LEDE concept
and on TDS from db and RE > magasines.
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PROFESSIONAL
MONITOR SYSTEM

® The Sentry 100 Professional Monitor
System employs a tweeter capable of
handling 25 watts RMS of input power.
while faithtully reproducing the program
material with response out to 18 kHzand
uniform dispersion. 120 degreesat 5 kHz.
Accidental high-frequency blasts from
tape head contact in rewind, fast forward
mode no longer results in destruction of
the tweeter. The low-frequency section is
an 8-in. direct radiator woofer installed
in an optimally vented enclosure with
fourth-order Butterworth tuning. The
Sentry 100 has a uniform polar response
so that the engincer hears the same
sound 30 degrees off-axis as he does
directly in front of the system. and a
high-frequency control that otfers boost
as well as cut.

M Electro-Voice

Circle 40 on Reader Service Card

MONITOR MIXING CONSOLE

® the Audy Series 2000M Monitor
Mixing Console provides 16 inputs
(stackable to 32} with separate output
mixes that permit control of up to six
independent monitor sends. Using high
speed. low noise 1C op-amp technology,
it minimizes transient and slewing-
induced intermodulation distortion. A
dual I EI) system assures proper adjust-
ments of input attenuation switches and
maintains 25 dB of headroom through-
out. Other standard features include:
input and output channel patching:
EQ in out switch for each input mix
control: individual channel muting:
talkback: 6 auxiliary inputs: headphone
monitoring with sole priority svstem:
high resolution, 20-segment LED bar-
graph meters: phantom power. and work
lamp socket.

Mfir: Sudv tistruments, Ine.

Price: $6.995.00

Circle 41 on Reader Service Card

AUDIO MONITOR

® The AM200 audio monitor has been
designed 10 high impedance bridge six in-
dividual program circuits. Each selected
channel can be monitored for audio
level by use of a front panel VU meterand
range select switch that covers a 60 dB
dvnamics range. Each channel can also
be subjectively monitored with the use of
a front panelspeaker system. In addition,
an independent remote speaker output
is provided.

Mfr: Modulation Associates, Ine.
Circle 42 on Reader Service Card
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» New Products & Services

CONDENSER MICROPHONE

¢ The SM85 hand-held vocal micro-
phone is especially suitable for applica-
tions requiring wide frequency response,
low distortion characteristics, very low
RE susceptibility and reliable operation
over a wide range of temperature and
humidity extremes. [t features an integral
multistage pop filter.a midrange presence
peak. extended high-frequency response.
a controlled low-frequency rolloffand an
internal shock mount for reduced
handling noise. The SM85 is designed
forsimplex (phantom) powering froman
external supply or directly trom sound
reinforcement. broadcast or recording
equipment. [t operales over a vollage
range of 11 ta 52V dec. covering both DIN
standard 45 596 simplex voltages of 12
and 48 volts and the proposed 24-volt
standard. Frequency response is 50 to
15.000 Hz.

Mfr: Shure Brothers Inc.

Price: $231.00

Circle 43 on Reader Service Card

AUDIO PROCESSING SYSTEM

® The Emph™ a Sizer. a new audio
processing system from AT!. combines
the functions of a program controlled
input gate. a switchable tour band
parametric equalizer and a wide range.
low distortion compressor-limiter. Sim-
plified controls in a compact. RF pro-
tected package make the Emph™ a Sizer
ideal for use in the studio as a DJ mike
processor with switchable. presetiable
equalizers to tailor the Emph™a Sizer for
cach announcer. Equally useful in the
recording studio and in sound reinforce-
ment. the Emph™ a Sizer accepts direct
microphone or line level inputs and
provides both low and high level balanced
outputs to +24 dBm.

Mir: Audio Technologies. Inc.

Price: $1.395.00

Circle 44 on Redder Service Card


www.americanradiohistory.com

AMPLIFIER SERIES

® The TU-A Series of telephone paging
utility public address amplifiers are
available with 100, 60 or 35 watt ratings,
designated by model numbers 1'U-100A,
TU-60A and TU-35A. respectively.
Fach screwdriver-installed, wall- or
19-in.-rack-mounting model has a peak-
reading LLED) to indicate when the
amplifier is driven into clipping. an
tluminated power switchand dual circuit
protection from shorts or overloads. A
strip of input output no-solder. screw
terminal connections is easily accessible
on the front pancl and protected by a
screwdown cover. Three 600-ohm tele-
phone lines can be connected to the unit.
Two of their inputs are transformer-
isolated. Channel | is a combination 150-
ohm balanced microphone, 600-0hm
line input. I'wo channels provide high-
impedance auxiliary inputs and one
input has precedence capability as
standard. Qutput facilities include 25V,
25V center-tapped and 70V lines and 16
ohms, balanced or unbalanced. The
I'U-A amplifiers deliver rated power
from 100 to 5000 Hs with less than 5
percent total harmonic distortion. Fre-
quency response s +2 dB from 70 to
12,000 H..

Mfr: 1.S1 Bogen

Circle 45 on Reader Service Card

VIDEO CHARACTER GENERATOR

* The VCG-750 Series Video Character
Generator is a versatile, microprocessor-
based SMPTE EBU time code instru-
ment which reads and displays longitud-
mally  recorded  serial SMPTE EBL
time code and or Vertical Interval Time
Code. The VOG-750 reads standard time
code from video tape or any other
SMIPPTLEEBU source at speeds ranging
from sero to 60 times normal play. From
this time code input, the new unit ex-
tracts tape timeand user bitdata and out-
pts this data as video characters which
may be burned into or superimposed
over the source video for displav. A
unigue teature of the VCG-750 is that. in
the Vertical Time Code Mode. the unit is
capable of reading time code at 30 times
play speed. forward and reverse. An
Auto Code Source Mode can also be
specified, in which switchover from serial
to Vertical Interval Time Code oceurs
automatically at tape speeds below 15
play. or whenever Serial Time Code
drops out or becomes invalid. Compat-
ible with international video standards.
the VCG-750 accommodates 24, 25, and
30 frame-per-second drop frame and
non-drop frame SMPTE, EBU time code
Inputs.

Mir: EECO [ncorporated

Circle 46 on Reader Serviee Card
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ELECTRONIC CROSSOVER

e The EX-18 is a new electronic cross-
over that can be used as a stereo two-way
or as a mono threc-way crossover. A
mode switch allows easy conversion
from two-way to three-way operation
with no external patching required. A
single knob on each channel adjusts the
crossover frequency from 100 Hz to
1600 Hz. For very high frequency opera-
tion. a 10-X multiplier switch provides
continuous adjustment between 1 kHz
and 16 kHz. The EX-18 uses 18 dB

octave Butterworth filters to clearly
separate the high frequencies from the
low frequencies. A high-frequency phase
inverting switch provides a quick method
tor optimizing the phase of the speaker
system.

Mpr: £-V ) TAPCO

Circle 47 on Reader Service Card

LOW LEVEL INPUT

TRANSFORMERS

For Microphones/

WEROTRAy Transducers
S101-s  Gontrol and Instrument
—— Amplifier Applications

=3 Excellent magnetic
p ESS shielding

’t Response 30-20 KHz +1db
) Turns Ration 1:1 thru 1:20

Single Threaded

Stud Mountin MICROTRAY

) §101-sp
Equivalent to

Imported European
Studio Grade
Transformers
¥
7-Pin
COMPLETE SPECIFICATIONS PC

AND PRICE SHEET AVAILABLE Mounted

AUDIO-POWER  f¥wmm
COMMERCIAL-MIL ke
TRANSFORMERS

tMMEDIATE DELIVERY =

Complete Catalog line of |

FROM DISTRIBUTORS --

] MICROTRAN

COMPANY, INC.
145 E.Mineols Ave_Bo

Wllay Straam, W.Y. 11582

Circle 37 on Reader Service Card
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POWER AMPLIFIER

e The Model A60 Power Amplifier is
designed for professional applications
requiring audiophile-quality perform-
ance. The compact chassis houses a
modular. fully complementary amplifier
capable of 4000 watts rated power dissi-
pation. Functional features include LED
Fault. Signal Present and Thermal
indicators: automatic balanced, un-
balanced inputs. and automatic mono
input. Total harmonic distortion is less
than .05 percent from 20 Hz to 20 kHz.
The exterior chassis is constructed of
SV4-in.-high heavy gauge steel. The power
transformer and associated power supply
components are housed in a separale
internal chassis, with the transformer
mounted very near the front panel.
Mfr: Phase Linear Corporation

Circle 48 on Reader Service Card

MUSIC LIBRARY

® The Series VI is a new three album
package of production music from Soper
Sound. The 59-sclection series is being
sold. as is all the music in the three year
old Lbrary’s catalogue. on a buy-out
basis that entitles the buyer unlimited use
in all productions. any media. any sized
market for an unlimited time. Series VI
contains a new metronome tempo guide.
an extended instrumentation guide and a
list of key words called descriptors.
Other changes within Series VI include a
new policy of 30 and 60 second versions
of the appropriate themes. Series Vl
contains all original music. recorded in
24-track studios. The orchestration
ranges from small ensembles through
complete horn and string sections.

\ifir: Soper Sound Music Library

Circle 49 on Reader Service Card

AUDIO ADAPTERS

e Switcheraft. Inc. has recently intro-
duced Sceries 399 M audio adapters for its
line of "Q-G” audio connectors. The
four adapiers are available in the Switch-
craft Public Address Audio Adapter Kit.
giving the audio technician the four most
commonly needed PA connector, adapt-
ers in one package. Included are a 3-pin
male Q-G to 3-contact male threaded-
coupling microphone connector: a 3-pin
male Q-G to 4-contact female threaded-
coupling microphone connector. and a
3-pin male Q-G 10 4-pin male threaded-
coupling microphone connector. These
adapters arc designed to mate with all
Switcheraft 3-pin male Q-G connectors
and similar tvpes, On the other end. they
mate with Amphenol 3- or 4-contact male
or female threaded-coupling microphone
connectors,

Mr: Switcheraft, Inc.

Circle 30 on Reader Service Card

www americanradiohistorvy com

MOUNTING ACCESSORIES

e The Littlelites line from Custom Audio
has been expanded to include three new
mounting accessories: the Adjustable
Mounting Clip (CL). the Weighted Base
(WB). and the Plastic Snap Mount (SM).
The CL. for use in temporarily clamping
an k-1 or L-2 lamp onto music stands,
console sideplates. clipboards. etc., ad-
Jjusts to clamp thickness of 1/ 16-in. to ¥%-
in. The WB allows free standing opera-
tion of any L+l or L-2. where application
requires a moveable lamp. The SM is
used for semi-permanent placement of
an L-1 or L-2 on equipment. It enables
fast placement of the lamp directly over
equipment in use. and easy removal for
storage. with minimal effect on the equip-
ment.

Mfr: Custom Audio Electronics, Inc.
Circle 51 on Reader Service Card

TRANSFORMERLESS AMPLIFIER

e The Model 5008 Hybrid Dual Bal-
anced Transformerless Amplifier is
designed to operate from bipolar supplies
of from 12 1o 20 volis. The specifications
of the 5008 make it suitable for use in
audio frequency circuits with stringent
requirements. It has equivalent Input
Noise of - 110 dB: THD of 0.05%. 20 Hz
to 20 kHz, at +20 dBm output; Fre-
quency Response of +0.25 dB, 20 Hz to
20 kHz. and a slew rate of 9V per milli-
second. Crosstalk from one channel to
the other channel is -80 dB at 20 kilo-
hertz. The 5008 will drive a 600 ohm
output. resistive. The Model 5008
package may be used in a wide variety of
applications by simple external addition
of resistors or interconnections. Some
typical applications include: dual bridging
or maltching differential inputs in a single
ended outputs with gains to 14 dB and
inverting summing amplifiers.

Mir: Modular Audio Products

Price: $52.00

Circle 52 on Reader Service Card


www.americanradiohistory.com

20,000 copiesinprint

Fourth big printing of the
definitive manual of recording technology'

John Woram has filled a gaping hole in the audio litera
ture. This is a very fine book ... | 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 indis-
pensable guide with something in it for everybody
to learn, it is the audio industry's first complete

8 clearly-defined sections handbook on the subject. It is a clear, practical.

. < and often witty approach to understanding what
18 information-packed chapters makes.a recording studio work. In covering all

aspects, Woram, editor of gb Magazine. has pro

|. The Basics V. Noise and Noise Reduction

The Decibel Noise and Noise Reduction vided an excellent basics section, as well as more
Sound Principles in-depth explanations of common situations and

II. Transducers: Microphones  'U0i0 Noise Reduction Systems problems encountered by the professional engineer
N oo D The madern Bosmes I's a “must’ for every working professional . . . for
Microphone Technique Studio Console every student . . . for every audio enthusiast
Loudspeakers L e e s e -=

V1. Recording Technigues

[Il. Signal Processing Devices The Recording Session SAGAMORE PUBLISHING COMPANY, INC.

1120 OId Country Road, Plainview, N.Y. 11803

Echo and Reverberation The Mixdown Session
Equalizers -
" Viil. Appendices Yes! Please send copies of THE RECORDING

Comoressors, Limitersand  yap0 of | ogarithms STUDIO HANDBOOK. $37 50. On‘15-day approval

BRI R Power. Voltage. Ratios and
Flanging arnwd Phasing DBeiRIE Name — =
IV. Magnetic Recording Frequency. Period and Address B B
Tape and Tape Recorder Wavelength of Sound

Fundamentals Conversion Factors City/State/ Zip a _
Magnetic Recording Tape
Theg Tape Rex :orrdle?rg . Ehllgsog‘rggcl{\ird Total payment enclosed $

Glossary In NY.S add appropriate sales tax)

Please charge my (0 Master Charge
O BankAmericard/Visa

Use the coupon to order your
copies today at $S37.50 each.
And there’s a 15-day
money-back guarantee.

Account # Exp. date -
Signature ____ | _
charges not valid unless signed)

Outside U.S.A. add $2.00 for postage.
Checks must be in U.S. funds drawn on a U.S. bank.

P e S S S p— — S

[ e ey
el o e e ool et S ot il
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MOSFET AUDIO SWITCHER

¢ The MAP Model 4088 MOSFET
Audio Switcher provides for individual
remote double throw switching of eight
line level inputs. A small jumper plug
changes input-output and interconnec-
tions of the two sections. The card may
be used as a Pan-Direct switcher with
On-Off for two stereo outputs, or as an
On-Off switcher for a monaural input to
eight outputs direetly or through 20K
ohm summing resistors. or as a Pre-Post-
Off switch for four monoe inputs. A MAP
Model 5008 BTA module in the input
circuit serves as a buffer amplifier to
insure isolation and nonloading of the
inputs. and provides up 10 14 dB of gain
to make up for fader setting loss when
the card is used as a channel routing
switcher in console applications. The
switching logic is TTL compatible with
permissible switching voltages from
+4.5 volts to +15 volts.

Mz Modular Audio Products

Circle 36 on Reader Service Card

PRO MICROPHONE STANDS

® The Omni Scries angulated micro-
phone stands are available in floor model
for the stand-up performer. lectern
height for table-top use. and with
optional horizontal boom extension.
They depart from the single-position
right angle stands. and are supplied in
a glare-free chrome finish. In addition
to the traditional 90 degrees setting. the
Omni Series i1s equipped with an adjust-
able tulcrum offering the advantage of
controlled microphone-proximity. and
the option of 75 or 105 degree angular
tube positioning. Omni Series stands
and boom extensions are equipped with
the standard 3-in. number 27 thread
suitable for all U.S. microphone holders
and accessories.

Mir: Atlas Sound

Circle 57 un Reader Service Card

POLYPHONIC SEQUENCER

e The DSX Digital Polyphonic Se-
quencer has a three thousand note
memory, expandable to a six thousand
note capacity. With features such as
editing. overdubbing. sixteen voice
capability. and the ability to merge
sequences in any order. the DSX allows
control of composition previously un-
available in an inexpensive sequencer.
Other features include eight indepen-
dently controlled control voltage outputs
and eight gate outputs. each with user
selectable positive- or negative-going
outputs. Real-time programming. as well
as a single step mode, and synchroniza-
tion to tape for multi-tracking are other
important capabilities.

Mfir: Oberheim Electronics

Price: $1.700.00

Circle 58 on Reader Service Card
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GRAPHIC EQUALIZERS

® The 1651 A active graphic equalizer is
a single channel equalizer with 10 mini-
mum phase shift. active band rejection
filter sections. Center detented slide
controls provide £12 dB boost cut at
1.5.0. preferred Il-octave frequencies
(31.5-16 kHz). The 1652A is a stereo
graphic equalizer with the same features
as the 1651 A for each of two channels.
Both the 1651 A and 1652A incorporate a
continuously variable high-pass filter
with 18 dB octave roll-off. and a user-
selectable low-pass filter with 6 dB roll-
off at 12.5 kH,. The 1653A is a fourth-
generation EQ device that delivers | 3-
octave accuracy across a wide range of
industrial and professional applications.
29 minimum phase shift. active band
rejection filter sections use center de-
tented slide controls to provide +12 dB
boost cut. Continuously variable high-
pass and low-pass filters provide roll-off
at 18 dB octave from off position to 20
through 160 Hz (high-pass). and from
off position to 5 kHz through 20 kH/
(low-pass). Filters in all units are parallel
summed so that failure of one section will
not affect remaining filter section
operation.

Mir: Altec Lansing

Circle 39 on Reader Service Card

PATCHBAY

¢ The Model Patch-32 is a patchbay
designed for interconnection of un-
balanced audio devices. The rear panel
of the Patch-32 accepts up to 32 un-
balanced audio signals via Y%-in. phone
jacks (or optional RCA jacks). and
routes them to 32 Y-in. front panel
jacks. For user convenience. the front
panel. top row jacks are normalized to
the front panel bottom row jacks such
that automatic connections between two
devices can be made without a patchcord
between upper and lower rows. All the
jacks in the Patch-32 are isolated from
the Patch-32's chassis to prevent possible
ground loops between devices.

Mfr: Svmerrix, Inc.

Price; $149.00

Circle 60 on Reader Service Card
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Is your ad in the magazine with the largest circulation?

db is the 1

Is your ad in the magazine whose authors are the leaders
in their field?

db is the 1

Is your ad reaching more of the decision makers in the
broadcast and recording markets?

db is the 1

Is your ad being seen every month?

db is the 1

Your ad can be in the

number 1 magazine—db

For more information write or call us at:
1120 Old Country Rd, Plainview, N.Y. 11803 (516) 433-6530

www americanradiohistorv com
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MICROCOMPOSER

® The MC4 MicraComposer is a com-
puter specially designed for writing and
performing musical compositions. Up to
four pairs of voices can be programmed
from either a synthesizer keyboard
and or the MC4’s own calculator stvle
keyboard. Performances can include
programmed pitch, rhythm, programmed
dynamics. programmed tempo and
more. Many advanced functions are
available including syncing to tape for
building multitrack pertormances of any
complexity. The composition; perform-
ance data in the MC<4 memory can be
stored and retrieved for later use with
the self-contained tape memory interface
or through the optional MTR-100
Digital Data Cassette recorder, which
includes automated search for specific
data tracks and exceptionally fast.
reliable data storage and retrieval. The
MC4 is available with up to 48K byte of
RAM memory for the musicians use.
allowing up to 11.500 notes of composi-
tion/ performance at one time. The
MC-4 also includes 16K byte of ROM.
an internal program that is specially
designed to offer nearly limitless musical
flexibility and functional options.

Mfr: Roland Corp US

Price: 33.295.00

Circle 62 on Reader Service Card

== Roland

ANALOG BARGRAPH

¢ The APM 20is a new solid state analog
bargraph indicator featuring a 3-in..
20 element bargraph. APM meters
provide a low cost. reliable alternative
to mechanical meters and are available in
many standard voltmeter and ammeter
ranges. Options include offset span.
differential input. reduced response time
and cither single or dual setpoint con-
trols. Meters meet ANSI 39.1 shock.
temperature and humidity requirements.
Display brightness is controllable with
an external potentiometer.

Mfr: Bownrar| ALL Ine.

Price: $60.00

Circle 63 on Reader Service Card

STEREO, CONNECTOR MULT
AND INTERFACE BOX

¢ The CMB-2 functions as an interface
adapter box, signal multing box, signal
switching box. and as a troubleshooting
aid. Completely passive in design. the
CMB-2 accommuodates male and female
XI[.R. Phone (TRS). BNC. Banana and
Terminal Strip connections. Through use
of switch selection. the connectors can
be isolated into a maximum of four sec-
tions or they can function as one con-
tinuous, twenty six connector, three
conductor mult.

Mfr: Westlake Audio

Circle 64 on Reader Service Card
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GRAPHIC EQUALIZER

ML - o
ML - e

® The DN30, 30 dual-channel I 3 octave
graphic equalizer has two completely
discrete channels, with 30 bands of con-
trol each, centered on standard 1.5.0.
frequencies. The range control is switch-
able for each channel. 6 dB or £12 dB.
In addition. each channel contains a
30 Hz, I8 dB/octave subsonic filter,
switchable in or out. The DN30, 3}
incorporates an earth-lift switch and a
system-bypass facility for power inter-
ruptions. The equalizer can also be
fitted with internal active crossover
circuit cards in either a bi-amp or tri-
amp configuration. Slope and center
frequency are user selectable.

M{r: Klark-Teknik Electronics Inc.
Price: $1.450.00

Circle 65 on Reader Service Card

COMPRESSOR-LIMITER

P T ———

s - @ s 6.?,:;’:!'—&

® The Model 663CL Compressor-Lim-
iter is a compact. rack-mounting device
with a self-contained power supply. Plug-
in PC motherboard construction allows
the entire electronics section to be
removed. serviced. or replaced from the
front. The front panel controls of the
663CL include: compression threshold:
output level; VU meter switchable to
output or compression. and a power on-
off switch/circuit breaker. Input and
output are 600 ohms. transformer
coupled, balanced. floating. and capable
of handling up to +27 dBm level before
clipping. Compression is 20 dB maxi-
mum. with a ratio of approximately 2.5
to 1. The compression control circuits
are accessible externally, allowing two
or more units to be interconnected for
stereo or multi-channel operation.

Mfr: ProTech Audio

Price: $495.00

Circle 66 on Reader Service Card
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NRBA °81

HERE ARE THE DATES:

September 13-16

HERE IS THE PLACE

Fountainebleau Hilton - Miami Beach

The biggest and best NRBA will be held in the beautiful
Fountainebleau Hilton Hotel from September 13th through
the l6th inclusive. Rooms at this famous hotel are still
available ranging from $55-65 per night single or double.
Contact the NRBA directly as soon as possible for rooms.

We will also send convention registration information and,

if you wish, ask for information on the Fountainebleau's
post -Convention vacation package. There will be, also by
request, an NRBA post-Convention trip to the Bahamas.Ask for
this information at the same time you request hotel accommo-
dations.

WRITE TO:

NATIONAL RADIO BROADCASTERS ASSOCIATION
1705 DeSales Street, N.W., Suite 500
Washington D.C. 20036
Phone:(202)466-2030 or (202)466-5540

www americanradiohistorv com
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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, 100se pages, mixed-up
sequence. Twelve copies, Jan-
uary 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
vinyi, with a clear plastic pocket
on the spine for indexing infor-
mation, they make a handsome
looking addition to your pro-
fessional bookshelf.

Just $7.95 each, available in
North America only. (Payable
in U.S. currencydrawn on U.S.
banks .}

Sagamore Publishing Co., Inc.
1120 Oid Country Road
Plainview. NY 11803

YES! Please send db binders
@ $7.95 each. plus applicable sales
tax. Total amount enclosed $

Name_ — _

Company_____ _

Address. _ S

City—— S _— _—

Swate/dp__

|

THIRD OCTAVE EQUALIZER

e The basic architecture of the TO-I
third octave cqualizer is a single mono
unit. The front pancl contains all of the
operating controls and indicators. There
are 27 band controls. each calibrated for
12 dB boost and cut. The band centers
occur on 1SO standard frequencies
running from 40 H/ through 16.000 H/.
Located to the left of the sliders are a
clipping indicator. a rotary gain control
and an EQ in/ out switch. The EQ in out
switch determines whether the equaliza-
tion circuitry is active. The gain control
has a control range [rom *off " to +6 dB of
flat gain. The gain setting is unaffected
by the EQ in, out switch position. On the
rear pancl are the input and output
connectors that allow the TO-I to inter-
face with a variety of sound systems. The
TO-1 provides both balanced and un-
balanced inputs as well as outputs. The
1TO-1 s equipped with an active lilter
network called a GIC (Generalized
Impedance Converter) using operational
1Cs. The GIC circuitry works by simu-
lating an RL.C bandpass filter.

Vifre Cerwin-1ega

Price: $600.00

Circle 33 on Reader Service Card
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16-TRACK CONSOLE

® The M-16. a new 16-track console. can
be configured with 16 or 24 input posi-
tions. There are ecight main program
mixing busses with submaster faders.
eight main board outputs. two independ-
ent stereo mixing busses. four auxiliary
mixing busses and 16 meters switchable
to read buss or external source. The
M-16 has stereo solo in-place for input,
monitor and effects returns. All inputs
have pre-fader-listen capability. During
remix. the solo logic permits instant
comparisons between effects send
receive. The M-16 also features 4-band.
8-knob parametric (sweep type) equal-
izers that may be switch bypassed. and
three filters(two high-pass. one low-pass).
Faders are conductive plastic with a
100 mm throw.

Mfr: TEAC Corporation

Price: $12.900.00

Circle 54 on Reader Service Card

AIR CONDENSER MICROPHONES

e “The Alternative” is a cost effective
precision air condenser microphone
family for OSHA and other ANSI Typel
acoustic measurement and monitoring
applications. The ACO Pacific 7012
{free field '4-in.) and the 7013 (pressure
response '4-in.) are direct replacements
for the Bruel and Kjaer 4133 and 4134
respectively.

Mfr: ACO Pacific. Inc.

Price: 5450.00

Circle 55 on Reader Service Card
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CABLE ASSEMBLY GUIDE

¢ A\ new 28-page illustrated catalog
and specification guide from  Belden
Corp.s Interconnect Systems Operation
describes design-it-yourselt molded
cable assemblies for mterfacing data
systems, peripherals,  instrumentation,
and controls. Among the shiclded and
unshielded standard product hines
covered are 9- and 37-position R5-449;
15- and 50-position R$-422A and RS-
423A: 25-position R5-232C: and 24-
position TEEE 488 GP1B. Also described
are Series 10 and 20 finger phone plug
assemblics for instrumentation and
control circuits; Series 50 miniature and
subminuture phone plug assemblies for
audio connection in minatunized instru-
ment, automation, and control systems;
and Series 60 phono plug assemblies tor
instrumentation and audio controlappli-
cations. The design-it-yourself’ format
ol the catalog enables specitiers to select
from a wide vanety of component
configurations. including  100-percent
shielded designs, to construct an assem-
bly that combines electrical and mechan-
ical features to meet specilic application

» New Literature

requirements. Mfr: Belden Corp., Inter-
connect Systems Operation. 105 Wolf-
pack Rd., Gastonia, N.C. 28052.

FREE SMPTE CATALOG

* The 1981 catalog of SMPTE publica-
tions has recently been published by the
Socicty of Motion Picturec and Television
Engincers (SMPTE). The new free
catalog teatures descriptions of SMPTE
publications including the newly-pub-
lished book Television Technology in
the 80s. Other books that are described
are the three-volume series Digiral
Video—Volumes 1, 2, & 3. Several books
in the motion-picture field are listed
including the best-selling Afotion-Picrure
Projection and  Thearre  Presentation
Muanual and the classic Special Effecis
i Motion Pictures: Some Methods for
Producing Mechanical Special Lffects.
Mfr: SMPTE. 862 Scarsdale Ave..
Scarsdale, NY 10583,

MICROPHONE BROCHURE

¢ Gotham Audio Corporation has
announced the availability of a new
brochure for Neumann fet 830 Condenser
Microphones. This six page. tour color
brochure features the complete line of
microphones including the new KMR
82 Showgun. USM 69 Stereo micro-
phone and the U 89 with its revolutionary
new capsule design. Descriptions of cach
microphone as well as complete technical
specifications are included. Alsofeatured
are Gotham's special products including
colored windscreens. the N BG power
supply and colored cables. Mfr: Gotham
Audio Corporation, 741 Washington St..
New York.NY 10014,

ANALOG PANEL

METERS BULLETIN

s Bowmar’s new analog pancl meters
expressly designed for high visibility and
readabihty are deseribed ina bulletin
available from Bowmar. All available
models are described along with speci-
ficaions and outline drawings. Mfr:
Bowmar/ALl Inc., 531 Main Street,
Acton, Ma. 01720.

International

for

Name

Institution

Street

City

State Zip

This publication is available

T T L e T T

University Microfilms

Please send additional information

(name of publication)

300 MNorth Zeeb Road

Dept. PR

Ann Arbor. Mi. 48106

USA.

in microform.

30-32 Mortimer Street
Dept. PR

London WIN 7RA
England
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s Classified

Closing date is the fifteenth of the second month preceding the date of issue.

Send copies to: Classified Ad Dept.

db THE SOUND ENGINEERING MAGAZINE
1120 01d Country Road. Plainview, New York 11803

Minimum order accepted: $25.00
Rates: $1.00 a word
Boxed Ads: $40.00 per column inch

db Box Number: $8.50 for wording "Dept. XX.” etc.

Plus $1.50 to cover postage

Frequency Discounts: 6 times, 15%: 12 times, 30%

ALL CLASSIFIED ADS MUST BE PREPAID.

SCULLY MODEL 100-16 TRACK S/N 200.
One owner since new, plenty of spare
parts, mintcondition. $12,500.00, includes
full remote control. Contact Bob or
Bubba, (512) 690-8888.

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

FOR SALE: EMT 250 Digital Reverb Unit,
mint condition. $17,500. RPM Sound Stu-
dios, 12 E. 12th $t., New York, NY 10003.
(212) 242-2100.

AMPEX SPARE PARTS;technicalsupport;
updating kits, for discontinued pro-
fessional audio models; available from
VIF International, Box 1555, Mountain
View, Ca. 94042. (408) 739-9740.

TECHNICS, BGW, EVENTIDE, AKG,
Scully, and many more IN STOCK. FOR
IMMEDIATE DELIVERY: UAR Profes-
sional Systems, 8535 Fairhaven, San
Antonio, TX 78229. (512) 690-8888,

CONSOLES
KiTS & WIRED
AMPLIFIERS
MIC., EQ, ACN,LINE,
TAPE, DISC, POWER
OSCILLATORS
AUDIO, TAPE BIAS

€©OPAMP ?WT_

OS ANGELES, CA. 90038
213) 9343566

" FOR SALE

REMANUFACTURED ORIGINAL equip-
ment capstan motors for all Ampex and
Scully direct drive recorders, priced at
$250., available for immediate delivery
from VIF International, PO Box 1555,
Mtn. View, CA 94042, phone (408) 739-9740.

DISC CUTTING SYSTEM, Westrex 2B
head rest of system stereo, Scully Lathe 2
track Ampex, Limiter, Eqgs., Altec/Mc-
Intosh Monitors, priced to sell, Sound-
wave, 50 W. 57 St, N.Y.C. 10019 (212)
582-6320.

AGFA MASTERTAPE AND CASSETTES.
Super prices. Example: 4" x 2400’ bulk
=9.82 and C-60 for $.86 (case quantities)
send for wholesale price list. Solid Sound,
Inc., Box 7611, Ann Arbor, Mich. 48107
(313) 662-0667.

ELECTRO-VOICE SENTRY Studio Moni-
tors, Otari Recorders, dbx Systems, AB
Systems Amplifiers, Harmon/Kardon hi/fi
products. Best prices—immediate ship-
ment. East: (305) 462-1976, West: (213)
243-1168.

TASCAM, BGW, JBL, EV, Nikko, Tech-
nics, Onkyo, Hafler, Audio Research,
Conrad Johnson, dbx, etc. P. K. Audio,
4773 Convention, Baton Rouge, LA70806.
(504) 924-1001.

101 RECORDING SECRETS MOST EN-
GINEERS WON'T TELL, $7.95 Tune-
tronics, P.O. Box 55, Edgewater, N.J.
07020.

ORBAN. All products in stock. FOR M-
MEDIATE DELIVERY. UAR Professional
Systems, 8535 Fairhaven, San Antonio,
TX 78229. 512-690-8888.

AMPEX, OTARI, SCULLY—In stock, all
major professional lines; top dollar trade-
ins; write or call for prices. Professional
Audio Video Corporation, 384 Grand
Street, Paterson, New Jersey 07505. (201)
523-3333.

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.

FOR SALE: PENTAGON SR-4250-12 reel
master/one (1) reel slave duplicator with
electronics. “-track configuration. Less
than 2 years old. Good condition. Make
offer. Contact: Mikie Baker, P.O. Box
400329, Dallas, TX 75240, (214} 233-2900.

www.americanradiohistorv.com

ACOUSTIC TEST INSTRUMENTS

USE TO ADJUST EQUALIZERS, DPTIMIZE
SPEAKER PLACEMENT. ETC.

Compiete Test Set 3399
Canbrated Sound Lever Meter $169
Frachonal Detive Pink

Nesse Generator $290
Handbook on Acoushc Testng .36

Free broch HALL ENGINEERING. Dept E4
PO Box 506. Martingwile. NJ 08835
{201) 6470377
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RECORD PLANT L.A.
STUDIO "C" CONSOLE FOR SALE
Available late August 1981

1976 Custom Automated Processes
40 In—16 Buss, 32 track monitor.
4 echo sends, 8 echo returns, 4 sterec
cues. Wired for automation on main
faders and 2 echo sends. $65,000.00
Allison 64 channel 65k automation
package for above: $10,000.00. (213)
653-0240.

LEXICON, dbx, & URE'. Most items for im-
mediate delivery. UAR Professional Sys-
tems, 8535 Fairhaven, San Antonio, TX
78229. (512) 690-8888.

FORSALE: STEREO SELA MIXER 2880 St
8x2 fully equipped, equalization, peak
meters. Call Ed or Phil (212) 777-5580.

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

BLANK AUDIO AND VIDEO CASSETTES
direct from manufacturer, below whole-
sale, any length cassettes: 4 different
qualities to choose from. Bulk and reel
mastertape—from %-inch to 2-inch. Cas-
sette duplication also available. Brochure.
Ando! Audio Products, Inc., Dept. db,
42-12 14th Ave., Brooklyn, NY 11219. Toll
free 1-800-221-6578, ext. 1, NY residents
(212) 435-7322.

AKG BX20 reverberation and C414 micro-
phones. FOR IMMEDIATE DELIVERY.
UAR Professional Systems, 8535 Fair-
haven, San Antonio, TX 78229. 512-
690-8888.

LIKE NEW CONDITION 351-2 Ampex-
Inovonics recorder, Soundcraftsmen
Graphic EQ SG-2205 Master Room |l & I
Echo Unit. Virtue Recording (215) 763-
2825.

TELEX 300 SERIES, mono master reel to
six slave cassettes, tape duplicator,
$2,200. Danco, 929 Gist Avenue, Silver
Spring, Maryland, 20910, (301) 585-8844.

CROWN SX-724 in case with extra half
track head block assy., $1250. Revox B-77,
new in box, $1250. (214) 783-8498.

MICROPHONES BY UPS. Quicker. You'll
save more with us. All popular modeis for
immediate delivery. UAR Professional
Systems. (512) 690-8888.

TASCAM MODEL 5, like new, full war-
ranty, $1,100.00. Two Electro-Voice
RE-15's, $150.00 each, RE-20's, $300.00
each. N.A.B., Box 7, Ottawa, IL 61350.

JFET TUBE REPLACEMENTS for first
playback stages in most Ampex Profes-
sional audio tape recorders/reproducers
available from VIF International, Box
1555, Mountain View, CA 94042. (408)
739-9740.
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F1LECTLRONICS
ENCINEELRING
MANACKEDR

Are you a Senior Project Engineer who is ready to move into a management

position?

Beltone, one of the most respected manufacturers of quality electronics, offers
1o the engineer with a strong background in audio analog circuit design and
product development an opportunity to head a department of 5 professionals.
Your responsibilities will include working with other R & D Division managers,
new product development and their introduction into production.

We offer an excellent starting salary and comprehensive benefits, including
tuition refund and profit sharing. To arrange a confidential interview, please
send your detailed resume, complete with salary history and requirements, 10:

Bob Riefke

PBellone

ELECTRONICS CORP.
4201 W. Victoria
Chicago, IL 60646

An Equel Opportunity Employer m/f

www americanradiohictorv com

PROFESSIONAL AUDIO EQUIPMENT

Shop for pro audio from N.Y.’s leader,
no matter where you live! Use the Har-
vey 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

LEXICON 224 Digitai Reverberation. FOR
IMMEDIATE DELIVERY. UAR Profes-
sional Systems, 8535 Fairhaven, San An-
tonio, TX 78229, 512-690-8888.

EMPLOYMENT

ENGINEER/ENGINEER ASSISTANT
seeking full time permanent work. 4 years
audio, 2 years video, and maintenance
experience. Equipment to offer. Call
(205) 263-6353.

POSITION WANTED: Harg working,
experienced, looking for Asst. Engineer-
ing work in recording anf soundreinforce-
ment, old and new classical music, jazz,
theatre. John (212) 724-5893.

MAGNETIC HEAD relapping—24 hour
service. Replacement heads for profes-
sional 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: Inter-
national Cutterhead Repair, 194 Kings Ct.,
Teaneck, N.J. 07666. (201) 837-1289.

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

JBL AND GAUSS
SPEAKER WARRANTY CENTER

Fast emergency service. Speaker re-
coning and repair. Compression driver
diaphragms for immediate shipment.
NEWCOME SOUND, 4684 Indianola
Avenue, Columbus, OH 43214. (614)
268-5605.
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&} People/Places/Happenings

® Maxell Corporation of America,
60 Oxford Drive. Moonachie. NJ. a
manufacturer of high quality magnetic
media. and Harris Corporation, Broad-
cast Product Div.. Quincy, 1L, a major
manufacturer of equipment for the radio
and television industry. have become
sustaining members of the Society of
Motion Picture and Television Engineers
(SMPTE). By joining the SMPTE.
Maxell and Harris join more than 190
sustaining member companies and more
than 9.000 individual members in the
motion picture and television industries.
The SMPTE is well known for its work
in standardization. the publication of
the monthly SMPTE Journal and the
sponsorship of technical conferences
and equipment exhibits.

® Fanfare Audio Enterprises. Inc.. the
touring sound and production company.
have announced several major develop-
ments. Fanfare opened a new branch
location in Orlando. Florida on July 1.
1981 and 1s expanding its services over
a wide range of fields. In addition to
major tour rentals. Fanfare now has
available P.A. systems for rent out of its
new Orlando location. in addition to its
Jackson. Michigan base. Other new areas
include an expanded sales program.
custom installations and convention
services. According to Martin Preece,
president, Fanfare's new space efficient
four-way all-in-one cabinet will be ready
for touring in late August.

¢ John Stachowiak. veteran recarding
engineer and specialist in the cutting of
master disks. has recently opened
Disk Master Studio. Disk Master is the
only studio in the United States equipped
with all the components of the newest
disk masteringsystem made by Neumann,
the world-renowned producer of micro-
phones and other top-quality equipment.
Stachowiak has 15 years of professional
experience as a recording engineer.
including six vears specializing in disk
mastering. which began during his four-
and-a-half-vear employment as a staff
engineer al Sound Recorders Studio
in Hollywood. As a free-lance engincer.
Stachowiak has been associated with
several Los Angeles-area studios. in-
cluding The Record Plant. Crystal,
Allen Zentz. and Filmways-Heider
(also. Heider. San Francisco). and with
Columbia Studios in London. Artists tor
whom he has mastered disks include the
Beatles, Kenny Rogers, Neil Diamond,
Richard Harris, Herb Alpert and Judy
Collins.

¢ Sam Borgerson has been appointed
advertising and public relations manager
of Studer/Revox America, according to
an announcement made by the com-
pany’s president. Bruno Hochstrasser.
Borgerson will direct all advertising and
related activities from the firm’s principal
office in Nashville. Borgerson is already
known to many in the recording industry
through his byline articles in several
professional trade magazines. He has
previous experience as a concert sound
mixer. retail hi-fi salesman. and advertis-
ing copywriter. In 1977-78, he served asa
Saies Coordinator in the Revox Sales
Department.

® Charles P.Coovert has beenappointed
general manager of the audio products
group of the Ampex Audio-Video Sys-
tems Division. The announcement was
made by Donald V. Kleffman, vice-
president-general manager of the divi-
sion. Coovert will be responsible for
the development. manufacturing and
marketing of all Ampex audio products
in his new position. He succeeds Lee
Cochran, who resigned.

Coovert was most recently senior
product manager in the video recorder
group of AVSD. He was previously
operational systems manager in the
controller's department for the division
and inventory manager for the Inter-
nationaldivision. Coovert was associated
with Precision Instruments in Palo Alio.
California. before joining Ampex in
1971.

e Audio-Video Resources, San Fran-
cisco. CA. celebrated its announcement
of new expansion plans with a c¢ham-
pagne Open House. which was atiended
by representatives of the Bay Area video.
audio. and advertising industry. A.V.R..
with newly remodeled facilitics. includ-
ing a new 24 track audio sweetening
tacility, opened its doors for voice-overs
and mix-downs. Audio-Video Resources
also announced the formation of a new
division—AVR Productions. which is
capable of video and audio production
trom conception to final dub. AVR
Productions is already at work on
projects for Ford Motor Company and
Natomas. Recent additions 1o the staff
of Audio-Video Resources have been
Rich Poggioli from C.C.R. and United
Nations Television in New York. as video
facilitics manager. and Jayne Morris
from WNEW-TV, as the chiet video
editor. The most recent addition has
been Jim Cassedy, who joins AVR as
video engineer from U'nited Artists.
in New York.

www.americanradiohistorv.com

¢ Trutone Records Disk Mastering
Labs has announced the expansion and
complete renovation of their disk
mastering labs and offices located just
outside of New York City. at 163 Terrace
Street, Haworth. N.J. Construction is
underway for two new mastering rooms.
The unique architectural; acoustical
design concept was developed and
created by the team of Maurice Wasser-
man/Al Fierstein. The main cutting
room will be equipped with their newly
acquired Neumann VMS-70 lathe.
S5X-74 head, SAL-74 rack and Neumann
mastering console. The second room will
be equipped with the Scully/Westrex
system featuring the new Capps Genera-
tion Il computer and lathe control.

e Dr. Harry F. Olson, retired vice presi-
dent. RCA Laboratories. has been
awarded the Gold Medal of the Acous-
tical Society of America. The citation
states. “For his innovative and lasting
contributions in acoustic transducers.
sound-reproduction, electronic music
and speech synthesis and his service 10
the Society.” Besides this latest honor.
Dr. Olson has received many awards
from several scientific and engineering
societies. Dr. Olson has written eleven
books and holds more than 100 patents
in acoustics and sound reproduction.
He is a past President of the Acoustical
Society of America and the Audio
Engineering Society and a member of
the National Academy of Sciences.

® Describing it as. “One of the largest
single orders ever reccived by our Inter-
national Division.” Altec Lansing
announced it will supply components for
all major public address sysiems in the
New King K haled International Airport.
Under construction at the Saudi Arabian
capital of Rivadh. the mulii-billion
dollar facility will utilize Altec and
University Sound products tor a system
including 11.000 speakers and producing
85.000 watts of audio output. As Altec
Professional Sound Contractors for the
massive project. Acromedia (orpora-
tion, Culver City. CA. was awarded the
contract. subsequently presenting the
order to Altec Lansing officials at the
company’s Anaheim. CA, headquarters.

e Larry Weston. president of Edcor.
Irvine. CA. announced the appointment
of James E. Morrison 1o vice president.
marketing. Jim Morrison had previously
served as vice president of sales for Altec
Corporation and sales manager for
U niversity Sound.


www.americanradiohistory.com

_, Recording SWAY o giudios foet ‘;\:' amerayca” D\S“ o psnoy and FAM T qyite Soune g;\:mb\a Spudios — ‘;:,tu*
2 - 0 ‘ n
& P\ ReCOfd\ng Cord'\ng S‘Ud\o . Recofd o} {incC. ; ReCOrd\ g S“ld\ he(okee Smd\OS / s 'Da\“en SOU -
T phainternationd s S Baysn® cording——"C Cyoertec"™e™ o srudios—-
AP oplewood S wstage St feren\ T g Tre
e S\ud‘o' AXIS Stud\OS/ 'ona\ EC 0 . \
) it ; R Cord\ﬂg
ne l\\JtOﬂ"a ducﬁ\OnS' — up | ) A
o 5 CenBe s  Truck—" g\os.l Tne Hit Fac
o ording SWO- waly Heder U necording Stdi0—
c
; R:ﬂe Sudios- Jacks 1" Sd r onk Studi
= ors ——

&Pt udiosS — dun Reco! nn He\g\'\\s-—
\sion Sound St Grd Studio. MO MC/
Truck. comfort

G s ounG —
Hansa Tonstud© K RCITZN DisC—— edia S N
‘ ¢ inc.—8¢ . ’ \aster g Lab M
ot Must » roductions— [ ___Tre Mixt - cording corp
a\/e-Sm\\h ‘ S\ud\O——— - : ) Noﬂh Amef\car\ e e _PaCi
as pecording oV : cording Stu s
g ms_—* pS.Re Recording
Longview P é\ud'\o - par amount g
i ey ' Sdio
CA/WN d
ot Soun
K
jdle BAT—
als SO
yscle ShO
Swdio
Reoo[d\n
prase ON€ .
e OW \ S»
Jsic Studo —F i ( Studh
Quadradial- elte '
) SudioS—
ord Prant: ng CO-—- i Labs—
aisound Reco'® Sound g
Re cidge Farm S\U(-j\o - A ound ReCOrder Stu
K— (n Studio—" S qundance
SLudio— giudio The SN ReCOMeS—"" | ed!
nd - dios
scret SZ\:\Oe proguction cording SY W2
(a e REC -
age fC
\0—;—;5 Recording g untry 2 ¢ Studio St gd A&R RecO
dg\de gound Pt Stuah gio nthe co | Trolley 1 40 cto pone St e Studio —-
. e
Pa\acek Sudio pcoustt " TreT ownho wersal P\ecord\ngdo Windmilt -2 a0 SWAI0S m Sudios — The
JAGWOrKS —— gyperd! Western—— stlake AUOD— Arneray Atlantic Jile
ns. \nC.— U wed : \We 0.InC.— ner —— i ars
e Product g Systems- 17 cox Recordnd e i coraing ST 0 gy and T2 ording SWEPTT age PrO
united SO (ding Sud© 5 o e \ntem": gent Recording: \nc'/e,:'ud\os ___Baysho a5 Sdios —— g Cherokee
0 AUGI0 —— A age i
neer REC a ) . kst 1uaio ording
pio jpert Swdios \oplewo d Studt i SWudios - L Swdio— Ja\és Celepratio” P 5 ritera Recof
Y X e
Hos Apogee Studio The automatt gearsviie Soun Cagito! Recor /co\umb\a Studio cybertechmck

MASTERS OF THE STUDIO.

There's as much magic in the mixing board as thereis  professional recording tape. They've earned a place in

in the keyboard. the ranks of the world’'s mast successful recorded
That's why, when we award the Ampex Golden albums and singles”.
Reel, it goes to both the recording artist and the Along with the Award, we also present $1,000 to a
recording studio. Together they provide the magic that charitable organization. Since we started the Golden
turns a reet of recording tape into an outstanding Reel Awards three years ago, there have been over 200
creative achievement. recipients, and more than $200,000 donated on their behalf.
The Ampex Golden Reel Award honors those Congratulations to alt of them. The masters on
achievements that were mastered on Ampex both sides of the microphone.

ANVIPEX

Ampex Corporation, Magnetic Tape Divisior /401 Broadwey/Redwdod City, California 94063, (415) 367-3889.

X Golden Reel Winners as of 1/81 ‘RIAA Cerlifiea Gold
www americanradiohistorv com
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Of all the mixer manufacturers in the industry, why is Audy the only one to offer a full two year warranty? Simple.

We can back it up.
We can state unequivocably that the Audy Series 2000 will obey whatever commands your performance requirements dictate.

Because Audy is more than a manufacturer. We're our own toughest customer. A professional concert sound company for top
artists throughout North America, Audy conceived and designed the Series 2000 for one simple reason: no other mixer

was good enough,
And thousands of concerts later, we're still convinced that the Series 2000 is the master of its class.

The Audy Series 2000 and Series 2000M monitor consoles, Command and they will obey. We guarantee it.

GUARANTEED TO OBEY

e

AR o R gmt wm w e

‘e

INSTRUMENTS

For atree, fulf colorbrochure, write Audy Instruments, Inc., P.Q. Box 2054, 35 Congress Street. Shetland Industrial Park, Salem, MA 01970.(617) 744-532
Circle 12 on Reader Service Card
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