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Letters 

WHERE TO STUDY 
I am pursuing a career as a re- 

cording engineer and my concern is 
to find the school which will provide 
the most extensive training poss- 
ible. Right now I am in the process 
of reviewing schools and would ap- 
preciate the following advice on what 
criteria to look for in choosing train- 
ing for my field: 

The names of specific schools whose 
facilities and curriculum you regard 
as desirable when looking for an em- 
ployee. 

What accreditation to look for when 
evaluating possible schools. 

I realize the recording industry is 
highly competitive and a diploma from 
an institution whose credentials are 
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You really can! Wireworks Mix & Match Components 
Group gives you all the products you'll ever need to 
create your own perfect audio cabling system. And 
our Audio Cabling Design Kit shows you exactly how 
to put them all together. 

Call or write today for your free Design Kit. 
With Wireworks you really conduit! 

wgElog worJw, 
Wireworks Corporation 380 Hillside Avenue, Hillside, NJ 07205 

201/686 -7400 800/624 -0061 
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well respected would allow me greater 
discretion in choosing my job while 
increasing my value to a perspective 
employer. 

I thank you for your time and con- 
sideration and appreciate any ad- 
vice or further contacts. 

BILL SMALL 

Well, Bill, an answer to this ques- 
tion could go on for pages. One of 
the most comprehensive listings of 
educational programs is published 
by the Audio Engineering 
Society, and can be obtained by either 
writing to the AES at 60 East 42nd 
St., New York, NY, 10165 or call- 
ing at (212) 661 -8528. Good luck in 
your endeavors! 

RESEARCHING RAMKO 
TO THE EDITOR 

I am very interested in the Ramko 
Research audio mixers that appear 
on page fifty -two of your November/ 
December, 1983 issue(volume 17, 
number 10). I would greatly appre- 
ciate it if you could provide me 
with the address of this company. 

Thank you. 
MICHAEL HESS 

Because we've gotten several re- 
quests for the same information, here 
is the address: 
Ramko Research, Inc 11355 Folsom 
Blvd Rancho Cordova CA 95670. 
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FINISH UP ON TIME WITHOUT SACRIFICING QUALITY. 

You want it quick and you want it good. In 
today's competitive post -production audio/ 
visual scene, the rewards go to those who 
can produce results that are quick and 
good. That's why TASCAM designed the 
MS -16 1" 16 -track recorder -to bring 
together top -notch audio quality plus pre- 
mium features that streamline production 
and move you ahead of schedule. 

Quality reproduction starts with the 
heads, and TASCAM has three decades of 
design experience behind the MS -16's new 
micro -radii heads. They bring "head 
bumps" under control and ensure flat fre- 
quency response. And unlike most tape 
machines, the MS -16 record /sync and play- 
back heads are identical in performance. 
Because sync response equals repro response 
on the MS -16, you can make critical EQ 
and processing decisions on overdubs or 
punch -ins without having to go back and 
listen a second time You get what you want 
sooner and with fewer headaches. 

The MS -16 cuts down on the time you 
spend locking up with other audio and 
video machines as well. A 38 -pin standard 
SMPTE /EBU interface affords speedy, single - 
cable connection with most popular syn- 
chronizers and editing systems. It's the easy, 
efficient way to get the most out of today's 
sophisticated synchronization equipment. 
The MS -16's new Omega Drive transport is 
tough enough to stand up to long days of 
constant shuttling ...while handling tapes 
with the kid -glove kindness they deserve. 

Record /Function switches for each track 
allow effortless, one -button punch -ins. 
Input Enable allows instant talkback dur- 
ing rewinds, fast forwards and cue searches. 
These features speed you through sessions 
and let you concentrate on the project at 
hand...not on your tape machine. 

Take a closer look at the MS -16. See your 
TASCAM dealer for a demo or write us for 
more information at 7733 Tèlegraph Road 
Montebello, CA 90640. 

TASCAM THE SCIENCE OF BRINGING ART TO LIFE. 

© Copyright 1985 TEAC Corporation Of America 
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Theory And Practice 
Oliver Masciarotte 

Brain of the Beholder 

The following lends a general explanation of 
psychoacoustics. 

FOR THOSE PEOPLE who are fortunate enough to have 
unimpaired hearing, there is a rich world of sounds 
and sensations that constantly color our perception 

of reality. Our hearing mechanism is quite good at telling 
us about our physical surroundings though this informa- 
tion usually becomes part of the sum of all of our sensory 
input and goes unheeded. 

For example, think about what is called the Cocktail 
Party effect. Say you're holding a conversation in a crowded 
room. It's a simple matter to mentally filter out extraneous 
noises or other conversations and concentrate on the 
speech of interest. Another simple luxury of life is the 
ability to close your eyes and precisely determine the loca- 
tion of a nearby sound source. These feats of signal pro- 
cessing depend on the physical makeup of our hearing 
apparatus and the way our brain processes auditory infor- 

Oliver Masciarotte is a faculty member of 
v Miami University. 

mation. Though we can't compete with a bat or porpoise 
when it comes to auditory information processing, we can 
put our ear /brain combination to good use as audio prac- 
titioners if we are aware of our limitations. Thus, a general 
understanding of psychoacoustics can surely come in 
handy. 

In the 1930s, several folks were involved in research 
that laid the foundation for much of our current under- 
standing of hearing. A good deal of this research was con- 
ducted at particular universities and corporate facilities 
like Bell Laboratories. The questions of how and why people 
hear the way they do were mostly unanswered questions. 
These questions fall under the heading of psychoacoustics 
which is defined as the study of the brain's perception of, 
and response to, all aspects of sound (Woram). Let's look 
at some of the aspects of this subject that immediately 
affect us and see what conclusions can be drawn. 

Our brain perceives a certain frequency of sound as a 
particular pitch sensation. If there are several other fre- 
quencies present in some complex harmonic structure, 
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It's like holding 
an isolation booth in your hand! 

Compared to older microphone designs, 
the ATM63 is far better at rejecting sounds 
from the sides and rear. Even with a stage 
full of monitors and amplifier stacks. And 
as you get farther from unwanted sound, 
the ATM63 advantage sharply increases 
when compared to the others. 

Only the vocal comes through loud and 
clear, making both monitor and house 
mixes cleaner and far more controllable. 
With the punch and clarity that is 
the very definition of a great 
vocal microphone. 

But the ATM63 works 

for more than vocals. Around a drum kit, 
for instance, the ATM63 provides out- 
standing bleed- through rejection to 
greatly reduce troublesome phase can- 
cellation. Both musicians and engineers 
have more freedom...and more control. 

If your `old reliable" microphones have 
reached their limit, reach for the new 
ATM63 from Audio Technica. It a far 
better sound value... for just a little more. 

Learn all the facts from your 
nearby Audio-Technica 

sound specialist today. 

audiotechnica. 
Audio- 1cchnica U.S., Inc. 

1221 Commerce Dr.. Stow, OH 44224 
(216) 686 -2600 

6; 
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that will usually alter only the timbre of the sound. The 
interesting thing to note is that pitch changes with changing 
intensity ( Stevens). Least affected are frequencies around 
1,000 Hz. Below approximately 1,000 Hz, perceived 
pitch goes down as intensity is increased. Predominantly 
low frequency sounds go flat as they get louder while pre- 
dominantly high frequency sounds behave in an opposite 
manner, they seem to go increasingly sharp as they get 
louder. This is not the kind of stuff my college professors 
would call "intuitively obvious." 

Another interesting aspect of hearing is the fact that the 
perceived timbre of a sound changes as the sound is made 
louder or softer. Two researchers, Fletcher and Munson, 
averaged the responses of a group of test subjects and 
graphed this phenomenon as a family of curves showing 
frequency vs. (perceived) "equal loudness" (Fletcher and 
Munson). What these curves or contours show is that as a 
sound's intensity approaches the threshold of hearing, as it 
is made quieter, our sensitivity to high and low frequencies 
gets progressively worse. Using 1,000 Hz as a reference 
we find that, at low intensities, frequencies below 800 Hz 
and above about 4,000 Hz must be of much higher inten- 
sity to be perceived as equally loud as 1,000 Hz. Near the 
threshhold of hearing a 40 Hz tone must be more than 50 
dB greater in intensity to be perceived as loud as a 1,000 
Hz tone. That is 100,000 to one increase in intensity! 
These equal loudness curves also show that human hear- 
ing is most acute between 3,000 and 4,000 Hz. It is no sur- 
prise that human speech lies predominantly in the 1,000 to 
4,000 Hz range. Our hearing apparatus has become finely 
tuned for interpersonal communication. 

..There is a better way 
to sell your equipment - in 
classified or display 
advertisements! Call us today 
for an advertising rate 
package. 

(516) 433 -6530 

While we're on the subject of frequency response, I'd 
like to talk about one of the mechanisms that allows us to 
determine the location of a sound source. Let's try a 
thought experiment ( after Mehrgardt & Mellert) whereby 
we take a tiny microphone and carefully place it at the 
entrance to the ear canal of a willing test subject. This 
should be a calibrated microphone with known frequency 
response. We then place a wide range loudspeaker driven 
by a linear amplifier, again with known frequency response, in 
front of our test subject The microphone output is sent 
through a preamp to a spectrum analyzer to provide fre- 
quency versus amplitude data, and pink noise is applied to 
the amplifier /loudspeaker. Now we can determine the fre- 
quency response of the subject's head/outer ear combina- 
tion. With that accomplished, we move the loudspeaker 
slightly in an arc with the subject's head at the center of the 
arc. Again we measure the response and continue to move 
the speaker around the head, graphing as we go. What we 
come up with is a family of curves that show a strange 
thing. The ear "sees" a different frequency response 
depending on the sound source's lateral angle around the 
head. At 8,000 Hz where the wavelength of the sound is 
significant relative to the dimensions of someone's head, 
the variation is + or - 10 dB! Two factors make this 
experimental result, performed by various researchers in 
the past, less hideous than it seems. One is the fact that the 
ear canal itself acts as an acoustical filter with a frequency 
response that alters the response variations created by the 
head and outer ear. The other consideration is that we are 
born with this complex acoustic filter and it has become 
part of our day to day existence. 

I must mention one last quirk of our hearing mechanism 
that is of interest to the audio professionaL At those same 
frequencies that we observe wide lateral variations in fre- 
quency response, from about 3,000 Hz to 8000 Hz, there 
is also a gradual change in the perceived height or elevation 
of a fixed source located on a horizontal plane with a lis- 
tener's head (after Roffler and Butler). As frequency goes 
up, the source seems to come more and more from above. 
At frequencies above 8,000 Hz, the perceived elevation 
rapidly diminishes until it seems to be back on a horizontal 
plane at 10,000 Hz. Stranger and stranger.... 

The one word I have repeated several times in this dis- 
cussion is "perceived" -the key to this subject. The four 
phenomena I have mentioned changing pitch with chang- 
ing intensity, the Equal Loudness curves, changing timbre 
with different lateral angles and, different perceived ele- 
vations at different frequencies all work together to un- 
consciously inform us of where a sound source is located. 
We can also use these hearing mechanisms to our advan- 
tage to paint a sound picture as real or bizarre as we could 
imagine. Also by keeping the principles of psychoacoustics in 
mind we can avoid violating the laws that govern how we 
hear. Next time we will talk about the more obvious ways 
that our brain derives location information and discuss 
how we can manipulate information to create specific 
effects: 

(1) from Worm, Recording Studio Handbook, Elar, 
1982 

(2) from Stevens, Journal Acoustical Soc. of America, 
Vol 6, No. 3, 1935 

(3) Fletcher & Munson, J. A. S. of A., Vol. 5, No. 2, 
(4) Mehrgardt & Mellen, J. A. S. of A., VoL 61, No. 6 
(5) Roffler & Butler, J. A. S. of A., Vol. 43, No. 6. 
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Go ahead and run it. 

WE'RE FIGHTING FOR 
YOUR LIFE 

Maybe there's a car 
corning and maybe there 
isn't. Fortunately, most peo- 
ple figure the risk isn't worth 
the chance. 
But with a heart attack, it 
doesn't work that way. 
Most people ignore the sig- 
nals. Or chalk it up to indi- 
gestion. Or wait to see what 
happens next. 
Every year 350,000 heart at- 
tack victims die before they 
reach the hospital. 
If you feel an uncomfortable 
pressure, fullness, squeez- 
ing or pain in the center of 
your chest that lasts for two 
minutes or longer, you may 
be having a heart attack. In 
some cases, the sensation 
may spread to the shoul- 
ders, neck or arms -and be 
accompanied by sweating, 
dizziness, fainting, nausea 
or shortness of breath. 
The important thing is to call 
your local emergency medi- 
cal service or ask someone 
to drive you to a hospital 
emergency room. 
If you ignore the signs of a 
heart attack, you'll have no 
one to blame. 
Not even yourself. 

iripAmerican Heart 
Association 

At- The Aphex Aural Exciter. Type C 
The Best Way Improve to Im Your Sound System p Y 

Just Got Better. 
Ilan/ s 

I _", -r-r- ..I.. 
I i ' 

And more affordable! Less than $300! 
Like the famous Type B, the new Type C 
restores natural brightness, presence and 
detail to live and recorded sound ... and 
does it more quietly and musically! Lyrics 
will have more intelligibility... guitars more 
bite. .. drums more kick. The overall mix 
will be cleaner, more natural and exciting. 

The Type C is the best way to improve 
any sound system. It adds that extra edge 
that is impossible to add with any other 

Aphex Systems Limited 
13340 Saticoy St., North Hollywood, CA 91605 
(818) 765 -2212 TWX: 910-321-5762 

Ws nr2 AURAL EXCITER . 
ur 

processor. Live sounds fill the room without 
all the problems of high frequency EQ. 
Multitrack tapes made on narrow format 
machines will sound like they were made 
on expensive studio recorders. Even 
cassette dupes will have an unmuffled, 
professional sound. 

Hear the difference onlya genuine Aural 
Exciter can make at your dealer today. Or 
write us for more information and the name 
of your nearest dealer. 

Detachable rack ears included 
Aural Exciter is a registered trademark of Aphex Systems Ltd 1985 Aphex Systems Ltd 
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Welcome New Readers 
WE WANT TO WELCOME a new group of readers to this 
issue. These new readers, some 13,000 strong, 
come to us from a former sister publication 

which specialized in the small studio market. Its readers 
are now our readers, and, again, I welcome them. 

With this issue, we have created a major new section 
that, I believe, many seasoned readers of db Magazine 
will find of significant value. It's called 2 to 8 Track for 
The Smaller Recording Studio. 

This section will contain articles specifically created for 
this important and growing segment of the recording 
industry. 

At the same time, a perusal of this issue will assure long- 
time readers that they have not been abandoned. This 
issue, has been assembled by our guest editor ( and usual 
columnist) Jesse Kalpholz. I think that Jesse did an incred- 
ible job in organizing a series of articles covering the 
sound -reinforcemt and present -day science of acoustics. 
Jesse found himself so involved with the assigning and 
editing of these articles that he couldn't get his regular 
column done, but rest assured, it will reappear in our 
next issue. 

Finally, I again wish to welcome the many new readers 
to db Magazine. They, and you, the loyal long -time reader 
will find that the new db Magazine will be even more than 
it was in the past. 

For the next issue,March/April, we are assembling a 
special broadcast -audio editorial thrust to coincide with 
that issue's distribution at the NAB Convention to be 
held in April in Dallas, Texas. The 2- to 8 -track section 
will have a major article on MIDI, what it is, what it does, 
and, what it doesn't do. 

Larry Zide 
Editor/ Publisher 
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THE NEXT GENERATION. THEXE'P. 

4030 SYNCHRON ZER 

4050 

AUTOLOCATOR 

This Auto -Locator offers more features 
for the musician /songwriter than ever 
before available. Not only minutes and 
seconds, but also bars and notes can be 
cued. Additionally, changes in tempo 
and rhythm can be precisely program- 
med with reference to real time. 
There's a SMPTE time code 
generator /reader, as well as a MIDI 
synchronizer allowing you to sync 
MIDI to SMPTE. Setting of cue points 
and tempo sequences can be stored in 
the memory or dumped to tape. Final- 
ly, this Auto -Locator can communicate 
with a computer through the serial 
communication buss. For the artist 
working on sound tracks, there is 

nothing that even comes close to the 
performance of the Fostex 4050. 

4035 

SYNCHRONIZER /CONTROLLER 

Finally. A cost effective synchronizer 
that sets up fast and operates painless- 
ly. Locks video to audio or audio to 
audio, rock solid. Resolution to 
1/100th of a Frame. In CHASE, the 
slave will follow the master regardless 
of tape mode. All displays, status and 
command functions are clearly mark- 
ed, so operation is fast and positive. 
About 1/5 the cost of comparable syn- 
chronizers. 

The compact 8 -track 
format worked like a 

charm from day one. 
Hard as it was to 
believe something so 

small could produce 
sound so good, peo- 
ple became believers 
after they heard the 
reality. 

Now the next step. 
The next generation. 
Microprocessor con- 
trolled transports, 
and record /play 
functions. Dolby* C 
noise reduction on 
the Model 80. center 
channel SMPTE on 
the Model 20. 

8 balanced mic in- 
puts each with phan- 
tom powering, solo 
and in -line monitor- 
ing on the Model 
450 8 x 4 x 2 mixer. 

All available now; 
high tush processors 
(left) available soon. 
Your next step. 

FOStêX 
15431 Blackburn Ave. 
Norwalk, CA 90650 

(213) 921 -1112 
'TM Dolby Labs Licensing Corp. 
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Editorial 
ACOUSTICS is A SCIENCE that has been around since the 
days of the ancient Greeks. Sound systems have 
been around since 1915. Since then, acousticians 

and sound system designers have been mixing the two like 
gasoline and water. Both the sciences of acoustics and 
electroacoustics have always been evolving(and will con- 
tinue to) empirically around our culture(s). During the 
days of Sabine, Knudsen, and Beranek, the public-at -large 
did not live with " walkmen" glued to their ears, nor did our 
youth's accoutrements include "boom -boxes." Remember 
tennis - elbow? I suppose now they'll have box-shoulder! It 
is with the rapidly escalating integration of "high -tech- 
nology" with today's culture and newer musics that com- 
bining electroacoustic technologies with architectural 
techniques will become a necessity rather than a nicety. 

The AES Convention this past fall, in New York, 
featured an Electronic Architecture Workshop, organized 
by Marc L Beningson of Jaffe Acoustics, Norwalk, CT. 
The information presented at the workshop was gathered 
from a wide variety of sources, including phone conver- 
sations with various contributors, as well as notes, papers, 
and numerous diagrams submitted by them. All of this 
information was then compiled into a presentation for the 
workshop. The workshop was a survey of existing com- 
panies, people, and technologies involved with electronic 
architecture. The material of all of the participants of the 
workshop is included in this issue. The following is a list of 
all the workshop's participants: 

ELECTRONIC ARCHITECTURE WORKSHOP 
Chairman: Marc L Beningson, Jaffe Acoustics, Inc. 
Panelists: Wade R. Bray, Jaffe Acoustics, Inc., Peter 

Barnett, Acoustic Management Systems Ltd. 
Contributors: Herbert T. Chaudiere, Towne, Richards 

& Chaudiere, Inc.; Ing. Peter Swarte, N.V. Philips, 
Electro-Acoustics Div.; Professor John Ditamore (retired); 
Roger Happer, Acoustic Investigation Research Organi- 
zation( AIRO); David L Klepper, Klepper Marshall King 
Assoc., Ltd;David Neaderland, Technical Acoustics, Inc. 
(TAI); Theodore J. Schultz, Theodore J. Schultz Assoc., 
Inc.; Dr. J. Jacek Figwer, Jacek Figwer Assoc., Inc. 

Based on the AES Workshop, the material included 
goes beyond the scope and limits of the original presenta- 
tion. This expanded coverage of Electronic Architecture 
will provide more information, background material, and 
applications for those involved in live sound, commercial- 
sound, and/or studio work. With more than a hundred 
books, and what seems like an infmite amount of articles 
and papers, we have attempted to cover the topic in 
general, and have included extensive bibliographies for 
those who wish to probe the topic further. 

The first article in the issue comes from the desk of this 
month's editor, entitled, "Good Acoustics." Specifications, 
especially for ones written for something as subjective in 
performance as acoustics or elctroacoustics, i.e., any type 
of sound system, have become such a detailed objective art 
that we often forget what the original intent was -to 
understand the spoken word, or enjoy the music! The 
essence of this review is to remind us what good acoustics 
really means, and to provide a base from which to branch 
out to the science and art of Electronic Architecture. 

° Marc Beningson presents the information from the 

Workshop, covered in greater depth and detail in his article, 
"Electroacoustics in Architecture." Having the under- 
standing of what electronic architecture is all about, the 
next three pieces in this issue are about some of its 
applications. " Electronic Architecture Applications," 
discusses the implementation of Electronic Reflected 
Energy Systems(ERES), in some unique problem solving 
situations in concert halls, and music pavilions. 

To conclude this installment of Electronic Architecture, 
we have a presentation from L Richard Feld about 'invis- 
ible sound', or what Harry F. Olson talked about over 
twenty -five years ago-" active acoustics." Many of us 
have worked with a myriad of table mics, micro-processed 
mixers, logic-controlled loudspeakers, sophisticated signal 
processing, miles of wire, ad infinitum. What can be 
accomplished in board/conference rooms with electronic 
architecture using several ceiling - mounted modules, and a 
plug -in- card/mainframe system is a real eyebrow raiser - 
everything is in the ceiling, not a cable on the table! 

Harry F. Olson first reported, in the JA SA July 1959, of 
an "Acoustoelectronic Auditorium," in which the design 
of the room acoustics and sound system were integrated 
modifying the room's acoustics. Later, in his October 
1965 AES paper entitled, "Passive and Active Acoustics 
in Architectural Enclosures," Olson described the limita- 
tions of "passive acoustics" and outlined the revolution- 
ary concept of" active acoustics." Olson concluded, in his 
completely objective manner. 

The main reason for the passing of the acoustically 
passive architectural enclosure is its limited, antiquated, 
inadequate, capricious, and atrocious acoustical perfor- 
mance as compared to the acoustically active architectural 
enclosure. Furthermore, new electronic developments 
have made the acoustic possibilities and properties of the 
acoustically active architectural enclosure practically 
universal and unlimited. 

Olson had worked earlier, in the mid- 1950s, with John 
Volkman also of RCA, on "active acoustics" with an 
"electronic orchestra shell" in Haddon Heights, NJ, and 
at the Academy of Music in Philadelphia where they used 
the stairwells as reverb - chambers and coupled them back 
into the hall, thereby, extending the reverberation time. 
Thus, it can be said, that electronic architecture was first 
developed by Olson and Volkman, in the 1950s, when they 
designed architectural enclosures with "active acoustics" 
that provided optimum acoustic conditions for speech, 
voice, and music programs within the same space. 

With the direction in which music is headed, catalyzed 
by synthesizer technology and communication via the 
MIDI ( Musical Instrument Digital Interface) standard, it 
is clear that Electronic Architecture will become a vital 
part in the presentation of music. MIDI is rapidly growing 
in its capabilities; it can control, from note-to-note, signal 
processing, mixing consoles, lighting consoles, and now 
acoustics. Just as composers have always used their tools 
beyond the limits, they will now use acoustics beyond its 
limits. Those who will remain vociferous through the pre- 
sent evolution of Electronic Architecture techniques, will 
take their place in history with those die-hard vacuum 
tube crusaders. 

-Jesse Klapholz 
Guest Editor 
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Jesse Klapholz 
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Good Acoustics 

What is the meaning of ̀ good acoustics "? 

GOOD ACOUSTICS is perhaps the most presupposed 
and most loosely used term by the musical/ 
architectural world. Everybody from music 

critics to music listeners use "Good Acoustics" freely 
in their vocabularies without stopping to think about 
what it really means. "Good Acoustics" is not as "cut 
and dry" as it appears on the surface. Its parameters are 
based upon subjective musical tastes, which are then 

Jesse Klapholz is a contributing editor for db 
Magazine as well as guest editor for this particular 
issue. 

translated into the "physical domain," and are then 
finally defined scientifically. It is the object of this short 
review article to give us a perspective of the field of 
acoustics, including some background information, so 
that we may better understand and appreciate the term 
"Good Acoustics." 

OUR FOREFATHERS' FOREFATHERS 
It has often been said of acoustics that the basic 

theory was laid down early, and that all that was needed 
was its implementation by the necessary analysis and 
its application to new problems as they arose. The basic 
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theory of the production, propagation, and reception of 
sound was postulated by the ancient Greeks in substan- 
tially the same form as we accept it today. 

While the theory of pitch was conceived by the Greeks, 
it was not until the time of Galileo Galilei (1564 -1642) 
that acoustics as a science really developed. The great 
scientists and mathematicians of that period - Mersenne, 
Hooke, Taylor, Bernoulli, D'Alembert, Euler, Wallis, 
and Sauveur -were the most prominent to work on the 
mathematical and physical relationships of vibrating 
bodies. Perhaps Joseph Sauver's most recognizable 
contribution was that he first suggested the name acous- 

tics for the science of sound. Acoustics actually comes 
from the French word "acoustique," which was derived 
from the Greek word akoustikos, meaning "of or for hear- 
ing," which is from the word akouein, "to hear." 

OUR FOREFATHERS 
In 1853, a Boston physician, J. B. Upham, wrote several 

papers concerning the "multiple reflections" of sound 
from all the surfaces in a room and how they could be 
treated so the room's reverberation time could be reduced. 
In 1856, Joseph Henry made a study of auditorium acous- 
tics, although his suggestions were all of a qualitative 
nature. In 1895, Wallace Clement Sabine, a professor at 
Harvard University, developed a theory that reverbera- 
tion could quantitatively be measured as the time it takes a 
sound in an enclosed space to decay 60 dB, and is directly 
proportional to the room's volume and inversely propor- 
tional to the area of its absorbent surfaces. In 1900, Sabine 
served as the acoustical consultant for Boston Symphony 
Hall, making it the first music hall designed according to 
scientific principles. The only instrumentation available to 
Sabine at the time was his stop watch and his ears. 
Ironically, according to many critics it is still one of the 
best concert halls in the world. 

Sabine's work marked a new era in acoustics -an age 
of reverberation. For the next half century, the theory 
of reverberation, as first developed by Sabine, was to be 
the "golden rule" as well as the "buzz- word" of much 
discussion and conjecture for acousticians. Although 
during the vaudeville era, rooms were being designed 

empirically (Radio City Music Hall in New York City 
was the last such theatre to be built during this time), the 
early '20s saw the growth and development of a more 
scientific approach. Watson's "Acoustics of Building" 
(1923), was a milestone "single- source" on the subject 
for architects and engineers. In the '30s, Frederick V. 

Hunt, using the new electronics of broadcasting to the 
measurement of reverberation times and sound fields, 
perfected an apparatus for accurately tracing sound - 
decay curves. Professor Hunt engaged in continual dis- 
cussions with his students (among whom were LL. 
Beranek and T.J. Schultz) on the meaning of sound dif- 
fusion in auditoriums, direct-to-reverberant sound energy, 
optimum reverberation times for different sizes and 
purposes of auditoriums, and so on. A source of rever- 
beration criteria still used can be found in Vern O. 
Knudsen and Cyril M. Harris' book published in 1931, 
Acoustical Designing in Architecture, The Hearing of 
Speech in Auditoriums, published by Knudsen in volume 
#1,1929, of the Journal of the Acoustical Society of 
America. This endures as an important work in which 
he discusses the causes and effects of percentage of 
articulation, signal -to-noise ratio, reverberation, and 
the shape of the auditorium on speech communication 
in rooms. 

ROOM ACOUSTICS 
When a sequence of sounds is produced in a room, 

the original sound reaches a given listening point, plus a 
multiplicity of reflected versions that may reinforce and 
embellish the original or may distort and blur it beyond 
recognition. Room acoustics is a study of the influence 
of the room on the end product reaching each listening 
position. Rather than attempt to analyze such a com- 
plex phenomenon in one "view," several different 
idealized models may be used, which are often cate- 
gorized under the headings of "geometrical acoustics," 
"statistical acoustics," and "wave acoustics." Simply 
stated "geometrical acoustics" is the application of 
geometrical optic techniques to acoustical inves- 
tigations. The basic method is a graphical ray- tracing 
process from a source, through reflections from various 
surfaces in a hall, to their ultimate arrival at a listening/ 
observation point. The application of geometrical 
acoustics to design is ingeniously demonstrated by 
W.C. Sabine's paper, "Theatre Acoustics." It illus- 
trates his very successful use of an optical - acoustical 
pulse technique for studying the propagation of wave 
fronts in auditoriums. Variations of Sabine's approach 
were later developed by A.H. Davis, Takeo Satow, and 
the team of R Vermeulen and J. de Boer. As in geomet- 
rical optics, there are limitations for specular reflection a 
surface must be comparable in size to a wavelength, and 
smooth compared to a wavelength. Another complica- 
tion of the acoustical analogy is that the various direct 
and reflected versions of a brief sound may arrive at a 
listening point at noticeably different times, with a re- 
sultant distortion of the original. The acoustician must 
therefore consider both the spatial and temporal dis- 
tributions of sounds. Thus, it can be said that geometri- 
cal acoustics provides a way of examining the direct 
sound plus the first few reflections. 

Statistical acoustics deals with the reverberant sound 
resulting from many reflections from the room boun- 
daries. The multiplicity of reflected sounds is treated 
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statistically to relate the average level of reverberant 
sound in the room and the rate at which it decays to the 
absorption properties of the room surfaces. The first 
such scientific revelation was Sabine's famous formula 
T 0.049V /A, where T is the reverberation time in seconds, 
V is the room volume in cubic feet, and A is the room's 
absorption expressed in sabins. The assumption upon 
which Sabine's theory is based is that the growth, steady - 
state, and decay of sound in a room may be treated as 
continuous processes, with equilibrium at all times bet- 
ween the energy density in the room, the power being 
added to the room, and the power being lost by trans- 
mission or absorption. Implicit in this is the assumption 
that the sound field is diffuse; Le., that on the average it 
looks the same everywhere, with equal probability of 
waves traveling in all directions. Sabine recognized 
these limitations, but he found that in many rooms his 
theory described the reverberation processes with ade- 
quate accuracy. 

Indeed it still does. Sabine's formula has the defect 
that it yields a finite reverberation time in the limit when 
all surfaces are perfectly absorptive. Attempts were 
subsequently made to eliminate this defect and provide 
a formula that gives more accurate results. The most 
successful of these is the formula developed simultan- 
eously by K. Schuster, RF. Norris, and Carl Eyring 
The two more prominant presentations form an interesting 
contrast the Norris version is simple and brief, while 
Eyring's is an exhaustive analysis using image theory. 
Both lead to the same formula, quite widely used today, 
which agrees with Sabine's formula when room absorp- 
tion is low. Of the various reverberation theories, the 
Sabine theory remains the most satisfactory, when restric- 
ted to highly reverberant rooms. The other approaches 
involve certain assumptions about transit times be- 
tween successive reflections and the use of ray- tracing 
concepts that cannot easily be pushed to the statistical 
limit These difficulties were examined later in some detail 
by F.V. Hunt, L. Batchelder, and W.B. Joyce. 
However, for the accuracy needed in design, the Sabine 
formula provides the basis of a method for measuring 
absorption coefficients of materials; and depending on 
the parameters, either the Sabine or the Norris/Eyring 
formula can be used to calculate the reverberation pro- 
perties of a halL Wave acoustics is based upon wave 
theory as developed by Lord Rayleigh, who published 
wave equations and the expressions for normal modes 
in rooms and applied them to "room resonance" con- 
trol methods. In the mid '20s, E.T. Paris, who invented 
the stationary-wave tube for measuring normal -inci- 
dence absorption and impedance of materials, further 
developed the concept of acoustic impedance and its 
relation to sound absorption. The application of wave 
theory to room acoustics really took off in the mid '30s 
as a result of research by P.M. Morse and his co- 
workers. It was believed at the time that all the pheno- 
mena of room acoustics would soon be explained by 
wave theory. 

As the story unfolds, however, sound fields in most 
rooms are far too complicated to be described by wave 
acoustics alone. However, these studies have given us 
yet another view of the behavior of sound in rooms and 
of the physics of the absorption process. Although it is 
beyond the scope of this writing, a comprehensive look 
at the applications of wave acoustics to rooms may be 

found in a review paper by P.M. Morse and RH. Bolt 
(Sound Waves in Rooms Review of Modern Physics- 
* 16:69 -150, April 1944.) 

SHORT -TERM ROOM CHARACTERISTICS 
The techniques of statistical acoustics and rever- 

beration time provides us with room characteristics 
which may be described as the long-term transient be- 
havior of sounds in rooms. Reverberation, though, is 
only part of what we experience in listening to sounds 
being transmitted in rooms; equally important are the 
short-term transient characteristics of rooms. The se- 
quence of reflected sounds in a hall is universally ac- 
cepted to have a strong influence on a listener's acoustical 
assessment of a halL Early systematic approaches con- 
cerning the short -term response of halls were carried 
out by C.A. Mason and J. Moir, and Erwin Meyer and 
his associates at Gottingen University in Germany. 

While some investigators studied the directional dis- 
tribution of arriving sounds, others have emphasized 
the timing and relative magnitudes of successive ar- 
rivals. A special objective of the early reflection studies 
was to investigate the relation between the timing of the 
various signals reaching the listener and the apparent 
location of the source. The effect, in how it relates to 
electronic reinforcement systems, was known at least 
as early as 1935, when two papers were independently 
presented by RD. Fay and W.M. Hall at the fourteenth 
meeting of the Acoustical Society of America. 

In 1951, a more complete study was made by Meyer's 
student, Helmut Haas - hence, the term "Haas-effect" 
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Architecturally developed early reflections. 

Shortly thereafter, Bolt and Doak proposed a transient 
response criterion for auditorium design purposes.In 
the '50s a worldwide study of many of the better known 
concert halls was undertaken by Leo L. Beranek, in- 
cluding interviews with conductors, musicians, and music 
critics. This study resulted in his book, Music Acous- 
tics and Architecture. Two of the most important design is 
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parameters, as described in Beranek's book, were the 
initial time -delay gap at a listener's position (defined as 
the difference, usually measured in milliseconds, bet- 
ween the direct sound from the source and the first 
reflection), and the values and shape of the curve of the 
reverberation time versus frequency. 

Later, researchers at Bolt Beranek and Newman, Inc., 
(BBN) of Cambridge, Massachusetts, set up an elect 
troacoustical experiment in Philharmonic Hall which simu- 
lated the sound field perceived by a main floor listener in 
terms of three components: direct sound; the reflection 
from the ceiling panel array; and the reverberant sound. 
Through being able taelectroacoustically alter the above - 
mentioned sound components, they were able to demon- 
strate the effects of changing spectral content in the early 
and late sound fields. At the BBN laboratory, Schultz and 
his co-workers demonstrated that it is not important that 
early reflections have a full complement of low- frequency 
energy. Like telephone circuits, the "musical intimacy" 
and "definition" functions depend principally on clear 
"consonants." They further showed, that the perception of 
"warmth" (or rich bass sound), though apparently in- 
dependent of the spectrum of the early sound, is lost when 
the late arriving reverberant sound is deprived of its low - 
frequency energy. The ear seems to judge spectral-bal- 
ance in terms of an integration over several hundred 
milliseconds; it is willing to wait for the reverberant energy 
before making its evaluation of musical warmth. One of 
Schultz's conclusions was that the reverberant field can 
stabilize the overall spectral balance despite low-frequency 
deficiencies in the early sound. 

CONDITIONS FOR GOOD HEARING 
Let's take a moment to review what we have discussed 

so far. Starting immediately after the initial- time -delay- 
gap( whose duration establishes the "size" of the hall), we 
hear a number of individual reflections that perceptually 
"cue" us for our determination of the hall's characteristics 
that include articulation, definition, spatial imaging of the 
source( s), intimacy, presence, and ambience /spaciousness. 

Subsequent to the early arrivals, the later reflections' 
density increases as time squared, so the density of reflec- 
tions becomes extremely high after a short time. There- 
fore, for clarity's sake alone, we are primarily concerned 
with the statistical properties of the late-field and not its 
detailed structure. The quantity of RT60 is just that, a 
number -not the definition of what reverberation is. The 
balance of energy between the early- and late-field is the 
critical acoustical parameter that determines a hall's live- 
ness, clarity, and warmth of sound. Simplistically, a hall's 
acoustical parameters are structured in terms of its com- 
ponents in the early -and late-field, and the balance bet- 
ween the two. 

A concept that is most overlooked is the coupling of 
adjacent spaces- in fact, most tables of absorption coef- 
ficients include procenium openings. While a procenium 
may be absorbent for one space under consideration, it 
misleads us in that we overlook the effects of the rever- 
berant energy of one space coupling to another. In most 
theaters the stagehouse may be larger than the auditorium, 
with a greater reverberation time which couples to the lis- 
tening space. This may be used to the designers advantage 
by "fooling" the space into thinking it's bigger than it 
actually is. In designing musical performance spaces, one 

must satisfy the requirements of the source area, the listen- 
ing area, and how the two interact with each other. While it 
is beyond the scope of this article, it must be understood 
that the acoustical requirements for performance/listening 
spaces include many aspects not discussed here, including 
site selection, noise criteria, room shapes, dynamics, 
ensemble for performers, and freedom from flutters and 
echos. 

Acoustics is a science that constantly evolves around 
musical technology and musical trends. Musical instru- 
ments were developed empirically, and as they became 
reliable composers and musicians began using them in 
their works. As musical instruments grow, so do the 
requirements of room acoustics. It is the job of the 
acoustician to provide a "translation" system so that 
the musician may communicate his ideas to the listener. 
It is, therefore, the priority of the designer to accurately 
understand the requirements of the space, so that he can 
implement them into a physical design with good 
acoustics. 
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Marc L Beningson 

Electro - Acoustics in 
Architechture 
Electro-acoustic solutions create the correct acoustic 
environment. 

T 
HE ACOUSTIC CHARACTERISTICS of a space are critical 
to the correct perception of any performance in that 
space. Traditionally, physical acoustic solutions 

have been used to create the correct acoustic environment 
for a given program. More recently, electro- acoustic 
solutions have been developed to create required acoustic 
criteria in situations where innovative architecture, his- 
toric preservation, multiple use, or other factors limit or 
prevent more traditional physical acoustic solutions. In 
the next few pages, the reader will find a synopsis of what 
Electronic Architecture is, as developed and practiced by 
Jaffe Acoustics, and descriptions of seven different elec- 
tronic systems used for acoustic design problem solving. 

PHYSICAL/ELECTRONIC 
Perception of sound in a performing arts facility is 

dependent upon the relationship of the acoustic environment 
to the program being presented. Qualities that listeners 
describe as warmth, intimacy, and fullness are the result of 
specific acoustic criteria of both source and listening areas 
of a concert hall or theater. The acoustician can translate 
these qualitative experiences into quantitative room 
characteristics relating to the time arrival and intensity of 
early reflections and the amplitude and duration of rever- 
beration. It is the role of the acoustician to create the correct 
acoustic environment for the intended program(s) of a per- 
forming arts facility, using a variety of design solutions. 

Traditionally, acoustic design solutions have been of a 
physical nature, dealing mainly with the placement and 
treatment of boundary surfaces. While not in any way a 
replacement for properly executed physical acoustic 
designs, electronic solutions can be devised to provide the 
same acoustic characteristics, especially in situations 
where physical acoustic solutions are impossible, imprac- 
tical, or undesirable. 

Simply stated, Electronic Architecture is the applica- 
tion of electro- acoustic systems to meet the necessary 

Marc L Beningson is an acoustical consultant at Jaffe 
Acoustics of Norwalk CT 

acoustic criteria of a space in place of, or in conjunction 
with, physical architectural surfaces. 

THEORY 
It is well known that reverberation time is an important 

factor in the acoustic design of any performing arts facility. 
The distribution and intensity of early reflections is at least 
as important as reverberation time. The sound received by 
the ear in the first 30 milliseconds following the arrival of 
the direct sound contains information that is critical to the 
perception of definition or articulation of speed and music. 
The ratio of direct to early reflected sound, and the ratio of 
direct to reverberant sound are key factors in determining 
the quality of sound in a space. 

Our experience indicates that these architectural com- 
ponents can be enhanced or even replaced by electronic 
components. The use of electronic design solutions is 
referred to as Electronic Architecture because the system 
affects sound in a space in exactly the same way as physi- 
cal architecture. 

The direct sound field is not amplified, reinforced, 
enhanced, or affected in any way. A design solution 
encompassing electronic architecture cannot be described 
as a sound reinforcement system. Only the reflective and 
reverberant fields are controlled through electronic archi- 
tectural design. Because the system operates at low levels, 
loudspeakers are never identified as discrete sources, and 
experienced listeners cannot discern between comparable 
physical and electronic architectural acoustic environments. 

INNOVATIVE AND UNUSUAL ARCHITECTURE 
Throughout the world, there are hundreds of concert 

halls and theaters. The vast majority of them have con- 
figurations that do not vary significantly from one another. 
Even so, most architects prefer to add a personal statement 
to their designs. Acoustical requirements place a severe 
limitation on the architect's creativity if only physical 
design solutions are considered. 

The use of electronic architecture allows the basic hall 
configuration to deviate from the norm. Architectural sur- 
faces such as the theater walls and ceilings, underbalcony 
ceilings and soffits, and the proscenium throat-walls can 
be placed in less than ideal acoustical positions. The 
volume of the hall can vary, and within limits, the propor- cñ 
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tions of the hall can deviate from the usual. Importantly, a 
more intimate atmosphere can be created without sacrificing 
acoustical performance. The limitations placed upon an 
architect's design in order to meet acoustic criteria are 
reduced, because the criteria can be satisfied electronically. 
Electronic Architecture offers the architect more freedom 
to develop creative performing environments. 

The Outdoor Music Pavilion is a North American 
phenomenon which is rapidlyspreading. The Pavilion pro- 
vides an informal, comfortable setting for concerts of all 
types. Frequently, such facilities are summer homes for 
major symphony orchestras, but the casual atmosphere 
and number of seats attract " middle of the road" and rock 
acts as well The combination of fixed seating under a 
shed -roof and an open -lawn area accommodates audiences 
from four thousand to well over fifteen thousand, without 
the facility seeming empty or overcrowded. 

With wide -fan shaped seating, a high roof, and no side or 
rear walls, a music pavilion is an unusual piece of architec- 

acoustic qualities of a renovated theater are of prime con- 
cern to the user, a delicate balance between historical and 
acoustical requirements must be maintained. With the 
acceptance of electronics in the concert hall environment, 
both acoustic and historical requirements are met, thereby 
giving special historical spaces "a new lease on life." 

ASSISTED RESONANCE (AR) ACOUSTIC - 
INVESTIGATION RESEARCH ORGANIZATION 

Assisted resonance (AR) was developed by P. H. Parkin 
and K. Morgan of the Building Research Station. The year 
1964 saw the start of a four -year research and development 
program to install a system in the Royal Festival Hall to 
correct the short-fall in low frequency reverberation. The 
reverberation time was measured at some 1.5 seconds, a 
little on the low side for symphonic presentations. The AR 
system was a practical alternative to radical physical 
changes to the room. 

An AR system consists of a large number of micro- 
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Figure 1. Block diagram of the basic system channel. 

ture presenting many difficulties in terms of physical 
acoustic designs. While concert enclosures and forestage 
canopies can provide early reflections to seating areas 
closer to the stage, the size and shape of the seating area 
does not permit the distribution of natural reflections in 
sufficient quantity or amplitude to the entire audience. 
Due to their size, it is difficult for an orchestra to generate 
enough sound pressure to energize the air volume in a typi- 
cal pavilion. With electronic architecture, an orchestra 
can perform without reinforcement to an audience of five 
thousand people under the shed roof cover. The volume 
under such a roof might be l.5 to 2.0 million cubic feet, two 
to three times that of the Boston Symphony HalL 

EXISTING STRUCTURES AND HISTORIC 
RENOVATIONS 

Physical modifications to an existing structure to 
improve the acoustics environment of a space may be 
impractical or impossible. Lifting a balcony, raising a roof, 
or moving walls are all extraordinarily expensive under- 
takings whose budget implications could easily eliminate 
the feasibility of proceeding with a project. Electronic 
architecture provides the ability to create the appropriate 
acoustic environment without the expensive alterations of 
building structure. 

Historical renovations are an important application for 
electronic architecture because the historic character of 
the architecture of the theater is the motivating factor for 
the renovation. This environment would be destroyed 
through the architectural modifications required by tradi- 
tional physical acoustic design solutions. Because the 

phone -amplifier -loudspeaker channels with each channel 
being, as far as practically possible, frequency indepen- 
dent of the others. This frequency independence is 
achieved by the use of high Q acoustic filters ( Helmholtz 
resonators). A block diagram of the basic system channel 
is illustrated in Figure 1. Each microphone is placed at a 
frequency - specific pressure anti-node, and its associated 
loudspeaker is placed at a corresponding frequency- maxima 
(peak). The two are then joined by an amplifier and phase 
shift network, and the phase is adjusted so the signal is in a 
"phase- locked -loop." The system employed in the Royal 
Festival Hall uses 168 of these channels and achieves an 
increase in reverberation as shown in the graph of Figure 
2. Parkin also recorded an increase in sound pressure level 
in the reverberent field with the system on and this amounted 
to some 19 dB in the 115 Hz octave band. 

The number of channels used is based on work carried 
out by Schroeder and Kuttruff who demonstrated using a 
statistical method that the transmission response between 
any two points in a space had peaks which may be expec- 
ted to occur, on average, at a frequency interval n(f) given 
by:p(f) 3.9VRT. 

For the Royal Festival hall this implied a frequency 
spacing of around 3 Hz and hence to cover the frequency 
range 58 Hz to 700 Hz which would require over 200 
channels. 

In 1969 the Acoustic Investigation Research Organiza- 
tion ( AIRO) was granted a license to exploit the assisted 
resonance concept and between 1969 and 1983 some ten 
systems have been installed. 

There have been a number of developments in the Assisted 
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Resonance System since the Royal Festival system. 
AIRO reduced the number of channels and increased the 
frequency range over which the system was to operate. A 
recent typical system employs 90 channels and covers the 
frequency range 63 to 1300 Hz. The channel spacing is not 
allocated on the basis of constant frequency, but instead 
the spacing is typically four percent at low frequencies and 
two percent at the highest This is based on the premise that 
the ear's discrimination is related more closely to a 
logarithmic rather than linear frequency interval. 

Obviously, the technology employed has been updated. 
AIRO now uses 50 Watt MOSFET power amplifiers 
instead of the 5 Watt tube amplifiers of the original system, 
and instead of fixed attenuators they use a microcomputer 
to change the gain. The microcomputer offers the feature 

ASSISTED 
unit' 
TIME 

2 S 

1st 

1 of 

03, 

RESONANCE-ROYAL FESTIVAL HALL LONDON U.K. 

t 

.....,ASSISTED 

\/ 
NATURAL 

- 

Mt !USN, 250Mí SOON, 11Ní TIN, LIN XI 

rHLORIA LM 

Figure 2. Graph showing increased reverberation 
in the Royal Festival Hall. 

of instantaneous changes of every channel, with, for exam- 
ple, "presets" of opera, symphony, or speech. The latest 
system installed was in Eugene, Oregon (1981), in accor- 
dance with the specifications of our firm. It is a multi- 
purpose hall that hosts symphony, Broadway shows, and 
rock concerts. The reverb times for these presentations are 
obviously conflicting, andFigure.í' shows the AR system's 
range. 

The AR system, as installed at Royal Festival Hall, was 
the first application of Electronic Architecture. When first 
installed, no one was told of the intrusion of electronics 
into the hall. However, it was when musicians and the 
music critics began favorably commenting on the hall's 
improved acoustics that, the system was announced and 
subsequently expanded. It was the immediate success of 
the AR system that paved the way for the acceptance by 
musical communities of Electronic Architecture. Multi - 
Channel Reverberation System (MCR), N. V. Philips, 
Electro-Acoustrics Division. 

This system was developed by Professor N.V. Franssen 
of Philips Electroacoustics Division, Netherlands, in 
1968. This system, as its name suggests and in common 
with Assisted Resonance, consists of a large number of 
channels (between fifty and 100), the exact number being 
dependent on the hall and the reverberation lift required. 
However, the channels are not frequency -selective, and 
are, therefore, frequency independent Franssen's original 
intent was to design a sound reinforcement system that was 
source /listener -position independent However, the num- 
ber of channels required made this approach cost prohibi- 

tive. Philips, therefore, applied the system to reverberation 
enhancement techniques. 

Philip's MCR, however, is not to be confused with their 
Ambiophony system which predates MCR In the Ambio- 
phony system the sound near the source was picked up by 
microphones, delayed by a magenetic tape waterfall type 
delay unit, and then added by means of distributed loud- 
speakers to the diffuse sound in the auditorium. This system, 
which used the Philips EL6911 tape delay unit, was 
installed in many theaters including Studio 4 in the BBC 
Television Center, and the Teatro alla Scala in Milan, 
where it is still in use. 

The typical MCR channel is shown in Figure 4. 
Equalization is applied to correct for the random -directive 
sensitivity of the microphone, loudspeaker, and the transfer 
function between them. The principle behind this system is 
simple and compact In the diffuse field, sound energy den- 
sity and reverberation time are directly related, so that if 
the diffuse sound is amplified there will be a corresponding 
increase in reverberation time. Basically then, the MCR 
system is a sound reinforcement system that amplifies the 
diffuse or reverbererant field, as opposed to conventional 
reinforcement systems that amplify the direct field only. 

Unlike Assisted Resonance, where the microphones are 
placed at frequency -specific pressure antinodes, the 
positions of the MCR microphones and loudspeakers are 
predetermined statistically and each channel amplifies the 
entire spectrum. However, each element must be in the 
reverberant field with respect to any other element In 
practice it is found that for each channel about 0.8% is 
added to the energy of the sound field, but only 0.6% to the 
reverberation time. Increasing the reverberation time by 
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Figure 3. Reverberation times at Hult Center, Eugene, OR 

half, thus, requires over 80 channels. While it is advan- 
tageous to be able to precisely define the positions of 
transducers for very small spaces, it could be difficult or 
impossible to find sufficient positions that both satisfy the 
reverberant field criteria and provide the required rever- 
beration lift. 

Like Assisted Resonance, the MCR system's rever- 
beration is dependent directly upon system gain. Both systems 
operate at only -5 dB to -10 dB below feedback, and as such 
there is only a small margin of error. The theoretical limit 
for raising the original diffuse -field level is 12 dB. However, 
coloration sets in just above 5 dB of gain and system 
instabilities are encountered beyond 6 dB of gain, where -4 

www.americanradiohistory.com

www.americanradiohistory.com
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Figure 4. Simplified block diagram of basic 
reverberation system. 

there is a doubling of the reverberation time. The MCR 
system has a continuous checking system that inspects the 
electronic gain to detect the onset of problems. It does not, 
however, check the total loop gain since this would involve 
continuous acoustic measurements. There are also two 
detection and measuring microphones which are placed 
between the sound source and the system microphones. 
These microphones provide advance warning of levels 
outside the system's capability (l10 dB SPL) such that 
overload and distortion will not result 

To date, five MCR systems have been installed, the 
most recent is in Limehouse Studio 1, London, where it is 
intended to provide an acoustic climate suitable for 
orchestral presentations in an otherwise acoustically dead 
space. Similarly, the Hans Rosbud Studio Sudwesfunk 
broadcasting organization in Baden -Baden (Federal 
Republic of West Germany) has been provided with a 70- 
channel MCR system. The first auditorium to be pro- 
vided with an MCR system was the one in Philips POC 
Congress Centre, Eindhoven, (1981). The POC system 
consists of 90 channels, so that the reverberation time can 
be increased in steps from 1.1 seconds to about 1.7 
seconds. An MCR installation has also been fitted at the 
Claude Debussy Theatre of the Palais des Festivals et des 
Congres, Cannes (France). The 66 channels can be used 
to increase the mean reverberation time from 1.45 seconds 
to 2.0 seconds. The Saalbau, a multi- purpose hall at the 
Weinstrasse, in Neustadt Netherlands, is the most recent 
MCR installation. It has 79 channels, and through the mid- 
range it raises the reverberation time from 1.25 seconds to 
2.0 seconds. 

REVERBERATION CHAMBERS AND ACTIVE 
ACOUSTICS -Bolt, Beranek, & Newman; John W. 
Ditamore; Paul S. Veneklasen. 

Prior to the advent of electronic delay and reverberation 
devices, external chambers were used as the source of 
additional reverberation to be added to halls. In a system of 
this type, microphones fed loudspeakers in an isolated re- 
verberation chamber located elsewhere in the facility. 
Additional microphones were used to pick up the rever- 
berent sound and feed it to loudspeakers distributed 
through the facility. 

In 1965, David Klepper (now with KMK) and Russell 
Johnson (now with Artec) worked in conjunction with 
John Ditamore, an independent theater consultant on the 
faculty of Purdue University. They designed and specified 
an electronic reverberation/surround system for the Miller 
Auditorium, University of Western Michigan, Kalamazoo. 
The system used conventional microphoning and mixing 
techniques, with the console feeding a power amplifier 
driving an Acoustic Research loudspeaker in a reverbera- 
tion chamber, well isolated from the auditorium. 

The reverberation chamber had an adjustable drape to 
vary the reverberation time from about one to three 
seconds at mid -frequencies, depending on the extent of the 
drape exposed from its pocket The signal in the reverbera- 
tion chamber, which was completely non - parallel, was 
picked up by an omnidirectional condenser microphone, 
fed through a tape -loop delay unit (built from an Ampex 
350), and delivered through amplifiers to a number of 
Altec 604 coaxial loudspeakers above a panel -array ceil- 
ing and behind sound -transparent walls. This system 
worked well for orchestral performance, and is still in use, 
although some modern digital equipment has been added 
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Figure 5. MCR system graph at Limehouse Studio I 
in London. 

Paul S. Veneklasen filed for a patent on a "Method for 
Synthesizing Auditorium Sound" in May of 1967, was 
granted U.S. Patent Number 3,535,453 in October, 1970, 
which is shown in Figure 6. This system utilizes a rever- 
beration chamber and a delay tube to provide both the 
reflection patterns and reverberation of a large auditorium 
in a smaller room. The system was conceived for use with 
either a natural or amplified source. The system was des- 
cribed to have a more natural room sound, hence the use of 
the word synthesized,' rather than `artificial' reverbera- 
tion provided by tape delay systems. The Veneklasen sys- 
tem was installed at the Classic Beauty Collection, San 
Sylmar Museum, Sylmar, California, to enhance the 
acoustics of an auditorium where a large Wurlitzer theater 
pipe organ is played regularly. 

Veneklasen's Auditorium Synthesis method was also 
used by his firm as a research tool. The progression of 
direct, envelopmental, and reverberant sound were pre- 
cisely controllable. One of the most important facts first 
demonstrated was that, as important as are time delays and 
directions, the relative levels of the three key components 
of auditorium sound are most important They also found 
that, the preferred levels vary with taste and program 
material, and in particular, the ratio of reverberant versus 
direct sound is more important than the reverb time itself 
and controls the clarity. 

In 1974, John Ditamore served as theater consultant to 
Rudder Auditorium at Texas A & M University in College 
Station, Texas, and designed a sound reinforcing system 
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Figure 6. Paul S. Veneklasen's method for 
synthesizing auditorium sound. 

including active acoustis.' In a manner similar to the 
University of Western Michigan system, an external 
reverberation chamber was used to provide additional 
reverberant sound through loudspeakers located through- 
out the ceiling., sidewalls, and balcony soffits. The levels of 
both the direct sound from proscenium speakers and the 
reverberant sound were independently adjustable. The 
basic reverberation time at mid -frequency, without the 
active acoustics system, was 1.4 seconds. This was 
increased to 1.8 second with the system in use. 

REVERBERATION ENHANCEMENT WITH 
ELECTRONIC DEVICES -Bolt, Beranek & New- 
man; J. Jacek Figwer, Theodore J. Schultz; David L 
Klepper, Towne, Richards & Chaudiere, Inc. 

In the late 1960s, Bolt Beranek & Newman served as 
acoustical consultants on a project to improve the acous- 
tics of Kresge Auditorium, a 1238 -seat multi -purpose 
auditorium on the Massachusetts Institute of Technology 
campus. In conjunction with a series of suspended plaster 
sound reflecting panels designed to counteract the un- 
desireable acoustic qualities of the room's dome - shaped 
ceiling, a number of experiments in electronically assisted 
reverberation were conducted in 1967 -1969. The result 
was a system designed by Jacek Figwer, using a Kuhl's 
plate as the reverberation source and two rows of four 
loudspeakers installed above the reflector panels. The 
front row speakers point upward and the sound is reflected 
from the ceiling. The rear speakers point downward. 
Signal delay is used to provide the correct arrival time of 
the reverberant sound following the direct sound. The two 
system microphones are hung from the reflector panels 
over the orchestra. "In the technical minded community of 
M.I.T., the intrusion of electronics into the world of music 
did not seem to create any adverse reactions," according to 
Dr. Figwer. The block diagram for the system, and the 
resulting lift in reverberation is shown in Figure 7. 

In 1976 to 1977, Figwer designed an underbalcony system 
in conjunction with Ted Schultz, physical acoustics con- 
sultant for Bolt, Beranek, & Newman, Inc., on a project 
involving the Orpheum Theatre in Vancounver, British 
Columbia. The concept was to obtain reverberation from 
the upper portion of the hall itself, which was not lacking in 
reverberation, and introduce this natural reverberation 
into the deep, low overhang underbalcony area through 
loudspeakers in the balcony soffit. No additional delay 
was required due to the geometry involved. The intent was 
to keep the installation a secret, but word leaked out, 
resulting in skepticism on the part of the conductor and 
musicians. However, Schultz reports that after initial tun- 
ing and adjustments, the musical community was delighted 
with the system's ability to remove the balcony. 

In 1984 at Klepper Marshall King Associates, Ltd., 
David Klepper designed a simple, but comprehensive, 
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sound reinforcement system for the University of Hartford's 
Lincoln Theatre, in West Hartford, Connecticut. The system 
re -used existing JBL loudspeaker clusters, which can pro- 
vide reinforcement by themselves, or serve as precedence 
loudspeakers in conjunction with a distributed system of 
Electro-Voice PRO-12 loudspeakers, partly on delay. The 
Music School's Lexicon 224 reverberation unit has been 
used with the system to add liveness to chamber music per- 
formances and will be programmed for orchestral concerts 
in the future. 

Electronic Reflected Energy System (ERES) -Jaffe 
Acoustics, Inc.; Technical Acoustics, Inc. When an Elec- 
tronic Forestage Canopy (EFC) was installed at the 
Oakland Paramount Theatre in Oakland, California, in 
1973, the involvement of Jaffe Acoustics in the field of 
Electronic Architecture began. Historical renovaton did 
not permit the installation of forestage reflector panels, 
required for providing critical early reflections in the theat- 
re. In conjunction with the natural excitement of physical 
volumes acoustically coupled with a hall- such as acous- 
tic `moats,' stagehouses and organ chambers -to extend 
and enhance reverberation in a hall, Jaffe Acoustics 
developed a system to electronically energize these coupled 
volumes -the Reverberant Field Energizer (RFE). This 
system was first used in 1977 at Laurie Auditorium, San 
Antonio, Texas, and was granted U.W. Patent #4,061,876 in 
December, 1977. In the following years, these systems 
evolved into the Electronic Reflected Energy System, or 
ERE S. 

ERES uses loudspeakers distributed throughout a hall 
to enhance or provide natural reflection patterns for the 
proper perception of sound in the hall. While other elec- 
tronic architecture systems deal primarily with reverberation, 
ERES provides presence, running liveness, reverberation, 
and warmth in a concert hall, theater, or multi-purpose 
performing arts facility. Any or all of the four channels 
may be used individually or simultaneously, depending on 
the acoustic requirements of the hall itself and particularly 
the intended program of the space. ERES can be used to 
correct acoustic deficiencies in an existing hall, however, a 
number of multi-purpose theaters have been constructed 
with ERES included as an integral part of the acoustic 
design of the facility. The four basic channels of ERES are 
shown in Figure 8 . 

The first two channels are provided through the use of 
digital delay devices and strategically located distributed 
groups of two- and four -inch loudspeakers. Delay times 
are set to provide or augment the envelope of early field 
reflection patterns for a specific audience area. Each 
transducer requires 10 -20 Watts of amplifier power. The 
second two channels are provided through the use of a custom, 
multi -tap digital reverberation device and distributed 
eight -inch coaxial and twelve-inch loudspeakers. The cus- 
tom reverberator provides a diffuse package of late arriving 
reflections, gradually decaying but pseudo-randomly 
varying in amplitude and time spacing, which combines 
with the natural reverberation decay of the room. The 
reverberation time, the level of the reverberant field, or 
both, may be increased. Each transducer requires 20 -50 
Watts of amplifier power. 

Sound pick -up is in the late field of the sound source, by 
microphones implanted in overhead reflector panels. 
Although a number of microphones are provided for dif- 
ferent programs( symphony, symphony pops with soloists, 
chamber, chorus), generally only one microphone is used 
for a particular function. One or more notch filters are pro- 

vided to remove primary feedback frequencies if necessary. 
Technical Acoustics Inc., a wholly -owned subsidiary of 
the Bozak Corporation, New Britain, Connecticut, currently 
manufactures a line of products for Acoustic Field 
Management Systems using ERES and other technology 
under license from Jaffe Acoustics for applications in per- 
forming arts and religious facilities, as well as corporate 
boardrooms and conference rooms. 

AMBIENCE ENHANCEMENT BY TOWNE, 
RICHARDS, AND CHAUDIERE, INC. 

Towne, Richards, and Chaudiere's involvement with 
Electronic Architecture, or as we call it, Ambience 
Enhancement, has been in the area of broad -band enhan- 
cement of reverberation, in conjunction with the facility's 
sound reinforcement system. 

This approach has been the result of typical projects 
with budget limitations and multi-use program requirements. 
It is not always possible to have sufficient volume for 
music programs (hence, inadequate reverberation), and 
speech- related programs are best with relatively little 
reverberation. This conflict (speech vs. music) can be 
resolved for much less money using Ambience Enhance- 
ment as compared to adjusting reverberation by architec- 
tural means. 

Our first experience was at the Capitol Theater restoration 
in Yakima, Washington. This Pantages theater originally 
opened in 1920, functioned for a time as a movie theater 
and was restored as a community multi-purpose performing 
arts facility in the late 1970s. Our calculations indicated 
the hall would be on the dry side for classical concert use 
and since a good house sound reinforcement was needed, 
we looked into the possibility of adding some reverberation. 

The sound system was designed as a combination point 
source /delayed distributed, primarily since the seating 
under the deep balcony could not see the cluster centered 
over the proscenium. A Quad Eight CPR-16 digital reverb 
unit was fed from one of the outputs of the sound system 
console and fed to the four delay zones as well as directly to 
speakers in the domed ceiling of the theater. The reverb 
unit was operated as a single-channel device. 

The opening concert with Jan Peerce and the Yakima 
Symphony was positively enhanced by judicious use of the 
system. It was determined that any attempt at" more is better" 
could be disastrous, particularly in view of the inherent 
coloration of the CPR-16. 

The next two installations used a similar approach, but 
with the Lexicon 224. These systems, one at the McMinnville, 
Oregon, Community Center, a multi-purpose facility gen- 
erated out of an old National Guard Armory building, and 
the other at South Kitsap High School Auditorium, a 700 
seater in Port Orchard, Washington, were a definite 
improvement over the Capitol Theater system, but were 
still basically a single channel system. 

The next installation, in a multi-purpose room at the 
new Jewish Community Center on Mercer Island, 
Washington, incorporated two basic improvements. In all 
of the previous installations, the distributed speakers were 
all ceiling mounted and exposed. In the Jewish Com- 
munity Center, there were both ceiling and side wall 
speakers, totally concealed, which were wired on alternate 
circuits to the left and right incoherent outputs of the 224 
reverb unit. 

In the previous installations, the sound system operator 
had access to all the reverb unit controls. At the JCC, the 
224 control head was preset and put in the equipment rack. 
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The sound system controls and a single reverb control 
were mounted on a panel at the back of the hall. The effect 
was the best yet. 

The latest system is presently being installed in a multi- 
purpose auditorium on Kodiak Island in Alaska. The hall 
is very similar to the South Kitsap High School Auditorium, 
but the system will use the Lexicon PCM -60 which is less 
expensive than the 224, and will have only ceiling dis- 
tributed speakers, but will be wired on alternate "left/ 
right" circuits. 

Characteristic Frequency Spectrum Time Arrival 

Presence 
Liveness 
Reverberation 
Warmth 

250 - 6000Hz 0 - 20 msec 
250 - 2000Hz 300 - 2500 msec 

20 - 1500Hz 300 - 3000 msec 
20 - 250Hz 60 - 300 msec 

Figure 8. Four basic channels of ERES. 

Two other systems, one at another Pantages Theater 
restoration and the other for a new State University 
Theater building, were carried through design but not 
implemented to date, due to budget constraints. All of the 
systems can apply the reverb to the reinforcement mix 
and/or dedicated "ambience" mics. The latter can be 
PZM's mounted on the orchestra shell overheads. Where 
"idiot proof" user operation is a requirement, preset 
parameters with a simple "dry to wet" control can be 
used effectively. 
Our limited experience shows that properly implemented, 
broad -band ambience enhancement can provide a positive 
effect that would not be possible without it. We see an 
increasing potential market in community and institutional 
multi -purpose performing facilities. Where competent 
resident operators are available, the wide range of select- 
able parameters in state- of- the-art reverberation devices 
can be used to good advantage for special effects, and/or 
varying program requirements. 
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Figure 9. Simpljed block diagram of the basic RODS 
system. 

REVERBERATION ON DEMAND SYSTEM 
(RODS)- ACOUSTIC MANAGEMENT SYS- 
TEMS, LTD. 

RODS is the most recent development in the area of 
electronic architecture and was developed by Peter Bar- 
nett, formerly with AIRO ( the developers/suppliers of the 
AR system). This system is designed to integrate with 
ERES and provides only the reverberation content. The 
diagram of Figure 9 shows a simplified block diagram of 
the basic system. The essence of the system is as follows: 
Switches SI and S2 are controlled by a microprocessor. 
The state of the switches is dependent upon the sound field; 
when the field is either steady or rising, SI is closed and S2 
is open. When the sound field starts to fall, SI opens and S2 
closes. releasing the stored reverberation into the space. 
Since SI and S2 cannot be closed at the same time, the pro- 
blem of coloration due to recirculation is much reduced. 
Clearly this is a much simplified account, since SI and S2 
are not, in fact, switches, rather they are digitally- controlled 
attenuators. 

Because the reverberation level in one frequency band 
could be falling while another is rising, there is a need to 
increase the number of frequency dependent channels. 
The expanded block diagram of Figure 10 shows a com- 
prehensive system. The system operates on the same prin- 
ciple as the basic system, but each channel operates 
independently in a fixed frequency bandwidth. In addition, 
delay units and input and output transducers have been 
added to ensure that the reverberation is delivered in a 
natural fashion. 

EPILOGUE 
The viability of electronics in imitation of architectural 

acoustics has been shown as an adjunct to basic architec- 
tural and noise - reduction acoustic design techniques. An 
outline of the seven basic types of elctronic architecture 
techniques established a perspective on the technology. It 
was also shown that the use of electronic architecture gives 
the architect and/or owner unprecidented freedom for 
expression in architectural statement and flexiblity, while 
providing true multi- purpose spaces with the appropriate 
good multi -purpose acoustics. Likewise, these techniques 
allow for complete and precise control of the acoustics by/ 
for the composer /musician enhancing and extending the 
limits for both performers and listeners alike. The increas- 
ing interest in performance -space electroacoustics, and its 
economic and functional attractiveness, is manifest in 
applications from small boardrooms to large multi- purpose 
halls. Perhaps, the next horizon are real home hi -fi 
ambience systems! 
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Electronic Architecture 
Applications 

Learn the ins and outs of architectural acoustics 

Room acoustics, characteristic of almost any room 
or hall, can be duplicated in three dimensional 
space through electronic analogies of surfaces, 

material types, and physical volumes, as developed and 
practiced by Jaffe Acoustics, Inc. 

ACOUSTICS 
Any sound in three dimensional space has four charac- 

Marc L Beningson 

walls, enhance volume, timbre, and articulation. They also 
provide a sense of liquidity, breadth, and immersion. Late 
reflections, from more distant surfaces and from multiple 
bounces, are important in maintaining the warmth and 
impact of bass instruments. This is also true of the re- 
verberant- field, in addition to its prolonging and enrich- 
ing effect. 

Listeners appreciate the enhancement that good acous- 

kf 
Direct Sound 

4 

Delayed Replica 

Characteristics: 
1. Time 
2. Spectrum 
3. Intensity 
4. Direction 

Events which collectively make up architectural acoustics. 

teristics: direction, intensity, frequency composition, and 
time of arrival ( which can be remembered by the acronym 
DIFT). Each of the many sonic events which collectively 
make up architectural acoustics is so characterized. 

The direct sound, early reflections, late -field, and re- 
verberant -field all make important contributions to musi- 
cal sound, not only for the listener but for the musicians as 
well. Direct sound provides localization and a foundation 
to be enhanced by acoustic interaction. 

Early reflections, normally from a concert shell and side 

Marc L. Beningson is an acoustical consultant of Jaff e 

Acoustics of Norwalk, CT. 

tics give to a performance. It is less well known that 
musicians also require good acoustics. They must hear 
their own sounds and be able to hear each other as an 
ensemble. The " friendliness" of a responsive space and its 
acoustic cues bring about an inspired performance. When 
good acoustical cues are absent limits are put on the perfor- 
mance even before it begins, including the impossibility of 
presenting certain types of music at all. 

THE ELECTRONIC REFLECTED 
ENERGY CONCEPT(ERAS) 

It is possible to provide all of the components of natural IV 
CA) 
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acoustics through the careful application of audio technol- 
ogy, augmenting deficient natural acoustics or providing 
the complete ambience in a "dead" space. An electronic 
analogy of walls, canopies, ceilings, and physical volumes 
can be created, which responds to a sound source as would 
physical structures. 

A basic ERES channel consists of a microphone, mio- 
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TIME SPECTRUM INTENSITY DIRECTION 

r- 
L 

channel for reflected energy' system. 

rophone preamplifier, frequency shaping network, signal 
delay, power amplifier, and loudspeaker. The location of 
the loudspeaker provides the "D" in "DIFT'; the other 
three characteristics are controlled in the electronic path. 

Unlike a recording or sound reinforcement audio chain, 
which typically condenses a multiple of input transducers 
into one or two output channels, an ERES begins with very 
few input transducers (usually a single carefully placed 
microphone) and expands through independent signal pro- 
cessing channels into a multitude of independently placed 
and adjusted output transducers, numbering in the hun- 
dreds in large installations. Appropriate location and 
signal processing enables these channels to imitate the 
behavior of architectural reflections in a concert hall, 
church, or other desired space. ERES, like the Philips 
MCR system, does not amplify the direct field, which con- 
tains unblended, amplitude -only information; ERES amp- 
lifies the diffuse sound which is a true representation of the 
intensity or total power and is fully blended. This aspect of 
which sound -field that is being amplified is what differen- 
tiates ERES from conventional sound systems. 

The effect of a larger physical volume is provided by a 
special reverberator containing a large digital memory, 
through which signal passes only once (no electrical recir- 
culation). The reverberator releases a dense string of 
replicas of the original sound, appropriately tapered and 

Figure 1. Orchestra level plan of Silva and 
Soreng Halls. 

randomized in amplitude, time and phase, through a num- 
ber of incoherent output channels. Between releases the 
room's early and late reflective fields are always devel- 
oped, giving the decay a uniform character and avoiding 
coloration. The custom reverberator was designed by our 
firm and was first used for the NBC television programs 
"Live from Studio 8H," featuring the New York Philhar- 
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monic Orchestra. (Editor's note this application will be 
discussed in greater detail in Wade Bray's article which 
will appear next month). 

ARCHITECTURAL FREEDOM 
A classic example of a facility incorporating innovative 

architecture are the Silva and Soreng Halls in the Eugene, 
Oregon, Performing Arts Center. Figure 1 shows an 
orchestra level plan of the two halls, and Figure 2 shows a 
section of Silva's 2200 seat multi- purpose hall. In order to 
accomodate a wide variety of loudspeaker systems, the 
proscenium arch is sound transparent. Reflective panels 
located behind the transparent proscenium at critical areas 
and an orchestral shell provide substantial early reflec- 
tions. 

The acoustics of this hall would not be satisfactory for 
symphonic programs without the use of electronic arch- 
itecture. In Silva Hall, the natural acoustics are sup- 
plemented by ERES, which supplies the early reflection 
package that is not sufficiently provided by the architec- 
ture. In addition, an Assited Resonance System extends 

Figure 2. Section of Silva Hall's 200 seat hall. 
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View from Balcony of Silva Hall. 

the reverberation time as required, for unamplified musi- 
cal programs. Assisted Resonance was originally devel- 
oped by Peter Parkin, and designed by Jaffe Acoustics as 
part of the overall plan for Silva HalL (Editor's note The 
principles of the AR system are covered in detail in 
"Electro-Acoustics in Architecture" in this issue.) 

By varying the settings of the systems, multi -purpose 
acoustics becomes a reality. Patched absorption above the 
acoustically transparent basket-weave ceiling increases 
diffusion and reduces the natural reverberation times, 
allowing Silva to handle amplified programs more easily. 
When ERES and the AR are turned on, there is more pre- 
sence, warmth and fullness for symphony and other musi- 
cal programs. Settings between these two extremes allow 
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Drawing of Ravinia. 

Figure 3. Plan and section of Riverbend. 

many other different programs to be accommodated. 
Here, electronic architecture has provided the architect 
with the ability to design a hall that makes a particular 
statement by reducing the need to conform to generally 
accepted architectural acoustic rules. 

HALLS WITH NO WALLS 
Ravinia Festival Park, summer home of the Chicago 

Symphony Orchestra, and Riverbend Music Pavilion, 
summer home of the Cincinnati Symphony Orchestra, are 
two examples of outdoor music pavilions with no side or 
rear walls. Figure X shows a plan and section of River- 
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Ravinia Shed 

bend. At Riverbend, an audience of over 5,000 is seated in 
front of a standard proscenium stage. Ravinia seats 3,000 
in front of a stage platform which is in the same acoustic 
space as the audience. Ravinia has a somewhat capped 
roof, while Riverbend's walls are almost completely open. 
Both have patched absorption under their shed roofs to 
increase diffusion and reduce the reverberation for amp- 
lified programs, and ERES re- creates and further increases 
early reflections and reverberation for concerts and sym- 
phony pops productions. 

The lawn at Ravinia Festival Park, Chicago, Illinois, is 
an interesting example of unusual architecture -there is 
none. Here physical acoustics cannot be utilized, because 
there is no structure of any kind. The direct sound must be 
reinforced on the lawn. No symphony orchestra could pro- 
vide enough sound pressure level for ten thousand people 
spread over ten acres to be heard effectively. But, in addi- 
tion to the pole- mounted column speakers needed to rein- 
force the direct field, delayed omni- directional speaker 
arrays on each pole provide lateral and rear reflections for 
the lawn audience. Low- frequency speakers on long de- 
lays provide a sense of reverberation in what is essentially 
a free -field environment. The acoustics of a fine concert 
hall are created by electronic architecture in a situation 
where there is absolutely no possibility of using a physical 
acoustic solution. 

Laurie Auditorium at Trinity University in San 
Antonio, Texas, is an example of an existing facility whose 

Stage at Circle Theatre. 

View from balcony of Laurie Auditorium. 

original design intent did not accomodate the acoustic 
requirements of a new program. Built as a collegiate lee,- 

ture hall, Laurie Auditorium has awide fan - shaped seating 
area and a low physical volume. The acoustics of the space 
were appropriate for speech and lecture. But when the San 
Antonio Symphony began performing in the auditorium, it 
was immediately apparent that the acoustics were inap- 
propriate for the presentation of orchestral music. A sim- 
ple ERES was installed and later expanded to a full 
system. In conjunction with onstage reflectors, ERES pro- 
vides early reflections which would otherwise arrive too 
late because of the wide side walls. 

The reverberant -field, which was severely lacking in the 
space due to the low physical volume per unit area of 
audience seating, is supplied almost completely by ERES. 
Thus, without altering the structure in any way, the acous- 
tic requirements of a new and different program were effec- 
tively and inexpensively met Addittionally, because the 
structure was not altered, the original program has not 
been excluded from the space. With ERES off, Laurie 
Auditorium is the same lecture hall it was before. With 
ERES on, it becomes a viable concert hall In this case, a 
physical solution providing the same flexibility would be 
complex and cost prohibitive. 

The Circle Theatre, which is the new permanent home 
of the Indianapolis Symphony Orchestra, is currently the 
flagship of a number of facilities utilizing ERES technol- 
ogy of electronic architecture to meet the correct acoustic 
criteria for symphonic performance. Originally, a vaude- 
ville house and movie theater, the Circle has a low physical 
volume per person, and deep but low- ceiling underbalcony 

Section of Circle Theatre. 
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ERES system at Circle Theatre. 

area typical of this type of theater. With narrow sidewalls 
and a renovated stagehouse, including a Jaffe Acoustics 
designed reflector system (concert shell), the natural 
early -field was excellent thus, only a minimal early -field 
system was required to augment presence and running 
liveness in the underbalcony and low -ceiling upper mez- 
zanine. The late-field system was designed to provide the 
additional reverberation required for the symphony. A 
number of coupled physical volumes were energized, in- 
cluding the stagehouse over the reflectors, the organ cham- 
bers, and an acoustic -moat constructed from the old 
orchestra pit. SLF field speakers, located in the same 
spaces, provided additional warmth for the low- frequency 
instruments. Several warmth speakers were also located in 
the underseat return air plenum which coupled to the hall 
through over one - hundred "mushrooms." 

Electronic architecture, in the form of ERES, was able 
to transform the Circle Theater from a movie palace into a 
concert hall. The symphony could not have used the space 
within the guidelines of historic preservation without elec- 
tronic architecture. With the acceptance of electronics in 
the concert hall environment, both acoustic and historical 
requirements were met, thereby, giving a special space 
such as the Circle Theater a new lease on life. 

The ERES installation at the Circle continues to be well 
received as the Symphony begins its second sold -out 

season in its new home. Musicians, concert goers, and 
critics have been pleased with the Symphony's sound in 
the theater. 

ERES has also been used successfully in other facilities 
for symphonic production including Whitney Hall, Ken- 
tucky Center for the Arts, Louisville, Kentucky, Salle 
Wilfred Pelletier, Place des Arts, Montreal NBC Studio 
8H, New York City, and Kansas City Music Hall, Kansas 
City, Missouri; among others. Upcoming projects utilizing 
ERES include a 2,100 -seat, multi-purpose hall at the 
Anchorage, Alaska Performing Arts Center, designed by 
architects Hardy Holzman Pfeiffer Associates, the arch- 
itects of the Eugene facility, and a 1,200 -seat, multi- 
purpose theater in Columbus, Ohio. 

CONCLUSION 
Electronic Architecture is not a replacement for physi- 

cal acoustics. Other aspects of acoustic design such as 
sound isolation, elimination of echoes, HVAC noise con- 
trol and the reduction of excessive reverberation, must rely 
on physical acoustic solutions. At present, electronic 
architecture is most effective when used in conjunction 
with good physical acoustic design practice. However, 
after twelve years of development and application, ERES 
has proven itself a sophisticated and cost effective tool in 
the design of all types of performing spaces. 
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Electro- Acoustic 
Techniques In The Boardroom 
Good acoustics prompts efficient communication. 

Richard Feld 

Editor's note: This article is based upon "A New Concept 
in Boardroom Sound" that appeared in the January, 
1986, issue of Sound & Communications. 

GOOD ACOUSTICS IS NOT WHAT one generally associates 
with corporate boardrooms. But in today's com- 
puterized information age when meetings take 

place almost robotically, good acoustics affords the 
possibility of efficient communication within the con- 
ference room itself. Good boardroom acoustics also 
greatly enhances the quality of transmitted audio for 
teleconferencing. When a sound contractor is called 
upon to "do something about the sound" in a corporate 
boardroom, the last thing on their minds is modifying 
their posh decor or tearing out their solid Brazilian 
rosewood walls, both of which happen to reduce the 
reflections necessary for increasing speech intelligibility. 
A lot of us have been faced with these situations, and 
unfortunately conventional sound system designs are 
often marginal at best. When TekCom Corporation was 
recently called upon to improve the speech intelligi- 
bility in one such boardroom, we decided to install an 
electro-acoustic" enhancement" system. The story begins 
here with some basics on electro- acoustic techniques in 
boardroom applications and concludes with some high- 
lights of the installation at the Health Services Center, 
in Princeton, NJ. 

SOME BASICS 
Poor conference room acoustics can degrade the 

working environment to such a degree that productivity 
decreases - something with which no company can live 
with. Human stress can be attributed to several basic 
common acoustical problems, prevalent in many con- 
ference and board rooms today. When one must project 
their voice loudly, to overcome the distances encoun- 
tered in long boardroom tables, physical and psy- 
chological stress is provoked. Likewise, physical and 
psychological stress is provoked when one must strain 
throughout a meeting to hear properly. Also, secondary 
problems may arise due to individuals who habitually 
speak at low levels, or even more frequently, for many 
senior board members who have some degree of hearing 
difficulty. The studies on speech intelligibility date 
back to the early days of telephone with much work 
done in the early 1900s by Cambell, French & Stein- 
berg, Fletcher, and Knudsen. Their work provided us 
with a wealth of information and has served as a founda- 
tion for work in the field of speech intelligibility. Later, 
Beranek conducted research concerning speech com- 
munication and his methods became the "benchmark" 

Richard Feld is the president of TekCom Corporation, a 
Philadelphia based sound system design, supply, and 
contracting firm. 

Ceiling showing installation at Health Services 
Center in Princeton, NJ. 

for the assessment of the percentage of articulation of 
consonants used as a basis of a measure of speech 
intelligibility. Lochner and Burger developed the con- 
cept of signal -to-noise -ratio ( S /N) discriminating bet- 
ween "early" energy deemed useful and "late" energy 
which masked the signal. 

The intelligibilty of speech is easily rated subjec- 
tively- either one can understand words spoken in a 
room or the words result in cacophony. Reliable objec- 
tive analysis, however, was not possible until the work 
of Houtgast and Steeneken, who developed the Mod- 
ulation Transfer Function ( MTF). With MTF mea- 
surements one can, for the first time, objectively measure 
the intelligibility in any room or sound system/room( s) 
and assign a single meaningful MTF number, which 
corresponds to subjective assessment. Based on the 
work of Houtgast and Steeneken, Bruel & Kjaer have 
developed a dedicated system that simplifies the mea- 
surement of MTF, their process is called Rapid Speech 
Transmission Index or, RASTI. With these tools at our 
disposal, it is now possible to objectively measure, with 
great accuracy, exactly what degree of intelligibilty 
may be expected, and thus, assign target values to be 
provided for. Once these values are established, it is the 
object of the designer to determine methods of provid- 
ing the necessary articulation, signal -to-noise ratio, 
and optimum MTF. 

THE HARDWARE 
Based on the technologies Jaffe developed for con- 
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Speaker and mic on ceiling at Health Services 
Center. 

cert hall ERES, they developed a "Boardroom Sound 
Reinforcement System," and were granted patent 
*3,992,586 in 1976. Jaffe's boardroom system is based 
upon modules which consist of two loudspeakers oper- 
ating in anti - phase, such that there is a "cancellation - 
zone" in between the loudspeakers, where a micro- 
phone is then placed. The loudspeakers in a module do 
not reproduce any sound pickup from its microphone; 
the loudspeakers only reproduce signals from mic- 
rophones in the other modules. This technique allows 
for a stable system since the microphone is not in the 
direct field of the loudspeakers. Thus, there is a suffi- 
cient amount of gain- before - feedback due to the geo- 
metrical relationship of the talker /microphone /loud- 
speaker /listener. Additionally, the reverberation times 
in these types of rooms is usually on the dry side, 
especially in the vicinity of the acoustical ceiling. This 
helps even more by ensuring that there is not much in 
the way of reverberant energy to be amplified. The only 
physical requirement is that a maximum noise level of 
NC25 should be measured in the room. That is what 
might be called the "physical- alignment" part of the 
system. 

Now, for the electronic side of the story. Everybody 
knows that when the distance from a source is doubled, 
its SPL drops by 6 dB -that is, the inverse- square law. 
So the electronics in the mainframe are set -up to com- 
pensate for the 6 dB drop -off by increasing the gain at a 
rate of 6 dB as the distance from the source is doubled. 
This is, of course, field- adjustable to compensate for 
any reverberant energy that may contribute to the level. 
Signal delay is also incorporated to take advantage of 
the well known "Haas- effect" or "auditory fusion - 
zone." This simulates the "early- field" reflections one 
would normally hear a lot more efficiently (no absorp- 
tion or diffraction from architectural materials). Be- 
cause of the incremental delay introduced to the signal 
the source is never "colored" by the loudspeaker. In 
addition to the gain afforded by the "cancellation- zone" 
microphone placement, narrow -band notch -filtering is 
also employed for extra system stability. 

Jaffe's first specified boardroom installation was the 
General Electric Corporate Headquarters in Fairfield, 
Connecticut. After the highly successful installation at 
GE, the boardrooms of prestigious corporations soon 
followed suit, they included Federated Stores, IBM, 
Natomas Company, Utah International Corporation, 

and Mitsubishi Corporation in New York. Because of 
the need for this technology to be brought to its full 
potential in the marketplace, Technical Acoustics In- 
corporated, a wholly owned subsidiary of Bozak, Inc., 
was formed. TAI licenses the technology from Jaffe, 
manufactures "ready -to- install" Boardroom Systems, 
and directly supports those interested in specifying or 
installing the "Jaffe Boardroom System" with com- 
plete design specifications on a project -by- project basis. 
TAI currently manufactures a mainframe that houses 
individual cards that perform the various I/O, mixing/ 
matrixing, filtering, delay, and amplification functions. 
They also manufacture two different configurations of 
the ceiling loudspeaker /microphone module. The notch- 
filter cards that are included with the system feature 
two sets of four filters each. Each card has dip switches 
so that the notch -filters may be assigned to any part of 
the circuit, or disabled if necessary (for example, AV 
playback). Other options that the mainframe can ac- 
commodate include AV inputs, recording outputs, tele- 
conferencing interface, link -ups of multiple spaces, 
hard -of- hearing loops, and translation system inter- 
face. Recently, GE renovated their board room and 
decided to update the original Jaffe Boardroom Sys- 
tem. This time, instead of a custom -wired installation, a 
TAI mainframe and modules were installed which in- 
corporated teleconferencing features. A true tes- 
timonial when a client orders the same system after ten 
years of use! 

"HOT- CEILING" 
A further development of the Boardroom System is 

Box with cover off at Health Services Center. 
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Boardroom Installation at Federated Stores 

what TAI calls the "Conference- Ceiling." The Con- 
ference- Ceiling evolved around the necessity to pro- 
vide a system for boardrooms with irregular layouts. 
For example a large square table. This system differs in 
that the modules use only one loudspeaker, and are 
installed such that they are geometrically and elec- 
tronically balanced in pairs. A Conference -Ceiling sys- 
tem was the type of system installed at the Center for 
Health Affairs in Princeton, NJ. Their boardroom pre- 
sented some unique features, starting with the large 
square- shaped boardroom table with twenty -six seats, 
and ending with the three rows of "audience" seating 
that must be capable of two-way communication. For 
this project the capability was added to mute the audience 
microphones during formal presentations and then open 
them for full duplex- communication when desired. 

The boardroom's solid -wood walls, concrete floor 
with thin carpeting, and oversized table presented several 
problem areas. These hard surfaces in this rectangular 
shaped room yield several room modes at 200 Hz and 
440 Hz. When the system was being designed it was 
clear that these modes would be both excited and 
amplified by the system. Therefore, a White 3900 
series narrow -band passive equalization was specified. 
The 3900 system consists of600 ohm filters that have a 
Q of 50; i.e., below 500 Hz they are 10 Hz wide. The 
filter -set covers the frequency range of 50 Hz to 2.5 
kHz, with a 5 Hz spacing at the low end changing to a 13 
Hz spacing in the upper range. This adds up to 195 
filters. The filters are brought to the job site in three 
flight-cases, weighing in at approximately 175 pounds. 

The narrow -band system enabled us to de- energize 
the system at several predicted room modes, suppress 
individual sinusoidal feedback frequencies, and eli- 
minate proximity modes. Because of the very high Q 
bandwidth of the filters, very little information was lost 
in the equalization process, yielding a high -fidelity, 
high - intelligibility, sound system. All totalled, fifteen 
filters were used, and the tuning took several hours. 
Since the filters are passive the equalization is totally 
quiet-using active electronics would result in a noise 
generator. 

From an ergonomic point of view, the Jaffe /TAI 
board room systems offer a unique alternative to the 
massive array of microphones and the associated hard- 
ware of "conventional" systems. The Jaffe /TAI sys- 

01 tems offer the consultant or contractor the opportunity 

Boardroom Installation at Natomas Co. 

to show a client a system that is totally invisible, not 
only visually but operationally as well. Jaffe /TAI's 
Boardroom Systems have proven themselves as an 
effective approach in providing a "perfect" acoustic 
environment for corporate executives to work in. Arti- 
culation of consonants is maintained at a high level, 
while eliminating the need and stress /inhibition of talk- 
ing into a microphone. There are ergonomic advantages 
for the consultant and contractor as well. A typical cor- 
porate person who wishes to "do something about the 
sound" in his boardroom may have his requirements 
easily fulfilled by the architecture of one system. The 
specifier of the project may now design the system from 

Boardroom Installation at Utah International Corp. 

various plug-in components within a mainframe system - 
no more custom engineered relay schemes, etc. The 
actual installation is also easy as it entails only install- 
ing ceiling modules and wiring them to a factory -wired 
mainframe. There is no pre -installation fabrication of 
the system required by the installer. Any system may be 
installed, tweaked, and tuned in a matter of a couple 
of days. 

The bottom line is that in most cases the TAI Board - 
Room System is a more economical approach than 
using conventional microphones, signal processing, and 
amplifiers. In the long -run, it saves the customer mon- 
ey, while at the same time giving him a" slick" installa- 
tion, and may be your best sales tool. 
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Speakers 
BOSE 
CLS-2 has an 8 -in. long throw woofer and a 3 -in. tweeter with a crossover frequency of 1.65 kHz. Finish is walnut grain 
with vinyl veneer outside and a brown cloth grill Impedance is 8 ohms and frequency response is 80 Hz -14 kHz, +/ -3 dB. 
Dimensions are 18.25 x 11.5 x 9; weight is 15.7 lbs. 
Price: $170.00. 

102 Professional Sound System is available as flush mount or surface mount system and has a 4.5 -in. Bose helical voice 
coil and four range driver within a ported enclosure. Impedance without transformer is 8 ohms and frequency response is 
80 Hz -18 kHz, with a 25 watt power handling capability and a 70 volt transformer available as an option. 
Price: 102 FM- $96.00; 102 SM- $120.00; 102 C- $265.00. 

CARVIN 
1330 uses 15 -in. E-V /Magna Lab drivers with horn/port loaded design for maximum clarity and efficent use of power. 
Finish is black Tolex with a black metal grill. Impedance is 8 ohms and the frequency response is 40 Hz -4 kHz. Dimen- 
sions are 28 x 24 x 32; weight is 100 lbs. 
Price: 239.00. 

R 540E uses a 1 -in. E-V horn for 60 x 90 degree dispersion. Finish is black Tolex. Impedance is 16 ohms and the fre- 
quency response is 1.2 kHz -17 kHz. Dimensions are 28 x 24 x 12; weight is 50 lbs. 
Price: $279.00. 

980M is a full range system using a I5 -in. Magna Lab woofer and a 1 -in. E -V radial horn tweeter with a crossover at 1.2 
kHz. Finish is black Tolex with a black metal grill. Impedance is 8 ohms and the frequency response is 36 Hz -17 kHz. 
Dimensions are 24 x 18 x 32; weight is 96 lbs. 
Price: $379.00. 

960M uses a .75 -in. Fostex expontential horn and a 15 -in. Magna Lab woofer with a crossover at 1.5 kHz. Finish is black 
Tolex with a black metal grill. Impedance is 8 ohms and the frequency response is 38 Hz -20 kHz. Dimensions are 24 x15 x 
31; weight is 75 lbs. 
Price: $279.00. 

300E uses a 18 -in. E-V woofer in a folded horn design and has applications for tri- amping Finish is Ozite. Impedance is 8 

ohms and the frequency response is 35 Hz -500 Hz. Dimensions are 33 x 40 x 24; weight is 135 lbs. 
Price: $379.00. 

EASTERN ACOUSTICS 
FR -102 is a compact system providing 99 dB SPL sensitivity and a coverage of greater than 120 degrees and uses a 10-in. 
woofer and 1 -in. horn tweeter with a crossover at 3.5 kHz. Finish is black poly with a vinyl steel grill. Impedance is 8 ohms 
and the frequency response is 80 Hz -18 kHz. Dimensions are 19.75 x 11.75 x 9.5. 
Price: $300.00. 

FR-122 provides greater than 130 degrees coverage and uses a 12 -in cone woofer and a 52 mm hard dome tweeter with a 

crossover at 2.5 kHz. Finish is black poly with a vinyl steel grill. Impedance is 8 ohms ohms and the frequency response is 
50 Hz -19 kHz, +/ -2 dB. Dimensions are 25.6 x 14.75 x 11.75. 
Price: $450.00. 

FR-153 provides wide bandwidth and coverage, 98 dB SPL and long term power handling, and uses 15 -in. cone woofer, 
6.5 -in. poly cone mid -driver and 52 mm hard dome tweeter with a crossover at 350 Hz and 3.5 kHz. Finish is black poly 
with a vinyl steel grill. Impedance is 8 ohms and the frequency response is 40 Hz -19 kHz, +/ -2 dB. Dimensions are 19.75 
x 24.6 x 19.75. 
Price: $670.00. 
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FR-253 provides 103 dB SPL and long term power handling capability and uses two 15 -in. cone woofers, two 6.5 -in. poly 
cone mid -drivers and a 44 mm horn tweeter with a crossover at 350 Hz and 2.5 kHz. Finish is black poly with a vinyl steel 
grilL Impedance is 4 ohms and the frequency response is 33 Hz -17 kHz, +/ -3 dB. Dimensions are 41.2 x 24.6 x 
19.75. 
Price: $1,200.00. 

JF -500 is a horn loaded system providing 106 dB SPL sensitivity and90 degree coverage, and uses 15 -in. cone woofer, 10- 
in. horn mid -driver and a 1.75 -in. horn tweeter with a crossover at 250 Hz and 2.2 kHz. Finish is black poly with a vinyl 
steel grill cloth. Impedance is 8 ohms and the frequency response is 60 Hz -17 kHz, +/ -3 dB. Dimensions are 50 x 24 x 29; 
weight is 232 lbs. 
Price: $1750.00. 

KF -500 is similar to the JF -500 above and uses 18 -in. cone woofer, 12 -in. horn mid -driver and 3 -in. horn tweeter with a 
crossover at 250 Hz and 1.5 kHz. Impedance is 8 ohms and the frequency response is 50 Hz -16 kHz, +/ -3 dB. Dimen- 
sions are 55 x 30 x 25; weight is 260 lbs. 
Price: $2,100.00. 

KF -550 is similar to the KF -500 above and uses two 15 -in. cone woofers, 12 -in. horn mid -driver and a 3 -in. horn tweeter 
with a crossover at 250 Hz and 1.5 kHz. Impedance is 4 ohms and the frequency response is 40 Hz -16 kHz, +/ -3 dB. 
Dimensions are 32 x 53; weight is 320 lbs. 
Price: $2,900.00. 

CETEC GAUSS 
5226 is a 300 watt high- efficency stage monitor capable of 125 dB and uses a 12 -in. cone woofer and a 1.5 -in. compression 
high -frequency driver with a crossover at 3.6 kHz. Finish is brown carpet with a brown fabric grilL Impedance is 8 ohms 
and the frequency response is 80 Hz -20 kHz. Dimensions are 16 x 23.6 x 16; weight is 50 lbs. 
Price: $760.00. 

5280 is a 200 watt RMS light weight, high power portable PA system using 18 -in. cone woofer and a2 -in. high- frequency 
compression driver with a crossover at 1.5 kHz. Finish is brown carpet with a brown fabric grilL Impedance is 8 ohms and 
the frequency response is 40 Hz -18 kHz. Dimensions are 34.75 x 24 x 16.25; weight is 85 lbs. 
Price: $1,145.00. 

ELECTRO -VOICE 
FM -1202 provides 300 watts of power and uses a 12 -in. cone woofer and 7 x 9 horn tweeter with a crossover at 1.5 kHz. 
Finish is black carpet with a black metal grill. Impedance is 8 ohms and the frequency response is 75 Hz -20 kHz, +/ -3 dB. 
Dimensions are 19.4 x 19.4 x 24.4; weight is 66 lbs. 
Price: $576.00. 

FM -1502 is the same as the FM -1202 above but with a 15 -in. woofer. Frequency response is 65 Hz -20 kHz, +/ -3 dB. 
Dimensions are 22 x 22.5 x 27.9; weight is 75 lbs. 
Price: $726.00. 

5-1202 is the same as the FM -1202 above, but it is stand mountable or stackable. Dimensions are 24.7 x 19.1 x 11.7; 
weight is 66 lbs. 
Price: $612.00. 

SH -1502 is the same as the S-1202 above, but it has a 15 -in. cone woofer and a 9 x 18 horn tweeter. Frequency response is 
62 Hz -20 kHz, +/ -3 dB. Dimensions are 31 x 21.1 x 14.6; weight is 78 lbs. 
Price: $550.00. 

5-1503 is a 200 watt three -way system suitable for stacking and uses a 15 -in. cone woofer, 10-in. cone mid -driver, and a 5 
x6 horn tweeter with a crossover at 600 Hz and 4 kHz. Impedance is 8 ohms and the frequency response is 65 Hz -16 kHz, 
+/ -3 dB. Dimensions are 28.7 x 24.4 x 13.8; weight is 105 lbs. 
Price: $948.00. 

S-1803 is the as the S-1503 above, but it has wheels and uses an 18 -in. cone woofer and has a frequency response of50 Hz- 
16 kHz, +/ -3 dB. Dimensions are 35.5 x 28 x 19.4; weight 134 lbs. 
Price: $1,145.00. 

S-200 is a 280 watt two-way system with handle and uses 12 -in. cone woofer and 7x 9 horn tweeter with a crossover at 2 
kHz. Finish is black carpet with a gray fabric grill. Impedance is 8 ohms and the frequency response is 50 Hz -18 kHz, +/ -3 
dB. Dimensions are 24 x 15 x 8.5; weight is 36 lbs. 
Price: $607.00. 

TL 1225/4025 is a 300 watt stackable system that uses one 15 -in. and one 12 -in. cone woofer, a 12 -in. horn mid -driver 
and a horn tweeter with a crossover at 125 Hz and 250 Hz. Impedance is 8 ohms and the frequency response is 40 Hz-12 
kHz, +/ -3 dB. Dimensions are 32.25 x 60 x 34; weight is 278 lbs. 
Price: $1,884.00. 
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FOSTEX 
SP -7 uses one 4 -in. cone driver. Finish is Flat black with a black metal grill. Impedance is 8 ohms and the frequency re- 
sponse is 120 Hz -20 kHz, +/ -3 dB. Dimensions are 4.5 x 7.5 x 4.5; weight is 5.3 lbs. 
Price: $99.95. 

SP -11 is a compact PA that can be stacked in multiples. It uses two 5 -in. cone drivers. Finish is black plastic with black 
metal grill. Impedance is 8 ohms and the frequency response is 150 Hz -I5 kHz, +/ -3 dB. Dimensions are 7 x 13.75 x 8.5; 
weight is 12.1 lbs. 
Price: $195.00. 

SPA -11 has a built -in 100 watt amp with both mic and line inputs and is similar to the SP -11 above. Frequency response is 
80 Hz -18 kHz, +/ -3 dB. Weight is 16.7 lbs. 
Price: $295.00. 

JBL 
4691 B uses 15 -in. cone woofer and has a black finish with a black fabric grill Impedance is 8 ohms and the frequency res 
ponse is 40 Hz -20 kHz, -10 dB. Dimensions are 30.2 x 20.1 x 18.8; weight is 109 lbs. 
Price: $795.00. 

4695B uses 18 -in. cone woofer and has a black finish with a black fabric grill cloth. Impedance is 8 ohms and the frequency 
response is 30 Hz -20 kHz, -10 dB. Dimensions are 40.2 x 29.6 x 18.2; weight is 142 lbs. 
Price: $795.00. 

4602B uses a 12 -in. cone woofer and has a black finish with a black fabric grill cloth. Impedance is 8 ohms and the fre- 
quency response is 50 Hz -15 kHz, -10 dB. Dimensions are 20 x 16 x 14.7; weight is 57.25 lbs. 
Price: $528.00. 

4612B uses two 8 -in. cone drivers and has a black finish with a black fabric grill cloth. Impedance is 8 ohms and the fre- 
quency response is 60 Hz -22 kHz, -10 dB. Dimensions are 18.5 x 21.5 x 10.25; weight is 51 lbs. 
Price: $495.00. 

AFI -VD is similar to the TA -12C above, but it is a three -way system using a 18 -in. cone woofer, l2 -in. cone mid -driver 
and 5 x 6 horn tweeter with a crossover at 125 Hz and 3.5 kHz. Impedance is 4 ohms and the frequency response is 40 Hz- 
19 kHz, +/ -3 dB. Dimensions are 42 x 20 x 20; weight is 120 lbs. 
Price: $1030.00. 

S-15B is a low frequency unit using either a sealed or vented l5 -in. woofer. Impedance is 8 ohms and the frequency re- 

sponse is 40 Hz -2.5 kHz, +/ -4 dB. Dimensions are 18 x 27 x 24; weight is 80 lbs. 
Price: $560.00 for brown oiled birch finish; $380.00 for black texture paint. 

S-I8B is the same as the S-15 B above, but it uses an 18 -in. woofer and has a frequency response of 40 Hz -500 Hz, +/ -4 
dB. Dimensions are 29 x 22 x 20; weight is 40 lbs. 
Price: $680.00 for wood finish; $480.00 for paint finish. 

PEAVEY 
Project 1 is a tri-amped three component system providing 110 dB SPL and using Black Widow low and mid frequency 
sections for high power handling capability. It uses two 15 -in. cone woofers, 12 -in. mid -driver and a CH -4C horn tweeter 
with crossovers at 150 Hz and 1.2 kHz. Finish is black texture paint. Impedance is4/8/8 ohms and the frequency response 
is 60 Hz -16 kHz, +/- 3 dB. 
Price: $1,723.00. 

Project 2 is a tri -amped three component system providing 104 dB SPL and using Black Widow low and mid frequency 
sections. It uses 15 -in. cone woofer, 12-in. mi-driver and MX horn tweeter with a crossover at 250 Hz and 1.2 kHz. Finish 
is black texture paint. Impedance is 8 ohms and the frequency response is 60 Hz -16 kHz, +/ -3 dB. 
Price: $974.00. 

Project 5 is an efficient, self -contained three -way system with Black Widow components. It uses 15 -in. cone woofer, 12 -in. 
mid -driver and horn tweeter with crossovers at 250 Hz and 2 kHz. Finish is black Tolex with a black mesh grill. Impedance 
is 8 ohms and the frequency response is 60 Hz -16 kHz, +/ -3 dB. Dimensions are 37 x 19 x 20.75: weight is 145 
lbs. 
Price: $599.00 

SP -1 uses a 15 -in. cone woofer and a horn tweeter with a crossover at 600 Hz. Finish is black texture paint Impedance is 8 

ohms and the frequency response is 60 Hz -16 kHz, +/ -3 dB. Dimensions are 39 x 23.7 x 30.2; weight is 159 lbs. 
Price: $599.00. 

w 
w 
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TRIFLEX is a three -way system with two stand mountable sattelite enclosures for portability that operates bi-amped or 
full range. It uses two 12 -in. cone woofers, two 8 -in. mid -drivers and two4 -in. horn tweeters with crossovers at250 Hz and 
2 kHz. Finish is black Tolex with black steel grill. Impedance is 4 ohms and the frequency response is 60 Hz -14 kHz, +/ -3 
dB. Dimensions are 17.75 x 18.25 x 31.5; weight is 109 lbs. 
Price: $599.00. 

118 International is a bi-ampable system using a 18 -in. cone woofer and horn tweeter with a crossover at 800 Hz. Finish is 
black Tolex with a black mesh grill cloth Impedance is 8 ohms and the frequency response is 60 Hz -16 kHz, +/ -3 dB. 
Dimensions are 30.5 x 18.5 x 24; weight is 114 lbs. 
Price: $499.00. 

RENKUS -HEINZ 
BJ2 uses a 15 -in. cone woofer and 2 -in. horn mid -driver with a crossover at 1.2 Hz. Finish is black carpet with a black steel 
grilL Impedance is 8 ohms and the frequency response is 40 Hz -17 kHz, +/ -3 dB. Dimensions are 30 x 20 x 16; weight is 
85 lbs. 
Price: $725.00. 

BJ4 is similar to the BJ2 above, but it uses a 1 -in. horn as its mid -driver and has a crossover at 1.6 kHz. Frequency response 
is 40 Hz -20 kHz, +/ -3 dB. Weight is 80 lbs. 
Price: $625.00. 

FRS 1582 uses a 15 -in. cone woofer and 2 -in. horn mid -driver with a crossover at 1.2 kHz. Finish is black carpet with a 
black steel grilL Impedance is 8 ohms and the frequency response is 45 Hz -17 kHz, +/ -5 dB. Dimensions are 30 x21 x 19; 
weight is 87 lbs. 
Price: $570.00. 

SMS 1280 uses a 12 -in. cone woofer and 1 -in. horn mid -driver with a crossover at 1.6 kHz. Finish is black carpet with a 
black steel grill. Impedance is 8 ohms and the frequency response is 100 Hz -16 kHz, +/ -4 dB. Dimensions are 21 x 18 x 
25; weight is 48 lbs. 
Price: $399.00. 

Bl is a long -throw enclosure with optional flying hardware and uses two 15 -in. cone woofers and a 2 -in. horn mid -driver 
with a crossover at 1.2 kHz. Finish is black carpet with a black steel grill. Impedance is 8/4 ohms and the frequency re- 
sponse is 40 Hz -17 kHz, +/ -3 dB. Dimensions are 51 x 24 x 17; weight is 125 lbs. 
Price: $995.00. 

B2 is a wide coverage version of the BI above, and it has one 15 -in. woofer. Dimensions are 30 x 20 x 16; weight is 
85 lbs. 
Price: $725.00. 

B3 is the same as the B1 above, but it is a stage monitor and not available with fying hardware.It uses one 15 -in. woofer. 
Dimensions are 25 x 18 x 28; weight is 87 lbs. 
Price: $555.00. 

Ll is a subwoofer system that can be use with any of the above systems. It uses two 18 -in. cone woofers with a croosover at 
120 Hz. Impedance is 4 ohms and the frequency response is 33 Hz -300 Hz, +/ -3 dB. Dimensions are 24 x24 x48; weight 
is 200 lbs. 
Price: $995.00. 

TOA 
380SE has 360 watt power handling capability, mid and high frequency attenuators, and uses a 15 -in. cone woofer, 1 -in. 
horn mid -driver and 1.75 -in. horn tweeter, with crossover at 800 Hz and 8 kHz. Finish is gray poly with a black nylon grill 
cloth. Impedance is 8 ohms and the frequency response is 50 Hz -20 kHz. Dimensions are 30 x 20 x 16; weight is 79 
lbs. 
Price: $895.00. 

38SD is the same as the 380SE above, but it has a 1 -in. moving-coil tweeter with crossover at 1 kHz and 10 kHz and is 
available as a stage monitor. Dimensions are 27 x 20 x 18; weight is 59.5 lbs. 
Price: $589.00. 

30SD is the same as the 38SD above, but it uses a 12 -in. cone woofer. Dimensions are 23 x 17 x 15; weight is 46.3 
lbs. 
Price: $529.00. 

SL-22 has 240 watt power handling capability and is designed for touring. It uses one 10 -in. and one 12 -in. cone woofer, 
and a horn tweeter. Finish is gray poly with black steel grilL Impedance is 8 ohms and the frequency response is 70 Hz -20 
kHz. Dimensions are 33 x 15 x 12; weight is 44 lbs. 
Price: $319.00. 
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RS-20 is a portable stage system using four 5 -in. cone drivers and a horn tweeter. Finish is black vinyl with black nylon 
grill Impedance is 8 ohms and the frequency response is 90 Hz -20 kHz. Dimensions are 17.5 x 14 x 10; weight is 
29.8 lbs. 
Price: $299.00. 

YAMAHA 
SI OX is a 75 -watt compact system using a 4 -in. cone speaker. Finish is black with black mesh grill Impedance is 6 ohms 
and frequency response is 65 Hz -20 kHz. Dimensions are 6.2 x 9.5 x 6.5; weight is 6.2 lbs. 
Price: $120.00. S20X is the same as the SI OX above, but it has 150 -watt power handling capability and uses two 4 -in. 
cone speakers. Dimensions are 7.5 x 11.6 x 7.75; weight is 10 lbs. 
Price: $180.00. 

S2I 12H is a slant, stage monitor using a 2 -in, cone woofer and a 3 x 9 horn tweeter with a crosover at 2.5 kHz. Finish is 
black with black mesh grill Impedance is 8 ohms and frequency response is 60 Hz -16 kHz, +/ -6 dB. Dimensions are 
17.75 x 19 x 22.25; weight is 40 lbs. 
Price: $395.00. 

S2115 H is a 1 20-watt slant, stage monitor using a 15 -in. cone woofer and a 1.7 -in. compression tweeter with a crossover at 
1.6 kHz. Impedance is 8 ohms and frequency response is 50 Hz -16 kHz. Dimensions are 26.5 x 22.5 x 26.25; 
weight is 77 lbs. 
S3112H is a stand mountable compact stage speaker using a 12 -in. cone woofer and a 3 x 9 horn tweeter with a crossover at 
2 kHz. Finish is black with black metal grill. Impedance is 8 ohms and frequency response is 65 Hz -16 kHz, +/ -6 dB. 
Dimensions are 23.75 x 17 x 11.5; weight is 41.5 lbs. 
Price: $375.00. 

S3115 H is the same as the S3112 H above, but it uses a 15 -in. cone woofer and a 4 x12 horn tweeter with a crossover at 2 
kHz. Frequency response is 65 Hz -14 kHz. Dimensions are 25.9 x 18.6 x 14.6; weight is 65 lbs. 
Price: $495.00. 

53208 H is a 250 watt compact system using two 8 -in. cone woofers and a 3 x 9 horn tweeter with a crossover at 2.5 kHz. 
Finish is black paint. Impedance is 8 ohms and frequency response is 65 Hz -17 kHz. Dimensions are 17.5 x 22 x 10.25; 
weight is 43 lbs. 
Price: $545.00. 

Bose Corp. 
The Mountain 
Framingham, MA 01701 

Carvin Corp. 
1155 Industrial Ave. 
Escondido, CA 92025 

Cetec Gauss 
9130 Glenoaks Blvd. 
Sun Valley, CA 91352 

Eastern Acoustic Works, Inc. 
PO Box 437 
Jenkintown, PA 19046 

Electro Voice, Inc. 
600 Cecil St. 
Buchanic, MI 49107 

Fostex Corp. 
15431 Blackburn Ave. 
Norwalk, CA 90650 

JBUUrei 
8500 Balboa Blvd. 
Northridge, CA 90650 

Meyer Sound Laboratories, Inc. 
2832 San Pablo Ave. 
Berkeley, CA 94702 

Modular Sound Systems, Inc. 
P.O. Box 488 
Barrington, IL 60010 

TOA Electronics, Inc. 
PO Box 2047 
South San Francisco, CA 94080 

Peavey Electronics 
711 A Street 
Meridian, MS 39301 

Renkus- Heinz,Inc. 
17851 -AB Sky Park Circle 
Irvine, CA 92714 

Yamaha International Corp. 
6600 Orangethorpe Ave. 
Buena Park, CA 90620 

Write directly to these manufacturers 
forfurther information on products 
in the charts. 
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Sammy Caine 

Sonic Sound Studios 
Urban technology can be found in the suburbs. 

LONG ISLAND IS UNIQUE in that it's a 200 mile long (by 
twenty mile wide) island, separated from Manhattan 
Island and "New York City" by only the narrow 

East River. 
Over the past decade, Long Island ( which includes two 

of New York's boroughs- Brooklyn and Queens) saw a 
rapid proliferation of 24 -track recording facilities. This 
was due in part to the problems associated with Manhattan 
studios - parking shortages, high costs, traffic jams, crime, 
etc. However, during the past couple of years, most of 
these suburban studios have either closed or been turned 
into rehearsal studios being used by local bands. 

One studio has endured and is perhaps the most sucess- 
ful on Long Island It is Sonic Sound Studios in Freeport 
(featured on this month's cover). Freeport is about twenty - 
five miles from Manhattan and its legendary studios like 
the Power Station, the Hit Factory, Sigma Sound and 
Electric Lady. Unlike its more urban counterparts, Sonic 
Sound is housed in a modified private home. 

Sammy Caine is the technical editor of db Magazine as 
ó°i well as a freelance recording engineer. 

The atmosphere is, in fact, one of being at home. Pull up 
in the driveway, unload your instruments from your car, 
and climb the three stairs to the small porch and ring the 
bell. It's obviously the atmosphere Long Island musicians 
are looking for. Studio A is booked about sixty hours a 
week. 

"The atmosphere( at Sonic) is very relaxed, low key and 
quiet. We have quite a few Manhattan and New Jersey 
clients that like the low pressure, relaxed atmosphere and 
being able to come and go without any headaches -no 
parking problems," co-owner Al Falcon says. "A lot of 
people really enjoy using the facility and getting away from 
the hustle and bustle of midtown Manhattan. The product 
is competitive with what is coming out of Manhattan 
studios and the rates are very good for the kind of gear and 
the kind of room we offer," Jerry Comito adds. 

Sonic's state- of- the-art facility caters to a large cross - 
section bf the music industry. 

" It's a very wide and varied client list. We've done every 
kind of music, but we're not a major jingle house, and a 
majority of the stuff is pop music - whether it be rock, dance, 
r &b, heavy metal. There is a large percentage of heavy 
metal and dance. We have done some rap and funk stuff, 
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Rich wood walls offset the drums tucked into one end 
of Studio A. 

and even some international music," says Al. 
Gerry and Al became partners about six years ago. 

They both had done live engineering work and each had his 
own small 8 -track studio. When they opened Sonic Sound 
in 1980, it too, was an 8 -track studio operating with a small 
Tascam console. The studio experienced initial sucess and 
was upgraded to 24 tracks within a year and a half of open- 
ing. Then the Tascam was replaced by a modified Sound - 
craft 400 Series when the room was redesigned. 

But Jerry and Al were still not finished. About two and a 
half years ago they felt it was time for a complete overhaul. 
They brought in Francis Milano then of Analogique Labs in 
New York City, to redesign the control room so it would be 
perfectly balanced. 

The studio also features a grand piano and a rack of 
synthesizers. 

A lot of time and attention was given to angles and 
dimensions during the renovations. The designers speci- 
fied exactly where all the beams should go and what den- 
sity the carpets and insulation should be. 

When the physical renovations were complete, it was 
time for new equipment. A Trident Series 80B, 32 -input 
console (which is still in use) was installed. With it, a full 
array of tape machines and outboard gear was put into use. 
An MCI JH -24 and Ampex ATR 102 was installed as 
well as a full compliment of delay /reverb systems. 

Gerry and Al are constantly updating and adding new 
equipment to their already extensive list that includes a 
Lexicon 224X with LARK digital delay, an EMT 140 
Tube Plate, and a brand new Studer A -80 Mark IV 24- 

Two views in the main control room showing both an 8 -track and 24 -track tape unit 

"The room was actually completely gutted. It was quite a 
job. We did all the work ourselves. The room was 
measured and blueprints made up. Francis came in to 
examine the room. The construction was very, very de- 
tailed," Al recalls. "The renovation was very involved. 
Since we are in a building that was actually a house, we had 
to knock out the brick fireplace and chimney. It was four 
stories of just bricks. It was quite a job." 

The result was a studio that the partners felt could com- 
pete with state -of -the -art New York City studios. 

"It's a totally symmetrical room. All the angles were 
done on a computer and there are bass traps in the ceiling 
and underneath the studio window. The stereo imaging 
was also designed to be very good, even though it is a very 
small control room," Al explains. 

track tape machine. And they remain one of the relatively 
few studios on Long Island to offer 1/2 -inch mixdown 
facilities. 

"We were the first studio on Long Island to have 1/2- 
inch mixdown capabilities. We picked up our Ampex 
ATR 102 the very month they came out on the market. 
We've had that for over two more years. We have been 
encouraging all our clients to use the 1/2-inch for mixdown 
since it provides a much fuller sound -on the low end 
especially- and it adds a little more headroom and defini- 
tion," remarks Al. 

The owners feel that digital recording equipment is not 
in their immediate future because costs are prohibitive at 
this point. "When the costs come down we will consider 
digital if our clients request it," they contend. GI 

V 
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A closeup of the synthesizer rack See the list of 
equipment for details. 

"We are very satisfied with the product coming out of 
our studio. 

The mastering we have done has been excellent. There 
is very little need for tweeking anything that comes out of 
our room. We don't use any room equalizers. The room is 
strictly acoustically balanced. In fact, a lot of the indepen- 
dent engineers that have been in here compare the room 
with the major studios in Manhattan." 

LAYOUT 
Studio A consists of a 25 x 14 studio and 18 x 14 control 

room with a 22 x 14 lave and " acoustically bright" drum 
room, which is used for drums or heavy guitars. Since the 
room is not in the direct line of sight of the control room, the 
studio utilizes a closed circuit color video system that 

The monitors are in their traditional position above the 
window to the studio. 

allows the producer or engineer to have a full view of the 
room. Both rooms have full talkback systems and there are 
facilities for three separate headphone mixes. 

"The room is very simple to use. The room is self 
explanatory and we have a large chart in the control room 
that describes everything that is in the patch bay. Every- 
body that has worked here has found it very flexible. The 
Trident board is easy to operate and user friendly," Al 
states. 

The studio also has a full MIDI (Musical Instrument 
Digital Interface) keyboard system including a Roland 
MSQ -700 Sequencer, a Dr. Rhythm -that patches their 
LinnDrum to the sequencer- an Ensoniq Mirage digital 
sampling keyboard and numerous other keyboards and 
gear. In fact, the studio's MIDI system can drive up to six- 

°T)° The equipment rack are in reach just to the right of the console. Note the Studer 24 -track remote box in the foreground. 
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EQUIPMENT LIST 
STUDIO A 

Trident Series 80B 32 -input mixing console 
Studer A-80 Mark IV 24 -track tape machine 

Ampex ATR -102 (1/2 & 1 /4-in) 2 -track tape machine (2) 
Tascam 80-8 8 -track tape machine 

Technics RS-I500 US 1/4 -in. 2 -track tape machines 
Otari DP 4050 OCF High Speed Duplicator 

Alpha 4000 M High speed cassette duplicator 
Nakamichi MR -1 3 -head cassette deck (2) 

MONITOR SPEAKERS 
JBL 4430s 

Yamaha NS-10Ms 
AR 18s 

JBL 4301 s 
Auratones 

MONITOR AMPLIFIERS 
Carver PM 1.5 (2) 

JBL Electronic Crossover 
URIE 6500 

Crown DC -300 
Crown 150 

Crown 11-75 

ECHO, REVERB & DELAY 
SYSTEMS 

Lexicon 224 X with LARK Computer 
Lexicon PCM 60 
Echo Plates (2) 

Loft 440 (4) 
Lexicon Prime Time I 
Lexicon Prime Time II 

Delta Lab DIA 
Delta Lab DL1 

Roland SDE 300D 
Lexicon Model 92 

Quad Eight System 5 
EMT Tube plate 

OTHER OUTBOARD 
EQUIPMENT 

dbx 900 Series comp /limiters (2 racks) 
parametric equalizers 
Drawmer noise gates 

Orban de- essers 
flangers 

Teltronics LA -2A tube limiters 
URIE LA -4 limiters 

dbx 165s ' 

MXR pitch transposer 
Eventide Harmonizer 

White 1/3- octave equalizers (2) 
URIE 527 A 27 -band equalizers (2) 

MICROPHONES 
Neumann 

AKG 
Electro Voice 

Sennhieser 
Shure 
Sony 

Audio-Technica 
PZM 

Sanken 
Telefunken 

INSTRUMENTS AND 
INSTRUMENT AMPLIFIERS 

Oberhiem OB8 (2) 
Yamaha DX -7 (2) 

Roland Super Jupiter 
Moog Source 

Esoniq Mirage digital sampling keyboard 
Rhodes 88 

Roland MSQ -700 Sequencer 
Mini DOC 

Kawai grand piano 
Marshall amps (2) 
Mesa Boogie amp 

Fender amp 
Gallien Kreuger amp 

LinnDrum and interchangable chips 
Simmons drums 
Ludwig drums 

Fender Jazz Bass with EMG pickups 
Gibson custom guitar 

teen keyboards simultaneously. 
If this all seems too complicated: "All the engineers on 

staff are familar with the basic operation and programming 
of all the keyboards and drum machines. As far as really 
sophisicated and detailed programming goes, the client 
will either bring in their own programmer or the keyboard 
player will do it." 

Studio B is 28 x 20 with a 12 x 9 control room and while 
"the clientele is very much an overlap" it is used primarily 
for pre-production and 8 -track work. "Studio B is also 
similarily acoustically designed and is comfortable, but 

smaller than studio A. It's great for 8 -track demos and it's 
very professionally eqiupped," they say. 

Studio B also houses a very well equipped p.a. which 
makes it an ideal rehearsal studio. 

STAFF and PROJECTS 
Sonic has a staff of six engineers other than Jerry and 

Al. A few freelance engineers come in with their own pro- 
ducts from time to time, and sometimes the studio calls in 
different independent engineers to work on specific pro- 
jects. "Some of our staff engineers have been with us from o 
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the start," Al says. Jerry adds, "We try to have a con- 
tinuity in projects. Some artists work on projects and then 
come back a second time and we try to see that the same 
engineer works with them each time. Sometimes the 
engineer will even follow right through on a project to the 
final mastering They will travel with the band wherever 
the mastering is taking place and lend a little extra con- 
tinuity to the project, so they can see it through all the way 
to the test pressing." 

STUDIO B 
Sound Workshop Series 30 with super EQ (24- inputs) 

MCI24 -, 16 -, 8 -track tape machine 

MONITOR SPEAKERS 
Fostex RM 780s 
Yamaha NS-10s 

Auratones 

MONITOR AMPLIFIERS 
McIntosh 2200 
Crown DC-300 

ECHO REVERB & 
DELAY SYSTEMS 
Master Room Super C 

Loft 440 
Roland SDE -1000 

Mic Mix flanger/chorus 
Eventide Harmonizer 

Lexicon PCM 60 
MXR Pitch transposer 

OTHER OUTBOARD 
EQUIPMENT 

OmniCraft Noise Gates 
Gemini Easy Rider Comp /limiters 
URIE 27 -band graphic equalizers 

MICROPHONES 
Neumann 

Electro Voice 
AKG 

Sennhieser 
Shure 

INSTRUMENTS AND 
INSTRUMENT AMPLIFIERS 

Oberhiem OB8 
Yamaha DX -7 

CP10 
Hammond 

Arp Omni II 
Marshall amp 

Gallien Kreuger amp 
Peavey amp 

Simmons drums 
LinnDrums 

Ludwig Drums 
Mesa Boogie amp 

The studio has many regular clients that continually use 
it for their own projects as well as to do outside production. 
of other artists. 

The co-owners are always willing to lend an extra hand 
with production or engineering In addition, both Jerry and 
Al are musicians and they will make contributions when- 
ever requested. In fact, they have put their production 
stamp on a large portion of the projects that have come 
through the studio. "The majority of the projects that we 
have produced or co-produced are clients that have hired 
us to do that kind of work. They were independent bands 
all the way up to bands on national labels with a much 
larger distribution. We have done work for bands and 
artists at many of the major labels," Al explains. 

They are both competent musicians -Jerry plays key- 
board and guitar and Al plays guitar. "If we can help out a 
client and if the situation calls for it, we will. Some of our 
engineers are also musicians and they will partake in 
assisting the clients to shape their project in any direction 
the client wants- artistically, production -wise, or musi- 
cally- and if need be they will play on some tracks. 

Of course, all of this experienced help does not come 
free: "Hourly rates include an engineer, but any produc- 
tion service is additional. The price ranges from about 
$300 to $600 a song, depending on what is involved. There 
are also a number of different ways to book a room -with 
an engineer, without, with an assistant- and the rates 
vary, the rate is somewhat flexible," says Al. The approx- 
imate hourly rate in studio A ranges from $35 an hour to 
$75 an hour, studio B is from $15 to $45 an hour. 

"Knowledge is of two kinds. 
We know a subject 

ourselves, or we know 
where we can find 

information upon it." 
Boswell. Weelfriatee (1ns) 

You can find a wealth of 
information from the Federal Government 

at Depository. libraries. Contact your 
local libran: 

The Federal Depository 
Library Program 

unis.d thy Pubh. Ynmr, 4M.hmphnu IM. SHIn 
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li YOZI NI IST BE 100%. MZISIC 
MCRTM 4 Multi -Track with "OverdubberTM pedal remote" 

Historically, musicians 
doing their own multi- 
track recording had to 
be half engineer and half 
musician. When you do 
it al, it's difficult to work 
out musical parts, con- 
centrate on your playing 
in addition to punching 
buttons, moving faders 
and watching levels to 
make multi -track tape 
recordi-rgs. 

Most musicians are 
familiar with foot - 
switches used oy guitar 
players. They a low the 
performer to change 
effects or sounds by 
simoiy rapping a foot - 
switct, with no distrac- 

MCR'" 4 Multi -Track 
Cassate System for 
Musicians 

Overdubber'" Pedal 
Remote 
Solenoid -operated 
Transport Function 
Controls 
Dolby B and C 
Zero Stop and Zero 
Play functions 
Electronic Stopwatch 

tion to their playing. 
This quickly becomes 
second nature. 

Overdubber" brings 
the same concept to 
multi -track recording. It 
has only th-ee buttons 
and is simple to use. 
Now recording tape 
tracks can be as simple 

as using a guitar 
footswitch. 

What is the 
OverdubberT' Pedal 
Remote? 

With the Overdubber'" 
pedal remote, you can 
play and rehearse, pause 
and work out parts, 

work on the whole tune, 
work on any portion of 
the tune. purrci in, 
punch out, rewind and 
listen over and over and 
over again. Most impor- 
tant of all, you can keep 
your mind on tie music, 
your foot will do all the 
control as second 
nature. You cam now be 
100% musician when 
you need to be The 
MCR'" 4 with Oier- 
dubber" pedal remote is 
only available from AMR. 
Try it for yourself at you - 
local AMR dealer or call 
the factory for Me name 
and location cf yDur 
nearest AMR dealer. 

- (? 

Peak -type LED Level 
Indicators 
Headphone Jack 

Headphone Track 
Selector Switch 
Record /Play Status 
Buttons with LED 
Indicators 
Many Additional 
Features 
Made in the U.SA. 

Dolby° is a registered trademark of Dolby Laboratories Corporation 

Circle 18 on Reader Service Card 

AMR' 
Built for Drofessional! ty xofessionas 
In Amer! -a 

Route 2. Highway 5ß 
Decatur. MS 39327 (i1) 635 -22*. 
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Sonic Studio's 

2to 

Strk 

Other Room 

Figures 1 and 2. Two views of the studio. The 
wide angle view on the left shows the full 
bank of installed speaker systems used when 

the groups want a rehearsal room. To the 
right, you can see the array ofequipment, 
including a drum set that is available for 
recording purposes. 

Elsewhere in this issue, there is a major story on 
Sonic Sound Studios. This fine operation on Long Island 
has not ignored the needs of the musician/small studio 
market. A ten minute drive from the Freeport location 
brings you to Island Park( an island, but not a park) where, 
in an industrial area, we found a building containing 
another studio complex. 

www.americanradiohistory.com

www.americanradiohistory.com


2 . 11 

*`s 

' 
1 1 ti 

ti 
ji. 

yl ,as ( 
ti 

r 

_' 

,ro;ro' 
roro y ti rti 

i: 1 ` 

6 ` Y 

Figure3. The console looks out at thefull studio. Note the 
groups ofmonitors on the board flanked on the outboard 
sides by a pair of Fostex units. 

In this single -room operation, the musician with limited 
funds is catered to in a fully professional way. The equip- 
ment installed allows the room to be used as a rehearsal 
hall, or as a recording studio. In the typical Sonic Sound 
way, the studio is equipped to handle 16 -track (and more) 
work, but, when visited, all that was in the control room 
was an 8 -track Tascam that feeds a 2 -track Technics 
1500. The board, and other equipment in the room does 
permit 16 track work to be done, if the equipment is 
brought in from the other location. 

It is good to note that Sonic Sound has not forgotten the 
musician with limited funds. The result is a studio complex 
that can take artists from their beginnings right through 
state -of -the -art analog technology. It goes a long way 
towards explaining why this Long Island operation is vir- 
tually fully booked in both locations. 

www.americanradiohistory.com

www.americanradiohistory.com


Everyone Says They're Better 
We Prove It! 

_T Soaa rad De aa-. o Alb u ara 

s. al 
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Time Delay 
Reverberation 
Crossovers 
Tape Noise Reduction 

Compressor / Limiters 
Expanders 
Spectrum Analyzers 
Parametric EQ 

Before you purchase another piece of signal processing gear for Studio or 
Performance use, you would be Wise to listen to our Demo Album. Instead of 
merely "Saving" we're Better, we Prove it in side by side comparisons with the 
competition. You really can pay Less and get a Better product through our factory 
direct sales! 

We're out to set new standards for Quality and Performance as well as dollar 
value. We want you to choose us for our Quality more than our Prices. Our 15 day 
Satisfaction Guarantee and Two Year Warranty on our Crossovers, Time Delays, 
Reverberation. Compressor /Limiters, Expanders, Parametric EQ, and Tape Noise 
Reduction, allow you to purchase with Confidence. 

The Demo Album is both fun and Educational. Examples are drawn from the 
master tapes of Top 40 Hits and show some of the most sophisticated effects ever 
devised. You will hear our phenomenal MUCROPLATE` Reverb with over 18 KHz 
bandwidth in side by side comparisons with the $1.000 EMT Plate on percussion 
and vocals. No other spring reverb would dare attempt such a comparison! The 
cost is incredible too, under $600 mono and $1,200 in stereo! 

Write or call for a free 24 page Brochure and Demo Album. 
LT Sound, Dept. D -2 , P.O. Box 338, Stone Mountain, GA 30086 
TOLL FREE: 1 -800. 241 -3005 - Ext. 1 In Georgia : (404) 493 -1258 

LT Sound 
We Make A Better Product 
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On Taxes 
Casualty Losses 

Losses are almost inevitable. Fire, 
theft, vandalism and destruction, re- 
gardless of what caused them, inevit- 
ably result in a loss. Insurance may 
pick up a portion of the financial or 
out-of-pocket loss, but the bottom line 
is that the recording studio owner is 
the one who actually suffers the bur- 
den of that loss - unless, of course, 
Uncle Sam picks up part of the tab. 

Yes, Uncle Sam, in the form of our 
tax laws as administered by the Internal 
Revenue Service, will foot part of the 
bill for your loss. In fact, the tax 
deduction for losses also covers many 
losses where insurance or other reim- 
bursement is non-existent. And, what's 
more, the worse that loss is, the more 
relief our tax laws provide - sometimes. 

Under our tax rules, losses to pro- 
perty are tax deductible as so-called 
"casualty losses" if they result from 
fire, storm, shipwreck or other casualty. 
Those "other casualties" are defined 
by the IRS as an unexpected, accidental 
force exerted on property where the 
taxpayer is powerless to prevent it. 
Direct and approximate damages 
cause a loss similar to that sustained 
in a fire, storm or shipwreck. 

Almost any accidental loss may 
qualify as a casualty loss so long as it 
results from some event that is iden- 
tifiable, damaging to property and 
sudden, unexpected and unusual in 
nature. To be "sudden," the event 
must be one that is swift and pre- 
cipitous and not gradual or pro- 
gressive. To be "unexpected," the 
event must be one that is not ordinarily 
anticipated and one that occurs without 
the intent of the one who suffers the 
loss. To be "unusual," the event must 

be one that is both extraordinary and 
non -recurrent. That is, one that does 
not commonly occur in the course of 
the activity in which the studio owner 
was engaged when the destruction or 
damages occurred, and one that does 
not commonly occur in the ordinary 
course of the day -to-day living of 
the taxpayer. 

According to the tax rules, theft 
losses, unlike casualty losses that are 
deductible for the year they occur, are 
deductible for the year they are dis- 
covered. The reason for this rule is 
that, in many circumstances, a theft 
may not be discovered for some time 
after it has occurred. Theft losses 
include losses resulting from larceny, 
embezzlement and robbery, not to 
mention burglary, extortion, kidnapping 
for ransom, threats or blackmaiL 

In addition to proving that there 
was an actual loss of property, a 
studio owner must also prove that the 
property was really stolen. The so- 
called "mysterious disappearance" 
of any property -Le., property that 
was simply lost -does not constitute 
a loss deduction for theft under our tax 
rules. Fortunately, whether property 
will be considered lost or stolen often 
depends on all of the facts and cir- 
cumstances surrounding the loss. 

One of the toughest problems with 
the casualty loss tax deduction is 
actually proving the loss. Under our 
tax laws, in order to qualify for a 
casualty or theft loss deduction, a 
studio owner has the burden of proving 
not only that a loss really occurred but 
also in proving that a casualty or theft 
was actually the cause of the loss. As 
with any other loss deduction, the 

Mark E. Battersby 

owner must show that he was the 
owner of the property, or if the pro- 
perty was leased from someone else, 
that he was legally responsible for 
the damage. 

In order to claim a casualty or theft 
loss, the studio owner must have evi- 
dence that demonstrates the following 

1. The exact nature of the incident 
constituting the alleged casualty, 
the date and/or time when the 
alleged casualty actually occurred, 
and that the loss occurred as a 
direct result of the alleged casualty, 

2. Evidence must also exist that the 
recording studio owner is the legal 
owner of the property damaged; 

3. A description of the damaged 
property and its location; 

4. The cost or book value of the 
property; 

5. If the property is depreciable, the 
depreciation allowed or allowable; 

6. The fair market value on non- 
business property immediately 
before and after the alleged 
casualty; 

7. Salvage value; and 
8. Any insurance or other compen- 

sation recovered or recoverable. 

When it comes to determining the 
amount of that loss, the tax rules are 
quite specific. In general, the amount 
deductible as a casualty loss is the 
lesser of the difference between the 
fair market value of the property 
immediately before the casualty or 
theft reduced by the fair market value 
of the property immediately after the 
casualty or theft; or the adjusted basis 
or book value of the property. 
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Unfortunately, the tax rules are 
also specific in limiting the amount of 
a personal casualty loss which may be 
deducted by an individual taxpayer. 
For property not used in a trade or 
business -or for the production of 
income -the amount of the loan de- 
duction is reduced by $100 for each 
casualty plus ten percent of the studio 
owner's adjusted gross income. If 
several items are destroyed in a single 
event, only one $100 reduction must 
be taken. 

To illustrate this loss limitation on 
individual studio owners, consider the 
situation of one hypothetical record- 
ing studio owner. Mike Jones' record- 
ing studio was totally destroyed by 
high winds in a storm in 1985. The fair 
market value of the building imme- 
diately before the loss was $3,000. 
Mike's adjusted gross income for the 
year is $23.000. His casualty loss 
is computed like this: 

Amount of loss $3,000 
$100 floor (100) 

$2,900 
Ten percent of adjusted gross 
income $2,300 
Deductible loss $600 

A special rule applies in the case of 
the complete destruction of business 
or income -producing property by a 
casualty. In this case, the full adjusted 
basis or book value, minus the salvage 
value (if any) and any insurance or 
other compensation, is deductible re- 
gardless of the fair market value of 
the property. 

Of course, if the insurance is more 
than the adjusted basis of the business 
property, a taxable gain results. But, 
unfortunately, that gain is a capital 
gain. 

A loss to property employed in a 
business -even for a tax purposes - 
only business- is a completely dif- 
ferent story. In this case the loss, 
without a floor or income restrictions, 
may be taken as an ordinary (or not so 
ordinary) business deduction. 

When it comes to determining the 
amount of any casualty loss, the fair 
market value of the damaged property 
immediatedly before, and its fair market 
value immediately after, the casualty 
is generally determined by means of a 
competent appraisal where the cost of 
repair method is not used. Naturally, 
the appraiser must recognize any 
general market decline in order to 
limit the deduction to the actual 
casualty loss. 

Remember, however, that under our 
confused tax rules, the appraisal fees 
are not taken into account in comput- 
ing the loss, but they can be deducted 
as a miscellaneous deduction because 
they constitute an expense incurred in 
determining a tax liability. In other 
words, those appraisal fees are not 
computed when attempting to sur- 
mount the $100 floor and ten percent 
of adjusted gross income tests imposed 
on personal casualty losses. 

Unfortunately, a casualty loss is 
generally not tax deductible if there 
has been a decline in value without 
physical damage or destruction to the 
property for which the casualty loss is 
claimed. Thus, when a landslide des- 
troyed neighboring homes but did not 
physically damage the recording studio 
owner's property, the owner was not 
entitled to a casualty loss deduction. 
even though there was an all -too-real 
decline in the value of his property. 

Generally, both the IRS and the 
courts take the position that any de- 
cline in value to undamaged property 
following a landslide that affected 
neighboring land is due to temporary 
buyer resistance, which is insufficient 
to support a casualty loss deduction. 

Where a loss is sustained to pro- 
perty that is used partly for business 
purposes ( including profit- making 
activities), the $100 and ten percent 
attributable to the non -business use. 

Finally, we come to those disaster 
losses, the so-called " throwback elec- 
tion." Any studio owner who sustains 
a loss attributable to a disaster occur - 
ing in an area later determined by the 
President of the United States to 
warrant assistance by the federal 
government under the Disaster Relief 
Act of 1974 can choose to deduct the 
loss for the taxable year immediately 
preceding the taxable year of the dis- 
aster. This gives the recording studio 
owner an opportunity of applying for a 
refund on a return that has already 
been filed and paid, thus allowing him 
an immediate tax benefit to help re- 
store his damaged home or business. 

While casualty losses are almost 
inevitible, our tax laws do provide 
some relief in the form of a tax deduc- 
tion. Although the tax laws and rules 
are frequently confusing and obviously 
restrictive, they do provide a degree of 
financial relief from those losses that 
are not fully covered by insurance. 
But the time to think about meeting 
the deductibility requirements is at 
the time of the loss -or before it if at 

all possible. 
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SUMMER 1986 SESSIONS 
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Eastman School of Music 
of the University of Rochester 

Analog /Digital Professional 
Facilities 
Basic Recording Techniques 
June 30 August 8 

Advanced Recording Techniques 
July 21 August 8 

instruction by leading audio engineer- 
ing professionals in: basic electronics 
applied to audio digital technology: 
acoustics; microphones; tape and 
disc recording; studio, remote, and 
classical recording; signal process- 
ing; maintenance; etc. 

Labs, recording sessions, mixdowns. 
Credit and non- credit. 
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Eastman Recording Services 
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taons write: Summer Session, Dept. N, 
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Bruce Bartlett 

Record ink Techniques 
AES Workshop On 
Recording 
Pop Music On Location 

At the seventy -ninth convention 
of the Audio Engineering Society last 
October there were two sessions 
covering on- location recording of 
popular music. The first was "On the 
Repeal of Murphy's Law- Interfacing 
Problem Solving, Planning, and 
General Efficiency On Location" The 
second was "Popular Music Record- 
ing Techniques." Participating in the 
sessions were: 

Paul Blakemore of Blakemore Audio, 
Takoma Park, Maryland; Neil Muncy, 
Neil Muncy Associates, Toronto, 
Ontario, Canada; Skip Pizzi, NPR, 
Washington, DC; Dave Moulton, 
SUNY, Fredonia, New York Curt 
Wittig, ReoordingEngineer, Washington, 
DC. 

Several topics were covered, includ- 
ing hum prevention, grounding and 
power, cables, site survey, pre-produc- 
tion planning, microphone techni- 
ques, monitoring, and mixing. 

All of the following discussions 
have been paraphrased. 

HUM PREVENTION 
Most audio equipment includes a 

green wire in the AC power cord that 
is connected to the chassis, and also to 
the low side of the power supply. 
Thus, if you interconnect two pieces 
of unbalanced equipment where the 
shield carries signal, you set up a 
ground loop formed of the shield and 
the power -ground wiring. This ground 
loop can cause audible hum. A balan- 
ced interconnect solves this problem 
because the audio signal is not shared 
with the shield. 

Power lines in walls radiate mag- 
netic and electrostatic fields that 
oscillate at 60 Hz and its harmonics. 
These fields can couple to audio 
cables and produce audible hum or 
buzz. Magnetic fields couple best at 
low frequencies, and so are heard as a 
low tone or hum at 60 Hz. Electros- 
tatic fields couple best at high fre- 
quencies, and so are heard as a buzz 
including harmonics of 60 Hz. 

In an audio cable, the grounded 

shield is the path of least resistance to 
ground for electrostatically coupled 
interference. Thus, the shield helps 
prevent electrostatic hum pickup. 

If you break a shield connection in a 
mic cable, there is no ground path for 
induced electrostatic charges, so 
you'll hear a buzz in the audio. 

The pair of conductors in a balan- 
ced audio cable are twisted together to 
reduce pickup of magnetic hum. Here's 
why: according to the inverse square 
law, a magnetic hum field weakens 
very quickly with distance. In a twis- 
ted pair, both leads are the same aver- 
age distance from the hum source, so 
they receive the same average field 
strength. Thus, equal voltages are in- 
duced in each conductor. At the pre - 
amp input where the cable is connected, 
the preamp amplifies only the dif- 
ference signal between the pair. And 
since there is little difference in the 
hum voltage between the two conduc- 
tors, there is little hum to be amplified 

Audio cables contained shielded. 
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twisted pairs to reduce hum. The cable 
connector is susceptible to magnetic 
hum interference because the leads 
are separated. 

Star Quad cable has two parallel - 
connected twisted pairs inside for 
extra hum rejection. 

In a snake box, direct box, or split - 
ter, it's a good idea to keep internal 
wiring twisted up to the connector and 
to use short lengths. 

Mic-cable shields are either spiral 
wrapped or braided. Spiral wrap costs 
less but provides less coverage. Braided 
shield is stronger and provides better 
coverage, but costs more. Double spiral 
wrap covers the conductors better than 
single spiral wrap. 

POWER AND GROUNDING 
PRACTICE 

Here are some suggestions for 
making AC power connections on 
location. Check that your AC power 
source is not shared with lighting dim- 
mers or heavy machinery; these de- 
vices can cause noises or buzzes in the 
audio. 

Measure the AC line voltage. Know 
what your equipment can do under 
widely varying voltages. You may need 
to use a Variac. Use a 3 -prong tester 
to check AC outlets for reversed 
polarity or lack of ground 

If possible, get AC power from the 
same place as the sound - reinforcement 
company. Run a long, thick (14 or 16 
gauge) extension cord from that point 
to the control room. Plug AC outlet 
strips into the extension cord, then 
plug all your equipment into the 
outlet strips. 

Do not overlook the third -pin safety 
ground on equipment power cords. If 
you have to float the ground to prevent 
ground loops, make a box as follows: 
put male and female AC power con- 
nectors in the box, with the hot and 
neutral leads wired together. Put a 
bridge rectifier shorted across its cen- 
ter terminal between the ground lugs. 
It will conduct only in the event of a 
ground fault. It will give you a discon- 
nected ground at signal voltages, but 
will clamp if a fault occurs and the 
voltage rises above 1.2 volts. You 
may want to add a 20 -amp circuit 
breaker. Plug this box between each 
piece of equipment and the AC power 
outlet 

Turn on all the stage musical- instru- 
ment amps and the sound system. 
Using a neon tester or voltmeter, con- 
nect one lead to system ground, and 
the other lead to the chassis of each 

instrument amp. Verify that there is 
no voltage measured. Also measure 
between guitar strings and sound - 
system microphones. 

INTERFACING WITH 
TELEPHONE LINES 

If you're doing a live remote for 
broadcast, you'll probably send your 
signal to the transmitter via rented 
telephone lines. 

The telephone company (Telco) 
rates the noise level of telephone lines 
in dBrn. 0 dBrn is the "absolutely 
quiet" reference. 0 dBrn -90 dBm. 
Thus, if the noise level is 30 dBrn, the 
signal -to-noise ratio is 90 to 30 or 
60 dB. 

Telco zero level is +8 dBm. You 
don't necessarily have to feed +8 
dBm from your console into a phone 
line; +4 dBm will give 4 dB more 
headroom. Telco test level is 0 dBm 
for tones above 400 Hz. 

You may want to ask for lossless 
lines ( with unity gain); otherwise you 
may be down about 20 dB after trans- 
mitting through the phone lines. 

You need a 600 -ohm source im- 
pedance, achieved by putting a 600 - 
ohm resistor in series with the console 
output connector( 300 ohms per leg of 
the balanced line). Have a terminated 
transformer on the sending end. To 
make a receiving line 600 ohms, put a 
600 ohm resistor across pins 2 and 3. 

For stereo programs, specify phase - 
matched lines. 

In addition to the program lines, 
rent a non -equalized private line for 
communications. Order program lines 
two or three days in advance. Order a 
standard non -EQ'ed line for com- 
munications about a week in advance. 

CABLES 
Let's move on to the subject of 

cables and cable connectors. In a S- 
pin connector, if you tie pin I to the 
shell grounding lug, you reduce pick- 
up of electrostatic hum. With this wir- 
ing method, however, ground loops 
are more likely to occur if the shell 
contacts metallic surfaces onstage. 

Furthermore, if pin 1 is grounded to 
the shell, and you plug the connector 
into a direct box and push the ground - 
lift switch, you don't lift ground! 

It's probably best not to tie pin 1 to 
the ground lug when you're recording 
on- location, because ground loops are 
more likely to occur than electrostatic 
hum pickup. But in controlled studio 
situations, it's best to tie pin 1 to the 
ground lug. In any case, standardize 

your connector wiring. 
If SCR dimmer noise is a problem, 

insert an adapter between two mic 
cables to tie pin 1 to the shell. 

Number the cables near their con- 
nectors and cover the label with clear 
heat -shrink tubing. Also label both 
ends of each cable with the cable 
length. Loctite the connector screws 
in place. 

Try to use a single mic cable be- 
tween each mic and its snake -box 
connector. 

Avoid bundling mic cables, line - 
level cables, and power cables together. 
If you must cross mic cables and 
power cables, do so at right angles and 
space them vertically. 

Don't leave a rat's nest of cables 
near the stage box. Coil the excess 
cable at each mic stand That way, 
you can move the mics and reduce 
clutter at the stage box. Don't tape the 
mic cables down until the musicians 
are settled. 

Have an extra microphone and 
cable off stage ready to use if a mic 
fails. 

PRE -PRODUCTION 
MEETING 

Have a pre - production meeting with 
the sound - reinforcement company and 
the production company putting on 
the event Find out the date of the 
event, location, phone numbers of every- 
one involved, when the job starts, 
when you can get into the hall, when 
the second set starts, etc. Decide who 
will provide the split, which system 
will be plugged in first, second, etc. 
Draw block diagrams for the audio 
system and communications system. 

If you're using a mic splitter, note 
that the mixer getting the direct side of 
the split provides phantom power for 
condenser mics not powered on stage. 
If the house system has been in use for 
a long time, give them the direct side 
of the split 

Overly loud stage monitors can ruin a 
recording, so work with the sound - 
reinforcement people toward a work- 
able compromise. Ask them to start 
with the monitors quiet, because the 
musicians always want them turned 
up louder. 

Make copies of the meeting notes 
for all participants. Don't leave things 
unresolved. Know who is responsible 
for supplying what equipment. 

SITE SURVEY 
Visit the recording site in advance 

and go through the following checklist A 
co 
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I. Listen for ambient noises -ice 
machines, coolers, 400 Hz gen- 
erators, nearby discos, etc. If the 
room is noisy, you'll need to mic 
close. If not, you may want to mic 
at a distance to include room 
acoustics. 

2. Sketch dimensions of all rooms 
related to the job. Estimate dis- 
tances for cable runs. 

3. Turn on the sound - reinforcement 
system to see if it functions okay 
by itself (no hum, etc.). Turn the 
lighting on at various levels with 
the sound system on. Listen for 
buzzes. Try to correct any pro- 
blem so that you don't document 
bad p. a. sound on your tape. 

4. Check AC power on stage with a 
circuit checker. Are grounded 
outlets actually grounded? Is there 
low resistance to ground? Are the 
outlets correct polarity? There 
should be a substantial voltage 
between hot and ground, and no 
voltage between neutral and 
ground. 

5. Determine locations for any 
audience /ambience mics. Keep 
them away from air -conditioning 
ducts and noisy machinery. 

6. Plan your cable runs from stage 
to control room. 

7. If you plan to hang mic cables, 
feel the supports for vibration. 
You may need microphone shock 
mounts. If there's a breeze in the 
mom, plan on taking windscreens. 

8. Find a source of power for the 
remote truck that can handle 
the truck's power requirements. 
Find out whether you'll need a 
union electrician to make those 
connections. 

9. Find the circuit breakers for your 
power source and label them. Stay 
away from circuits supplying heavy 
machinery or old -style cash re- 
gisters. Use an assistant to see if 
any devices are on your circuit. 
Ask the custodian not to lock the 
circuit-breaker box the day of the 
recording. 

10. Make a file on each recording 
venue including the dimensions 
and the location of the circuit 
breakers. 

11. Find out where the control room 
will be. Find out what surrounds 
it -any noisy machinery? 

12. Visit the site when a crowd is there 
to see where there may be traffic 
problems. 

13. You might want to record the 
$ ambient noise with a portable 

recorder and play it back at home. 
This will make the ambient noise 
much more audible. 

14. If the AC power is noisy, you 
might need a power isolation 
transformer with an electrostatic 
shield. Use a line voltage regulator 
if the AC line voltage varies 
widely. 

After doing the site survey, draw a 
complete systemblock diagram includ- 
ing all cables and connectors. Use this 
to generate an equipment list. Keep a 
file of system block diagrams for various 
recording venues. 

MISCELLANEOUS TIPS 
Hook up and use new, unfamiliar 

equipment before going on the road. 
Don't experiment on the job! 

Walkie -talkies are okay for pre -show 
use, but don't use them during the 
show because they can cause RF 
interference. 

Allow fifty percent more time for 
troubleshooting than you think you'll 
need. Expect failures. Have backup 
plans if equipment fails. Leave as lit- 
de to chance as possible. 

Bring a tool kit with screwdrivers, 
pliers, soldering iron, connectors, 
adapters, cables, 9V batteries, guitar 
cords, guitar strings, AC-outlet chec- 
kers, fuses, a pocket radio to listen for 
interference, ferrite beads of various 
sizes for RFI suppression, canned air 
to shoot out dirt, Q- tips and pipe 
cleaners, and Cramoline Red from 
Cague Labs to remove oxide from 
connectors. 

Assistants can relay messages to 
and from the stage crew while you're 
mixing 

During short set changes, use a 
closed -circuit TV system and light 
table to show what set changes and 
mic layout changes are coming up 
next; transmit this information to the 
monitor mixer and sound -reinforcement 
mixer. 

Don't unplug mics plugged into 
phantom power because this will 
make a popping noise in the sound - 
reinforcement system. 

After the gig, note equipment fail- 
ures and fix broken equipment. 

Don't put tapes through airport X- 
ray machines because the transformer 
in these machines is not always well 
shielded. 

Hand -carry your mics on air- 
planes. Arrange to load and unload 
your own freight containers, rather 
than trusting them to airline freight 
loaders. 

Get a public-liability insurance 
policy to protect yourself against suits. 

In general, plan everything in ad- 
vance so you can relax at the gig and 
have fun! 

MICROPHONE 
TECHNIQUES 

The following are suggested mic' - 
ing techniques for on- location record- 
ing. Since they are meant to minimize 
leakage and feedback, they are not 
necessarily the same techniques you 
might use in the studio. 

Upright bass: Try a direct feed 
from a pickup to minimize leakage. 
This method provides clarity and "bite," 
but has an "electric" sound. Also, 
wrap a condenser lavalier mic in foam 
and stuff it in an f -hole. Mix this mio- 
rophone with the pickup to "round 
out" the tone. You may need to roll off 
the bass of the f -hole mic. Try flipping 
the polarity of the mic and use whatever 
polarity sounds best. 

A mic near the bridge will pick up a 
more natural tone, but will also pick 
up more leakage. 

Grand piano: Mount a coincident 
pair of cardioids, angle them 120 
degrees apart over the middle-C strings, 
very close to the strings, and near the 
hammers. This gives a sharp, per- 
cussive sound with little low end. There 
may be excessive hammer noise and 
pedal noise. Add reverb. 

Moving the mics away from the 
hammers toward the diagonal rail will 
give a more natural sound with a little 
more leakage. 

An alternative is to use two spaced 
cardioids aiming down over the bass 
and treble strings, but this arrange- 
ment may cause phase cancellations 
when heard in mono. 

Try two Crown PZMRs taped to 
the underside of the piano lid, over the 
bass and treble strings, with the lid 
closed. Pan them half -left and half - 
right This arrangement is not mono- 
compatible, so you may want to try a 
single PZM over the middle strings. 

PZM pioneer Ken Wahrenbrock 
has made a prototype stereo PZM for 
mic'ing pianos: two PZM capsules 
mounted 1 -1/2 inches apart on a 
single plate. 

Drums: Place a coincident pair of 
flat-response cardioid condensers (such 
as Neumann KM -84 s) over the center 
of the drum kit. Move the mics up if 
the cymbals are too loud. These over- 
head mics will pick up very little kick 
drum because the front-and-rear heads 
of the kick drum produce out-of-phase 
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sound waves that cancel at the mic 
position. So you'll need to add a mic in 
the kick drum. 

These three mics usually are enough 
for straight-ahead jazz recording. For 
fusion or rock, you'll probably want to 
add close-up spot mics, which give a 
fuller, brighter, closer sound. Spot- 
mic suggestions are as follows: 

Snare drum: A mic under the snare 
drum gives a "zippy" sound; a mic 
over the snare drum gives a "fuller" 
sound. Keep the mic out of the drum- 
mer's way, near the rim. If you want to 
pick up the hi hat with. the snare mic, 
aim the snare mic partly toward the hi 
hat. Caution Every time the hi hat 
closes, it produces a puff of air that 
can "pop" the snaredrum mic. Place 
the snare drum mic so it is not hit by 
this air puff. 

Hi hat To avoid the air puff just 
mentioned, don't mic the hi hat off its 
edge. Mic it from above aiming down. 

Tom toms: Mic'ing the toms from 
inside gives a full, "jungle" sound with 
little stick attack Mic'ing the toms 
from above picks up a percussive attack 
with more "click" or "snap." Place 
mics very close and near the rim. You 
might want to try a bidirectional mic 
between two tom -toms. 

Flute: In the studio, place the mic 
at the joint where the two pieces of the 
flute go together. A mic near the mouth- 
piece picks up a breathy, whistling 
sound; a mic near the open end picks 
up an unnatural sound with key noise. 

On stage, try taping a miniature 
omni condenser mic to the handle of 
the p.a. microphone. 

Woodwind section: When mic'ing 
a woodwind section within an orches- 
tra, you need to reject nearby leakage 
from other instruments. To do that, 
try aiming a bidirectional mic down 
over the woodwind section. The side 
nulls of the mic will minimize leakage. 

Sax A mic in the bell picks up mainly 
the upper harmonics, giving a hard, 
bright sound. A mic off to the side 
picks up a quiet sound, with poor 
isolation. Perhaps the best spot is in 
front pointing at the player's left hand, 
about one third to one half way down 
the wind column. Don't mic too close, 
or else the level will vary when the 
player moves. 

Brass: Place the mic in -line with 
the belL The sound is brightest on- 
axis to the bell, duller off-axis. 

Guitar amp: Place a mic at the cen- 
ter of one speaker. The electric guitar 
usually is not taken direct. Mic the 
amplifier if the amp is creating the 
player's sound. 

Jazz vocals: Try an omnidirec- 
tional mic up close. Compared to a 
cardioid mic, an omni has smoother 
off -axis response, less handling noise, 
and no proximity effect (up close 
bass boost). 

Vibraphone: Mic it over the top, 
never underneath. 

Electric piano: This often has a 
stereo output, so be sure to record 
both channels. 

Reeds (woodwinds): The reeds' 
low frequencies and mid -frequencies 
radiate from the wind column, while 
the highs above 5 kHz (and the fun- 
damentals of some notes) radiate from 

the bell. Consequently, mic'ing the 
column gives a natural sound; mic'ing 
the bell gives a thin, nasal sound. 

Strings: Strings radiate low fre- 
quencies omnidirectionally. High fre- 
quencies radiate off the top or front 
face. Consequently, a mic over the top 
sounds bright and strident A mic near 
the side sounds warm. For mic'ing a 
string section with minimal leakage, 
try a bidirectional mic over the section 
aiming down. 

Harp: Try some C -Ducer tape on 
the soundboard with some added re- 
verb. Also, try a bidirectional mic 
oriented vertically along the axis of 
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"Being an 8 piece ensemble we put a monitor system 
through rigorous demands and the Carvin system per- 
forms excellently. l'm impressed by the flexibility and 
overall layout of the Carvin MX mixers. We use the Carvin 
system for both rehearsal and live performances." 

- Danny Elfman, Oiego Boingo 

Carvin System S12 -980 
System S12 -980 DIRECT 51979 List $3895 

Our best compact stereo 12 ch sound system 
features high powered speaker components 
designed for peak over -loads normally found in 
professional sound reinforcement. The quality 
of the S12 -980 demonstrates its clarity of un- 
distorted audio regardless of price! Com- 
ponents include: the MX1222P stereo powered 
mixer with 400 watts rms, 2 980M speaker 
enclosures, and cables. 

The 980M speaker enclosure features the 
Carvin high energy HE15 woofer and Electro- 
Voice DH1202 radial horn compression driver. 
DIRECT $369 List $695. 

Carvin System S8 -960 
System S8 -960 DIRECT $1449 List $2695 

One of our best performance values is the 8 
ch S8-960 system featuring the 960M 
enclosures. The 960's offer Carvin's high 
energy HE15 woofer in a tuned port enclosure 
for smooth, deep bass output. Carvin's HE490 
compression horn delivers superb highs for 
clarity. Components include: the MX822P 
stereo powered mixer with 400 watts rms, 2 
960M enclosures, and cables. 

The 960M speaker enclosure has a high 
power capacity of 150 watts, 300 watts peak. 
An exceptional value at $269 ea. DIRECT List 
$495. 

Tri -Amp System C12 -3000E DIRECT $3999 List 37995 
The Carvin C12.3000E Tri -amp Concert system produces a wall -of -sound 

that's earth shaking! Components include; 12 ch MX1222 pro stereo con- 
sole, 2 single 18" 3000E folded horn Electro -Voice sub -woofers, 2 1200E 
E.V. midrange enclosures, 2 R540H Carvin /Renkus -Heinz radial horns, 1 

DCA800, 1 DCA300 power amp (1100 watts), and 1 XC1000 crossover. 

CAR VIN 
Made in USA 

/ 

Pro Monitors 

Carvin's Pro monitors are incredibly power- 
ful, projecting a clear full -range sound to your 
ears when everything around you seems deaf- 
ening. The 12" 750M model sells DIRECT 
$179 List $295. The 15" 790M model sells 
DIRECT $219 List $395. 

DCA800 Power Amp 

The stereo DCA800 amp clearly demon- 
strates uncompromising performance. Its' 
800 watts rms (bridged) output drives speak- 
ers from sub -audible sounds to explosive 
levels without distortion. Pro features include 
balanced inputs and fail -safe protection. 
DIRECT $549 List $1095. 
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Join the Pro's who use Carvin 
mixers or P.A. systems 

Tony Brock (Rod Stewart) 
Brad Gillis (Night Ranger) 
Danny Gottlieb (John McLaughlin) 
Peter Mclan (prod. Men at Work) 
T. Lavitz (The Dregs) 
Musician's Institute 
Missing Persons 
Oingo Boingo 
Starship 
Steve Vai 
Frank Zappa 

MX1688 
Recording Mixer 

16 x 8 x 2 
Recording Features 
Eight Track Studio Control Center 
Input /Output Channel Organization 
Independent 8 Into 2 Monitor Mixer 
Four Auxiliary Busses w/ Pre /Post 
Three Band Parametric EQ w/ Defeat Switch 
Mute and Solo on all Input and Output Channel. 
Two Effects Returns w /.Pan and Solo 
Talkback w/ Bulk -in Mic and Monitor Dimming 
Peak Warning Indicators w /Peak Stretching 
Patch Points on all Channels 
Microphone Phantom Power 
Cue and Effects Sends from Output Channels 
Alternate Metering of Cue and Two -Track 
Quick Tape Playback Through Monitors 
Independent Mic and Line Preamps 
Studio Feed w/ Source Selection 
Totally Modular Internal Construction 
Input Noise of -128 dBv. THD less than .05% 
Frequency Response: 20 Hz to 20 KHz 
20 dB headroom at All Stages 

. 

. 

. 

.f. 

:. I.,......, .... 
. 

w 1 a 2,10.14,41i4 .7 

$2995 
List $6950 

P.A. Features 
Eight Sub -Groups w/ Solo and Mute 
Channels Assignable to L & R Stereo Output 
Four Independent Monitor Mixes Available 
Headphone Monitoring of Main or Monitor 
11 Step Gain Controls for Easy Set -up 
Talkback to Monitors 

50 page Operation 
Manual preview of MX mix- 
ers Specify MX22, 44, or 
88 series S 1 

Performance Guaranteed! 

MX1644 16x4x2x1 
$1695 List 34595 
Four 9 band EQ $200 
Studio Re verb 5100 

CARVIN PROFESSIONAL MICS 
CM90 Condenser Recording mic $ 139 List $269 
CM67 Studio Instrument mic $99 Lin $199 
CM68 Professional Vocal mic $99 List $199 

MX1222P w 400 
31299 List 32595 

MX1622 16x2x1 
$1299 List 32595 

MX2422 24x2x1 
$1799 List 33695 

MX822P w 400 
3949 Li.t 51795 

MX622P w 300w 
$799 List 51495 

Don't let Carvin's low prices fool you. We are the company that has been making and selling pro audio 
gear DIRECT since 1946! Enjoy big savings because we eliminate "Retail Store Profits ", not quality. 

All "MX" consoles offer the professional features and performance you've grown to expect from Carvin! 
Computer grade components, heavy -duty regulated power supplies, modular circuits and low noise signal 
path designs optimize the "MX" boards for professional recording and sound reinforcement. Before you buy 
another PA board, discover the transparent. low noise performance of the Carvin "MX" consoles. We 
guarantee it or your money back after trying for 10 days! Carvin products are proudly made in the U.S.A. 
and warrantied for 1 year. Send for your FREE 84 page color catalog. To rush 1st class mail, endose $1, 
$5 for foreign. Master Card and Visa accepted. For more information, call TOLL -FREE 800- 854 -2235 
(Calif. 800-542-6070). 

CARVIN'S New Hollywood store is conveniently located at 5900 Santa Monica Blvd., Hollywood, CA. 
(ph 213-461-2700) offering the sane low Direct prices. 

CAR VIN 
Dept. DB69, 1155 Industrial Ave. 
Escondido, CA 92025 
Circe 20 on Reader Service Card 

Free Catalog Ì FREE CARVIN CATALOG -. 
I 

Free Catalog 51 for Rush 1st Class Mail I 

IName I 

IAddress 
city 

LState Zip DB69I 
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The Modus Operandi of 
David Kurtz 

Part 

History has come full circle. When I 
was five, history was last week. In 
junior high school, it retreated to a dis- 
tance located millenniums in the past, 
perhaps before the ice ages, or some- 
where in the black holes of outer 
space. But with the advent of the tran- 
sister a few decades ago, history 
began to move toward us again, for 
that became demarcation for reckon- 
ing, anything before the transister was 
ancient, everything after was today. 
But now, thanks to the chip and the 
computer, history is once again only a 
week behind us, or perhaps only an 
hour in the past, for that's when our 
brand new equipment becomes obso- 
lete. 

I had to laugh, hearing composer 
David Kurtz talk about the original 
synthesizers of the 1960s as being in 
"the olden days." But he's right, for 
musical technology is changing so fast 
that the trend toward obsolescence is 
inescapable: anything invented at 
breakfast is history by lunchtime. 

This is more serious than it sounds, 
for how does the updated musician 
handle this without going broke before 
dinner? 

This is just one of the problems 
David Kurtz met head -on when he 
tackled the Hollywood film industry 
as a young composer moving out from 
the east coast without a lot of money. 
Not that he wasn't prepared. Having 
attended both Yale and Stanford, hav- 
ing studied as an award student with 
two music giants, Jacob Druckman 
and Krzystof Penderecki, and having 
been composer -in- residence with the 
prestigious American Dance Festival 
with seven premiers to his credit, he 
did not come without portfolio. But, 
having impressive credentials is one 
thing and coming in off the street to 
earn a coveted role as composer for 
film and television is quite another. 
Yet, in just a few years his credits 
speak for themselves; a list of shows 
he has worked on includes: Annie and 
The Big Chill for Columbia Pictures, 

marshal! king 

and The Young And The Restless and 
Blade In Hong Kong for CBS televi, 
sion. Today David can speak freely of 
hurdles facing a newcomer to the film 
capitol, but before he got into that we 
had a special question. 

db Magazine: Today you compose 
mainly with the use of a computer, 
and your music is punctuated with 
new electronic sounds, yet your train- 
ing is in the classics. Where and when 
did this transition of interest take place? 

David Kurtz While 1 was at 
Yale. For years I'd been dong trad- 
itional scoring with instrumentalists, 
but my interests began to encompass 
electronic music. I guess I really got 
into it, because before I graduated in 
1980 I found myself teaching a course 
in electronic music. It was purely a 
synthesizer studio, but I loved it. 

At that time the synthesizer was 
modular, which allowed you a flex- 
ibility that's unbelievable. Today's 
synthesizers are based around pre- 
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David Kurtz working athomeamonga myriad of electronic instruments, all controlled through MIDI connec- 
tions from his Fairlight CMI. 

sets, and the variations of the pre -sets. 
Ninety -nine percent of the people to- 
day go out and get a Prophet or an 
Oberheim or a Roland to start with, 
using the pre -sets that are there as 
their point of departure. However, in 
the modular days you didn't have that; 
you had to start from a very fresh 
standpoint. All you had were oscil- 
lators, VCAs VCFs and so forth. No 
pre -sets. You couldn't just turn it on 
and get a sound. There's something 
about the process of taking a wire (a 
patchcord) and connecting it from one 
point to another, that made you think 
about what you're doing. In a sense, 
I'm really grateful that I grew up from 
that school of endeavor. from the 
modular synthesizer...the early Moogs, 
the Arps, the Buchla systems. 

dlx But this is not where your train- 
ing started. Your beginnings were 
with piano and guitar, followed by 
conducting and composing. What led 
you from that into synthesizers? 

DK: Aga n, at Yale they were in- 
terested in getting into computers, so 
in the late 70s they sent me to the 
Artificial Intelligence Lab at Stanford 

University which may be the foremost 
center for computer music in this 
country. They were time - sharing on 
this enormous computer that's really 
not designed for music; it's designed 
for artificial intelligence, and specif- 
ically for robotics... sound recognition 
they called it....They soon concluded, 
Hey, if it can make sounds it can pro- 
bably make music. 

db: How computer -wise were you 
when you went out to Stanford? 

DK: Not at all. It really is a very 
different world, the computer world. 
The people at Stanford were very dif- 
ferent types than what I was used to. 
Even so, it was a musical environment 
to the extent that others there were 
groping through new ground in music, 
too. I came from music, I'm not a 
technician, but I make it a point to 
always understand what goes on in 
front of the machines; in the back I 
wouldn't know what to touch first. 
Actually I prefer to work that way; for 
me, that's better. It keeps music as my 
main concern; electronics in itself is 
not my domain. 

dlx How long were you at Stanford? 

DK: For one long summer. At the 
end of that period I decided to take a 
holiday and visit friends in Los Angeles, 
and while down here I got a slight feel 
for the motion picture industry. So 
when I went back to Yale for a year, I 
took a course in film criticism. I had 
never thought of film in terms of the 
whole flow of the history of art. But in 
this course at Yale I started getting 
into the Busby Berkely films, the 
Charlie Chaplin films, Ingmar Berg- 
man, Fellini, Spielberg and others. 
And suddenly I realized what some 
people before me already knew, that 
this is not only a legitimate art form 
but that it's the art form ofour times... the 
Michelangelos, the Beethovens... are 
probably working in film. 

After my graduation I found myself 
out here with no money, and I did the 
typical survival trip of selling sand- 
wiches on the street, doing a few odd 
jobs, and eventually became a copy- 
ist. During those lean times, when I 
could look around and see what was 
being done all around me in the music 
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business, I began to appreciate the 
kind of training I had to go through 
with Druckman and Penderecki. We 
used to have to do things like take six- 
teen bars of music and orchestrate it in 
the style of Hayden, Brahms, Ravel, 
Vivaldi, or Stravinski. It was excel- 
lent discipline, where you have to 
think of sounds in your head first. You 
also had to do that with modular syn- 
thesizers, because when you turn on 
an oscillator you get a sine wave or a 
pure saw - tooth, which is not much to 
go on. So your thinking always has to 
come from your head first. When you 
orchestrate that's all you're doing; 
you're sitting there imagining what all 
this will sound like being played by a 
brass section in combination with two 
flutes, being supported with sixteen 
cellos underneath. 

When I came out here I had no 
money and no machines, and the time 
wasn't really right for that anyway. So 
when I fmally got a foot in the door I 
used synthesizers merely to augment 
the traditional instruments that I was 
using. 

db: You said, "When I fmally got a 
foot in the door"... How does a young 
up- and -coming musician go about 
doing that? 

DK: I don't really know what to say 
about that. There isn't any one par- 
ticular way. For me, every show has 
been different. What I know for a fact 
is that it's very hard to get in people's 
doors and have them listen. I know 
this is a cliche, but there's a lot of com- 
petition out there and there's no deny- 
ing that luck has a part in it, just as 
personalities sometimes mesh and 
sometimes don't. I think the big thing 
is to stay on the scene and do anything 
that's involved in music, no matter 
how trivial it may seem at first. I men- 
tioned that I was a copyist for about a 
year, which gave me a sound financial 
basis and kept me visible in the music 
world. Visibility is an absolute must. 
You have to get out if you stay in your 
room you'll just get lost, because 
nobody's looking for you. Nobody. 
They've got a hundred other people 
who can do what you can do, and even 
if you can do it better, it doesn't count 
if you don't circulate. You can lose out 
to someone who's not nearly as good. 
It's a hard sell. 

Now one of the first things I wanted 
to do when I came out here, ( and it 
didn't happen right away), was to get 
an agent. Agents are important in that 
they give you respectability. For some 
reason, before I had an agent, my 

°o early interviews would end with, "Your 

music's fine, now who's your agent ?" 
It's part of the process. There's a pro- 
cess out here that people go through, 
an unspoken protocol that makes things 
work. When my answer was, "I don't 
have an agent," I could sense an im- 
perceptible pause that slowed things 
down. 

Something that I'm still learning, 
still trying to understand, is where the 
priorities are. It has to do with those 
"evolved processes" I just men- 
tioned. Take budget, for instance. 
You learn very quickly that music, in 
the grand scheme of doing a produc- 
tion, is not the foremost priority in 
itself. It's often the last consideration 
when the producers are putting toget- 
her a show, and by the time they get 
around to talking music, the budget is 
nearly depleted. After the actors and 
their salaries have been selected, after 
the sets have been agreed upon, and 
perhaps even after the food catering 
has been nailed down, that part of the 
budget left over for music may have 
shrunk to something quite small 
There's no animosity here working 
against music; it's just a process that 
has envolved. 

So, one reason for my having quite 
a bit of work so far is that I learned 
how to produce music within the stric- 
test budget requirements early on. In a 
way you might think this puts severe 
limits on what you can do, but looked 
at in another light, it teaches you to do 
more with less...and quite often that 
can lead to a uniqueness that puts 
your work in demand. Also, when 
you're coming in from the sidewalk 
your lifestyle is somewhat on the thin 
side, and you can afford to get in- 
volved in projects that they can't con- 
sider asking the more celebrated 
composers to do. We're talking about 
a fine line here, for you can't do anyth- 
ing for free. That's the kiss of death 
But with nothing to lose you can cer- 
tainly give 101 percent for the agreed - 
upon dollar. 

db: It looks like the composer new 
to the industry has a lot to keep his 
eyes on... 

DK: True, and when it comes to 
getting a foot in the door, that visi- 
bility I spoke of is the important thing. 
If this means finding a way to sneak 
onto a set, so be it. I found ways to 
hang around scoring stages, where I'd 
come in very quietly and watch and 
listen and not open my mouth. I knew 
that musicians take breaks at least 
once an hour, and for me it was another 
chance to mingle, it was a continuing 
learning process. 

Also, your time is just as important 
to you as a beginner as when you're 
established. Maybe even more so, for 
you're coming from a sense of urgen- 
cy, if not desperation, so you've got to 
use it well If you're really counting 
the hours available for accomplish- 
ment, you must learn who to sell your- 
self to and who to minimize. This is 
not to soft -pedal friends and acquain- 
tances; rather, it's to not waste your 
life with insignificant dallying when 
you're trying to get a foothold. You 
may make new friends, yes; com- 
miserate, yes; be of assistance to your 
fellows, yes; but you don't waste time 
selling yourself to other composers or 
instrumentalists or editors, for they 
don' tbuy. The only people that you' re 
going to be selling to are producers, 
for they are the ones who buy. That's 
all that counts. 

All this is said on the assumption 
that you've done your homework, and 
much of that homework comes after 
you've finished school, during the time 
spent on the street when you do more 
listening than talking. For example, in 
Yale I took a very thorough film music 
course. Then I came out here and 
could hardly wait to score a film or TV 
series. Thank God no one hired me. I 
wasn't ready. There was a lot I had to 
learn, particularly about procedure, 
about that protocol I touched on earl- 
ier, not to mention the specifics, the 
manual technicalities that go with the 
genre. In some ways this is a small 
town, and when you bite off more than 
you can handle, it's common know- 
ledge overnight, and you might as well 
wear a sandwich board that reads I 
blew it." 

db: What are some of these estab- 
lished procedures that you must follow? 

DK: I'm sure that specifics will 
come up as we talk, but let me say that 
in every category of this business there 
are accepted avenues through which 
things get done, and if you try to take 
too many detours around this unwrit- 
ten system you may as well enjoy the 
water, for you're just swimming up- 
stream. For example, there are cer- 
tain ways you approach the editors 
(who may be beneath you in author- 
ity) as well as the producers who hire 
you, stances which should neither 
sacrifice your own convictions nor 
allow you to elbow your way into obli- 
vion. Again, you do a lot of listening 
and assessing, while at the same time 
protecting your identity with reason- 
able assertions. 

If this sounds like Fm describing 
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the pecking order to be found in any 
Madison Avenue ad agency, so be it 
The truth is, the creative artist must be 
a businessman, and if he ignores the 
mechanics of what makes businesses 
work, he may as well take his crea- 
tivity to a desert island where it can't 
get in the way of reality. It would be a 
foolish omission not to say right here 
that politics exists in this business as it 

these things happen, where a lot of 
money is involved...we're talking ten 
million dollars or more per pic- 
ture...you realize that there must be 
something very correct about the struc- 
ture. So when they hand a film or a 
series over to you as a composer you 
have an enormous responsibility, even 
though that budget may have shrunk 
to a shadow of its former self by the 

David Kurtz at work 

does everywhere else. There are def- 
inite hierarchies, and you can't ration- 
alize this or you' Il just frustrate yourself. 
You must learn what these patterns 
are, recognize the structure, and deal 
with it. When I first came out here I 

had trouble handling all this, of ac- 
cepting it conceptually, but the good 
thing about it all is that it works. It's a 
system of conventions that allows 
things to get done, and allows deter- 
mined people to rise. 

When you're lucky enough to get 
the opportunity, and you've let the 
politics work for you instead of against 
you, and everything works out, that's 
when you have to make music. I don't 
want to give anybody the impression 
that music is secondary, for it's not. 
But there's a lot you have to do to 
scramble until you get to the point 
where you're given the opportunity to 
deliver, but when you get there it's 
only the music that counts. That's 
why I appreciate the way the system 
works, where you have to respect the 
various hierarchies through which your 
work must pass. 

When you think of the top names 
over the years who have been making 

time you are brought in. Still, part of 
your talent is to take what you're given 
and make it work. 

"Trying to make it work" is partly 
what led me into using electronic 
music in my scoring, even before I had 
my own studio. Because of budget res- 
trictions, I was supplementing my 
sound with synthesizers just to round 
it out, to give it fatness. I never planned 
to use synthesizers necessarily for their 
own distinctive electronic" sound, but 
rather to augment the several tradi- 
tional instruments which the budget 
would allow. However, I was led, 
through a fascination with these sounds, 
into the Jse of synthesizers as the sole 
source for the entire score, providing 
it fit in with all the other elements: the 
time period of the script, the mood of 
the dialogue, the intended tensions, 
and so firth. 

db: There's a difference between 
the synthesizers you were first com- 
bined with and the computerized 
music you're doing now. How did you 
bridge this gap? 

DK: There wasn't much bridging 
to do. Since I had moved to the west 
coast I couldn't help but be aware of 

this trend. It gets a hold of innovations 
first As soon as manufacturers come 
out with equipment, they seem to be 
here before they're anywhere else, 
except perhaps Japan itself. Before it 
gets to all the art centers, let's say 
New York even, they're here, and 
they're being used, tested and criti- 
qued. Out here you really do feel that 
you're in the center of something act- 
ive, something innovative and excit- 
ing. 

db: Let's follow an assignment 
from beginning to end. What happens? 

DK: Your first task after being 
hired is to" sit down and spot" the pic- 
ture with the film editor and the pro- 
ducer (or whoever he has delegated to 
represent him here, perhaps the direc- 
tor). This is a meeting whereby it is 
determined when and where in the 
film music will be used. They may 
give you a script to read beforehand, 
but I don't like to do that I prefer to 
see a picture fresh if I can. I find that it 
doesn't matter how the script reads 
anyway, because the music should 
not only represent the story, but it 
should fit in with the style of the movie. 
Romeo and Juliet set in Shakes- 
peare's time probably should have 
authentic instruments of that time, but 
if you're doing a modern -day version 
you might want to have a rock score. 

So it depends on the film's intended 
style as to how you'll handle the music, 
and I get that from seeing the film, not 
reading the script. That's particularly 
true today when so much is influenced 
by MTV. But sometimes a producer 
says to you, " Read the script and give 
me your impression," so that's exac- 
tly what you do. 

db: Well, what is that? 
DK When you get the assignment 

you go to a screening room and begin 
your spotting session, which can last 
from an hour to a few days, depending 
on several things -how important the 
music is to the picture, how much the 
producer is willing to leave to the 
composer, and so on. By the time you 
get to the spotting session you should 
be involved only in music; most of the 
sweat and tears and political tightrope 
walking used in getting to this position 
should be behind you. Here we screen 
the picture, and the producer, who has 
been living with this now -edited film 
for weeks or months, will tell you 
where he has envisioned the music to 
be. When a producer says to you, "I 
want the music to begin here and end 
there," you'd be well- advised to agree 
as much as possible if you are new to rn 
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the genre, particularly if he says "I 
`I want" Now, if he says "I think," 
that's another matter, you should feel 
free to jump in with your own input. 

As you become more well-known 
in town and build up your credits you 
can become more adventurous, but I 
would strongly recommend to some- 
one who's new at the game to be ready 
to lay back and do a lot of intelligent 
listening during these first spotting 
sessions. Don't worry, if a producer's 
open to your input right at the onset, 
you' Il know it by the way he responds 
to you. That's when you come out 
with your ideas and opinions. It's 
been my observation that many pro- 
ducers want you to speak up, at least 
to some extent, for he's hired you for 
your musical expertise, out of respect 
for what you know. Secondly, as al- 
ready stated, by the time of the spot- 
ting session he may be too close to the 
picture to see it with a fresh eye. If it's 
a feature, he may have been on this 
thing for two years... he knows every 
frame, he knows everyone's contract 
by heart, he even knows what the 
flowers cost in the first scene. So, by 
the spotting session, he may show that 
he does indeed welcome your ideas. 
You justfeel this as you go along; it's 
part of the protocol I mentioned earl- 
ier. 

A television series, in contrast to a 
feature film, has its own way of doing 
things, its own protocol, if I may say 
that once more. If you're lucky enough 
to be involved in the pilot (that first 
episode which the producers use to 
show the networks and the networks 
use to feel out the viewers), the musi- 
cal style is set at that time by the per- 
son who composes the theme. 

Now, if you aren't involved in the 
pilot but if you come in later to do the 
background music for subsequent epi- 
sodes, by and large, you are expected 
to stay within that musical attitude. 
So when you go into a spotting session 
for a TV series it goes very quickly, for 
there's a certain amount of routine to 
it If you listen to a lot of TV under- 
scores you find that much of it is based 
around the theme, a practice that's 
worked well for years, although even 
that seems to be changing 

db: In the spotting session there's 
you, the producer, and the editor. 
What does the editor do? 

DK: The editor works with the 
composer very carefully to ensure 
that his intentions reach the screen. 
Although he's hired by the producer, 
sometimes the producer will ask who 
you want as editor. Except in general 

terms, the producer doesn't deal with 
the film editor, the composer does 
that The editor is your right hand. Or 
to put it more bluntly, he can save 
your neck so be nice to him. If you 
don't hit it off with the editor, your life 
can become very difficult 

db: But if you, as composer, are 
instrumental in selecting the editor, 
I'd think there's no way he's going to 
make life miserable for you. 

DK To some extent this is true, but 
this arrow points in both directions no 
matter whose authority prevails. The 
handling of your music, the way it's 
inserted into the film, is such a deli- 
cate procedure, so involved with tech- 
nical know -how and value judgements, 
that a rapport with your editor is cru- 
cial. Avoiding communication pro- 
blems with this person is not only part 
of that unspoken protocol I men- 
tioned, but it's excellent insurance 
that your project will not go astray. In 
your own head you may be very clear 
on your musical idea, but you have to 
make sure that the editor can pull it 
off, and he can if you never lose that 
meeting of the minds. 

The music editor's first function is 
to note the footage at the points where 
music is to be inserted, and break down" 
the film into segments (of so many 
feet, or so many seconds) where ac- 
tion to be scored is taking place. Take, 
for example, a car chase, a car skids 
around a corner...where does that hap- 
pen? Okay, it happens at 23.7 seconds 
into the picture. A guy jumps out of 
the car and is shot..where in the film 
does that happen? If these are things 
that you want to emphasize musical- 
ly, you've got to know where in the 
film it is and how long it lasts. The 
editor takes care of this, he figures out 
footages and timings to those spots 
where you decided that music will 
come in or go out He gives you these 
notes, and you then go to work writing 
your music. 

You decide such things as, what 
tempo you are going to use in these 
cues. Then you compose within the 
limits of the medium, to make your 
sounds "hit" at the right spot You're 
always working within the confines of 
the picture; you're not just writing music 
for the purpose of hearing music. 
You're subservient to what has already 
been done with the product; you're 
not making phonograph records here. 

db: Once the music is composed 
and copied, are you now ready to con- 
duct the orchestra on the scoring stage? 

DK Not yet. Before I can conduct 

the orchestra while watching the movie 
roll by on a giant screen in the back of 
the room, I have to go back to the 
editor and tell him what I need in order 
to do this. As the editor puts the film 
back together in the proper order, he 
takes my notes and adds certain visual 
cues to the film which will alert me to 
those points where music should come 
in or go out. These lines will move 
across the screen as I conduct and are 
called streamers; of course they are 
never seen in the final product Also, 
since I am wearing earphones as I 
conduct, the editor puts "clicks" onto 
the soundtrack at certain spots that 
will appear in my earphones, which 
are carefully timed tempos that I have 
worked out from his earlier notes. 
Thus, I know that I am starting at 
exactly the right place, that I'm con- 
ducting in exactly the right tempo, and 
that all musical parameters will match 
the action. After all this music has 
been recorded on sprocketed tape 
called mag- stripe. The editor takes 
this tape and physically cuts it into the 
picture alongside other mag-stripe tapes 
containing dialogue and sound effects. 

db: Is the editor a musician, as a 
rule? 

DK The best ones are, although 
it's not an absolute must. Many have a 
natural feel for the work without musi- 
cal training. One of my big breaks 
came from working on an important 
musical where the editor who started 
the film did not read music. The film 
was quite complicated musically and 
they needed someone to assist him 
with certain matters, for the composer/ 
conductor Ralph Burns was busy 
elsewhere. Since I was working for 
Burns (and Columbia Pictures) as a 
copyist at the time, they assigned me 
to assist the editor in any way I could. 
This is what I meant earlier by being 
on the scene; you take whatever job 
you can get just to be there when an 
opportunity pops up. 

Before being a copyist I was a proof- 
reader, where my job was to check for 
any errors the copyist may have made, 
before that I was a scoring stage assis- 
tant where I would run copies back 
and forth from the copyist to the stage, 
make clean copies when coffee was 
spilled, and generally be useful. The 
point is, you want to be on the scene. I 
believe it's far better to have the low- 
est job in your chosen field, even if it's 
just cleaning coffee cups for starva- 
tion wages, than to have a better -pay- 
ing job, however temporary, in some 
other field as you wait for the big 
break. 
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ED LEARNED 

Live With The Dead 

Dan Healy has been the 
Grateful Dead's sound engineer since 
the band's inception nearly twenty 
years ago. Over the years he has be- 
come known as an innovator in the 
field. 
Working with Don Pierson of Ul- 

trasound, Dan has come up with a 
multitude of new techniques and in- 
novations. They have also put together 
what has been called the "largest tour- 
ing system" to ever be used which 
includes Meyer Sound Labs cabinets 
set up in an array that is designed 

by computer. 
Another new technique being em- 

ployed by Dan is the use of a Bruel & 
Kjaer FFT analyzer in conjunction 
with MSL parametric equalizers and 
a computer. This new system is still in 
the R&D stages, but Ultrasound and 
the Grateful Dead held a press con- 
ference late last year to demonstrate it 
in action. 

Before the Grateful Dead's concert 
performance at the Meadowlands/ 
Brendan Byrne Arena, Dan and Don 
demonstrated how the system oper- 

Our resident lire sound mixer, Ed Learned spoke to Dan 
Healy at the end of the Grateful Dead's 1985 tour. The 
intro. for this article was written by db's technical 
editor, Sammy Caine 

ates. It provides virtually flat fre- 
quency response in just about any 
room because it actually reads the 
room. 

During the concert, it was apparent 
that all of Dan's work is well worth the 
effort. The sound was nothing short of 
amazing. It was extremely loud and 
clear which is quite an unusual oc- 
curance at a rock concert. The system 
seemed to only be running at fifty or 
sixty percent capacity, yet my pant 
leg shook with each beat of the kick 
drum. A quick walk around the arena 
proved this to be the case everywhere. 
The system was extremely flat and 
even, and the clear, powerful sound 
travelled to the rear of the arena 
without much degradation. 

Watching Dan mix was also amaz- 
ing. He did not stand still for one mo- o, 
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ment. He has been called the seventh 
band member, and watching him in 
action is proof of the claim. He in- 
teracts with the band from the mix 
position, and even throws in some 
sound effects when he feels the time is 
right Dan is also in constant com- 
munication with the band members on 
stage. 

When meeting him, it's apparent 
that Dan is both happy with his work 
and willing to share his developments 
and techniques with other sound en- 
gineers. In fact, when his com- 
puterized equalization system is 
complete, he hopes to see other sound 
engineers use it 

db: Tell us a bit about Ultrasound, 
which was your p. a. company for this 
past tour. 

DH: Ultrasound is owned by Don 
Pierson and Howard Dancheck. They 
are long -time San Francisco audio 
guys, kind of in the same "school" 
that I'm in. There was kind of a con- 
sortium -John Meyer, Don, Howard, 
John Curl, and myself -that spent 
the last twenty years comparing notes 
on audio, and at various times we've 
all worked on projects together in dif- 
ferent groups. Ultrasound is basically 
a p. a. company that is a holding com- 
pany for some modified Meyer stuff 
that the Grateful Dead and I use when 
we tour. 

db: Does Ultrasound service other 
accounts besides the Dead? 

DH: The gear is available for use 
when we're not on the road, but essen- 
tially it's pretty much the Grateful 
Dead sound system. We've modified 
the Meyer stuff quite a bit for Grateful 
Dead applications, and have top pri- 
ority on its use. Ultrasound couldn't 
do, say , a Starship tour in its entirety 
becasue of eventual overlapping dates 
with the Dead. So, aside from casual 
gigs, that system only gets used for 
us. 

db: Much has been written about 
Meyer loudspeakers, electronics and 
enclosures. What do you feel are their 
biggest advantages over conven- 
tional designs? 

DH: The Meyer system is really 
the only system that is kind of servo 
controlled. Essentially, you've got 
your speaker cabinets and the power 
amps that drive them. Before the pow- 
er amps is a box called the processor. 
This processor contains the crossover, 
and also incorporates time and phase 
correction for the crossover. If you 
add up all the crossover outputs, it will 
reproduce square waves and stuff. It's 

very accurate with respect to time and 
phase. Another advantage is resonant 
damping. You take a sample off the 
speaker or the output of the amplifier, 
and feed it back into a side port on the 
processor. This allows the processor 
to sense for resonant nodes in the 
speaker cabinets, and provide damp- 
ing and amplitude adjustments to cor- 
rect for these cabinet resonances. As 
the cabinet goes through resonant 
modes, the processor senses the rise 
in impedance and voltage and causes 
an averaging of the levels, so you 
don't get resonances. 

db: Do you see any "trickle- down" 
of these ideas into the rest of the sound 
industry? 

DH: Not really. I have noticed that 
some of the current guys are into time 
correction of the corossovers- that 
is, time alignment. But nobody is 
doing phase correction of the cross- 
overs, and nobody is doing damping 
of the resonances of the cabinet That 
stuff is quite different, and really stands 
by itself in the industry. There's a lot 
of pros and cons to these ideas; all I 
can tell you is that I've been doing this 
stuff for twenty -two years, and I've 
gone through a lot of different sys- 
tems. This is the most accurate yet 
I'm sure that you and some of your 
reading audience are familiar with 
some of the past trips that the Grateful 
Dead sound system has gone through. 
The '74 to '76 system, the huge bread- 
board system euphemistically called 
the "Wall of Sound," was sort of the 
forerunner of what Meyer is doing 
now. 

db: How did that evolution take 
place? 

DH: In 1976, the economy sort of 
bottomed out on us, with the gas crisis 
and all. It became prohibitively ex- 
pensive for the Grateful Dead to per- 
sonally continue the research we were 
doing on sound systems from '68 up 
until that point. It got so we were play- 
ing eleven months a year, broke all the 
time, and we were slaves to the sound 
system -it wasn't fun to play any- 
more so we decided to get out of the 
p.a. business and just concentrate on 
playing music. 

At that point, John Meyer got var- 
ious investors and backers, and con- 
tinued on with our research. It's where 
we were headed all along, and now 
we're seeing its results. 

db: Can you comment on some of 
Meyer's elaborations to the Dead's 
basic research? 

DH: One of the problems Meyer 
ran into was inconsistency in speaker 

manufacturing. If you buy 200 12' 
speakers from JBL, put them in a test 
jig and sweep them out, you' Il find that 
they're not the same. The gap would 
vary tremendous amounts, the glue 
and paper densities would vary. He 
believed that if speakers were all off in 
the same way, than a single correction 
for one would work for all, sort of a 
quantum correction theory. However, 
Meyer found the speakers so different 
that a single correction wouldn't work. 
Then he went to JBL to see if they 
could build speakers to hes specifi- 
cations, and they said forget it. They 
were selling speakers faster than they 
could make them, and didn't care, 
which unfortunately is kind of the 
American attitude. So he went to 
Switzerland and found a speaker 
manufacturer that was willing to build 
speakers to immensely tight specifi- 
cations, so that 200 12' speakers 
would be identical, allowing the quan- 
tamized correction theory to work. 

This went for the 15' and 18' speak- 
ers and the mid -range horn drivers as 
well. Also, this same concern for con- 
sistency is extended to the construc- 
tion of the speaker cabinets themselves. 

db: The Meyer speaker system, 
without its processor, doesn't have 
the greatest sound. Does this mean 
that the speakers themselves require 
electronic compensation to sound 
good? 

DH: Not at all. You can just go buy 
them and stick them in a guitar amp, 
like a Twin Reverb. If you don't want 
to, you don't have to use them with a 
processor. Due to the manufacturing 
tolerances, what you basically end up 
with is a better speaker. ( Bob) Weir 
plays his guitar through them without 
a processor. Phil (Lesh), however 
does use a processor on the Meyer 
15s and 18s that he uses for his bass 
rig. It linearizes the speaker system, 
particularly down in the lower fre- 
quencies. Phil tends to like a real 
clean sound, and I must say it really is 
(clean). Weir likes a more raspy sound, 
so he doesn't bother to smooth it out 
In the case where Bobby uses the 
speakers, it would be no different than 
the way you'd use a JBL or some other 
speaker. 

db: You used quite a large number 
of Meyer cabinets on this past tour. 
What exactly did you take with you, 
and how was it divided between flying 
and ground support, if at all? 

DH: I carried 112 MSL-3 cabinets 
and thirty -two 650 subwoofers as a 
total speaker complement. I hung ev- 
erything-I didn't split it up. I know 
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there are guys who fly some and leave 
some on the ground. I don't do that 
because it creates point-source distor- 
tion and phase problems. 

db: I agree with you. My biggest 
complaint about splitting the p. a. up 
and down is that it's very difficult to 
align flying and stage support stacks 
to maintain time alignment 

DH: You can't really successfully 
do it. It might look good on paper, and 
it might be easier to set up that way, 
but when you meausre it you find that 
it just doesn't work well. In big halls I 
fly everything if I do stack the p.a., 
then I stack everything. I don't mix it 
up, because timewise, it's impossible 
to correct it out and stuff -no matter 
whare you are in the house there are 
deficits. 

db: Yeah, not to mention the comb- 
ing you hear when you move from 
place to place. 

DH: What I do instead is hang dus- 
ters of them. In the case of the average 
hockey hall I use usually about twelve 
cabinets wide by three cabinets high. 
Sometimes I might have a row of six 
or eight wide for lower rows. I usually 
get an architectural drawing from the 
house, or if one isn't available I gen- 
erate it myself. We then plot the sound 
system coverage, because we know 
the vertical and horizontal dispersion 
of each cabinet, and we also know the 
collective effect from arraying them. 
With that knowledge and and arch- 
itectural diagram, we literally plot the 
sound system in the room so that it 
covers every seat in the room with as 
close to even frquency amplitude as 
you cen get. That's what everbody 
does when they hang their system, but 
I don't know how many companies 
take the time to generate a scale draw- 
ing and really adjust the arrays so it 
applies itself specifically to that room. 
Our setup can change radically from 
show to show if the room changes. We 
don't have a general hanging package 
that we hang wherever we go. 

db:... which we both know happens 
all the time! 

DH: Yeah, but that's a little too 
loose for us. If you're going through all 
the trouble of servoing the equipment, 
going through all the changes we're 
going through to really clean it up, and 
you turn around and arbitrarily throw 
it up in a room, well, you've sort of 
defeated yourself, right? 

db: Absolutely. 
DH: The thing is, once you've 

launched yourself onto the trip of ex- 
treme attention to detail and quality, 
you find yu can't let down anywhere 

along the line. If you drop the ball any- 
where, you lose everything you've put 
out in the other areas. You have to do 
it right from the design of the equip- 
ment clear on down to how you set it 
up in the room and use it That's reali- 
ty; anyone who is interested in doing 
superior sound work will have to 
come to grips with that sooner or 
later. 

db: How do you adjust your flying 
speaker arrays for the plotted cover- 
age when they're in the air? 

DH: We use muliple points in the 
hall, with independent chain motors 
attached not only to the top of the fly- 
ing arrays, but to the sides and bot- 
toms as welL By using the chain motors 
in proper sequence, we pull the bot- 
toms up and the sides in, the phys- 
ically pull the arrays into the shapes 
that we want 

db: How do you handle center -fill 
requirements without the use of ground - 
support p. a? 

DH: When I fly, I attach MSLs to 
the bottom of the arrays that are pointed 
straight down and slightly in. the near - 
center area is covered directly from 
the main arrays by these speakers, 
insuring consistency in point-source. 
If it's gound -support in a big outdoor 
place, where the stage is real wide and 
the p.a. is really far apart, I might use a 
cluster of UPAs for center -fill. I build 
a small riser between the stage and the 
barricade, and place this in the middle. I 
use four to six UPAs, stacked on this 
riser with the tops of the cabinets even 
with the stage. 

db: So your speaker complement 
also includes some UPAs? 

DH: I always carry about a dozen 
with me on tour. I use them for lob- 
bies, delay systems, even rearfill when 
we paly hockey halls where seats are 
sold behind the stage. 

db: Your speaker complement of 
112 MSL-3s and thirty -two 650 sub - 
woofers creates a ratio of 3.5 MSLs 
per subwoofer. What do you feel is a 
standard ratio for matching MSLs 
to 650s? 

DH: As a rule of thumb, one sub - 
woofer for every five MSLs is suffi- 
cient Let me go into detail on this a 

bit If you're only using five MSLs I 
wouldn't say that, but if you're using 
more that twenty MSLs I would say 
that When you stack up the sub - 
woofers, you begin to appriciate the 
mutual coupling of them all, you begin 
to gain efficiency and low -end res- 
ponse as your array gets taller and 
taller. I usually use sixteen650s in the 
average hockey hall, but for Brendon 

Byrne I used all of them. I had the full 
thirty -two in there, which is twice as 
many cabinets as I normally used, but 
I had four times as much low end. I 
had to run the bass 6 dB below the 
MSLs, where I normally run them 
at unity. 

db: When you looked at it on the 
analyzer before system EQ and level 
changes, what was the dB difference? 

DH: Forty Hz was 14 to 16 dB 
above 1 kHz. I had a lot of low end 
between 80 and 100 Hz. I have se- 
parate drive capability for my sub - 
bass cabinets. What I do is first turn 
everything on at unity and then look at 
it In the case of the 32 subwoofers, I 
had a horrendous amount of low end, 
more than I needed. So, I just turned it 
down until it was sort of in the ball- 
park, and then I set out equalizing 
it. 

db: What sort of console were you 
using? 

DH: I used a Gamble console, 
which was custom built for me. Ultra- 
sound owns it; we also used a Gamble 
monitor console on stage. I worked 
with Jim Gamble on the design of it 
it's built specifically for p.a. produc- 
tion mixing. It has eight effects sends, 
3 -band parametric EQ on each input, 
and all the typical stuff. It has real 
clean specifications; a lot of it is di- 
rect- coupled, so we've eliminated a 
lot of capacitors from the audio path. 
It's really clean, quiet board with low 
distortion and crosstalk. On the out- 
put side it has eight stereo sub -masters 
into a stereo master output. 

db: After the console comes the 
equalizer. What type of EQ wre you 
using? 

DH: We came out of the board, in 
stereo, and went into two 25 -band 
equalizers. These were special para- 
metric equalizers that we designed 
and Meyer built. Now he manufac- 
tures them and anybody can buy one. 
I prefer a parametric for equalization, 
because one of the flaws in I /3- octave 
equalization is that you're stuck with 
the frequency. Quite frankly, most of 
the time the center of peaks and stuff 
doesn't coincide with the fixed fre- 
quencies of 1/3- octave EQ. They're 
really sort of obsolete: it's a fixed fre- 
quency and a fixed width, and that's 
kind of useless when you're trying to 
pin down resonances and stuff Our 
parametrics will go down to one tenth 
of an octave wide, and we usually use 
them in that narrow mode. It turns 
out, particularly with servoed speaker 
systems, that resonances tend to be 
real steep and narrow. We actually CD 
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pull these tall, narrow peaks out of the 
system, and because the EQ is para- 
metric you can center it right on the 
frequency of the peak. These equal- 
izers are also time and phase correc- 
ted: they self -correct via networks 
that deal with the time. That's another 
bummer with 1/3- octave equalizers. 
By the time you get all the equaliza- 
tion in it, you've reached diminishing 
returns due to all the phase distortion 
in the equalizer itself. 

db: What's after the EQ? 
DH: I go into a splitting network 

that feeds a series of line drivers. These 
are API modules: a balanced -input 
discreet opamp that swings 24 volts, 
so you can get +30 out of them. They 
make ideal line drivers. A pair of these 
feed the left and right MSL stacks, 
with another pair feeding only the left 
and right subwoofers. 

db: How hot do you run the line 
drivers? 

DH: I usually run them around +6, 
although that changes with size. At 
Brendon Byrne I found, due to the ver- 
tical array, that I had way too much 
signal. I wound up running around -4, 
and the low end was REALLY laid 
back; the whole system wasn't any- 
where near clipping. I had a good 15 
dB of headroom at any time during 
that show. I'm into headroom -Pm 
down on running a system full out. I 

usually use more gear than most peo- 
ple would at the same venue for that 
reason. 

db: I couln't agree more. Bring 
more, use it less. 

DH: That's another one of my 
styles. the extra gear isn't because I 
run it louder, but because I run it 
cleaner. You tend to come up with a 
massive sound if you use more stuff, I 

don't mean in terms of overall vol- 
ume, but in perception. It's like a feel- 
ing of clout or something- it fills the 
hall. One cabinet causing 100 dB at 
the booth versus twenty cabinets caus- 
ing 100 dB at the booth; it's the same 
100dB but the sound is considerably 
different as you can well imagine. 

db: I think that it's just a case of 
more cone area moving more air. 

DH: Right I think that's what it is; 
it makes a room more alive. It also 
makes it easier to overcome the acousti- 
cal properties of the room: the echoes 
and other weirdness. The more you 
have, the more you can overpower 
problems. You literally have to brute - 
force the room, not necessarily in terms 
of volume, but in overall mass. I used 
my entire complement of speakers at 
Brendon Byrne Area. It was the first 

time Pd used that many, and to the 
best of my knowledge it was the larg- 
est sound system ever used there in 
terms of power. Boy, I'll tell you, it 
gave that room a feeling of absolute 
ease of operation. The sound just 
poured out of the system. It was mag- 
nificent to hear, man; it'd blow you 
away to listen to that. You would 
really have gotten a kick out of it. But 
P II do that again there. I laid for Bren- 
don Byrne for two reasons: I never 
really felt that I'd nailed that building 
good, and second, I wanted to do some- 
thing special in New York, where 
there's a large conglomerate of people 
like yourself who are colleagues in 
sound. I kind of wanted to set the re- 
cord straight in New York; I was real- 
ly happy with the results of what went 
down there. For what it's worth, we'll 
be playing some stadiums this coming 
summer, so I'm planning on taking an 
even larger system. 

db: I think your success at Brendon 
Byrne was proof of your attention to 
detail. Speaking of which, you men- 
tioned an interesting point concerning 
speaker arrays. I'm sure most com- 
panies are aware of the dispersion 
characteristics of their cabinets. 
However, some have no idea of the 
dispersion and frequency response 
changes that occur when these cabin- 
ets are combined in different arrays. 
No one seems to have thought about 
that. 

DH: That's true. Actually, the ma- 
jority of professional sound com- 
panies are much looser than you 
thinlç you don't really get a great sound. 
For instance, I used Claire's system 
between ̀ 76 and ̀ 79 before the MSLs 
came together. I actually had them 
send a group of S-4s out here to the 
coast to the Grateful Dead's shop. I 

set them up and did a serious study on 
what their gear actually did, not what 
they said it did. That testing suggested 
that I re' array their stuff, because they 
hadn't paid close attention to what 
happens when you combine cabinets 
in arrays. I had them build me special 
hanging gear, with bumpers and stuff, 
that enabled me to put the right tilts 
and angles between the various cab- 
inets. This allowed me to minimize 
the combing effects and serious build- 
ups due to array problems. While I 

was never able to get it as tight as the 
Meyer stuff, I was able to improve on 
it a bit, 

db: Were they concerned a bout 
your findings? 

DH: Even changing the hanging 
arrays was like pulling teeth; they didn't 

want to know about it. I don't think 
they wanted me to stir up a lot of con- 
troversy and look too closely at their 
gear. They wanted their gear to be 
considered good and left alone. I 
looked closely at it because my alleg- 
iance is to myself and good sound. 
After I made these changes, they be- 
gan using them and, in fact, still use 
the designs of hanging and arraying 
that I developed from my testing The 
Claire guys are good guys, and they 
try damn hard. I'm not trying to put 
anybody down or be judgemental; I 
look at myself as a scientist who is try- 
ing to get the best results I can. 

db: Naturally, your allegiance should 
be to yourself and your client My 
clients expect a certain standard of 
quality from me, and I'm always try- 
ing to ensure that they get it, no matter 
what it takes. I've got my subjetive 
opinions about what's good, and so do 
you. We might differ, but I think that 
at the very least these different opin- 
ions ought to be heard. 

DH: That's right. I think the more 
we can get together and talk about it, 
the more the industry and sound in 
general will gain from it. I'm not into 
hiding from each other and bum - rapping 
each other. I think everybody should 
pitch in- onward and upward for all 
of us is what I want to see. 

DH: I think that's a healthy philos- 
ophy, no matter what business you're 
in. 

DH: In the future, I think you' Il see 
more readiness to embrace the new 
ideas. Claire's S-4 has been around 
for a long time, and they supposedly 
are looking at new designs right now. 
They've borrowed some ideas from 
Meyer, they're kicking around the idea 
of using processors and stuff It's also 
true that Claire bought a bunch of 
speakers form Meyer for evaluation. 
They've recognized that you can get a 
lot closer to good sound with these 
ideas than without them. I feel that 
eventually the entire industry will lean in 
this direction, and that's good. I think 
that all these ideas should be spread 
around for everyone to use. It grieves 
me sometimes to see people being sec- 
retive and not sharing information, 
because I'm not that way. 

db: Let me put it this way. I know 
from having done this a while myself 
that the secretive attitude you're des- 
cribing was far more prevalent in the 
old days, when the people who were 
doing sound wouldn't tell you anyth- 
ing about what they did. Through 
sound magazines like db and Modern 
Recording& Music, the basic techni- 
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ques of sound reinforcement are much 
more in the public domain now than 
they ever were. 

DH: It was a big clouded mystery 
thing. There was a lot of that hot -dog 
engineer stuff for a lot of years, where 
guys had their own secret formulas for 
things. I think that's bull. I've always 
shared every bit of knowledge that 
I've unearthed, and have tried to en- 
courage sharing information. One of 
the things I am happy about is that 
guys like you and the magazines are 
making great efforts to go into detail 
about what guys like me are doing. 
When I was starting out, there weren't 
any magazines, so getting information 
was really hard. Remember what that 
was like? How long have you been 
doing this? 

db: Counting my college days, this 
is the end of my fourteenth year. 

DH: So you know what it was like. 
There never used to be all of this stuff. 
I think it's marvelous that there are 
magzines that are able to spread around 
new knowledge. There are a lot of 
young sound guys around now that 
have an advantage we never had. I 
think it's great, and I will always de- 
vulge anything that I've ever dis- 
covered to you guys for the purpose of 
sharing information. 

db: Well, we'll take you up on that 
offer right now. You're currently in- 
volved with developing computer 
software that deals with room equal- 
ization. Tell us a bit about it, starting 
with gathering the data. 

DH: We use one of those B +K fast 
fourier analyzers, which performs all 
sorts of transfer functions and math- 
ematical functions. It really is an in- 
dustrial piece of equipment; it's used 
to search for oil, or to test resonant 
structures like bridges and assess pos- 
sible damage from wind, etc.. We've 
adapted it for use in the audio world, 
which it basically had the programs 
for, but for which we had to write dif- 
ferent frequency parameters. It has 
two input ports; one of the inputs is fed 
from the console output, in real time. 
Into the other port we fed a calibrated 
mic that's located in the room. The 
analyzer does a comparison between 
these two, and gives you the math- 
ematical differences, displayed in 
fourer forms or straight amplitude 
forms. As opposed to a real-time an- 
alyzer, it has a time domain which can 
be set for so many samples per second 
or samples per minute, and it will per- 
form the mathematical transfer func- 
tions. This gives us a much more 
sophisticated set of data than a real- 

time analyzer, which is where we 
were before. 

db: Okay, you've now got the data 
from the analyzer. What are you go- 
ing to do with it? 

DH: We're going to take the data 
from this analyzer /computer, and we're 
going to feed it to another computer, 
probably an Apple Mac. We're work- 
ing on a program for the Mac right 
now that will take the assessed data 
from the analyzer and convert it into 
decision -making capabilities. These 
"decisions' will then be fed to our 
Meyer equalizers, which will ultimately 
be voltage -controllable. The object of 
all this is to allow you to walk into a 
room, turn on the sound system, put 
some noise into it, enable the pro- 
gram, and the system will sweep itself 
out for you. 

db: So basically what we're talking 
about here is a program that will allow 
you, through automation, to have the 
house equalization contolled for the 
optimum response, whatever that hap- 
pens to be. I take it this can be con- 
tinually done, even during the show? 

DH: You've got the right idea. It 
will be able to noise out the system, 
but also be able to compensate and 
update in real time during a show. It 
will also be surprisingly accurate. It 
takes into consideration barometric 
pressure, humidity, and temperature. 
It's a very complicated program: there 
are a lot of things involved in it. It's 
also applicable to the monitors, by 
the way. 

db: How far along on the R +D 
are you? 

DH: This program idea was the gist 
of what that press conference in New 
York was all about. We had one chan- 
nel of it working on a breadboard tem- 
porary basis, just to show that it 
worked. That was only a basic test to 
prove the theory. Now what we're 
doing is going back and actually writ- 
ing the program. This is a Grateful 
Dead project; we have three pro- 
fessional programmers working on it 
It's really quite complicated; there are 
quite a large number of variables to 
consider. But we're on the case and 
headed for it although it could take as 
much as a year to get it up and run- 
ning. There aren't too many other 
people doing this. Do you know of 
White equalizers? 

db: Sure. 
DH: They're now deriving a set of 

filters that are voltage controllable. 
So far, though, their equalizers are not 
time -corrected, so while they would 
be suitable for us, they don't have the 

distortion characteristics that are as 
fine as we're looking for. We're trying 
to do all of this without losing the time 
and phase correction that we've ac- 
quired along the way. 

db: As far as the software is con- 
cerned, what do you feel is the major 
parameter that the program will look 
at? 

DH: The crux of the matter is going 
to be its ability to take the amplitude 
response data from the B +K analyzer 
and be able to make quantitave deci- 
sions. The hard part is teaching it how 
to respond when it "hears" a certain 
frequency at a certain amplitude; how 
far will it take that frequency down? 
Because most of that is voicing -just 
plain old flat isn't necessarily good 
enough. You have to taper it to the 
room. The problem isn't getting the 
equalizer voltage -controllable or get - 
ting data from the analyzer, it's getting 
the computer to make wise decisions. 

db: Where do you feel the optimum 
measuring point for your microphone 
will be, or will you use a series of mics 
and go for an average sample? 

DH: I am multiplexing mics, using 
a multiplexing device that I built that 
basically samples and switches back 
and forth between three different cali- 
brated microphones, which are B +K 
calibration mics with 1/2 inch cap- 
sules. They're at the mix pont, about 
three feet apart. The analyzer has its 
own delay built into it that is user 
adjustable. Through pulse and time 
response, I delay the mics in the room 
so they only" see" the equivalent time 
frame of what's put into the console. 
The analyzer is able to ignore anyth- 
ing that's before or after that, and is 
able to reject a whole lot of useless 
information. You adjust it to a time 
window. 

db: That makes the location of your 
mix point critical. 

DH: I go to extreme lengths to get 
that, too; it's measured off and all that 
stuff. I'm incredibly picky about that. 
I mix in the center, 85 feet from the 
stage indoors and 125 feet from the 
stage outdoors. If you mix from the 
center one day and the side the next, 
then you'd have another set of dual 
information to deal with. You try and 
eliminate any differences from show 
to show that you can, in hopes of 
winding up with the most consistent 
set of information each time. 
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People, Places... 

David Bowman has been selected 
to fill the newly created position of 
director of professional dealer pro- 
ducts at Studer ReVox America, 
Inc.. At his new post, Bowman will 
assume primary responsibility for the 
marketing of all Studer ReVox pro- 
fessional audio products sold through 
the company's pro-dealer networks. 
Bowman will also be responsible for 
coordinating governement sales. Bow- 
man comes to Studer ReVox after 
seven years of service at Electro Sound 
of Sunnyvale, CA. 

Kelly Quan, former software 
engineering manager of OTARI Cor- 
poration, has left OTARI to start his 
own company -Kelly Quan Research. 
KQR is a micro-computer consulting 
service for the professional audio, 
video, and broadcast industries. It 
also includes Kelly Quan Recording, 
a world -class 24 -track recording fa- 
cility for use as a test facility for the 
company's work. 

Eastern Acoustic Works, Inc., 
manufacturer of professional loud- 
speaker products, has announced the 
appointment of three new independent 
field sales representatives. According 
to Frank Loyko, EAW's vice presi- 
dent of marketing, "This is the first 
step in our expansion program to 
broaden EAW's market base. Through- 
out the first quarter of 1986 we will be 
moving very strongly into some of the 
more geographically distant markets." 
Pro Tech Marketing has been appointed 
to represent EAW in the southwest 
market. Pro Tech's principals are Bob 
Prideux and Hector Martinez, and 
will cover the California, Arizona and 
Nevada states. Fleetwood Marketing 
has been appointed to represent EAW 
in the midwest market. Fleetwood's 
principal is Rick Parent and will cover 
Michigan, Illinois, Wisconsin, Iowa, 
and Minnesota. World Wide Elec- 
tronics has been appointed to repre- 
sent EAW in Florida. World Wide's 
principal is Bob Gale. 

Charlie Winkler, former market- 
ing director of the Audio Technica 
professional products division, has 
resigned to form a professional sound 
products sales representative firm, 
Charlie Winkler & Associates. He 
will work from Uniontown, Ohio, 
with dealers and distributors in Ohio, 
Pennsylvania, and West Virginia. 

COMSAT General Corporation, 
a subsidiary of COMSAT, has estab- 
lished a new public and media rela- 
tions office under the direction of 
Judy D. Blake. 

Conrac Division, a leading manu- 
facturer of video display monitors for 
the computer, broadcast, and medical 
imaging industries, has appointed 
Ralph Semyck to the post of midwest 
regional sales manager. A sales engineer 
with Sony Broadcast Corporation for 
the past five years, Semyck also brings 
four years related sales and technical 
experience to his new position. 

& Happenings 
Compact Disc Plant 
A Capitol Idea 

Capitol Industries, EMI, Inc., 
and EMI Music Worldwide, an- 
nounced that Capitol will set up a 
compact disc manufacturing facility 
in Jacksonville, IL. Production is due 
to begin in the fall of 1986 with an ini- 
tial annual capacity of seven million 
compact discs. The CD operation will 
be situated alongside the company's 
manufacturing and distribution acti- 
vities at that location. Capitol is the 
first major US record company to 
announce plans for commissioning a 
CD plant independently. 

TekCom, one of Philadelphia's 
professional audio dealers, has recently 
completed two audio installations in- 
cluding an upgrade of the house sound 
system in the world- renowned Aca- 
demy of Music and a sound reinforce- 
ment system for the new cabaret in the 

Trump Castle in Atlantic City, NJ. 
Both systems are based on EAW 
loudspeaker products. 

Classical music label Telarc 
recently completed an extensive sound 
system upgrade utilitizing Monster 
Cable professional cables and acous- 
tic controls in both its in-house and 
mobile studios. As a classical label, 
Telarc does its recording on location 
and then edits the tapes at its main 
Cleveland, Ohio-based facility. The 
current retrofit enables the company 
to fulfill all the requirements of sound 
production and post - production. Pro- 
link Series I super high- resolution 
cable and Interlink Reference inter- 
connect cable link all of Telarc's 
equipment -from the microphone lines, 
to the master recorder, to the editing 
machines. 

Studioline Cable Stereo, a nation- 
wide supplier of premium music pro- 

grams to cable systems, has purchased a 
total of forty -eight Studer A810 audio 
recorders for use in the company's 
main production/origination facility 
in Reston, Virginia. The Studer recor- 
ders will be used for production of 
program master tapes as well as for 
playback direct into the system. 

Tandberg Is Reorganized 
Tandberg of America, Inc., the 

US distributor of Norway's Tandberg 
electronics and tape recorders, has 
been reorganized as Tandberg Audio. 
This reorganization brings American 
management and marketing skills to- 
gether with the European company's 
highly regarded engineering and pro- 
duction capabilities. One of the initial 
benefits of the reorganization will be 
an expansion of the existing line of 
high fidelity products, while main- 
taining Tandberg's position in the 
industry. 
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New Products 

TWELVE INPUT 
CHANNELS UREI 
BROADCAST CONSOLE 

Radio and television stations 
can handle up to twelve simultaneous 
program sources with the UREI 1690 
Broadcast Console Series, which 
includes three different models that 
offer a choice of mixer controls. The 
model 1691 is available with rotary 
conductive plastic attenuators; the 
1692 is available with Shallco pre- 
cision stepped rotary attenuators; 
and the model 1693 features Penny 
& Giles straight -line attenuators. 
The signal -to-noise ratio of the mic- 
rophone channel, from input to con- 
sole output, is more than 74 dB with 
-50 dBm input and +4 dBm output, 
or more than 90 dB referenced to 
maximum output. At the full output 
level of +24 dBm into 600 ohms, 
the THD of both Program and Audi- 
tion channels is less than 0.25% 
over the range of 30 Hz to 15 Hz. 
Each mixer postion has two inputs 
selectable with a rocker switch. In 
addition, three banks of four push- 
button switches may be connected 
to any mixer input for use with addi- 
tional sources such as remote or 
network feeds. An overload indicator 
LED is located between the VU 
meters and its threshold can be in- 
ternally adjusted to alert the operator 

that a downstream device, such as 
an STL, may be clipping. All chan- 
nel On/Off switching is performed 
by FET switches activated by illu- 
minated push- buttons. These push- 
buttons have extra switch contacts 
which may be used for activating 
cartridge machines, turntables or 
similar equipment. The 1690 Series 
Consoles are supplied with one 
monaural transformer isolated micro- 
phone input preamplifier and eleven 
stereo line input preamplifiers. A 
four -position push- button selector 
connects Program, Audition, Air or 
an external input to an internal 8 W 
stereo power amplifier. Another 
four position selector sends Pro- 
gram, Audition, Air, or Cue to an 
internal I W amplifier and two 

stereo phone jacks, one on either 
end of the console front edge, so that 
operator preferences can be accomo- 
dated. A cue loudspeaker with its 
own 1 W amplifier is built in and is 
automatically muted whenever Mute 
Bus 1 is activated. For those broad- 
cast stations that require mono 
monitoring for internal or external 
use, an optional mono sum output 
card is available that will allow a 
mono sum output from any of 1650, 
1680 or 1690 Series stereo consoles. 
Mfr: UREI /JBL Professional 
Prices: 1691: $6496.00; 

1692: $6,776.00; 
1693: $6,996.00. 
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ASHLY NOISE GATE 
The Ashly SG -33 Stereo Noise 

Gate is a versatile two channel noise 
reduction system, requiring a single 
rack space. Designed to control leak- 
age and background noise in record- 
ing and sound reinforcement appli- 
cations, and acting like a level -sen- 
sitive "switch," it automatically 
attenuates audio signals which fall 
below a user selected threshold. The 
SG -33 features extremely fast attack 
time, and a 60 dB threshold range. 
Inputs and outputs may be used as 
balanced or unbalanced, and a stereo 
patch is provided for accurate track- 

SONY DASH 
RECORDERS 

The Sony Professional Audio 
Division's PCM -3000 series DASH 
1/4-inch format digital audio recor- 
ders include the PCM -3102 and 
PCM -3202 2 -track recorders. Both 
use the Digital Audio Stationary 
Head standard agreed upon by Sony, 
Matsushita Electric Industrial Co. 
Ltd. and Willi Studer AG. The for- 
mat provides for 16 -bit linear quani- 
zation and switchable 44.1 and 48 
kHz sampling frequency, for a dyna- 
mic range of over 90 dB with fre- 
quency response within +0.5 and 
-1.0 dB from 20 to 20,000 Hz. In 
addition, both machines shared ad- 
vanced features that bring the sonic 
attributes of today's digital systems 
to a familiar, easy -to-use open reel 
format. Each employs a multiple 
channel system that provides time - 
aligned analog audio track for razor 
blade editing, and a track for time - 
code from an on -board SMPTE/ 
EBU generator /reader. An auto- 
matic chase /lock synchronizer is 
also included. Tape transport func- 
tions are controlled by a 16 -bit mic- 
roprocessor and include MVC, auto- 
locate, repeat, +/- 12.5 % vari- 
speed, and a variable spooling safe- 
guard that protects the master while 
the machine is in FAST FOR- 
WARD or REWIND. Extensive 
interface capabilities are also built 
into the PCM -3000 series. Outputs 
are provided for AES /EBU and 
PCM -1610 digital standards, and 
both recorders contain serial and 
parallel machine control ports, pro- 
viding for upward compatibility 
with a future unified studio bus. The 
PCM -3102, designed primarily for 
long playing applications, runs at 7 
1/2 ips, providing three hours of con- 

ing of two or more gates. In/out by- 
pass switching for each channel is 
provided on the front panel, along 
with the widest range cf adjustments 
available on any gate, including thres- 

hold, attack time, hold time, fade 
time and floor. 
Mfr: Ashly Audio, Inc. 

Circle 41 on Reader Service Card 

secutive RECORD and PLAYBACK 
with 12 -1/2 -inch reels. The PCM - 

3102 provides for playback to the 
DAE -1100 electronic editor. The 
PCM -3202 operates at 15 ips and 
also provides for playback to the 
DAE -1100. It offers up to 1 -1/2 
inch reels. The PCM -3102 and 
PCM -3202 can be supplied by Sony 

in configurations for rack, console 
or table top mounting. 
Mfr Sony Professional Audio 

Division 
Prices: PCM -3102 $17,000.00 

PCM -3202 $20,000.00. 

Circle 42 on Reader Service Card 
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AUDIO TECHNICA 
MICROPHONE 

A phantom - powered unidirec- 
tional condenser microphone, the 
ATM33R, is a Lo-Z (150 ohms) 
model recommended for recording 
uses. It is also useful, as well, in 
broadcast and sound reinforcement 
applications. The response of the 
ATM33R, which covers a fre- 
quency range of 30- 20,000 Hz, is 
described by the microphone's de- 
signers as being smooth overall, 
with a moderately rising high end. 
Designed for inconspicuous hand or 
stand use, the microphone is a com- 
pact handful, measuring only 7 inches 
long, with a head diameter of 1-1/64 
inches and a handle diameter of only 
13/16 inches. It weighs 4.75 ounces. 

STUDER COMPACT 
CONSOLES 

Studer's line of compact mixing 
consoles, the 961/962 Series, is 
designed for a wide range of appli- 
cations in video editing, remote video 
production, radio production, and 
remote recording. Modular con- 
struction allows each 961/962 con- 
sole to be easily configured to meet 
specific customer needs. A 961 frame 
accepts up to fourteen 30 mm mod- 
ules, while a 962 holds up to twenty 
modules. The 961/962 mixers offer 
stereo line /level input modules, either 
with or without a 3 -band equalizer 
section. The equalizer is standard in 
the mono microphone /line input mod- 
ule, which also includes a new prop- 
rietary microphone input combining 
the advantages of both active dif- 
ferential and transformer balanced 
designs. The master input modules 
feature a built -in compressor limiter 
which operates on PDM (pulse dura- 
tion modulation) principle. Additional 
module options feature a selection 
of monitor, auxiliary, talkback, and 
communication functions. The 961/ 
962 Series circuits were developed 
and refined from similar circuits in 
the Studer900 Series of studio pro- 

The ATM33R accepts standard S- 
pin receptacles. 
Mfr: Audio - Technica 
Price: $250.00. 
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duction consoles, resulting in simi- 
lar digital -compatible performance 
specifications. Other features pre- 
sented in the 961/962 Series include 
new faders with improved glide char- 
acteristics, click -free electronic 
muting, FET switching, LED peak 
indicators on each irput, elec- 

tronically balanced insert points, 
and a Littlite socket. 
Mfr: Studer Re Vox America, Inc. 
Prices: 961 begins at $19,500.00. 

962 begins at S16,250.00. 

Circle 44 on Reader Service Card v 
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AUDIO LOGIC STEREO 
COMPRESSOR - LIMITER 

The Audio Logic MT 66 Stereo 
Compressor -Limiter provides dyna- 
mic range compression from 1:1 or 
infinity:!, and is simultaneously 
accompanied by its own noise gate 
to ensure quiet operation of the MT 
66 when no signal is present. Fea- 
tures included on the front panel 
are: "link" switch to join both com- 
pressors for stereo tracking, a five 
LED bar graph to indicate gain re- 
duction, gate, threshold, ratio, attack 
and release controls, plus input and 
output controls and "compress" to 
activate the compressor. At the rear 
of the Audio Logic MT 66 Stereo 
Compressor - Limiter are both balan- 
ced and unbalanced inputs and out- 

NEW JBL EQUALIZERS 
Providing improved headroom 

and lower noise than conventional 
integrated- circuit gyrator designs, 
the new JBL 5547 Graphic Equalizer 
and 5549 Room Equalizer use a 
new solid -state hybrid to synthesize 
the inductor in the LC circuit. The 
equalizers are designed for pro- 
fessional studio and sound rein- 
forcement applications. They provide 
minimum phase shift consistent with 
amplitude response, and smooth 
minimum - ripple combining action 
over the entire control range. The 
5547/5549 systems feature ease of 
operation. Front panel input and out- 
put level controls let the user easily 
adjust the signal level through the 
equalizer, allowing system response 
to achieve optimal headroom and 
signal/noise ratio. An LED display 
presents signal levels for deter- 
mination of precise control settings. 
The 5547 Active Graphic Equalizer 
has thirty 1/3- octave bands cen- 
tered between 25 Hz to 20 kHz, 
with 12 dB boost or cut available at 
each center frequency. The 5549 
provides corrective room equalization 
and a 0 -15 dB cut -only range. Both 
models incorporate high- and low - 
frequency end -cut filters. The 12 
dB /octave low- frequency cutoff filter 
has a -3 dB point that can be set from 
20 to 250 Hz. The high - frequency 
cutoff filter can be switch- selected 

puts along with side chain inputs 
and outputs that can be utilized in 
changing the compression charac- 
teristic, or as a de- esser. 

Mfr: Audio Logic 
Price: $299.95. 
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for 6 dB or 12 dB /octave attenua- 
tion slopes, by means of a front panel 
push button. Its -3 dB point can be 
set within a 3.5 to 20 kHz range. 
The end -cut bypass switch eliminates 
these filters from the circuit when 
they are not needed. Additional fea- 
tures include 45 mm (1.77 inch) 
throw slide posts, with center detent 
on the 5547; and EQ bypass switch 
that facilitates before - and -after com- 
parisons; a hardware bypass with 
power -off; and a delayed turn-on 
that precludes power -on- thump. 
Ground loop isolation is provided 

by means of a chassis - ground to 
audio-ground barrier strip jumper. 
A durable polycarbonate overlay 
protects the front panel graphics. 
The rugged, all -steel housing has 
heavy -gauge extruded aluminum rack 
ears that can move forward for flush 
mounting of the optional security 
cover. 
Mfr. JBL Professional 
Prices: 5547: $798.00; 

5549: $849.00. 

Circle 46 on Reader Service Card 
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Louis R Burroughs 

July 23rd 1903 -January 13, 1986 

L 
oU BURROUGHS needed no introduction to the readers of 
db. His name was a byword among professionals. 
After a lengthy illness, Lou Burroughs died on 

Monday, January 13, 1986, in Lake Havasu City, 
Arizona. Lou was associated with Electro-Voice, Inc., 
since its inception in 1927. At his retirement in 1974 he 
held the position of Vice President, Professional Products. 
He, at that time, had been active in microphone engineer- 
ing at E -V for nearly fifty years. 

During World War II, Lou developed the first noise- 
cancelling (differential) microphone. Used by the Army 
Signal Corps, the T45 lip mic proved to be a significant 
contribution to the war effort, effectively raising the 
intelligibility of radio communications from a previous 
eighteen percent to eighty -five percent and was cited by the 
Secretary of War for this contribution. 

Lou also created Acoustalloy, E-V's copyrighted name 
for a non -metallic sheet from which dynamic microphone 
diaphragms are molded. The use of this material signi- 
ficantly enhanced the ability of the dynamic to provide 
wide-range flat response. All told, Lou held twenty -seven 
patents on electro- acoustic products, many of which won 
industry awards and kept E -V in a leadership position 
among broadcast and recording engineeers. 

But Lou will be remembered for much more than these 
accomplishments. For years Lou travelled the country, 
offering sound advice on microphone usage to all who 
would listen. At the same time, he gained valuable insights 
into the kind of products the industry needed. His regular 
visits to broadcast, movie, and recording studios or stages 
all over the country made him a familiar face and personal 
friend to several generations of artists and production peo- 
ple alike, earning him the nickname "Mr. Microphone." 

Friend and fellow engineer and former db Magazine 
editor John Woram once wrote," Some refer to his lectures 
as `Doctor Burroughs' Medicine Show,' while wishing 
they thought of it first, or could do it half as well." ( Who 
else could prove the durability of a microphone by using it 
to hammer nails into boards, and show that the mic still 
performed perfectly? LZ) 

Woram continued, "Lou offers no stock rules-of-the- 
road for the microphone user. He does offer a lot of com- 
mon sense though, and usually gets his listeners to start 
thinking about the way they put their microphones to use. 
And, at the conclusion of any one of his lectures, someone 
always asks, `Why don't you write a book ?' " 

Which is, of course, what Lou did, and we were pleased 
to be its publisher. In addition, he was a charter member of 
the SBE and a Fellow of the AES, and authored many 
articles, some of which appeared in our pages. 

It is difficult to assess the impact that Lou Burroughs has 
made on Electro- Voice, the audio industry, or, with our 
long personal relationship, on us. One thing is certain, he 
leaves for all a legacy of committment Perhaps what 

expressed this all best is a plaque that has hung at E -V 
since Burrough's retirement 

WITH DEEPEST APPRECIATION TO 
LOU BURROUGHS 

FOR YOUR CONSTANT INSPIRATION 
TO ALL AROUND YOU, 

AND FOR YOUR INCESSANT 
STRIVING TO PERFECT BETTER 

METHODS AND PRODUCTS 
FOR HUMAN COMMUNICATION 

AND ENTERTAINMENT, THROUGH 
RECOGNIZING AND SOLVING OUR 

CUSTOMER'S PROBLEMS. 
FROM YOUR FRIENDS AT 

ELECTRO- VOICE 

Louis R. Burroughs, once our friend and mentor, and 
certainly an inventor and consummate educator, is sur- 
vived by his wjf« Marguerite 
I would like to thank E -V's Mary Ellen Long for much 

of the background information herein contained 
Larry Zide, Editor /Publisher. 

V 
v, 
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FOR SALE 

1/3 Octave 
Real Time Analyzer 

Err 
Real Affordable...'49500 Model 728 

'59504 Mode1728M with Memory 
O081 487,012 

PO DRAW. 1803 San.BY. NC 38180 
(BCinn.rI 

ERS PRO AUDIO. Revox PR99- $1350. Tangent 
24 -TR console with patch bay and pedestal - 
$8900. ART 01 A digital reverb -$849. (412) 
221 -2737. 

FOR SALE: WESTREX 3DIIH, 4,400; Haeco SC- 

2. $6.000; Haeco SC -1, $1.700: Grampian D, 

$323: Westrex 2B, $400. Haeco cutterheads 
new, other cutterheads rebuilt and within spe- 
cifications. New solid state amplifiers available. 
International Cutterhead, 194 Kings Court. 
Teaneck, NJ, 07666. (201) 833 -4421. 

ERS PRO AUDIO. Klark -Teknik DN780s, Revox 
PR99s and B77s. Seck mixers, Audio -Technica 
RMX64s. (412) 221 -2737. 

MUSIC CONTACTS: List of heavy weights 
Record cos, publishers. managers, investors, 
much more Addresses and phone numbers 
Send 56 00 to CONTACTS PO BOX 1158, 
DEPT. O, WOODSTOCK, NY, 12498. 

MCI 24-TRACK JH1 14.1 2 DOLBY 361. 3 M M64 
2- TRACK, 3M M79 2/4- TRACK, SCULLY 280 2- 
TRACK, EVENTIDE H910 HARMONIZER. ALL 
EQUIPMENT PROFESSIONALLY MAINTAINED 
AND IN SERVICE IN MAJOR STUDIO. BROKER 
PARTICIPATION WELCOME. CONTACT PAT 
SCHOLES AT (901) 725 -0855, ARDENT 
STUDIOS, 2000 MADISON AVE.. MEMPHIS, 
TN, 38104. 

BEAUTIFUL NEW SOUNDS for your Korg DW- 

8000, Memorymoog. Jupiter 8, Prophet 5 and 
Oberheim Matrix 12 /Expander. All programmed 
by expert programmer. Walt Whitney. Only $15 
each except Matrix 12 /Expander, $25 ea. to 
Walt Whitney P.O. Box 2411, Overland. MO 
63114. 

PROFESSIONAL Audio Equipment (used). Mics. 
Synthesizers. Vocoder, Tape Rec., etc. Call(212) 
595 -7822. Weekdays 3 -7 pm. 

FREE 32p9 Catalog 6 50 Audio' Video Applic. i. ON 

sß.,.0 0o P., SmPE TINE. OSC 
EO. 
/d 

L, 
e 

TV Audio a Rood Prod Consoles 
®OPAMP LABS INC 12131 934 -3588 

1033 N Sycamore Av LOS ANGELES CA, 90038 

CROWN, MICROTECH, Nakamichi, Electro-Voice, 
professional services, BEST PRICES. Ameri- 
Sound Sales, Inc., East Coast: (904) 262 -4000; 
West Coast: (818) 243 -1168. 

AMPEX MM -1000 MINT CONDITION 15IPS- 
30IPS MANUALS SPARES -$8,750. AMPEX 
440 -4B TRACK IN AMPEX CONSOLE MINT 
VERY LITTLE USE MANUALS -$3,800. AMPEX 
440 -2B 2 TRACK IN AMPEX CONSOLE MINT 
HEADS NEW 7 1/2-15-30 IPS MANUALS - 
$2,850. PACKAGE PRICE: $14,000. CALL(203) 
264 -3666. 

SERVICES 

CUTTERHEAD REPAIR SERVICE for Westrex, 
Haeco and Grampian. Convert your old Westrex 
to model 3DIIH. New and rebuilt cutterheads 
available. International Cutterhead, 194 Kings 
Court, Teaneck, NJ 07666. (201) 833 -4421. 
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are $8.50 for wording 
"Dept xx" plus $1.50 
for postage and 
handling. 

Discounts 3x -15% 
6x- 30 %. 

ALL CLASSIFIEDS 
MUST BE PREPAID. 

Send copies to 
db The Sound 
Engineering Magazine 
1 120 Old Country Rd 
Plainview, NY 11803 
att Classified Dept 
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STUDER A820 SERIES FUTURE TRANSPORT 

Experience a tape transport ready for the balance of this millenium. 

After spending a few minutes with the 
A820 you'll know you're in touch with to- 
morrow. Here is everything you've ever 

dreamed of in a production, mastering ATR. 

And then some 

For openers, note these features; Four tape 
speeds. Reel sizes up to 14 ". Real time counter 
accurate to tentns of a second Advanced 
phase compensation in all audio circuits. And, 
of course, the massive chassis, 'ugged con- 
struction and precision Swiss manufacturing 
you'd naturally expect from Studer. 

And now for the unexpected. Inside the A820 
you'll find the most comprehensive micropro- 
cessor control systems ever put in an ATR - by 

anybody. Multiple microprocessors govern all tape 
motion parameters, switching functions, and au- 

dio alignment settings,. These innovations not only 
provide unprecedented operating lexibility, but 
also explain the A820's uncannily smooth tape 
shuttling and remarkable STUDER editing efficiency, When the 

product on pressure is on, the A820 be- 
comes a joy and a lifesaver. 

The A820 also ushers in a new era of user 
programmability. In a matter of minutes, by 
selecting from a menu of more than a dozen 
operating features, you can tailor an A820 
to meet any application. All primary and 
secondary top panel buttons can be as- 
signed to any desired function. You can 
prcc- ically "redesign" your machine on a day - 
to -day basis! 

The A820 line has been augmented by the 
addition of 1/2' two -track and center -track time 
code versions. Also, interfaces fo- control by ex- 
ternal computers or video editing systems are 
now available. 
Call or write today for more information on the 
new Studer A820. It can transport your facility into 
the future. 
Slider Revox America, 1425 Elm Hill Pike, Nashville, TN 37210 ' (615) 

254 -5651 New Vork 212) 255-4462 LosA.ngeles 
l o //1 (818)780 -4234 Chicago(312)526-1660i Dallas 
LJL] f cc-DM 

(214) 94,3-2239 San Francisco (415) 9'30 -9866 

0 0 0 0 
STUDER 
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Rev into stereo 
With the remarkable new FP32 ENG Mixer. 

Introducing the stereo version of our 
legendary FP31. 

Stereo adds incredible dimension and realism to 
sports and news coverage. And Shure's new compact 
FP32 Stereo Mixer makes ENG and EFP applications 
easy and economical. 
Consider these advantages: 

Three transformer -coupled XLR isolated inputs and 
stereo outputs, all switchable to low -impedance mic 
or line level. 
Dual mini and ' /4" stereo headphone jacks. 
Built -in slate mic and slate tone. 
Battery, phantom, and A/B power (no special power 
supplies needed). 

Plus new stereo advantages_ 
Full stereo capability with separate, detented stereo 
pan pats and monitoring capability. 

Full 48 volt phantom capability. 
Size? Only 25/16" x 7'/4" x 6" comparable to our 

FP31. Weight? Just 2'/2 pounds. Price? Hundreds less 
than you would expect. Stereo is here to stay. So is the 
FP32. For complete information about our full line 
of field production gear, write or call: Shure Brothers 
Inc., 222 Hartrey Avenue, Evanston, IL 60202 -3696. 
(312) 866 -2553 

The new FP42 Stereo Production Mixer - the 
stereo counterpart to our M267. Four channels with 

independent center detented pan pots and cuing. 
Headphone amplifier. Adjustable limiters. 

('a. Je 12 on Reader îerOrc Card 

www.americanradiohistory.com

www.americanradiohistory.com

