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Let’s assume that results
are what’s important,
not which tools you use.

Audio production is at least as
much art as science; there will al-
ways be those who ascribe a magi-
cal aura to certain pieces of
equipment. But if vour client list is
built on guality and consistency
rather than techno-voodoo, the
DCM 232 in-line console with CAT
automation can give you more
of both.

You need more console,
not more headaches.

You're working for more de-
manding clients, on bigger projects,
with tighter deadlines. You need
greater fleaibility, expanded fea-
tures, enhanced performance.
What you don't need is a “mega-
star” console—or the jumbo mort-
gage that goes along with it.

DDA's AMR 24 has already sel
new standards of audio perfor-
mance and versatility in the “clas-
sic” split configuration. Now the

in-line DCNI 232 combines the accu-

racv ol digital-qualitv audio, the
flexibility of digital control and the
capacity to handle a pair of syn-
chronized digital 32 tracks.

CAT Central
Automation

Terminal: engineered to

speed your work flow.

The DCM 232's Central Automat-
ion Terminal controls one of the
nost ingenious automation systems
ever to shorten a mixing session.
Along with the precise fadar and
muting control you'd expect, the
CAT system includes advanced
functions like Channel Copv that
lets you duplicate a channel’s signal
flow as many times as you need to.
The computer will recall a “snap-
shot” of most console switch settings
manually or via SMPTE code.

With all of its convenience func-

tions, this CAT won't leave foot-
prints all over your tracks. The
DCM 232 maintains an overall dv-
namic range of 100 dB with at least
22 dB headroom at each stage,
thanks to exacting calculation of
every circuil component.
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A console
investment that
instantly doubles
your returns.

=& Each of the DCM 232's
channels, including the
tour hand EQ section,
can be split during mix-
down. So a 56 channel
frame can handle as
y many as 112 inputs
;"'3", from samplers, svnths
® and digital storage me-
o dia. You'll probably run
out of control room
space betore the DCM
232 runs out of inputs.
$ The advantages of
i“ the DCM 232 in-line

; console with CAT auto-
2 mation are explained
more fully in our bro-
chure. To gel a copy, write on your
letterhead to the appropriate ad-
dress below.

DCM 232 fivuiny

Klark-Teknik Electronics Inc., 30B Banfi Plaza North
Farmingdale, NY 11735 (516) 249-3660

Unit #1, Inwood Business Pk., Whitton Rd
Hounslow. Middlesex, UK TW3 2EB
01 570 7161
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, As a sound engi-
neer, youve heard it all.
Now hear this.

Yamaha, the leading man-
ufacturer of drums and
just about everything else
musical, introduces not
one but two professional
drum microphones. The
MZ204 and the MZ205Be.

The MZ204 is a dynamic microphone designed
especially for kick, floor and bass drums, and anything
bigger than a 13” tom.

Its counterpart, the MZ205Be, is a dynamic mike
with a special beryllium diaphragm.

In case you forgot some of your high school chem-
1stry, and who hasnt, beryllium makes for a lightweight yet
rigid diaphragm. So it perfect for high hats, snares, or
tom-toms smaller than 137

There are a few other elements, however, just as
important as the microphones themselves.

One 1s that they've been mechanically designed
and built from the cable up, specifically for drums. Not
just by an engineer, but by an engineer whos a drum-
mer. So they sound good with very little, if any, EQ.

Announcing a new product
with serious repercussions.

And we know that a drum mike, no matter who
made it, is absolutely no good if it’s not in the right posi-
tion. So we also painstakingly created our own
pan and tilt mechanics and a sidemounted connector.
Which not only lets you position the mike among all
the other hardware, but keeps it out of the way at the
same time.

The last element, of course, is you. Because a mix
is often judged on the drum sound. And because specs,
diagrams and calculated rationalization can't convey the
hair-raising, toe-curling, goosebump rush you get when
the drums finally sound just right.

That very feeling is available in the MZ204 and
MZ205Be, and at your Yamaha Professional Audio
dealer. So drop on by and give them a listen.

The mikes wont skip a beat. But your heart
just might.

Yamaha Music Corporation, Professional Audio Division, P.O. Box 6600,

Buena Park. CA 90622. In Canada, Yamaha Canada Music Ltd
135 Milner Avenue, Scarborough, Ontario M1S 3R1

YAMAHA

Engineening Imagination™
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EDITORIAL

Alternative
Design Options

Acoustic and architectural design make
up a very important element in the func-
tional and aesthetic success of a recording
studio. Sonic, ergonomic and economic el-
ements are ideally balanced in a cohesive
environment used for critical recording
and listening, as well as being used as a
creative habitat.

There are a number of philosophies sur-
rounding the issue of studio design. They
range from the attempted development of
a “perfect” listening environment into
which people and machines are placed to
the “ideal” ergonomic environment,
around which acoustic treatment and
hardware exist. Unfortunately, there are
trade-offs with each.

Although basic laws of physics must be
considered, no single “right way” exists
to design and build a good-sounding studio
or control room. Even slight changes in
the physical space will result in a different-
sounding environment. In fact, two rooms
built from the exact same plans will result
in environments sounding somewhat dif-
ferent because of disparities in finish
materials, furniture and audio hardware.

While this may seem like an unfortunate
situation, it is really one of the wonderful
aspects of acoustics. An artistic threshold
to studio design exists that is not fully re-
vealed until after the first few recording
projects are in the can.

The art of acoustic design has evolved
through many generations. First, there
were theaters and other live performance
venues. Next were large, lively studios of
the early radio days. These were followed
by an era of the first purpose-built record-
ing studios that were often smaller ver-
sions of the radio halls.

From the late 1960s through the 1970s,
the development of multitrack recording
caused a radical change in recording-
studio design philosophy. In many ways,
this era was the “dark ages” of recording.
Nearly anechoic rooms were built so that
sounds could be captured as discrete ele-
ments. Producers wanted to have total
control over each instrument, and the

multitrack machine provided the storage

medium to capture the individual perform-
ances for later manipulation.

For those of you who missed this period
in recording history, there was no harder
environment in which to get good, natural
sounds than in a studio with an RTg, of
half a second or less.

Thank goodness we are now pretty
much out of that era and have moved on
to some very “live” and exciting times. In
both the studio and the control room, de-
signers are developing ways to keep the
life in the room acoustics and control the
reverberant fields through geometry, dif-
fusion, active trapping and various con-
struction and finish materials.

So far, so good. But as technology leads
usinto the all-electronic media, the design-
er/acoustician faces new challenges. Spe-
cifically, as production control rooms
become significantly larger and incor-
porate computer-based MIDI workstations,
it becomes increasingly difficult to fill the
room with clean, smooth sound from the
main monitors, control the sound once it
is in the reverberant field and provide an
acceptable monitoring “window” for all
parties actively involved in the creative
process.

Because of these challenges, I believe
we are on the verge of yet another design
era. This era will further attempt to resolve
many of the acoustic, economic and ergo-
nomic complications that still exist in most
control rooms today. Frankly, | have never
seen a control room that effectively ad-
dresses even two of these elements
simultaneously.

What I'm about to propose will come as
a shock to some and will be misinterpreted
by others, so | want to make the follow-
ing point very clear. This design is not for
every studio; its development is aimed
at commercial production, audio-video
post and computer-based MIDI control-
room applications.

The key to this era will be the elimina-
tion of large, soffit-mounted studio
monitors—to be replaced by a close-
field/subwoofer configuration. I know this
sounds blasphemous, but consider these
ramifications:

e Acoustic: As you may know, much of
the elaborate acoustic design and treat-
ment in today's control rooms is necessary
to control and contain the high sound-
pressure levels of the main monitors. In
a close-field/subwoofer set-up, massive
acoustic treatment becomes less critical,
and, in many cases, monitoring accuracy
increases.

e Economic: It's not unusual to spend
more than $100,000 for the design, ma-
terials and labor to build a high-quality
control room. This grand expenditure is
becoming less and less acceptable as stu-
dio owners face mounting economic pres-
sures. Doing without the mains could re-
duce this figure by 30% to 50%. In addi-
tion to the potential savings in construc-
tion costs, factor in the additional savings
created by reducing the large-scale
monitoring system. The near field/sub-
woofer system should require much less
power, a less complex crossover network
and, quite possibly, no EQ.

® Ergonomics: Efficient ergonomic
design is becoming increasingly impor-
tant. The days of sticking the synthesist
off in a corner, under the mains or behind
the engineer may finally be over. Current
design philosophy suggests that the key-
boardist be located behind the engineer—
at the producer’s desk. This may be O.K.
for the musicians, but does little to benefit
the engineers (unless they've got eyes in
the back of their heads), or the “evicted”
producers.

I know of a prototype control-room de-
sign that provides three discrete listen-
ing/working positions with full-frequency
monitoring; eye-to-eye contact for the en-
gineer, producer and a work station op-
erator; three separate wrap-around con-
soles providing audio/video monitoring,
computer terminal(s) and display(s); clock
and communication controls; and, for the
engineer, a direct field of vision to the
studio area.

As mentioned earlier, this design is not
for everyone. But for those who are in-
terested, the tradeoffs are good sonic,
economic and ergonomic performance—
at the expense of brute power and ex-
treme low-frequency response below
40Hz.

Sometimes it takes a radical departure
from established methodology to make
quantum improvements in the way we
work. The next generation of control-
room design is now. REP

2 —
Fik

Michael Fay //
Editor Ve
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If Only More Expensive

onsoles Performed As Well.

F

For a 16 or 24 track studio owner, the future looks
very good.

With MIDI systems and digital outboard gear, you're
faced with extremely sophisticated productions.

But it’s very hard to find a recording console to match
the requirements without spending a small fortune.

That's precisely why we’ve developed the new
Series 6000, an evolutionary design that clearly
demonstrates the forward 2inking of Soundcraft.
Behind the classic layout is a revelation in per-
formance and capability.

For one thing, it’s equipped with enough busses

and routing options to make adventurous produc-
tions a pleasure, not a nightmare. The 6000 is a full
16 or 24 buss console with six auxiliary sends per
channel. The split format of the 6000 means each of
the tape returns will double as extra inputs, with EQ.

We’ve also provided each input with push-button
routing, EQ by-pass, and programmable electronic
muting that eliminates the clicks produced by
ordinary switches. You even get true solo-in-place,
sadly lacking on more expensive consoles.

But it’s the 6000’s sonic performance that really sets
it apart from the competition. Our revolutionary
input design gives you 2dB to 70dB gain without a
pad and virtually unmeasurable distortion, crosstalk,
and noise.

Our new grounding system yields superb

hum immunity and a routing isolation of 110dB
(1kHz). And our active panpot comes close to
theoretical perfection, exceeding our competitor’s
performance by a full 25dB.

The Series 6000 input module gives you
programmable electronic muting under
optional MIDI control, solo-in-place to
get a clear picture of your progress, and
a patented active panpot with isolation
0f 90 dB (1kHz).

To give you the subtle control
it takes to achieve dramatic
results, you also get four-band
EQ with mid sweeps on each
input channel.

When you specify Soundcraft’s
Series 6000, with options in-
cluding 16 to 56 channels, stereo
input modules, and built-in
patchbay, you'll find it an
affordable slice of progress.
Series 6000, simply the most
comprehensive production
console in its class.

Soundcraft

Soundcraft USA/JBL Professional
8500 Balboa Boulevard
Northridge, CA 91329

© 1988 - JBL Incorporated, A Harman International Company



LETTERS

Phase Shift

From: Ralph Jones, independent compos-
er/producer and co-author of the “Yama-
ha Sound Reinforcement Handbook.”
Terry Pennington’s article, “Phase Shift...
Should We Worry?” (May) represents stun-
ning proof that “a little knowledge is a
dangerous thing””

Mr. Pennington has set out to convince
readers of RE/P that the time-delay
response of audio systems is irrelevant—

and that, therefore, the efforts of audio de- |

signers to minimize non-linear phase shift
in their products are wasted. As evidence,
he presents a simple mathematical expla-
nation of the absolute phase shift that is
attendant upon the propagation delay be-
tween a loudspeaker and a listener. His ex-
planation is technically correct—as far as
it goes—but in no way does it support his
thesis.

One is tempted to call this article a grave
disservice to our industry. Some good may
yet come of its publication, however.
Everyone who has had any significant in-
volvement with audio has heard precise-
ly this same misinformed line of “reason-
ing” many times. We have here a rare op-
portunity to answer it in a public forum.

Every practical audio network exhibits
a net time-delay response that has two
components: a linear delay, which is the
same at all frequencies, and a non-linear
delay, which varies with frequency. The
former is benign; the latter is destructive.
The following “thought experiment”
should clarify the difference between the
two.

Imagine a perfect recording system. We
input a simple square wave to this system,
record it, and play it back two weeks later.
Comparing the input signal to the output
signal and calculating the absolute phase
difference, we observe an enormous
amount of phase shift, which is an expres-
sion of the 2-week delay, and which varies
with frequency. The waveform remains
unchanged in every respect, however,
since the absolute time delay is the same
at all frequencies. This is an example of
non-destructive, frequency-independent
delay. The propagation delay that Penn-
ington describes falls into this category.

Now, let’s insert an active crossover after
the squarewave generator, recording the
high-pass and low-pass outputs on sepa-
rate perfect recorders. We then play back
the two recordings at random, with any
arbitrary time relationship—the highs on
a Tuesday, for instance, and the lows on

the following Sunday. Again, we observe
substantial phase shift. But the time delay
for the high-frequency component of the
signal is different than that of the low-
frequency component, and the two can-
not add to reconstruct the original square-
wave. This is an example of destructive,
frequency-dependent delay (there is also
a non-destructive, frequency-independent
delay component in this example).
Now, if Mr. Pennington’s thesis that
“phase doesn’t matter” is valid, then the
latter recording method is just as good as
the former, and there should be absolute-
ly no audible difference between the two.
But I would hate to be manning the cus-
tomer service phone at Warner Brothers
if they started releasing their catalog in
this format! Obviously, frequency-depend-
ent delay is destructive, and is audible.

Obviously, frequency-
dependent delay is
destructive, and is audible.

In my 10 years of association with John
Meyer, | have been privileged to partici-
pate in many experiments in which I have
clearly heard the destructive effects of
very fine amounts of non-linear delay. Re-
sponsible audio design engineers seek to
minimize this delay component in their
products—and, believe me, this is no sim-
ple task when you're dealing with a com-
plex, real-world design. That Pennington
would attempt to trivialize their good-faith
efforts, which provide our industry with
more accurate tools, is unconscionable.

It is important to note that Terry Penn-
ington’s argument illustrates the funda-
mental problem with phase measurements
that do not isolate the frequency-de-
pendent component of a network’s time-
delay response. Such simple phase meas-
urements cannot provide a meaningful
picture of a system’s characteristics.

Readers who are interested in learning
more about this topic should obtain a copy
of “High-Frequency Phase Response Spec-
ifications—Useful Or Misleading?” This
highly readable paper by Deane Jensen,
which was presented at the 81st AES Con-
vention, offers a clear and accurate ex-
planation (with minimal mathematics) of
some of the issues surrounding time-delay
measurements. It may be obtained directly
from Jensen Transformers, 10735 Burbank
Blvd., North Hollywood, CA 91601. The

phone number is 213-876-0059.

My thanks to Deane Jensen, who gra-
ciously consented to review this letter for
technical accuracy.

Cosigned by: David Andrews, Andrews
Audio Consultants; Lee Carroll, Network
Production Music; Michael Dosch, Pacific
Recorders; Lee Furr, Lee Furr Audio; John
Hardy, The Hardy Company; Steve Hogan,
Jensen Transformers; Bill Isenberg, Mar-
shall Long/Acoustics; Deane Jensen, Jen-
sen Transformers; Edward M. Long, E.M.
Long Associates; John Meyer, Meyer
Sound Laboratories; Robert Orban, Orban
Associates; Stephen Paul, Stephen Paul
Audio; Saul A. Walker, ROH Division, An-
chor Audio; Bill Whitlock, Jensen
Transformers.

From: John Monforte, director of recording
services, University of Miami, Coral
Gables, FL.

Terry Pennington correctly points out
that as sound passes through air, it is
delayed in time, and this time delay can
also be measured in units of degrees of
phase shift. He also notes that since dif-
ferent frequencies have different wave-
lengths, the amount of measured phase
shift is different for each frequency.

His conclusion is that phase shifts in
audio are completely benign unless com-
bined with the same signal without delay
or with a different delay. While these
“linear phase” time delays are in fact as
described, Pennington bounds to the spec-
tacular conclusion that all phase shifts oc-
curring from all sources are similarly in-
nocuous and irrelevant. He concludes that
the only way to rid the world of phase shift
is to change the speed of sound.

This sweeping generalization ignores
the fact that there are numerous other
sources of phase shift that are not linear
with frequency. Pennington claims that
*“(When listening) only the frequency com-
ponents of the signal are discriminated
from the cacophonous elements of sound.
Timing, as in phasing, is of little or no im-
portance. As an example, if the harmonics
of a tone are scattered about in time from
the fundamental, the sound will be the
same.” Personally, | prefer to hear the tre-
ble of my favorite music at the same time
as the bass, and in the same order as well.

Consider for a moment the perfect
pulse. The mathematically ideal pulse has
infinite height and zero duration and oc-
curs at a single instance of time. Fourier
says this pulse has a frequency spectrum
identical to noise where all frequencies are
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