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YAMAHA'S NEWEST TOURING PROFESSIONAL.
Yamaha's new
PM -2000 Mixer.

Ideal for professional
sound reinforcement,
ifs the kind of full

production console
pros have always
had in mind, but
never in hand.
The PM -2000.
The touch is solid,

smooth, consistent. It
feels like the professional console

that

it is.

The knob, switch

and slider placement anticipate
where your hands
w iI naturally fall.
With 5- position,
4 -band equalization
and six independent
sends on all 32 inputs,
plus a full function,
14x8 matrix, the

PM -2000 has everything you would
expect from the
consummate professional console.
And if the
PM -2000 looks and
feels like a custom
console, and seems
to have read your
mind, it is no accident. Because
Yamaha spent two
years on intensive
research

and prototypes
based on input from
professionals. One

touch and you'll
realize: the
PM -2000 feels

you think.

Available soon
on a limited basis,
through select
Yamaha dealerships.

0 YAMAHA

PO Box

6600 Buena Park,

CA 90622

Write for complete

information on the
PM -2000.
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Fidgety
Well, fidgety real y isn't the right word for it. What we're trying to say is that Studiomaster hasn't exactly been sitting
still since we introduced our ultra -successful 1 6X4 mixing console over a year ago. So we've posed for a "group portrait" so
that you can see what we mean.
As you can see, we now have a strong support team of professionally designed mixers for our 16X4 pioneer. They include
a 12X2B with 5-way quasi -parametrically equalized balanced outputs for the master and monitor sends. A 20X8 monitor
`nixing console that allows any of the 20 input signals to be fully or partially assigned to any of the eight equalized output
channels. And a 16X8 recording console with the same features as our 16X4, although with an 8 channel format. All of our
mixers are expandable, of course, and come packed in aluminum flight cases.
We even have a rugged new fancooled stereo power amplifier which puts out 450 watts per channel into 4 ohms all night
long, without a whimper. This amp has four protection circuits, is completely plug -in card serviceable, and is breathtakingly

clean.
So now that makes two of us fidgety. We are .... in spite of the new products we have, we're coming out with still more.
And you are ... because by now you can't wait to visit your closest dealer listed below and see them.
MINNESOTA

(NEW JERSEY)

OKLAHOMA

TENNESSEE

(VIRGINIA)

Music
3409 10th
Street
Sneet
Moorhead 56560
218-233-7546

M&M Music

Driva Music
6600 N.W. 3915 Exprswy
Bethany '3008

5tringa. & 'Wings in Memphis
1472 Unie.

Rolls Music

INDIANA

AMC S +stems

I.R.C. Music Stares
5911 Ent 82uc St.
Indianapolis 46210
317-94. -7965

Minneapolis 55407
612. 729.8305

440 Candlewood
New Milford 06776
203 -354.1369
800. 243 -1054

J.B.O. Productions
2701 N. Harrison St.
Fort Wayne 46808
219-422-1576

GMS Music
Cool Center, Terry Rd.
Jaek,on 39212
601:374.1604

FLORIDA

KANSAS

CMS Music

Music City
311 W. Robinson

E.M. Short. C.urtam
2525 E. Dough's
Wich'iU 67211

ALABAMA

(CdRornia)

COLORADO

(ILLINOIS)

Su

Mus
1917301 Ave. No.
Birmingham, 55208
205-2624498

Guitar Center

Solid Sound
1638 Pearl St.
Boulder 80302

D.J.t Music

ARIZONA

Guitar Center
928 Vex Neu ,tae.
San Francium 94109
41 4_541-4020

Pro Sound

GiOtar Comm
961\ 2nd Sr,,.,
San Jon 951.15
400-298-6356

CONNECTICUT

BIB

'e

Fry'` Music Center

882258. 7th Street
Phoeaim 85020
602-976253

The Music Stand
2229 Country Club
Tucson 85716

602.4276375
ARKANSAS
Strum and limn
7515 Geyer Springs
little Rock 72209

501-%24751

CALM'G4tNIA

749: Sunset Blvd.
Hollywood 90046
21:1.8741060

K&4C Manic
1904 W. San Curios St.
Sam

Ion

95128

40k- 2445760
WAIT Sound
1115 R 52,,,,

Sacramento 95914
916.444-5451
Skiph Music

CalifmA, Musical'::nstwmrni 2254 norin
1019E. Vermont
Anaheim 92805
7144303 8610
AudiLle Sound Systems
7858 Midfield Ave.
Ins Angeles 90045

213.00.1719
Mane. Music
235 5. Azsu

West Genial 9179,

Rd_.

Sacremoro 95422
016- 392-1717

Fancy Music
744 State St.
Sarto Barbara 28101

805.963.0505
Cwt.-Showcase
3090 S. Hasrom Ave.
Saltyou 95124
40k 177.5864

5055 W 31st.
Cicero 60E50
312-863 -7400

308 -4441734

2432

S.

Colorado

I)env, 80222

't.

1517

Mane.

303. 759-4455

East Coast Sound

MISSISSIPPI

N. B:syou Rd.

Orlando 32807
305-423.4204

3164846252

Music City
1713 5. Lois Ave.
Tampa 33609

LOUISIANA
Sound City

813.879.8327

306 N. CanoIton Ave.
New Odeans 70114

Music City

504-482 -7894

2580 Atlantic blvd.
Jacksonville 32207
904-399 -7719

MASSACHUSETTS

Ace Mmic

13630 W. Dixie.

Ilighon,

N. Miami 33167

ILLINOIS

630 C Street
San Chan 92101

AAA Swing Ciro Musi`
1312 Vandal®
Collinsville 62234
618 -345.6700

3144214558

1065 W. Broad St.
Falls Church 22046
703- 533.9500

NEW YORK

OREGON

TEAS

WASHINGTON

Whirlwind Music
100 Boxart St.
Rochester 14512

Pordaod Music
520 SW 3.d
Portland 97204
503226 -9719

Danny's Band Box
4373 Moosaa

Audio by 2i/tut
1038 Northern Blvd-

PENNSYLVANIA

River City Music
6718 San Pedro
San Antono 78216
512.826-4101

716 -6634820

Roslyn 11576
716. 621 -0198
Shaba! Instrument 01,d,-í
2511 Middk Country 180.
Centeneach 11720
516. 585 -7776

Cintiob Mask Center
5359 Oxford .Ave.
Phdadelpäa 19124
215.742 -4115

El Paso

7903

915- 566 4675

Par0e7 Music Co.

D.C. Short Sound Systems
239 Cento Avr.

5005 Gulf Freeway
Hondo, 17023
712.923 -91726

Markham Wune

Billy's Band Aid
15C Hann.. Shopping Center
Amarillo 59107

Elsworth 15202
412.761.2724

American Music Ramilem
4450 Fremont No.
Seattle 98103
206.653.1774
WASHINGTON DC.
Washington Music Center
11151 Viers Mill Rd.
Wheaton 20902
301- 946-0808
WEST VIRGINIA
The Pied Piper
1200 3rd. Ave.
Huntington 25707

Kuben Music
910 Fillmore
Buffalo 14211

80C. 383-5"132

800-642.3446
800-6243498

MISSOURI

Specialized Audio
814-452.3840
Rd, 5, Rte. 50 & Hutchins Rd

UTAH

WISCONSIN

Saratoga 12866
518- 885 -8966

Regenbcrg Music
6615 University Ayr.

Uncle Bob's Music
6635 W. Capitol
Milwaukee 53216
414-462 -2700

Big Dude's Slusic City
3817 Roadway
Kansas -City 64111
818-O31-4638

Watertown 02172
617. 526-6100

Pro Ileum Shop

MICHIGAN

603 Maryland Pkwy.
1.a Vegas 89101
702.282.9147

Hy James Enterprises
716 Causerie, Ave.
Ann Arbor 43104
313. 9940994

Memphis ]8104
901.278-0500

CMS Music
1809 Denny Ave.
Pa agoula 39567
601- 764 -2638

NEV.ADA

905- 891 -6201

Cohn.' Center

Cleveland 38732
601,46 -7216

K &L Pro AulSo
28 Acton Sa.

213-9664781

714-2348731

E Lake St.

405489.4711

2006 Debra Dr.
Vineland 08960
609-691.9568

NEW JERSEY

Rondo Music
Hwy. 22 at Vauxhall Rd.
Loud 07083
201487-2200

716.894-5190

1651 W. 2UO SL
Erie 1656

(11110

412-351 -5482

Cuitar City, Studios
470 N. 1100 W.
Ccetcrville 84014
8012924-.61

Coyle Music
2864 N. High St.
Columbus 43202
614. 263 -1801

SOUTH CAROLINA

VF.RMON?

Smith Music House

SD: Audio
107 B Banc St.

Swissvale Music

2035 Sobh

Pittsburgh 15218

The Moak Connection
14312 Pearl

Strongsville 44136
216. 238-6966
Howard Early Music Crnre
3171 Glendale- Millfmd Rd.
Cincinnati 45241
514.5!'.4-QRlia

120 Magnolia St.

Spartanburg 29301
803 -582 -4108

Burlington 05401
807- 862-1705

VIRGINIA

Middleton 53562
608 -836.1501

Mimic Tree Ltd.
219 Jefferson St.
Wausau 54401
715-8455900

Ambassador Music
7461 Tide -.eater 1Mve
Norfolk 23505
804 -583 -1694

For a brochure on Studiomaster products, write to Craig Buffington, National Sales Manager, Amerimex Co., Inc. P.O. Box 55,
Atwood, California, 92601.
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EVERY MUSICIAN
SHOULD PLAY
THIS KEYBOARD.

controls the TEAC Model 124
Syncasetr°. Our first cassette deck that
lets you record one track, then overdub
the other to get two musical parts in
perfect time. Later, you can mix live
material with these two tracks and hear
all three parts through your home sound
system.
With the Model 124, you can
accompany yourself or an existing piece
of music, and record the result. Rehearse
a tune or create one. Sharpen your
ear for harmony and phrasing.
And develop your timing
and playing skills while you're at it.
It

'Dolby

is a

registered trademark of Dolby laboratories, Inc.

After you've worked on your own
music, enjoy the sounds of others. The
Model 124 is an outstanding stereo
cassette deck. High signal -to -noise
performance. Low wow and flutter. Wide,
flat frequency response. There's Dolby*
NR (disabled in the "Sync" mode).
Memory rewind for fast tape checks. And
illuminated VU meters for easy level
adjustments.
Probably better than anyone, we
know the Model 124 can't give you all the
multitrack flexibility and open reel
performance you want. But at a third the
cost of an open reel multitrack recorder,
it could be the start -up tool you need. And
when you consider the savings on tape
alone, you'll find the Syncaset a handy,
economical instrument to work with.
So try out the keyboard every
musician should play. See your TEAC
Multitrack dealer today for a demonstration of the Model 124 Syncaset r"

r MULTAR
11111
ITR CK SE

4.

TEAL Professional Products Group

©1979 TEAC Corporation of America, 7733 Telegraph Road, Montebello, CA 90640. In Canada, TEAC

is

distributed by White Electronic Development Corporation (1966) Ltd.
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UTILIZING STUDIO
SPECIIII_ EFFECTS
By Larry Blakely
In the last few months we have ventured into the world of special effects
for the studio and the musician. We have
attempted to show how all those great
gadgets fit into the recording chain. Now,
here's a piece that gives you some additional
ideas on what goes where and why.

_ow

42

By Murray M. Silver, Jr.
Those "bad boys from Boston" as the Geils
Band is known have been on tour for some
months now, and we have been tagging
along. Harold Blumberg, who designed much
of the sound reinforcement system for the J.
Geils Band, gave us the details and we took it
from there.

PROFILE: CHEAP TRICK'S PRODUCER
VI WERMAN
By Nina Stern
Producer Werman has been involved with
some of CBS Epic's most popular acts, from
an A &R and production standpoint. Tom
shows us that you don't have to be a technical whiz to work with the best in rock
but you do have to know what you want.
TO

THE STAPLES

1 f0iM.
tiMí Á16410*=

LETTERS TO THE EDITOR
TALK BACK
The technical Q & A scene.

22

THE PRODUCT SCENE
By Norman Eisenberg
The notable and the new, with a comment
on some new developments that really are
not so new ... no matter what the press
releases say.

32

MUSICAL NEWSICALS
By Fred Ridder
New products for the musician.

AMBIENT SOUND
By Len Feldman
Many of us will soon be jumping into the VCR
field (Mr. Feldman, as usual, is already there),
but there are a number of problems we
should expect before taking the plunge.

56

.

6

By Norman Eisenberg
and Len Feldman
Cerwin -Vega A -400 Power Amp

6

Mitsubishi DT -30 Cassette Recorder
Soundcraftsmen TG3044 -R Equalizer
HANDS.ON REPORT
By Jim Ford

and John Murphy
MXR Flanger/Doubler

COMING NEXT ISSUE!
Session with Fire fall
The Electric Primer

A

-Part

GROOVE VIEWS
Reviews of albums by Devadip Carlos Santana, Brian Eno, Hilary, Joe Venuti, Duke
Ellington and Charles Mingus.

I

Studio Designer John Storyk

ADVERTISER'S INDEX
Modern Recording (ISSN 0361 -0004) is published monthly by Cowan Publishing Corp., 14 Vanderventer Ave., Port Washington, N.Y. 11050. Design
and contents are copyright 1979 by Cowan Publishing Corp., and must not
be reproduced in any manner except by permission of the publisher. Second class postage paid at Port Washington, New York, and at additional
mailing offices. Subscription rates: $12.00 for 12 issues; $22.00 for 24
issues. Add $3.00 per year for subscriptions outside of U.S. Subscriptions
must be paid in American currency. Postmaster: Send Form 3579 to Modern
Recording, Cowan Publishing Corp., 14 Vanderventer Ave., Port Washington, N.Y. 11050.

Cover Photo by Jeff Mayer
Geils Photos by Jeff Mayer and Murray M. Silver, Jr.
Tom Werman Photos courtesy of Epic Records
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Great and Noisy Debate
After reading the January 1979 "Letters to the Editor," I was
amazed to see that anyone really believes that noise reduction
doesn't affect or color the sound quality. Of course noise reduction colors the sound. Coloration is an unfortunate byproduct of
the processes, and cannot be eliminated by present technologies.
Let me explain why:
Dolby A (according to their 361 manual), starts by restricting
the audio bandwidth, splits the sound into four frequency bands,
limits one or all of them to remove your transients, separately
compresses each band at varying levels, then puts them back
together again, and onto the tape. Your signal goes through
around 70 amplifier or processing stages, and that's for each of
16 or 24 channels. On playback it does it all again, in reverse! If
the levels aren't matched perfectly, then the return signal
doesn't get decoded properly. Dolby uses FET attenuators to
control the levels, which are known for limited dynamic range,
poor matching and distortion. Dolby also inserts masking noise
to cover operational sounds. It is a real tribute to Dr. Dolby that
the output sounds anything like the original at all! It is well
known among the engineers in L.A. that it is best to mix on the
same Dolbies that one records on, to eliminate unit -to -unit differences, or the result just doesn't sound like they expect. Many
of these same engineers use the Aphex Aural Exciter to restore
a lot of the "realism" and sharpness that seems to disappear
when using the Dolby Laboratories system (remember the bandwidth and transient limiting).
dbx, on the other hand, uses a completely different approach
to avoid Dolby's problems, but creates some of its own. To avoid
band splitting, dbx uses a really great RMS level detector, the
best in the business, and compresses the whole band at once, 2:1
for greater noise reduction. But greater compression also means
greater problems on expansion. Tape machines can be aligned to
a typical accuracy of ± 2 dB so that record and playback,
especially on two different machines, can be 4 dB off, magnified
by 2X expansion to 8 dB! dbx also uses separate high frequency
pre- and de- emphasis, adding another source of error. Why do I
keep talking error? Because of the tolerances that exist in electronic components. No manufacturer can afford to build perfect
equipment, and if they did, we couldn't afford to buy them. So
when we add all these electronic errors to other variables such
as different brands of tape (machines are usually aligned for just
one type) and the tape machines themselves, the problems with
encode /decode processes become much clearer. But dbx has
other factors which color the sound, too. Their VCA, which
varies the levels, has various distortion products which vary
with both signal level and attenuation, so it distorts differently
on playback than on record. It suffers from crossover notch
distortion, modulation noise and log-antilog non-linearities, as do
most of the other VCAs on the market (Burr -Brown devotes a
whole chapter in their book on function circuits to the problems
with log-antilog converters). Only the new VCA from B &B Audio
is free from these problems that absolutely alter sound quality.
All right, let me summarize quickly:Noise reduction colors the
sound due to physical limitations of its circuits; en-
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The
4,f4i

designed and built
by people who still
care about quality
and reliability

fASHLY 1

Package

SC-22 S29D

g

SC-77 $429

ILI

SC-70 $249

SC-80 $343
-Rwr

nocrx
c.ot.ovn

SC-66/A $59g

MOM( SC-6hA
AtY,tY,

SC-63 $36,
SC-50 $299

Dozens of new features and
a new look are added to
the ope'ational flexibility,
advanced design, reliab lity,
rugged construction, and
\ialue of the ASHLY
PACKAGE

SC-55 $499
.1100
WV=

MIR

3C-40
$349

these are the things you
fcr in signal processing
equipment piar your sound
system- around the ASHLY
stay ahead" PACKAGE.
II

VEW
SC-44 Keyboard

Input Processor

.,,.IA.,,
MAPIYI

öY4

Dok

Call or write for our new
brochure and the name of
your nearest Ashly dealer.

S499

EXCLUSIVE DISTRIBUTION IN CANADA

Gerr Electro- .aco.stics
365 Adelaide Street East
Toronto, Ontzric, Canada M5B 4R3
#416 -868 -0528

ASHLY AUDIO Inc.
7099 JAY STREET
ROCHESTER, N.Y. 14611 (716) 328-9560
CIRCLE 84 ON READER SERVICE CARD
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errors, bandwidth and
transient limiting and VCA imperfec-

code /decode

tions.
Mr. Kinzel and the Marshall Tucker
Band are certainly using the wisest approach to noise reduction, choosing the
lesser of the evils between noise and
noise reduction according to the situation (according to Pro Sound News,
West Coast clients now prefer 30 ips to
noise reduction). I strongly suggest to
any user of noise reduction equipment
that he compare in vs. around, using
some live, noncolored material and
learn his system's limitations. If anyone
cannot then hear the difference, they
should have their monitors and/or their
ears checked. There is no reason to settle for second -rate sound.
-Jon J. Sanserino
Director, OEM Products
Aphex Systems Ltd.
Los Angeles, Ca.

this space to promote the Aphex product largely by denigrating Dolby and
dbx systems.

We offered both Dolby and dbx the opportunity to respond to the above let-

ter. The response from Dolby Labs
follows; dbx declined to respond in
writing, but its representative did comment on the topic, expressing dismay
that Mr. Sanserino seemed in he using

We

reserve judgment.

-Ed.

We believe that both the letter from
Mr. Kinzel in the January issue and the
one from Mr. Sanserino raise the same
philosophical question of the purpose of

the tape recorder and its immediately
associated equipment (such as noise
reduction). Is the objective to have the
input signal and that coming off the
tape sound as close as possible, or
should the tape somehow sound subjectively "better" or "more real ?"
Mr. Kinzel, for example, states that
when recording drums or percussion,
"the non -Dolby (tape) will sound more
rea4 as if you were hearing the drums
'live. "" He does not say "the non-Dolby
tape sounds closer to line -in." While
that may be what he meant, we suspect
otherwise, because we have heard objections before to the Dolby system's
effects on high -level percussion. In each
case we investigated, the result has
been the same: the recording engineer
was accustomed to saturating the tape
on such program material, and subjectively preferred the coloration added

by the resulting distortion. The Dolby
system reduces that distortion and so

the subjectively preferred coloration.
However, in each case, we were able to
show by means of blind listening tests
that the Dolby tape was closer to the
sound of the input signal
As to Mr. Sanserino's comments,
there have always been and always will
be those who claim that the Dolby
system colors the sound. Dolby
Laboratories of course claims otherwise, and we and others have over the
years repeatedly demonstrated, to our
and their satisfaction, that the Dolby
system does not alter real -life musical
input signals. In addition, Mr.
Sanserino makes at least one statement
we believe to be misleading: "Dolby
A ... starts by restricting the audio
bandwidth, splits the sound into four
frequency bands, limits one or all of
them to remove your transients ...."
Yes, bandwidth is limited to 30 kHz.
But the result is that transients are not
affected by any more or less than the
well -known effects of a 30 kHz band limiting filter. Furthermore, the statement that "Dolby also inserts masking
noise to cover operational sounds" is
simply untrue. Finally, we point out

-

Should you buy the new Sound Workshop 262
Stereo Reverb or should you retile your bathroom?
That's a tough decision to make. Perhaps you
stay up nights pondering this very question.
But please take the time, right now, to consider
this important matter.
Think how great your voice sounds when
you're lathering up in the shower. It's because
the hard, ultra- smooth surface of the tile takes
your normally lifeless voice and bounces it

ound Workshop

PROFESSIONAL AUDIO PRODUCTS

back and forth adding depth and magnitude.
It's called natural reverberation.
There are, and have been, devices available
which simulate natural reverberation. But a
professional quality studio reverb (that sounds
as natural as your bathroom) used to cost well
over a thousand dollars.
Sound Workshop introduces the new
262 Stereo Reverberation System ...for well
under a thousand dollars. We thought you'd
like to know.

Sound Workshop Professional Audio Products, Inc.
1324 Motor Parkway, Hauppauge, New York 11787 (516) 582 -6210

MODERN RECORDING
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The ARP sound,
a free Anvil case,
and a summer full of music.

Announcing the ARP
Tour Special.
When you play an ARP Odyssey- your
3oios sizzle.

And when you travel with an Anvil mad
ease, you can protect that hot sound frcm
:he dangers of the road.
Now, during the ARP Tour Spec_al,
you can get a free Anvil road case wher
you buy an ARP Odyssey from a partic:-aaring Certified ARP Dealer in tl-e U.S. or
Canada. From July 1, 1979 through August
30, 1979, your ARP Dealer can se- you up
nth an Odyssey and a free Anvï read case
$200 retail value
a price that's right
for you.
Step into a Certified ARP Dealer for a
complete demonstration and musical tour.
S:ep out with a new Odyssey and a free
Arvil road case.
ARP It's the sound.
.

-a

-at

For a :opy of ARP's full color catalog,
and tie names of Cerif>ád ARP Dealers
in your area, send $1.00 :o:
ARP, 45 Hartwell Aveaue, Leaington,
Massachusetts 02173.

© AR? Instr,ments, Inc 1579
Offer void where protibìed.
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The DN27 and DN22
graphic equalisers.
In a class of their own.
DN27 GRAPHIC EQUALISER

RIRRR TERRIR

r12dB
+

6dB
3dB

oda

- 3dB
- 6dB
- 12de
H[ 40

50

63

40

100

105

160

200

250

315

600

500

630

600

HIPRH- HERIIIR

114

1525

066

2K

255 3515

44

5K

643

811

IOK

1255

164

Kz

DN22GRAPHIC EQUALISER

+12dB
+

6dB

+

3dB

-

6dB
3dB

- 3dB
- 6dB
- 12dB
Hz

12dB

-

3dB
6dB
12dB

50

90

160

300 500 900

1K6

Every now and then there
comes on to the market a
product whose quality is such
that it becomes a generic in
its own right.
This has been the case
with the Klark Teknik
equaliser.

All over the world our
equalisers have proved themselves to be the ultimate in
tone control for sound
recording, reproduction and
measurement systems.
Inevitably, they cost a

3K

SK

9K

16K

Hz

50

90

160

great deal.
But we offer guaranteed
performance which meets all
your personal requirements.
In equalisers which have
been assembled and checked
by engineers rather than a
production line.
And specifications which
meet your own exacting
demands in every way.
Shouldn't you be the owner

of a Klark Teknik equaliser?
You'll never settle for
second best again.
CIRCLE 96 ON READER SERVICE CARD
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For further information
about our equalisers, the new
DN34 and DN36 analogue
time processors and DN70
digital time processor, contact:

HLARH-TEHNIH
You know it's the best.

;Hammond Industries Inc.

155 Michael Drive,
Syosset,New York 11791(516)364- 1900;West Coast
Office(213 )846.05 00;Canada(416) 677 -0545

that Mr. Sanserino's business, Aphex,
is the deliberate alteration of audio
signals for particular subjective effect,
which may or may not be considered an
improvement by any particular listener.
Dolby Laboratories' philosophy in
this whole matter is highly conservative and equally straightforward.
Which sounds more like the input, A or
B? Is the tape copy with Dolby a more
accurate replication of the input signal
than the copy made without (or with
another device)? What are the tradeoffs among amount of noise reduction,
audible -side effects on what kind of program material, and cost? Do the listening test results hold up consistently
with the widest variety of program
material and operating conditions encountered in real use? And so on. The
Dolby system has survived more than
13 years of the most searching and
thorough testing and evaluation, by instruments and by ear, and has most importantly survived widespread day -today use throughout the world. We
believe that the acceptance of the
system is the ultimate judgment of its
efficacy, and that the Dolby system will
continue to survive, as it has in the
past, the questions both real and imaginary which are from time to time
raised about it.
Two final points. First, we do find
ourselves in agreement with Mr.
Sanserino on one issue: we too believe
that the less the signal is manipulated,
the better, and it is for that reason that
the Dolby system treats only low-level
signals, and limits compression /expansion to 10 dB. Second, we would like to
emphasize that the Dolby system is
remarkably tolerant of the calibration
and frequency response errors encountered in studios around the world
where a realistic amount of care is
taken in setting up recorders.
Joseph B. Hull, Jr.
Communications Manager

-

Dolby Laboratories Inc.
San Francisco, Ca.

All the News...
congratulate you on your
fine publication and commend your integrity. In your article, "A Session with
Leo Sayer," in the September 1978
issue, author Michael Gershman
reports Studio 55's engineer Howard
Steele as saying, "dbx does limiting and
expanding to such an extent that you
can hear it working." I had noticed this
problem in my dbx 128 but was unsure
as to the cause of the problem. Mr.
I would like to

Steele's observation has saved me the
trial and error (and cost) learning of
finding the same problem in a dbx interface for my 8- track. I was also pleased
to see that this statement was not
edited from the article as dbx is a consistent advertiser in your magazine.
My compliments again.
-John Curran
Apple Valley, Ca.

your March '79 issue, p. 34)?
I would have filled out the reader service card, but it has expired by now.
Thank you, an avid subscriber,
Wayne Kipp
Chagrin Falls, Ohio

-

Write to Gizmo Inc. at P.O. Box 139,
Dept. G, Rosemont, N.J. 08556, or call
(609) 397-2000.

Where's that Gizmo?

Review Up Our Sleeves

Can you please give me the address of
the company that makes the Gizmotron
(as mentioned in "Musical Newsicals" of

waiting very patiently for your
comments and a review about the best
band to come out of Canada. You reI am

DIGITAL
DELAY SYSTEM

at a price
you can afford!
System Model D -250 employs the latest technology available
analog to d gitol circuitry. Unique design Features in the Model D -250 will
meet your perfon-nonce needs in oll applico:ions. The input display and gain
control allows yo., to properly adjust front end sensitivity. The D -250 may be
bypassed without affecting the internal memory. Regeneration controls quickly
adjust the omoLn: of feedback signal and the hold function gives you infinite
repeat with no degradotion of signal quality.. Control oscillator functions include
rate, width and ware shape (for additional special effects). The voicing function
introduces random variations in the delay signal which is especially useful in
creating o more natural vocal dubbling effect. Delay time is selectable in one
millisecond intenvcls and displayed in large bright numerals. Three way mode
switching includes Straight Delay, VCO Effects and Flange. The output stage
offers mixing, p-ose reversal and gain control. All dynamic functions may be
footswitch or footjedal controlled and ore LED indicated allowing you to use
this unit os part of 3 real time instrument system. Back panel provisions are also
included for external voltage control.
in

The

D -250 is

covered by a full ore year parts and labor worronty.

ADVANCED Audio Designs
PROFESSIONAL PERFORMANCE SYSTEMS
1164 WEST 2ND AVENUE

EUGENE, OREGON 97402

503 -485 -4251

Also available: Instrument Preamp Systems,
Guitarist Model 101 and Bass Guitarist Model 101B
Dealer Inquiries Invited
CIRCLE 49 ON READER SERVICE CARD
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You've already purchased
the equipment .. .
Now, how are you going
to mount it?

Contact: BSC,
your pro -audio specialists
we are the only manufacturer
and distributor of custom mounts
we offer, in stock, mounting hardware
for all audio and video equipment
all mounts are constructed of
extrLded aluminum and finished
in black epoxy

viewed their album a while ago, Max
Webster's High Class in Borrowed
Shoes, but I've seen no mention of the
album Mutiny Up My Sleeve, and I was
wondering why. I'm hoping you will check
it out especially a couple of tunes
called "The Party" and "Beyond the
Moon," which are amazing recordings.
-J. O'Brien
Toronto, Ontario

-

You'll be pleased to know that we've
contacted the label and asked for a
review copy of Mutiny Up My Sleeve (as
we go to press, the album is not yet
available south of your border). Expect
the review within a few issues.

amplifier, which was shown way back in
the June 1978 "Product Scene" (Page
34). Could you please supply me with an
address or further information?
Also, do you have any features coming
up regarding headphones and recording?
You've had me plugged in since your
first issue. My library only lacks Vol. 1,
Nos. 2 and 3. Thanks much indeed.
Kenneth Sturm
Franklin Park, Ill.

-

We list Edcor as located at 16782 Hale
Ave., Irvine, California 92714, phone
(714) 556-2740. As regards headphones,
we have no features coming up, but we'll
see what we can do.
Your library is something many of our
readers envy. Some of those issues, we
think, are priceless.

o
I

Noise Reduction
hope this letter reaches your pages,

because I have an issue that concerns
your readers and also myself.
That issue is -noise reduction.
I would like to see an article on this
subject soon. I am a faithful subscriber
for three years, and have enjoyed your
articles on mixers, echoes and delays,
but noise reduction seems obscure,
although I understand the basic principle. Can you help?
Robert Rasmussen
Tucker, Ga.

-

A two-part article by George Klabin

that we published in Modern Recording's May 1977 and June 1977 issues
2032 RIVER ROAD
RIVER GROVE, ILLINOIS 60171
PHONE NO 312 -452 -5551

another article along these
lines- Klabin's work is still valid -so
those interested in back issues should
act swiftly: we do have a small stack of
both these mags in the stock room.

Tape Tolerance
that a great number of readers
would like to see an article on "Accep-

I believe

Plugged In
My problem- delayed reaction. I am interested in Edcor's AP -10 headphone

Now,that you've purchased the
equipment .. .
contact BSC to mount it!

reading matter and can check back. We
have no plans at present to be running

delved deeply into all aspects of noise
reduction. Hopefully, you are one of
those subscribers who hoards all

table Professional Recording Tolerances
for Studio Tapes," encompassing a broad

range of equipment performance
necessities and minimum operating
qualities for the production of a fair
master tape. Of course, everyone has
their own standards, but a typical set of
guidelines would truly be quite a treat!
How about it?
-R.R. Creech
Vancouver, British Columbia
Okay, we'll look into an article of this
nature. We're a bit unsure, though, on
what you mean by a "typical set" of
guidelines. You could mean `average, "
but that is less likely... we'll in-

vestigate the best angle.

Our Fan with Banana
I am a sound engineer here in Argentina with a band called Banana -also,
I'm an MR fan. Reading very carefully
all the articles written in your
magazine, I really learn a lot -and from
people that are very experienced. As
job experience in this field is something
like, let's say, 99% of what makes for
good work, well, there's nothing better
than learning from them.
Unfortunately, we're living in a country in which "live" sound is still a
nightmare -I think that only about two
years ago did people start buying home
stereo amplifiers with turntables and a
pair of speakers, so we can say that
they are just beginning to listen to
music the way they should be. So think
how long it will take for people like
musicians, club- owners, theatre
managers, etc. to come around.
Unfortunately -or fortunately (I
really don't know which, yet), our band
is one of the pioneers in this case.
Maybe you don't know what it's like to
be a pioneer in a place where people are
very afraid to try new things: like going
to a place to play where the maximum
AC current outlet is 6 amps, and having
to say to the local electrican that you've
got to have a continuous 12 amps ... he
replies, "That's impossible yesterday

-
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In the real world of I% speaker
efficiency, l0% sounds unreal.
Wort speakers

are. less

than 1% efficient

o compensate for teas inefficiency and

meet today's sound levels, you need an
arseral of pcwer amps. Be:ause every
time ycu wait tc increase sound pressure
dB, you have tc double your power.
Lrtil now
Fender introduces Concert Speaker
Enc usures, the 2-15 F aid 1 -15 HLR. Eac-r

virtually 10% e'fiáent.
Efficiency, Part Theory. If it takes
1,,O watts to aciieve a desired sound
pressure level throe , a speaker with 1%
efficiency, it takes onty 10C watts to
achieve that eve through a speaker wits
is

.

t

3ct-* feature EV15L computer- optimized
wcciers with edge -wound aluminum voice
co Is tFat minimize heat -ailure. Flashmou i:ed compressior horn/drivers that
y eld flat response without equalization.
nternal ground lift swtches to :eep
power amps from grounding wher the unit
is bizr-1ped (which, incidentally, lets you
separate horn and bass ft nctions).
Structral grade aluminum diaphragms
tha oreN.ent fatigue. Anc sophisticated

ossover using
13

a

ma<imally flat response

de/octave filter.

Thiele-aligned cabinetry. Most
mço-tant, Loth Fender cabinets are
Thiele- aligned for maximum bandwidth
and surd pressure level per cubic foct.
What have you got to lose? Verify
:ne spec; ani the performance at your
aJ_ncrized Fender dealer.
The only thing you've got to lose
or ex:ess equipment.

is

a

1X6 efficiency.
So the more of iciei: the speaker, the
less power and fewer amps you need.
E=ficiency, Part II: Performance.
The Fender 2 -15 F. de ivers a sound
pressure level of 107 dB at watt /1 meter
(3 n< noise) anc Fani es 40 watts RMS
cintinuous.The ' -15 H_R delivers 105 dB
a. 1 watt /1 meter (pirk ioise) and handles
10 wat:s RMS continuous.That's near
1)% effi:iency!
1

The new
Concert Speakers
from
CIRCLE 56 ON READER SERVICE CARD
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Drive

all

lot

MikeLowVolume was playing here and
that AC outlet worked perfect." Or
when the club owner asks, "Why do you
come so early? Last week, MLV came
half an hour before his show started
and everybody enjoyed it."
Well, the thing is that we've got a 16
channel board, a Biamp system with
Crown and Phase Linear, Altec woofers
and HF drivers plus snakes, 16 mics,
echoes, etc., plus all the stage equipment including individual Community
monitors, etc., and I would like to know
how we can set that system up (working) in half an hour.

Another thing working against us is
that here, it is very difficult to buy good
quality stuff. Probably, you can get
stage equipment like Fender Rhodes,
ARP, etc., but if you go to any store and
ask for a digital delay or a parametric
equalizer, they'll probably think you're
from the moon or something like
that -and here is the important point
about your magazine: it helps me (I'm
the one who goes to the U.S.A. to buy
all the equipment) to be very well informed, to know what's new and to
know what's the price for this and for
that. Also, I write a lot of letters to the

If you're a serious
musician, should

withinferior

equipment?
If you're a
professional
player can
you afford the
embarrassment

manufacturers and they send me all the
information I need, but would I know
the addresses or what each firm
manufactures without a magazine like
MR? I am a subscriber to a lot of
magazines, like Studio Sound, db, etc.,
and they are really good; but none is so
well- written and so interesting as
Modern Recording. Honestly.
One last thing I'd like you to know is
that we (the band) always need "five
cents for a dollar," which is an expression we use to mean "how nice it would
be if we had 1,000 more watts, or a
monitor speaker there, etc." What I
want to know is, is it always like this
even if you're sound man with Pink
Floyd or Chicago?
I don't want to make a bible of this
letter, so the only thing I can say is that
I would like to have an answer and that
no matter what happens, mine is
definitely the most wonderful job in the
universe. Thank you for listening and
thank you for doing MR and thank you
for giving us every month a little piece
of that fabulous Sound Wonderful country, the U.S.A.
Your friend and fan No. 1,
-Toro Martinez
Buenos Aires, Argentina
What can we say? We're delighted,
we're flattered and we're glad to be
such a positive influence in your work.
As to your question, we think that
most truly creative performing artists
and their support groups (engineers
among them) feel as you do, forever
speculating on the constantly changing
creative ideal. Large or small scale.
Happy monitoring!

of cheap
imitations?

Kansas Writer
'A Session with Kansas, " Modern
Recording's July 1979 cover story, was
penned by Murray M. Silver, Jr. Our
apologies for failing to credit Mr. Silver
on the article's opening page.

Whirlwind cords
are available in
black, blue or
white, and are
offered at different
standard or

The Viper series cords have our exclusive patented
stainless steel tip over solid brass military plug. We
use a heavy duty spring for strain relief and flexibility
at the elbow joint.

Our Cobra is a truly noise -free retractile cord,
unquestionably the finest of its kind.
Our famous Snakes and UltraSnake cords have set
the standard for instrument cords.
No expense has been spared. The result...the finest
cords and connectors available that provide years of
consistently superior service.

custom lengths.

whirlwind

Whirlwind Music, Inc. /P.O. Box 1075 /Rochester, New York 14603
CIRCLE 110 ON READER SERVICE CARD

Another Bowl of Spaghetti
Brian Roth's article, "Spaghetti
Sonata" was sound advice (I couldn't
resist pun). Having experienced the
joy /frustration of a few remotes,
perhaps I can add a few tips.
If a "snake" is used with a raft of connectors on each end, go now & purchase
a cordless soldering iron! It's bad
enough to lose a vital run at the last
minute, without threading a power cord
thru dancers /tables (our remotes were
MODERN RECORDING
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If Technics RS -1500

meets
the high standards of A &M Records,
why did we improve it?

After the music

is recorded, anc before ii be.comes
record, Fow dc the top executives of A&M Records isten to
Peter Frampton, Ch_,ck Maiçiore, and their othersba-s?
On the Technic.; RS -1500. Whyi Because a^ its outsfding
frequency response, = cn<--talt tcpe speed and Icw wow
and flutter. In fact they were so mpressed, A&M Records
naught seven mare.
Now, with Thrics RS-1520, you can have the Same
performance AS,M Records has with -he RS-1500, p us -hese
extra fectures s-ucios .rant. Like adjus-ab e frort lc lei
bias and equalizat or cortrols. A kHz/ 101iHz fes -one
oscillator for accurate egJiçnent checks. -Fe p-e.c s D1 of
ASA stardard vU meters with a -- 10dB sersit vity selector.
A Cue /Edit switch for cuick, safe edits. And balanced
low -impedance. XLR -type outpu- connectors to mctdr other
widely used brcadccst and studio equigmert.
Lì <e al our o_en -eel decks, the RS -1520 has TecF, cs
"Isolatec Loop" tape t-ansacrt system. By isola-irg -Fe tape
from external it =luences, ou- "Isolated Loop" minim zed
tape tension
a constant 8) grams. This not cn y arovides
e.tremely s-coI tape transport and low head wear,
it also reduces modula -ion icise to the pcint wl-ere B's
1

det= cable only on sophisticated tes-iig =quipment.
Eectronicalle, the RS -1520 is equally sophisticcted.
Aid the reasons are as simple as IC full -logic controls.
A h 3hly accurate n crophone amF. ifier. =ET mixing amplifier.
Aic separate pas Lion bias /EQ selectors.
The RS -152C. It Teets the high s ardards of ALM Records
fcr
same reasons the RS -1500 does: FREQ. REST.:
30- 3C0.000Hz, :,dB ( -10dB rec evel) at 15íp.. WOW
& FL TTER: 0.018% WRMS at 15ips. S; t` RATIO: 60dB (NA3
wei_hted) at 15ips SEPARATION: 53c1B. START-UP ME: 0.7
secs SPEED DEVIAT ON: ± 0.1% w h 1 0 or 1.5 m tape at
LSips. SPEED FLUCTUATION: 0.05% w th 1.0 or 1.5 mil tape
at 15irs. PITCH CONTROL:
6 %. TRACK SYSTE.ti1: 2- track,
2-channel recording. playback and erase. 4 -track 2-channel

ie

f

f

playoack.
R5 -1520. A rare combination of audio technology. A rare
standc-d of audio excellence.

Technics
Professional Series

CIRCLE 98 ON READEI SEFVICE CARD
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out of a bar, in motion). Our best approach was a box on one end & connectors in the reel hub (no slip rings or
twisting) for the other. Short cords,
easily swapped, connected to truck
audio equipment -with the ends thus
rigidly held, the iron and track shoes
could and did gather dust.
Crimpon terminals are great -but.
On low level runs in long-term installations, solder the wires in. Oxidation can
cause "opens" which will get bumped
into conduction by an ohmmeter's
voltage (embarrassing story behind this
one). Also- flanged spades are my
favorites: the bent tips help them stay
put during installation. Ring shaped
terms will never fall off, but one round
of chasing 5 -40 screws under equipment
convinced me that it isn't worth it (Yes,
barrier block screws are often 5-40
thread. Just try to find one in a
junk box.).
Also- if you're going to put in a lot of
crimpon terms, or just do a lot of connectors, consider spending $10 or so on
a stripper. My Ideal stripmaster is
sacred. I bought a similar but different
brand one and gave it away after a
week: the Ideal is still kerchunking
after 14 years of abuse, without nicking

like the $2 cheapies. Plus, its spring loaded jaws are great for holding an
XLR body during surgery.
Thanks for an informative & enter-

taining magazine.

I

enjoyed the

crossword puzzles in the early issues
(probably a writer's nightmare), and
have survived a war with the subscription computer though I still look on
each issue as unexpected. Being in TV,
perhaps MR isn't totally directed to my
vocation, but it's just fine, thanks.
You might be amused /amazed to hear
that while 2 -inch quad machines can put
out great video (requiring fairly wide
bandwidth), one track on the tape is
done with saturation (unbiased) recording. Shades of nostalgia! Needless to
say, the fidelity requirements for it

-

John Entwhistle. Seems you went
Townshend crazy.
-Cindy Wagner
Kutztown, Pa.
What Mr. Henschen had written was:
"Several cuts on Who Are You deal
directly with Townshend's creative
struggle for a new identity: in "905" he
resists the mass production of men,
minds and music.... " Bob's reply to
-Ed.
Cindy is below.
In my zeal to impart the passion behind
all Who albums, I glossed over Ent whistle's usual solid contribution to the
group. Good point, Cindy.

- Robert Henschen
Record Reviewer
Modern Recording

aren't severe.
Hope the "Spaghetti" comments are
of

use....

-James Tolson
Chicago, Illinois
Who's Who

Robert Henschen: In Modern
Recording magazine, Vol. 4 No. 4,
January 1979, "Groove Views," page 86
... The Who: Who Are You -"905" is
Mr.

Belated Info
The "Lab Report" on Harman Kardon's
hk3500 cassette recorder (MR, June
1979) did not include all the information
in our usual format; General Info on the
deck is as follows: Dimensions are 7
inches high; 16 31, inches wide; 10 'l,
inches deep. Weight is 20 pounds, and
313

price is $549.

The
Orban
672A:
Price
Practical
at
Dream Equalizer
a

A

..
:111;

.j

111;. wow .e...

'41.,

The 672A is a single -channel equalizer offering
astonishing control and versatility. There are
eight non -interacting parametric bands with
reciprocal curves and the convenience of
graphic -style controls. Highpass and lowpass
filters with 12dB /octave slopes that tune
continuously over a 100:1 frequency range.
And, separate outputs that let you use the 672A
as an eight -band parametric cascaded with an
electronic crossover in reinforcement and
monitor tuning applications.

The dream equalizer is usable practically
everywhere in professional and semi -professional sound: recording studios, cinema,
theater, reinforcement. broadcasting, disco
you name it! Yet its price is down -to- earth:
$499 `. And, it's built to full professional
standards.
Check it out at your ORBAN DEALER.

orban

-

Orban Associates Inc.
645 Bryant St.
San Francisco, CA 94107
(415) 957 -1067
'suggested list
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O 1979 TDK Electronics Corp.

The standard
bearers.
.._.

ajatiA/NUU/
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SA-C90 tTDEC

SA-C90 aYTDK

IIIMININIIIIIIIME

SA -C9

TC1K

The high bias standard.
In the past few years, these fine ce
manufacturers have helped lo lush
the cassette metium evEr c:cset to
the ultimate boundaries of ugh
fidelity.'Ibday, their tesz decks
can produce results that are
virtually indistingui:halble
from those of the best reel-toreel machines.
Through all of their technical breaktzroughs,thF_y've
had one thing in common.
They all use TEK SA as
their reference ,ape for the
high bias p)siti)n. These
manufactmvrs wanted s
tape that coLld extract
every last crop of performance from their decks
and they chose SA.

And to make sire that
kind of performance
is duplicated by each
and every deck that
comes off the assembly
line, these manufacturers use SA to align
their decks before they
leave the factory.

Which makes SA the logical choice
for home use the best way to be sure
you get all the sound you've paid for.
But sound isn't the only reason
SA is the high bias standard. Its
super- precision mechanism is the
most advanced and reliable TDK has
ever made -and we've been backing
our cassettes with a full lifetime
warranty* longer than anyone else
in hi fi -more than 10 years.
So if you would like to raise your
own recording standards, simply switch
to the tape that's become a recording
legend -TDK SA. TDK Electronics
Corp., Garden City. NY 11530.

The machine for your machine.
in Ire unIIkev
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even, teat any TDK casselleevar 10115 10 perform due to afletect in maternals
O. workmanship sanely return 10 your local deafer or to TOO for a tree replacement
11

C.

Crf3lUr1

PSg-2

SELF grinl4+ 21f1G

gTPtIFIEf

The Crown PSA -2
Professional
Power Amplifier*
220 watts per channel minimum
RMS (both channels operating)
into an 8 ohm load, 20 Hz20 KHz at a rated RMS sum

total harmonic distortion of
0.05% of the fundamental output voltage. (tested per FTC
specifications)
250 watts -±-1 dB per channel,
20 Hz to 20 KHz into 8 ohms
with no more than 1.0% THD
(EIA Std. SE- 101 -A).
400 watts ±1 dB per channel,
20 Hz to 20 KHz into 4 ohms
with no more than 1.0% THD
(EIA Std. SE- 101 -A).
685 watts -!-1 dB at 1K per
channel into 2 ohms, with no
more than 1.0% THD.
*Designed for installation and use
in professional sound systems

www.americanradiohistory.com

the Crown PSA -2 amplifier
will still be unique.
There is unique technology built into the new
Crown PSA -2 amp that is not available to
other amp manufacturers. Our competitors
may try to copy the PSA -2, but only the
Crown label guarantees you access to that

technology.
You will experience that technology as
reliable, long -term performance of the PSA -2.
No other amplifier combines such power
and dependability.
Here's why.
For over ten years, Crown has tested
every output device manufactured for us. We
built an electronic wizard the SOAR Ill
Transistor Analyzer to determine for ourselves the safe operating area (SOA) of
each type of output device. Designers have
long understood that the SOA changes as
operating conditions change, but until now
there has been no way to define and compensate for these changes. The SOAR Ill has
changed all that exclusively for Crown.
As a result, we can include in the PSA -2
analog computers connected to sensing
units which constantly monitor the operating
circumstances of each output device. These
self -analyzing circuits are programmed at
the factory with Crown's data on the SOA.
For the first time, the protection circuit
actually follows the changes in transistor
SOA resulting from operation of the amplifier.
If an output transistor exceeds its SOA for
any reason, the self-analyzing circuit limits
the output, preventing its destruction. If
the SOA is not exceeded the output devices
are not limited in any way.

-

-

What good does that do you?
The Crown PSA -2 provides more usable
power from each output device. There are
no arbitrary voltage or current restrictions
on the output.
You get reliable power for less money
than you might expect. Output devices are
expensive. Only Crown has learned how to
use them at maximum efficiency.
In the PSA -2, you'll also find
a two -speed fan and completely enclosed high- efficiency heat sinks
balanced variable gain (XLR) inputs on
a back panel plug -in module
switchable high and low pass 3-pole
Butterworth filters that are factory -set
for 50 Hz and 15 KHz, with other roll -off
points available
a push- button test -tone generator
an adjustable -threshold compressor to
limit output at the user's discretion
switch selectable low- frequency load
.

.

.

.

.

.

protection
. switch selectable turn -on delay
. thermal- sensing power supply protection to eliminate premature fuse -blowing
stackability (without a cabinet)
The Crown PSA -2 is a unique professional component. With the PSA -2, the
amplification systems you are bidding today
will still be state -of -the art years from now.
Cali us for spec or delivery information at
219/294-5571.
.

crown
1718 W. Mishawaka Road, Elkhart, Indiana 46514

american inno va t',on ne d tec hno I ogy... since
CIRCLE 104 ON READER SERVICE CARD

www.americanradiohistory.com

1951.

re' TALK
ÁCK
"Talkback" questions are answered
by professional engineers, many of

whose names you have probably seen
listed on the credits of major pop
albums. Their techniques are their own
and might very well differ from another's. Thus, an answer in "Talkback" is
certainly not necessarily the last word.
We welcome all questions on the subject of recording, although the large
volume of questions received precludes
our being able to answer them all. If
you feel that we are skirting any
issues, fire a letter off to the editor
right away. "Talkback" is the Modern
Recording reader's technical forum.

Traynor Tinkering Tips
I've been reading your magazine for
almost two years now and have gained
a lot of valuable information from it. I
Attenuator

o

4p7

nv--

greatly enjoy the Talkback column as it
provides answers to problems such as

mative magazine written in a manner
that even novices can understand.

mine, which I shall explain.
The band that I work with is using a
Traynor MX -12 mixer and I would like
to know if it is possible to add break
jacks to the inputs so that we could use
limiters or compressors on individual
channels. Our singers are always overdriving the inputs even with the attenuators set at - 20 dB and our sound man is going crazy riding the faders to
keep the output amps from clipping.
I would also like to know if we can
add a mic input to the monitor section
to make it easier to communicate between the stage and the technical crew
as they are sometimes fifty or more
feet away and yelling back and forth
doesn't work very well.
Thank you for whatever help you can
give and thank you for a highly infor-

-Mel Moore

-15

-30

o

o

There are several possible reasons for
the problem you describe.
The master might be set too low, requiring abnormally high channel fader
settings. This could create clipping in
the mixer stage.
Another reason might be that too
many anti -feedback filter slide pots are
set too low. This is equivalent to having
the master faders set at a low setting,
again requiring high settings of the
channel faders. The normal setting for
the anti -feedback filter controls is up
full. Normal use of these controls for
feedback reduction or room equalization requires only moderate adjustment of two or three of the slide pots.

NOTE: If the notations in this schematic seem a bit unfamiliar, please be advised
that Mr. van der Sleen has utilized a new international standard form of notation
designed specifically for use in the print media which eliminates the need for
decimal points and, therefore, the chance of grave errors. To illustrate, "6K8"
-Ed.
is equal to "6.8K" or 6800 ohms.

68K

IN

180K

I(

To tone controls

2N5485

-I

47K
RED

}

2

w

Elkhart, In.

SEND

4p7

MP5A18

5K6

I

RETURN

I

3

I

BLACK

33K

l

L

YELLOW

4µ7

180K

To input overload
indicator

6K8

25K

25K

25K

10K

47K

10K

Mon

RVB

Effects

(BLUEI

Send

(GREEN)

(RED)

Circuit showing suggested locations of break jacks
MODERN RECORDING
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Or, the bass and treble settings on individual channels are set too high, causing clipping in tone control stage. Adding limiters to each channel could be a
bit expensive, but adding the break
jacks for this or some other purpose
should be relatively simple. Possibly
the best spot is just after the input
preamp stage, and before the feeds for
monitor and effects. (See circuit
diagram for illustration.)
The jacks used must be insulated
from chassis ground and have the common connected to the "floating" circuit

ground.

(I

suggest

a

Switchcraft

N -112A or equivalent.)

To speak to the technical crew from
the stage would require only that the
crew shut down one channel fader, and
then use that channel's monitor send
control as a volume for the appropriate
stage microphone. For the technical
crew to communicate with the stage, it
would require a repeat of the above on
a second channel with a microphone
plugged in and used at the mixer. A
small amp with speaker or headphones
could be plugged in to one of the
monitor out jacks on the mixer to make
it easier for the crew to hear "from
stage" communications.
I hope this will help clear up some of
your problems. Feel free to call or write
if further information is needed.
-Dirk van der Sleen
Engineering Dept.
Yorkville Sound Ltd.
Scarborough, Ontario, Canada

Explaining the Echoplex
I would appreciate some information on
how Echoplex cartridges are wound.
During my limited experience with
winding my own blank tape, I find that
every time I thread the newly-wound
cartridge into the Echoplex and turn the
device on, the tape bunches up inside
due to what I believe must be uneven
tension somewhere. Does the Echoplex
require special tape or machines to wind
the cartridges? Can I do this sort of
thing myself at home?
I hope you can help me with this problem for I'm sure there are other
Echoplex owners wondering about the
same kind of things.

-Bob Stark
Bellevue, Wa.
Uneven tension is not the cause of your
problem -the problem lies in the type of
tape you're using. The Echoplex -which
was conceived and designed in 1963 by
Julius Kovats of Market Electronics and
AUGUST 1979
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has been marketed by Norlin Music of
Chicago since 1964- requires a special
lubricated tape, similar to that used in
8 -track cartridges. Standard tape loops
will invariably stick.
If the idea of buying 8 -track cartridges only to unwind them doesn't excite you, Kovats assures us that blank
lubricated tape is available from Market
Electronics in bulk form. 3M also
markets a lubricated tape (their stock

a question was aroused.

number 178).
Once past the tape problem, Kovats
warns us that winding Echoplex cartridges can be tricky to do at home. He
reminds you to allow 371/2 feet of tape
for every minute of time desired.
For more complete information on the
exigencies of the Echoplex, write directly to Julius Kovats, Market Electronics,
3867 Apollo Parkway, Willoughby, Ohio
44094, telephone 216-942 -6969. He'll be
happy to answer your questions and/or
fill your tape orders.

In any loudspeaker /amplifier system
the amplifier should have sufficient
power output to drive the loudspeaker
to the required loudness level before
the output waveform is "clipped" (overdriven). Unfortunately, there is no simple way to calculate the "right" amount
of power to allocate to each
loudspeaker driver in a multi -amped
loudspeaker system. However, I'll try
to give an overview of a scientific approach to the problem. Then I'll discuss
a real (although not precise) approach
to the problem.
The scientific approach requires the
knowledge of several system
parameters. It is necessary to specify
the total volume of the room where the
multi -amped system is to be used, along
with the total surface area of the room

Calculating Amplifier Power
While reading Jim Ford and John Mur-

phy's Hands-On Report in the March
1979 issue on the Audio Perceptions
Model 201 Active Crossover (page 74),

How do you calculate the amount of
power you're going to give to each component? How do you choose these components accordingly? Nothing difficult,

I'm
know

sure, but when you don't
...you don't know!
-Roger Guerin
Perfection
Montreal, Quebec

and an average acoustic absorpttor
coefficient. Given this informatior
about the room, it is possible to deter
mine the total amount of acoustic
power that the loudspeakers must
radiate into the room for a given sounc
pressure level (SPL) at a particulai
location in the room. Next, we musi
know the energy conversion efficiency
of the loudspeaker system. The re
quired acoustic power can then be
divided by the efficiency factor to find
the required electrical (amplifier)
power for the specified SPL. The required number of loudspeaker drivers
can then be determined if the power
handling capability of each driver is
known. The total required amplifier
power is then distributed among the
drivers for the various frequency bands
based on the following considerations:
The efficiency of the different
drivers in the frequency range over
which they will be used. The more effi
cient drivers will require proportionately less power.
The frequency distribution of the
energy in the program material that
the loudspeaker system is to be used
with. Most program material (pop
music, for example) tends to have more

Finally,
full-range

compacts
that
deliver

concert
reinforcement SPLs with frequency linearity
comparable to the finest studio monitors.
Our new MK series compact systems sound
great in any near -field application, and we
optimize driver selection from among the
world's best to meet your needs for portable
PA; stage, keyboard or instrument monitor; or
disco use.
The MK compact systems survive
the long -term rigors of the road with their
18 ply-per -inch genuine hardwood structure,
scuff and water resistant exterior, extruded
edge rails with roadie type corners, large
recessed handles and latching tour cover.
For complete information and dealer list on
the MK compact systems, call or write us
for the "works ".

Eastern Acoustic Works, Inc.
59 Fountain Street, Box
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Our 120's do something unusual.
They work.
Anyone who uses 20 minute cassettes
knows the tape is no only a lot thinner than
the tape in a 60 minute cassette, it's also more
susceptible to stretching, budding, and tearing.
Yet few people realize the fault lies not
in the tape itself, but in poorly constructed

maxel

cassette housings.

At Maxe I, we build our cassettes to higher
standards than the industry calls for. We use
heavy-duty s-yrene in our cassette housing,
special guide rollers with precision steel pins
and Teflon slip sheets. All of which help

eliminate sticking and jamming.
So if yos're looking for a 120, why look
for r-ouble.
Try Maxell. The two hour cassette that's
guaranteed to work.
Forever.
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Maxell Corporation of Americo, 60 Oxford Drive, Moonachie, N.J. 07074.

energy in the lower hall of the spectrum. (But clipping is most audible in
the high frequency bands, so you can't
skimp on power there.)
The frequency range covered by each
driver. That is, if the audio spectrum is
divided into octave wide bands (about
10 bands total) then the power should
be divided according to the number of
octaves covered by each driver. The
frequency coverage of the drivers is of
course determined by the crossover frequency (or frequencies) selected.

the
aouve ouunnes
Although
rigorous approach to the problem, it
does not provide an answer to the question of how much amplifier power to
allocate to the different drivers in a
multi-amped system. The real world
answer to the question "how much
power for each driver" is "as much as
you can afford," up to a limit. It's not
unreasonable to use a power amp with
as much as ten times the continuous
power rating of the associated driver
(continuous sine wave power as opposed

WE HAD TO LET
OUR CHIEF AUDIO
ENGINEER GO.
We felt he was on the verge of
something. He wasn't sleeping
nightsand was often found
in corners talking to himself.
Our chief engineer expressed
a strong desire to go away
for a few weeks to clear his
thoughts. We let him go.
When he returned, he was grinning
from ear to ear and began to explain...
He said he felt the audio industryspecifically pro audio amplifier design
had reached such a level of technology
that everybody had quality specs. Manu-

-

facturers were developing "super-specs"
for the sole sake of the specs themselves.
A new direction was desperately needed.
But where?
How?
Our engineer had the answer. Why
not develop an amplifier design that
not only had incredible specifications, but considered total efficiency
as a prime design philosophy?

His brain began to work overtime...
creative electronics began to take place.
He developed a high-turbulence
flow-through ventilation system, direct-mounted power
transistors for cooler operation, a unique PowerLimit
circuit, error-free DC and sub -audio
protection and functional LED power level
indication. He also included a horizontal
connector panel with balanced 3 -pin
AUDIO PRODUCTS
XLR-type inputs and outputs.The impor1926 Placentia Avenue
tance being they all pull together into the
Costa Mesa. CA 92627
first real complete "common sense"
714/645 -2540
amplifier design.
As a result, we at QSC boastfully announce
six new models that will set a precedent in
amplifier design. We are constantly astounded
by the performance, reliability and amazingly faithful reproduction obtainable from
these new amplifiers.
Now our chief audio engineer smiles
all day long.
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musical peaks can reach as high as ten
times the average program power. For
certain kinds of program material (e.g.,
individual studio tracks) this ratio can
be even higher! Except for extreme
situations, no amount of amplifier
power is too much. This is especially
true of the low frequency drivers.
So as it turns out, calculating the
amount of amplifier power required by
each driver in a multi -amped
loudspeaker system is difficult at best
and impossible at worst. On the other
LU

hand, providing enough amplifier
power to such a system is not at all difficult, just expensive!
-John Murphy
Physicist/Audio Engineer
Ford Audio & Acoustics, Inc.
Oklahoma City, Ok.

Avoiding Tape
Duplication Deterioration
Assuming that a tape deck is properly
cleaned and demagnetized, can repeated
playing of a master tape (as in real time
duplication) adversely affect the frequency response of the recording? If so, does
the use of dbx or Dolby noise reduction
have any effect on the process?
Timothy R. Hale
President
Horizon Recording Studios
Ripon, Wisc.

-

Dirt and residual magnetism are the
two major contributors to the
deterioration of signal on recorded
tapes. Once these have been
eliminated, the only real problems remaining are friction occurring at points
along the tape path, and the consequent
polishing (wearing away) of the tape oxide surface. To varying degrees, depending mostly on tape type and machine
condition, this polishing occurs at all
times during movement of the tape.
The long -term effects of abrasion can
be minimized for master tapes used for
"real time" duplicating by using highquality, professional -grade tape with
low coefficient of friction, and by performing regular close -up inspection of
all surfaces that come in contact with
the tape oxide coating. These surfaces
should be clean and non -magnetic. In
addition, the surfaces should be visually checked for marring, pitting or burrs.
Any of these defects will rapidly abrade
even high -grade tapes and cause considerable deterioration of recorded
signal quality (i.e., lower level degradation of signal -to -noise ratio and frequenMODFRN RFCORDING
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The Bose Model 802 Professional Loudspeaker System
isn't for everyone. It's for those
who really want to sound like
themselves. Clear. Full. Natural.
Voices sound like voices, guitars like guitars, and drums like
real drums.
How does the Bose 802 avoid
sounding like a speaker? By
radiating sound broadly and
evenly, just like humans and
instruments do. By radiating all
of its sound from the same area,
just like humans and instruments
do. By radiating its sound directly,
without the use of horns, just as
natural-sounding humans and
instruments avoid the use of
megaphones. And by not getting

in the way of the music; providing smooth frequency response,
low distortion, and a clarity and
transparency that lets the real
you come through.

Visit your Bose Professional
Products dealer and listen for
yourself.

you want your audiences to
hear you as you really are,
check out the Bose 802 soon.

r

If

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

Street
City
State
Tel.

(

Zip
)

(Patent rights issued and pending)
J

The Bose 802.
The Sound of You.

www.americanradiohistory.com

tained machine will prolong the usable
life span of a master tape, but not forever. Master tapes that serve as duplicating masters should themselves be visually inspected for signs of oxide wear. If
highly polished stripes appear running
lengthwise along the oxide surface, the
master tape should be given an aural
check. Rather than have an original master tape be subject to such abuse, it

employing noise -reduction encoded intermediate master tapes is used extensively throughout the professional
mass -duplicating industry, and is equally well-suited to real -time duplication.
Double ended noise -reduction systems
such as Dolby can expand the signal -tonoise ratio of a properly encoded and
decoded tape. However, such double-
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system, perhaps in the board itself.
There is no modification available from
TEAC that specifically attacks board
electrical noise. Today's TEAC/Tascam
boards are quieter than those of the
past, but the Model 10 series didn't
have a problem in that regard.
We invite you to contact us directly
and perhaps with more information, we
can help to pinpoint the source of the
problem with your board.
-Roy Kamin
National Training Manager
TEAC Corp. of America
Montebello, Ca.

console which seems to be producing
more noise than I care to live with at
this point. Compared with many of the
newer (not to say more expensive or
less flexible) consoles, the Model 10's
signal -to -noise and headroom specifications seem to be a great deal less than
desirable next to the 75 and 80 dB s/n
claimed for the new units. I am also in
the position of not being able to afford a
whole new mixing console at the present time (not an uncommon problem
among owners of small studios). Are
there any modifications that can be performed on the 101B input modules to increase the sin ratio as well as the

original master. This procedure

xo

We suspect that there may be a
miscalibration somewhere in the

I own a TEAC Tascam Model 10 mixing

duplication process) will insure that the
copies being used as duplicating
masters will not have significantly
higher levels of tape noise than the

300

-Jim Berg
The Barge Recording Studio
Wayne, N.J.

TEAC -The Source

subsequent decoding during the

IIN AUDIOARTS

greatly appreciated.

Contributing Editor
Modern Recording

might be more practical to make a few
on- speed, noise -reduction encoded copies
of the original master, and to use these
copies as duplicating masters.
The noise -reduction encoding (and

AUDIOARTS

headroom at the microphone preamp?
Also, it is not unusual for me to have
to attenuate the microphone inputs 35
dB to prevent overload while recording
music of medium loudness. Can this
problem be overcome with a modification to improve signal to noise? Any
assistance you can provide will be

ended systems are sensitive to level for
proper decoding. If the level on a noise reduction encoded tape is lowered
because of oxide abrasion or other effects of repeated plays, then the decoding will be imperfect, and signal -tonoise ratio will suffer as a result. Noise reduction encoding cannot prevent or
overcome the effects of tape wear.
-Peter Weiss

cy response, drop -outs, etc.).
Using high -quality tape on a well -main-
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CONTROL FEEDBACK
THE MODEL 1500 was engineered to solve the problems of feedback where
conventional filters fail:

-

(1)

Meaning you tune the filters exactly to the offending
TUNEABLE
frequency, while leaving adjacent frequencies unaffected;

(2)

1/6 octave; much narrower than any graphic
NARROW BAND
equalizer, so you remove only feedback, without disturbing tonal
balance in program material;

-

-

The Model 1500 has five identical filter sec(3) SPECIALIZED DESIGN
tions, each covering 52 Hz to 7.3 KHz, thus eliminating the "low -midhigh" band restrictions imposed by other general purpose equalizers.
This ensures plenty of control, no matter what frequencies you need to
process.

Five identical tuneable full range filters 52 Hz to 7.3 KHz,
to -16 dB notch depth
Front panel gain control
Overload LED
IN /OUT switch
Separate color -coded controls (no concentrics or sliders)
Balanced input (accepts unbalanced sources)
7 pushbutton switches (each w /LED indicator)
Direct rack mount
+20 dB output
Optional transformer balanced output
No test equipment required
0

AUDIOARTS ENGINEERING
286 DOWNS ROAD, BETHANY, CT. 06525

Copyright ©1979 by Audioarts Engineering
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203.393 -0887

THE BEST VALUE
IN A PROFESSIONAL

TAPE RECORDER
When you evaluate

a

tape recorder, here are the most im

rtant areas to consider for v.

PERFORMANCE:
Overall Signal-ko- Nois: 66 d3 urweichted at 520 nWb /m (30 Hz to 18 kHz audio filter).

Playb3c <:3ignal-to -Ncise (electrcnicst: 72 dB unweighted (with audio filter).

Headrocrr +24 dB.
:

Maximum Output: +28 dBn.

Overall Frequency Re ;ponce (15 ips): 30 Hz to 22 kHz ±2 dB.

Playback Frequency Fesponse (MRL-est tape): 2'1.5 Hz to 20 kHz ±2 dB.

RELIABILITY

An u-imatched four-year -rack record of on the job performance for the original compact
in, night ou:. Just ask someone you trust.

profeEsoral -ecordar. Day

ALIGNABILITY:

Any tape recorder must be aligned to achieve maximum performance. With the MX- 5050 -B, all
primary alignments are on the front panel. So is a - -kHz test oscillator. Secondary alignments are inside The bottom panel.
You or your mainterart,e people can a ign it fait and easy. This saves you time, money, and enhances
your reputation.

INTERFACEABILITY:

With a flick of the output switch you can plug -in to any system:

+4 dßm 600 ohm or -10 dB high mpedance. No ne amps or pads to mess with. A perfect rratdì every-ime.
I

ADDI -IONAL BENEFITS:
over-clubbing, noise free inserts,

PRICE:

>

TI-ree speeds, dc servo ±7 %, 1/4 track reproduce, full edit capatility,
LR connectors, NAB /CCIR switching, unique three- oosition alignment level switch.

Suggested retail price $1,945 (USA..

MX- 5050 -B:

THE CHOICE
IS OBVIOUS

Sall Ruth Pruett on 415;593 -1648 for the name
of your nearest Otan professional dealer.
Otani Corporation, 981 Indcstrial Road,
San Carlos, CA 94070 TWX 910 -376 -4890
in Canada: BSR (Canada, Ltd.),
P.O. 7003 Station B, Rexdale, Ontario M9V 4B3
416/675 -2425

www.americanradiohistory.com

Don't let your speakers
control your sound...
Electro -Voice stage systems
put you in control.
Why should a musician allow his creativity to be limited by his speaker system?
With amplifiers. pre -amps and the myriad
of other state -of- the -art electronic devices available. why should a musician
limit his sound by playing his equipment

through a speaker system that hasn't
changed in design since 1957? The
answer is he shouldn't, and with ElectroVoice Stage Systems he doesn t have
to. These three new instrument speaker
systems let you hear all the sound your
instrument is capable of producing. the
way you want it to be heard, by choice
not by chance.
The S18 -3 lets you hear all the notes you
never heard before from your keyboard
or synthesizer from below 40 Hz to above
16.000 Hz.The famous
EVM -18B delivers the
bass. The Electro -Voice
**

exclusive vented midrange driver delivers
the midranges as efficiently as a horn,
but without the typical "honky" small horn
sound. The ST350A tweeter gives you
clean highs over a solid 120 angle, eliminating the high -frequency "beaminess"
that limits the enjoyment of your performance to the few people sitting directly in
front of the speaker.

The two new bass guitar systems also
incorporate the VMR'M vented midrange.
It can be controlled from the front panel,
thus giving the bass player total control
over the midrange harmonics missing
from standard bass enclosures. The
B115 -M uses a single EVM -15B in an
optimally vented enclosure. The result
is the tight sound preferred by many
jazz bassists and studio musicians. The B215 -M has two
EVM -15B's for a bass sound
with more "carry perfect
for the larger venue or

CIRCLE 82 ON READER SERVICE CARD
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for the rock musician who wants more
low-frequency "punch In both cases, the
VMR brings out sounds you may have
heard before only on studio recordings.
All systems have identical styling. Black

vinyl covered 3/4 " plywood construction for durability, further protected by
extruded aluminum trim on all edges.
A metal mesh grille screen protects the
drivers from accidental abuse.
If you want to have control over your
sound, these are the speakers for you.
See and hear these superb instrument
speaker systems at your Electro -Voice

dealer.

Ey ElectroYoicé
gUImn
a

company

600 Cecil Street. Buchanan. Michigan 49107

Hear the S18, B115-M and B215 -M at any of these Electra Voice dealers
ALABAMA
Anniston
Radio Distributors & Supply
Birmingham
Matec, Inc.
Music Alley
Sonics Assocs, Inc.
Dothan

Shalimar Sounds
Gadsden
Carl Greene Music Co.
Huntsville
Robbins Music Center
Sheffield
Powell Electronics, Inc.
Sumiton

Music Center
ARIZONA
Phoenix
Axe Handlers

Ludwig Sound & Stage

INDIANA
Anderson
Top In Sound
Indianapolis
IRC Music, Inc.
Jeffersonville
Far Out Music

West HartfOrd
LaSalle Music Shop

South Bend
Drumville Guitarland

DELAWARE
Wilmington
Music Museum
East Coast Music

IOWA
Davenport
Greg's Music
Des Moines
Victor's House of Music

North Haven

FLORIDA
Dania
Hollywood Music Center,
Inc.
Ft. Lauderdale

& Co.

Tucson

Chicago Store
CALIFORNIA
Anaheim
California Musical lnstr.
Concord
Mau's Music
Culver City
Creative Audio
El Cajon
Valley Music
Fresno
California Musician's
Service
Garden Grove

Stonebridge Music
Hollywood
Ametron
L.A. Sound Co.
Nadine's
Lakewood
Al Kalie Music
Lawndale
Hogan's House of Music
Long Beach
Guitar's Afire
Los Ange es
Audio Concepts, Inc.
RPS Electronics
Sound Foyer
North Hol ywood
Filmway's Audio Services,
Inc.
Sacramento
Skip's Music, Inc.
San Bernardino
Parker Music
San Diego
Apex Music
Sound West
San Jose
K & K Music
San Rafael
Bananas at Large
South San Francisco

Bronstein Music
Sun Valley

Speaker City U.S.A.
Torrance
V.J.

CONNECTICUT
Danbury
Danbury Electronic Music
New London
Caruso Music Store, Inc.

Electronics

West Covina

Hanich Music
COLORADO
Boulder
Solid Sound, Inc.
Denver
Pro Sound Music Center

Modern Music, Inc.
Ft. Walton Beach
Playground Music Center
Gainesville
Lipham Sound
Hialeah
Musik Korner, Inc.
Jacksonville
Music City
Lake Park
Music Mart
North Miami
Abe Music
Orlando
Discount Music Center
Music City
Pensacola
Grice Pro Sound
Pinnellas Park
Aesop Music Center
Sarasota
Interworld, Inc.
Tallahassee
Bryan's Music Center
Tampa

Thoroughbred Music
GEORGIA
Atlanta
Metro Music
Augusta
Jay Music Center
Schneider s Music Center
Decatur
Maestro Music Center Inc.
Marietta
Marietta Music Center, Inc.
Norcross
Concert Music Co.
Savannah
Ben Portman Music Center
Smyrna
,
Music Mart
HAWAII
Honolulu
Harry's Music Store, Inc.

ILLINOIS
Arlington
Ray Bauman Music
Chicago
Biasco's
Cicero
D.J.'s Music
Granite City
John Fornaszewski
Harvey
Pyramid Sound Co.
Highland Park
Gary Gand
Mt. Prospect
Sound Post
Peoria
Byerly Music
Wheeling
Soundz Music Shack

KANSAS
Hays
Sunshine Sound
Topeka
Steam Sound
Wichita
Superior Sound Rental
& Service
KENTUCKY
Lexington
Carl's Music
LOUISIANA
Baton Rouge
Sound City
Eunice
Savoy Music Center
New Orleans
Sound City
MAINE
Bangor
New England Music Co.
Portland
New England Music Co.

MARYLAND
Baltimore
Gordon Miller Music
Rockville
Veneman Music Co.
CMG Sound
Wheaton
Washington Music Center
MASSACHUSETTS
Boston
EU Wurlitzer Music
Sid Stone Laboratories, Inc.
Watertown

Distronics Sound &
Lighting Co.
Wendell
Klondike Sound Co.
West Springfield
A & M Sound Divn.
of Accordian Mart
MICHIGAN
Ann Arbor
Al Nalli Music Co.
Canton
Arnoldt Williams Music
Saginaw
Wetermellon Sugar
Warren
Gus Zoppi Music Center
MINNESOTA
Burnsville
La Vonne Wagner Music
Moorhead
Marguirite's Music

MISSISSIPPI
Cleveland
Morrison Bros.I GMS Music
Hattiesburg
Communication Sound
Jackson
Morrison Bros. /GMS Music
Pascagoula
Morrison Bros. I GMS Music

MISSOURI
Columbia
Music Village
Kansas City
Irish Music
Springfield
Mr. Music's Rock Shop

MONTANA
Billings
Hansen Music
NEBRASKA
Omaha

Rainbow Recording
Sound Show

Associated Sound Products
Whetstone Music, Inc.

NEVADA

Shelby

Las Vegas

Apple Tree Music
Statesville
Blackwelder's

Professional Music Center
& Drum Shop
Sun Valley

Bazaare Guitar /dba
Star Sound Audio
NEW HAMPSHIRE

Manchester
Ted Herbert's Music Mart
Salem
The Music Workshop
NEW JERSEY
Bellevi'ile

Muscara Music
Edison
Lou Rose Music Center, Inc.
Englewood
Gilsonite Music City
Flemington
Nolde's Music Box
Manville
Manville Music Center
Moorestown
East Coast Music
Parsippany
Long & McQuade Musical
lnstr.

Phillipsburg
Dave Phillips Music
& Sound
Pitman
Music Museum

Ridgewood
Victor's House of Music
Union
Rondo Music
NEW MEXICO
Albuquerque
Multi Media
Ft. Collins

Appleway Music Center
Audio Video Consultant
NEW YORK
Brooklyn
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OKLAHOMA
Altus
Southwestern Music
of Altus
Bethany
Drive Music Co.
Muskogee
Rickett's Music
Oklahoma City
Ford Audio
Music Sound World

Inc.

IgUltal company

Penquinn Music
Heyday Sound
Youngstown
New York Music

Tulsa

Big Barry's Music
Buffalo
Kubera Music
Franklin Square
Mario's Sound Room
Hempstead
Gracin's Music
Kenmore
Power Supply Co.
Nanuet
Gamma II Music Center,

600 Cecil Street. Buchanan. Michigan 49107

Kent
Woody's Music, Inc.
Mansfield
Swallen's Inc.
Gattuso's Music Center
McKees Rock
Urich Rock
Middleton
Swallen's Inc.
Richmond Heights
Sodja Music, Inc.

Toledo

Red Bank Music

New York
Manny's Musical Instr.
Acces., Inc.
Patchogue
Square Deal Radio &
TV Inc.
Rochester
Michael's Music

OHIO
Canton
Gattuso's Music Center
Cincinnati
Swallen's Inc.
Columbus
Swallens, Inc.
Coyle Music
Dayton
Bernie's Music Store
Defiance
Plaza Music Center
Fairfield
Don's Music Center

Strongsville
The Music Connection

Red Bank

Berko L Vice
a

NORTH CAROLINA
Charlotte
Carolina Audio, Inc.
Joseph A. Cohen, Inc.
Music Scene
Reflection Sound Studios
Matthews
Theatre Equipment Co.
North Wilkesboro
North Wilkesboro Bible
Bookstore & Music
Center, Inc.
Raleigh
Coliseum Sound Systems,
Inc.

PENNSYLVANIA
Bryn Mawr

Medley Music
Philadelphia
Cintiolli Music Center
Medley Music
Eighth Street Music
Schnecksville
Sight & Sound
Womelsdorf
Dimension Five
RHODE ISLAND

&

Cranston
Viscount Records

SOUTH CAROLINA
Anderson
Mr. Music
John Brookshire Music
Machine
Columbia
Bob Dunn Music
Florence
Whitestone, Inc.
Greenville
Dixieland Music
Bob McGinnis Music Co.
Pecknel Music Co. Inc.
North Charleston
Weyman Music Store
Orangeburg
Williams Music & TV
Spartsburg
Alexander Music House,
Inc.

TENNESSEE
Chattanooga
Sound Post
Hendersonville
The Hi Fi Man
Hi Fi Labs
Knoxville
Lynn's Guitars
Memphis
Strings & Things
Murfreesboro
Bellcon Systems, Ltd.
Murfreesboro Music Center
Nashville
Corner Music
Electra Dist. Co.
Musician's Flea Market
Tullahoma
Tennessee Audio

TEXAS
Austin
Heart of Texas Music
Corpus Christie
Sound Vibrations
El Paso
Audio Consultants
Music Den
Garland
Arnold M. Morgan Music
Houston
Parker Music Co.
Texas Tom's Music
Lubbock
Al Music Machine
San Antonio
River City Music

UTAH

Centreville
Guitar City Studio's
Wagstaff
Salt Lake City
D.M. Music
Progressive Music

VIRGINIA
Arlington
Zavarellas Music
Charlottsville
Recording Sound
Falls Church
Rolls Music
Harrisburg
Ace Electric Co.
Martinsville
Mountain Top Music
Norfolk
Ambassador Music
Richmond
Virginia Music Co.
Don Warnes Music

WASHINGTON
Seattle
American Music
Mitcho of Seattle, Inc.
WISCONSIN
Eau Claire
UMS Audio

By Norman Eisenberg

CASSETTE AND CARTRIDGE
STORAGE

ORBAN PARAMETRIC EQ

What strikes us as an excellent storage unit for cassettes or 8 -track cartridges is the "Music Box"
from BASF, the tape manufacturer. Originally
offered as a promotional item for BASF tapes, the
Box is now available on its own, thanks to a rising
demand which, after handling the unit, we can
well understand.
Measuring 191/16 inches wide, 105/e inches high, and
4 inches deep, the Box weighs only two pounds,
101/2 ounces. It is made of black high- impact plastic

-

A single -channel, eight -band parametric equalizer,

the model 672A, has been announced by Orban
Associates of San Francisco. Graphic style EQ sliders, plus knobs, are featured. EQ sections are reciprocal and have a ± 16 dB range. Also included are
independent high- and low-pass filters. These may
be used to limit the band in the usual way or, by
means of the auxiliary low-pass output, to provide a
two -way 12 dB /octave continuously tunable crossover. Special "tic" markings allow setting the controls to simulate an 8 -band graphic equalizer.
CIRCLE
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TASCAM SPEED CONTROL
From TEAC comes word of the VSK -88 variable
speed control for use with Tascam 40 -4 and 80 -8
tape machines to change either speed or pitch. The
unit retails for $350 and can be installed at
authorized Tascam service centers at no additional
cost. According to TEAC, the control adjusts speed
at 15 ips by plus or minus twenty percent. In musical terms the VSK -88 can adjust pitch a tone and a
half, e.g., from A up to C, or from A down to Fsharp. Says TEAC, the new device can serve as a
production aid to reduce over-long tapes to a
desired time limit. They see added applications in
cueing and timing audio -video soundtracks and in
slide or filmstrip audio tracks.
CIRCLE

2

and is quite sturdy. It has grooves in four dividers
that can hold up to forty cassettes or cartridges, in
or out of their original containers. The arrangement
permits titles to be visible, with ample finger space
for easy access in removing or inserting. The box
may be placed wherever convenient, and more than
one can be stacked. They also may be fastened, via
screw holes provided, to a wall. List price is $15.
CIRCLE
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AMP AND PROCESSOR FROM GLI

NEW OMNI MICROPHONE

GLI Integrated Sound Systems (a subsidiary of
VSC Corp. of Long Island City, N.Y.) has
announced a new amplifier and an audio processor.
The amp is the model SA -2125, described as a
rugged, lightweight and reliable power amp suitable
for rack -mounting and rated by FTC standards for
output power of 120 watts per channel (continuous,
sine -wave) into 8 ohms with less than 0.1 harmonic
distortion over the 20 Hz to 20 kHz range, both
channels driven. Input signal for rated output is 1.5
V. Input impedance is a minimum of 30 K ohms,
unbalanced. Slew rate is 20 V µsec; damping factor
for 8 -ohm loads is 150. Input connectors are 1/4-inch
phone jacks; outputs are standard 3/4 -inch spaced 5way binding posts. Input level is adjustable via calibrated attenuators located at the rear of the unit.
The amp weighs 27.5 pounds.

From Electro-Voice there's news of a new shock mounted omnidirectional microphone, the D056.
Primarily intended for hand -held broadcast and
sound- reinforcement applications, the D056
achieves isolation of handling noises and mic cable
vibration by having the main acoustic cavity and
the diaphragm/voice coil assembly isolated as an
integral unit from the case. This technique, explains
E -V, makes a capsule /case collision virtually impossible even under the most demanding circumstances. Response of the D056 extends to 18 kHz; a
slight emphasis in the 2 -kHz to 12 -kHz range is
claimed to enhance the mic's vocal qualities, while a
slow rolloff below 200 Hz reduces low- frequency
noise interference. The mic also is protected against
"P-popping" by a high- density Acoustifoam blast
filter. Suggested retail price is $100.
CIRCLE 5 ON READER SERVICE CARD

AUDICON REVERB SYSTEM
Audicon Marketing Group of Nashville, Tennessee
has announced "The Plate" which is described as "a
new standard for reverberation systems for use in
demanding studios and broadcast facilities." Says
Audicon, there are no limiter or compressing units
in the "extremely low- noise" amplifier; circuitry
offers a wide dynamic range "with headroom to
spare." The plate system in the device is pretensioned prior to shipment so that no adjustments or
set -up is required. Price, including shipping within
the continental U.S., is $4500.

GLI's processor is the model 1010, offered as a
companion piece to an earlier GLI product, the 3990
preamp /mixer. The model 1010 features complete
tape facilities, including two sets of tape monitors
with dubbing. A low- noise, three-band active equalizer is included and is switchable into line or tape
paths. The device contains electronic logic patching
for stereo reverse, mono and other combinations.
Also provided are blend and balance controls. The
1010's me ters can be calibrated to power amplifier
overload, and also may be switched to show level
between inputs. The unit may be rack -mounted.
Among its specs: S/N of 90 dB; frequency response
of 20 Hz to 20 kHz ± 0.25 dB; IM and harmonic distortions of less than 0.01 percent.
CIRCLE
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EIA BOOKLET
The 1979 edition of Consumer Electronics Annual
Review has been released by the Electronic Industries Association. Its 46 pages are crammed with
general and statistical sales info on a broad range of
electronic products. Up to five copies are complimentary. For six to 24 copies, the price is .50 cents
each; for 24 to 99 copies, the price is .25 cents each;
for 100 or more copies, the price is .15 cents each.
Write to Consumer Electronics Group, Electronic
Industries Association, 2001 "I" Street, NW,
Washington, DC 20006.

SERVICE CARD
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AKG EXPANDS STUDIO LINE

PIONEER PRODUCTS

Different types of condenser microphones, and a
successor to its well-known model D 202 dynamic
mic have been announced by AKG whose products
are handled in the U.S. by Philips Audio Video Systems Corp. There are two new capsules for the
model C 451 condenser modular-microphone system, which is based on a phantom -powered FET
preamp and consists of various capsules plus a wide
assortment of accessory parts for pro applications.
The CK 22 capsule is an omnidirectional type. The
CK 4 capsule has a figure -8 pattern.
A recently introduced microphone is the C 414
EB, a double-diaphragm single -channel condenser
mic whose twin diaphragm capsule permits
selecting several polar patterns.
New in AKG's line of stereo microphones is the C
422, a direct successor to the C 24. Again, a double

Of special interest from U.S. Pioneer Electronics
are four new items. The model RT -909 is a reel -toreel tape deck with 10 -inch reel size capability, three
motors and four heads. The fourth head handles
reverse playback. Feather -touch logic controls permit fast buttoning, and the unit has a closed -loop
dual capstan transport. A four -track, two -channel
configuration, the RT -909 features separate
mic /line and right /left input level controls, and a
pitch control. Price is $895.
Also new from Pioneer is the SR -303 "bucket brigade" all- electronic reverb and three- dimensional

diaphragm arrangement permits varying the
response pattern, with quick change between the
"MS" and "XY" stereo recording techniques. More
compact and said to be ideal for mobile recording
use is the model C 34. The new model C 424 is a fourchannel microphone, while the model C 303 is
intended primarily for speech recording outdoors.
The tiny model C 567 is a new lavalier microphone
with an omni pattern and built -in FET -IC preamp.
Described as a rugged cardioid intended mainly for
in- studio pro musical recording is the model C 565.
In dynamic mics, AKG has announced the D 222,
for studio applications. Successor to the model D
202, the new mic uses two transducers.
CIRCLE
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TDK TEST CASSETTES
test
cassettes has been announced by TDK. The thirteen
cassettes are designed to cover recording characteristics alignment, playback level calibration, Dolby
playback level calibration, head azimuth alignment,
frequency characteristics and wow-flutter and tape
speed measurements. The cassettes come in a
sturdy self- contained container that may be
A comprehensive series of laboratory -grade

time /depth display unit. In addition to providing
reverb, this device also displays it visually on a
small front -panel screen. Price is $195.
The company also has announced the SG -9800
stereo graphic equalizer (12 sliders on each of two
channels). EQ range is ± 10 dB, and nominal center
frequencies run from 16 Hz to 32 kHz. Excessive
inputs are handled by input attenuators, with an
overload LED. Price is $395.
The model RG-2 from Pioneer is a dynamic range
expander and noise reducer. Control of its action is
aided by a fluorescent meter plus indicators from 4
dB to 16 dB expansion. Upward gain is rated from
+2 dB to -I-10 dB. Downward gain is rated from -2
dB to -6 dB. Attack time is 0.3 millisecond; S/N is
given as 100 dB.

perched wherever convenient. Cards in each cassette packet provide spaces for noting test results,
and a booklet contains detailed specifications on
each cassette. Price is "about $340."
CIRCLE
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CERWIN -VEGA OFFERINGS
Among recently introduced products from CerwinVega of Arleta, Calif. is the Metron FD -1 power
amplifier, rated to produce 800 watts into 8 ohms in
a bridged configuration. Featured is a fluorescent
bar display with a 100 -dB range that indicates
power levels in single decibel steps from clipping
down to 1 microwatt.
Other C -V amplifiers include the A -200, the A -400
and A -600, said to be aimed at the pro audio market. The 8 -ohm continuous power output ratings,
respectively, are 125, 225 and 350 watts. With 4ohm loads, the ratings are, respectively, 240, 350
and 600 watts.
In microphones, C -V is offering the UD -1, a car dioid dynamic for vocal or keyboard applications.
The model UE -1, an electret condenser design, is a
basic instrumental mic, also with a cardioid pattern. For omnidirectional pattern use, there's the
model 0E -1 which is said to offer flat bass response
down to 20 Hz.
Cerwin -Vega also has a new passive crossover.
The model CX -2 is available in fixed frequency
designs of 100, 150 and 250 Hz, has a 12 dB /octave
slope, and requires no power supply.
CIRCLE
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SO WHAT ELSE IS NEW?
The French have a saying: "The more things
change, the more they stay the same."
Audio people have a similar, though less elegant,
way of putting it: "There's nothing goes down better than reinventing the wheel."
These homilies occurred to me recently as I contemplated some of the "innovations" and "breakthroughs" all over the audio scene ... from direct to -disc recording to vented speaker cabinets. I'm
not saying that these things are not good, or in
some cases even great. I would just prefer a little
less hype and more acknowledgement of their technical antecedents -if only in the interest of historical continuity, which is something that I feel our
culture needs.
For instance, consider the recent "mini components." If you take an ordinarily -good, medium powered receiver and separate it into its basic elements of preamplifier, power amplifier and tuner,
and repackage them accordingly, you will have
effectively evolved three mini components. Indeed,

many of the very first solid -state units that
appeared some years ago were just such units. The
difference between then and now is of course a vital
one: those early efforts did not always stand up to
expectations for too long a period, whereas today's
models- thanks to the ongoing mastery of technology in the audio field -can be expected to work as
claimed for relatively long periods of time. Who
knows? The mini- component idea could induce a lot
of buyers, who otherwise might shy away from quality sound, to take the plunge.
Rack- mounting is another "new" idea. Studio
personnel of course know what is meant by a rack
mount. It has open sides and back, and it holds
equipment that is 19 inches wide by means of bolts
through overlapping ends on the front panels. The
"home" variations on this idea run the gamut from
modified bookcases to units that are suited for only
one brand of equipment. Whatever, I'd be cautious
about stuffing a lot of high-powered gear into one
unless you can be sure of adequate ventilation, not
to mention relative heights for normal access to
controls and meters.
Vented speaker cabinets are older than a lot of us
are. What supposedly distinguishes the current
crop is the use of the Thiele equations to get the correct dimensions for a given size driver. A further
refinement is to run the data through a computer
instead of relying on someone with a pad and pencil
to come up with the right numbers.
Want to talk about metal tape? You know what
the very first recording tape, invented by Poulsen in
1899, was? That's right -it was all metal. To be
sure, the new metal tapes are particle-metal on plastic carriers, and they are far better. But someone
must have been reading his basic textbooks.
Direct -to -disc recording also is not new. It was
the first, and at one time the only, method of
recording at all. Again, however, today's direct -todisc recordings are uncommonly good- sounding,
although the effort expended during a session by
both the performers and the recording team must
be uncommonly strenuous. Digital recording is new
of course. In fact, it is so different that it probably
will be quite some time before we have anything like
a completely digital sound medium from performer input to playback system output.
In the meantime you can make and enjoy a lot of
first -rate sound with the hardware on hand,
including those items that unblushingly owe their
existence to some basic developments that took
place years ago.
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MUSICAL INSTRUMENT AMPLIFIERS

Yorkville Sound of Toronto, Ontario
and Batavia, New York has introduced
a new 200 watt, twin -cabinet guitar
amplifier system, the TS -200. The
head has high and low sensitivity
inputs, input gain control and master
volume control for full control of overdrive and distortion characteristics.
Equalization is quite comprehensive
with bass and treble controls with a
+30 dB range, a midrange control
which is a variable 10 dB notch at 400
Hz, and a four -band equalizer providing ± 15 dB at 400, 800, 1600 and
3200 Hz. Output power is rated at 200
watts RMS into a 4 -ohm load. The
speaker cabinet designed to go with
the TS -200 is the TS -98, a 200 -watt, 8ohm cabinet. The TS -98 contains nine
8 -inch speakers in a vented reflex
enclosure. Of the nine speakers in each
cabinet, five are full -range models and
the remaining four are special midrange drivers for a bright, punchy
sound. An additional interesting feature of the TS -200 amplifier is the
inclusion of a small monitor speaker in
one end of the amp head to allow lowvolume practice or tuning without the
acoustic power available from the big
speaker cabinets.
CIRCLE
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market in a big way this year. Custom
Sound S.S.T is quite well known in
England and Europe as manufacturers
of a full range of professional quality
amplification and P.A. equipment.
Among the most interesting products
in their line -up is the Trucker Tube
amplifier, which will initially be available as a 100 watt /single 12 -inch combo
amp or as a separate amp head with a
matching 4 X12" cabinet. Other noteworthy products include the Model
705, a 2 X12" combo model with a
100/150 watt amplifier section, and the
707 Bass Combo and the 706 bass amp
with Delta Bass Bin.

Sting Ray bass. From its introduction
three years ago, the Sting Ray has
been adopted by many leading bass
players for its built -in preamplifier and
unique tuning head design which
contributes to a well -balanced instrument. The new Sabre bass retains the
preamplifier with its separate bass and
treble controls and low impedance output, and adds a second pickup and a
selector switch to give the musician
the choice of a conventional bass guitar sound or a crisp, well -defined lead
bass sound. The versatility of the
instrument is further enhanced by a

CIRCLE 13 ON READER SERVICE CARD

MUSICAL INSTRUMENTS
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Custom Sound Solid State Technology, Ltd. of Oswestry, Shropshire,
England, has announced its intention
to enter the American amplification

The Sabre is a new model electric
bass from Music Man Inc. which adds
the versatility of twin pickups and
more sophisticated electronics to the
features of the company's popular

phase reversal switch for the two
pickups' outputs and a "bright"
switch. A new cast bridge assembly
has been used on the Sabre to produce
a full, rich sound with unusually long
sustain. The body of the Sabre is a
fully contoured design resulting in a
lighter instrument and greater playing
comfort when combined with the familiar Music Man neck.
CIRCLE 14 ON READER SERVICE CARD
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ROAD CASES

A new line of medium -duty road
cases has been announced by ATS
Cases. The new line is designed to fill
the gap between cheapo cases which
offer inadequate protection for instruments, and the various top -quality,
heavy -duty cases which provide plenty
of protection to the instrument but
which also are likely to bankrupt most
musicians. An additional benefit of
ATS's new line is their light weight in
addition to the attractive price. Construction details are comparable to

most manufacturer's heavy -duty
cases, and includes ABS plastic

modate standard size sheet music or
the latest issue of Modern Recording
with ease. The oversize equipment
compartment has plenty of room to fit
cables, straps and even an electronic
effect or two. Furthermore, the lid to
the compartment has an elastic pouch
which is perfect for strings and picks
and such, plus the lid serves as a guitar
holder which supports the instrument
at just the right angle to provide easy
access for set -up, restringing or repair.
The Vault is currently supplied as
standard equipment with the Ibanez
Studio Series of guitars.
CIRCLE 16 ON READER SERVICE CARD

SOUND REINFORCEMENT EQUIPMENT

exterior laminated to a plywood core,
foam -lined interiors, tongue -andgroove valence closure, full -length
piano hinges, and steel corner bumpers. ATS cases are available in blue,
silver, gray and black.

The latest news from Crown International is the introduction of the newest
high- powered amplifier, the SA2. The
new model is rated at 220 watts RMS
per channel into an 8-ohm load, or 350
watts RMS per channel into 4 ohms;
both ratings are for both channels
driven, 20 Hz to 20 kHz, total harmonic distortion less than 0.05 %. The
real breakthrough in the amplifier's
design, however, is in the protection
circuitry; the amplifier is referred to as
a self-analyzing design which allows
the output transistors to function at

optimum levels under any conditions
when a conventional design would
have gone into output -limiting conditions. The SA2 builds on Crown's extensive research into the behavior of
high- powered transistors, and includes
an on -board analog computer which
analyzes both the current operating
conditions of the output devices and
what they have been called on to do in
the last period of time and from that
analysis decides whether the devices
are still operating within their safe
limits. This is in contrast to conventional protection circuits which are
triggered into output limiting whenever ar arbitrary voltage or current
rating is reached. The net result of this
is that the Crown should be capable of
much higher peak power outputs without sonically annoying (and potentially speaker- damaging) output
limiting. The SA2 is virtually two
separate amplifiers sharing a common
chassis since the channels have individual power supplies to reduce inter channel interaction. The unit features
cooling via a two -speed fan built into
the rear of the chassis which draws
cool air in through a filter and blows it
over specially designed heat sinks
inside. In addition to a power on /off
switch and level controls for the two

CIRCLE 15 ON READER SERVICE CARD

A new case for electric guitars called
"The Vault" is the latest product from
Ibanez. The case is built from %10 -inch
hardwood, lined with plush- covered
foam. The overall shape of The Vault is
a wedge shape, which offers plenty of
protection and room inside the case
without excessive bulk. In fact, it's in
the category of interior room that The
Vault really shines, because it was
designed to accommodate everything
a guitarist is likely to carry except an
amplifier. Inside the top of the case is
extra padding and a sheet music compartment that's big enough to accomAUGUST 1979
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channels, the front panel of the SA2
features LED output level indicators
for each channel. The indication range
of these displays is 42 dB, and they
incorporate Crown's IOC system
which indicates all forms of output signal distortion, including clipping and
output protection circuit activity, by
lighting up a red LED when the output
signal does not exactly resemble the
input signal.
CIRCLE
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MUSICAL INSTRUMENT ACCESSORIES

RolandCorp US has announced two
new effects accessories. First is the
DC-30 analog chorus /echo for use in
musical instrument amplification systems, P.A. systems or in home stereos.
The unit uses a new analog delay chip
and a Frequency Control Filter noise
reduction system to provide a clean,
quiet delay and chorus effect. The unit

effects units plugged into the Select Effect, and in the vertical plane to
vary the volume of the effect selected.
Two footswitches are provided, one of
which bypasses the selected effect

turning the Select -Effect into

a

straight volume control pedal, and the
other of which deactivates the volume
control action. Like all Morley products, the Select- Effect uses an opto-

fiers with equalization and feedback elimination capabilities. Both models
feature a volume control, a wide -range
treble control, and a sharp, variable depth notch filter for elimination of
feedback. The frequency of the notch is
370 Hz in the case of The Notch and
110 Hz in the Bass Notch; these correspond to common feedback frequencies for electric guitar and bass.
The input of both devices uses a low noise FET for high input impedance
and quiet operation; nominal gain in
both cases is 6 dB with the EQ set for
flat frequency response.
CIRCLE
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A new Moog 12 -stage Phaser has
been announced by Norlin Music.
Twelve stages of phasing are provided
along with controls to vary the
phasing stages and resonant stages
from two to twelve. Phasing sweep is
derived either from the internal oscillator or an external control voltage; a
"motor start" feature engages and disengages the phasing effect gradually
to simulate the effect of a rotating
speaker device. Positive and negative
outputs allow stereo panning effects,
and a phase-shift -only signal is available at the output to produce pitch
change effects in addition to the effect
produced by mixing the phase- shifted
signal with a non -phased signal.
CIRCLE 22 ON READER SERVICE CARD

Ross Musical Products has
has two inputs, allowing a "live" mic
to be mixed with another program, or
two instruments to be mixed and used
simultaneously. The DC-30 has provision for use of an optional footswitch
for effect on /off, or an optional foot
pedal for control of echo repeat. The
other new unit is the RV -100 reverb, a
low -cost two -channel stereo or
monaural unit. The unit uses a new
limiter circuit to provide clean, "non boingy" reverberation, and has a pan
pot for control of spatial perspective.
CIRCLE 18 ON READER SERVICE CARD

Morley recently introduced its
eighteenth effects pedal, called the
Select- Effect. The Select- Effect is
basically a control center for the
musician who uses multiple effects
devices; up to five separate effects
devices are plugged into the Select Effect which is then used to select each
particular effects device and control
the volume of the effect. The foot pedal
of the Select- Effect moves in the horizontal plane to select one of the five

electronic system rather than a potentiometer as the control element for
quiet operation and reliability, and is
constructed of durable chrome- plated,
heavy -gauge steel.
CIRCLE 19 ON READER SERVICE CARD

The makers of the Nasty Cordless
system, who recently changed their
name from Nasty Cordless, Inc. to
Nady Systems, Inc., have announced a
new addition to their product line, the
Nady VHF System. This new system
adds the advantages of a crystal -controlled VHF transmitter and receiver
to the performance of the familiar
Nasty Cordless system. The VHF system should eliminate tuning and interference problems even in metropolitan
areas with combined airwaves.

announced the availability of a new
Distortion /Phaser combination. The
phaser section has a sweep rate which
is variable from .1 to 8 Hz, a sweep
width which is selectable to either 4
octaves or 1.6 octaves, and a 70% regeneration loop which is defeatable. The
distortion section has 40 dB of available gain resulting in a distortion threshold of 1.5 mV. Input impedance of the
unit is 500 K ohms, output impedance
is 50 K ohms, and the unit can handle a
maximum input level of +5 dBV
(about 1.6 V).
CIRCLE 23 ON READER SERVICE CARD
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Intersound, Inc. makes products
which will be of interest to many
musicians. Two are The Notch and the

Bass Notch, which are compact,
battery -powered matching preampliMODERN RECORDING
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Jaco Pastorius Acoustic
Amps

Together
for over
a decade
tficto:

G

acoustic

rrm Valentin

professional sound equipment

On stage: 330 top /408 erclosure /361 bass system
O1f stage: 727 stereo amp /648 & 625. studio monitors

7949

Woodley Avenue

Van Nuys, California
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THE MACHINE
THAT HOLDS THE
WORLD
TRACK RECORD.
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The Tascam Series 80-8
has become the most popular
8-track multichannel recorder
in the world. Its reliability has
been proven in basements,
garages, and recording
studios everywhere.
vt.N\

The results

produced on
the 80-8 are a matter of record.
Sometimes gold.
The 80-8 proved a new
standard was needed. Eight
tracks on half-inch tape. 15 ips
only. This new format allowed
us to create a combined record/
reproduce head, with full
frequency response in the sync
mode.
The 80-8 proved multichannel recorders could be
relatively easy to operate. Our
Function Select buttons determine the record, monitoring
and dbx* status. One button
for each track.

The 80-8 proved that performance and versatility could be
affordable. Signal-to- noise is
better than 95 dB (weighted)
with our integral dbx unit (Model
DX-8). Once installed, it's totally
automatic. And our new
Variable Speed Control"lets
you adjust 15 ips ±20% to
solve tough cueing and
timing problems or add
creative effects.
The 80-8 is proving that in
professional recording, results
are all that count. Because to us,
pro means results. On demand.
For payment.
If you
agree,

see
your
Tascam
Series
dealer for
the machine
that can prove
it. Because
it makes sense to do business
with the people who have the
track record.
Registered trade mark of dbx. Inc.
"Installation required; a new DC servo-controlled motor

is

included.

TASCAM SERIES
TEAC Professional Products

©1979 TEAC Corporation of America, 7733 Telegraph Road, Montebello, CA 90640. In Canada, TEAC is distributed by White Electronic Development Corporation (1966)
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By Larry Blakely
frequently asked question is "Do
I need a compressor /limiter (or outboard equalizer, noise gate, flanger,
phaser, echo unit, etc ?)" Often the
question broadens to: "What do I need
each of these for and where do I connect each if I need to use it ?" This last
is a real loaded question.
In an attempt to answer such a question we will first explain a few of the
common uses for each of the abovementioned devices. This will enable the
user to determine which of these
devices will best fit his requirements
and pocketbook.
In the balance of this article we will
A

explain some additional basic uses and
effects that can be obtained with each
type of auxiliary equipment, along
with where it can be connected to
obtain that particular effect.
In the April and May [19791 issues of
Modern Recording there was a twopart article regarding the interfacing
of auxiliary equipment in a recording
system. The main thrust of the article
was to help one to understand signal
flow, block diagrams, patch points,
and what could be accomplished by
patching-in at various points in the
recording system. If you have not read
this two -part article, you should do so

as it will increase greatly your understanding of the interfacing of auxiliary
equipment and prove to be an invaluable asset to your recording career.

Effective Explanations
Let's now identify each of the major
types of auxiliary equipment, explain
its most common uses (not all of its
uses), and where they can be connected
for different effects and purposes.
Compressor Limiters have been used
in recording and sound reinforcement
for many years. A compressor /limiter
is used to decrease the amplitude
MODERN RECORDING
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(level) of an audio signal.

It is an

elec-

tronic volume control that will automatically reduce the level of a signal
above an operator pre -set level. This
operator pre-set level is called a "threshold." When the threshold level is
exceeded by the audio signal it is automatically reduced in level by an
amount proportional to the original
audio signal level. If the signal level
that exceeds the threshold were to be
reduced by half (50 %) it would be compressed by a factor of two to one (2:1).
If the signal level that exceeded the
threshold were reduced to one-fourth
of its original level, it would be corn-

pressed by a factor of four to one (4:1).
If a signal level that exceeded the
threshold were reduced to one tenth of
its original level, it would be compressed by a factor of ten to one (10:1).
Now, after having read the above
you might ask, "What is the difference
between a compressor and a limiter ?"
A compressor is described above in
detail. A limiter is a compressor that
works at high compression factors
(also referred to as ratios). A limiter is
usually referred to as a compressor
with a compression ratio (factor) of
10:1 or higher. For example, a compression factor of 20:1 would also be

AUGUST 1979

considered limiting. The term corn pressor normally refers to a compressor with lower compression ratios (factors) -lower than 10:1. So in short, a
compressor is a compressor that compresses at ratios Iess than 10:1, and a
limiter is a compressor that compresses at ratios of more than 10:1. Got it?
Now that we know what a limiter
and a compressor are, what are they
used for? A compressor is used when
you want a mild form of gain (level)
reduction. A limiter is used when you
want a drastic amount of gain (level)
reduction. You would use a limiter
when you do not want the signal level
to exceed beyond a certain level. A
limiter can be used to act as a sort of
signal level safety valve.
For the purposes of recording, com-

pressors and limiters are used to
obtain a "certain sound" or to reduce
the dynamic range of a signal to aid
the mixing engineer in the mixing process. Since a compressor /limiter will
alter the dynamics of an audio signal it
will also in many cases alter the sound.
For example: when drums are compressed or limited the dynamics can be
drastically reduced while making the
drums appear to sound fuller or "fatter." The extent to which compression
or limiting is used to obtain such a
drum sound is at the option of the
recording engineer. The use of compressor /limiters on drums has been a
standard practice in the industry for
pop recording for many years.
Compression or limiting can be used
for brass instruments to keep them
from exceeding a certain level. Compression is handy to use on vocals as it
will allow good presence and level from
quiet portions of the vocal and prevent
overloading when loud portions come
along. Compression can be used on
bass tracks to keep the level of the
bass more even and up -front when you
are mixing. This is a real help in
keeping a "tight" mix (balance) between the bass, drums and other
rhythm instruments. Good mixes can
be done without the use of compressors or limiters but it requires far more
work on the part of the engineer.
If you wish to compress or limit the
signal from one microphone (usually a
single voice or instrument) the compressor/limiter should be patched between the microphone preamplifier
output and the line input. If you wish
to compress or limit the signal from a
group of microphones that is assigned
to the same output bus, the compres43
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sor /limiter should be patched between
the combining amplifier output and
the line amplifier input (if these patch
points are available) or between the
console bus output (channel output)
and the tape recorder input. These connections are commonly used for the
recording of tracks in multi -track
recording.
It is common practice to use compressor /limiters on individual tracks
during the mixdown process. This
allows the recording engineer the option of compressing or limiting a track
during the recording of the track or to
compress or limit the track during the

mixdown process. Essentially this
allows the engineer (you) the opportunity to do twice as much with a single

compressor /limiter -by processing
some tracks while they are being
recorded and yet other tracks during
the mixdown process.
To compress or limit during the mix down process the compressor /limiter
should be connected between the tape
recorder output and the console
(mixer) line input. The compressor /limiter can also be connected at the
console fader output and equalizer
input, if these patch points are available on your recording console.
Compressor /limiters can also be
used on the stereo output bus of a
recording console. A stereo compressor/limiter would be used for this purpose, or two mono (single channel)
compressor /limiters that can be wired
or strapped for stereo operation. The
use of a stereo unit or the strapping of
two mono units is mandatory. Failure
to do this will cause image shifts of
vocals, instruments or any signals
that are center or near center in the
stereo perspective. When stereo signals are compressed or limited the
identical amount of gain reduction
must be done in each channel or stereo
image shifts will result.
A stereo compressor/limiter may be

connected between the combining
amplifier outputs and the line amplifier inputs on channels "A" and "B" (if
these patch points are available) or between the console stereo outputs and
the tape recorder inputs.
Noise Gates are also devices often
used in recording and sound reinforcement. Noise gates can be used to
remove noise on recorded tape tracks,
or to remove unwanted leakage from
other instruments or voices that are
being picked up by a microphone or
group of microphones. A noise gate

will remove this noise or leakage by

attenuating (reducing) the level when
the signal level is below an operator
adjustable threshold level. A noise
gate is kind of an on/off switch for the
signal. If you are trying to keep leakage out of a vocal microphone, it is
therefore reasonable to assume that
the microphone is picking up both the
vocal and leakage. Obviously, the level
of the vocal should be louder than that
of the leakage. The noise gate has a
threshold which the operator can
adjust for a level at which the vocal
will open the gate. When the vocalist is
not singing, the level of the leakage
will not be sufficient to open the
gate -the leakage will be attenuated.
The same principle applies when
using the noise gate on a recorded
track during mixing of a multi -track
tape. The threshold control is adjusted
to a level that will allow the desired
signal through the gate while rejecting
the undesired signal. It is important to
note that a noise gate is a "dumb" sort
of electronic on /off switch and cannot
distinguish between signal from leakage or signal from noise. Any signal
above the threshold level will pass and
any signal below the threshold level
will be attenuated.
When a noise gate is used for a single
microphone it is connected between

the microphone preamplifier output
and the line input. If a noise gate is to
be used for a group of microphones
that is assigned to the same output
bus, it can be connected between the
combining amplifier output and the
line amplifier input, or between the
console bus output and the tape
recorder input. For mixdown purposes
the noise gate can be used on an individual recorded track. The noise gate can
also be connected between the tape

recorder output and the console
(mixer) line input, or between the console fader output and equalizer input
(or equivalent patch points, if any).
Compander -Type Noise Reduction
Systems are used in many recording
systems. Common types of compander

noise reduction systems are Dolby
"A," Dolby "B," dbx, dbx II, MXR,
Telcom and Burwen. These systems
achieve noise reduction by first corn pressing the signal (a special compression process) prior to recording the signal, and then expanding the signal

during playback (a complementary
special expansion process). These special compression and expansion processes tend to keep the majority of the

signal above the noise of the tape
recorder and therefore reduce the audible noise. A reduction of noise from 7
dB to approximately 30 dB can be
achieved in tape recording with the use
of a compander type noise reduction
system. Incidentally, it is important to
understand that a compander system
will only reduce noise (tape hiss) added
by the tape recording process. A corn pander will not remove any noise in the
signal source. For example: if you had
a tape with noise on it that you wanted
to remove, it could not be removed
with a compander. Companders are of
greatest value in "live" recording, or
in making tape copies with no tape
noise build up.
A compander is connected between
the console bus output and the tape
recorder input (compressor section of
the compander). The expansion section
of the compander is connected between
the tape recorder output and the console input. Just remember that the
compander is connected at the input
and the output of the tape recorder. A
compander process is a two-part process- special compression prior to

recording and special expansion
during playback.

Additional Units
Other special units are available
beyond the compander-type noise
reduction system, and the noise gate.
Expanders are a type of noise reduction system that will make the quiet
(low level) portions of music quieter.
When the level of the quiet passages is
made even quieter the noise level is
also reduced. Other types of noise
reduction devices are the multi band
noise gate, and the horizontal filter.
Noise reduction systems such as the
expander, multiband noise gate, horizontal filter and noise gate are called
"after the fact" noise reduction systems. These noise reduction systems
will reduce noise that already exists on
recorded tapes, etc. If you have a tape

with noise you desire to remove, use
one of these devices. A compander will
not remove noise already existing on a
tape, but will only prevent noise that
would be added in the taping process.
Since these "after the fact" noise
reduction systems are used mainly to
remove noise from previously recorded
tapes they are to be connected between
the tape recorder output and the console input. These noise reduction systems can also be connected between
MODERN RECORDING
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is six long feet to the floor.
What will happen when our great
sound hits bottom? How long will it
still sound great? We had to find out.
So we picked an ATM41 Dynamic and
an AT M91 Fixed- Charge Condenser
out of stock, tested them, and started in.
Each was dropped seven times
on its side from six feet onto the office
floor. Nothing much was happening.
So we repeated the series, this time
dropping each microphone on its nose.
Seven times from six feet. Still no
problems. Thay looked good and sounded good, but we were getting tired.
So we moved to an unyeilding
slate f oor. Here it took three more
drops on its side from six feet, and
three more of its nose from four feet
to finally affect the ATM41. A truly
remarkable record!
Eut what about our ATM91
Fixed - Charge Condenser? It should
have given u3 long before a dynamic.
But quite the contrary! The ATM91
withstood foLr side drops onto slate
from six feet, three drops right on the

nose from four feet, and another six
drops on the nose from six -eet and
still tested OK for sound! Granted
it looked anything Dut new, but it sÏiM

performed.
Our little test left us arm -weary
but c)nvinced that the ATM Series
micrpphones could easily earn then
"Road Tough" name in the field.
Thai's the testing which really courts.
Try us.

Part of the secret cf ATM
bud-mess is this 3 -layer
WI nc screen. An cuter heavy
wire a finer wire screen

This ATM91 surdved

27

drops

worn as nigh as 6 feet!

Just nside, and an Inner

laye- of woven b-o,ze. All
s Ldwed to each cther anc
t a solid brass ing.
Theme's nothing else like
Il on any mlcropt one.

audio technica

i® INNOVATION

AUDD- TECHNICA U.S., INC., Dept 89MR,

PRECISION

CIRCLE 1C2 DN READER SERVICE CARD
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INTEGRITYa

33 Shiawassee Avenue,

Failawn, Ohio 44313

the console fader output and the equalizer input (if these patch points are
available).

Reverberating Thoughts
Delay Lines have become very popular in recording. Delay lines can be
used for a number of different applications, but for the purpose of this article I will mention only two. One of the
very popular uses of delay is to
"fatten" out a sound such as a vocal or
drums. This is accomplished by adding
a small amount of delay to the original
signal. The amount of delay can
usually be varied or changed via the
unit's controls to the engineer's taste,
depending on the delay unit that is
being used. If longer amounts of delay
are used, one will perceive two distinct
signals: first the original signal and
second the delayed signal. This effect
produces a sound that sounds like two
sounds or double the original sound.
To connect a delay line for these purposes the unit would be connected to
one of the echo send or cue (phone)
send outputs and to an echo return or
bus mult (parallel) to which that input
is assigned. The signal is sent to the
delay line with a console echo send or
cue send pot. The delayed signal is
added to the original signal by
returning it through the echo return
portion of the console or through a bus
mult (a direct access to the console
output signal).
You can also use a delay line to delay
the send to a reverberation chamber or
device. (Longer amounts of delay can
be used typically around 250 milli seconds-to delay the echo send signal
to the chamber and produce a delayed
echo. This procedure is most popular
and has been practiced for many
years.) To connect a delay line for this
purpose, connect the unit between the
console echo send output and the
reverberation chamber (device) input.

-

Echo Units
Since echo units are available in
various shapes, sizes and prices, let's
first define the terminology. For our
purposes a device that will "change" a
signal such that it will sound as if it
were being (or had been) produced in a
large hall or a hard tile bathroom we
will call "reverberation." A device that
will produce discrete delays (multiple
examples of the original sound) we will
term "echo." The discrete echo effect

is sometimes called "slap- back."
The most common of these recording
studio devices is the reverberation
chamber (still commonly called the

echo chamber). The reverberation
chamber is connected between the
echo send output and the echo return
input on the recording console. Such a
reverberation device can also be connected between the headphone or
effects send output and returned to
the output buses or routed to additional inputs on the recording console.
The dry (pre-echo) signals from each
input must be combined via a mixing
bus (echo send, cue send, phone send or
effects send) and sent to the reverberation chamber and then the output of
the chamber returned to the console
via the echo return input or directly to
the output bus (channel) to which the
input signals are assigned.
If an echo device is to be used for a
special slap -back type of effect, it can
be connected in place of the reverberation unit should your recording console only accommodate one such
device. If your recording console will
accommodate two echo or reverberation devices, simply connect the echo
device to the second echo send bus on
the recording console and use the extra
set of echo return inputs. Also, as mentioned earlier, the phone send, cue send
and effects send portions of the mixing
console can be used. The return signal
can be connected to a line input
(assigned to the appropriate output
bus) with a "Y" connector to the output bus, or to the echo return input.

Okay, but ..

.

"In what order do I connect all this
stuff ?" Another common question,

and again not a simple one to answer.
Let's take some of the units we have
covered one at a time and outline
potential problems and their possible
solutions individually.
Compander Noise Reduction
System: Perhaps the most critical unit of all. Nothing can be
connected between the special
compressor and the tape recorder input. Likewise nothing can
be connected between the tape
recorder output and the special
expander input. All signal processing must be done prior to

the compander's compressor
input or after the compander's
expander output. Failure to

observe this will cause mistracking of the compander system and will possibly give you a
tape that you can't use.
Other Types of Noise Reduction Units: Other noise reduction units can generally be connected nearly anywhere as
described earlier in this article.
It is good practice to allow the
signal to be noise reduced prior
to compression and /or limiting,
and prior to entering a noise
gate. It is generally not a good
idea to use an equalizer prior to
noise reducing a signal; however, for the knowledgeable user
sometimes better results can be
achieved by utilizing an equalizer before a noise reduction unit,
but only in rare cases.
Echo Units and Reverberation
Units: All signal processing
should be done prior to the input
of echo and reverberation
devices, with exception of equalization unless some form of

unusual effect is desired.

Limiting can sometimes be
handy at the input of a delay line
to prevent overload problems
should you encounter them.
Compressor/Limiters: These
can be used in most places, the
general exception being the echo
or reverberation outputs.

It has been our purpose in this piece
to give general guidelines for connecting and using auxiliary equipment. The subject is complex and the
number of various situations that can
arise could certainly number in the
thousands. It would take many, many
pages to cover all of the many combinations that one could encounter. The
information contained herein is what
this writer considers good and safe

practice based upon personal

recording experiences. The information contained in this article should be
of great benefit to those who are
starting their careers in recording.
As pointed out earlier, it is important for those who have not read the
two -part article on the interfacing and
connection of auxiliary equipment that
appeared in the April and May 1979
issues of MR to do so at the earliest
convenience. The information contained in those articles will add greatly
to your understanding and will
increase your ability to make excellent
.4
recordings in the future.
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KELSEY
;PRO -CLUB SERIES
HERE AT LAST
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From the people who specialize in high quality mixers.
"Kelsey" introduces its new line of "on -stage Mixers ". The
New Pro Club Series And in the true Kelsey tradition, each
Pro Club Mixer comes built in its own Road Case. If you're
looking for the finest quality in any price range check out the
new Pro Club Series.
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Pro Club Series Mixers are available
in mono and stereo with these standard

features:

L.E.D. on each input

Transformer Balanced Inputs
Variable Input Gain Control
3 Bands of EC)

Monitor Send
Fader Style Level Controls
Built -in Reverb with Additional
Effects Send
CIRCLE 88 ON

DalbsMjsk Industries
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MXR on the

use of multiple effects.
The use of special effects has become
a major part of today's music.
Contemporary musicians are able to
reach new levels of self- expression by
combining instrument and effect in
the development of their technique. If
multiple effects are used, not only is
this expression enhanced, but a new
world of totally unique sounds
is provided.
Although many of today's
knowledgeable musicians use
multiple effects, this technique has
not been exploited to its fullest. One
reason for this is that the artist usually
has a musical rather than technical
background, and is more familiar with
artistic expression than the concepts
of signal processing. At MXR we feel
that our knowledge as designers may
be very useful to the artist. The
information here has been gathered
by our engineering and marketing
staffs through customer feedback,
research, and personal use.
The purpose of this paper is to be a
comprehensive yet understandable
guide for the musician who is using or
planning to use effects devices. We
feel that MXR products provide well
designed, legitimate effects that easily
interface between your musical
instrument and amplifier, whether
employed singularly or in multiples.
The following information, however,
applies to any device of the same
generic type. These devices are
organized into groups according to
their effect on the signal.
In a hypothetical situation, where all
types of devices are used
simultaneously, the following groups
may be distinguished. Note that the
order given is for the general case.
Later we will discuss some
alternatives and specific applications
which you can try. The first group is
composed of level boosting devices
and includes preamps and distortion
units. They are generally placed in the
front of the effects chain because they
are capable of providing a higher
signal level for the successive devices
to work with. The second group, the
dynamics dependent devices, vary
their effect in relation to the level
dynamics of the incoming signal. This
group includes envelope filters and
envelope generators. Next are
compressors and limiting devices
which provide a more uniform signal
level. Next are phase shifters and
flangers which alter different
frequencies in differing amounts.
Delay lines, including tape delays,
analog delays, digital delays, and
doublers, are the next group. Noise
control devices such as noise gates

and noise filters would be next and
would help to decrease the overall
system noise. Equalizers belong in the
last group and help to tailor the entire
tonal character of the signal.
Let's examine a typical situation in
more detail. It is beneficial to use a
preamp or compression device such
as our Dyna Comp first. The
compression device sets up a more
constant level for the next device,
which might be a distortion device.
Many additional harmonics are
provided by the distortion device for
later stages. Next a phase shifter
would produce its characteristic
frequency cancellation notches. If
desired, a flanger would be used next
to generate many more notches,
especially at higher frequencies. Use a
wah -wah pedal towards the end of the
effects chain since it has the
capabilities (in certain frequency
ranges) of overdriving devices placed
after it. If you are using a delay line, it
should also appear near the end,
regardless of what type it is (tape,
analog, or digital), since it could
potentially add noise to the signal.
Use a volume pedal next. It can serve
as a manual noise gate, a dynamics
controller, or an envelope control. A
Noise Gate /Line Driver, used at the
end of the chain, can create a

impression, or sound, without losing
control and without introducing
unnecessary noise. An important idea
to keep in mind is to make
connections as short as practical, in
the interest of a cleaner signal as well
as neater physical organization. For
instance, if you are using four
different devices simultaneously,
chances are it would be to your
advantage to have them relatively
close together. More noise can be
introduced by the cables than by the
circuitry within the devices. Most MXR
effects devices have been designed so
that when they are switched "out" the
input and output jacks are effectively
tied together to help maintain a clean
signal when bypassed. The
exceptions are our graphic equalizer
pedals which are always "in" and our
Noise Gate /Line Driver whose line
driver function is always "in."
Buffering devices (preamps,
compressors, etc.) establish a strong
or uniform driving signal. In the
beginning of a long chain (more than
four devices), they can prevent the
effects of "loading." The symptoms of
loading are loss of highs and lows and
the lowering of the "signal to noise
ratio." The resulting sound is one of
lost crispness. All MXR products have
a relatively high input impedance so

threshold between unwanted noise
and the musical signal. It can also
serve as a signal splitting device for
remote recording or P.A.
amplification. The last device is
usually an equalizer. This contours
the sound or may be used to
compensate for the acoustical
response problems at a club,
auditorium, or studio.
The goal is to achieve a desired effect,

that more of them can be used with
less loading effects.
Whether on stage or in a recording
studio, a proper arrangement of signal
levels must be set at all places along
the signal path. In order for any
electronic device to operate at its
optimum it must be used within the
specific level range for which it was
designed. MXR devices have been
designed to accept a wide variety of
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input bevels. These levels must be
-considered, however, since they can

vary greatly, depending on where the
signal is coming from. Keep the
signal, at all points, below the clipping
level and above the noise floor.
Maintaining adequate "headroom"
refers to having enough room at the
signal peaks to ensure that they are
not clipped or distorted by the unit.
Maintaining a high "signal to noise
ratio" refers to having enough signal
level to prevent unwanted noise from
being heard.
Until now we have been primarily
concerned with dynamics and level,
but frequency response is also
important. It is generally not advised
to limit the frequency response in the
beginning of the effects chain. An
exception to this is the use of an
equalizer at the beginning in order to
purposely alter the apparent tonality
of a particular instrument. An example
of this is a guitarist who wants to make
his guitar with humbucking pickups
sound as if it had single coil pickups.
Equalizers can also be used at the end
of the chain to filter out unwanted
high and low frequency noise.
Something to consider when using
several devices is the level difference
which can result from the device
being switched in and out. Usually
there will be a gain or output level
control on the unit which enables
adjustment of the modified signal's
level in relation to the original or dry
signal. A recommended method for
achieving uniformity between signals
is to play a note or chord with the
device "out" then switch it "in" and
play the same note again. Rotate the
output control to the place where the
signals are in their proper relationship
according to your needs. Remember
that the first devices have the potential
of overloading all the rest, so
be aware.
Another factor to consider is the
harmonic character of the material
and how it affects subsequent signal
processing. To illustrate a point,
consider a situation in which we can
use either a compressor or a distortion
device to feed a flanger or phase
shifter. Theoretically, a compressor
should not change the harmonic
character of the signal, while the
distortion unit adds many harmonics.
The thickened frequency spectrum of
the distortion unit offers more signal
for the flanger or phase shifter to act
on. The result is a more intense
sound.
A compressor or limiter should
generally not be used at the end of a
signal chain. By definition, a
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compressor brings up the lower level
signal to a predetermined level. If that
signal is the noise floor, then that is
what will be amplified. What will result
is a high concentration of circuit
noise. Even though most of the higher
quality units have been designed for
low noise, it is still in your best interest
to keep this in mind. By using a
compressor or limiter before a volume
pedal an interesting technique can be
developed. This technique is
particularly appropriate for steel
guitar and electric piano. The
compressor boosts the softer notes,
giving the instrument greater sustain,
and the volume pedal permits the
artist to fade the music in and out
smoothly for a fluid and gliding sound.
The artist is also afforded the benefit
of always knowing what level the
signal is at before going into the
volume pedal.
If you are using a dynamics
dependent device you would not want
to preceed it with a limiter. These
devices are dependent upon the
unaltered level dynamics of the
incoming signal to control their effect
and therefore will seem more subdued
if preceeded by any device which
alters the dynamics of the signal.
One interesting thing to try with
multiple effects would be splitting the
signal and processing it through
different effects chains and
monitoring amplifiers. Another thing
CIRCLE 120 ON READER SERVICE CARD
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to try, which is especially effective
with keyboards, is to have a phase
shifter sweeping with a narrow width
and fast speed, running into a flanger,
sweeping with a wide width and
slow speed.
Once again the general rule is to run
gain devices ahead of effects devices.
However, always consider what the
desired effect is to be. Combining
knowledge and imagination can
certainly help musicians (and
engineers) to get more out of their art
and the most from their electronics.
MXR is helping musicians to achieve
their goals and enrich their music by
designing professional products
which are functional, durable,
and superior in performance. See

your MXR dealer.

MXR Innovations, Inc.
247 N. Goodman Street
Rochester, New York 14607
(716) 442-5320

(MxR)
Professional
Products Group

n 1978,

when J. Geils called a

band meeting to discuss the
pac:caging and presentation of a tour,
planning was divided into two stages
and the problem was methodically conquered. The first consideration, how to
rock the socks off guests at their
moveable house party, was carefully
produced and staged. It is a show
which the band's chief engineer Frank
Pavlich appraises as "evidence that
Gei_s' [stage[ approach is as surgical as
producing an album and reveals a
stage presence bordering on theater."
The second consideration, and that
which is the subject of this article, was
the design and operation of a quality

sound reinforcement system. "We
want something ominous," Magic
Dictt told Pavlich. "A wall of amps

eight
feet high and forty feet across."
"A clean stage appearance," said
keyboardist Seth, "perhaps with
speaker stacks capable of being suspended from the ceiling."
"A custom -built system," added
Wolf, "tailor -made to our specs. And
make it uniform and interchangeable
in case of emergencies."
"But first," concluded J., "I look at
the purse."
The task of filling the order was offered to Audiofreqs Sound Services of
Cincinnati. Design engineer Harold
Blumberg spent days toying with the
novel concept of providing an ominous
wall of sound on a budget. To further
complicate the dilemma was the factor
www.americanradiohistory.com

that
the Geils
band in its
youth had had a

rather spotty regional
following. The sound system
would have to meet the demands
of 18,000 seat hockey rinks on the
band's home turf in the Northeast as
well as function optimally before 250
students in Ivy League scl-ool gymnasiums. Basically, Blumberg wou_d
have to struggle with a design w:iich
could transform roller rinks into living
rooms and preserve aesthetic plea-
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on occasion the drums are treated by
an MXR Digital Delay.
Once each submaster is properly
channeled into its individual compressor, the entire mix is filtered through
the system's Gain Brain limiter. The
system is equalized by the UREI
Model 527 1/3- octave equalizer. The
normally used crossover is á hybrid
piece incorporating a Spectra Sonics
unit and Automated Processes line
amps. This custom piece is backed up
by a Biamp M2/V electronic crossover.

Blumberg's Babies

Magic Dick's and J. Geils' drum and guitar stage monitor stacks.

sures in smaller venues without blowing out the walls. The whole concept
drastically reversed the procedures of
Harold's last project- mixing monitors for Audio Analyst of Montreal for
the Emerson, Lake and Palmer world
tour which included several dates performed with symphonies.
As Pavlich explains, Blumberg and
his two-man crew are the sole reason
this particular system works. Blumberg's aim is to allow the band to play
on stage in a manner befitting their
lifestyle-on the edge. It's a street
band playing mostly for street people.
110 dBs in the shade. And it has to run
like a Swiss watch because, "Hey,"
says Geils, "we don't wanna have to
spend suppertime jerking around in a
sound check...."
The first thing that observers ask
Harold about his command post is,
"Where's your real time analyzer ?"
"I'm wearing it," Harold replies
jokingly, pointing to his ears. "For J.
Geils we don't need to do sound
checks," he explains. "Before the tour
started we spent four days in rehearsal
conducting the original sound checks;
it doesn't make any difference where
we are because the only variables I
have are volume and EQ. Prior to the
show I am only concerned that the system works, and I can ascertain that by
playing a cassette. Once the band
begins, I start with the system tuned
basically flat and just go from there."
The sound system functions at 200
amps in each of three phases and the
lights are geared at 600 amps per
stage. The bare minimum level of AC

power can be half of the normal supply
before some of the 126 lights have to
be cut off.
The mixing consoles from which
Blumberg operates are two modified
Interface Series 100s by Stevenson.
From the factory, Blumberg modifies
the tone and gain controls and substitutes a low noise, high slew variety of
I.C.s. When finished, the Stevenson
board provides a great mix for a tailored budget.

Compressors are inserted between

submasters, and mixdown and the
entire production is creatively compressed. The main board handles
vocals, guitars and keyboards and
receives a pre-mixed signal from the
second Stevenson board carrying the
rhythm section into its submaster 4.
The bass passes through a UREI 1176
LN Peak Limiter; the drums through
two Allison Gain Brains (for kick drum
and snare) and an Ashly Audio SC -50
Peak Limiter /Compressor (toms -toms)
before returning to mixdown in the
main board. Two mixing boards are
required -just the toms alone rate nine
inputs on the rhythm console.
From the main board, Peter Wolf's
vocals are treated by another UREI
1176 LN Peak Limiter and a DeltaLab
Research DL -2 Acousticomputer
which is a unit for doubling, reverb,
echo and chorusing. A Delta -Lab Digital Delay Module DL -1 is also used in
conjunction. J. Geil's guitar, Magic
Dick's harmonica and Seth Justman's
keyboards are each processed through
individual Ashly Audio SC -50s (parametric peak limiter- compressors), and

The speaker stacks are the pride and
joy of Blumberg's production. The
design howcases the Community
Light and Sound Leviathan-a 48cycle flared fiberglass unit loaded with
JBL 2205As. There are two drivers per
channel and each speaker receives 210
watts of power. Depending on the
arena, the system can be suspended
from the ceiling, especially for the
dome-shaped, high -ceilinged halls. A
small stack of four -way speaker cabinets custom -made by Audiofreqs are
utilized for front fill.
The system is housed in galvanized
steel "Uni-struts" which are lightweight and built on rollers for easy
mobilization and storage. The design
allows for each unit to be aimed in any
direction within its mount as provided
by Roy Bickel of Arena Rig Tech, Ltd.
For the half -house configurations or
more intimate venues, the system
remains grounded minus two Leviathans. For large halls, there are six
Leviathans per side.
Completing the stack are from four
to as many as eight mid "Zoids " -a 90
degree horn -each containing a JBL
2202A midrange cone transducer.
These are normally situated between
the stacks of Leviathans and under
eight Community Light and Sound
RH -60 Zoids, each containing six JBL
2482 drivers. The highs are projected
by three groups of four Community
Light and Sound LRH horns, each
with a JBL 2420 driver. The horns are
powered by Uni-Sync model 100 amps.
The stacks are powered by Phase
Linear 400 amps, one rack for low -frequency, one for mids and highs. All
bass, low -mids, and highs of each amp
have their inputs assigned through a
thumbwheel switch to a nine -channel
snake, resulting in a completely interchangeable system which can be regulated either from the stage or by
Harold from out front.
MODERN RECORDING
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The Ears Have It
As mentioned earlier, Blumberg and
Geils have dispensed with the sound
check procedures with which most of
us are familiar. When the system was
originally assembled, however, Harold
used every 1/3- octave analyzer he
could find on it.
"Most analyzers aren't as reliable as
our ears," says Blumberg. "When we
tuned the cabinets, of the alternatives
between a logarithmic or linear sweep,
we used a log sweep generator on each
cabinet set up outdoors. By using
nature's own anechoic chamber, we fed
the speakers with a log sweep where
the output is picked up by a calibration mic synched to a scope. Instead of
getting a 1/3-octave readout, we got an
infinite readout."

"For example," Harold continues,
"the vocal monitors with JBL K120
speakers on a 1/3- octave analyzer will

tern feedback and then stopping it.
Adjustments are then made for tone.
Signal sources from the stage are
processed through two Stevenson consoles (one 16X8 and one 16X4). Eight
Phase Linear 400s power the stage and
EQ is provided by six UREI Model
527 1 /3- octave equalizers. There are
eight stage monitor mixes.
The first mix of the stage monitors
is a three-way wash. Each stack contains two Forsythe SR 115 horns with
JBL 2205A speakers. From the board,
the signal is processed through an
Ashly Audio SC -66 parametric equalizer into the URBI units before passing
into an Ashly Audio SC -50 limiter
compressor and the Biamp crossover.
It crosses over at 600 cycles to Community RH60 Zoid horns and JBL
2482 drivers. At 5000 cycles, it crosses

over to LRH horns with JBL 2420 drivers. The bass and mids are powered
by Phase Linear 400s; the highs by
Uni -Sync 100s. The second mix is

Peter Wolf's slant monitors -four
Community Light and Sound NC12s
with JBL K120s.
The next mix is for the drums. As
Stephen Joe Bladd sits behind his
Sonor drum kit, he is being monitored
by two cabinets containing two 15inch, two 10 -inch, two 5 -inch speakers
and two tweeters on either side. They
are housed in a short -throw cabinet
that Blumberg designed. The whole
stage serves as a drum wash because
J. Geils is a drum-driven band. The
bass end is contained in a Thielealigned cabinet containing its own
JBL 2205s, two JBL K110 loudspeakers and two JBL 2105 5 -inch

show a 3 dB bump in three places; log
sweep will show you that in fact there
are narrow 10 to 15 dB spikes, so the
log sweep is much more accurate."
Sound checks were conducted on the
system before the tour began and for
the first two shows. Experience has
carried Blumberg the rest of the way.
Now, Harold will settle for a brief
listen to an Oscar Peterson tape and a
sound check in the latter part of the
tour would only be necessary should
there be a change in the show or a new
cue from the band.
Preventing feedback was a problem
that was taken into account in the system's design by allowing for headroom. Harold firmly believes that the
right way to solve a problem is acoustically, not electronically, and therefore all the cabinets are first tuned as
flat as possible and then EQed to
remedy feedback.

The reason 1/3-octave analyzers
have not been used thus far is because
Harold claims that most of them are
too "slow" to be used in "live" situations. However, he does favor some of
the newer units (i.e., White and Ivie),
and eventually plans on purchasing
one to make mixing eight individual
monitors easier.

Of Monitors and Mixes
When it comes to monitors, Blumberg takes a pragmatic approach. A
1/3-octave analyzer will not always
show where a monitor is going to feedback during a show. Consequently, the
Geils band, being hard rock and rollers, is best served by making the sys-

Harold Blumberg (left) of Audiofreqs at the Stevenson stage monitc.r console.
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Harold considers them to be a tight
rock and roll drum microphone. An
AKG D12 is used on the kick drum,
however.
Gadget feedback on stage is a
restricted problem because aside from
Magic Dick's toys, only J. Geils uses
special effects. Geils uses a Magic Man
amplifier and a box he built which contains a distortion unit, a phaser and a
Harmonizer.
In mixing sound for J. Geils, Blumberg cautions that it is easy to overcompress and squash everything into a
lifeless, dull and muddy mix. Equally
tragic is the possibility of over -compressing to create too much volume.
"The problem is that many sound men don't know how to mix down,"
says Harold. "They don't hear one

part against another."
speakers. The system is capable of
being tri -amped with a 6 dB -per- octave
passive crossover designed in conjunction with the log sweep.
At stage left, harpist Magic Dick
stands before a guitar monitor stacked
atop a drum monitor each containing
four 12 -inch speakers. Dick plays harp
into an old Astatic mic preamped by a
25-year -old Fisher mono tube preamp.
(This preamp contains "photo-equalization" allowing a tonal quality unobtainable with modern solid -state equipment.) His signal then goes through a
MXR graphic EQ and a Roland Space
Echo. At a 45- degree angle to his right,
Dick listens through two Fender Twin

Galvanized Uni -struts holding Community Light and Sound Leviathan horns.

Reverb amplifiers, one with two JBL
K120s and one with two Electro -Voice
SRO 12 -inch speakers. Dick has his
own side -wash monitor consisting of
six SRO 12s per column powered by
Phase Linear 400 amplifiers.
Axeman J. Geils stands near Magic
Dick before his own drum monitor
stacked over his guitar monitor. Both
are similarly equipped with four 12inch speakers. This system constantly
is played on the verge of feedback.
Geils plays through four speakers, one
of which is behind the stage backdrop
miked for the P.A. system. Bassist
Daniel Klein stands at stage right
before his own drum monitor and his
bass monitor preamped with an Ashly
Audio SC -40 instrument preamp.

Projected into the center of stage
right stands the keyboard complex
over which Seth Justman presides. His
setup includes a Hammond B3 organ,
a Yamaha Electric grand and a Hohner
D6 Clavinet. Two Leslie speakers
-with JBL 2482 drivers in place of the
standard units -stand at service
alongside his two keyboard monitors
which are equipped with two 15 -inch,
two 10 -inch, two 5 -inch speakers and
two tweeters.
The miking of the drums and keyboards is designed to prevent, not
create, problems. There is a Shure
SM57 mounted inside each Sonor
drum three inches from the heads.
Each mic is shock mounted to resist
rumble. This position is the only one
which has been found to minimize
bleed, and the separation that is
achieved is far more valuable than any
resulting rumble. The entire sound
system is tuned to the SM57s because

"Many soundmen mix up to higher
levels. If you need more guitar volume,
don't turn everything else up to meet
it, turn the organ down. I don't always
mix by volume, I mix by EQ."
Although the key to the design of
the J. Geils stage is simplicity, it still
requires four good roadies in addition
to the crew of eleven to have the show
ready three and one -half hours after

the trucks drive into the gate.
"Perhaps the only fault with the
entire production as a whole," concludes Harold, "is the packaging. The
only area that could stand improvement is the amount of time and we it
takes to set up and tear down the system. However, with our Uni-struts
we've cut the time in half."

...And They're

On the Road Again
As a post script to this article,
during a subsequent date at the Warehouse in New Orleans, a promoter's
employee attempted to help Harold
and his crew tear down the system in
record speed. However, the technician
failed to shut off the AC power before
attempting to disconnect the system
and after a near brush with death, the
young man recovered to discover the
total destruction of all of Harold's
Phase Linear 400s. For the first time
in ten years, the cancellation of a date
was forced while Harold called around
to find power for the Atlanta date
"Yes,

I

would have liked some new

equipment," says Harold, "but

I

would have preferred to have to make
the replacements in a more conven-

tional manner."
MODERN RECOF DING
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FOR THE
SMALL STUDIO OWNER
WITH BIG IDEAS.
If you're a small studio owner, you may have a problem:
your ideas are far beyond your present equipment.
Maybe you're an engineer, dreaming of an
automated 24 -track studio. Maybe you're a producer,
searching for "the next big thing." Maybe you're an
artist, trying to land .a record contract. What you need
is something that will get you from where you are to
where you'd like to be.
Sound impossible? Not to us. At dbx, we're
committed to make professional recording technology
available to anyone with the determination to make use
of it. We make a line of rack -mountable signal -processing devices designed and priced especially for the
small studio.
Our tape noise reduction systems, the 155
(4- channel, switchable), the RM -155 (8- channel,
switchable) and the 158 (8- channe_, simultaneous), all
offer the same 30 dB noise reduction and 10 dB headroom improvement as our state -of- the -art units and are
fully compatible with them. They enable you to make
master quality tapes, instead of demos. on your present

equipment.

Our 161 and 163 compressor/ limiters feature
true RMS signal detection, which closely resembles the
response of the human ear, and feed forward gain
reduction, which allow for infinite :ompression capability. The 163 employs "Over Easy" compression, the
most natural- sounding you've ever heard, and its "one
knob" operation is the simplest around.
We can't guarantee our products will make you
a star. But if you've got the talen:, :hey'll take you as far
as you want to go. dbx, Incorporated, 71 Chapel Street,

Newton, MA 02195 617 -964 -321,1

*
din

161

UNLOCK
YOUR EARS
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Tom Werman
By Nina Stern

Producer Tom Werman has been equally successful in
acquiring talent as he has been in recording it. Having joined
CBS subsidiary Epic Records in the early 1970s, Werman
has been involved in bringing such notable acts as Ted
Nugent, Cheap Trick and Boston to the label. He served as
co-producer on Nugent's first five albums on Epic but
recently has left the team currently working on Nugent's
MR: As an A &R man at Epic, you
were involved in signing some of the
biggest acts in recording today. How
for instance did the involvement with
Boston occur?
TW: Well, Lenny Petze, my boss
(then vice president of A &R for Epic
Records) had just joined the A &R

sixth LP. Werman has solo produced the last three studio
albums recorded by Cheap Trick, "discovered" by him in a
bar in Quincy, Illinois. He has also produced albums by
Mother's Finest, the Jeff Beck/Jan Hammer grcup /executive producedd, Brownsville and Molly Hatchet. At the time
of this interview, Werman was in the studio working with
Blue Oyster Cult on a new album.

department. He had an appointment
with Paul Ahern, Boston's manager,
whom he had known from when they
were both promoting records in Boston. He heard a tape and about _-calf an
hour later he brought it down to my
office and said, "Tom, I'd like you to
hear something."

We then both went down to Steve
Popovich's office, Steve was our boss,
and we played the demo -the Boston
demo. After the third song, I said,
"We really don't need to he more."
MR: Was Ahern shopping for labels
at the time? Was yours the first he
went to?
MODERN FECORDING
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TW: No way, a lot of people passed
on Boston, which is hard for me to
believe [For additional information see
MR's July 1979 issue: "Profile: Boston's Tom Scholz]. We told Ahern
that he had a deal for sure ... that we

wanted the band ... and I expressed
an interest in producing the band.
MR: What an incredible decision to
have been a part of.
TW: Well, I guess, but actually
that's where my involvement ended.
Lenny and I did go up Thanksgiving
vacation that year and see them at the
Warehouse, which was Aerosmith's
rehearsal hall in Waltham, Massachusetts. I remember, I had just done
Ted's (Nugent) first album, but after
that, Boston became his [Petze's]
band. But it means much more to me
to have signed Ted and Cheap Trick.
MR: How did you become involved
with Ted?
TW: His manager at the time, Lew

Futterman, started badgering me.

Every few days he'd call up and say,
"Ted Nugent is available," and I'd
say, "Okay, great, what else is new?
How are the kids ?"
MR: Was it Nugent and the Amboy
Dukes at the time?
TW: Yes. Finally, I gave in and said,
"okay." I'd never heard anything by
this guy, but I had heard his name.
That was it. I went to Chicago and
heard him play at the Illinois Institute
of Technology ... to about 400 people
in a hall that could seat 1000. And I
went berserk! It was ridiculous that
that guy wasn't making records. He
was wonderful, extremely charismatic.
All he had to do was walk on the stage
and you said, "Whoops-this is without a doubt the most important man in
at least a ten block area."
Anyway, he was a wonderful guitar
player that night and I loved the way
he presented himself. I wanted to sign
him, so we talked it over after the
show, and I said, "I'm going to recommend that we make a deal right
away." Then it turned into a production deal which I wanted to have a
hand in and Lew said "fine."
MR: Was that your first album?
TW: Yes, and also the first Epic Ted
Nugent album. Which I still think is
the best of his albums.
MR: Did his association with the
Amboy Dukes end when you signed
him?
TW: We decided to drop the name
because he was too important. It was
like a break with the past. So I started

to make records with Lew and
occasionally with Cliff Davies, Ted's
drummer, who serves as musical director and rehearser for the band.
Ted is really not interested in spending long hours doing anything but pursuing the finer things in life, among
which he does not happen to include
rehearsing.
MR: Do you feel there has been a
progression in Ted Nugent's music
from Ted Nugent in 1975 to Weekend
Warriors (the last one Werman co -produced)? How do you see his music progressing, or, how would you like to see
it progress?
TW: I think-I'm not sure it's been
progressing-there has been a change.
There's been some kind of evolution.
The sound on the first album was
rather naked and basic, but it was
aggressive and tough -and raunchy.
Not dirty, but raunchy. That's how I
wanted to record the band at the time.
Cliff's approach to recording differs
significantly from mine where rock
and roll is concerned. Ted's sound now
is more polished, it's more "glassy ";
it's not as brutal. I think that Ted
Nugent's music should retain a more
offensive stance.
MR: Are you talking about it conceptually or technically? How has it
become more polished?
TW: Concept and technicality go
hand in hand. Cliff is against the idea
of doubling guitars, or layering. He
doesn't like it, just as a rule. I don't
have any rules. In Ted's case, I felt it
was always very effective to layer or
double guitars. Double or sometimes
triple guitars, because he really
doesn't give you much of an opportunity to fine tune his instruments in the
studio. He goes in and throws everything on ten and plays. Ted doesn't
bring a huge array of amps, and plays
one guitar and one guitar only ... and
it's the "wrong" one. I think he used a
Les Paul on one or two songs on the
last album.
MR: What [type of guitar] does he
usually play?
TW: A [Gibson] Byrdland, forever
and always. He can get what he wants
on stage from that and he can get certain feedback things on solos, but I
have always maintained that it's the
wrong guitar for him to be using on

rhythm tracks.
MR: So he plays the same guitar for
lead, rhythm .. .
TW: Yes. He would like to and he
does wherever he can. I will walk into
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the studio and say, "Will you please
try this amp and please try this guitar," and he'll say, "All right," and
pluck a few perfunctory notes and then
say, "Oh, that sucks."
MR: I read that he plays all the guitars on his albums. Does that also
include bass guitar?
TW: Yes, on certain songs.
MR: Has there been an album where
he has done all the guitar work?
TW: Yes. Most of the guitars on
Weekend Warriors and actually most
of the guitars on every album.

There's a song called "Workin'
Hard, Playin' Hard" on Cat Scratch
Feuer, and hardly anyone I know could
keep up a rhythm like that for an
entire song. And, he doubled it, really
well, too. I'd like to see him do more
stuff like that- that's a weird song.
It's got a very strange sound.
I like to treat each sound differently,
to serve the material. A producer
should serve the material, not get a
drum sound and say, "Well, there's the
drum sound for the entire album. Boy,
it's great, isn't it ?" No, it's not
great -it's great for this song. The
same holds true with every instrument
in every project. I'm always suspicious
when I start to do things the same as I
did on the last album, or on somebody
else's album.
MR: How long does it take to record
Ted's albums? Does he go in well prepared so you just lay down the tracks
and spend most of your time mixing?
TW: He goes in well prepared, but it
just doesn't go that fast. His albums
took an average of four to five weeks
to record because a lot cf tracks are
done over again; it was not a very well organized recording process, not what
I would do alone. The way I record
other groups differs totally from the
way Ted Nugent albums are made.
MR: Is his studio band his road
band, as well?
TW: Yes.

MR: Don't they spend time
rehearsing before [recording]?
TW: They do rehearse. Their sound
checks are rehearsals on the road. But
Ted can only play one guitar on a
sound check. He's never had a chance
to try out all the other parts that he
has in his head in the studio. He can
never take a day off really and go into
asdemo studio.
MR: Does he ever write anything
down or is it all in his head?
TW: He only writes lyrics down. The
rest is in his head. He has an infinite
57
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number of guitar lines and parts and
screams and wows and things like that
in his head. He has an excellent mind.
In the beginning, I would say, "Why
don't you do this," and it took me two
albums to learn to wait till he was
done. I'd make a suggestion and he'd
say, "Yes, okay Tom, but wait a minute and let me show you what's
coming, what else is happening" and it
would always work pretty well.
The way his records are made has little bearing on how I prefer to make
records. In fact, when we made the
first record I was shocked and dismayed. What we wound up doing very
often was have Ted go into the studio
and play the rhythm guitar to a "click
track" (an electric metronome in his
earphones), just for time, as if he were
playing with a drummer. Then, we'd
overdub the drums and the bass to the
rhythm guitar and then we'd re -do the
rhythm guitar, because it was a guide.
We'd re -do that and then we'd start
getting down. And that would sometimes take two whole days, to get one
track. Whereas with a band like Cheap
Trick, you might take just a few hours
setting up sound.
MR: Why the choice then to have
him do all the guitar parts on the
album, even though he has a complete
touring band?
TW: 'Cause they can't play it the
way he wants it.
MR: They only learn the songs once
they've been recorded?
TW: Yes. Ted Nugent's guitar lines
should be played by Ted Nugent.
They're not just lines and notes and
charts, they sound different from
other people's guitar parts. They have
twists and bends and tails, they're not
just "E string, 4th fret." Ted ignores
frets. He's really a marvelous guitar

player...

.

MR: But if you were sole producer,
you would take him where now?
TW: Oh boy ... I would make him
spend more time in the studio. The
records would sound different. The
drums, for instance, would sound com-

pletely different, "meatier," probably
louder. The whole mix would be a completely different kind of mix. Cliff
never cared for any of the mixes Lew
and I did. So I finally said, "Well, gee,
be my guest." Absolutely no hard
feelings. I love Cliff. We just don't
agree in all ways on how to make a
record. He's a very capable producer,
but I don't want to make records with
him anymore. It just got to the point

where I was asked to do somebody else
and I said, "How can I give up Ted
Nugent? He's my artist, my baby. It
would be the end of an era." Then I
realized if I worked with another band,
I would be the sole producer.
I now feel I would never do a co-production again and I am wasted sitting
in the studio with Ted at this point.
Whereas with Blue Oyster Cult (Werman's current project) it's a consuming challenge every single day.
This is a hard album for me, because
these are guys who've made seven
records with the same production team
for six years. I'm working with them
for the first time and I hardly ever saw
them before "live." I admire them and
I respect them and I've grown to love
them in the last few weeks. They're
very nice, extremely intelligent people.
But, it takes a few albums for a producer to learn how to exploit the
strengths and tone down the weaknesses in a band.
MR: Where have you been working

«... I'm
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on the Blue Oyster Cult project?
TW: We did the tracks at Kendun
Recorders, and that turned out to be a
good experience. I wanted to do them
at the Record Plant [L.A.], 'cause I
really like that room there... .
MR: Which room?
TW: Room C. It's very large and you
can use it for the drums, while doing a
"live" track. You just put the bass in
one isolation booth and the guitar in

another isolation booth. And you save
whatever else till later. At least you
can get a three-piece track down with
exactly the kind of sound you want.
Then you can replace the guitar later if
you want but you end up getting
exactly what you wanted out of the
drums and the bass. We moved to the
Record Plant [L.A.] for overdubs this
week, and next week we go to New
York because they want to go home for
a while. So we'll do two weeks in N.Y.

If we're not done by then, I have the
option to drag whoever has to work
back here (Los Angeles), whoever is
not finished.
MR: When did you move to L.A.
from New York? Just recently?
TW: Last summer.

MR: I noticed in going over past
albums you've produced that you
worked a lot at the Sound Pit in Atlanta. Tell me something about that.
TW: We did the first three Nugent
albums there, I guess, and I did Molly
Hatchet there and mixed it at the
Record Plant. And I did two Mother's
Finest albums there, too. I guess I did
about five or six albums in part or

wholly there. Mainly because I love
the engineer who was in charge.
MR: Who was that?
TW: Tony Reale. He did the Cheap
Trick In Color album also. When I
moved out here, I got in touch with
Gary Ladinsky, who has become my
crutch, so to speak.
MR: Is he staff at the Record Plant?
TW: He's not staff. He's attached to
the Record Plant, but he can work anywhere. He and I have an almost perfect
working relationship in the studio. We
get along. In fact, we do a considerable
amount of laughing -which is very
important. We understand each
other's neuroses. I'm not an easy person to get along with. I'm not one of
these "closed session" producers
like people to come in. Anyway, I don't
want to make any more records without Gary. I think he is an absolutely
wonderful engineer.
MR: He was mixing engineer on
Cheap Trick at Budokan, wasn't he?
TW: Gary re -mixed it. The original
mix was overall very good, but it did
not at all reflect what was going on on
stage. The guitar balance was wrong
and things like that. Because of deadlines, Gary came in and re -mixed the
better part of the album in three days.
MR: Cheap Trick at Budokan has an
incredible history, doesn't it?
TW: Yes, it has. Originally, it was
scheduled for release in Japan only.
But the demand for the import became
so great here, that the record company
had to protect itself by releasing it in
the U.S. too. It's nice to make an
album that obviously so many people
want; it looks like it will be a platinum

-I

seller. It has already surpassed
Heaven Tonight (the previous studio
album) in record sales, and it hasn't
been out very long. There were a couple of weeks where it was selling over
100,000 per week. Meanwhile, I'm considering making new parts for Dream
Police (their latest Werman-produced
studio album, as yet unreleased)
because I don't want them sitting
around for four months. I'm not sure if
lacquers can survive four months of
MODERN RECORDING
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Time for a change? ...MAINLINE.
WHAT IT ALL MEANS

...

... It

IT HAD TO HAPPEN...
aware of the vast amount of
audio cable used on stage and in studios
today. The cost of wire connectors and asWe're all too

sembly time is astounding! Now, imagine if
you could reduce your cost and trouble by
eight times, while dramatically improving
your sound in the process. Fantasy? We
think not. The recent introduction of the
incredible MAINLINE by J H D Audio is a
reality! It is perhaps the most significant
advance in audio technology of this decade.

WHAT IT IS

...

The MAINLINE will encode and combine
eight signals and transmit them up to 600 ft.
using only one standard microphone cable. It
will then decode each one for mixing resulting in eight separate signals. MAINLINE has
no gain loss (it actually increases gain). It will
reject CB and RF interference. Above all, it

improves microphone performance by ex-

panding dynamic range, extending frequency response, and drastically reducing
hum and noise.

HOW IT

WORKS...

MAINLINE employs analog and digital

technology to create a unique "time domain
multiplexing system" specifically designed for
high quality audio reproduction. The system
contains two modules connected by a standard microphone cable. The eight channel
input module is located on stage. This stage
module encodes and transmits data to the
output module (at the console) which decodes
the signals and feeds the mixer., There are
three different MAINLINE encoder designs.
One for balanced lo impedance microphones;
one for hi impedance instruments; another
for mixer output signals. The decoder module

has output levels that accommodate all
mixers and /or amplifiers. The MAINLINE
comes standard with a 100 foot cable. It is
calibrated to operate with cable lengths of 25
to 600 feet without sacrificing performance
(MAINLINE could be adapted to perform at
any distance).

means you can send all the guitars
and keyboards from the stage to the mixer on
one line of your existing microphone snake.
MAINLINE eliminates costly balancing transformers and tons of additional cable. You
save money, time, and hassle. Its simpler,
more reliable, and most important, the music
sounds much better!
... It means simple, quick system expansion for club, church or studio without costly
new cable installation. Each existing built-in
microphone cable can now carry either eight
microphones or eight instruments.
... It means an engineer can now run a
stereo tri -amp sound system with the crossovers located at the mixer allowing balance
control during performance. The six separate line sends can be carried by any one
channel of a microphone snake, with two
sends to spare!
... It means live 24 track direct stage
recording on three standard microphone
cables offering dynamics and audio fidelity
never before possible outside the studio. In
addition, you can set-up and record from
virtually any remote location.
...It means a keyboard player can do his
own mix on stage and send his keyboards
direct for a separate main mix.
... It means the often unreliable hand soldered connections are reduced 90%.
... It means the wire required in a conventional 16 channel, 100 ft. cabling system
will be reduced from 3,300 to 600 feet. This
saves money, time and weight. More important, without 2,700 feet of excess wire weighting down the signal, your music emerges
with its dynamic character intact. And that's
what live music is all about!

DOWN THE

MAINLINE...

is a 1hrde

Mark of J

H D

Audio

WHERE TO BUY IT...
With the exception of a few select audio
dealers and commercial sound contractors,

hasn't been available to the
public. General distribution is 12 to 18
MAINLINE

months away.
ASPEN&ASSOCIATES was conceived after
years of experience in music, to introduce
new technology and innovative products to
the performing music commmunity. We're
sure you will agree that MAINLINE falls into
this category. So we have secured a supply of
MAINLINE's from J H D Audio and will be
offering them for sale starting July lst, 1979.
All three systems are eight channel expander models designed for either direct
instrument sends, balanced lo impedance
sends, or line level mixer returns. Each
MAINLINE includes an encoder module, a

decoder module, a 100 ft. connecting cable,
and eight output patch cords. The price?
$500 for an instrument send or mixer return
system ... $550 for the balanced lo impedance system.
ASPEN&ASSOCIATES

guarantees each

MAINLINE we sell. If not completely satisfied

with its performance, we'll refund the purchase price plus shipping. Zb order MAINLINE,
just call ASPEN&ASSOCIATES, Monday thru
Friday, 9 AM to 4 PM (PST).

LINE...

this is possible right now. Imagine
however, what this breakthrough means for
the future! MAINLINE sets new standards
for audio performance (live or in studio). It
has eliminated one of the most common
deterrents to audio excellence ... loss of signal quality due to too much cable.
MAINLINE also eliminates the need for
massive quantities of transformers and 3 -pin
connectors ... greatly reduces set-up time ...
requires no maintenance ... could cut the
cost of a typical 16 channel system by 40%
while improving reliability, flexibility and
sound quality.
Perhaps MAINLINES only drawback is
that is took so long to get here!
All
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sitting. Because now Dream Police is
supposed to be released in about a
month, but who knows?
MR: What is your title now? You are
no longer A &R, you're strictly a staff
producer at Epic, right?
TW: Right.
MR: Did you ever think you'd end up
as a producer?
TW: Yes...
MR: Even without the technical
background, or did you just pick it up
along the way?
TW: I have very little technical
knowledge. I just thought I could
make better records than the ones I
was hearing when I was growing up.
The longer I spent in the music business, the more obvious it became to me
that I could make records. It was just
a question of waiting for the right
have made thirteen
time. And now
.

-I

records -I'm just beginning to feel I
can call myself a "Producer."
MR: Do you have a philosophy from
group to group about recording or producing, or does it change depending on
whom you're working with? Like, "live
versus recorded" sound.
TW: There are very few rules. The
only philosophy I have is that a good
producer should never be heard. If Phil
Spector were a producer today, I think
he would be going about it the wrong
way ... he should be an artist.
MR: You said that Gary Ladinsky is
your crutch. How does that relate
when you're in the studio?
TW: Well, I'm not interested in
being able to take apart and re -wire a
recording studio. I'm not interested in
sine waves, and I'm really not
interested in why a ribbon mic is different from a condenser mic. I'm
interested in the music -the arrangements, the rhythm, of course, the
artist, anything that has to do with
the music. I do feel it's necessary for a
producer to have a full understanding
of what tools in the studio can do, how
to use a Marshall Time Modulator or
any Eventide instrument or a phaser
but that doesn't mean I'm going to use
them myself. If I tell Gary, "Listen,
can we open this up; can we space it
out, just kind of crispen it up, with a
little space underneath ?" You know,
things that other people wouldn't
understand, he understands what I
want really well. Sometimes, he'll
argue with me or he'll just come up on
his own with something. I prefer to be
able to get up and walk around the
room, have a drink, go lie down in the
bU

corner and shut my eyes. You can't do
that if you're engineering, you just
can't. I used to think it would be advantageous for me to go to engineering
school and know all about engineering
and how everything worked- everything. But I can edit as well as any
engineer, except for Gary. And I know
what all the equipment is.
MR: What are some of your equipment preferences?
TW: My main preference is the EMT
250, it's the ultimate echo unit. There
are many in town now. It's the
cleanest echo available. I guess it's

... a

good producer

should never
be heard ...
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called a "reverb unit." It's got a
variety of settings at a variety of
lengths and it can also act as a delay
line. It does different things to different instruments -one thing to the
snare, another to the bass drum. You
can use EMT delay on a bass drum,
which sounds silly but it's not.
MR: Where have you used it on
Heaven Tonight or Dream Police?
TW: On the drums, on some keyboards, certain guitars that I would
want a lot of even sustain on ...
powerful, long sustains.
I also like distant miking of guitars.
I don't always like to rely on echo or
delay. I like real -time delay, so the
sound actually reaches the far mike a
little later than it reaches the near
mike. Which gives you a sound on the
guitar that you cannot get from using
a digital delay line. You just can't. If
you sit in the control room while somebody in the studio is playing the guitar
really loud, there are times when someone will come into the control room
and open the door and you'll hear that
perfect blend between the distant
roaring guitar and the monitor in the
control room. And you'll say, "Wow,
that's it! How can I get that sound ?"
I've come close once or twice. I'm
always throwing mics around. I'll say,
"Gary, would you please open that hall
door and put a mic way at the end of
it ?" He makes a face, but one out of
five times we'll get something special.
MR: What about the new [3M] digital tape machine? They have one at the
Record Plant now.
TW: Yes, they do. I haven't had a
demonstration yet. Somebody told me

that apparently you can't edit the
tape, and if you can't do that it would
be pretty difficult for me to use it all
the time. I really have to go in and hear
it. I also think it's not going to be
enough just to digitally record and
then play back on conventional systems. I think the sound of radio has
been fine -tuned to take magnetically
recorded tape -analog tape -and I
think radio's equipment wouldn't have
any idea how to deal with a digital
recording, you know. That's a problem, because I want my records to
sound good on the radio first. Often
my records will sound worse, considerably worse, in someone's house
than they do on the radio, and that's a
problem. Some of them sound really
good at home and on the radio. Cheap
Trick records tend to sound good anywhere, others of my records tend to
sound really great on the radio.
MR: Is that because of the kind of
monitors you're using?
TW: Yes, I think so. I like to use
"real-world" monitors. I use Auratones, universally, right from the
beginning. Not because I think they're
necessarily the best on the market, but
because they represent the average.
They're a very good small speaker. I
can understand the bottom on Aura tones, and I've heard others where I
can't feel the bottom end.
MR: Getting back to your artists.
How did your relationship with Cheap
Trick begin?
TW: Producer Jack Douglas (Aerosmith, Frankie Miller) called me up
and said, "I'd like you to see a group."
I went because he was Jack Douglas. I
thought he was wonderful. Right at
that moment, I was very sensitive to
Jack because he had made the Rocks
album, which was, as far as I'm concerned, Aerosmith's best. One of the
best rock and roll albums of that year.
So I went out to see Cheap Trick in one
of those shopping mall clubs which
seated about 100.
MR: Where was this?
TW: Quincy, Illinois. They were
dreadful. Actually, I should say, they
were great, but the sound was horrendous. Very loud. I couldn't judge the
material, but they looked good and
there was obviously something special
about the band. I kind of begged off; I
didn't make a decision that night.
MR: Were they already signed to a
label at that time?
TW: No. I went back to New York,
but a couple of days later, I said, "I've
MC)DFRN RECORDING
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Lexicon's new Model 93 "Prime Time" digital delay processor gives recording studios and entertainers an
easy -ro-use professional quality rime delay with special effects and convenient mixing all at a price you can afford. It
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got to see that band again. I really
miss that band!" It was an emotional
decision, not a professional one. So, I
went back with Steve Popovich to
another club in Illinois -on the
shopping mall circuit. That was a
better situation for them, the sound
was better. It was a better showcase
place and the audience went completely berserk.
MR: It was a club?
TW: A little club. And we signed
them then. Jack made the first record,
Cheap Trick. Then Jack wasn't available for the second album. For some reason, he was busy, which happens all
too much in the producing business.
So, they asked me to do the album. I
was about to come out to California to
do the Eddie Money album. At the last
minute, Epic said, "We're sorry, we
need you to do Cheap Trick." I had a
couple of days to listen to the material.
As always, they never give me more
than a couple of days. That album was
In Color.
MR: I've been listening to "Budokan" for the last couple of months, and
then I got In Color just a few days ago.
I love the version of "I Want You To
Want Me" on In Color. It's different.

The timing is so good in the version on
the studio album.
TW: Yes, that's a very interesting
thing. A lot of people are going to get
introduced to Cheap Trick via their
"live" album and they're going to go
out and buy their catalogue and I
think be very pleasantly surprised.
MR: Oh, it's nothing but improvements. The music is good, so the "live"
album is good, but the studio albums
are so crisp and so clear- there's so
much more on them.
TW: That's nice to hear, because I
think that In Color is a pretty primitive album as far as production goes.
And Heaven Tonight represents a leap
towards the polished, which is as far as
I want to go. Dream Police is not more
polished than Heaven Tonight.

MR: How does Cheap Trick
approach recording? You said they are
the optimum situation for you.
TW: Well, their songs are not
written when they get into the studio.
They have ideas and fragments, hooks,
lines, and verses, and they're mostly
[lead guitarist] Rick's (Nielsen) things
that he'll play. He'll say, "I have this
line and this line and we have to do
something with it." We go into a

The P50 Professional Power Amp by SAE. It's 13/4"
high and does absolutely everything except take up a
lot of space.
In the conventional two -channel mode, it puts
out at least 70-watts per channel. (But don't be
surprised if you get over 100. )
In full bridged mode, it'll go 350 -watts into four
ohms, driving one full -range system or just the

rehearsal studio for an intense two or
three days, and that's it. No more preproduction than two or three days.
And I run a cassette of them as they
run through everything and we talk
about some of the songs, and then I go
home and listen to the cassette about
ten times in a row. Making notes all
the time. Then I go back and say,
"This is my top ten or eleven. You
should record these songs and pick the
best nine or ten. This song should be
arranged like this, and I think this
verse should come twice. I don't want
two guitar solos there. We'll discuss
that and work it out."
We'll run it down and get the basic
arrangement of the track down, so
that when we walk into the studio,
[drummer] Bun E. (Carlos), who among
other parts of his brain has a computer
built -in, will just say "All right, we
decided to do this on this song. It goes
verse, chorus, verse, chorus, B section
instrumental, verse, chorus, fade."
And we'll try it out in the studio and
somebody will say "fine," or "I don't
like having another verse come back
then," and they'll play it like that and
we'll talk about it some more. We'll
arrive at a basic track and get the

woofers in a bi, tri, or quad system.
Its 30 amp output devices and built -in fan allow it
to run all the way down to two ohms! And we don't
know another 13/4" amp that can say that.
Just plug into the mono input jack and the P50
automatically bridges to produce a powerful 350
watts. No switches. No jumpers. No headaches.
There's more. The P50 has switchable indepen-
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track down. Things go fast with Cheap
Trick, very fast. With "Need Your
Love," which is also on Dream Police
(a studio version), it took us four hours
to set up for the right sound, for the
drums and bass and guitar. Then they
played it once, and that was it.
MR: Are there any "live" vocals?
TW: No, they're all dubbed. Robin
Zander (lead vocalist) sings along.
Especially on the cuts that are being
done for the first time. He'll do them
again, but he doesn't take very long
with the vocals.
MR: My feeling was, listening to In
Color and Heaven Tonight, that In
Color is more of a "live" sounding
album and Heaven Tonight is more
"recorded." Is that true in how you
approached them?
TW: Yes, and there's a reason for
that. I don't envision Cheap Trick as a
polished group, but I definitely and
very deliberately have set out to make
them more appealing to more listeners.
I don't care how many critics say
"Werman took the cutting edge off,"
or, "Werman glossed over the aggressive attack." There's plenty of aggressive attack waiting in the wings, as
soon as they get the audience, which is

what is happening right now. When
the audience is there and they have got
a million or more people waiting for
their next album, then they can do
what they want and we can get brutal
or aggressive or whatever we want.
But the increased polish from the first
album to the second album to the third
album -yes, it was very deliberately
designed to get them airplay. That's
what "Surrender" is all about. "Surrender" is a pop song, it is not a rock
and roll song. I think it's a great pop
song. I wouldn't call it rock and roll.
On the new album we have a song
that's a throwback. It's a song that
[bassist] Tom Petersson sings, it's his
vocal debut and it's a real raunchy
song. It's got no keyboards, and a little percussion on it (handclaps and
shakers). I think every song needs percussion of some kind. The song
belongs on their first album, it's a
throwback, a fine sounding thing. It's
not polished and it's really going to
irritate parents. And the kids are
really going to like it a lot.
MR: What's it called?
TW: It's called "I Know What I
Want," It's a screamer and it's an
anthem, you know, "I know what I

want and I know how to get it" -over
and over and over. That's the kind of
thing that whatever the group wants
to do ... if they're all really excited
about a song, then the luxury we will
have in the future is that we all made
compromises to make albums that
would get the group a name. They're
not foolish, they know
they can't
be uncompromising artists and just
say, "To Hell with them. We're going
to play our music, the man can't bust
our music." They have to sell records
and they have to get fans.
MR: Are you surprised at the success of the "Budokan" album, or was
it always what you were heading for?
TW: Ever since I made the first
album, I've been pretty sure that
Cheap Trick would be very big some
day. I was beginning to get a little
impatient when Heaven Tonight
didn't do it for them, but I think the
combination of those first three
albums set up "Budokan" and "Budokan" will set up Dream Police. I'm
never surprised if my artists become
successful, because I wouldn't sign an
act unless I want to work with them.
In fact, Blue Oyster Cult is the first
act I've produced that I haven't signed.

tat

dent high and low frequency filters that guard
As if that's not enough, there are separate freagainst RF and allow for use with the latest
quency and load independent channel overload incinema noise reduction systems.
dicator lights, fully complementary circuitry, easy
If you're into a stereo tri-amp system, terrific.
serviceability, plus SAE's renowned sonic accuracy.
So are we. Bridge two P50s for 350 watts per side for
So the next time you've got a lot to do, without a
woofers, take one in stereo mode for 70-watts per
lot of rack to do it in, ask for the little amp that does
side for midrange, one in stereo mode for tweeters,
it all. The P50. By SAE. $500* each.
retad prices determined by individual SAE dealers. For information write:
and it's done. Four amps. Or a paltry 7" of rack space! *Actual
Dept. 25, P.O. Box 60271, Terminal Annex, Los Angeles, CA, 90J47.
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MR: You talk about how you
polished the sound of Cheap Trick
album by album because you're sensitive to what people want to hear.
You're saying you are sensitive to
what the commercial demands are, and
with Cheap Trick, accomodating those
demands doesn't hurt their sound, but
rather enhances it. Do you think as a
producer you could work with a group
where making them more commercial
would hurt them? Are there situations
like that as well?
TW: Yes, I think that's what's happening with Ted. I think that Cliff and
Lew have always been striving for a
commercial sound. Get him the hit single, stuff like that. Whereas, Ted
Nugent shouldn't have to become commercial, commercial should have to
become Ted Nugent. Like, "Cat
Scratch Fever" wasn't a natural single, but Ted was so big at the time that
radio actively was seeking to play
whatever it could. I think in order to
grow and survive, Ted Nugent should
intensify his musical attack or
approach, not soften it -and I think
it's been softened.
With Cheap Trick, Rick Nielsen
writes such catchy, wonderful songs
that I don't feel any conflict in the fact
that I occasionally try to make them
commercial by throwing in a synthe-

sizer line or some strings or
handclaps -things that you can hear
on other commercial records. Because
they are commercial songs and if you
are going to serve the song, then you
have to embellish it in a way that is
most appropriate to the lyric line and
melody. A beautiful woman is a beautiful woman when she gets out of bed in
the morning, but she looks even better
to most people when she walks into a

party that evening with the right
clothes on and the right jewelry and
make-up. It's like being a hairdresser
or designer. If you don't serve the
woman right, then she doesn't look
good. You have to understand the
material to approach it right.
MR: Do you pick your singles? How
does that work?
TW: No, I'm not really good at
picking singles. I've always tried to ignore that, although it's getting more

and more difficult. Rather than
picking singles, I'm very insistent
about control of sequence. I have a
pattern that I like to use. I usually put
the song I feel worst about in the next
to last position on side 2. Just so it's
not the last thing that people hear.
And I like to load side

1. I

like to make

side 1 an absolute killer. And make
side 2, cut 1 real strong. Side 2, cut 1
has to be even stronger than side 1,
cuts 3, 4 and 5. The first two songs on
the album are the most important. If
they're great, then somebody is going
to want to take the time to listen to the
whole album.
MR: Do you consider your albums
concept albums?
TW: No, they're just collections of
songs, really. Nugent's albums, in a
way, are concept albums. You know,
they deal with sex and having a good
time and rock and roll. A little politics
now and then sexual rock and roll in
violent terms.
MR: One last question. You have
always been a staff producer at Epic.
In terms of your own development, is
there ever a time in your future when
you foresee yourself becoming an
independent? Or do you have enough
freedom to do both?
TW: Well, it's a pretty sensitive subject. I do, naturally, look forward to

-

being an independent producer,
because you can make your own deals,
there is no set royalty, there are not
restrictions on which acts you can
work with. I haven't wanted to do
everyone on the [Epic] label, that's
why I've had to go out and sign groups
that I've wanted to do. But I'm
getting tired of traveling around to
night clubs, I don't want to have to
keep looking for new bands. I don't
mind it, but I don't want to be
dependent on it.
Since moving to L.A. last summer,
I've probably turned down twenty
offers. I don't think it was moving to
L.A. that did it, but rather the general
success and Cheap Trick's success.
Two or three of those I turned down, I
really wanted to do. I think I'm going
to try to work towards amending my
situation with Epic to be semi- exclusive to CBS, meaning I'd be able to
give CBS a minimum number of
albums per year. Whatever time I had
left would be mine.
I have enjoyed being a CBS
employee immensely, they take very
good care of us, but they may tend to
specialize in certain kinds of acts,
whereas I want to work with others
that are not [presently] available [on
the CBS roster]. If I have a burning,
consuming passion to do a particular
act, I'd like to be able to step forward
and say, "I would like to produce
you." I can't do that now, where I am.
So I'm going to try ... and I think.'
.--will be able to do it.
MODERN RECORDING
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BY LEN FELDMAN
Audio Recording on VCRs
I have just purchased my first video cassette
recorder. Actually, that's not quite true. I purchased a
VCR that employs the popular VHS system a few
months ago, and, after learning how to use it to record
off-the -air color TV programs and employing this fantastic machine for a few months for that purpose, I
decided that I wanted to get more deeply involved in
video recording. The situation is not unlike what happens to the audio hobbyist who starts out buying a
stereo cassette deck or open -reel machine with the sole
intention of transcribing discs or FM programs, and,
after a while, goes out and buys a microphone or two.
That leads to the purchase of a small mixer, some
equalization equipment, perhaps a reverb or time delay
unit and on and on and on. Before you know it you
have the makings of a home recording studio.
Well, in order to do the equivalent thing in video
recording you have to buy a video camera. And, while
there are several low -cost black-and -white video
cameras around, I wasn't about to settle for b &w when
my recorder had full -color video capabilities. So, I
opted for a newly developed color video camera. The
camera, while lower in cost than such gadgets were
just a year or two ago, nevertheless cost well over
$1000 and, since I wanted to be able to record outdoors
or "on location" (note how quickly I adopted the vernacular of the movie makers), I decided I needed another VCR, this time a portable one. That set me back
another thousand or so to which I had to add the cost
of a couple of battery packs (it was either that or a
very long line cord ...), the necessary AC adaptors and
chargers, etc. My additional investment over and
above that first VCR came to around $3000 but I was
ready at last to go into the video recording business. I

had given little thought to the fact that movies
became "talkies" way back in 1927 and television has
also had an audio channel (however poor its quality)
since way before Uncle Miltie started broadcasting his
tv variety show in the late 1940s.
It turns out that the designers of all my fancy video
gear apparently gave as little thought to the audio
requirements of the system as I did. To begin with, all
presently available VCRs intended for home use pro-

vide only a mono audio track on the half -inch wide
video tape. That, in and of itself was no surprise since
after all, TV programming in this country is still mono
and is likely to be so for some time to come. (Japan, on
the other hand, initiated dual-channel audio in their
TV broadcast operations last October and are using
the multiplexing technique for either bi-lingual audio
or for stereo audio in the case of musical concerts
which would benefit from such transmission.)
In the case of the VHS system, tape speed is only
1.31 inches per second -considerably slower than the
standard 1.785 ips used in audio cassette recorders.
Video signals are impressed upon the tape by means of
a rapidly revolving dual-tape head arrangement which
lays down spiral tracks, one below the other, on each
segment of tape. So, the effective tape speed as far as
the video signal is concerned is many, many times the
actual longitudinal tape speed; enough to be able to
record the short wavelengths which constitute the
color video signal.
But, as far as I can tell, the audio track is recorded in
the more conventional or usual manner and, given the
slow tape speed, you can guess what kind of quality
you can obtain. As a matter of fact, the published specifications for the audio portion of both my portable
and AC operated VCRs pretty much tell the story. The
frequency response is listed as extending from 70 Hz

popular portable video cassette recorder, representative of those available on the market today.
A
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to 10,000 Hz (no plus or minus dB tolerance is provided, which sort of tells you something, doesn't it ?).
Worse than that, the audio signal -to -noise ratio is
quoted as being better than 40 dB. Interestingly, the
video signal-to-noise capability is better than 45 dB. I
made a quick check of audio frequency response on my
particular machine and found that the -3 dB point
actually occurred at around 8,000 Hz.
As far as the control facilities related to the audio
track of a VCR, they are about as non-existent as
those on an inexpensive portable cassette recorder.
You guessed it! The audio record amplifier is equipped
with ALC, as the purveyors of those cheapie cassette
recorders like to call it, or automatic level control circuitry. That means that no matter what you do ahead
of the microphone input (use fancy mixers so you can
multi-mike the sound you hope to record, equalize,
sweeten, you name it), that idiot-like ALC circuit is
going to shift everything up as close to one common
level as it can. Of course, for the uninitiated home
video cinematographer who has got to be his or her
own sound man, script girl, director, producer and grip
I suppose this has some advantages. You know that
up to a considerable distance from the mic (which, by
the way, is cleverly hidden in the handle of the color
camera) you are going to pick up the sound of your
actors and actresses. When the performers get closer
to the mike, for a close -up shot, their voices will
become intimate -and the background noise will drop
down -but they won't be much louder in playback
than when they were standing across the room several
feet away. Such is the miracle of ALC. Yeech!
Now, surprisingly, the microphone itself is not bad
at all. It's a low impedance omnidirectional (naturally)
electret job whose response goes way out to 15 kHz or
so and is reasonably flat all the way down to the low
bass range. But it is irrevocably tied in to that blasted
ALC record -electronics. You can disconnect the built in microphone and feed audio to your recorder through
an additional microphone input, or even through a
high-level audio input using a microphone mixer with
gain, as opposed to a passive mixer. It was while
trying this that I discovered that there is a way to
beat the ALC monster inside my recorder. It seems
that using the high-level audio input, there is a threshold level below which the automatic level action
ceases to function and a change of input level of, say 10
dB actually comes out during playback as a change of
output level of "almost" 10 dB. Spurred on by this discovery, I found that I could manage a dynamic range
of audio of almost 40 dB from the lowest levels to the
point at which that of devil ALC takes over.
The only trouble is when I tried to lower all input
levels from my mic mixer so as to take advantage of
that dynamic range, the overall signal -to -noise ratio in
my recorded audio results was nothing to be proud of.
To get any reasonably low level of tape hiss you darn
well better feed in enough signal to wake up the ALC
circuits or else! Perhaps my separate outboard Dolby
B units are the answer. I'll have to think about that!

Meeting the Challenge
So here I am, dear readers, with around three grand
worth of superb video equipment (the picture fidelity is
absolutely superb, the color is great, there is not a hint
of jitter or vertical picture roll; horizontal resolution is
better than on many TV sets picking up actual broadcasts) and I can't record a decent audio accompaniment for my extensive cinematic efforts. It sort of
makes you wonder.
Come to think of it, this has been the way with TV
ever since Uncle Miltie first appeared on the small

A video camera similar to the one discusses' here by
Mr. Feldman, this one by JVC (shown with its

adaptor).

screen back in the late '40s. Everyone worried about
the picture and no one paid much attention to the
sound. But perhaps things are changing. Now, I am
told, the broadcasters are using satellites and a system
called diplexing that allows full 15 kHz response on the
audio channels of TV broadcasts. Audio equipment
makers are meeting the challenge by coming up with
separate TV -audio tuners that pick up the sound -only
of TV transmissions in full fidelity, bypassing those 3inch speakers and one-IC miniwatt amplifiers TV set
makers grudgingly provide. Committees are already
being formed to study systems for stereo TV sound in
this country (it should probably take us only three or
four years to catch up with Japan) and there is hope for
better TV audio on the horizon.
I suspect that if TV sound does get better, the
makers of those neat home video recorders will come
up with better record capability for the audio tracks of
the VCRs as well. Already there is talk that next
year's home VCRs will feature two audio tracks. If
there's really to be the marriage between audio and
video that everyone has been talking about, the audio
partner in that marriage will have to play an equal
quality role. Oh well, maybe I took the pluige into
video /audio a couple of years too early. It will not have
been the first time!
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Mitsubishi DT -30 Cassette Recorder

General Description:

The Mitsubishi DT -30 cassette recorder uses three separate heads for erase,
record and play. Provisions for adjusting the azimuth
of the record head include a recessed screwdriver adjustment in the head cover and a built-in test signal
generator; these are used to obtain proper readings on

the deck's signal meters.
The transport uses a closed loop, dual capstan system and two motors. For capstan drive there is a
phase -locked loop DC motor, and for the fast modes
there is a separate DC motor. Complete fast -buttoning
via the "feather- touch" keys is possible, including the
option of "run in" or "flying start" recording.
The meters are peak- reading, with a peak -hold
option. Input mixing of line and microphone signals is
possible. In addition, the deck has a mixed -playback
feature whereby the recorded signal on a tape being
played may be mixed with the line or microphone
inputs for special effects in playback.
The deck also has an automatic spacing pause system (ASPS) which enables the recordist to mute any
input signals while recording for about three seconds
d
in order to introduce silent sections between recorded

signals more smoothly than may be possible by using
the conventional pause control.
A timer switch permits unattended recording or
playback in conjunction with an external timing
device. A special socket and cable (supplied) permits
synchronizing the recorder with an external turntable
(the same manufacturer's model DP- EC20). The
recorder's memory switch may be used to start the
deck or stop it. Another switch permits automatic
rewind or repeat when the tape reaches its end.
A front -loader, the DT -30 has no cassette well or
compartment in the usual sense. Instead of a recessed
area, the cassette fits onto an actual continuous part
of the front panel itself through which the spindles
project. The cassette is held in place by an overhanging top section and by a hinged member along the
bottom which also serves as a dust cover. The largest
portion of the cassette thus is not covered during
operation. The heads, capstans and related parts are
housed in this lower raised section which also contains
the buttons for the functions of stop, rewind, play,
fast -forward, record, pause and the ASPS.
In a vertical row left of the cassette area are the
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switches for: power off/on; timer operation; memory;
automatic rewind or repeat; turntable synchro. To the
right of the cassette area, near the top of the panel, are
the tape index counter and its reset button. Below
them is the peak -hold switch for use with the signal
meters at the right. The meters are calibrated from
-40 to +7, light up during use and show playback as
well as recording levels.
To the right of the transport control array are two
switches and an associated LED indicator for the
built -in test signals. One switch activates the generator; the other selects the frequency of either 440 Hz or
8 kHz, used in making azimuth and bias current
adjustments. Left- and right -channel bias trim knobs
are directly under the generator switches.
The monitor selector switch has three positions. In
addition to the usual source and tape settings, the
third setting of "play mix" engages the optional feature mentioned earlier whereby already recorded
material may be mixed with new material (for playback, not for "add -on" recording).' There are two regular tape selectors, for bias and for equalization. Each
has three positions for selecting various tapes. The
owner's manual lists a large number of tape brands
and types with recommended switch settings. The
Dolby NR switch includes a position with FM multiplex filter, if needed.
The deck's output level control is a single knob that
adjusts playback volume through the line outputs (at
the rear) and through the stereo headphone output
(located at the lower left corner of the front panel).
Dual-concentric knobs are used for line and microphone input level controls, permitting adjustment on
both channels simultaneously or separately. In addition there is a larger "recording master" control that
is used for changing recording level without using the
line or mic controls. Associated with the master control is a rotatable reference tab that introduces a
detent position at whatever position it is moved to.
This may be used to establish a "pre -set" level that
may be used for fade -in and fade -out recording. The
left- and right-channel microphone jacks are below this
recording master control.
The rear panel of the DT-30 contains the line in and
out jacks, the optional socket for use with the turntable-synchro cable and the AC line cord. The DT-30 is
supplied in a metal case with front handles and
mounting feet. Included with the deck are a TDK AC511 alignment tape; the turntable synchro cord (which
mates only with Mitsubishi's model DP -EC20 turntable); two pairs of stereo signal cables: and a small
screwdriver for azimuth adjustment.

lished specs. Response with ferrichrome tape confirmed the claimed high end at 18 kHz, but the low end
rolled off sooner than as per spec. Signal-to- noise,
using the Dolby NR, was excellent with any tape. Distortion was lowest with normal tape.
The frequency reponse plots shown here were made
using our spectrum analyzer on a real -time swept
basis, with bias adjust controls set at their midpoints.
For the tabulated results stated in our Vital Statistics
summary, bias was optimized to suit each individual
tape sample. Once optimized, however, other parameters such as S/N and distortion also were measured
for that same bias setting in each case. As is always
true, somewhat lower distortion figures could have
been obtained had we been willing to sacrifice :sigh -end
response by changing to a little higher bias In any
event, since the deck does provide this kind of flexibility, the user can make these choices as desired.
Transport action of this deck was flawless, and it is
perfectly safe to go from any mode to any other without jamming or damaging the tape. Whle the method
of cassette insertion may, at first, seem crude to the
user accustomed to damped swinging doors and the
like, the direct method used in the DT -30 is in fact completely satisfactory. If anything, it probably results in
more accurate alignment of the cassette relative to the
heads than do the more conventional systems.
The deck's built -in test tones do help with the vernier bias setting chore; they are a must for anyone who
doesn't own an audio generator and VTVM (the deck's
own meters guide the user during bias adjustments).
Very likely it will take the owner of this deck a few
practice sessions to fully understand and master the
use of all its features, but once this is done the deck
may prove quite enjoyable to use. The fact that Mitsu-

Test Results: In MR 's tests, response of the DT -30
with both normal (ferric -oxide, low- noise) tape and
with high -bias (CrO2 or equivalent) tape exceeded pub-

Fig. 1: Mitsubishi DT -30: Record /play resporse, at
dB and - 20 dB, using TDK AD tape.
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bishi has used peak -reading meters, and has set "zero
dB" at 200 nWb /M, makes it very important that the
user not go above 0 dB in setting record level. This is
especially true when using high -bias (chromiumdioxide or ferric -cobalt) tapes which will produce 3%
harmonic distortion when levels are as little as 1 dB
above the nominal zero on the meters. This need not be
regarded as a drawback, however, since the total
dynamic range down to the noise level from the 3%
THD point proved good with all three tape samples we
used for the purposes of this report.
It should be noted that in order to meet record/play
response specs, it was necessary to use not only the
front -panel bias controls, but also to adjust the azimuth of the record head for each new tape sample used
in the tests. Apparently, this is the price one must pay
for three discrete heads in a cassette deck as opposed
to either two heads or to a three-head configuration in
which record and play heads share a common housing.

General Info: Dimensions are 163/4 inches wide; 63/4
inches high; 147/8 inches deep. Weight is 23 pounds.
Price is $650.

Individual Comment by L.F.: There seems to be

no end to the features that manufacturers of stereo
cassette decks can come up with for their more expensive models. In the case of the Mitsubishi DT -30, some
of these "extras" strike me as definitely worthwhile,
but there are others that add to the cost but do not -to
my mind -really provide important user benefits.
Let's examine the latter features first. I can't see
why anyone would want to repeat a given tape (play it

over and over again) ad infinitum, nor am I especially
taken with the auto -rewind feature, since I usually
record on both the "A" and "B" sides of a cassette. Of
course, it could be argued that some folks only record
on, or want to listen to, one side of a cassette and that
there is a certain elegance in having the tape whizz
back to its start, but I could live without this feature.

Nor can I see the need of the third playback position
which allows you to mix recorded signals with whatever is then being fed into the line or mic inputs. This
would be a great feature if we were able to record one
track at a time, since it would constitute a kind of
multi-track facility with simul-sync capability -but in
this case it does not. All it enables you to do is to
accompany the music on your tape with other program
material while listening.
Among the features I did feel were worthwhile, first
mention must be made of the three-head configuration,
although -as stated in the lab test report results- we
did find it necessary to readjust both bias and azimuth
for optimum response with each of the three tapes.
The peak- reading meters worked well, and I appreciated the peak -hold feature, though many other
manufacturers seem to be abandoning conventional
mechanical meter movements in favor of LED or
fluorescent type indicators which can respond more
quickly to transients than any meter needle.
While we could not check out the "turntable
synchro" feature of the DT-30, it seems like an
interesting idea. With the special cable linking the DT30 and Mitsubishi's DP-EC20 turntable, the deck can
be made to start recording automatically when the
tone-arm of that turntable touches down on the lead -in
groove of a disc being played. In the single -play mode
of the turntable, recording will stop when the record
has been played completely. In the multi -play mode,
the deck will go into "pause" whenever the tone-arm
lifts up from the record.
I liked the transport action, and the ASPS option
which allows you to insert fixed 3-second pauses between recorded selections. When this button is
pressed, the recording stops while the tape moves forward for three seconds. At this point the transport
shifts itself into the pause mode (no tape motion). To
resume recording, you simply touch the pause button.
The owner's manual covers everything clearly and in
logical order. Popular brands and types of tape are
listed with their correct bias and EQ switch settings.
Although two switches are provided (one for bias and
another for EQ), they are always used in a "tracking
mode" if you follow the manual. Of course, one could
ignore these instructions and experiment with different combinations for bias and EQ if desired, but from a
practical point of view a single combination switch
would have served equally as well.
A definite plus in this deck is the built -in twin -tone
test generator. As to whether the DT -30 is worth the
asking price of $650, I would have to say that it
is -not because of its many gadgets and switches but
rather for its three -head configuration, its excellent
two-motor transport and its full -logic operation.

Individual Comment by N.E.: It's getting to be
a guessing game with cassette recorders -each time
Fig. 2: Mitsubishi DT -30: Record /play response, at 0
20 dB using TDK SA tape.
dB and

-

we receive a new model for testing we ask the question:
How will this model differ from previous ones? In the
case of the Mitsubishi DT -30, as with most recent
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Additional Tests for Cassette Decks
As the state of the art in cassette recorders advances,
MR is adopting more sophisticated techniques and tools

Fig. 3: Mitsubishi DT-30: Record /play response at 0
dB and
20 dB using Sony Duad (FeCr) tape.

-

units, the answer is not in terms of audio or mechanical
performance so much as it is in terms of "features" -those special design flourishes a manufacturer
chooses to build into a particular recorder in order to
generate interest on the part of prospective buyers.
The DT -30 is a mixed bag of such features, from its
unusual (but satisfactory) method of loading the cassette to its option for adding program material to
whatever is being played back. This latter feature
might be of use in P.A. or disco applications.
The turntable synchro feature is of value only to
those who also use the Mitsubishi turntable. For all
others, it is just there, of no use.
The ASPS feature may or may not appeal to you. I
for one prefer to time my own silent sections. Three
seconds is not always what I might need, especially if
I'm dubbing off the air and want to eliminate commercials whose timing does not match the ASPS interval.
The peak -hold feature for the signal meters becomes
useful only when peak recording levels exceed the 0 dB

point. In fact, as the manual states, as long as the peak
level remains less than 0 dB, the peak -hold button has
no effect on the pointers. In my view, a peak -hold feature should involve some kind of indication other than
the normal meter pointer (as it does on alternate signal
readout systems such as LEDs or fluorescent displays), and it should be operative regardless of peak
levels reached.
The separate heads for record and play are, by definition, to be regarded as a plus vis -a -vis the combined r/p
head (assuming, that is, that they have been optimized
for their respective functions). However, the sfrstem
that combines them in a common housing which obviates the need for periodic azimuth adjustment seems
more convenient and less subject to misadjustment.
The automatic return to the start of a tape after it
reaches its end (on one side) could be helpful as long as
one is not planning to flip the cassette to continue
recording or playback on the other side.
Features aside, the DT -30 does have very high performance. Judging all in all I would say that its best

for testing these products, to provide more detailed information for its readers. The table of "Vital Statistics" accompanying this report reflects this enhanced program.
Note that we are now presenting key performance data
for three different kinds of tape. One is so- called normal or
standard tape, a low -noise ferric- oxide. The second is tape
requiring high bias, and this applies to chromium -dioxide as
well as to cobalt-tested varieties. The third kind of tape is
whatever a given machine is spec'd for -be it metal -particle
or, as in the case of the Mitsubishi DT -30, a ferrichrome.
By studying the results of different tests using all three
kinds of tape, the prospective user can judge which tape to
choose for a particular recording chore. Also, some kind of
general feeling as to which is the best tape for general use
with a given machine can be obtained, although admittedly
this is often a matter of opinion which will be discussed in
either the "Test Results" section, or the "Individual Corn ments" section, as applicable.
Speed accuracy is a test we have recently added, as well
as a standard playback curve (thanks to the new TDK test
tapes). Note that for the playback curve, the actual deviation from "0 dB" is more important than the spin of frequencies-it is unlikely these days that any nor-nal component cassette deck would not be able to span, on playback, the range from 40 Hz to 12.5 kHz that is provided on
the test tape. What is germane here is the degree of flatness of that response across the band, which can be shown
only in terms of a curve as presented in this report.
More work for us, but more info for you.

overall results are to be obtained with normal low noise ferric -oxide tape. This tape produced excellent
r/p response along with the lowest distortion and the
best signal headroom. S/N with the other tapes was a
little better, but normal tape's S/N was still in the
"excellent" class, especially with the Dolby NR activated. Other tested parameters all were well within the
ballpark for this class of cassette machine. Headphone
output was adequate for comfortable listening with
the output gain control turned just about full up. The
transport seemed especially good, with very smooth
fast -buttoning.
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MITSUBISHI DT -30 CASSETTE RECORDER: Vital Statistics
PERFORMANCE CHARACTERISTIC
Frequency response
normal tape
high -bias tape
other tape (FeCr)
Signal -to -noise (re: 3% THD
record level), Dolby out
normal tape
high -bias tape
other tape (FeCr)
SIN, as above, Dolby in
normal tape
high -bias tape
other tape (FeCr)
THD at 0 dB record level
normal tape
high -bias tape
other tape (FeCr)
Record level for 3% THD
(0 dB = 200 pWb/m)
normal tape
high -bias tape
other tape (FeCr)
Line output at 0 dB
Headphone output at 0 dB
Mic input sensitivity for 0 dB
Line input sensitivity for 0 dB
Wow- and -flutter, WRMS
Speed accuracy
Fast -wind time, C -60

MANUFACTURER'S SPEC

LAB MEASUREMENT

±3 dB, 40Hzto15kHz

±

±

3

±3

dB, 32 Hz to 18.5 kHz

3

±dB, 31 Hz to 17 kHz
±3 dB, 60Hzto18kHz

dB, 40 Hz to 17 kHz
dB, 40Hzto18kHz

58dB

56.5 dB
57 dB

NA

59dB

NA
NA

64.5
65 dB
67.5 dB

1.0% (ref 160 pWb)
NA
NA

1.6% (ref 200 pWb)
2.8%
2.8%

NA
NA
NA
440 mV
90 mV (8 ohms)
0.3 mV
100 mV

+3.8dß
+0.7dB
+1.0dB

NA

66 dB

Bias frequency
Power consumption

500 mV
110 mV (8 ohms)
0.2 mV
90 mV

0.045%
NA

0.045%

NA
85 kHz
28 watts

87 seconds
85 kHz
30 watts

-0.3%
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Soundcraftsmen Model TG3044 -R Third -Octave
Stereo Equalizer
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THIRD- OCTAVE STEREO EQUALIZER Tß30444

General Description: The "44"

in the model number of this new Soundcraftsmen device refers to the no
less than forty -four slider controls on its panel. There
are twenty -one sliders for equalization plus a slider for
"zero gain" on each of two independent channels. The
unit thus functions as a stereo equalizer or as two
separate mono equalizers if desired.

The first fifteen sliders have nominal ISO center frequencies of 40, 50, 63, 80, 100, 125, 160, 200, 250, 315,
400, 500, 630, 800 and 1 kHz. The remaining six frequency sliders have alternate (two- third) octave center
frequencies of 1.6 K, 2.5 K, 4 K, 6.3 K, 10 K and 16 K.
The last (gain) slider may be used to restore unity gain
regardless of the settings of the frequency sliders.
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Unity gain is achieved when the gain slider is adjusted
so that two LEDs (one above and the other below the
slider) glow with equal intensity. In this way, average
unity gain is maintained, and comparisons between
equalized and unequalized signals (using a front -panel
button provided for making such comparisons) become
more meaningful.
The control range for each frequency is marked in
steps of 3 dB between the two extremes of ± 15. Under
the sliders, in addition to the EQ defeat switch, are
switches for a subsonic filter, to a tape recorder and for
tape monitor. The righthand layout is a mirror image
of the left -channel layout. The device's AC power
switch and associated LED are at the left. Front -panel
styling is neat and functional: crisp, legible white
lettering against a black background. Supplied in a
metal case with walnut side panels, the TG3044 -R may
be rack -mounted if desired.
Inputs and outputs at the rear are standard 1/4 -inch
phone jacks, eight in all. One stereo pair handles line
in; another, line out; another, tape in; another, tape
out. Also at the rear are explanations and diagrams for
balanced and unbalanced operation, and suggested
system hookups for stereo in the unbalanced mode.
The AC power cord is fitted with a three-prong
(grounding) plug, and there is an AC convenience outlet that also is a three -prong type.
The choice of third and alternate -third octave equalization is based on the manufacturer's desire to provide
a unit that is aimed at the studio engineer and performer as well as the advanced audiophile. Providing one third octaves up to the 1 -kHz area is designed to correct for acoustical problems that require relatively narrow frequency segments for correction. Room problems above 1 kHz are said to be of a broader nature
and lend themselves to correction via relatively wider
frequency segments.
The jack options and controls permit the operator to
pre- or post -equalize during or after tape recording.

Test Results:

All of the published specifications for
the Soundcraftsmen TG3044 -R were met or bettered in
MR 's tests. Especially notable was the device's extremely low distortion at rated output of 2 volts. S/N
ratio for this output also was commendable at 100 dB

31131331133>5313117l17°
111111111111111 1111111

Soundcraftsmen TG3044 -R: Internal view.

Fig. 1: Soundcraftsmen TG3044 -R: Composite plot of
control range of 1/3 octave and 2/3 octave controls.

"A" weighted.
A composite plot of the boost /cut characteristics of
each of twenty-one slider controls on each channel is
shown in the 'scope photo. While the amount of boost
and cut was virtually the same for each control, we did
note that the center frequencies, particularly at the
low end of the audio band, were not as precisely adjusted as they are on some other equalizers (including
some made by the same manufacturer) that we have
checked in the past. While this is not a very serious
matter (there are indeed enough sliders down there, at
frequencies close enough to each other, to take care of
virtually any low- frequency EQ problems), it is somewhat surprising, in view of the fact that it is at these
low frequencies that the device changes over to opamp "gyrator" inductors whose filter characteristics
are determined by feedback capacitors rather than by
passive coils.
The device is not supplied with an instruction
manual as such. Instead it comes with a test record in
a foldover jacket which contains detailed printed and
illustrated instructions for installing and using the
equalizer. For room equalization, three methods are
explained. One is called "simplified" equalization
which is done by ear, using the pink-noise signals on
the test record. Another is called "more accurate"
equalization which also is done by ear but which
involves moving the speaker systems. The third "professional" method requires the use of a calibrated
microphone and sound -pressure level meter. A note
enclosed with the record points out that the record was
designed for octave -wide EQ and is not usable for
third-octave balancing. It still may be of some use as a
pink -noise source if used with the SPL meter.
Similarly, the frequency plotting charts supplied are
octave -band charts and do not correspond to the
actual third -octave and alternate -third octave frequencies on the device itself. But by referencing these
charts to the tones on the record, a frequency curve
can be obtained that will represent overall response.
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Soundcraftsmen TG3044 -R: Rear panel view.
are: 19 inches wide: 51/4
inches high; 11 inches deep. Weight is 23 pounds, and
price of the device is $550.

General Info: Dimensions

Individual Comment by L.F.: For Soundcrafts-

men to have called this unit a third-octave equalizer
constitutes what I would have to call a two-thirds
truth. While the unit does provide individual controls
for the standard ISO center frequencies at one -third
octave intervals from 40 Hz to 1 kHz, it provides alter-

nate third -octave controls above that point.
Apparently, the objective here is to give the

demanding audiophile and the semi -pro user as much
EQ facility as possible for the targeted price point.
This, of course, the manufacturer has succeeded in
doing. Its explanation of "less detailed" EQ needed
above 1 kHz is reasonable in context of the unit's
price, and this design is not a bad compromise at that.
Another compromise is evident in the device's use of
discrete passive coils for a majority of the bands, while
using so-called gyrator inductors for the lower frequency bands where coils would have had to be rather
large. In view of the excellent signal -to -noise we
measured for this unit, I have no particular quarrel
with this money - saving approach either.
I am not altogether certain that I go along with the
omission of an owner's manual as such. The wellknown Soundcraftsmen test -record is supplied (the
same one they offer with their octave equalizer, and
which cannot be used for setting up your listening
room unless you own a sound -pressure level meter and
can work with the wideband pink-noise signals of 20

seconds duration). The record liner does carry useful
information on the uses of an equalizer, but it seems to
me that some helpful words somewhere regarding the
hookup and interface options possible with this unit
ought to be included.
The front panel sliders happily have center detents
so that one can set any slider to its no boost /no cut
position without having to squint at the markings.
The front panel photo was supplied by Soundcraftsmen, and for a while I wondered what kind of a strange
room would require the unusual settings they show of
the left and right channel controls. Then I rotated the
photo 90 degrees (with the power switch at the top)
and stopped wondering. Get it?

Individual Comment by N.E.:

The TG3044 -R is
obviously a more versatile, and somewhat better performing unit than an earlier Soundcraftsmen equalizer
(the model SG2205 -600) tested some time ago. At that,
it reflects -as do so many recent audio products -the
"overlap" that has developed in terms of product
appeal and design between what once was regarded as
the domain of the "serious audiophile" and that of the
"semi pro" or even the economy- minded full pro. At its
price, and in view of its actual performance, the design
compromises noted in our report are certainly quite

acceptable.
At that, this device could be more of an "all things
to all users" product if there were more explicit
instructions furnished for using it in all its possible
applications which include, of course, tailoring frequency response when making a tape recording in
addition to room equalization. The former function is
one that, according to letters and comments we
receive, interests a good many recordists and it could
be better spelled out for a device of this capability. The
latter function is not fully realized in terms of the test
record and instructional material supplied. It would
seem that Soundcraftsmen's information department
needs to do some catching up with its strong and solid
engineering department.

SOUNDCRAFTSMEN MODEL TG3044 -R THIRD -OCTAVE EQUALIZER: Vital Statistics
PERFORMANCE CHARACTERISTIC
Frequency response (controls set
for flat. EQ on)
Harmonic distortion, 2 volts out

SIN ratio, re: 2 volts out

Input capability, maximum
Output capability
ISO center frequencies

Boosticut range
Subsonic filter

MANUFACTURER'S SPEC
0.5 dB. 20 Hz to 20 kHz

0.01%

100 dB
10 V (22 dBm)
20 V (28 dBm) balanced;
10 V (22 dBm) unbalanced
113 octave, 40 Hz to 1 kHz;
213 octave, 1.6 kHz to 16 kHz

± 22 dB with other controls at
max.; ± 15 dB, other controls flat
3 dB at 15 Hz, 12 dB /octave

LAB MEASUREMENT

± 0.3 dB, 20 Hz to 20 kHz
0.003%
0.002%
0.006%
100 dB

at 1 kHz
at 20 Hz
at 20 kHz

"A' wtd

11 V (23
11 V (23

dBm)
dBm)

confirmed
confirmed
confirmed
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Cerwin -Vega Model A -400
Power Amplifier

General Description:

Cerwin- Vega's model A -400
stereo power amplifier is rated to deliver an output of
better than 200 watts per channel into 8 -ohm loads, or
over 350 watts per channel into 4 -ohm loads. The front
panel, in addition to the handles, contains the power
switch and four LEDs -a power indicator, a protection
indicator and peak clip indicators for each channel.
The rear contains both phono (hi -fi pin type) jacks
and 1/4 -inch phone jacks for inputs on each channel,
with separate level controls handling each channel.
Outputs are standard color -coded binding posts. Also
at the rear are a switch to select between 120 and 240
VAC line power, a fuse-holder and a grounding terminal. The AC line cord is fitted with a three -prong
(grounding) plug. A cooling fan, mounted just behind
the rear panel, is designed to operate when temperature at the output heat sinks exceeds 70 degrees C.
An internal timing circuit is designed to delay signal
operation for 2 to 4 seconds after the power switch is
turned on, in order to prevent possible damage to the
speakers from turn-on transients. The "protect" LED
on the front panel lights up whenever the built -in protection circuits sense a potentially damaging condition
and go into operation to prevent the damage from
occurring. Since these circuits become active whenever
AC power is lost or restored, this LED will automatically come on briefly when the AC power switch is
turned on or off. According to the manufacturer, the
amp will fully protect itself and all ancillary equipment
for the duration of any unsafe operating condition.

Test Results: Power output and distortion of the
Cerwin -Vega A -400 amplifier were measured for both
8 -ohm and 4 -ohm loads and found to exceed published
specifications. In fact, subjected to both "conventional" and "more sophisticated" lab tests (see accompanying explanation), the A -400 came through in top

form, and impressed MR as offering very ample power
output combined with ruggedness and reliability.
The total performance picture, taking together such
parameters as IM and harmonic distortion, TIM, slew
rate, transient response, turned out to be superb -as
did the sound of the amplifier.
Happily too, the built-in cooling fan is not designed
to run all of the time. Rather, it is designed to come on
only when heat-sink temperatures reach 70 degrees C.
This did not occur during our bench tests, even though
a good deal of the time that the amplifier spent on the
test bench was devoted to delivering rated output or
higher, and in the usual pre -conditioning at one-third
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Fig. 2: Cerwin -Vega A-400: Distortion vs. frequency.

General Info: Dimensions are

19 inches wide (rack
mount); 7.4 inches high; 14 inches deep. Weight is 45
pounds. Price is: $900.

Individual Comment by L.F.: Frankly, I had
always thought of Cerwin-Vega as being synonymous
with lots of sound power -the kind of ear -deafening
and body-massaging sound that I was subjected to
when attending one of the "Sensurround" films for

which this company supplied the electronics and loudspeakers. I never thought of the company as a maker
of highly accurate, state -of- the -art audio amplifiers
such as those by some of the more esoteric smaller
companies which audiophiles delight in discovering.
Well, these preconceptions have been shattered. Of
course, the brute force is there -all 225 watts plus per
channel of it. But there also is ample proof that a professional amplifier maker need not sacrifice accuracy
of signal waveform reproduction in return for ruggedness, longevity or high- power -handling capacity with
absolute safety. Here is an amplifier (and I hesitate to
suggest this) that would be very much at home in a
top -grade audiophile hi -fi component system as well as
in professional studio and sound reinforcement applications for which it is primarily intended. I suspect
that Cerwin -Vega must have realized that some members of the hi -fi fraternity would discover its virtues
soon enough, or else why would they have paralleled
their phone-type input jacks on the rear panel with
home-style phono -tip jacks?
What makes this amplifier a "professional" unit
instead of a high fidelity component? I'm not at all
sure, unless it's the rugged construction, the carrying
handles affixed to the standard -width 19 -inch front
panel or that ventilation fan which never had to turn
on during our tests. Call it a pro amp, or a hi -fi
amp- whatever you like-Cerwin-Vega has done one
hell of a good design job on it.

Additional Tests for Amplifiers
In keeping with MR's desire to provide second -to -none

reliable information on audio equipment, its testing facilities have been recently augmented by new equipment that
enables us to measure CCIF IM distortion as well as the
new IHF IM distortion. These new figures, together with the
older SMPTE IM distortion, are given in the "Vital Statistics" table for this report.
The IHF IM distortion test employs two -tone test signals,
1 -kHz apart, which are used to drive the amplifier under test
to rated output.
In the CCIF IM test, we measure any "beat frequency" 1kHz signal produced by intermodulation effects.
The IHF IM method is the more stringent of the two
methods, since it takes into account all newly generated IM
products in the audio band up to 20 kHz. Actually, we have
found that the IHF IM measurement offers very good correlation between the percentage measured and the way an
amplifier "sounds" when reproducing program material
containing steep transient waveforms. (The Cerwin -Vega A400 turned out to be an excellent first subject for using
these new measurements).
The method of calculating IHF IM distortion can best be
understood by examining Fig. 3. The two tall spikes at
center -screen represent outputs at 19 kHz and at 20 kHz,
whose combined peak amplitude is equivalent to rated output at 8 ohms. Frequency sweep is linear (the frequency
notations should be ignored in examining this photo), and
sweep rate is 2 kHz per horizontal division. Vertical sensitivity is 10 -dB per division.

76

Just to the left of the tall 19 -kHz and 20 -kHz spikes we see
two lower- frequency spikes (at 17 kHz and at 16 kHz). No
additional components were noted in the audio range
within the 80 -dB dynamic range of the spectrum analyzer.
By combining the two IM products ( -70 dB below peak
equivalent desired signal, and 75 dB below desired signal
level), we arrive at an equivalent IHF IM distortion percentage of 0.0326 percent.
To readers who have had no experience yet with this type
of measurement, that percentage may not mean very much.
We must assure you that it is indeed an excellent figure. So,
for that matter, is the CCIF figure of 0.0014 percent. Note
that the CCIF figure uses only the 1 -kHz component produced by the two tone combinations and, since 0.0014 percent is equivalent to better than 97 dB, that explains why
we did not see any of this component when using the spectrum analyzer in testing the amplifier.
Readers also will note THD measurements are now given
for 20 Hz and 20 kHz in addition to the data for 1 kHz.
SIN ratio re: rated output is still given, as well as the
newer (and preferred) method of SIN ratio for a 1 -watt output with an input of 0.5 volt.
Dynamic headroom is now given, and damping factor is
measured at 50 Hz.
The older form of input sensitivity is given, as well as the
more recent IHF input sensitivity which is referenced to a 1watt output.
Slew rate is another measurement we now plan to include
on all amplifier tests.

-

-
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Individual Comment by N.E.:

Fig. 3: Cerwin -Vega A -400: Spectrum analyzer display
of two tone (19 & 20 kHz) test signal and IHF IM distortion components at 17 kHz and 16 kHz. Components above 20 kHz may be ignored in calculating
IHF -IM D.

More and

more -judging from our continuing tests of recent
amplifiers -the dividing line between "professional"
and "home audiophile.' in this product category is
becoming fuzzy indeed. The performance of the Cerwin -Vega A -400 certainly puts it in the top class of
amplifiers now available, regardless of what "application category" is nominally intended. While the actual
performance of the A -400 leaves nothing to be desired
for a high -powered audiophile system, the unit
obviously has been built with an eye to professional
standards -the kind of circuit boards found inside, for
instance; or the extra pair of output devices that are
designed to permit efficient operation under various
loads at high output levels: the elaborate self- protection system built into the unit. Of course, the manufacturer cannot foresee every possible chance for misusing speakers with this amplifier that may he incapable of absorbing all the power that the A -400 is capable
of delivering. For this reason, they wisely counsel the
owner to fuse speaker lines, or to use some form of
peak limiting unit.

CERWIN -VEGA A-400 AMPLIFIER: Vital Statistics

PERFORMANCE CHARACTERISTIC

MANUFACTURER'S SPEC

LAB MEASUREMEN"

Continuous power for rated THD,
(W)(8 -ohms,

1

kHz)

Continuous power for rated THD,
(WX4 -ohms, 1 kHz)
FTC rated power (20 Hz to 20 kHz)
(WX8 ohms)

THD at rated output,
(8 ohmsX %)
THD at rated output,
(4

1

kHz

1

kHz

ohms)(%)

THD at rated output, 20 Hz

ohmsX%)
THD at rated output, 20 kHz
(8 ohms)(%)
IM Distortion, rated output,
SMPTE ( %)
IM Distortion, rated output,
CCIF ( %)
IM Distortion, rated output,
IHF ( %)
Frequency Response @ 1 W, HzKHz (for -1 dB)
S/N ratio, re: 1W out, 0.5 V IN, "A"
weighted, IHF (dB)
S/N ratio re: rated output, "A"
weighted (dB)
Dynamic headroom, IHF (dB)
Damping factor, @ 50 Hz
IHF input sensitivity re: 1 watt out,
(volts)
Input sensitivity re: rated output
(volts)
Slew rate (volts /microsecond)
Power consumption, idling (watts)
Power consumption, max (watts)
(8

225

263.5

350

390.0

225

235

0.03

0.0055

0.03

0.015

0.03

0.008

0.03

0.025

0.03

0.015

N/A

0.001-.

N/A

0.032E

7-100

7100

90

86

113

114
1.0

0.82
250

250

0.095

0.1

1.4

1.5

More than 80

Confirmed

115
1200

120
1220
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MXR Flange' /Doubler
By Jim Ford and John Murphy
The Flanger/Doubler from the MXR Professional
Products Group is a new product which will process
audio signals through a wide variety of time delay
effects. In addition to a full range of flanging and
doubling effects the unit will créate vibrato and chorus
sounds as well as hard reverberation. It is rack
mountable and has both line and instrument in /out
connections making it easy to use both on stage and in
the studio. The Flanger /Doubler employs analog time
delay technology (as opposed to digital technology) to
achieve its purely electronic time delay. The list price
of the unit is $425.

Flanging and Doubling
Before proceeding with the product review, let's_ discuss flanging and doubling effects. These two effects
sound quite different even though the electronic
methods used to produce each of them are similar.
The flanging effect was originally created using two
open -reel tape recorders. The signal to be flanged was
input to each machine and the tape outputs of the
machines were then added together to produce the
flanged signal. The flanging effect was then created
when, with both machines running, the operator used
his thumb to apply pressure to the flange of the supply
reel on one of the tape recorders. This would introduce
a varying time delay through that machine while the
speed of the second machine remained constant, and
when the outputs of the two machines were summed
phase cancellations would result. It is easy to show
mathematically that the two signals when summed

produce a series of sharp notches in the frequency
response of the system. It also can be shown that the
series of notches results in a corresponding series of
pass bands with center frequencies which form a harmonic series. (This harmonic series of the filter pass
bands is much like the harmonics of an individual
musical tone, such as a single note from a piano. This
may account for the musical character of the flanging
effect.) The frequency of the first pass band in the
series depends directly on the amount of time delay.
To make the first pass band fall at 1 K Hertz a delay of
required.
1 millisecond (1 /1000 of a second) is
proporpeaks
the
moves
Increasing the delay time
delay
the
shortening
frequency,
in
tionately lower
varying
by
Thus,
the
peaks.
of
frequencies
the
raises
the amount of pressure applied to the flange of the
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'WV
delay used. The doubler uses time delays of about 35
milliseconds whereas the flanger uses delays more like
1 millisecond. Simply delaying the signal does not
however, provide a very convincing doubting effect.
Slowly sweeping the delay time over a small range
introduces pitch and timing errors which more accurately model two separate instruments playing in unison and improves the realism of the electronic
doubling effect.

General Description: The Flanger/Doubler is
basically a time delay unit with provisions for
sweeping the amount of time delay over t wo distinct
ranges. For flanging the unit uses time delays over the
range .25 to 5 milliseconds. As a doubler the time delay

tape reel (and therefore the time delay) the operator
can sweep the series of notches and harmonic pass
bands through the audio frequency spectrum. This
imparts a unique sound effect on the signal passing
through the tape machines, something like a gentle
swishing sound.
To achieve the flanging effect electronically requires
two signal paths, just as with the tape recorders. The
first path is direct (undelayed), whereas the second
path is through a variable time delay. Adding the
direct and delayed signals results in the series of
notches and pass bands (also known as a "comb filter"
because a frequency response plot of the filter resembles the teeth of a comb). If the amount of time delay is
controlled by an oscillator then the notches can be
made to periodically sweep up and down the audio
spectrum. The width and speed of the sweep can be put
under user control.
Doubling refers to an effect where a single instrument (or voice) is made to sound like two instruments
playing in unison. As with flanging, doubling was originally performed using a tape machine. The process is
known as "double tracking" and is accomplished by
recording an instrument playing the same part on
another track. On playback this sounds like two
separate instruments playing in unison. Until electronic doublers became available this effect was
restricted to studio use on recorded material.
Electronic doublers provide an effect similar to
double tracking and can be easily used on stage. In
these units the signal passes through direct and
delayed paths which are then summed as with the
flanger. The main difference is the amount of time

ranges from 17.5 to 70 milliseconds. The device also
has a regeneration control which directs some or all of
the delayed signal back to the input to produce hard
reverberation effects along with the flanging or
doubling effect.
The front panel contains all the functional controls
as well as the instrument level in/out connections (1/4inch phone jacks). To the far left is a power on /off pushbutton switch with a red LED pilot indicator just
above it. To the right of the power switch is another
pushbutton switch for selecting either flanger or doubler delay ranges. Next there is a rotary control labeled
"Manual" with two LEDs above and to either side of
the control. This control determines the delay time in
conjunction with the sweep control. The LEDs provide
visual indication of the status and speed of the sweep.
At the right of the "Manual" control are two controls
for sweep width and sweep speed. These controls are
associated with an oscillator which directly varies the
amount of time delay employed. When the sweep
width control is at 100% then the manual control is
disabled and the delay time is varied over the entire
range for the mode selected. With the sweep width control at 0% there is no sweep action and the time delay
depends solely on the setting of the manual control.
With the width control at intermediate settings the
delay time depends partly on the sweep oscillator and
partly on the setting of the manual control. This allows
for very subtle as well as very dramatic flanging
effects. The sweep speed control determines the oscillator's sweep rate and is labeled .03 and 20 Hz at its
slow and fast extremes, respectively.
Continuing to the right across the front panel, the
next control is a continuously variable rotary labeled
"mix." The left extreme is labeled "Dry" and the right
extreme is labeled "Delay." Through its use the output of the unit is panned between the undelayed (dry)
signal and the delayed signal. It allows the user to mix
in the amount of effect desired. In the flanger mode it
determines the depth of the comb filter notches whereas in the doubler mode it determines the balance be-
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e

e second ( "double ") signal.
tween the original
Next is the regeneration control labeled "0% to
100 %." As this control is turned clockwise more and
more of the delayed output is fed back to the input and
a hard reverberation results.
Just to the right of the regeneration control is a
pushbutton labeled "Invert." Pushing this button
causes the phase of the delayed signal to be inverted
(shifted 1801 before it is sent to the mix control. This
feature is primarily used in the flanging mode where it
interchanges the peaks and notches and cancels the
frequencies below the first notch. It provides a variation on the flanger effect.
The final control on the unit is a pushbutton labeled
"In /Out" which allows the device to be completely bypassed when the button is out. That is, the output
jacks are tied directly to the input jacks when the button is out. This assures that when the unit is bypassed,
it contributes no noise or distortion to the signal. A
LED above the button indicates when the unit is "in."
At the far right of the front panel are a pair of '/cinch phone jacks for musical instrument input and out-

put. These are intended for inserting the

Flanger /Doubler in -line between a musical instrument
(electric guitar for example) and an amplifier. On the
left side of the rear panel are another pair of phone
jacks for the line in/out connections. These are
intended to be used with higher level signals (such as
studio line-level signals at +4 dBm) and will handle
higher level signals before clipping. Beside the line
in /out jacks on the rear panel is another '/a -inch phone
jack marked Bypass. The unit can be bypassed
remotely by connecting a switch to this jack. A typical
application would be to plug in a foot switch so that
the effect could be switched in and out by a musician
performing on stage. The remote bypass is only operative when the delay is switched "in" on the front panel.
There are also phone jack connections on the back
panel for external voltage control of the delay sweep
oscillator. This allows the voltage control signal from
one flanger to drive one or more slave flangers. It also
allows the delay time to be varied remotely, such as
from a foot pedal on stage.
The unit is attractively and ruggedly packaged, and
to make the Flanger/Doubler even more road -worthy
MXR offers an optional road case.

Field Test:

We used the Flanger/Doubler in a
recording session on several different instruments and
voices. We especially liked the flanging effect on electric piano and both acoustic and electric guitars. It
adds a richness to the sound that is very appealing. We
used the Doubler on voice and found the effect
appealing, but it didn't exactly convince our ears that
we were hearing two separate performances in unison.
We still prefer double tracking on the multi-track tape
machine to electronic doubling. However, for stage use
(where you can't do double tracking) the Doubler
would probably provide a very satisfactory effect.
The controls were found to be quite satisfactory in

their action and range of control. The "Mix" control
for example, makes it easy to add just the degree of
effect desired.
Adding a bit of "regeneration" while in the Flanger
mode introduces an interesting "soaring" effect, while
using regeneration in the Doubler mode adds hard
reverberation which we judged to be less useful.
When we inserted the Flanger /Doubler in our reference system for listening tests we found the audio quality through the "dry" channel to be very good. There
was no audible noise or distortion and the only difference we could perceive when the unit was alternately
switched in and out of the system was a slight loss of
sharpness on some transient sounds. Listening
through the delay channel things were a little different. With the "mix" control set all the way to "Delay"
and the sweep width set to 0% we were able to listen
through the delay channel with no effects other than a
short time delay. When we alternately switched the
unit in and out of the system we noticed a moderate
loss of highs with the unit switched in. The delay channel also seemed to introduce some degradation of the
audio quality when listening to good disc recordings
with the unit switched in.

Lab Test: When we took the unit to the lab, we ran
the usual tests for both the direct and delayed signal
paths. The Lab Summary section contains the test
results for the Flanger /Doubler.
The overload levels for both line and instrument
inputs indicate adequate headroom for most signal
levels. However we were a bit surprised that there
were no level controls or overload indicators. We
would suggest that even a single LED overload indicator would be of great value to the user in avoiding
overdriving the unit.
Noise levels were quite low, even through the delay
path. For most signals the dynamic range of the unit is
about 90 dB for the direct path and about 80 dB for
the delayed path. This is very good performance for an
analog time delay unit.
Distortion through the direct path was very good,
but distortion through the delay path was on the order
of 1% or so. In the delay path the distortion increased
at higher frequencies and reached as much as 42% for
the Doubler at the maximum delay using 10 kHz test
tone. The distortion products in this case were not harmonic but rather, consisted of a low- frequency tone
which varied in frequency as the amount of time delay
was varied. With less than maximum delay time
settings the distortion was more like 1 %.
Frequency response through the direct path was
very good. However, high- frequency response through
the delay path is compromised to some extent. We
should remember that the Flanger /Doubler is usually
used with a mix of direct and delayed sound. This
tends to make the compromises in the quality of the
delayed signal less significant than if the delayed signal were used by itself.
MXR provides an excellent operation manual with
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THE

NEW

CS-800
Leaning the

competition
another step
behind.

Er

COMMERCIAL SERIES
POWER AMPLIEIeR

Since its introdLction h 1375, the
CS -ßx has had a lot of competition
a-a_rg other commercially avalable
s-ereo power amplifiers. But robody
haöbeen able to match the quality,
versatility, performance anc incredible
dAllhr value offered by the CS-800.
Cte to the CS-800's enormous
sore =ESS, some of our competibrs have
qu etl r returned to the à-awinç board
tc inprmve their product anc, we'll be
tl-e first to admit that they hava.
L1:brti nately for than, so have we.
Our new CS -800 has been refined
tc 1fer new features such as DDT
ccrp-ession, more advances circuitry,
and 2Kpanded patching facilities, at
o4. a very slight increase in price,
malit:rg it an even greate- value than

befre.

Take, for example, Peaveys
uriptte Distortion Detecton
Teci-rique® (DDT) comressic®ì
circuitry.. DDT® electronically senses
the crset of amplifier clipping aid
er ges a specially designed circuit
tha- virtually eliminates power amp

clipping. thus greatly decreasing the
possibility of square waves reaching
the speakers Not only does this
feature offer rraxirn im protection for

your speakers, DD^® erables the total
system to erroy, freedom from most of
the common& encount=ered headroom
problems wit- pave- a- nol fiers. This
compression feature may be easily
defeated from the front panel by buiitin switches o-1 each channel.
The CS -30( features an improved
patching systm vita provision for
electronic crossovers anc transformer
ba'.anced inputs for eacn channel. The
convenience pf the rear pa-ch panel
combined with tie optional low cost
plugin accessories: ç ve the CS-80)
versatility the_ is uimatcf-ed by otter
professional cuaity rouser amps.
Our competitors wll be
advertising and displaying their new
units soon. While you're looking atheirs, wed late :o ir.iite you to
compare specs and Matures with ours.
You 'll see why the Peavey CS -800 is
still one step ah ®c.

Performance Specs:
Freq-Jency Response:
+r), -1

Power

@

dB 5 F

ta 50 -Hz

(11/4.,

ClipFinç:

8 Ohms)

400 W P.MS Der c:ar,el Ma 4 Oims
800 W FMS Drioge rrDdeirto.8 Ohms

IM D :stortion:
Less than 0.1%, ypc,]ly

bear

Total Harmonic Dintarti.n:
Less than .0%. yicdly Ieiota
Damping Factor:

.04%
.02%

Greater than 20C

Input Sensitivity:
1.3 V for 40C W

Load Protection:

nto

I Ohms

Short, rrisma ch, ope.- cirait proof
vdtagejcurre-t kilns instantaneous with
ne thumps or ci rot.-t.

Speaker Pfotestimo

Instantareous crowha- cir_rit _lamps tie
output upon advent o= an ifja failure.

Cooling System:
2 epeed brced ai- c cingover massive

PEAVEY ELECTRONICS CORP.
:11 A Street /Meridian , NS. 39301
1979

alLminum he &sinus

Output Transistors:
CIPCtE
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20. 4 drivers
c

T03í

Conclusion: The MXR Flanger /Doubler can be used

the Flanger /Doubler. The manual supplies detailed
information on installation and operation, along with a
recommended control setting for various effects in an
applications section. The manual also provides an
informative description of the circuitry and discusses
the theory of operation.

to produce a wide range of effects, either
or on stage. The controls are easy to use
good visual indicators as to the status
sweep and bypass. If you're looking for
toy we recommend you give it a listen.

in the studio

and they are
of the delay
a new sound

LAB TEST SUMMARY

(Note: All signal levels are referenced to 0 dBV =.775 Vrms)

Distortion (THD) through Line IN /OUT at 0 dBV
100 Hz 1 kHz 10 kHz
.018% .018%
Direct:
.018%
4.4 %- Flanger Min Delay
.79%
Delayed: .46%
1.74 % -Flanger Max Delay
.18%
.22%
2.75 % -Doubler Min Delay
.46%
.26%
1.13% 39.5 % -Doubler Max Delay
.33%
Distortion (THD) through Instrument IN /OUT at - 10 dBV
100 Hz 1 kHz 10 kHz
.015% .029%
.014%
Direct:
4.4 %- Flanger Min Delay
1.02%
Delayed: .60%
2.3 %- Flanger Max Delay
.20%
.24%
3.1 %- Doubler Min Delay
.63%
.35%
1.55% 42.0 % Doubler Max Delay
.42%
Bandwidth (- 3 dB points)
27 kHz
Direct: 13 Hz
-Flanger Min Delay
7.5 kHz
Delayed: 14 Hz
-Flanger Max Delay
11.5 kHz
13 Hz
-Doubler Min Delay
11.5 kHz
17 Hz
-Doubler Max
11.8 kHz
17 Hz

Line Input and Output Levels at Clipping
7.3 Vrms ( +19.5 dBV)
Direct Path:
2.1 Vrms +8.6 dBV) -Flanger
Delayed Path:
3.5 Vrms +13.1 dBV)- Doubler
Instrument Input and Output Levels at Clipping
1.84 Vrms ( +7.5 dBV)
Direct Path:
(

(

.53 Vrms -3.3 dBV(- Flanger
.89 Vrms ( +1.2 dBV)- Doubler
Noise Levels at the Line Output (20 kHz Bandwidth)

Delayed Path:

(

-78 dBV
-74 dBV Flanger Min Delay
-68 dBV Flanger Max Delay
-71 dBV -Doubler Min Delay

Direct Path:
Delayed Path:

-

-

-

66 dBV -Doubler Max Delay
Noise Levels at the Instrument Output (20 kHz Bandwidth)
-86 dBV
Direct Path:
-85 dBV Flanger Min Delay
Delayed Path:
79 dBV -Flanger Max Delay
83 dBV -Doubler Min Delay
-77 dBV Doubler Max Delay

-

-

-
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LAND VOICE PRODUCTIONS PRESENTS

Your own recording studio with an
exclusive franchise for your city!'

e

The Land Voice Franchise offers you:
for
location recording of everything from
on
recording
studio
A complete, portable, professional 12 channel
church groups to rock bands and theatrical events!
Brand name equipment! TEAC, Tapco, Superscope, MXR and more!
All equipment is supplied by Mars Music and Electronics, one of the
east coast leaders in quality components!
Album pressing and tape production at very reasonable rates!
Marketing plan and promotional services!
Complete quality control of album production by Land Voice Productions!
Professional mixing services!
Write or call Land Voice Productions for
on how you can operate your own
information
more
recording company! A complete package designed
for initial recording through the final album release!
.w.
.. -.-.. ..
Unlimited recording possibilities and profit potential!

ÿ¡.

s

.

+; a

Land Voice Productions

a

I ;.

401 -E Philadelphia Pike
Wilmington, Delaware 19809

(302) 764 -7046
*Availability limited to one franchise per U.S. city,
depending upon population and location.
@All rights reserved
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Take Your Pick
Whichever DOD product you choose you 'ì find
consistent high quality design and .materials.

hen we des gr a product we keep
the
an in mind all the way.

Wcemand
'11`E

a

prccuct that

is

furctiona

si pericr anc -o e-rsare that it will stay
trat ,wary we use rugged lame -:rand

iy

components Euch as CTS, Carling
Switch, Natioral Se-niconducto-, Texas
Irstrarrent, Switc ?craft, etc. We also

feature so d Cie -cast Zi-ic and All..m num cases an, FR -I-, G-1.7. Glass epoxy
circuit hoard.
our p-oduc.ts are hand
assemb ec and indmcLally lestes by
qualif ed technicians and haie a ful o eyear war -a 7:y of pals and labor.
I

For fcrthe- inf_rmation write or call

Elect*onics Company, 2395 Solt* West Te.'ole
Salt sake City. Utah 84115, (8`.;1) 485 -8534
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Reviewed By:
STEVE CAPUTO
ROBERT HENSCHEN

VE 'VIEWS

DEVADIP CARLOS SANTANA: One-

ness- Silver

Dreams Golden Reality.
[Devadip Carlos Santana and Glen
Kolotkin, producers; Glen Kolotkin,
engineer; recorded "live" in Osaka,
Japan and at The Automatt, San Francisco, Ca.] Columbia JC 35686.

Performance: Devotional strengths,

secular weaknesses

Recording: Diverse adequacy

Prayer bell chimes, a softly chanted
"Om," and serene gong open this

album's "The Chosen Hour," and
hymnlike organ /synthesizer chordings
are added for "Arise Awake." From the
Buddhistic album cover down to the
pious themes of every Oneness song,
the sole (soul ?) purpose here is religious
expression. But if that sounds like a
limited scenario, then you haven't
heard Santana when they're inspired.
For several years now, Devadip has
been at his best when he departs on
tangents from his salsa- funk-rock norm.
Blatant commerciality isn't necessary
for this man -he's almost always on
fire -but the tendency to formulate
and stagnate has been haunting albums
since Amigos (Columbia, 1976). Just
prior to that, Santana had gone through
his most fertile creative period, getting

SANTANA: A prolific flow of powerful, substantial music

NAT HENTOFF
JOE KLEE
JEFF TAMARKIN

into Eastern religion, experimenting
with the jazz of John Coltrane, and turning out such excellent albums as
Welcome, Borboletta, and Love Devotion Surrender.
That the spiritual connection is no absolute guarantee of musical perfection
was evidenced by Devadip's collaboration with Turiya Alice Coltrane on Illuminations (Columbia, 1974), an ambitious project that alternately rose
and fell to the heights of eternal bliss
and the depths of near boredom. But
Oneness is radically different and constantly changing. The opening theme,
for instance, quickly adds rock drums
and electric guitar, builds on a hefty
bass figure, then cranks at high energy
levels- almost the old Mahavishnu format. A jazzy remake of Alan

Hovhaness' "Mysterious Mountain"
climaxes in a dialogue between San tana's guitar and Tom Coster's piano. A
high energy approach to Chico
Hamilton's "Jim Jeannie" gives drummer Graham Lear a chance to sizzle and
provides jazzlike solo room for the
other musicians.
Side one momentarily hits the skids
with indulgent strings and a sappy
vocal by Saunders King, but the quality
control returns with side two.
"Oneness" is an excellent mixture of
slow rock and tense mystery. "Life Is
Just A Passing Parade" gets a funkier
lead vocal out of Greg Walker, and
"Golden Dawn" is one of Santana's rare
acoustic guitar spots, an impressive
combination of Spanish, classical and
blues licks. "Free As The Morning Sun"
starts off acoustic too but evolves into a
very strong Latin jam. A weak poetry
recitation interrupts the mood, then
Narada Michael Walden's "Song For
MODERN RECORDING
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Super Summer Giveaway!

RIA, the largest

Sept DRAWING for all enrolled
in Summer classes.

Bi

and most respecte
network of Studios
offering courses
in the art of multitrack recording.

Amp 8802 Stereo Mixer

Sound Workshop 242C Stereo Reverb

DBX
2

RM 163

-

Mono Compressor /Limiters
in a rack mount assembly

Burwen

1201

Dynamic Noise Filter

Aud

o Technica
Microphones
-

2

TDK

Tape
40 boxes

tape on

10 " reels

.

0

.r°°
°

a

information on RIA 's
Modern Recording Techniques course,
call our local representative in the following cities:
For+

AMEiS, IOWA

A:4

R

Recording Studio

1511) 232.2991
ALAN TA, GA

Apogee Recording Studios
(464) 522-8460

BALTIMORE, MD
Sheffield Rec's Ltd., Inc.
(3011 628.7260

BIRMINGHAM, AL
Solid Rock Sound
12tä) 664 -4160
BURLINGTON, VT
Starbude /Ashley Record
18021 658 -4616

CIMRL.OT--E, NC
Reflection Studio(7045377-4596

CHICAGO, Ill
Universal Recording Studios
(312) 64.2 -6465
CLEVELAND, OHIO
Acency Recording
(276) 621-0810

COLUMBUS. OHIO
Mus - Col Rec'g
1614) 267-3133
I

COLUMBUS, GA
HNR Studios
(4114) 327 -9411
DALLAS, TEXAS
Sound One
(2J4) 742-2341
DENVER, COLO.
AFplewood, Studios
(363) 279-2500

DETROIT, MICE''.
Recording Institcte
(313) 779-1380
GREENVI LLEiEASLEY, SC
The Sounding Beard
(803) 269 -7012
HONOLULU, HAWAII
Audissey Sound
1808) 521 -6781
HOUSTON, TEXAS
Wells Sound Studios
(713) 688 -80E7
JACKSONVILLE, FL.
Cypress Recoi ding Studios
1904) 246 -8222

KNOXVILLE, TN
Thunderhead Sound
615) 546 -8006

L.A. /ORANGE COUNTY, CA
United Audio
(714) 547-5466
NEW HAVEN, CT
Trod Nossel Predations

(203) 269.4465
NEW ORLEANS, LA

Knight Recording
(5041 834-5711
NEW YORK, N.Y,
R l'A

(212) 582 -0400
NORTHERN N.Y. STATE
Michele Audio
(315) 769 -2448
PADUCAH, KY

Audio Creations
1502)896.6746
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LB3600

RECORDING INSTITUTE OF AMERICA created

¡

813's

of Audua

When today's music conscious scciety made
recording the new art of self -expression, the

its national acclaimed ten week course in the art of
multi -track recording, entitled Modern Recording
Techniques. All classes are conducted on location
at 16 and 24 track recording facilities. Under the
guidance of professional recording engineers as
instructors, the students see, hear, and apply the
o
o
techniques of recording utilizing modern state of
0 o
°
the art of equipment. This avocational course
ó °ate o
C>
includes live recording sessions enabling musicians', :
and creative audio enthusiasts the chance to
experience, first hand, the new world of
a.
creative recording.

-

unidirectional
microphones

O OO

a

F

PHILADELPHIA, PA
Starr Recording
(215) 925-5255
PHOENIX & TUCSON, ARIZ
Lee Furr Studios
1602)792.3470
PITTSBURGH, PA
Audio Innovators
(412) 471 -6220
RICHMOND, VA
Alpha Audio

1804) 358 -3852

SANTEE /SAN DIEGO, CA
Natural Sound
(714) 448-6000
SEATTLE, WASH
Holden, Hamilon
& Roberts Recording
1206) 632 -8300

TULSA & OKLA CITY, OKLA
Ford Audio and Acoustics
(405) 525 -3343

CANADIAN
REPRESENTATIVES
MONTREAL. OUR.
RIA
1212) 582 -0400

OTTAWA, ONT,
MARC Production
(613) 741 -9851

TORONTO, ONT.
Phase One Recording Studio
(416) 291 -9553

CALGARY, ALBERTA
Sound West Recording
(403) 277-01E9

THE ONE-STOP MUSIC
SHOP AT WHOLESALE PRICES

r31

,v

-TO-REEL
BLANK TAPES M.REEL
1!W i; 8675
UL
WWI UD 36.180 380041.
335408

MAL

CASSETTE TAPES
Amu. CHM Meow
c,Otd Mertw
eA sweà C90
BASF Poolroom,
Am

C-60

I

Soh.

2.ái

TDK D C90
TON D C131í
TDK D 180
TOO AD C40
TDK AD C.90
TDK SA C4O
TDK SA C.90

Awn Lá00 (2 Hour)
TM T-120(4 Hour)
RA VO-260 ( /110tt
RCA VK-126

52.99
51.79

5262

512.00

so11fla95
572.50
55500
.542.50
.524.90

681S
681EEE-5

681EEf
6600E
500E

..

s12 60

11636

(2 Hour)

audio-techrtica.
548.95
34.90

61936
11450

NVTáO

P

Minimum Order 12 Tapes

5119.00
$85 90

$1730

2H000)...

oMOI1r)

$3.33
53.18

AT -12 SA
AT -10

$19.0

JVCT.120(4Hour)

5210

AT -205LÁ
91 -15 SA
AT-14 SA

/133A6
012.06

..

VHS FO

11 167

CARTRIDGES

t7

reMh 1áW (i2H0urf ..

N.991w3

Cá0......

$3.17
Swton Wow
Scotch Wow II or III C.00. 03.29
Soto Furduwe C40.... C1.S8
1

1EZ

(i ROUF) ....

1á900

8.5

ber IMO I DVn10

C90/30

16.35

BETA F000IATNOV)

n7

ÌrÌÌ 04400

%%ow UD %i

till

VIDEO TAPES

t3

W 100ßúö c20
Moro UD C.90

Sh{4ill

DDH..

Scotch 207 1800 h
TON L1800 1800 h.

39

11

"".1

s

.

CAO. 2.79

I

-

11936

100% Guaranteed.

SI

IUF
$69 90

V15 TYPE IV
V15 TYPE III

$64 95

Ó

1i

M9E
0446

..

20007
2000E111.

400001

.

...
.

.

.

KV1511200E

$49 95
$39 95

531.50
.519.50

KV15/750E

532 50

56151625E
%V15/400E

525 77
522 45

.529.90

tIOSEPAMENSEIR
523.88
$28.28
544.88

HO-400
HO-414

H0424

80

® PICKERING

559.90

HEADPHONES
HP44

ÓÓ

59 80

3SV/3000
20002

2

$17

1670E1

5e528

®r5oss
PRO AAA
PRO4 AAA
HV/1

8

...

53990
540.00
529.97

HMG

135.97

KAM
N

.519.97

d

NOW TO ORDER: For dement wiWin 4$ hours. Se 9I010V
order or certified deck. Two weeks ddey on persons' checks.
PNr add 57.50 per order for ehi00i00 6 handling. ($6.50 for
orders outside U.S.). N.Y.S. reidents add tax. No C.O.11%.
All merchandise 100% Hlorenteed, brand now O fetter, (rail.

33 PARK ROW, NEW YORK, N.Y. 10038

ORDER TOLL FREE (800) 221 -8180
CALL OR WRITE FOR FREE 96 PAGE CATALOG
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SMALL STUDIO
DESIGN

Devadip" closes the proceedings on an
upbeat rock note.
The flaws here may seem fairly
serious to a general listnership. There's
enough imagination in the instrumental
sections of the album to sustain
longterm interest, but in contrast to
strong performances by keyboardist
Coster, drummer Lear, and a percussion ensemble that includes Pete
Escovedo and Armando Peraza, the
vocal material comes off sounding
amateurish and doctrinal. Ironically,
Santana's intent to communicate
through language interferes with a
much more prolific flow of powerful,
R.H.
substantial music.

This all- instrumental Eno recording
of music composed for use in films could
indeed be described as heavenly. On the

BRIAN ENO: Music For Films. [Brian
Eno, producer; no engineer listed; no
recording location listed.] Antilles AN
7070.

mood music.

Performance: Pleasant and uplifting
Recording: Unobtrusively hypnotic

The first time I played Music For
Films, I used it as background music
while I read. I kept the volume on low
because my girlfriend was sleeping
nearby. When she awoke, she looked
up, heard the ethereal waves of Eno's
synthesizer floating through the room,
and asked quietly, "Am I in heaven ?"
Although it was funny at the time, she
may have extracted the essence of this
album in her initial reaction to it.

WHEN YOU'RE JUST STARTING IN THE RECORDING
BUSINESS EVERY DOLLAR
COUNTS, AND YOUR SPACE
IS JUST AS LIMITED AS YOUR
BUDGET. WE THINK WEVE
A
GOT THE SOLUTION
STUDIO DESIGN INTENDED

....

THE
FOR
SPECIFICALLY
WITH
STUDIO,
SMALLER
PERFORMANCE SPECIFICATIONS TO RIVAL THE BEST.
FOR MORE INFORMATION
CALL OR WRITE ..
=

RBROON SUN, INC.
6520,

San

Antonio, Texas 78209

512 -824 -8781

Although there are individual tracks
listed, any titles would be insignificant
for the purpose of reviewing this
record. The segues from one track to
the next are so smooth and controlled,
that the record is more a symphony
with several movements than a collection of individual songs of any sort. In
fact, the only apparent reason for
dividing this music into names would be
to distinguish the points at which the
various guest musicians appear. And
there are some high priests of progrock putting in time on Eno's most
understated recording to date. Guitar
heroes Robert Fripp and Fred Frith,
percussionist Phil Collins of Genesis,
and John Cale are all listed as contributors, but none are dominant in any
sense. Compared to the collaborations
between Fripp and Eno in the past, this
is hardly as monumental a meeting, as
there is little to show that anyone new
has entered the picture here. The recording is that low -key.
Basically, the music on this release
consists of ripples of sound, primarily
coming from Eno's synthesizers,
building on top of and then replacing
one another. It is not mentioned which
films these recordings were used for,
but it would appear that they could
have been placed in anything from
"Star Wars" to a James Bond flick.
Probably, they were used for less

.

P.O. Box

other hand, it serves as perfect
background music. Unlike Eno's solo
vocal work, or his much -heralded production with Devo and Talking Heads
(or the grating, progressive /new wave
collection No New York), the pieces on
Music For Films, which fall between
light classical and muzak, do not demand attention. The single notes and
tones, which beautifully connect
together, often become so secondary
that they blend into the decor of the
listening room, and only become
noticeable again when the shock of the
record ending and the turntable shutting off put an abrupt end to Eno's

BRIAN ENO: No clues here

commercially- oriented experimental
ventures, but that too is insignificant.
Perhaps the best film that this LP can
serve as the soundtrack for is the film
that the listener is acting out at the
time the disc is playing. It's perfect for
just about any activity where intelligent muzak would aid the am-
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biance, and though the production here
will not offer a clue as to the genius of
Eno's work with rock'n'roll, it shows
another side which demands, in the
long run, an even greater sense of imagination and the application of recording techniques.
J.T.
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formers are spe-
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for broadcast and
recording applications.
FEATURES
Low distortion <.2%
@ 30 Hz
2. Bread frequency
response ± 1 db
20.201(Hz
3. Electrostatic
1.

John Simonton's time - proven
design provides two eivelope
generators VCA, VCO G VCF in
a low cost, easy to use package.

shielding
4. Sin power levels:

HILARY:

Just Before After Hours.

[Wayne Henderson, producer; Alan
Sides. Reggie Dozier, Michael Evans,
engineers; recorded at Oceanway
Studio. Los Angeles, Ca.) Columbia

JC35547.
Performance: Outstanding
Recording: All out

Hilary is only 28 years old, female,
and has been playing flute and soprano
saxophone for just nine years. Yet, in
spite of these "handicaps," her album,
Just Before After Hours, is as fine a collection of music as I've heard from any
new artist in quite some time. Her
sound is a powerfully infectious brand
of funky jazz in which her self acclaimed jazz, classical, Latin, R & B,
and funk influences are clearly evident.
Tunes like "Do it," "Sundancers," and
"Amazona" have that lively Latin feel
to them, and always remain lighter
than air. They are more than adequately handled, not only by Hilary, but by
every musician involved. Hilary slips
into a funky sound with "Wanderer"
and the title cut, which at times, brings
Tom Scott or Chic Corea's Romantic
Warrior to mind. And, as if to show that
she and her instruments are capable of
expressing the spectrum of emotions,
Hilary brings the "Evening Essence"
alive with strings, piano, and a haunting Tim Weisberg type flute arrangement. "So in Love with You," a Wayne
Henderson, Richard Flowers composition, is a typical mellow Crusaders'
piece, done up nicely here. Finally,
Hilary looks to heaven with "Reach for
the Stars," a dreamy number on
soprano sax.
One reason Hilary sounds so strong
on her debut album, is the solid work of
Crusader Wayne Henderson, as producer. With instruments like the flute
or soprano saxophone, that lend
themselves very easily to production
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two qrzanò masterzs:

Creative
Audio

Nashville's
Progressive
Professional
Audio Dealer
uniting musical expression with
progressive studio technology,
you owe it to yourself to give us

-

call in Nashville.
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.

REMOVES VOCAL FROM MOST
STEREO DISCS
The Thompson Vocal Eliminator can

actually remove most or all of a solo vocalist
from a standard stereo record and yet leave
the background music virtually untouched!
Not an equalizer! We can prove it works on
the phone. Write for a brochure and demo
COST: $195.00
record.

ECHO

REVERS

47-4-4222:._ WWI

IrittliMEAMMI
We do it BETTER FOR LESS

Whether your interest is in using
ambiance for a concert hall effect or as an
echo chamber for studio recording use, we
manufacture a broad line of sophisticated
analog delay Echo and Reverberation
devices at prices which only direct sales
make possible. Prices from $159 to $495.
Write for a brochure and demo record. Include $1 to cover costs (refunded with order.)

Write to: L T

By Nat
While practically no other jazz leader
ever went into a recording studio
unless the date had been commissioned
by a record label, Duke Ellington quite
often made -and paid for his own sessions. He might have been between
labels and expected to license the
masters later. Or he simply wanted to
hear and study some of his new compositions. Still another reason, as
Stanley Dance, his friend and historian
has noted, was to get some return from
his expensively contracted musicians
during a period when they had no other

If you are seriously interested in

a

Òuke Ellington
anò ChaRies minus

Sound, Dept

P.O.Box 1061,

MR

Decatur, GA 30031
Phone: (404) 284 -5155

engagements.
Gradually, a number of these dates,
unlisted so far in the discographies,
have been turning up. Some on Norman
Granz's Pablo label, and now, Unknown
Session on Columbia Made in 1960, the
set is doubly rare because Duke leads a
septet rather than the full band. (The
voicings, however, are such that this is
the biggest- sounding septet I've ever
heard). The repertory consists largely
of Ellington standards: "Black Beauty,"
"All Too Soon," etc. The playing is extraordinarily relaxed, yet abounding in
vitality. Because it's a combo, everyone
has the space to stretch out; and there
are wondrously inventive solos by the
leader (who usually limited his improvising on orchestral dates); Johnny
Hodges; Ray Nance; Harry Carney; and
particularly trombonist Lawrence
Brown, the most flowingly romantic
trombonist in jazz history.
The sound quality, in an unnamed
Hollywood studio, is among the best
ever accorded an Ellington date
vibrant presence and flawless balancing of solos and ensemble. Moreover,
Ellington's piano is as incisive and full bodied as on those "live" performances
that for so long were among the most
deeply satisfying pleasures in jazz.
Though himself an unmistakable
original, Charles Mingus credited Duke
as one of his key formative influences;

-

Hentoff
and in time, Mingus produced a body of
composition second only to Ellington's
in range and imagination. A most
valuable part of Mingus's canon was a
series of 1959 sessions, most of which
have been hard to find and four of
which were never issued at all. In
Nostalgia in Times Square, a two -LP
Columbia album, all have been resurrected; and indeed those previously
released are now heard for the first
time in full -length unedited versions.
The pieces encompass much of the
history of jazz, from "Jelly Roll" and
"Boogie Stop Shuffle" to "Open Letter
to Duke" and a number about Charlie
Parker, "Gunslinging Bird." The impassioned interpreters include some of
Mingus's bravest sidemen (Booker Ervin, Jimmy Knepper, Horace Parlan,
and the indispensable Dannie Richmond, a drummer who could anticipate
everyone of Mingus's surprises.)
Engineering on all these dates was
sensitive to Mingus's broad scope of
dynamics and the need to capture the
insistent passion of the music. Mingus
himself, by the way, is in towering,
boldly venturesome form. A special nod
to musician Sy Johnson's liner notes
which are unfailingly informative to the
point where they form one of the most
illuminating essays on the essence of
Mingus's leapingly high art.
DUKE ELLINGTON: Unknown Session. [Irving Townsend, original producer; Michael Brooks, reissue producer; no information on original

engineer;

Frank Abbey,

reissue

engineer.] Columbia JC 35342.

CHARLES MINGUS: Nostalgia in
Times Square. [Teo Macero, original
producer; Jim Fishel, Frank Abbey,
reissue producers; no information on
original or reissue engineers.] Columbia JG 35717.
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techniques like echo, reverb, or overdubbing, there is a tendency to overproduce, burying any talent the artist
might have. But a veteran jazzman like
Henderson realizes this, and keeps the
production simple, allowing the music
to attain its own level of complexity.
The sound of the album is tight, clean,
and crisp. Henderson has achieved a
good blend of the session musicians
with Hilary's sound. Even the occasional vocals are used as instruments.
But Henderson skillfully moves the
spotlight from Hilary's flute or sax to,
say, keyboards or percussion, in expanding the music, and this is what
strengthens the sound.
An artist can only be as successful as
the sound of his or her record, and
Wayne Henderson has done a fine job
bringing Hilary alive on this album.
Just Before After Hours is a well -paced
album from song to song, and this intensifies Hilary's ability to express a
multitude of feelings. And for all her
"handicaps," Hilary may just be the one
to bring us back to what jazz is all
about feelings. Because, as jam packed with talent as Hilary is, for a
28-year -old female with only nine years
experience to have created as powerful
an album as this one, it has to contain
an incredible amount of feeling.
S.C.
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CHANGE OF ADDRESS
Planning, to move? Please let us know six
weeks in advance so you won't miss a single
issue of MODERN RECORDING- Attach old
label and print new address in space provided.

Also include your mailing label whenever you
write concerning your subscription to insure
prompt service on your inquiry.

ó
3

2
<

3
A

4

Omnicraft

Orange County
O'Sullivan

Otari

Sennheiser
SescoM
Sound Workshop

Attach
Label
Here

4

Studer /Revox
Superex

Switchcraft
Tangent
Tannoy
Technics
Uni -Sync

Creative Audio

-

112 SPACE PARK DRIVE

NASHVILLE, TN. 37211
(615) 331 -3247

MODERN RECORDING Magazine
14

Varrciwvenier Ave

Port Wmhinytrtn N Y

I

InSU

CIRCLE 117 ON READER SERVICE CARD

Meet tim Sam Ash
JOE VENUTI: The Best Of Joe Venuti.
[Hank O'Neal, producer; Fred Miller,
engineer; recorded at Downtown
Sound, New York, 9/27/73, 5/20/74 and
July, 1975.] Chiaroscuro CR 203..

Not Liners!

Performance: Certainly the best
Recording: Up and down
JOE VENUTI: Violin Jazz 1927 to 1934.
[Nick Perls, reissue producer and
engineer; no recording locations
given.] Yazoo 1062.

Performance: Certainly the best
Recording: From crude
to almost HiFi

Let's begin with the fact that Joe
Venuti is the best violinist who ever
played in the jazz idiom. I know that's
just my opinion but it's an opinion that
I've held most, if not quite all, of my
life. I couldn't have been more than
seven or eight years old when I heard
my first Joe Venuti record and I've
been collecting them ever since.
There's something incredible about this

Eric
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John Saunders Mgr
Tc-n Farmer
Gene Nasshow

MaryChamptn
Jay Kates

The Sam Ash Hot Line is your direct line o the professio.al advice *and
prices) you'll get o-ly from Sam Ash, Mew York's Musc Depa-trnent
Store. Call our Hot Liners on our toll free number and ,0ou'll understand

why musicians all oiler the world depend on them for nfcrmation, price
quotes or lust plain _deice. There's no mastery: we're :he biggest in the
business, with six Sam Ash stores in the New York 3rs3 plus a huge
warehouse. And weve got a 55 year -old reputation tha- p oyes we kiow
what our customers need. So don't guess at it: don't wonder atoLt it;
don't sweat it! Use t-e toll free Sam Ash Hot Line, and f nc out now.
GUITARE
KEYBOARDS

AMPS SOUND REIN = ORCEMENT EWP
DRUMS ALL INSTRUMENTS & ACCESSORIES

Since 1924

IN NEW YORK STATE CALI. 212-347-7757
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MUSIC STORES

PENINSULA BOULEVARD, HEMP STEAD, NEW
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mikes
by mall?,.

for less?
why not!
We don't have
a high overhead...

.sglp;n
ptmtictnittust,

no storefront,
no salesmen, so
our prices are lower.
The Mike Shop,
has a mail order
only policy...
If you need
microphones and
accessories,
we've got them,
at the right prices.
Write us for
a prompt price

quote
or for our price
sheet. Help us keep
our prices down,
enclose a 154 stamp
with your request.
The Mike Shop...
mikes by mail,
for less... Why not!

JOE VENUTI: Swings and plays with the strength and imagination of a genius

The Mike Shop
PO Box 366H,
Elmont, NY 11003
A

'"

Division of Omnisound Ltd.
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Classified Rates
75c per word
Minimum 10 words. Copy
must be received at Modern
Recording, 14 Vanderventer Avenue, Port Washington, N.Y. 11050 by the 1st
day of the 2nd month prior
to cover date (for example,
the April issue closes February 1st). Payment must
accompany order. Phone
numbers count as 1 word.
Zip codes are free.
DISPLAY ADVERTISING
$100.00 per column inch

immigrant (don't believe those stories
about him being born on the boat) from
Lecco, near Milan, Italy and who played
hot jazz like he was born in New
Orleans. Actually, according to the best
estimates, Joe was born one year
before Louis Armstrong, so if he had
been born in New Orleans nobody
would have been too surprised that he
was such a good jazz fiddler. That such
a great improvisational jazz virtuoso
can come from Italy is proof of the
universality of the music.
These two reissues concentrate on
totally different periods in Joe's career.
The Yazoo LP reproduces sides from
Venuti's period of highest popularity.
During the '20s and '30s, it was not
unusual for Joe to do two or three
record dates on the same day scurrying from one to another as energetically
as he played. All but three of these cuts
feature Venuti in the familiar company
of his guitar -playing pal Eddie Lang all
the way from duets like "Goin' Places"
to the larger, more orchestrated cuts
such as "Jig Saw Puzzle Blues."
Whatever the setting Venuti swung
mightily and played with the strength
and imagination of a true giant.
The Chiaroscuro release covers a
shorter timespan from 1973, shortly
after Joe's re- emergence from obscurity, until 1975, only three years before
his death. It was during this period that
Joe took to making records with Zoot
Sims and a rhythm section for Hank
O'Neal's thriving Chiaroscuro label.
The rhythm section nearly always had
Cliff Leeman or Bobby Rosengarden on
drums, Milt Hinton or George Duvivier

Imil

rI
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92

on bass and, in this case Dick Hyman,
Dick Wellstood or John Bunch on piano.

In the almost forty years between
the latest of the recordings reissued on
Yazoo and the earliest of the recordings
on Chiaroscuro, it would sound as if Joe
Venuti had undergone a rather drastic
change. It was not a change in rhythmic
intensity so much as it was a change in
rhythmic feel. Joe still swung, but he
swung in a different way. It wasn't
even so much a difference in Joe's playing as it was a tribute to his flexibility.
The '20s and '30s rhythm sections were
a two-beat affair with Adrian Rollini
supplying the "oomphasis" with his
bass saxophone. When the string bass
(especially when bassists like Milt Hinton were present) or drummers like
Cliff Leeman took over, the time changed from two -four to four -four and the
music took on a more laid -back attitude.
Joe could cut it either way. If there's an
advantage to the Yazoo over the
Chiaroscuro, it's the inclusion of several
lesser known alternate takes since the
Chiaroscuro sides are made up of only
issued takes from the albums that Joe
and Zoot did for the label. The Chiaroscuro advantage is the presence of Zoot
Sims, surely a giant on the tenor sax,
and the way he and Venuti interact.
The recording quality is variable on
both discs -being at its best in the 1934
"Satan's Holiday" recorded in England
for Regal Zonophone and at its worst,
surprisingly, on some of the Chiaroscuro
sides, where it sounds like drummer
Cliff Leeman is right on top of the mic.
J.K.
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47
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WANTED: Recording equipment of all ages
and varieties. Microphones, outboard gear,
consoles, tape decks, etc. Dan Alexander,
6026 Bernhard, Richmond, Ca. 94805, (415)
232 -7933 or (415) 232 -7818.

Audio
Aspen Associates
Audio Technica
Audioarts Engineering

7

FREE information on home recording studios.
Send stamped envelope to Trackmaster, Box
585, Bremerton, Washington 98310.

59
45

28

If you have a

professional multi -track studio,

and are interested in becoming a licensed

representative for R.I.A.'s Modern Recording
Techniques courses, call or write Mr. Chas
Kimbrell, R.I.A., 15 Columbus Circle, N.Y.,
N.Y. 10023. (212) 582 -0400. A large profit
potential with low operating costs.
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11/2 year old Ampex AG440C
track in- console with R.C. Excellent condition. Contact: Steve Simmons, (405)
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Effortless moving of heavy speakers. Raises

BSC

14

Creative Audio
Creative Audio
Crown

90

on legs for max. sound efficiency. Rolls on
four wheels. Send self- addressed stamped
envelope for brochure. Hlo Dolly, P.O. Box
2173, Santa Rosa, Ca. 95405.
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DiMarzio

91

20,21

55

Cover

24
30, 31
15

88

Hammond Inds.)

...
...

79
51

94

....
....
....
...

120

33

Maxell
Music Emporium

.... Omni

60
89
80
39
124
116

89
4

Sound

...

92

...
...

Reinforcement,

Tapco, EV, Atlas, etc. Write or call for low
mail order prices. Sonix Company, P.O. Box
58, Indian Head, MD. 20640. (301) 753 -6432.
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Shadow of America
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equipment

16 track Scully 100 (equipped with Spectra
Sonics guts & mod for quick punch),
$10,000.00. 16 x 4 x 16 track APSI console
(mod. with TL072 I.C.$), $5,000.00. (617)

426 -3455 or (617) 492 -8649.

8

MULTI-TRACK AND SEMI -PROFESSIONAL
AUDIO EQUIPMENT: BEST PRICES! Prompt

3

delivery!

dbx, Teac /Tascam, Sound
Workshop, AKG, Delta Lab, Phase Linear,
Uni-Sync, Others. Dept. MR, WDI, P.O. Box
340, Cary, N.C. 27511. (919) 467 -8122.

23
65
4

40, 41
17
16

_

WANTED: Vega 158 8 ohm speakers. Any
condition, (415) 529 -2908.
SAVE MONEY building your own 19" rack -

mounting equipment. Rack cases available
for 10 or 12 band stereo equalizers, LED VU

meters,

preamps,

patchbays,

etc.

(schematics included). Send $1.00 for prices
and details. Home Grown Music, P.O. Box
1084, Decatur, Al. 35602.

-

OUND

One of America's top pro

Pars, fresnels, ellipsoidals,
BUY DIRECT
dimmer boards and much more in lighting at
wholesale prices. Send $2.00 for huge
lighting catalog. $2.00 applied towards first
purchase. Direct Sales Dept., P.O. Box 343,
Waterford, Ct. 06385, (203) 442 -9600.

-

M79 24 track w /16 track
heads. Good condition, $22,000.00, (404)
449 -5147.
FOR SALE: 3M

PROFESSIONAL One inch 8 -track equipment.
Package includes: Audio Designs console,
Scully 280 8- track /sync masterN.F.O., dbx
158, Scully 2-track, and much more. Contact
(313)434 -2141.
FOR SALE: 3M Series M -79 16 -track tape
machine (2- inch). Mint condition. $17,000.00
or best offer. Phone (614) 663 -2544.

JBL AND GAUSS SPEAKER WARRANTY
CENTER. Full lines stocked. Instant recone
service, compression driver diaphragms for
immediate shipment. NEWCOME SOUND,
4684 Indianola Ave., Columbus, Ohio 43214.
(614) 268 -5605.

SOUNDCRAFT studio console 24/16, 23PPM's, P&G faders, sweep E.Q. 260 position
patching (mint), $19,500.00 U.S. AMPEX
MM -1100, 16 track, 500 hours, like new,
$17,500.00 U.S. 3M M -79, 16 track w /selectake, $15,900.00 U.S. AMPEX ATR -100, 2
track, mint, $6,800.00 U.S. Phone: (1 -902)
469 -3243 -CANADA.

RECORDING ENGINEER
EXPERIENCED
needed. 8 -16 track, MUST troubleshoot. TAN TUS Studios, 18461 W. McNichols, Detroit,
MI. 48219, (313) 533 -3910.

RECORDSAVERS, poly-lined inner sleeves,
ten cents each, postpaid, minimum 100.
DEO, Inc., Box 452 E, Glenview, Ill., 60025.
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18 ch with expander. $2,950.00

recording studio gear at the lowest prices ...
from 2 to 24 tracks. We carry nearly every
pro and semi -pro line of recording equipment.
Call or write for top quote. Also, send $1.00
for our new catalog. Amerisound, Suite 207,
209 So. High St., Columbus, Ohio 43215,
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new, asking
800 -638-6050.

io dealers. Your hotline to the latest pro
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.... Fender
.... J &R Music
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A.B. Systems, Audioarts Engineering, Ashly
Audio, Altec, AKG Pro., dbx, HM Electronics,
'vie, JBL Pro., Loft, Lexicon, Northwest
Sound, PSL Products, Shure SR, SAE Pro.,
Tapco C-12 Dealers, Teac Multitrack,
Tascam Model 15, Klark Teknik, Technics
Pro., Showco and many more. Call or write
for a quote. Professional Sound Labs, Inc., 42
North Franklin Street, Hempstead, New York
11550.(516)486 -5813.
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For a complete 'isting cf ali
hardware and a catalog, send $1.GC to:

DiMarzio®
Musical Ins:rumert Pickups, Inc.

CIFCLE 107 ON READER SERVICE CARD

Dept. MR
1388 Richmond Terrace, Staten Island,
NY

Imagination fuses two powerful illusions.
Experimentatión leads to the
discovery of new reties.
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Introducing the MXR Flanger /Doubler.
For more information see your MXR dealer or write us.
MXR Innovations, Inc., 247 N. Goodman Street,
Rochester, New York 14607, (716) 442 -5320
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