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1 at 

tears ago this á flanger. 

Incredible, isn't it? But when 
flanging was first used, it was 
done like this. Rumor has it that 
the first time flanging was 
achieved, it happened by accident. 
An engineer mistakenly leaned on 
the flange of a moving reel altering 
its speed relative to another simul- 
taneously moving machine. The 
sweeping sound that resulted was 
one of an enhanced tonality, simi- 
lar to a phase shift but also having 
characteristics of its own. This phenomenon be- 
came the hottest new sound in the recording indus- 
try overnight, but there were problems. In order to 
duplicate the flanging sound one had to obtain three 
recording machines, one experienced engineer, and 
a lot of time. 
It was soon realized that this mysterious sound was 
actually the result of a time delay causing the 
cancellation of certain harmonically related fre- 
quencies whose sweep could be controlled. 
Later, it was also discovered that the same sound 
could be attained electronically by splitting the 
signal, passing one half through time delay circuitry, 
and re- combining the signals. The only setback was 
that this effect could be produced only with expen- 
sive electronic equipment, limiting its use to large 
recording studios. 

The MXR flanger is the first re- 
asonably priced flanger designed 
for live performance. With the 
MXR flanger it is possible to re- 
peatedly achieve a wide variety of 
flanging- related sounds through 
the manipulation of the controls 
provided. From classic flanging to 
a pulsating vibrato, you have con- 
trol over the parameters of sweep 
width and speed. As well, you have 
manual control over the time delay 

itself, and regeneration of the flanged signal for _ 

more intensity. 
But it doesn't stop there. The MXR flanger's long 
time delay capabilities make it one of the most 
versatile effects on the market. By varying the delay 
range, colorations from subtle to bizarre are easily 
available, as well as really thick twelve- string sim- 
ulation. We think it's incredible, and we believe you 
will too. 
MXR Innovations, Inc., 247 N. Goodman Street, 
Rochester, New York 14607, (716) 442 -5320 

r 
MXR 
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Let us introduce ourselves. We are Studiomaster, the maker of the most dramatic 16/4 mixing console you can find on 

the market today. We don't settle for basic features only. 
On each input channel our 16/4 board has five equalization controls. An input gain control. Peak overload indicators. 

0 / -30db padding. 2 echo sends and foldback (monitor) level faders...and our output is as interesting as our input. We 
have a lkHz line -up oscillator. Line output level faders. Individual channel master panning. foldback, and monitoring 
controls. Both echo returns have 3- position routing capabilities. And our exclusive mix -down feature. ..a remix switch 
that converts the first four input channels to stereo mix -down channels automatically from the same board. Imagine the 
patch cord and second mixer confusion that can be overcome. 
The best feature that Studiomaster has to offer is that we are sold by Studiomasters. Let us present our nationwide 

dealers. Select your closest and visit him soon to discover why we are the Studiomasters. 

ALABAMA 

Nuncio, Music 
1917 59 Ave. No, 
Birmingham 35203 
205 -252 -4498 

ARIZONA 

Bill Fry's Moak Center 
8322 N. 7th SL 
Phoenix 85020 
602.997.6253 

The Music Stand 
2229 Country ChM 
6uscon 85715 
602 -3276375 

ARKANSAS 

Strum & Hum 
7515 Geyer Springs 
Little Rock 72209 
50/562475/ 

CALIFORNIA 

Calif. Musical Inst. Co. 
10191:. Vermont Ave. 
Anaheim, 92805 
714- 5338610 

2üniclh Slunk 
235 N. Acusa 
West Covina 91791 
2139661781 

K & K Music 
1904 W. San Carlos St, 
SanJme 95128 
4082495760 

WAN Sound 
1115 R Street 
Sacramento 95814 
916 -444 -5491 

Gospel Sound & Muaic 
555 Lighthouse Ave. 
Monterey 99940 
408.373.5272 

Fancy Music 
744 State St. 
Santa Barbara 93101 
805- 9633505 

Guitar Showcase 
3090 S. Bascom Ave. 
San Jose 95124 
408.377.5864 

Don Wehr i Muais. CI, 
817 Columbus Ave, 

San Francisco 94139 
415 -6739700 

COI.ORADO 

Solid Sound 
2690 289 St. 
Boulder 80301 
903444 -1734 

4°-Sound 
2432 S. Colorado Blvd. 
Denver 80222 
3037594455 

CONNECTICUT 

Last Coast Sound 
440 Candlewood 
New Milford 06776 
203 -354.9374 

FLORIDA 

Warehouse Music 
1010 S. Wooden Ave. 
!Hand° 32805 
305-423.4204 

Musk City 
1711 S. 1-oú Ave. 
Tampa 33609 
813 -879.8327 

Shad City 
2580 Atlantic Blvd. 
Jacksonville 
904 999- 5 719 

2207 

Ace Music 
13630 W. Dixie Hwy. 
S. 51.441 33161 
305- 891.6201 

ILLINOIS 

AAA Swing Cfty MLSic 
1912 Vandaóa 
C 116.svilh 52234 
314ä21.15M 
618 -549421M 

D.J.3 Music 
5055 W. 91e, St. 
Cicero 60651 
312 863.7106) 

INDIANA 

g,R-C Milan Stures 
97082. 38th St. 
In ' tol. 4..218 
31542.2159 

Llfra..und Prw.vctions 
P.C. Fox 913 
-Ft Wayne 4,819 
d1.o447-654` 

KANSAS 

al h. Short. Gu -tars 
115 3 Crem 
Wichita 67211 
116 -694á251 

10."1031JCKY 

Ow.ntmro hfuss Center 
411 Park Blau Dr. 
Rwenelsoro 49301 
50268421.6 

1O111SIANA 

Sound City 
M16 N. Carr khan Ave. 
New 19Iean. 10119 
94444177834 

.NASSACIII.S. ris 

23 Amen St 
Waters wn 02172 
617425.0190 

MOCI CAN 

Mix., lemerprises 
712 Catherine Ave. 
Ann .0aor 11104 
3'. 3904 7934 

Stage Sear Mask 
4,3 fic lake Rd. 
Pontius 48)53 
313 -6632844 

Prn-G2tlive Musk 
41.615 . Kdgnm 
KJau.aaoo 49001 
611.9 118s 1 

.MIN3R5OIA 

Me 's Musk 
24239 11016 Street 5, 
M,wrheal 56560 
218.23s 75x6 

AS C.SyetSma 
15:7 v.t Lake st. 
Mirnc.9hulú 35407 
61372383115 

M6SI.SIPP1 

6095 Muck 
K:o.k Center. ferry Rd_ 
Jarmsor 39212 
601373.1604 

DMS Mu+ie 
N. 8aytu Rd. 
Caeeelauu 8732 
60I-8467..15 

51115473111 

3igtude'e Ste.1ic City 
3817 8r1a4s1cl 
Kamas C9y 54111 
81E- 93...639 

.02.1241.4 

Old-City kiosk - 
:.19 N. 1016 51 
Omaha 491112 
- .09342 -9395 

NEVADA 

Prot Dram Shop 
608 Maryland Pkwy. 
IaiVegas 89101 
702 -382.9147 

NEW JERSEY 

Rondo Music 
wç 22 C Vaux Hall Rd. 

Union 07083 
201 X87.2250 

M & 11 Music Co. 
2006 5. Debra Dr. 
Vim Maid 08360 
609691 -9568 

NEW YORK 

Whirlwind Music 
100 Hogan St, 
011519t. 14612 
716%38820 

Audio by Zimct 
109« Northern Blvd 
Rodin 11576 
516.421-0138 

Musical Instrument Oudn 
2511 Middle Country Rd. 
Centereash 11720 
515..5 -7776 

500.111 CAROLINA 

Reliable Music 
1001 _,Independence Blvd. 
Chakatn 28202 
7043758662 

OH10 

Coyle Music 
28648:. High Sr. 
Columbus 43202 
614-M3.1891 

The Musc Connection 
14517 Pearl 
Strongsville 44136 
216.2365066 

Howard Early Musk Cenoa 
0171 Glendale- Milfrrd Rd. 
Cncirnati 45141 
513-613.900C 

OKLAHOMA 

Driver Music Go. 
6600 SW 39th Exp-ctsway 
Bethany 73009 
4057894711 

OREGON 

Por0ao4 Malik 
5205W 3rd 
Portland 9270a 
503306.3719 

PENNSYLVANIA 

Cintioli Musk Center 
5359 oxford Ave. 
Philadelphia 19124 
215.742.4115 

D.C. Shot .Sound Sesteros 
239 Center Ave. 
Ëmswcrth 15252 
412-761 2724 

Markham Music 
1651 W. 261E S. 
Erie 1,508 
8144523340 

Swissvale Musk 
2035 Malik 
Pittsburgh 15211 
41235: -5882 

SOII'1I1 CAROIJNA 

Smith Music Hesse 
120 Magnolia Sr, 
Spartanburg 25501 
8035814108 

TENNESSEE 

Strings & Phirgn sn Memphis 
205 S. 0 ooper SL 
Memo.. 38104 
901208 0500 

TEXAS 

Danny`s Musk Box 
4583 Montana 
ELPaao 79903 
913566.8675 

River City Music 
6718 San Pedro 
518 Antonio 78215 
523 826 -4101 

Pah&er Music Co. 
5915 Gulf Freeway 
Walston 77023 
7I i 923.9036 

BiBy'e Band Aid 
150 114.51 Shopping C,, ,, 
Amarillo 79107 
805.-581.3232 

Gutar City Studio 
6: N. Main 
1l'37le 84037 

8CÍ -3739981 

VERMONT 

S.üI.Audio Service. 
1791/2 Pearl St. 
Burlington 05401 
8021802 -1905 

VIRGINIA 

Am&assadar Moak 
2461 Tidewater Dr, 
Noetnik 23505 
804383 -1894 

WASHINGTON D.C. 

Washington Music C tes 
11151 Viers 6181 Rd. 
Wheaton 20902 
S019463808 

WEST VIRGINIA 

The Pied Pipn 
1200 337149. 
Huntington 25701 
304.525 3055 

WISCONSIN 

Regenberg Music 
6615 University Ave. 
Middleton 55562 
6088361501 

Uncle Boh's Musk 
5635 W. Capitol 
Milwaukee 53216 
414- 462 -2700 

Musk Tree Ltd. 
219 Jefferson SL 
Wausau 54401 
715 -845.5950 

CANADA 

Axis Mun 
3959 IMsdngs St. E. 
Burnaby B.C. 
6142997521 

Mother, Music 
10611 Jasper Ave. 
Edmonton. .Alberta 
493424.7174 

Mother's Music 
WASHINGTON 1415 1716 Ave. SW 

CUP 17. Alberta 
Amerman Musk Ret4lers 1932453725 
4451h Fremont No. 
Seat], 98103 Guttarland 
200-5931774 558 Broadway .Ave. 

Wnnepeg, Manitoba 
204.775 -8461 

K.dua Music 
2271 Kingston Rd. 
Scarborough, Ontario 
4162642147 

Ken Parisien Mak 
I099 5t. Laurent Blvd. 
Ottawa. Ontart 
613741.0111 

Richard's Music 
6071 Sherbrooke St W 
Montreal, Quebec 
514-4879911 

The Music Stop 
169 Wyse Rd. 
Dartmouth, Nova Senti. 
902 -4669565 

Studiomaster has a limited number of openings for qualified pro 
ggsound 

dealers in areas not covered av our dealership list above. 
For information or recommendations, please contacts ii m to 

$8_ SERVILE t 
Street, Anaheim, California 92$05. 
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EVERY MUSICIAN 
SHOULD PLAY 

THIS KEYBOARD. 

It controls the TEAC Model 124 
Syncaset". 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. 

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 demonstra- 
tion of the Model 124 Syncaset :" 

'Dolby is a registered trademark of Dolby Laboratories. Inc. 

TEAC. 
Multitrack Series 

(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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THE FEATURES 

INTERFACING AUXILIARY 
EQUIPMENT: WHERE AND WHY 42 
-Part II 
By Larry Blakely 
At this point you should know how to read 
a block diagram of a mixing board and 
should be familiar with all those little sym- 
bols that are included therein. So, in this sec- 
ond and final part we show you some tech- 
niques and supply additional information. 

MAY 1979 

VOL. 4 NO. 8 

JAZZING UP PCM 
52 By Fred Ridder 

Recently, at Sound Ideas recording studios 
in N.Y.C., a most unusual selection of ses- 
sions were done. Not only were some of the 
top names in jazz on hand, but the recordings 
were done in real time with the PCM (Pulse 
Code Modulation) digital recording tech- 
nique. It wasn't easy, but Mr. Ridder (with the 
help of all at the studio) persevered and cer- 
tainly conquered. 

PROFILE: THE BRECKER BROTHERS 
By Joel Siegel 
Pick an album, any album. Look at the musi- 
cian's credits and there is a very good 
chance that the names Randy Brecker and /or 
Michael Brecker will be there. Perhaps that's 
overstating the case, but the way these 
gentlemen get around (and with their new 
jazz club recently opened in N.Y.C.) we may 
not be far off. 

56 

COMING NEXT ISSUE! 
A Session with B.B. King 
Unravelling the Cable Problem 

Modern Recording (ISSN 0361 -0004) is published monthly by Cowan Pub- 
lishing Corp.. 14 Vanderventer Ave., Port Washington, N.Y. 11050. Design 
and contents are copyright 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. 

THE STAPLES 

LETTERS TO THE EDITOR 6 

TALKBACK 
22 The technical Q & A scene. 

THE PRODUCT SCENE 
34 By Norman Eisenberg 

The notable and the new, with a comment 
on the present and possible future status of 
metal tape. 

MUSICAL NEWSICALS 
By Fred Ridder 
New products for the musician. 

38 

AMBIENT SOUND 
74 By Len Feldman 

With all the equipment new and old that sur- 
rounds us, we sometimes find ourselves 
knee -deep in cables and connectors Which 
connector do you use for what connection? 

LAB REPORT 
By Norman Eisenberg 
and Len Feldman 
Denon DR -750 Cassette Recorder 
Hitachi H MA-8300 Power Amplifier 
Spectra Sound 1000 -B Graphic EQ 

HANDS -ON REPORT 
By Jim Ford 
and John Murphy 
Neutrik AD4 Analog Delay 

GROOVE VIEWS 

76 

84 

90 
Reviews of albums by the Enrico Rama 
Quartet, Charles McPherson, Kenny Burrell, 
Joan Armatrading, Ian Matthews and the 
Werewolves. 

ADVERTISER'S INDEX 

Cover Photo Douglas Hanewinckel 
PCM Photos: Douglas Hanewinckel 
Brecker Bros Photos: Arista Records 

110 
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Presto Chango 

With regard to the letter ( "Talkback," page 22, March 1979) from 
Keith Evans about his old Presto disc recorder, perhaps I can 
help lead you to the current status of the firm. 

A number of years back, Presto Recording Company was ac- 
quired by the David Bogen Company to form Bogen- Presto. As a 
division of Bogen, Presto continued to make recording blanks, 
turntables, disc and tape recorders, etc. While they had some 
very advanced ideas (at the time) for state -of- the -art tape 
recorders (ask an old timer about the Presto 800) and were sell- 
ing a modest number of Muzak tape players and other specialized 
units, the Presto operation quietly disappeared into Bogen. 

The company is now known as the Bogen Communications 
Division of Lear Siegler, Inc., and is located at Route 4 and 
Forest Avenue, Paramus, New Jersey 07652. The company is 
primarily concentrated in the institutional sound field, having 
dropped out of the popular -priced hi -fi business some time back. 

By the way, the recorder Mr. Evans has purchased is a Model 
6N, not a GN. Presto had a well- deserved reputation for solid, 
sturdy equipment, and this is certainly proof, since the unit must 
be at least two decades old! 

-Lloyd W. Loring 
Vice President 

J.G. Sullivan Advertising, Inc. 
South Bend, In. 

In reference to Keith Evans' letter in the March 1979 issue 
(page 22), I would like to point out that Presto was bought out by 
Bogen Co. during the 1950s. At the time, Bogen, who now makes 
low -end P.A. gear, was entering the "new" hi -fi field, and bought 
out Presto to complement its line of amps. The Bogen- Presto 
turntable and Bogen hi -fi amps were made until the early 1960s, 
when Bogen dropped its hi -fi line completely. I would suggest 
writing Bogen at Box 500 at [same name and address as given by 
Mr. Loring, above]. 

Also, thank you for printing my letter (same issue, page 18). 
-Barry Fuerst 

Oak Park, Ill. 

The above two letters arrived in these offices on the same day 
and we're most gratified to know that people are willing to take 
the time to respond to such a dilemma as Mr. Evans: 

The final poop, though, is not too positive: We gave Lear 
Siegler, Inc.'s Bogen Communications Division a call, fully ex- 
pecting a response as uplifting as those from Messrs. Loring and 
Fuerst, but were informed that the company has no supplies 
such as styli and discs available for Presto units. We do hope 
that Keith Evans has gotten those accessories, then, from the 
firms we had made mention of in our original reply in "Talkback," 
back in March. 

6 MODERN RECORDING 
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Whey settle for a copy... 

Why settle for an imperfect copy of 
your sound, when Tangent will give 
your audience the original? 
Tangent's crystal -clear transparency 
allows your original to flow cleanly 
to your listeners, with only the 
coloration that you add. 

And beyond this foundation of solid 
quality, Tangent's "a" series 
mixers give you these features found 
previously only on recording consoles: 

SOLO 
Listen to any input by itself, or preview an 
entire group. Pushing ANY solo button 
automatically puts that channel into the 
headphones, no matter what signal was 
there before. Electronic FET switching 
makes this possible. 

MODULARITY 
Tangent consoles are totally modular for 
servicing ease. Take a spare module on the 
road for no down time. 

Tangennt 
you 

thegives r 
100mm SLIDERS 
Tangent uses 100mm long -throw faders for 
extra control and visual feedback. Compare 
these to the competition's usual 45mm 
or 60mm length. 

THREE SENDS 
Effects, Reverb, and Monitor sends on each 
channel act as three independent mixers - 
within -a- mixer. Compare Tangent's three 
send busses to other mixers having 
typically just one or two. 
CHANNEL PATCHING 
Each input has a pair of access jacks for 
patching external effects into a single 
channel or sending a direct feed to a 

multi -channel tape machine. 

LOTS OF EXTRAS 
Tangent also has totally balanced inputs 
and outputs, buss access jacks for slave 
mixerexpandabilily, and an optional 
reverb that is one of the smoothest 
soundiig spring units available 

Compare these -features to those on 
consoles costinc twice as much and 
you'll see what a value 
Tangent is. 

As for comparing the quality, well, 
you just can't get better than the 
original. 
Write or call 
for your nearest dealer. 0 

CIRCLE 75 ON READER SERVICE CARD 
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Can We Drop It? 
(The Crew Wants to Know) 

Having been an avid reader of your 
magazine for some three years, I'd like 
to make a few suggestions. I have been 
learning a great deal from you. For that 
I thank you. But you do fall short on 
some fairly basic points in my opinion. 

You have two of the best doing your 
"Lab Reports" and their work has been 
fine to date. You've dealt with products 
the average audio pro person would 
find interesting. I firmly believe, 
however, that you need to include some 
tests you do not presently do. Let's 

take as an example your recent review 
of the Heathkit AA -1600 Power Amp. 
Measurements were taken at its manu- 
facturer- published loads and, as is the 
case with most Heathkit equipment, 
they were exceeded by comfortable 
margins. But as a person with extra- 
ordinary needs (in my case, sound rein- 
forcement work), the rating into 8 ohms 
does me no good. What I need to know 
is how it will operate into 4 or 2 ohms. 
More importantly, I need to know how 
long it will operate into those loads. 

What I am asking for is a special 
series of tests on equipment designed 

Cleaning your 
records is only half 

the battle. 
What do you suppose happens when the 
hardest substance found in nature -dia- 
mond-is dragged through the soft, intri- 
cate vinyl canyons of a phonograph record 
at a force which produces acceleration that 
exceeds 1000 G's! 

Friction and wear. 
From the very first time you play a rec- 

ord, a process of decay takes place. The 
delicate high frequency sounds are the first 
to be impaired. Then the midrange. With 
every play, details are lost and noise be- 
comes more pronounced, eventually rising 
to a hailstorm often punctuated sharply by 
clicks and pops. And the better your equip- 
ment, the more annoying the disturbance. 

Regular cleaning of your records is im- 
portant and necessary -to remove the dust 
and oily films that can further mar perfor- 
mance -but it's simply not enough. The 
best way to preserve the music on your rec- 

ords is Sound Guard® Record Preservative. 
Sound Guard is a revolutionary dry lu- 

bricant that virtually eliminates record 
wear. It's so thin that it will not affect the 
sound of a new record. It's so effective that 
a treated record may be played 100 times 
with no audible degradation of perfor- 
mance or increase in surface noise. 
A built -in anti -static property helps keep 
dust off your records between cleanings. 

It's true that it requires a little extra 
effort and expense to protect your records 
with Sound Guard. But when you add up 
the investment you've made in your stereo 
system and record collection, you really 
can't afford not to do it. 

Sound Guard. Everything 
else is a lot of noise. 
Sound Guard preservative Sound Guard" cleaner. 
Sound Guard "' Total Record Care System. 
Sound Guard is Ball Corporation's registered trademark. 
Copyright © Ball Corporation, 1979, Muncie. IN 47302 

CIRCLE 38 ON READER SERVICE CARD 
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for the needs of the sound reinforce- 
ment crew and the studio crew. We 
need questions answered about dura- 
bility (Can you drop the amp from the 
scaffolding to the ground and expect it 
to work when you plug it in ?), perfor- 
mance into non -standard loads (Will it 
drive some six 4 -ohm midranges in 
parallel at clipping for the whole con- 
cert?) and so forth. 

I have only dealt with a few of the 
areas of performance that affect only 
power amps, of course, but I think you 
get the message. You have given a lot 
of us what we have needed up till now. 
These special tests would give us 
something we can get nowhere else. 

-Jeff E. Hey] 
Rocky River, Ohio 

Well, you're right. Test reports 
tailored to sound reinforcement equip- 
ment are important to a large portion 
of our readers. But as a veteran sub- 
scriber, you are also familiar with our 
regular attention to such equipment 
through the article `Hands On." 
Whereas "Lab Reports" covers high 
end audio and racked studio equipment, 
"Hands On" concentrates on specialized 
pieces and concert sound units, in- 
cluding amplifiers specifically intended 
for sound reinforcement use by the 
manufacturer. 

For largely practical reasons, ex- 
treme stress tests such as the two you 
parenthetically suggest can only be 
speculative on our reviewers' parts, as 
we receive equipment for review on 
loan from manufacturers and prefer to 
return it intact. In most reviews, how- 
ever, we feel appropriate attention is 
paid to these particulars. 

Cooling Your Copper 
In any sound reinforcement systems I 
have designed I have always had ex- 
cellent results using standard 10 or 12 
gauge industrial copper wire for loud- 
speaker cables. Spacing the hot and 
ground conductors about one inch apart 
eliminates any effects of capacitive 
reactance of the cable while the cross 
sectional area of the copper eliminates 
any significant external voltage losses. 
This solves most of the major problems 
associated with speaker cable runs 
longer than ten feet. 

However, the average audio con- 
sumer seems to insist on very expen- 
sive and complex "high definition 
cables" which are available at most 
audio stores. These cables are generally 
more fragile as the enamel coating on 
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he Soundcraft 1 "8- track. 

ProdL cad after two ears of development, ifs sophisticated, easy to use, reliable., and its specificatio-s a-e ecperb. 
The ceck plate is a r gid aluminium casting of extreme dinensioial accurccy, ensuring the absolute stability of the 
tape path. 
Tape ten kri is servo controlled, as is the capstan (which has +15, -50°ró varispeed control, and wow and Putter is 

only O.03 %. 

Control and monitoring facilities are comprehensive. A simple push -button matrx permits selection of line -in, sync and 
replay for any of the tracks and led's indicate the selected status. 
The tape counter has a plasma display reading in minutes and seconds. There is also a highly accurate search-o -zerc 
facility. 
A speda feature of the machine is that the whole of this control 
panel, and the varispeed control, can be used remotely. So once 
the machine is prepared, a single engineer can work a recording 
session without leaving the mixing console. 
Replay S/N is 76dB (reference 510nWb IEC curve A); erasure is 

70dB and record /replay frequency response is +1, -2dB (30Hz 
to 20kF. 
All signal levels can be adjusted by presets on each channel. The external power supply is fully protected and 
19" rack mounting. 
The Saundcraft SCM 381 -8 is built to the highest professional standards throighout for the production of master 
quality recordings. 
Contact Soundcraft for a brochure giving more details and a full technical specification. 
Soundcrcft Magnetics Ltd, 9 -10 Gt Sutton St, London EC1V OBX, England. Tel: 'J1- 2513631 or 0' -253 9878. Telex: 21198. 
Sound _rcft Inc. PO Box 2023, Kalamazoo, Michigan 49003. Tel: (616) 382 6300. Telex: 22 -4h08 Soundcraft KMZ. 
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the fine copper wires may be chipped 
off with excessively rough handling. 
Should this happen, the amplifier may 
short circuit and sustain circuit 
damage. With this in mind, I suggest 
using the method mentioned above, or 
spend a great sum of money and go all 
the way: Simply use two half -inch 
hollow copper pipes as the conductors 
while they are filled with liquid 
nitrogen to provide the effect of super 
conductors. The benefits will be inaudi- 
ble but it may be pleasing to know that 
every effort has been made to cure a 
weak link in the system. 

-Mr. R.D. Goode 
General Manager 

Audio Systems Installation 
and Consulting 

Don Mills, Ontario 

An interesting suggestion. We 
wouldn't be surprised if someone put 
this on the market. 

Left, Right, March! 
Well, it seems the left and the right 
hands are not keeping close tabs on 
each other ... We claimed, last issue 
(on page 1.4, answering a letter from 

one Larry Feeney), that "the third and 
final Swedien article" appeared within. 
Wrong. It was in the previous issue 
(March 1979), and had to do with miking 
strings and horns. We believe we've 
gotten back with the program, how- 
ever, so those of you who delight in 
watching people slip on banana peels 
are advised to look elsewhere for such 
dubious entertainment. 

-Ed. 

Keep Those Cards 
and Letters Coming In 

Many of the letters to the editor that 
we receive include a request for per- 
sonal replies by mail and often include 
a self -addressed, stamped envelope or 
coins for postage costs (which we do ap- 
preciate). However, we simply can't 
answer your letters individually, so 
please don't send "SASEs" or postage 
with letters of inquiry. 

We've also found that a large percen- 
tage of our mail consists of problems, 
questions, requests for information, 
etc. that most likely are on the minds of 
others of our readership who have not 
taken to pen and P.O. for solutions. 
Publishing letters and answers serves 

a wide audience and certainly saves 
everybody's postage. 

Do keep on writing to us- knowing 
our readers helps us to print the best 
for our readers -but please don't 
enclose your stamped envelopes. Use 
that second stamp and write your mom. 
Although she might not answer you in- 
dividually, either. And you can let her 
think it was your idea, we don't mind. 

-Ed. 

Interest at a Pique 
Would you give some information on 
the Polymoog Keyboard? We have an 
August 1978 copy of your magazine (in 
which there was an advertisement for 
the Polymoog) which piqued our in- 
terest; hence, we're now subscribing. 
Anyway, even though the ad ran many 
months ago, we would like to know 
some more about the product. We are 
very interested in a keyboard of this 
type. Thank you very much. 

- Lonetta J. Holmes 
Dallas, Tex. 

Norlin Music manufactures Moog 
equipment, including the Polymoog. 
Write them at Advertising Dept. MR4, 

AUDIOARTS ENGINEERING Model 1500 Tuneable Notch Filter - Feedback Suppressor 

AUDIOARTS ENGINEERING r.wi moo Tn* wen new - 
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CONTROL FEEDBACK 

THE MODEL 1500 was engineered to solve the problems of feedback 
where conventional filters fail: 

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

NARROW BAND - 1/6 octave; much narrower than any 
graphic equalizer, so you remove only feedback, 

without disturbing tonal balance in program 
material; 

SPECIALIZED DESIGN - The Model 1500 has five iden- 

tical filter sections, each covering 52 Hz to 7.3 

KHz, thus eliminating the "low- mid -high" band re- 
strictions imposed by other general purpose equal- 

izers. This ensures plenty of control, no matter 
what frequencies you need to process. 

r..qy.iofit 0 1979 by Audioarte Epgineerina 

Five identical tuneable full range filters 

52 Hz to 7.3 KHz, 0 to -16 dB notch depth 
Front panel gain control 
Overload LED 
IN /OUT switch 
Separate color -coded controls (no concen- 

trics 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 
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AUDIOARTS' ENGINEERING 
286 DOWNS ROAD, BETHANY, CT. 06525 .203- 393 -0887 
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Jaco Pastorius Acoustic 
Amps 

Together 
for over 
a decade 

photo: Gorm Valentin 

professional sound equpment 

On stage: 330 top /4l3 enclosure /36" bass system 7949 Woodley avenue 
Off stage: 727 stereo a-np /648 et 626 studio monitors Van Nuys, Caiifurnia 91'-06 
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7373 N. Cicero Ave., Lincolnwood Il- 
linois 60646 for further information 
regarding this and other products. 

Any Questions? 
I was quite pleased to see Modern 
Recording's recent article on reinforc- 
ing Meat Loaf, with a photo showing an 
overhead array of eight Karlson low - 
frequency enclosures. These looked as 
though they may have been built by the 
late John Karlson himself. 

Transylvania Power Company has 
taken over Karlson's audio operations 

completely, from his orginal working 
drawings to the patent rights to his 
final improvements. If any of your 
readers have technical questions about 
these strange -looking enclosures, we 
would be pleased to answer them. 

- Walter Zintz 
President 

Transylvania Power Company 
Walnut Creek, Ca. 

Readers who in fact have questions 
regarding the enclosures may write the 
company at 260 Marshall Drive in 
Walnut Creek, Ca. 94598. 

.: 

performances... 

1 ri 

...the C-201. 
Meet the 
C-201...dedicated to making 
sure your great performances stay that way. The C -201 was designed and 
built with adva - ced electronics and construction that's resulted in a 
graphic equalizer for optimum control of your sound - with no hassles! 

As the newest member of the Catalina Series, the C -201 brings it all 
home in an EQ: Highly Refined Circuit Design from a careful blend of 
the best components and circuitry: that means low noise and a high slew 
rate for really clean sound and minimal distortion. I ìAGLCTM /Power 
Drivers make system interconnects easy (in almost any situation) without 
fear of grcund loop hum and noise! " AutoPad Gain Controls /Peak 
Sensor LEDs for simple operation and even more control of distortion the 
easiest way. i_ With More Features that make the C -201, like all Catalina 
Series products, equally at home in the studio, on the road ... anywhere! 

Like we said ... keep those great performances great with a great 
performer: the new C -201. Get one and call your booking agent in the 
morning. 

O3810-148th Ave. N.E. Redmond, WA 98052 
206/883-3510 

o.gJIFiafl company 

AVA LABLE TODAY at your TAPCO Advanced Product Group Dealer. 

Ey 
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Ripe for Rupert 
I first became a faithful reader of 
Modern Recording in April of '78 with 
your outstanding issue of that month. I 
was delighted to see the "Confessions 
of an Audio Addict" article by James F. 
Rupert in your magazine. I first met 
James several years ago when he and 
his crew were recording a live concert 
for Proctor and Bergman of the 
Firesign Theatre comedy team. He and 
his crew handled what looked to me like 
an impossible recording situation in a 
theatre in the round performance with 
precision and professionalism. I feel 
especially thankful since he took the 
time to patiently answer a couple of 
hundred ignorant questions of mine 
before and after the performance. 

You have a super mag and my only 
suggestion for improvement is when 
are we going to see more articles from 
Mr. Rupert? As a novice recordist, 
some of your articles are a tad over my 
head, but James' piece helped to set me 
straight in terms I could understand. 
The humor also helped me to realize 
that other people have trouble setting 
up their first studio too. 

Otherwise count me in as a lifetime 
reader and keep up the good work. 

-Paul Newton 
Lincoln, Neb. 

P.S. If Rupert is dead or something 
please disregard this letter. 

Paul, your letter crossed in the mail 
with our April '79 issue, which just so 
happened to boast a second piece penned 
by Mr. Rupert (not at all dead), this one 
entitled, "Up the Basement, or A Quiz 
for The Would -Be Recordist." April has 
proven to be a month highly suited to 
writings by James F. Rupert, and we 
would be pleased to continue this 
trend. If you haven't seen the Quiz, 
check out pp. 48 -9 in Modern Recording, 
Vol. 4 No. 7 with a sharp No. 2 pencil. 

Man in Blue 
Loses the Blues 

I was hoping that there was a magazine 
relating to my interests and the other 
day I was lucky enough to catch the last 
issue on the newsstand. I think your 
magazine is fantastic; it's packed full of 
all kinds of information and news I've 
been dying to find and never could until 
now. Thank you -most sincerely! 

-David A. Duhl 
Sound Technician 

U.S.S. New Orleans 
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The standard 
bearers. 

C 1979 TDK Electronics Corp 
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The high bias standard. 
In the past few years, these fine deck 
manufacturers have helped to push 
the cassette medium ever closer to 
the ultimate boundaries of high 
fidelity. lbday, their best decks 
can produce results that are 
virtually indistinguishable 
from those of the best reel -to- 
reel machines. 

Through all of their tech- 
nical breakthroughs,they've 
had one thing in common. 
They all use TDK SA as 
their reference tape for the 
high bias position. These 
manufacturers wanted a 
tape that could extract 
every last drop of per- 
formance from their decks 
and they chose SA. 

Soper Precis I Cassette Mechanism 

And to make sure that 
kind of performance 
is duplicated by each 
and every deck that 
comes off the assembly 
line, these manufac- 
turers 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. 
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TDK® 
The machine for your machine. 

in the urn Felt' event flat any TIN cassette tetite laits to perform due to a defect in materials 
or worcranshc ,implyreturn It to vour local dealer or to TDK bra tree replacement 
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Hot Nashville 
"SuperPicker" Sessions 

Pollaro Multi -Media Advertising & Pro- 
ductions would like to commend you on 
an excellent magazine. I especially en- 
joy the articles on the studio and "live" 
sessions. But I feel you are neglecting a 
style of music very prominent in 
today's record market. I'm speaking of 
Country music. 

How about a session with Dolly Par- 
ton, Mel Tillis, or maybe Merle Hag- 
gard? After all, as dedicated, profes- 
sional engineers and producers, aren't 
we expected to cater to anyone who 
walks in the studio door? 

Let's hear what goes on inside those 
hot Nashville studio sessions with the 
"Super- Pickers." 

Once again, you have a fantastic, ex- 
traordinary magazine! 

- Sid Whatley 
Production Manager 

P.M.A.P 
Denison, Tex. 

We totally agree with you that we've 
not adequately covered the Country 
music scene. But it's not a function of 
motivation: these sessions have so far 
been relatively closed to us (we did, 

16 

though, cover and publish 'A Session 
With the Charlie Daniels Band" back in 
our December 1977 issue) but we keep 
on plugging. We're always looking to 
get in on some of those sessions. Please 
keep watching. 

Time for a Feeding 
Fantastic job you're doing. Your work 
demands the best of praise. I would en- 
joy seeing an article on adjustment and 
calibration of some of the more popular 
tape recorders. 

Keep the print coming; you're a light 
in the dark. 

- Michael S. Thomas 
Rio Music 
Troy, Ala. 

About a year ago, we ran a feature en- 
titled, "The Care and Feeding of Your 
Multi -track Recorder." It was written 
by David Moyssiadis, of Frankford- 
Wayne Mastering Labs in Philadelphia 
and a Contributing Editor to this 
magazine. Get your hands on the issue 
it appeared in, MR of March 1978 
(which also featured "A Session With 
Lou Rawls" and our "Interview with 
Frank Zappa"). We're sure you'll find it 
all enlightening. 

Flattery Gets Fred 
To Ga. and Ca. 

Being a subscriber, I must take this op- 
portunity td express my belief that 
Modern Recording is one of the few 
values existing today. However, I must 
admit that I have ulterior motives for 
writing this letter. 

I would appreciate it if you could 
send me or print the addresses of Audio 
Perceptions and Musimatic Electronics, 
Inc; their equipment was displayed in 
"The Product Scene." 

-Fred Haskins 
Rochester, N.Y. 

Musimatic is at 4187 Glenwood Rd., 
Decatur, Georgia 30032. Audio Percep- 
tions is based in Diamond Bar, Califor- 
nia 9176.5, at P.O. Box 4861. 

Sound Reinforcement 
Companies 

I am interested in obtaining the names 
of sound companies across the United 
States that supply sound and personnel 
for live concerts. I would appreciate 
very much your sending me any list 
that you may have available. If not, do 
you know where I could obtain such in- 

The Orban 672A 
A Dream Equalizer at a Practical Price 

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. 

See it at AES Booth 62 

The dream equalizer is usable practically 
everywhere in professional and semi -pro- 
fessional 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. 

orb° Orban Associates Inc. 
A 645 Bryant St. 

San Francisco, CA 94107 
(415) 957 -1067 

'suggested list 
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If you want the 
condenser microphone sound 

on stage, Electra -Voice 
gives you that option. 

The PL76 and PL77 con- 
denser cardioid micropl -ones ,L5 
are fast becDming the rum - 
ber one choces of vocalists 
who want to make tie "s udia- 
condenser "sound a part of 
their act. Both mikes give 
you condenser performance ' L9 

in a package that competes 
with dynamic microphone 
durability. Their gutsy, Pass - 
boosting proximityeffectadds 
presence to any vcice. The 
PL76 is powered by a 4.5 volt tater. 
The PL77 is simila- exoept that it is 
also phantom powerabe.The`77s" 
output is 4d3 down from the '7E's "to 
allow for more flexibility a: the nixing 
board, and i- has a recessec onraff 
switch that many sounc men o-e 'er. 

For those desiring the nore traditioral 
dynamic sound, the PL31 and PL95 
fit the bill pe-fectly. The PL91, wit, its 
mild bass -boost and clear highs is a 

joy to work with. The PL95, the "pro's 
choice" in a dynamic cardioid offers 
the best gain -before- feedbackcfany 

ctynarr i mike in the business -a test 
we invite you to make. 

Electro Voice also offers four superb 
inst-urtielt microphones. The PL5 
dynarrb amni is the mike to use when 
high sound pressure levels are er- 
countened, as you would find when 
rnik ng bass drums or amplified guiars, 
basses o- synthesizers. 

The PL3, with its patented Variable -D' 
construction gives you cardioid (direc- 
tional) per ormance without up -cloEe 
bass boost - perfect for miking braes, 
reeds, percussion or piano. The PL11, 
even though it's a directional mike, 
maintains its response curve off ax s. 
Leaked-sound from off -axis instru- 

rrerts ere faithfully reproduced- not 
colored it any way. 

E Vs PL9 dynamic omni has 

PL9 one of tl a flattest frequency 
response crrves in the busi- 
ness- from 40 to 18,000 Hz. 

And is anal size lets you 
rrke instruments you couldn't 
gat nearwith other mikes 

6 o'a-ing -his performance. 

All E V Fro -Lire m crophores 
corre with super -tough 
Men-aflex crile screens that 
resin der.ting Designed tc 

keep your mi {es looking like new for a 

long tima..411 have a ncn- reflecting gray 
finish that .cr't compete for attention 
under brigni s :age lights. 

When the time comes to update your 
current mike setup, we invite you to A -B 
Electro -Vo.ce Pro-Line mikes against 
any others.'cr ani app ¡cation. It you try 
them, you'll vknt them in your act 

Beclrol/oicé 
OJI:C11 ccmaany 

600 Ceci Stnes_, BJChaian, Michig3n 43107 
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PRESENTS THE 

$100 
MICROPHONE 

STAND 

J 
Sure, they come cheaper. 
But only Boilermaker gives 
you all these top quality fea- 
tures: 6061 aluminum alloy, 
machined steel base ... 
a choice of five show - 
stopping colors to choose 
from. 

If you can tolerate only the 
best in your act, act now and 
call us for all the details. 

ol 
BY NORTHWEST SOUND 

UIHUL 

3497.N. W. Yon Avenue 
P.O. Bor 3586 

Portland, Oregon 97208 
f503) 223 -1924 

UCH Stl'7VIL.t V 

formation? Many thanks for your kind 
consideration. 

- Helene Cohen 
Baltimore, Md. 

I am looking for the mailing addresses 
of professional sound reinforcement 
companies and hoping that you can sup- 
ply me. If not, could you tell me where I 

could get that information? I would ap- 
preciate it greatly. Thank you. 

- Kenneth Feher 
Soundbar Sound Co. 

Newtown, Ct. 

Puzzled though we are by the extreme 
similarity between these two letters 
(both writers also mentioned the same 
two individual companies by name to il- 
lustrate their requests, though we've 
taken the liberty to edit these out so as 
not to slight others),we suggest getting 
the Billboard annual Talent Directory, 
which lists geographically companies 
that supply sound and lighting. For in- 

formation on how to obtain the Talent 
Directory, write Billboard (boy, are 
they getting business from us!) at 1515 
Broadway, New York, N.Y. 10036. 

Memphis Fan 
I discovered your magazine about nine 
months ago. I like it very much, but I 

don't understand why you do not 
feature sessions with more rhythm & 

blues (soul) artists. Maybe you could 
shed a little light on this for me -or 
give a rundown on some features to 
be in coming issues. 

During the mid- to late- 60s, the 
STAX studios in Memphis, Tennessee 
turned out some of the biggest hits of 

all time in R &B. Although the company 
has gone out of business, I'd like to see 
an article or feature dealing with their 
methods, equipment, etc. I'm sure some 
of their engineers (Ron Capone, Henry 
Busch, William Brown) are still knock- 
ing around Memphis. 

Willie Mitchell, famed Memphis 
trumpeter, is, I understand, one hell of 
an engineer. He did all the early Al 

Green sessions (in the early 70s) at the 
HI recording studios in Memphis. I'd 
love to see a feature on Willie and his 
operation. It seems that Willie shies 
away from solid state equipment and 
prefers tube type equipment instead. 

- Gerald Williams 
Rocky Mount, N.C. 

A fine, fine suggestion. And you're 
right! We don't give enough attention 

to these artists. Please keep in mind, 
though, that what we tend to print 
doesn't necessarily reflect what we 
tend to like. More often than not, our 
choices reflect the tastes of the majori- 
ty of the record -buying public. We at- 
tempt to give equal time, but some- 
times must compromise. 

At any rate, your ideas on the Stax 
and Willie Mitchell sessions are well - 
founded -we'll get on that case im- 
mediately. 

Particle Particulars 
I am in a sticky situation. After spend- 
ing hours on the market for a four - 
channel open reel recorder, I came up 
with a choice I am very satisfied with. 
My only problem is related to my con- 
cern that a metal particle open reel 
recorder will come on the market (with 
its 6 -9 extra dB signal to noise) and ob- 

solete all the other decks. 
Before I lay my cash on the counter, I 

would like your advice on a few ques- 
tions regarding metal particle trends. 

First, I think I remember reading 
that the current recording heads are 
not compatible with this new tape. Is 
that true? If that is true, will the com- 
panies make replacement heads for 
their decks or would it also require ma- 
jor modification of the electronics? 

Second, does open reel metal particle 
tape even exist? 

Last of all, is your final opinion to buy 
now, or sit a few months and see what 
develops on the market? Thank you! 

-James Tate 
Sharon, Pa. 

Our first opinion: buy now. 
And the answer to your second ques- 

tion: open reel metal particle tape is 
neither on nor expected on the market, 
as far as our industry sources state. 

The need for and potential for im- 
proved performance with metal par- 
ticle recording tape is great only in the 
cassette format; the open reel format 
would not sustain as significant nor 
marked an upgrade in performance 
specs if current high -performance 
metal oxide tapes were supplanted 
with metal particle tapes. 

To answer your first question, at 
least one cassette deck manufacturer 
(Eumig) has devised a mode of adapta- 
tion so existing decks might use metal 
particle tape. Major modifications are 
quite necessary. 

Our final opinion: buy now. 
- t 
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One of the greate 
maintaining its standar 

It's a drama it whi 
We need your sup 
We at Pioneer Hig 

The Natioral Endome 
the a mou n _ of whateve 

Naturally, the nor 
Metropolitan Opera, th 
contribute :o society. 

Even a quarteE will 
You see, the way 

be supporting one of th 
foundation it's built on. 

t dramas of the Metropolitan Opera is the day-:o-day struggle of 
of excellence 
h you care play a very important role. 
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THE BLACK WIDOW 
...because the best wasn't good enough. 

You're looking at one of 
the finest loudspeakers in the 
world...the Peavey Black 
Widow. They were created to 
fill a serious void,...speakers 
that could match the 
sophistication of today's 
sound reinforcement 
technology. For years we 
have employed the finest 
speakers from the most 
respected manufacturers in 
our equipment and through 
years of experience, have re- 
discovered the value of that 

old cliche', "if you want it 
done right, do it yourself." 
We did. 

Since its introduction 
several years ago, the Black 
Widow has been praised by 
sound experts and musicians 
for its excellent efficiency, 
bandwidth, and power 
handling capabilities in 
applications that range from 
high powered concert sound 
reinforcement to studio 
recording. 

The Black Widow's unique 

characteristics are the result 
of optimized procedures and 
concepts in desigr and 
manufacturing that provide a 

complete integration of form 
and function. 

Unlike the other 
established manufacturers 
who are still building the 
speakers they designed back 
when a 100 Watt amp was a 

big deal, Peavey has 
designed the BlacK Widow 
with today's technology for 
today's high powered music. 
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The combination of a rigid 
cast -aluminum frame and 
high- efficiency magnetic 
structure is a feature found in 
many professicnal quality 
loudspeakers. What places 
the Black Widow Series far 
ahead of its competition is its 
field replacable basket 
assembly. 

This feature, 
usually found only in high 
quality compression drivers, 
allows the user to be "back in 
business" in a matter of 
minutes, rather than days or 
weeks. 

The high efficiency 
and high power handling 
capabilities found in the 
Black Widow make each 
model the best choice for its 
sound reproduction applica- 
tion. Again, what separates 

the Black Widow from other 
high quality transducers is its 
unique integral coil 
form /dome structure. When a 
loudspeaker is subjected to 
very high power levels, the 
voice coil temperature rises 
very rapidly, causing the 
loudspeaker impedance to 
increase. The result of this 
increase is a loss of 
efficiency. The Black Widow 
Series provides a most 
effective method of 
minimizing any impedance 
increases due to heat by 
utilizing the one -piece coil 
form /dome as a heatsink. 
Just as high power amplifiers 
use aluminum heatsinks to 
dissipate heat, the Black 
Widow coil form /dome is 
produced with low mass, high 
rigidity aluminum. 

Each Peavey Black Widow 
is subjected to extensive 
quality control procedures to 
insure long field life and high 
reliability. The manufacturing 
methods employed by 
Peavey, such as numerical 
and computer controlled 
machining equipment, allow 
the Black Widow to maintain 
the close tolerances 
necessary for previously 
unattainable levels of quality 
and consistency. 

Each Black Widow has a 
four -inch edge -wound 

aluminum wire voice coil to 
provide maximum energy 
conversion. The cone 
assemblies provide the 
required frequency respcnse 
shapes with minimum weight 
and maximum structural 
integrity for high mechanical 
reliability. Each magnetic 
structure is fully removable 
and will provide minimum 
flux density of 12,000 gauss 
with very precise operating 
clearances. The magnetic 
structure uses a large rear 
vent to assist in further voice 
coil temperature control. 

The Peavey Black Widow is 
now offered as standard 
equipment or as an option in 
most Peavey enclosures and 
will soon be available "over 
the counter" at selected 
Peavey Dealers. 

The Peavey Black 
Widow,...for those who can't 
accept less than maximum 
performance and reliability 
from their speakers. 

PEAVEY ELECTRONICS 
711 A Street 
Meridian, Mississippi 39301 

Rugged cast aluminum frame 

2 %" opening for maximum 
voice coil ventilation Open cell foam filter 

4.25 pound magnet for 
maximum flux density 

MODEL NO. DIAMETER NOMINAL 
IMPEDANCE 

16 x 16 mesh heavy -gauge screen 

POWER HANDLING CAPACITY 
CONTINUOUS PROGRAM 

SENSITIVITY 
1w, 1m on axis 

VOICE COIL 
DIAMETER 

1201 12" 4/8 150W 300W 101 dB 4" 
1501 15" 4/8 150W 300W 103 dB 4" 
1502 15" 4/8 150W 300W 101 dB 4" 
1503 15" 8 150W 300W 102 dB 4" 
1801 18" 4/8 150W 300W 99 dB 4" 

CIRCI F RR CIN RFAOFR SERVICE capo 
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ITALKK 

"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 anoth- 
er's. Thus, an answer in "Talkback" is 
certainly not necessarily the last word. 

We welcome all questions on the sub- 
ject 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. 

Amplifier Alternatives 
I have a question concerning P.A. 
systems that I hope you'll be able to 
provide a solution for. 

Quite often it is necessary to run 
paralleled ( "Y " -ed) cables from the out- 
puts of electronic crossovers to feed 
more than one amp. The reasons for 
this are primarily due to impedance 
matching (optimum) between power 
amps and loudspeakers, plus the effects 
of loudspeaker wiring on the damping 
factor of power amps. What happens to 
the voltage (output) of the crossover 
when it's paralleled (split) to accom- 
modate more than one load (amp/chan- 
nel)? What happens to the load im- 
pedance? Obviously there's a con- 
siderable change in both. 

Is there any other alternative be- 
sides a distribution amplifier system? 

-Tom Young 
S. Salem, N.Y. 

Almost all professional quality elec- 
tronic crossovers have a low output im- 

pedance - usually 600 ohms. This 
means that they can deliver their full 
output at a rated distortion into 600 

22 

ohms or greater. In multiple amplifier 
installations, it is common practice to 
wire the inputs of the power amps in 
parallel. This is because the input im- 
pedance of almost all professional quali- 
ty amps is very high -50K or higher. 

To determine the RT of all amps on 

the line with equal or unequal im- 
pedances use the following formula: 

RT 
1 1 1 1 

R, R2 R3 RN 

Using common values: 

3 amps 75K input/mp 1 with 50K 

RT 1' 1 1 

75K+ 75K+ 75K+75K= 

1 

1 1 

.13 x 10-4+.13 x 10-4+.13 x 10-4+.2 x 10-4 

1 

59 x 10-4 

= 16,95052 

As can be seen, this RT is well above 
the output Z of the crossover, assuring 
that the crossover unit will not be load- 
ed below its rated output Z, and can 
thus deliver its rated voltage at its 
rated distortion. 

Another method for determining this 
would be a matching network: 

Crossover 

25K resistors should be okay 

25K 

25K 

25K 

25K 

or transformer matching: 

Transformer matching 

Transformer 
primary = Crossoverz out 

secondary = Totalz of all loads with tap for 
separate amp at samez at each 
load 

1-> 

T, = Primary = Outz of crossover 
Secondary = Total loadz 

T2 = Primary = Inz of single load 

Secondary = Inz of single load 

1:1 ratio bridging 

Remember, resistors are cheap; 
distribution amps are expensive; and 
good transformers are very expensive! 

-Will Parry 
Operating Manager 

Herb Slawker 
H.D.I. 

Maryland Sound Industries 
Baltimore, Md. 

Satisfying Performance 
I recently purchased a Uni -Sync 
Trouper I stereo mixer. I'm more than 

MODFRN RFCORDING 
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satisfied with its performance as it 
more than adequately fills my applica- 
tion needs. However, one day I tried 
recording on it and discovered that 
when the direct jacks are being used, 
the VU (LED) meters would not 
operate. Is there something in the cir- 
cuitry that defeats the VU function 
while recording or do I have a problem? 

-Oscar Webb, Jr. 
Toledo, Ohio 

The TIS -OCM Live Music Mixing 
System has eight individual inputs (ex- 
pandable to eighteen inputs with the 
TIS -IXM input expander module) that 
will allow the individual to use either a 
balanced, low- impedance input (150 
ohms) or a high impedance input for mic 
or line level signals. Each of these input 
channels has a house pan pot (located at 
the top of each channel) that pans the 
acoustic image of the signal to the left 
or right house summing busses. 
Located beneath the house pan pots are 
the echo pan pots that pan the echo 
signal to the left or right echo send 

000 NUMEIERED 

CHANNELS 

OUT /IN 

HIGH Z 
UNBALANCED 

LOW Z 
BALANCED 

Je 

J7 

J6 
2 

3 

LOW Z 
BALANCED 

J6 

--ár- le 

r"Yl s 
--312E1- 14 

J7 
HIGH Z 
UNBALANCED 

( MN}- I 

7 

OUT /IN 

JI 

EVEN NUMBERED 

CHANNELS 
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busses. This enables the operator to 
pan the echo either towards or away 
from the acoustic image. 

The TIS -OCM is equipped with a 
built -in reverb system that enables the 
mixer to adjust individual echo send 
levels through the use of the echo send 
controls for each input channel. The 
levels of the inputs can be monitored 
through the preview system (solo 
switch) to enable the mixer to listen in 
on individual inputs or outputs or com- 
binations of them with headphones. The 
VU meter follows the preview system 
for monitoring relative levels through 
the console. 

For individual s that desire to use ex- 
ternal processing equipment for each of 
the input channels, the Trouper Series 
Mixers have an out /in jack that will 
allow you to adapt this external equip- 
ment by inserting a stereo '/4 -inch 
phono plug. The output signal of the tip 
is at - 10 dBv with an impedance of 100 
ohms. The return impedance is at 4K 
ohms to the ring of the out/in jack. 

The out /in jacks can be used for ef- 
fects, direct recording feeds, or sub - 
grouping. When used as a direct feed in- 

to a tape recorder, the use of a mono 
'/4 -inch phono plug should be inserted 

to the tip of the out /in jack (this would 
be the first "click" of the stereo jack). 
This will sample the signal of that chan- 
nel and can be monitored by the solo 
system for that channel. Using the 
direct feed tip of the out /in jack will not 
interrupt the signal flow of the chan- 
nels to the output of the mixer. For 
direct feeds you must not completely in- 
sert the mono '/4 -inch phono plug into 
the out /in jack. This will disconnect the 
signal to the preview system. 

Using the out /in jacks will allow eight 
(eighteen with the expander) individual 
direct feeds for taping while still allow- 
ing to properly mix the inputs (with 
reverb) for house and monitor outputs. 

-Andy Thompson 
Manager, Customer Service 

Uni -Sync 
Westlake Village, Ca. 

Balancing on a Budget 
Being a four -track recording enthusiast 
with a limited budget, I've spent the 
last few months looking for a modest 
package of effect boxes. For a private 
demo project, we are looking for a 
stereo delay line (including a VCO) with 
good electronic reverberation, and 

compression for a tight sound, since I'm 
working with dbx in the ongoing battle 
against hiss. 

In my search, I've come across a lot 
of apparatus which is symmetrical, 
which, as I understand it, would give 
me some mismatch problems with my 
system which consists of a TEAC 
3340S, a dbx 155 and a Teac Model 3. So 
far, the pieces that interest me include 
the Urei LA-4, the Lexicon Prime Time 
and the Dynacord SRS 56. 

Most dealers I've encountered who 
handle professional lines are not too in- 
terested in servicing small studio 
owners, so I thought perhaps you could 
give me some pointers on how to work 
with asymmetrical lines (hints on im- 
pedance matching, etc., would be ex- 
tremely appreciated). 

-Bob Smaling 
Wormer, Holland 

First of all, I assume that when you use 
the terms symmetrical and asymmet- 
rical lines, that you are referring to 
what is more commonly called balanced 
and unbalanced lines. There are two 
types of commonly used balanced input 
or output circuits. One type of balanced 
circuit utilizes a transformer; another 
type of balanced circuit is electronic. 
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Fill it up with premium. 
What premium gasoline 

can do for your car, premium tape 
can do for your car stereo. 

And there's no finer premium 
tape than Maxell. 

Every type of Maxell tape 
is designed to give you the widest 
frequency response, the highest 
possible signal -to -noise ratio 
and virtually no distortion Al l of 

which results in high octane sound 
And to make sure our 

cassettes don't run out of gas 
somewhere down the road, 
we've constructed them to toler- 
ances as much as 60% higher 
than industry standards. We use 
the finest high -impact styrene, 
precision pins, polyester and 
screws. 

rnaxe111111111111111111111111111111111111111111111111 IIII 11 1111111111111111111111111111111111111 
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Because of this, we believe 
Maxell makes the world's finest 
cassettes. 

And every year, hundreds 
of thousands of people 
who, own 
car stereos 
are driven 
to the same 
conclusion. 

11111111111111111111111111111111111 1111111111111111 
Maxell Corporation of Amenco, CO :oford Drive, Moonachie, N.J. 07074 
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There will be no harm done to equip- 
ment by feeding a balanced output into 
an unbalanced input, or by feeding an 
unbalanced output into a balanced in- 
put. The utilization of balanced and un- 
balanced equipment together is a some- 
what common practice today. However, 
occasionally hums or buzzes can result 
which usually can be corrected by 
changing the grounding of one or both 
units. The various commonly -used 
grounding procedures are too complex 
to go into here. 

-Larry Blakely 
Recording Consultant 

Framingham, Ma. 

Speaking Out on Monitors 
I found the article on stage monitors 
( "Monitor Speakers," January 1979, 
page 60) to be informative and well - 
written, but it has raised some ques- 
tions in my mind. 

Toward the end of the article, Mr. 
Krause says a "properly adjusted" 
limiter can improve the overall gain, 
while a "poorly adjusted" one can foul 
up the system. Specifically, what does 
he mean by "poor" and "proper" limiter 
adjustments? 

Also, I've heard singers complain 
about not being able to hear the 
monitors that are blasting away direct- 
ly in front of them and that are plainly 
audible a few feet away. Sometimes 
moving the cabinet away from the 
singer helps, but is there some kind of 
psychoacoustic phenomenon going on? 

- Philip Adler 
Soundsalright 

Boston, Ma. 

In regard to monitor systems, a proper- 
ly adjusted limiter will prevent a power 
amplifier from being driven into clip- 
ping. A typical 100 watt power amp- 
lifier will have a distortion rating of 
0.10% at the rated output power of 100 
watts. This represents a voltage of 20.0 
volts across a load of 4.0 ohms. The 
same amplifier will probably generate 
10 to 20% distortion if required to 
deliver 22 or 23 volts across the same 
load. This small voltage difference 
results in a great deal of distortion and 
its undesirable side effects. 

Now back to the original question. A 
limiter is an amplifier whose gain is 
determined by the amplitude of the in- 
put signal. The amount of control is 

known as the ratio, the point at which 
gain reduction begins is the threshold, 
and the time it takes to react to and 
recover from a gain change are the at- 
tack and release times. This rather long 
sentence is a great simplification of 
limiter operation, but it will get some 
readers started in the right direction. 

Consider our 100 watt power amp- 
lifier. This typical amplifier takes 2.0 
volts of input drive to provide an out- 
put of 20.0 volts. This is a voltage gain 
of 20.0 dB or a multiplication factor of 
10. If a limiter is used between the mix- 
ing console and the power amplifier, the 
voltage drive to the power amplifier 
can be limited to the correct 2.0 volts, 
therefore preventing distortion. An ex- 
ample is that the console may have a 
peak voltage output of 4.0 volts when 
the microphone is dropped or thrown 
on the stage. Without the limiter, the 
power amplifier will try to deliver 40.0 
volts to the speaker system -this is 

equal to a power of 400 watts. Needless 
to say, the 100 watt amplifier will 
deliver an almost perfect square wave. 
Loudspeakers and ears do not like to 
reproduce or hear this type of signal. 

A limiter whose threshold is ad- 
justed to affect a gain reduction at the 

See it at AES Booth 62. 

The Reverb Price /Performance Leader 
The Orban dual -channel 111B combines solid, industrial - 
quality construction with unique signal processing and an 
unmatched pedigree. Since the first Orban Reverb was 
introduced in 1970, the line has been acclaimed for its 
outstanding cost /performance ratio. 

Standard are built -in bass and "quasi- parametric" mid- 
range equalizers, our exclusive "floating threshold limiter" 
that minimizes spring twang and eliminates overload dis- 
tortion, dual outputs (use the 111B regardless of whether 
your mixer has echo send /return facilities), and 115/230 
volt AC power supply. Standard also are the sophisticated 
electronics that provide bright, super -clean sound with 
extraordinarily low noise. We reduce "flutter" to the van- 
ishing point by using four (not just two) springs per 
channel. Special mu -metal shields eliminate the hum that 
usually plagues a low -cost spring reverb. 

As always, you can count on Orban's reliability and 
prompt service. 

Although the 111B interfaces perfectly with "home - 
studio mixers," its quality makes it equally at home in pro- 
fessional studios, radio stations, and travelling shows. Its 
rugged construction stands up to the rigors of the road, 
and many top acts carry the Orban Reverberation with 
them on tour. 

If you're serious about sound and quality, and if your 
cheaper consumer -quality reverb doesn't quite cut it any 
more, now is the time to step up to Orban's professional 
performance. 

Your Orban Dealer has all the details. Write us for his 
name and a brochure with the complete 111B story. 

RIGHT CHAIVAIL:l 

TEAT CHANNEL 

ORGAN ±PARASOLINO 
DUAL REVERBERATION 

Orban Associates Inc. 645 Bryant St., San Francisco, CA 94107 (415) 957 -1067 

rv. 

welg- 

orlon 
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People kept aski g us-How about a h gh -power 
amp with low dts ortio- that's baded with options 
and doesnt cost n arrr and a leg'?" We listened 
to them and set ut to build "The ConlFlete Amp" 
with reliab lity, wer, specs, features, and price. 
We've succeede . Our reputation has teen built 
cn the design an construction of cost -effective 
tear combining maximum perormance with sim- 
plicity and reliability. Now QSIC offers a package 
you can't find in ny o-her amp, F'EGARD- 
LESS OF PRIC OR OPTION 3. The A 8.0 
delivers 300 wa s of clean po we- to each 
channel (20 -16k z with less t-an.09 %THD 

rising graivally to 0.2% TH 2 at 20 kHz into 4 
ohms) and 600 watts intc 8 ot. ma with the same 
specs in tie bridged -mono cperation. 

Features incicde: PowerLi-iit Controls; Fan 
Cooling; 3 -way Load Protect on; LED displays fo- 
level, distortion, anc limiting :Id cators; Ba anced 
Inputs with XLR type 3 -p n nnectors; and 
Outputs with 5 -way bindiig posts, pho e jacks, 
and speaker prctecticn fuses Ask your Prc- Audio 

Dealer about the A 8.0 or write di ecily to 
us for a f-ee brochure de-Eiling the ircred- 
ible features and specifca_ ions of this 
exceptional new pcwer.aTplifier fron QSC 

AUDIO PRODUCTS 

1926 Placentia Avenue 
Costa Mesa, CA 92627 

714/645 -2540 

rI : 80 ON 
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2.0 volt point will begin to reduce the 
gain as the waveform exceeds the 2 0 
volt level. The speed at which this gain 
reduction takes place will be determined 
by the attack time adjustment, and in 

most applications, this will be adjusted 
to the fastest possible point. If the 
limiter reduces the gain by 6.0 dB, or a 

division of two, the limiter output will 

be 2.0 volts and the power amplifier 
will be again quite happy. The release 
time should be adjusted so that the gain 
will not "come back too quickly. The 
best adjustment of attack and release 
times is obtained by experimentation 
and the type of program material. 

A properly adjusted limiter is one 
that performs the desired task and can- 
not be heard in the process. A poorly 
adjusted limiter makes itself known 
very quickly. 

As to the second question, please con- 

sider the following. If you can hear the 
monitors and the singer cannot there 
are two possible explanations. You are 
in the pattern and the singer is not, or 
you do not have to listen to anything 
but the monitors. The singer is listen- 
ing to himself through a very direct 
path from his vocal cords to his hearing 
mechanism. It will obviously require 
more acoustic power from an outside 
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source for him to hear the monitors and 
himself at the same time. 

- Lothar A. Krause, Jr. 
Electronic Development Scientist 

Peavey Electronics Corp. 
Meridian, Miss. 

Switching Sequence No Secret 
I recently read an article in a well - 
known audio equipment merchandising 
journal stating that one should never 
turn on low -level electronics (mixers, 
EQs, etc.) after the power amplifierls) 
are on. For some time now, I have switch- 
ed on my mixers and limiter after the 
amp was turned on. Also, my noise 
reduction system and graphic EQ (the 
EQ is connected between pre and main 
on the amp) are plugged into the two 
switched receptacles of the amp for 
AC. By leaving the noise reduction and 
EQ switches in the `on" position, they 
get power by simply switching on the 
amp. 

To start, is it wrong to leave these 
devices on and put the AC power to 
them by way of the switched outlets in- 
stead of engaging each of them separ- 
ately? Also, is there actually a correct 
method or order in which each piece of 
gear should be switched on? If the 
answers to these two questions are yes, 
could you please explain the correct 
procedures for both and the possible 
consequences of incorrect engagement? 
Could the piece I originally referred to 
pertain only to the "pops" one may ex- 
perience in the loudspeakers when the 
amp is on before switching the gear on 
and the damage that may result to the 
speakers if the amp is at high level? I 

have used the method I described for 
some time with absolutely no adverse 
effects. Also, I keep the main volume of 

the amp (a Sansui AU -5900) to full `off" 
until all the equipment is on. Can you 
please answer all these hows and whys? 

-Randy DeFord 
Logansport, Ind. 

The reason for all equipment to be turned 
on before the power amplifier is very 
simple -to protect the power amplifier 
loudspeaker and your ears. 

Much of today's equipment introduces 
voltage spikes at the output when the 
equipment is turned on or off. These 
voltage spikes (sometimes referred to 
as turn on /turn off transients) will cause 
a large "pop" in the loudspeaker if the 
power amp is on and the monitor 
volume is up. 

There is no required order for turn- 
ing on low -level equipment, but it is 
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11.11 to reel means live 
performance recording, and that's 
where the ReVox B77 dramatically 
demonstrates its superiority over 
other tape recorders. Only the B77 
has the wide dynamic range and 
generous record headroom you 
need to capture without 
compromise the full detail and 
dimension of live music. 

sounds best on 
ReVox B77 
Only the B77 delivers the "ruler - 
tlat" frequency response you get 
from Willi Studer's legendary head 
design. Only the B77 combines the 
convenience of push -button digital 
logic control of tape motion, 
professional VU meters with built - 
in peak level indicators, and a self - 
contained tape cutter /splicer. 

If you're thinking of upgrading your 
real to reel performance, try the 
ReVox B77. It's available in half or 
quarter track, 33/4 -7' or 71/2 -15 
IPS. For complete information and 
list of demonstrating dealers, circle 
reader service number or contact 
us at the address shown below. 

Reì/ox 
Studer Revox America, Inc., 1819 Broadway, Nashville, Tennessee 37203 / (615) 329 -9576 In Canada: Studer Revox Canada, Ltd. 
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simply good practice to turn on your 
power amplifier last to protect your 
loudspeaker. 

-Eldon Hall 
Audio Consultant 

Hollywood, Ca. 

The Panoramic View 
Just what is a panoramic poten- 
tiometer Icommonly called a pan potl, 
electronically speaking - is this a 

switch or a circuit? 
- Paul Castaldo 

Boston, Ma. 

A pan pot is a circuit with a single input 
and dual outputs. The input signal is 

divided and sent to the two outputs, 
either equally to each output, exclusively 
to one output or the other, or some in- 
termediate ratio. A simple way to 
achieve this function is shown 
schematically in the accompanying 
diagram. (The schematic is for purposes 
of discussion only, and does not repre- 
sent an actual working circuit.) Note 
the dotted line joining the "wipers" of 
the two variable resistors (which are 
shown connected as potentiometers). 
This line is to indicate that the wipers 

INPUT - 
o 

1 

BASIC PAN -POT CIRCUIT 

o 
OUTPUT I 

OUTPUT 2 

o 

are connected mechanically, not elec- 
trically, and that they move together. 
This mechanical connection can be ac- 
complished by mounting the two poten- 
tiometers on the same shaft. 

Further examination of the 
schematic will show that at either ex- 
treme of wiper travel one output 
receives all of the input signal while the 
other receives none. Also, any inter- 
mediate position will result in some 
signal at each output, the ratio of the 
two output levels being determined by 
the actual positions of the wipers. At 
one specific setting the two output 
levels will be equal. 

Although there are other cues that 
our hearing system uses to determine 
the location of a single sound source, 
the most important cue, and the easiest 
to control in a stereophonic recording, 
is the balance of levels of a mix element 

in each of the two stereo channels. If a 

mix element is present in both stereo 
channels at the same level, that ele- 
ment will be heard as if it were located 
in the "center" of the stereo field. If the 
left stereo channel is carrying more of a 

particular mix element, a vocal for ex- 
ample, than is the right channel, then 
the vocal will be heard as if it were 
located somewhere to the left of the 
center of the stereo field. If the vocal 
signal were exclusively in the left chan- 
nel, then of course it would be heard 
coming from the extreme left side of 
the stereo field. 

When the outputs of a device similar 
to the one described in the opening 
paragraphs are connected to the left 
and right channels of a mixing board 
that is being used to create a 

stereophonic recording or mixdown, 
the device is then a means of "locating" 
a single mix element (one microphone 
signal or one track) in the left -to -right 
stereophonic panorama. 

-Peter Weiss 
Contributing Editor 

Modern Recording 
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Whirlwind's Medusa helps fight spaghetti. 
If you do music professionally, you can appreciate the importance of getting your 
equipment together, as well as your act. At Whirlwind, we know what this means because 
we've been through it for many years. As a solution to many of the problems resulting from 
multiple- wiring situations, we have designed a line of multiple 
cable systems, or "snakes," called Whirlwind Medusas. 
They are among the most highly respected systems in 
the world for their ruggedness, reliability, and their 
ability to pass noise free signal consistently for 
years and years. 

Medusas feature cast steel boxes, riveted 
chassis mounted jacks, and wire mesh strain 
reliefs. They are available in nine basic 
configurations or custom wired to your 
specs. We provide many options including 
Medusa Wheels, Road Cases, Ribbon 
Connectors (for easy detachment and added 
flexibility), and Split Audio Feeds (for stage 
monitor mix or remote recording). If you've got a 
special job we'll build you a custom Medusa. 

Whirlwind also manufactures a complete line 
of Instrument Cords, Mic Cords, Speaker Load 
Protection Systems, Speaker Cordsets, Cable 
ties, AC Cords, Stage Tape and an assortment 
of the world's finest connectors. 

See your Pro Sound Dealer or write us for 
our catalog. 

Medusas are the 
only snakes 
with color 
coded sends 
and inputs (by 
subgroups). 

Many of today's 
top touring acts and 

recording studios have 
chosen Medusas 

--iMtirar°`tf 

;whirlwind] 
Whirlwind Music, Inc. 
P.O. Box 1075 /Dept. MR 
Rochester, New York 14603 
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A NEW PREAMP FOR THAT DISCERNING 
PERFECTIONIST WHO CAN APPRECIATE 

THE DIFFERENCE. 

The new Fhase 3000 Series -v: o 
was desicned for That discerning 
music -love- n,ho I-as a passi -c- 
accura-e sound, 3n eye for elegant 
:e. funoti.nal design, a feel forcra-ts- 
rianship. and an unfailingde ermiha- 
t on to maximize return on in estrreit 

-he Phase 30X incorporates tie 
atest techrological advancemeits in 
preamp design. Transient ove-loading 

plagLes preamos has béei 
,.ir.ually elirinated whether amply 
:ode, frequency, cr slew induced 
'Jcw you earl enjoy the f exib lity 
:De-formaice and teatures that are 
:ri :ed :suastantialfy higher in 
ether egLirment. 
CMOS LOGIC MEMORY SYSTEM 

Most preamips use dated meche ii- 
c:al switching dev :es that force 
_ignalstotravel long, noisy,circui :oar 
-oLtes frc ri 
tie inputs, 

the front 
_panel, then 

back to the outputs. Curs doesn't. 
The Phase 3)03 uses C1%.103-digital 
logic to enercize swiahing relays 
located where -iey zeloig, at the 
input jacks. This shcrtEns critical 
signal paths. Noise, hum and the 
crosstalk -hat's cha aoteristic 

of mechanica switching s virtu - 
a ly elimina-ed. 
WANT MORE? 

A listening session wit i a pair cf 
headphones wil cony nce you just 
how much cf ad ffererce a:-ue head - 
pione amp makes. Tai he 300C 
around, and see how easy it is to patch 
it your noise reduct of unit 

Two complete. taping c rcnits al ow 
you to copy between decks wr i e 
listening to another scurce 

But we've do -e en.i.gh talking If 
you re serious apout sate- d -the- 

art perfoirarce its time for you to 
co some is- eying. See your 
Phase dealer. 
SPECIFICATIONS: 
Dtortior: less than 0.04% 

- 20HE- 2CkHz). 
Typic a y O.:105 °/ 4 1 kHz. 

Sinnai /Noise (IHF "A "): 
phcno 1- Mlovirg lvlagnet: greater 
:3an 9Cid3 re: 1CmV input 
'hcno 2 -M y i ng Coil- greater than 
78de rte: 1 mV in DO 

Frequency Response: Phono-1/ 
'hono -2 dew iatior: ±0.3dB 

Tone Controls: Hig i & _ow Frequency 
controls with switch able turnoer 
:oints. 

Vckime Control: 22- position 
:recision attenuator with plus or 
ii nos C.5dB tracking. 

Low Filter: 18cBioctave below 15Hz. 

Phase Linear CorGorstir 
20121 48th Aver ue Vve- t 

Lynnwood. Washirgnn 
9803 

PHONO CARTRIDCE FLEXIBILITY 
The two indepencf=n- FAA Phono Stages e ne. 

nate all low -leve SwilChi-1c. As a result, njise 
sredu:ec to tieoretical limit 

Phono 1 is designed or moving -magnet 
cartridges and has three selectable 

capacitance val Jes. 
Phono 2 is uses ,nits !roving -coil cartricges 

and has three seletiiabl, res stance values. The 
expensive otitoa-c head amp usually required 

for a nci ng -coi cartridge is already 
putt into the 3COji. 

, 

` 04140131, 

Ylade4=Zlietzto 
HE POWERFUL D FF=RENCE 

tVACE IN JSA. DISTRIBU-EE IN CAI\ADA BY H RC's' GRAY L To. AND V AJSTRAUA Bl'lllE3ASOJNID PTY LTD. 
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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 every- 

`,'* ̀  -, where. 
wvvvv`wwvvvvvvvwvvv.0*% 

The 80 -8 proved that perfor- 
mance 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 * *Iets 
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. 

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 multi- 
channel recorders could be 
relatively easy to operate. Our 
Function Select buttons deter- 
mine the record, monitoring 
and dbx* status. One button 
for each track. 

'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) Ltd. 

CIRCLE 71 ON READER SERVICE CARD 

www.americanradiohistory.com

www.americanradiohistory.com


34 

By Norman Eisenberg 

PARIS POWER COMES TO U.S. 
Paris Power is the name of a French line of disco 
equipment now being shown in the U.S. Products 
include mixers, equalizers, special effects devices, 
power amps and cabinets. Highlighted in a recent 
announcement from the manufacturer, Comel, is 
the PR 1300 broadcast console, which, although pri- 
marily designed for local stations, is also claimed to 
have a place in "high- standard discotheques" in 
which a radio -style animation is preferred. Comel 
also calls attention to its PMP 402 mixer which fea- 
tures 100 -mm travel sliders for phono fading that 
are equipped with microswitches allowing instant 
remote starting of turntables. The mixer accepts 
any type of source and every input is sensitivity 
adjustable. It includes two stereo phono inputs 
switchable into lines or mics, and two stereo tape 
inputs switchable into four mono mics. The DJ 
using this device also is offered a special input chan- 
nel with separate tone controls, pan -pot, bass and 
presence filters, and an "auto- fade" system that 
automatically fades the music program leaving 
both hands free. 

CIRCLE 1 ON READER SERVICE CARD 

LEXICON OFFERS LOW -COST 
DELAY LINE 

Designed for use in small sound- reinforcement 
installations and for pre -reverb in recording studios 
is the new Delta -T 91 from Lexicon, Inc. This device 
provides digital delay adjustable from 0 to 120 
milliseconds, and -says Lexicon -it has all the per- 
formance specs and features of the costlier Model 
92 including muting of audio outputs during power 
up /down sequences, automatic bypass, audio input 
and output transformers and more. The model 91 
has a single output, while the model 92 has two 
outputs. Price is $985. 

CIRCLE 2 ON READER SERVICE CARD 

AUDIO -TECHNICA ADDS 
ACCESSORIES 

Two new items for disc playback have been 
announced by Audio -Technica. One is a "Safety 
Raiser" for manual turntables. This device automa- 
tically lifts the tone arm from a record when the sty- 
lus reaches the final groove. Price is $19.95. 

The other accessory is a "Disc Stabilizer" -a 
compact, solid brass disc in a rubber jacket that fits 
over the turntable spindle and on which the disc is 
placed. Its purpose, says A -T, is to compensate for 
unsupported areas of a disc (caused by warpage) 
which create subtle vibrations and sound -coloring 
resonances that distort the music. Price is $19.95. 

CIRCLE 3 ON READER SERVICE CARD 
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ALTEC MODEL 14 CHALLENGES 
"SPEAKER MYTHS" 

Altec Lansing's newest speaker system, the Model 
14, is said to incorporate four recent product devel- 
opments. Literature describing it attacks what 
Altec calls "myths" concerning speaker systems. 

One of the product developments is an overload 
device known as Automatic Power Control which 
monitors power delivered to the speaker and auto- 
matically corrects any overload without shutting 
down the system. Also found in the Model 14 is the 
"Mantaray," Altec's constant- directivity horn 
which is said to create a larger listening "sweet 
spot." Associated with the horn is the "Tangerine" 
radial phase plug, designed to "essentially elimi- 
nate the problem of high- frequency loss found in 
conventional phase plugs." 

The Model 14 also includes a dual -band equalizer 
for separate adjustment of middles and highs. In 
this way, says Altec, the Model 14 achieves the per- 
formance flexibility of a three -way system within 
the design simplicity cf a two -way (woofer and 
tweeter) system. The former unit is a 12 -inch driver; 
it is crossed over to the horn at 1500 Hz. The 
walnut, 30 -inch high (by 21 inches wide and 16'/2 
inches deep) enclosure is vented. The system weighs 
77 pounds. Operational power range is 10 watts to 
350 watts; long -term maximum acoustic output is 
114 dB /SPL; rated response is 35 Hz to 20,000 Hz. 
Sensitivity is given as 95 dB /SPL measured at 4 
feet with a 1 -watt input. 

CIRCLE 5 ON READER SERVICE CARD 

LUX DEBUTS CASSETTES 
AND TWO DECKS 

Novel features of Lux Audio's new line of cassette 
tapes include a skew adjustment for the playback 
head, an electronic time sensor, an extra -wide (7 

mm) pressure pad, a spring retainer for the pressure 
pad and a guide roller system instead of the conven- 
tional guide pins. The time sensor will be of prin- 
cipal interest to owners of Lux's cassette decks, 
since it provides real -time (in minutes and seconds) 
readout of tape playing time rather than the con- 
ventional numerical index. Luxman cassettes will 
be available in standard (ferric- oxide) and in high - 
bias (cobalt- doped) formulations. 

The two cassette recorders include the Luxman 
5K50 and the K -12. The former is a three -head, 
three -motor stereo deck with provision for free 
factory- adaptation to metal -particle tape capabi- 
lity. The record head has user -adjustable azimuth 
alignment provisions. Circuitry features Lux's new 
(and reportedly exclusive) BRBS recording system. 
The letters stand for "Bridge Recording Bias and 
Signal" amps; and the system is said to virtually 
eliminate phase -shift and bias signal leakage, while 
also reducing IM and TIM distortions below con- 
ventional circuit levels. Also featured are plasma 
bar -graph record -level indicators with peak -hold 
display, the electronic tape counter with real -time 
readout (when used with the Luxman cassette) as 
well as 4 -digit readout for conventional cassettes, 
and more. Price of the Luxman 5K50 is $1995. 

Lux's other cassette deck is the K -12, a two - 
motor, two -head model usable with metal -particle 
tapes. It includes several of the 5K50's features, 
such as the signal display and direct- coupled DC 
amps for both record and play. IC logic controls and 
Dolby are included. Its price is $995. 

CIRCLE 6 ON READER SERVICE CARD 

www.americanradiohistory.com

www.americanradiohistory.com


SONY ELECTRONIC CROSSOVER 

Sony's new TA -D88B electronic crossover is a 
modular design that allows a choice of twelve cross- 
over frequencies in two -way, three -way or four -way 
speaker systems. Three different values can be used 
for the crossover frequency points depending on the 
plug -in modules selected. Relative output level of 
each band is adjustable via a detented front -panel 
control. Eight such controls are provided, one per 
band for each of the unit's two channels. The left 
and right channels are completely independent, and 
are isolated from the power supply and the front - 
panel controls. Filters are Bessel- function types 
which combine slopes that are steep enough (24 
dB /octave) to avoid adjacent -band interference and 
accompanying IM, with smooth cut -off characteris- 
tics for audio continuity across the spectrum. The 
filters also are credited with exceptional phase line- 
arity, as well as super -low distortion and excellent 
transient response. 

Available crossover frequencies per module are: 
Module 1 -140, 225 or 280 Hz; Module 2 -500, 800 
or 1000 Hz; Module 3 -1250, 2000 or 2500 Hz; 
Module 4 -5000, 8000 or 10,000 Hz: 

CIRCLE 7 ON READER SERVICE CARD 

TDK ANNOUNCES 
CASSETTE CARE KIT 

TDK's line of tape accessories now includes the HC- 
05 kit which contains non -flammable, non -toxic 
head -cleaning fluid; mirror; brush; felt probes and 
applicator. All items fit into a standard cassette 
box. Price is $5.99. Other TDK items in this general 
area include a head cleaner cassette and head 
demagnetizer, level adjust tape, labels, and takeup 
reels in various sizes for open -reel decks. 

CIRCLE 8 ON READER SERVICE CARD 

HIGH END CASSETTE DECK 
FROM MITSUBISHI 

Mitsubishi's new model DT -30 is described as a 
three -head, closed -loop, dual- capstan, servo -con- 
trolled cassette deck with an automatic spacing 
pause system and turntable synchronization cap- 
ability. Distributed by Melco Sales of Compton, 
California and priced at $650, the DT -30 uses peak 
meters with a peak -hold switch that displays signal 
peaks for at least three seconds before changing. 
Right and left meter bias adjustments operate 
built -in oscillators at 400 Hz and at 8 kHz to facil- 
itate fine- tuning for optimized response with any 
tape. When linked with the company's model DP- 
EC20 turntable, the DT -30 will begin to record as 
soon as the tone -arm contacts the disc surface. 
When the arm leaves the surface, the cassette deck 
goes into the pause mode. If the cassette deck is 
turned off, the turntable stops and its arm returns 
to rest. Frequency response of the DT -30 is rated 
from 30 Hz to 17 kHz with normal tape; up to 18 
kHz with "special tapes;" and up to 20 kHz with 
ferrous -chrome tapes. 

CIRCLE 9 ON READER SERVICE CARD 

TWO NEW SCAMPS 
Scamp model S -02 microphone preamp, and model 
S -100 Dual Gate have been announced by their Bri- 
tish manufacturer, Audio & Design Recording. The 
preamp is a transformerless design that has 600 - 
ohm line -amp drive on both outputs. Featured are a 
30 -dB pad and phase -reversal switch; high -pass 
filter; switchable aux send, pre or post; and 70 dB 
gain with "optimum modulation indicator." 

The Dual Gate, used for low -level source noise 
reduction and automatic attenuation of non- contri- 
buting channels, has balanced inputs, LED indica- 
tors, and is keyable. Both devices are fairly com- 
pact and are styled vertically. 

CIRCLE 10 ON READER SERVICE CARD 
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TEAC UPDATES OPEN REEL LINE 

Planned for shipment nationally by this summer are 
updated versions of well -known Teac open -reel re- 
corders. Succeeding the older 3340 series is the 
A -3440, a three -head, three- motor, two-speed (15 
and 71 ips) unit with a new transport, circuitry and 
logic boards. The new Simul -Sync mode is tied di- 
rectly to the function -select position of each channel 
either for recording or overdubbing. Optional inter- 
face with pro curve dbx is available. Front panel 
controls are laid out according to "human 
engineering" concepts. The deck accepts up to 10 %- 
inch reels and will cost $1500. 

Two new reversing open -reel decks are the 
A- 2300SR which is Teac's lowest -priced unit in 7- 

inch reel size ($800); and the A- 3300SR, the firm's 
least expensive unit for 10 -inch reels ($1,050). Both 
models feature a three -motor transport, manual 
cueing, feather touch control buttons, mic /line 
mixing, separate bias and EQ switches and both 
also sport large VU meters. 

The fourth updated model is an improved version 
of Teac's half- track, two-channel stereo deck, the 
A -6100. Now to be known as the A -6100 Mk II, it 
will include tension servo, a timer function, 
NAB /IEC switchable equalization, a 0 /20 -dB mic 
attenuator, an impedance roller and the RC -70 
remote- control unit. This deck is priced at $1350. 
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METAL TAPE COMING ON 

A few issues back in this column, reporting on some 
recent developments in recording tape, we asked 
the question: "So what's happened to metal tape ?" 

We've been getting some answers. Judging from 
trade sources, this new tape and the hardware for 
using it are beginning to shape up as a potentially 
major trend in recording. The 3M Company, of 
course, was the first to announce a fairly compre- 
hensive line of metal tapes. Other brands now 

known to be moving into this area include BASF, 
Fuji, Maxell and TDK. Rumor has it that most 
others will follow suit. At the same time, of course, 
no one is giving up on oxide -coated tapes. 

In recorders, two names that I recall as among 
the first to become actively involved with metal 
tape are Nakamichi and Tandberg. Both firms now 
have definite products for handling metal tape. In 
addition, there's news of several other recorder 
brands getting into the act. The JVC KD -A8: the 
B.I.C. T -4, the Technics RS -M95, the Rotel RD- 
2200, the Onkyo TA -680D, the Sanyo RD -5372, the 
Luxman 5K50 and K -12 all are recently announced 
cassette recorders with metal tape capability. At 
least one company -Eumig -has announced a 
metal tape adapter kit to be available for its 
existing CCD recorder. 

Prices for the new decks vary considerably since 
the metal tape option may or may not be used in 
conjunction with all the other performance options 
and features (e.g., number of heads, type of trans- 
port, etc.) possible within the cassette format.. This 
means that a prospective buyer will be able not only 
to choose the metal tape capability, but along with 
it will be offered pretty much the same range and 
assortment of controls, features, etc. now found on 
existing cassette recorders. With this new product 
trend apparently under way, we will of course test - 
report the new models as they become available. 

The tapes themselves seem to be following a more 
consistent price trend. In general, they are running 
a bit less than double the cost of present high - 
performance metal oxide tapes. 
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MUSICAL INSTRUMENT AMPLIFIERS 

Electro -Voice has introduced two 
bass guitar speaker systems, desig- 
nated the B115 -M and the B215 -M. 
Both models use the EVM -15B 15 -inch 
speaker, one in the case of the B 115 -M 
and two in the B215 -M. Both models 
also feature a vented cone midrange 
driver for a much improved high end 
over that of conventional, one -way 
bass guitar speaker systems. The high 
frequency response is adjustable to the 

SYNTHESIZERS 

Tama has just introduced the 
Snyper Percussion Synthesizer, Model 
DS 200. Unlike the various other per- 
cussion synthesizer systems available, 
the Snyper does not use special control 
pads or "pseudo- drums" as the control 
elements; rather, the drummer's own 
drums are used to key the effects. The 
Snyper is a two -channel synthesizer 
with full and independent controls for 
each channel. Two special pickups are 

provided with the Snyper, one for each 
channel. These pickups are attached to 
either the top or bottom head of any 
conventional snare drum, bass drum or 
tom -tom using either a double -faced 
adhesive material or special rim - 
mounting clamps, both of which are 
provided with the system. The two 
pickups would normally be attached to 
two different drums, but both pickups 
may be attached to the same drum for 
a unique dual synthesis effect. The 
output of each pickup triggers a tone 
generator in the electronics unit. Each 
tone generator has a tuning control 
which has some 71/2 octaves of range 
from 30 Hz (lower than the low E on an 
electric bass) to 6 kHz. Each tone gene- 
rator has a built -in frequency sweep 
triggered by the pickup signal; con- 
trols are provided for Sweep Range, or 
how wide a frequency range is swept 
for a given note, and Sweep Time, 
which is how fast the sweep will return 
to its fundamental frequency after 
being triggered. When triggered, each 
tone will sustain for as much as five 
seconds; this parameter is controlled 
by a Decay Time control. The Snyper 
is fully touch -sensitive -the harder the 
drum is struck, the louder the synthe- 
sizer output and the wider the fre- 

musician's preference with a four -posi- 
tion rotary switch on the front of each 
unit. The single woofer unit has the 
clearer, crisper sound preferred by 
many jazz and studio players and has 
a power handling capacity of 200 
watts, while the B215 -M has a heavier 
sound and will handle 400 watts, 
making it the choice for most hard 
rockers. Both models have enclosures 
constructed with black, vinyl- covered 
three- quarter -inch plywood, aluminum 
edging strips and a metal mesh grille. 
For convenient handling, the cabinets 
have integral handles, and the larger 
model has heavy -duty casters. 
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quency sweep range will become. Each 
pickup has its own sensitivity control, 
and since each channel of the Snyper 
has Sweep Range and Output Level 
controls, a wide range of dynamic 
effects are possible. A pushbutton 
switch on the front panel of the electro- 
nics unit switches the effect on and off, 
or this may be done with a remote foot - 
switch which is provided with the syn- 
thesizer system. 

CIRCLE 13 ON READER SERVICE CARD 

The multi- effect String Performer 
has been introduced as the new top 
model of the extensive line of keyboard 
instruments available from M. 
Hohner. The String Performer pro- 
duces the polyphonic voicings of 
piano, clavichord, cello, violin, and 

with the specific pickup design that 
will produce the desired sound when 
installed on the musician's guitar. 
According to the FACT announce- 
ment, it will work like this in practice: 
the musician will bring a record or tape 
recording of a guitar solo that has 
exactly the sound he is trying to dupli- 
cate; the FACT -trained salesman will 
play the recording on the FACT com- 
puter, which will analyze and display 
the characteristics of the sound; then 
the musician will play his own instru- 
ment into the FACT computer, which 
will analyze its sound and prescribe 
the particular pickup which will come 
closet to the recorded sample; the mu- 
sician then will leave a deposit and 
send the computer readout to FACT, 
and receive his pickup from them in 14 

viola, and solo voicings of brass, 
strings, and clarinet. The unit has a 61- 
note, five -octave keyboard which is 
split into two bass octaves and three 
treble octaves which are independently 
assigned to the various voices with 
individual function controls and slide 
bars for the solo voices. An unusual 
feature is an octave -splitting preset 
which lowers the solo voices by one 
octave when engaged. The unit has 
four outputs enabling the separate 
amplification and /or processing of the 
various voicings. The string performer 
is powered from a 20/24 volt AC 
adapter, and has a tilt -leg assembly 
available as an accessory. 

CIRCLE 14 ON READER SERVICE CARD 

MUSICAL INSTRUMENT PICKUPS 

What promises to be a major break- 
through in guitar pickups has been an- 
nounced by a company called FACT 
(Frequency Analysis & Circuits Tech- 
nology) Laboratories. FACT has taken 
what may be the ultimate high- techno- 
logy approach to pickup design. The 
concept is that by analyzing a sample 
of the particular sound the player 
wants to duplicate and the sound of 
the guitar and pickups he normally 
uses, the FACT computer will come up 
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days or less. According to FACT, this 
analysis and testing procedure will eli- 
minate the disappointment of instal- 
ling a pickup just like a favorite star 
uses only to find that it sounds differ- 
ent on your particular guitar. As far as 
the computer is concerned, FACT says 
they will be loaning the units, called 
SCARF systems, to franchised dealers 
and that the units should be in selected 
music stores as you read this. If it all 
works as it's supposed to, it will be 
truly revolutionary. 

CIRCLE 15 ON READER SERVICE CARD 

MUSICAL INSTRUMENT ACCESSORIES 

RolandCorp US has introduced two 
sophisticated computer rhythm units 
which were specifically designed to 
overcome the "mechanical" feel com- 
mon to most other rhythm Units. The 
CR -68 and CR -78 accent and synco- 
pate different voices to add feeling to 
the basic rhythm. In addition, there is 
a variation or "fill" mode which auto- 
matically introduces one of 11 
rhythmic variations into the basic pat- 
tern; in the automatic mode, these 
"fills" will be inserted every 2, 4, 8, 12 
or 16 measures, while in the manual 
mode "fills" will only be initiated when 
the user pushes a button on the panel 

or a footswitch. Twenty rhythms are 
provided which include two disco beats 
and many rock variations. In addition 
to these features, the CR -78 includes a 
programmer which allows the user to 
pre -program four separate rhythm 
tracks using up to eleven instrument 
voices each by tapping out each part 
on a special programming pad. The 
CR -78 also features a built -in mixer for 
three add -on voices and a fade in/fade 
out device, as well. 

CIRCLE 16 ON READER SERVICE CARD 

Multivox /Sorkin Music has released 
two new analog delay lines. The MX -99 
is a compact model which uses 
advanced analog circuitry to produce a 
wide range of effects that belie the 
unit's dimensions. The MX -99 offers 
controls for delay time, echo repeat, 
echo EQ and input gain, and has provi- 
sion for an optional echo defeat foot - 
switch. The MX -D5 is a sophisticated, 
rack -mount delay line with a built -in 
spring reverb. Delay times are variable 
from 20 to 200 milliseconds and the 
unit has separate controls for delay 
time, echo repeat, echo EQ and reverb 
level. A peak- reading, five level LED 
meter insures optimum level 
matching, and there is provision for 
separate defeat footswitches for echo 
and reverb. 

CIRCLE 17 ON READER SERVICE CARD 

Polyfusion Inc., the synthesizer peo- 
ple, have introduced a battery- opera- 
ted, active volume control pedal. The 
unit is designated the FP -2, and can be 
used to control the volume of any amp- 
lified instrument. The circuitry of the 
FP -2 includes a high impedance input 
buffer for minimum loading of the in- 
strument's output, a low -noise poten- 
tiometer and an output line amplifier, 
and is unity gain so that there is no un- 
desirable loss in signal level. The dr- 
cuitry was designed for ultra -low 
power consumption, allowing several 
months of use from a single 9 -volt al- 
kaline battery. The FP -2 is construc- 
ted from heavy gauge steel for maxi- 
mum ruggedness and reliability. 

CIRCLE 18 ON READER SERVICE CARD 
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THE BEST VALUE 
IN A PROFESSIONAL 
TAPE RECORDER 
When you compare a tape recorder, here are the most important 
areas to consider for value, quality, and sound. 

PERFORMANCE: 
Overall Signal -to- Noise: 66 dB unweighted at 520 nWb /m (30 Hz to 18 kHz audio filter). 

Playback Signal -to -Noise (electronics): 72 dB unweighted (with audio filter). 

Headroom: +24 dB. Maximum Output: +28 dBm. 

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

Playback Frequency Response (MRL test tape): 31.5 Hz to 20 kHz ±2 dB. 

RELIABILITY: An unmatched 4 -year track record of on the job performance for the origina compact 

professional recorder. Day in, night out. Just ask someone you trust. 

ALIGNABILITY: Any tape recorder must be aligned to achieve maximum performance. With the 

MX- 5050 -B, all primary alignments including record bias and level are on the front panel. So is a 1 -kHlz test 

oscillator. Secondary alignments are inside the bottom panel. You or your maintenance people can al gn it fast 

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: 

A-4 dBm 600 ohm or -10 dB high impedance. No line amps or pads to mess with. A perfect match everytime. 

ADDITIONAL BENEFITS: Three speeds, dc servo ±7 %, 1/4 track reproduce, full edit 

including indexed splicing block, over -dubbing, noise free inserts, XLR connectors, NAB /CCIR switching 

unique 3- position alignment level switch. 

PRICE: Suggested retail price $1,945 (USA). 

MX- 5050 -B: THE CHOICE IS OBVIOUS 

Call Ruth Pruett on 415.593 -1648 for the name of your nearest Otan professional dealer. 

Otan Corporation, 981 Industrial Rd.. San Carlos. CA 94070 TWX 910 -376 -4890 

® In Canada: BSR (Canada, Ltd.), P.O. 7003 Sta. B, Rexdale, Ontario M9V 4B3 416/675 -2425 
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By Larry Blakely 

Many people who have recently 
started their career or hobby in 
recording are usually puzzled regard- 
ing the use of auxiliary recording 
equipment. The questions often asked 
are like a double -edged sword: "Why 
do I need it and where do I connect 
it ?" This article deals more with the 
objective "where" question than with 
the subjective "why," but, as you 
read, some reasons for why you need 
auxiliary recording equipment should 
also become apparent. 

In the first half of this article [last 
month] I mentioned that a recording 
engineer needs to understand signal 
flow. The signal flow of any recording 
console can be obtained from the con- 
sole schematic or block diagram. The 
first part of this article also went into 
great detail on symbols and terms 
commonly used in schematics and 
block diagrams, and an explanation of 
the signal flow through a typical re- 
cording console was detailed. Trying 
to use recording equipment without 
having the ability to read and under- 
stand a console schematic or block dia- 
gram is like taking a journey into a 
strange land without having the know- 
ledge or ability to read a road map. 
Being able to read a console schematic 
or block diagram and having an under- 
standing of the signal flow will prove 
to be one of your strongest assets in 
your entire career of recording. 

It is difficult for one to reach an 
intended destination if he doesn't 
know how to get there. If you can read 
a schematic or block diagram you will 
know how to get there. 

Patch Points were discussed in the 
first part of this article. These are 
places where auxiliary equipment can 
be connected to the recording console. 
There are typically a number of places 
in a recording console that have patch 
points. Each patch point appears at a 
different place in the signal flow of the 
recording console; therefore, various 
effects can be achieved when using the 
different available patch points, ac- 
cording to your particular needs. 

Scrutinizing Points 

At this time we will look at each 
point typically found on a recording 
console and observe what can be done 
at each of these patch points with 
various types of auxiliary recording 

Interfacing 
Auxiliary 

Equipment: 
Where and Why? 

Part Two 

equipment. For our purposes, Figure 
1, which is a block diagram of a typical 
recording console, is shown. If you 
cannot read this block diagram, I 

strongly suggest that you read the 
first part of this article which 
appeared in last month's issue. 

When looking at the diagram in 
Figure 1 the first thing we see on the 
left side of the drawing is the micro- 
phone input connector. Microphones 
have a very low output level that is 
referred to as: microphone level or low 
level. The microphone low -level signal 
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is amplified (increased in level) to a 
line -level signal by the microphone pre- 
amplifier; there, the output of the mi- 
crophone preamplifier will have a line - 
level signal. Virtually all auxiliary re- 
cording equipment operates at line 
level, not microphone level. 

When to Use 
Mic -Pre Out and Line In 

The first place we usually have 
access to a single microphone at a line 
level is at the microphone preamp out- 
put. This patch point is normally 
labeled on the patch bay as "mic pre 
out" [microphone preamplifier output] 
or "pre out." Typically, another patch 
point will be located below it and will 
be labeled "line in." These two patch 
points give you access to the micro- 
phone signal output (now line level) 
and then access to the position fader 
through the line in patch point. These 
two patch points are shown in Figure 2 

as normalling patch points, i.e., when 
nothing is patched in, the signal flows 
normally. When something is patched 
into mic pre out the signal path is 
broken and will flow to the input of the 
auxiliary device that is patched into 
that patch point. The console signal 
flow is now broken. To regain access to 
the console signal path the output of 
the auxiliary device must be patched 
into the line in patch point o complete 
the signal path so the signal can con- 
tinue to flow through the console. In 
Figure 3, an auxiliary device is 
patched into mic pre out. Therefore the 
mic pre out signal is routed to the auxi- 
liary device input. The auxiliary device 
output is not connected and the signal 
reaches a dead end. In Figure 4 we see 
that the output of the auxiliary device 
is patched into the line in patch point 
and now the signal will flow through 
the rest of the console. It can be seen 
that the microphone is amplified by 
the microphone preamplifier and is 
then routed (via the patchcord) to the 
input of the auxiliary device and that 
the output of the auxiliary device then 
routes the signal back to the line in 
patch point to complete the console 
signal path. 

Suppose you had one microphone on 
a vocal solo and four microphones on 
background vocals and each micro- 
phone occupied its own input position 
on the console. Likewise, all of the 
above microphones are assigned to the 
same output channel. The vocal solo 
has some loud screaming parts that 
overload the recording console, while 
the background vocals have no prob- 

www.americanradiohistory.com

www.americanradiohistory.com


Microphone 
input 

transformer 

Microphone 
pad 

-10dB 

-20dB 

Microphone 
preamplifier 
gain adjust 

Microphone 
preamplifier 

Channel switches 1 -4 

Overload 
indicator \I/ 

Pre 

Echo 
send - To echo send combining amplifier 
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Stereo bus echo return / L and R 

Line 
amplifiers 

Fig. 1: Typical recording console block diagram. 

lems with excessive level at all. You 
have a compressor /limiter. Where do 
you connect it? If you connect (patch) 
the compressor /limiter at the console 
output channel the compressor /limiter 
will compress the vocal solo and back- 
ground vocals simultaneously. How- 
ever, if we were to patch the compres- 
sor /limiter into the mic pre out and line 
in patch points on the console input 
position occupied by the vocal solo mi- 

44 

crophone we could then compress the 
vocal solo only and the compression 
would have no effect whatsoever on 
the background vocals. Other 
specialty devices like parametric equa- 
lizers can also be patched in at this 
point. The mic pre out and line in patch 
points can be used when you wish to 
process (via auxiliary device) one indi- 
vidual microphone without affecting 
any other microphone signals. 

When to Use Line In 
The most common use of line in 

patching is for mix down from a multi- 
track tape recorder. For example: If 
you had an eight -track recorder you 
would patch the playback outputs of 
your tape recorder 1 through 8 to the 
line inputs of your recording console 1 

through 8, respectively. Notice in 
Figure 1 that patching to the line input 
of a recording console will give you 

MODERN RECORDING 
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Introducing Altec Lansing's Incremental Power System. 

And Its Closest Competitor. 
Lately a lot of the big names in professional amplification 

have been making head -to -head comparisons with their corn- 
petition. And, understancably, the brand being featured in each 
ad usually comes out on top. But one product that no one is 
comparing themselves w.th is Altec Lansing's new Incremental 
Power System. 

That's not really surprising since Incremental Power is a 
lot more than just an amplifier. Each main frame actually con- 
tains a flexible array of power amps, electron c 
crossovers, line amps and input devices. So you 
get a complete amplification system that's 
prewired and ready to use. And since it is a 
system, Incremental Power offers a degree 
of flexibiffty that's unmatched by any single 
amplifier. In fact, to match the overall perfor 
mance of one Incremental Power System you'd 
need a rack full of traditional components. 

Skeptical? To prove the point we've 
devised a head -to -head comparison that you 
can make for yourself. Below you'll find the 

Power Available 
for L.F. @ Mfg. 

Ric. Load 

published specifications for an Incremental Power System set 
up for stereo, triamplified operation. Simply select the com- 
petitive components that you'd need to match Incremental 
Power's performance and then judge for yourself. 

There's a lot more to Incremental Power than we have 
room to tell you here. So if this kind of performance and pack- 
age size sounds good to you, contact our Commercial Sound 
Sales Department for the details. Or check the Yellow Pages 

under Sound Systems for the name of your 
local Altec Lansing sound contractor. Either 
way you'll get the complete Incremental Power 
story. We think you'll agree that our short 

story makes the competition look a long 
way behind. 

Altec Lansing Sound Products Divi- 
sion, 1515 South Manchester Avenue, 
Anaheim, 
California 
92803. 

Power Available 
for M.F. @ Mfg. 

Rec. Load 

Power Available 
for H.F. @ Mfg. 

Rec. Load 

Incremental 
Power 
S stem 

300 Watt Total 
150 Watt /Ch. 
@ 8 ohm 

150 Watt Total 
75 Watt /Ch. 
@ 16 ohm 

150 Watt Total 
75 Watt/Ch. 
@ 16 ohm 

Electronic 
X -oveir 

2 or 3 -way 
Selectable 
Freq. 

ALTEC 
LANSIING' 

Altee Corporatiion 

Cooling Weight 

Built -in fan 70 lbs. 
blows side - 
to -side 

Height Reliability 

7,, Excellent 
each unit 
factory tested 
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i 
Mic-pre 

out 
Line 

in 

Auxiliary 
device OUT 

Fig. 2: Patch point normal broken; signal won't flow through console. 

1( D 
Mic-pre 

out 
Line 
in 

Auxilairy 
u device OUT 

Fig. 3: Patch point normal broken; signal flows through auxiliary device. 

access to the entire console minus the 
microphone preamplifer section. Line - 
in patch points can also be used for 
sound effects from additional tape re- 
corders, turntable playback (for turn- 
tables with built -in preamplifiers that 
will provide a line -level output), echo 
returns, etc. 

When to Use Fader Out 
If you were doing a mixdown the 

line -in patch points would be occupied 
by your tape recorder outputs, so if 
you wished to patch a compressor /limi- 
ter in on one specific track it could be 
done at the fader output shown in 
Figure 5. I must point out that any re- 
duction in level by the console input 
position fader will reduce the input 
level to the compressor /limiter or other 
auxiliary device. If you don't have a 
fader -out patch point on your console, 
the same thing can be accomplished by 
connecting the recorder output to the 
compressor /limiter input and the com- 
pressor /limiter output to the console 
line input as shown in Figure 6. 

When to Use EQ In and Out 
This feature is usually found on the 

more expensive recording consoles and 
it does have its advantages. For 
example, if a console had equalizers 
with selectable midrange frequencies 
but only one midrange frequency at a 
time could be used, and you needed to 
use two midrange frequencies simulta- 
neously, you could cascade two equali- 

zers as shown in Figure 7. Now both 
midrange frequencies could be used si- 
multaneously inasmuch as there are 
now two equalizers on that input posi- 
tion. (However, I must warn you that 
when equalizers are cascaded in this 
manner they can sometimes add 
unwanted noise). 

Equalizers are rarely found on out- 
put channels. Another place that 

patchable equalizers can be used is to 
add equalization to an output channel. 
But, if you refer back to Figure 1 you 
can see that there are patch points be- 
tween the combining amplifier output 
and the line amplifier input that are 
available for this purpose. Such a 
patching arrangement can be seen in 
Figure 8. This will obviously give you a 
non -working input when you remove 
an equalizer, but there is even a way 
around this. Simply grab another 
patch cord and connect it from fader 
out to combining amplifier in. Now the 
input position will function normally, 
less the equalizer, of course. Also, if 
you have a noisy equalizer that may 
make an input position unusable and 
need to use that input position, you 
can put a patch cord from EQ in to EQ 
out which will bypass the equalizer 
with the wire in the patch cord and 
thereby remove the equalizer and the 
noise from the circuit. 

When to Use EQ Out 
and Combining Amp In 

Frequently, a vocal or instrument 
during "live" recording or an indivi- 
dual track during mixdown may need a 
large amount of equalization and li- 
miting for a special effect. For such a 
situation it is better that the limiter 
follow the equalizer inasmuch as the 
equalizer does increase or decrease 
level at certain frequencies and will 
affect the operation of the limiter. 

Fig. 4: Patching to line -in for mixdown from multi -track recorder. 

Line 
in 

OUT 

Fader 
out 

Equalizer 
in 

Compressor/ 
limiter our 

Equalizer 

Fig. 5: Patching from fader out to EQ in. 
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Now Ashly offers a new dimension in audio control. 
It's a complete package of the most up -to -date 
signal processing equipment around. 
And its capabilities will amaze you. 

Like building blocks it can be assembled 
one part at a time and used in any combination 
to suit your audio needs. It's as versatile 
as you are. 

Rack mounted and designed for 
the most rigorous use, the 16 -gauge 
steel units (feel the weight yourself) 
hold up on the road, on the stage, 
or in the studio. 

From brilliant highs to rich lows, 
the units remove unwanted noises, sustain guitar, 
monitor audio gain, improve the efficiency of 
your speaker system, and can even help you 
find new sounds. 

Test them out at your nearest dealer. 
Better yet, talk to a sound man or guitar 
player who's used them. He'll tell you that 
ASHLY MAKES THE BEST 
SIGNAL PROCESSING EQUIPMENT AROUND! 

Put some in your rack! 

The 
Ashly 

Package 
SC -40 Instrument Preamp. $349 

SC -50 Peek Limiter Compressor. $299 
New SC -63 Mono Parametric Equalizer. $369 

New SC -22 Stereo 2 -Way Crossover. $290 
SC -77 Stereo 3 -Way Crossover. $429 

SC -66 Stereo Parametric Equalizer. $599 
NOTE: The full Ashly line also includes the 

SC -60 Professional Parametric Equalizer; 
SC -55 Stereo Peak Limite, Compressor; 

the SC -70 3 -Way Electronic Crossover; and the 
SC -80 4-Way Electronic. Crossover. 

Ashly Audio, Inc. 
1099 Jay St. 

Rochester, N Y. 14611 
(716) 328 -9560 

Exclusive distribution in Canada: 
Gerr Electro- Acoustics 

365 Adelaide St. East 
Toronto, Ontario 
Canada M5A1N3 

(416) 868 -0528 
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Fig. 6: Using a compressor /limiter for one tape track when doing a mixdown. 
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Equalizer 

No.1 
line in 

Input 
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combining 
amplifier 

To 

< 
Equalizer 

No. 2 

line in 

OUT 
combining 
amplifier 

Fig. 7: Cascading two equalizers by using patch points. 

Fader Equalizer Equalizer 
Input out in out To 

position Equalizer combining 
line in Summing amplifier 

amplifier in 

Combining 
amplifier out 

Line 
amplifier in 

0 
Channel 
output 

Fig. 8: Patching input position equalizer to an output channel. 

Fader Equalizer Equalizer Combining 
Input out in out amplifier in To 

Equalizer position 
line in 

+ - combining 
amplifier 

IN 

Compressor 
limiter OUT 

Fig. 9: Patching a compressor /limiter from EQ out to combining amp in. 

Input 
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Equalizer .' e position 

line in 
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combining 
amplifier 

IN 

Compressor' 
limiter OUT 

Fig. 10: Patching a compressor /limiter from fader out to EQ in. 

I would suggest that the limiter be 
patched as shown in Figure 9 -be- 
tween the EQ out and combining amp 
in. However, if you desire to do your 
limiting before the equalizer (pre -equa- 
lizer) you can patch as shown in Figure 
10. There is no hard and fast rule as to 
which way you should patch your com- 
pressor /limiter. If you have the patch 
points available to you, try both ways 
and see which gives you the results 
you desire. For one type of vocal or in- 
strument you may find limiting pre - 
equalizer to be most effective while for 
yet another type of vocal or instru- 
ment you might find limiting post - 
equalizer to be most effective. 

When to Use Combining Amp Out 
and Line Amp In 

All of the patch points up to here 
have only affected the signal on a par- 
ticular input position. This usually 
means auxiliary devices are used on 
single vocals or musical instruments. 
Usually a number of inputs are 
assigned to an output channel. In the 
example used earlier there was a vocal 
solo on one microphone and back- 
ground vocals on four additional mi- 
crophones. This requires five input po- 
sitions and each microphone signal can 
be processed individually with inboard 
equalizers or auxiliary equipment via 
patch points. Oftentimes after a vocal 
solo and background vocals are com- 
bined together on a single output chan- 
nel one may desire to add a little EQ or 
limiting to the output channel. You 
can indeed process the composite sig- 
nal on the output channel rather than 
the individual signals. This can be 
done by patching after the combining 
amplifier as shown in Figure 11. If 
your console does not have patch 
points for combining amplifier out and 
line amplifier in you must connect the 
auxiliary device as shown in Figure 12. 

Another common practice is to use a 
stereo compressor /limiter on a stereo 
output bus during a mixdown. This 
would be connected or patched as 
shown in either Figures 11 or 12. Of 
course the left channel would be 
patched to the left channel of the limi- 
ter and the right channel would be con- 
nected to the right channel of the 
limiter. It is important to note that 
only stereo limiters or single channel 
limiters that can be connected or 
strapped for stereo operation should 
be used for this purpose. If two single 
channel limiters are used for stereo 
limiting without being coupled there 
will most likely be an image shift in the 
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Frankly about the same as unclear music. Roland Space Echos 
give your music extraordinary depth with no sacrifice in clarity. 

tk. 

SPACE ECHO RE -201 

SPACE ECHO 
FE-101 

Building a superb echo chamber 
is hardly a challenge for Roland. 
Outselling every other echo 
chamber in the world is. Tha_ s 
why Roland lets you choose from 
s -_x d_fferent models Each offers 
special features ...like a Free- 
Running Tape System and Direct 
Drive Brushiess Servo Motor... 
Newly Engineered Tape Heads 
for less noise. lower wow & lut- 
ter, extended head and tape life 
...Chorus Circuitry that converts 
sob) sounds into er_semb:e effects 
...Automatic Noise Reduction... 
FCF ;Frequency Controlled Fil- 
ter; for higher fideliy. And each 
model gives you a wide range of 
effects from a single delay to the 
sustained echos of a large con- 
cert hall. Most important. every 
Roland echo chamber incorpor- 
ates the most advanced tech- 
nology_.. to assure you cf excep- 
tionally low noise, and soúnd 
that's absolutely crystal clear. 
No wonder Roland Echo Cham- 
bers are used by the world's 
best -known groups. You simply 
won't find a better echo chamber 
than a Rolarc-..oreven one quite 
as good...for your.rr-oney: Visit 
your nearest Roland Dealer and 
let us make that perfectly clear. 
For color brochure on ROLAND 
ECHO CHAMBERS, write De- 
partment 10- 088,RolandCorpUS, 
2401 Saybrook Avenue, Los 
Angeles, CA 90040. 
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Fig. 11: Patching from combining amplifier out to line amplifier in. 
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Fig. 12: Patching an auxiliary device from a channel output to a recorder input. 

stereo perspective. In reference to 
Figure 1, there is a stereo output bus 
with access via patch points to the left 
and right combining amplifier outputs 
and access also to the left and right 
line amplifier inputs. 

When to Use the Echo Send Output 
A very common practice is to use 

equalization on the echo send signal. 
The equalizer is connected to the con- 
sole echo send output and to the echo 
device input as shown in Figure 13. 
Delay lines or tape machine delay are 
also commonly used in the echo send 
signal path, and they would be patched 
or connected in the same manner as 
shown in Figure 13. 

When to Use Echo Return Inputs 
Sometimes equalization is used on 

the echo return instead of the echo 
send. Some engineers use expanders 
on the outputs of noisy echo devices to 
reduce the noise. However, the use of 
an expander on an echo return will also 
reduce the decay time of the echo 
device as well. If any auxiliary devices 
are to be connected in the echo return 
signal path the connections would be 
made as shown in Figure 14. 

Wide Range of Equipment 
There are many variations and com- 

binations of auxiliary equipment hook- 
ups that can be done with patching 
and a good working knowledge of sig- 
nal flow and the ability to read and 
understand recording console block 
diagrams or schematics. 
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ary equipment. Most of the available 
auxiliary equipment will also be below 
500 ohms output impedance and 
10,000 ohms or greater input impe- 
dance. These input and output impe- 
dances will work with most any record- 
ing console. Most available auxiliary 
equipment is also line level in and out. 
If you have any questions regarding 
this, call the customer service depart- 
ment of the console manufacturer or of 
the auxiliary equipment manufacturer, 
or talk to your local recording equip- 
ment dealer. 

A wide range of auxiliary equipment 
is available on the market. There are 
phasers, flangers, Harmonizers, fil- 
ters, equalizers, delay devices, echo 
devices, compressor /limiters, expan- 
ders, etc., available to patch into your 
recording console. Each auxiliary de- 
vice has some special effect it will per- 
form or some special job that it will do. 

Echo send 
line amplifier Echo send 

out 
Echo device 

in 

HEqualizer 
N OUT 

IN 
Echo device 

Fig. 13: Patching an equalizer from echo send out to echo device in. 

Echo device 

Echo device 
out 

OUT 

Echo return 
in 

IN 

Auxiliary 
device OUT 

,r. 

Fig. 14: Patching auxiliary equipment into the echo return signal path. 

Throughout I have talked of com- 
pressor /limiters or equalizers for most 
of the examples of patching. If an 
equalizer is shown in one particular 
figure, I do not mean to imply that 
that is the only such auxiliary device 
that can be connected at that point. 
Any auxiliary device can be used at 
any patch point as long as the auxili- 
ary device has line level inputs and 
outputs and has appropriate input and 
output impedances for your recording 
console. Some recording consoles will 
interface with auxiliary equipment 
with output impedances of typically 
5,000 ohms. Check your console in- 
struction manual for the recommended 
input and output impedances of auxili- 

It will be necessary for you to play 
with these different types of auxiliary 
devices personally to know and experi- 
ence what they will do. The use of 
various auxiliary devices will enable 
you to add additional tonal colors, 
special effects and operating controls 
to your recordings. 

The reading and thorough under- 
standing of this two -part article will 
prove to be one of the most valuable 
and useful pieces of information you 
will ever obtain. If you don't under- 
stand something, go back and read 
that part again until you do under- 
stand. A whole new world of versati- 
lity and flexibility will now be open to 
you. Happy patching! 
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"We enjoy being on the road. But when 
you play a hundred different rooms 
a year, you can have a hundred 
different acoustical problEms. And 
that's no joy. So now we use the 

new Fender MA 8S Stereo Sound 
System. We e.q. the treble, bass and 
midrange with the five -band 

graphic equalizers -and it's like 
every room is identical. Then 
with the stereo separation, 
people hear us loud and live. 
Scund systems have come a 
long way sincE I left Jacksonville 
for L.A. Oh yes, they have'.' 

MALE Ui 

CIRCLE 10 ON READER 3ERJICE CARD 
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D 
igital recording. These two 
words have generated a tre- 
mendous amount of interest in 

the world of audio engineering in the 
last few years. In this country, how- 
ever, there was little general interest in 
digital recording until the autumn of 
1977. All that changed at the 5fth 
Convention of the Audio Engineering 
Society in New York that October 
where not one but two American -made 
digital recording systems made their 
debut; 3M showed a non- workia 
prototype of their elaborate 40- chane_ 
digital recorder and demonstrated a 2 

track digital machine, and digita: 
pioneer Dr. Tom Stockham demon- 
strated his Soundstream digital -e- 

corder. Suddenly, digital recording 
was in the minds of thousands of 
recording engineers, studio owners 
and audio enthusiasts across Lie 
country. Yet in the ensuing year anc a 
half, there has been little obvious prog- 
ress toward making digital recording a 
reality in America. Dr. Stockhamr_'s 
Soundstream machine has been used 

dMEIPJG 
PCM 
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on a number of experimental classical 
recordings, a handful of which have 
been released commercially on the Tel - 
arc label, and as we go to press with 
this issue of Modern Recording, 3M 
has just delivered the first of their 
digital machines to two customers in 
Los Angeles. 

In Japan, the status of digital 
recording is very much different than 
it is here in America. Most of the Jap- 
anese audio manufacturers have exper- 
imented with digital recording in some 
form or other, and many of them have 
quietly displayed their experimental 
machines or prototypes at recent 
Audio Engineering Society con- 
ventions. These devices never seemed 
to attract much attention from Amer- 
ican engineers, partly because they 
[the devices] really were not much 
more than experiments and partly be- 
cause America may just not have been 
ready for digital recording. 

One of the foremost pioneers of dig- 
ital recording in Japan has been Nip- 
pon Columbia Co., whose interest in 
and committment to digital recording 
has always seemed to stem from a de- 
sire to produce state -of- the -art record- 
ings for release on their Denon label 
rather than from interest in manufac- 
turing digital systems for sale. As 
early as 1972 Nippon Columbia had de- 
veloped an operational but admittedly 
somewhat crude pulse code modulated 
digital tape recording system. (Pulse 
code modulation, or PCM for short, is 
the name given to the most classical 
process for digitizing an analog or 
audio signal.) Nippon Columbia did 
not keep their machine in the lab- 
oratory; their original system and a 
subsequent "portable" version de- 
veloped in 1974 were put to work in the 
recording studio and on location in 
several concert halls and churches in 
"live" recording sessions. The output 
of these sessions was commercially re- 
leased on the Denon label and amounts 
to some 150 LPs. These initial Denon 
PCM releases justly received critical 
acclaim for performance and sonic 
quality and were awarded several cov- 
eted prizes including the French Grand 
Prix du Disque and the Dutch Prix 
Edison. Yet Nippon Columbia was not 
satisfied with the results they were ob- 
taining with their system -they knew 
PCM had more potential. In 1977, Nip- 
pon Columbia completed development 
of a new, updated 8- channel PCM tape 
recording system, designated the DN- 
034R which offered improved dynamic 
range and more sophisticated data 

handling for greater flexibility and 
convenience. It was this improved sys- 
tem which a team of Nippon Columbia 
engineers brought to Sound Ideas Stu- 
dios in New York City in November of 
1977 and again in November and 
December of 1978. 

PCM Comes to New York 
The reader might well wonder why a 

Japanese record company would travel 
half way around the world to use their 
new recording system. The answer to 
that question is fairly simple -they 
wanted to cut some sides of top -notch 
jazz and it is obviously better to come 
to the musicians than to try to bring 
large numbers of musicians to Japan. 

But why go to that much trouble 
and expense to record some jazz LPs 
you ask? The answer to this question 
is a little more complicated and in- 
volves several factors. Foremost is the 
popularity of jazz in Japan. It has al- 
ways seemed ironic that jazz, which is 
a characteristically American music 
despite its African roots, should be 
more popular in some foreign 
countries, most notably Japan and 
Germany, than here at home in Amer- 
ica. It is not uncommon for a jazz rec- 
ord to sell as many copies in Japan or 
Germany as in America despite the 
much smaller total market for re- 
corded music in these other countries. 
A second major factor is the musical 
taste of the audiophiles and audio pur- 
ists who comprise the primary market 
for premium -priced digital or direct -to- 
disc recordings. Such dedicated listen- 
ers generally show a preference for 
classical and /or jazz records, which 
tend to be recordings of real -time per- 
formances, rather than rock and pop 
records which are most often "manu- 
factured" in the studio. Both these fac- 
tors relate to the size of the market for 
top quality jazz recordings which is 
large enough to make a PCM jazz 
recording project a realistic economic 
proposition. A third factor relates to 
conditions which make PCM jazz a 
technically feasible proposition. Very 
simply, jazz and classical recordings 
are much less likely to be constrained 
seriously by the technical limitations 
of Denon's PCM system which is only 
8 channels and rather cumbersome to 
overdub with. 

How did it happen that Nippon 
Columbia brought their latest and best 
PCM system to Sound Ideas, a fine, 
up -to -date but internationally unre- 
nowned studio on West 46th Street in 
Manhattan? To organize their PCM 

jazz project Denon retained the serv- 
ices of Yoshio Ozawa as producer. 
Ozawa, an ardent jazz enthusiast, had 
produced a number of jazz recordings 
for other labels before his association 
with Denon, and one of the engineers 
he had worked with on some dozen LPs 
was a young but very experienced 
engineer named Jim McCurdy. 
McCurdy had subsequently joined 
Sound Ideas as a staff engineer, and it 
was his relationship with Ozawa that 
brought the Denon PCM project to 
Sound Ideas originally in November, 
1977 and again a year later. 

PCM Explained 
Before going much further we 

should take some time to explore the 
basics of what PCM is, how it works, 
and how it differs from conventional 
analog tape recording. Our discussion 
is necessarily much simplified for the 
sake of easy understanding. For the 
technically minded who desire a more 
thorough, mathematical treatment of 
PCM techniques we would like to 
recommend Barry Blesser's excellent 
summary of the theory and current 
practice of digitalization techniques 
which appeared in the November, 1978 
Journal of the AES ( "Digitization of 
Audio: A Comprehensive Examination 
of Theory, Implementation, and Cur- 
rent Practice," Journal of the Audio 
Engineering Society, Volume 26, num- 
ber 10, pages 739 -771) as an excellent 
starting point. 

The basic concept behind digital 
audio is fairly simple. There is a mathe- 
matical concept which says that any 
continuous function (that is, one which 
does not have any discontinuities) can 
be approximated to any desired degree 
of accuracy by sampling it one point at 
a time; as greater accuracy is desired, 
the points become closer and closer. If 
we take a sine wave function as an ex- 
ample, the coarsest usable approx- 
imation would result if we chose two 
points per cycle to correspond to the 
positive and negative peak values. (In 
fact, it can be shown that only these 
two points are necessary if we know 
that the function is a sine wave.) As we 
choose more and more sample points in 
addition to our initial two points per 
cycle, the shape of the curve becomes 
better defined whether it is a sine wave 
or not; eventually we will reach a point 
where the points are so dense that it 
may be virtually impossible to tell that 
our curve is actually made up of dis- 
crete points. The process of analyzing 
a continuous function in discrete time 
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intervals is known as sampling. 
If we take a very slow continious 

function in electrical form, say a .: Hz 
sinusoidal AC voltage, and measiie its 
instantaneous voltage once every sec- 
ond we will have a series of voltage 
readings which can be used to generate 
an approximation of the original wave- 
form; in this particular case we would 
have a ten point per cycle approx- 
imation. If we are dealing with an 
audio waveform, say a 1 kHz sine 
wave, we obviously cannot perform 
the sampling manually; we can, how- 
ever, build a circuit which will sample 
the instantaneous voltage every so 
often and hold the sample until it takes 
a new one. Such a circuit is known as a 
"sample and hold" circuit for obvious 
reasons. To sample ten times per cycle 
of our 1 kHz signal we must take 10 
samples every 1/1000th of a second; 
this is commonly expressed as a 
sampling frequency of 10 kHz. 

If we use this same 10 kHz sampling 
frequency with a lower input fre- 
quency, say 100 Hz, we will obviously 
have more samples per cycle and will 
thus obtain a better approximation of 
the input waveform, but what happens 
if we take the input signal up in fre- 
quency? If we have an input of 5 kHz 
with our 10 kHz sampling frequency, 
we will have only two samples per 
cycle which is an adequate approxi- 
mation only for a sine wave. Any input 
signal above 5 kHz (which would also 
include any distortion products of 
lower frequency inputs) will be 
sampled less than once per cycle. It 
can be shown mathematically that 
when a signal is sampled less than once 
per cycle, the output of the sample and 
hold will resemble the sampled output 
of some frequency other than the input 
signal. In other words, the sample and 
hold behaves as if it has generated a 
new, spurious signal; this phenomenon 
is known as "aliasing" and has two 
important consequences in the design 
of digital audio systems. First, it dic- 
tates that the sampling frequency 
must be at least two times the highest 
input frequency of interest, and sec- 
ond, it means that measures must be 
taken to prevent higher frequencies 
from reaching the sample and hold cir- 
cuit. Consequently, a digital system 
with analog frequency response to 20 
kHz must use a sampling frequency of 
at least 40 kHz, and must use an ex- 
tremely sharp filter to attenuate 
everything above 20 kHz. In practical 
systems, the sampling frequency is 
usually above 45 kHz. (Denon uses 

Jazz composer and pianist Hilton Ruiz working out a part at Sound Ideas. 

47.25 kHz, and preliminary proposals 
for a standardized sampling frequency 
have been in the 53 kHz area.) 

An astute reader might wonder at 
this point why considerably higher 
sampling frequencies aren't used to 
improve the sampling resolution of 
high frequency input signals. The most 
immediate consequence of a higher 
sampling rate is that more data stor- 
age capacity is needed to handle the 
larger number of samples, and this is 
bound to have a direct effect on sys- 
tem cost. The interesting thing is that 
the additional samples do not actually 
result in a significant improvement in 
audible quality. It can be proved that 
two samples per cycle is sufficient to 
reconstruct the input signal if we know 
that it is a sine wave, but what if the 
signal is not a pure sine wave? We 
know mathematically that any per- 
iodic wave form can be described a 

the sum of a fundamental sine wave 
and some particular combination of 
sinusoidal harmonic waveforms. If our 
system has a strict 20 kHz high fre- 
quency limit, it is obvious that har- 
monics cannot exist in our system for 
any fundamental 10 kHz or higher. 
Thus all wavefcrms above 10 kHz 

must be sine waves in a system with a 
20 kHz band limit. Harmonic fre- 
quencies above 20 kHz do exist in nat- 
urally- occurring sounds, but it has 
been shown that bandwidth limiting a 
system to 20 kHz does not seriously 
degrade the sound quality. Raising the 
sampling frequency above 40 kHz will 
make it possible to sample frequencies 
above 20 kHz, but it will have no effect 
on the accuracy of the sampling of 
fundamental frequencies below 20 kHz 
since two samples are sufficient for a 
sine wave. 

Now that we have sampled our input 
waveform, effectively changing a con- 
tinuous function into thousands of dis- 
crete steps, the task is to store the 
value of each step so that we can later 
reconstruct the input waveform from 
the stored values, step by step. If we 
return to our example of a very slow 
sine wave and manual sampling, the 
obvious technique is to read the 
sampled instantaneous voltages on a 
voltmeter, converting the analog dis- 
placement of the meter movement into 
a digital value using the meter scale, 
and to write down the resulting num- 
ber in a table. The process of reading a 
digital value from an analog meter is 
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known as quantizing. We should stress 
that no matter how accurately we read 
the meter, we ultimately will always 
have to assign the same number to a 
small range of meter indications; in 
other words, we eventually must 
round off our reading, giving rise to a 
small error known as quantization 
error. The more accurately we can read 
the meter, the more decimal places we 
can read, the smaller will be the magni- 
tude of the quantization error, but 
there will always be some amount of 
error in quantization. Quantization 
error is roughly comparable in effect to 
noise in an analog system; both quanti- 
zation error and analog noise have the 
effect of masking small magnitude 
changes in the signal and thus deter- 
mining the dynamic range of the 
system in question. 

Quantizing a sampled audio signal is 
exactly analogous to the manual 
process we just described; to actually 
perform the operation we use an elec- 
tronic device known as a quantizer or 
an analog -to- digital converter (A /D 
converter for short). Unlike our man- 
ually generated data which would 
most likely be recorded in decimal no- 
tation which we humans are most com- 
fortable with, the output of the A/D 
converter would be in the form of a bin- 
ary number, which is the only form 
that digital electronic devices are com- 
fortable with. Each different binary 
number which can appear at the con- 
verter's output corresponds to a small 
range of possible sample voltages 
applied to the converter's input. The 

binary output of the converter will be 
in the form of a series of pulses or 
"bits" which correspond in time to the 
cycles of a carefully controlled exter- 
nal "clock," usually a crystal oscil- 
lator. At each clock pulse (what you 
might call a "tick ") the output of the 
converter is either high or low in volt- 
age to represent a binary 1 or O. The 
particular sequence of highs and lows 
defines a binary number which in turn 
represents a unique small range of 
sample voltages at the converter's in- 
put. It is from this process that PCM 
derives its name; by sampling and 
quantizing the input signal, we have 
converted the amplitude modulation of 
the analog input signal into a sequence 
of binary numbers which are handled 
as a modulated pulse code. 

For those not familiar with binary 
arithmetic, a brief introduction is in 
order. A binary number is expressed as 
a string of some quantity of binary 
digits as and Os); the individual digits 
are known as "bits" and the length of 
the string of binary digits is known as 
the word length and is expressed as a 
number of bits. Digital electronic de- 
vices operate on a fixed word length; if 
it only takes five bits to express a 
particular number, those five bits will 
be preceded by enough Os to make up 
the necessary word length. The last bit 
on the right of a written binary num- 
ber corresponds to the last bit trans- 
mitted in a binary word; it is called the 
least significant bit (LSB) and has a 
unit value of 1. Each preceding bit in a 
binary number has a value two times 

Veteran jazz saxophonist Pharoah Sanders recording a la PCM. 

that If the one which follows; the bit 
just before the LSB has value 2, the 
one before that has value 4, and so on 
up to the most significant bit which 
will have a value of 2 " -' in an n -bit 
number. The value of a binary number 
is the sum of the values of its bits, Os 
carrying 0 value and is having a value 
corresponding to its position relative 
to the LSB as described above; for ex- 
ample, the digital number 101101 
would equal : 

25 +0 +23 +22 +0 +1= 32 +8 +4 +1 =45. 
A 14 -bit word, such as the Denon 
system uses, has a maximum value of 
16,383 (2 " -1) if all its bits are ls; this 
means that signal voltages over a 
16,383 to 1 range can be uniquely ex- 
pressed. In an audio system we deal 
with both positive and negative volt- 
ages, so one bit of our binary word 
must be used directly or indirectly to 
indicate the sign or polarity of the 
voltage. This means that our 14 -bit 
system actually expresses positive or 
negative voltages over a range of 
slightly more than 8000 to 1, which is a 
voltage ratio of about 78 dB. This fig- 
ure represents the dynamic range be- 
tween the largest and smallest volt- 
ages which can be accurately 
quantized. The dynamic range of a 
PCM system is usually taken to be the 
ratio of maximum voltage to the 
quantization error, which is theor- 
etically 3 dB below the level of the 
smallest accurately quantizable signal. 
This would yield a dynamic range of 81 
dB for a 14 -bit system which is what 
Denon specifies for their basic system. 
It can be seen that the most direct 
route to improved dynamic range in a 
PCM system is to use more bits in the 
quantizer to improve the resolution of 
small voltage changes and decrease 
the quantization error. According to 
theory, each additional bit doubles the 
resolution, halves the quantization 
error and thus improves the dynamic 
range by 6 dB. The 3M and Sound - 
stream digital recorders use 16 -bit 
words rather than the 14 -bit words 
favored by the Japanese for exactly 
this reason. The disadvantage to using 
extra bits is that it signifcantly in- 
creases the cost of the system. 

The only other process necessary to 
a digital recording system is the actual 
recording of the digital data. The task 
here is to magnetically record a stream 
of binary bits or pulses which occur at 
the frequency of the system clock 
which is usually in the 3 MHz to 10 
MHz range. Fortunately this seem- 
ingly formidable task is commonplace 
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in the world of instrumentation re- 
corders, computer tape drives, and 
even video tape recorders. 3M's digital 
design team, for example, mostly came 
from backgrounds in instrumentation 
recorders and the machine shows this 
heritage. For economic reasons, most 
of the Japanese systems have opted to 
use video tape recorders. The Denon 
system multiplexes eight channels of 
digital information into one pulse 
stream compatible with a standard 
video format allowing them to use a 
standard 2 -inch video tape recorder. 

At the most recent New York AES 
convention Sony showed prototypes of 
PCM converters which will record a 
stereo PCM signal on either a U -Matic 
or a Betamax video cassette. Most of 
the systems using video formats have 
little more in their pulse stream than 
the binary words themselves and sync 
pulses to tell the machine where each 
word begins in playback, while 
systems designed from the ground up 
have no prior constraints on the data 
format and can thus embody sophisti- 
cated techniques of data interleaving 
and parity bits to allow the machine to 
continuously verify correct data and 
even to reconstruct invalid data in 
some cases. Denon's coding format is 
an example of the straightforward 
approach, while the coding scheme 
used by 3M and jointly developed by 
the BBC has very sophisticated self - 
verification built -in. The question of 
coding schemes promises to be a major 
stumbling block to compatibility be- 
tween systems assuming that stand- 
ards will eventually be set for 
sampling frequency, clock frequency 
and word length. 

M 
uch has been written about 
the advantages of digital re- 
cording over conventional 

analog recording systems. For those 
readers who have not followed the 
progress of digital audio, we will recap 
the qualities that make PCM poten- 
tially so superior. 

In a sense, PCM's advantage stems 
more from the shortcomings of analog 
recording than from any advantage in- 
herent to PCM. The basic problem in 
analog recording is that we rely on 
magnetic tape -which is inherently 
non -linear -to perform in a linear 
fashion over an extraordinary range of 
conditions. For audio purposes we re- 
quire linear, undistorted operation 
over a 1000 to 1 frequency range and a 
dynamic range of some 70 dB (about 
6000 to 1). In practice, the signal -to- 

noise ratio of the entire analog record- 
ing process is set by the tape itself; it 
is determined by tape saturation, or 
maximum undistorted output level on 
the one hand and the inherent noise of 
the tape on the other. To make things 
more, difficult, tape saturation occurs 
sooner at high frequencies, and this 
effect becomes more pronounced as we 
increase the amount of AC bias we use 
to overcome the essential nonlinearity 
of the tape and thus reduce distortion 
to usable levels. The physics of mag- 
netic recording dictate that the 
process depends on changing magnetic 
fields; a reproduce head will only pro- 
duce an output if the magnetic flux of 
the tape passing the head is changing. 
As the recorded frequency goes down 
or as tape speed goes up, the rate of 
change of flux goes down and the head 
loses its ability to produce an output. 
The ultimate result is a limit to low fre- 
quency response. 

Two additional shortcomings of ana- 
log recording which become problems 
all too often are wow -and -flutter and 
print -through. Careful mechanical de- 
sign and improved tape formulations 
have minimized these problems, but 
there is no way to totally eliminate 
either problem in an analog system. 

PCM recording overcomes the 
limitations of analog recording simply 
because it no longer relies on the mag- 
netic recording process to be linear; 
magnetic tape is now merely a storage 
medium for data in the form of coded 
pulses. Since the pulse code only con- 
tains two pulse values corresponding 
to binary is and Os, the dynamic range 
of the magnetic tape need only be good 
enough to produce reliable high and 
low output pulses. Tape noise and 
print- through effectively cease to have 
an effect on system performance, as 
does harmonic distortion. These are 
the factors that determine the degree 
of signal degradation in making an 
analog tape copy, and since none of 
them affect the performance of a PCM 
system there are essentially no degra- 
dation or generation losses in re- 
recording a PCM signal as long as the 
pulse timing is not affected. Wow and 
flutter of thé PCM recorder does, of 
course, affect the pulse timing, but the 
sync pulses which are inserted be- 
tween certain of the binary words 
allow the system to synchronize the 
data pulse and clock frequencies thous- 
ands of times a second. 

In a PCM system, then, the tape is 
simply not the limiting factor. Vir- 
tually all of the normal performance 

criteria are determined by the architec- 
ture and performance of the conver- 
sion stages. Dynamic range or signal - 
to -noise ratio is set primarily by the 
word length. The high frequency re- 
sponse of the system is directly depen- 
dent on the sampling frequency, and 
the low frequency response truly ex- 
tends to DC. since a PCM encoder 
treats the input signal as a sequence of 
discrete steady -state values rather 
than as a rate -of- change phenomenon. 

The one tape phenomenon which 
does affect PCM recording (and analog 
recording as well) is the tape dropout. 
In analog recording we may hear drop- 
outs as reductions in the output level 
or as total "holes" in the sound, or we 
may only hear them as a "graininess" 
in the sound if they are very short. In 
PCM, however, a dropout causes the 
machine to read a spurious data word 
because some of the bits are now incor- 
rect, and we hear the result as a highly 
audible glitch. Most PCM systems in- 
clude a "de- glitch" circuit following 
the digital -to- analog converter to mini- 
mize the audible effect of dropouts, 
and the more sophisticated systems 
use a variety of parity bit and data 
interleaving schemes to sense drop- 
outs or incorrect data and either skip 
over the incorrect words or correct 
them using the interleaved data. 

Lest we should think it perfect, there 
are a few shortcomings specific to digi- 
tal recording we should not overlook. 
As we pointed out above, there is a 
quantization error which is inherent to 
the PCM process. Audibly, this error 
is heard as a kind of noise, but one 
which does not resemble the familiar 
hiss of analog devices. In most PCM 
systems the noise from the quantiza- 
tion error is so far below the signal 
that it is not a problem, but the sound 
of the noise is such that it may be 
objectionable out of proportion to its 
actual level. An operational short- 
coming of PCM is the difficulty of per- 
forming edits in a data stream. Sys- 
tems that use a simple, sequential for- 
mat such as the Denon machine uses 
do allow physical editing, although 
they require that the edits be made 
precisely at sync pulses which may 
require extraordinary editing tech- 
niques. Most systems will require the 
use of electronic editing techniques 
which may prove cumbersome and 
time -consuming to engineers accus- 
tomed to fancy razor blade work. 
Fortunately, there is no loss of quality 
in electronic editing since there is no 
generation loss in PCM. 
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The Denon DN -034R System 
In many ways the Denon PCM sys- 

tem is a simple and straightforward 
one. We must bear in mind that in 
designing this system, Nippon Colum- 
bia was looking to its own specific re- 
quirements rather than designing for 
some generalized set of requirements 
had it been intending to manufacture 
the system for sale. The system uses 
linear pulse code modulation with a 14- 
bit sign and magnitude binary word; 
this is the most classical and direct 
form of digital encoding of an analog 
signal. The 14 -bit word length has suf- 
ficient resolution to yield an 81 dB 
dynamic range which is improved to 89 
dB by using high frequency pre - 
emphasis/de- emphasis above 2 kHz. 
The sampling frequency is 47.25 kHz 
which is high enough to produce fre- 
quency response which is ±0.2 dB 
from DC to 19 kHz, falling to -1.0 dB 
at 20 kHz. Distortion is held to less 
than 0.1% at operating level. The 
transmission clock frequency of 7.1825 
MHz and the data format are designed 
to be compatible with a standard video 
tape recorder. The Denon system 
encodes 8, 4 or 2 channels of audio 
information. The digital words for 
each sampling from each channel are 
assembled sequentially into a single 
data stream. Each stream of eight 
words is separated from the next by a 
data sync pulse, and each three 
samplings is separated by another 
sync pulse which corresponds to a 
video horizontal sync pulse for VTR 
compatibility. 

The video tape recorder used with 
the Denon system is a standard 2 -inch, 
four -head, low -band unit operating at a 
tape speed of 38.1 cm (15 inches) per 
second. In practice, Denon uses two 
VTRs running simultaneously and fed 
from the same PCM converter. This 
gives them a second master tape to use 
in case they should encounter a severe 
dropout problem or if the first master 
should in some way be damaged. 
Besides the two VTRs, their system 
comprises a PCM converter unit which 
contains all the encode and decode 
functions, a video and waveform moni- 
tor unit which is basically an oscillo- 
scope display interface and an audio 
monitor which provides a headphone 
output of the audio program. 

The Denon system does allow for 
overdubbing, although the process is 
somewhat cumbersome. To do an over- 
dub, the existing data tracks are 
played from one VTR while the new 
track (or tracks) is encoded and added 
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to the data stream which is then 
recorded on the second VTR. The pro- 
cess is very similar to the overdub 
technique that was used back in the 
four -track and eight -track days before 
sel -sync, except that there is no gene- 
ration loss associated with "bouncing" 
the data from one machine to the 
other. The data transfer between 
machines is done at the data word level 
for best results; transferring data in 
audio form would increase quantiza- 
tion error noise because of the extra 
D/A and A/D conversions, and trans- 
ferring transmission signals increases 
the noise and jitter of the signal. 

Denon's PCM jazz projects have 
been nothing if not ambitious. 
In 1977 the project ran for five 

weeks in which time they completed 
eleven albums; this year's project was 
six weeks long and encompassed thir- 
teen albums and a demo or two. These 
figures are almost astonishing to 
engineers used to working on rock pro- 
jects which can and do drag on for 
months. McCurdy points out that it is 
really quite hard to take more than 
two days to record a jazz album when 
it is essentially being recorded "live." 
Ozawa and McCurdy wanted to dis- 
courage overdubbing on all the 
records, which they accomplished by 
telling the musicians up front that 
there would be no overdubbing, and 
they only relented in two or three 
cases. This made it possible to record 
an album's worth of music with alter- 
nate takes in one day or a day and a 
half and then mix it the following day. 
Occasionally things would go well 
enough the first day that it was possi- 
ble to record and mix the whole album 
the same day and still get home in time 
to catch the 11:00 news. One truly re- 
markable session was the Bridgewater 
Brothers Band. 

Cecil Bridgewater is a trumpet 
player who has been working with 
Ozawa as A &R Coordinator on the 
project. From his involvement in 
several phases "of the project he 
became impressed with the immediacy 
of recording with PCM; to him it is the 
next best thing to direct -to -disc, and 
he decided that when he and his saxo- 
phone playing brother, Ron, did their 
album they would approach it in much 
the same way they would if they were 
recording direct -to -disc. On the 
appointed day they brought their band 
into the studio, did one run -through 
and then recorded the entire album, 
some 38 minutes of music straight 

through in two takes. 
The artists recorded for the Denon 

projects span nearly the whole range 
of the music called jazz. Their scale 
ranged from a Kenny Byron -Tommy 
Flanigan piano duo (the two had never 
met before they got together in the 
studio that day), to the 25 -piece Frank 
Foster Band, to an all -star quartet re- 
cording with Archie Shepp as front 
man. Some of the groups were existing 
units with extra players added to per- 
form the parts that would otherwise be 
overdubbed, and some of them were 
combinations put together by Ozawa. 
For the Archie Shepp session, as an 
example, Ozawa booked Shepp on sax, 
Jaki Byard on piano, Roy Haynes on 
drums and Cecil MacBee on bass, an 
all -star combo who truly enjoyed the 
opportunity to play together. 

Ozawa generally left the choice of 
material to be recorded up to the 
musicians. Existing groups normally 
would have a number of tunes 
rehearsed and ready to record when 
they came in to the studio. In many 
cases, the choice of tunes would have 
been influenced in advance by A &R co- 
ordinators Cecil Bridgewater and 
Reginald Workman who maintained 
contact with the bands prior to the ses- 
sions. In the case of sessions with 
combos put together for the date, the 
tunes were usually picked sponta- 
neously in the finest jazz tradition. It 
is just this situation that is one of the 
greatest challenges a jazz producer 
will face, since it raises the question of 
how much structure and direction a 
producer should impose on what is 
ideally a spontaneous music. Ozawa's 
approach was to leave the players to 
themselves as long as the results were 
worthwhile, and to step in only when 
things failed to gel. According to 
McCurdy, on more than a few 
occasions Ozawa would go into the stu- 
dio and say to the session leader some- 
thing like: "Look, you recorded this 
tune back in 1964 with so- and -so on 
the such -and -such label, and it was 
super; if you don't think you can do 
better now, let's do another tune." 

The wide range of music recorded 
was a considerable challenge for 
engineer McCurdy. "The first year we 
had this project here I learned that the 
secret to handling the situation effec- 
tively was to find out as much as I 
could about the session ahead of time. 
This year it seemed that I spent half 
the time I wasn't in- session on the 
phone trying to find out what the guys 
coming in next week had for instru- 
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ments. That way, I could have some 
idea of the set -up and have part of It 
ready when the musicians started to 
arrive. It really kept our assistant 
engineers hopping too, because it 
seemed like we were doing something 
different every day. One day we'd have 
the drums out in the middle of the 
room, the bass in the booth and the 
piano over here, and the next day we'd 
get a bass player who has to practi- 
cally sit in the drummer's lap and a 
keyboard guy who has to see every- 
body in the band." 

This year, McCurdy's task was made 
more complicated because the Denon 
project was booked into Sound Ideas' 
largest studio, Studio C, which is 
located down a flight of stairs from the 
other studios and the offices. "I was 
really pleased we got Studio C this 
year because it's such a great room. 
Last year we worked upstairs in 
Studio A, which is a good room, but 
it's much smaller and you just don't 
have as many choices about where you 
can put things. Studio C is fantastic 
because it's so flexible, but it meant 
that I really had to have a good idea of 
what was going to happen or else we 
would have wasted a lot of time." 

The Studio Set -up 
Studio C at Sound Ideas is a fairly 

large room, some 24 feet wide and 
about 35 feet deep with a high, 18 foot 
ceiling. In one corner of the room is a 
totally enclosed vocal booth with a 
semi -enclosed booth upstairs in a 
piggy -back arrangement. Along one 
side of the room is a topless drum 
enclosure and upstairs above one side 
of the control room area is a low - 
ceilinged isolation room measuring 
about 12' X15'. The acoustics are fairly 
uniform throughout the room, the 
overall sound being balanced but fairly 
dead. 

Within this space, McCurdy would 
set up a given instrument where it 
made the most sense for the particular 
session rather than in a particular 
place all the time. It is easier for the 
engineer to work with everything in a 
customary place, but McCurdy feels 
this is not the route to the best sound. 
The one exception to this is the string 
bass which McCurdy prefers to put in 
the vocal booth whenever he has the 
choice. "String basses are such varia- 
ble instruments that I like to put them 
in the booth where I can do whatever is 
necessary in miking to get a good 
sound without having to worry about 
leakage. Of course, some bassists just 

can't deal with playing in the booth; in 
those cases I just have to make do 
with them out in the room because it's 
the most important for the musicians 
to be comfortable with the set -up." 

The Archie Shepp session was a 
good example of a small group setup: 
Shepp and Byard were in the main 
part of the room, Roy Haynes' drum 
ket was set up in the drum enclosure 
which was left partially open, while 
MacBee and his bass were isolated in 
the vocal booth. If the rhythm section 
had been larger or louder, McCurdy 
would likely have put Shepp in the 
upstairs booth above MacBee, but 
under the circumstances he opted for 
the more intimate set -up described. A 
large session like the Frank Foster 
date with its nineteen horns and six - 
piece rhythm section limits the options 
available; the horns obviously will 
dominate the set -up and occupy the 
bulk of the space available while the 
keyboards and amplifiers are pushed 
toward the walls. The most compli- 
cated set -up was for a John Stubble- 
field session which used both horns 
and a string section. "For that session 

« ... the music erupts 
from a silent background. 
It is an impressive 
moment... 99 
we left the horns in the main part of 
the studio and put the twelve strings 
upstairs in the little isolation room. 
Twelve strings in a 12'X15' room was 
a little crowded, but they had a perfect 
view into the studio and it sounded 
surprisingly good. I was very 
pleased," says McCurdy of the date. 

While McCurdy was very flexible on 
the physical locations of the instru- 
ments, he stayed with a fairly standar- 
dized mic selection. He finds it pre- 
ferable to use a few types of high qua- 
lity mics whose characteristics he is 
very familiar with and to spend some 
time finding ideal placements for them 
rather than using a whole variety of 
different mic types. His goal, particu- 
larly for the Denon project which has 
such high quality standards, is always 
to obtain a "real" sound for an instru- 
ment. In describing a four microphone 
set -up he experimented with on a tenor 
saxophone, he stresses that he was not 
trying for a gimmicky sound -he sim- 
ply wanted to find a technique which 
would capture the whole sound of an 
instrument which produces sound 
from its entire body, a musical fact 

which many engineers are ignorant of 
or choose to ignore. 

To mic a drum kit, McCurdy 
generally chooses an Electro -Voice 666 
for the bass drum (this is an old 
favorite of jazz and R &B engineers), 
AKG 452 condensers with the acces- 
sory 20 dB pad for tom -toms and snare 
and Sennheiser MD421s for overhead 
mics. Asked about his choice of 
dynamics for overheads when most 
engineers would pick a condenser mic, 
he replied that condensers usually 
sounded too "sizzly" as overheads for 
a jazz drummer, who is likely to play a 
lot of ride cymbal. A piano will usually 
get three or sometimes four Neumann 
KM86s before being draped with 
moving blankets over the lid to reduce 
leakage if the other band pieces are 
loud. Beyer 160s are the customary 
choice for miking amplifiers, plus 
McCurdy tended to use direct boxes 
more frequently on the Denon project 
to eliminate noise from the amplifier 
which becomes very noticeable due to 
the much wider dynamic range of the 
PCM system. For saxes and horns 
McCurdy most often falls back on 
Neumann U -47s and U -87s. He 
explains that even though he really 
doesn't like the 87 that much he will 
use it on horn sections and string sec- 
tions particularly for the simple reason 
that Sound Ideas owns some two 
dozen of them for use on the 
advertising agency dates which com- 
prise the bulk of the studio's business. 
The string bass is the one instrument 
which will see a variety of micro- 
phones; for a particular instrument 
that is a touch dull the choice might be 
a KM84, while a thin -sounding bass 
may require an MD421 to fatten up 
the bottom a little, and a boomy 
instrument might get a Sony ECM50 
and some windscreen foam attached to 
the bridge. 

Recording with PCM 
In the control room, things look 

much the same as for any recording 
session. The only clue that this is a 
PCM date is the 8- channel plug box 
sitting near the console's patchbay 
with its snake cables running out the 
control room door to a store room 
where PCM engineers Takeaki 
Anazawa and Kaoru Yamamoto hover 
over their machines. When the 
musicians are ready, McCurdy signals 
the PCM engineers and tells his assis- 
tant engineer to start the 2 -inch analog 
multitrack machine which also runs as 
a safety. There is nothing at all 
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unusual about the session until it 
comes time for a PCM play- 
back- McCurdy signals for a play- 
back, and the play light on the special 
PCM status indicator panel to his 
right comes on but we don't hear any- 
thing at all until the music suddenly 
erupts from a silent background. It is 
an impressive moment. 

McCurdy enjoys telling the story of 
his first PCM playback. It seems that 
he turned to one of the PCM engineers, 
both of whom spoke very little 
English, and said, "Playback." The 
engineer nodded and said something in 
Japanese to his associate in the other 
room. And nothing happened -no hiss, 
no anything. So McCurdy repeats, 
"Playback." The Japanese nods and 
says, "Playback." Figuring something 
is wrong, McCurdy turns to the con- 
sole and reaches to turn up the 
monitor volume just in time for the 
start of the music. "It was very loud," 
is his recollection. 

One's second impression of the 
sound of a PCM playback after 
recovering from the lack of the 
warning hiss we all know from analog 
recording is the solidity of the bass end 
of the spectrum. The PCM system's 
response extends to DC, and even 
though the monitors won't come close 
to that, there is tangibly more bass 
and more real, solid bass than one 
would think could come off a reel of 
tape. McCurdy has found that this 
improvement in low frequency sound 
quality has changed his approach to 
recording somewhat. The most con- 
crete example of this is the importance 
the string bass has taken on. McCurdy 
finds that the PCM system is the only 
one he has ever worked with which can 
capture the full resonance of the 
instrument, and he is likely to spend 
some time getting the sound just right 
to take advantage of this potential. 

The most difficult aspect of working 
with the Denon PCM system is how to 
allocate the eight tracks most effec- 
tively. Unlike a 16 -track or 24 -track 
date where he can record instruments 
and even individual mics in isolation, 
McCurdy is now forced to pre -mix 
several signals on each track just to 
get it on tape. "It's really not bad if 
you have a clear enough idea of what 
you're trying to come out with as a 
final product. You just have to 
approach recording the tracks with 
some of the same considerations you 
would have doing a normal mixdown. 
If you do it right, the two -track mix - 
down almost happens by itself." 

In general, McCurdy would assign 
two tracks for a stereo drum kit 
(versus his normal six to eight tracks), 
one track for bass, two for stereo piano 
and the remainder for solo instru- 
ments. If tracks were tight, he would 
sacrifice the second piano track; 
beyond that he would have to combine 
tracks. There is nothing wrong with 
combining tracks, to be sure- remem- 
ber that the Beatles' Sgt. Pepper's was 
recorded four -track, after all -but you 
lose flexibility every time you do so; 
you must have a good idea of where 
you are going with a tune because once 
you combine the tracks, you've gone. 

For a session like the Frank Foster 
band, track allocation is a real prob- 
lem. In this particular situation 
McCurdy retained separate tracks for 
bass and stereo drums but combined 
the piano and guitar into a single 
track. He then used one track each for 
the trumpets, saxes, and trombones, 
leaving one track left over for solos. 
This solo track was fed from a special 
console bus he had set aside that he 
could assign each soloing instrument 
to in their turn. This gave him the 
greatest flexibility to control the final 
mix that he could obtain within the 
eight -track format. 

At the other end of the track assign- 
ment question was the Kenny Byron - 
Tommy Flanigan piano duo. McCurdy 
set up the two 9 -foot Steinways facing 
one another "Ferrante & Teicher 
style," with four mics in each. "My 
first intention was to assign one mic 
per channel, but then I decided to 
make things easy and do it as a "live" 
two -track. I just spread the two instru- 
ments out with the lower strings of 
each instrument toward the middle 
and the higher strings toward the 
opposite sides. This gave plenty of 
separation for the melody lines while 
unifying the rhythm patterns each was 
playing. It sounded a lot better than if 
I had just panned them left and right, 
and probably made it easier for them 
to cut the disc, too." 

McCurdy discovered early on that 
the PCM system is very demanding of 
good input signals. If you feed it a sig- 
nal that is clean enough for an analog 
tape you'll hear the noise and distor- 
tion on PCM playback that would nor- 
mally be hidden by tape hiss. "I never 
realized what a good mic the KM86 
was till I heard it on a PCM playback, 
and I always thought Studio C's 
Aengus console looked like a turkey, 
but it sounds fine." For similar rea- 
sons, McCurdy used very little out- 

board signal processing devices, and 
little equalization, too, for that matter. 
"I tried to use a limiter a couple of 
times, but couldn't. The noise just 
stuck out like a sore thumb." For this 
reason, the mixes became rather 
simple affairs, mainly a matter of 
setting the balances and stereo per- 
spective and adding a judicious 
amount of echo to the tracks which 
were all recorded dry. 

There were only two or three of the 
thirteen sessions on which any over- 
dubs were done. One of them, the 24th 
Street Band, posed an interesting 
problem. McCurdy knew going into 
the session that the group would need 
to do an Oberheim synthesizer over- 
dub -fine, no problem. But once they 
got into the studio, they decided they 
needed to double their background 
vocals, and suddenly there weren't 
enough tracks. McCurdy originally 
figured that he would record the lead 
and background vocals on the same 
track and then do the double on a 
separate track, but thought that this 
would limit his flexibility in balancing 
the vocals and in placing the vocals in 
a stereo perspective. What he eventu- 
ally did was to record the lead vocal on 
a separate track from the original 
backgrounds. Then, in performing the 
overdub from one machine to the 
other, he transferred all the tracks 
except the original backgrounds. That 
track he decoded, mixed with the 
doubled vocals as they were being 
done, and placed the full, doubled 
backgrounds back in place of the origi- 
nal backgrounds on the PCM copy, 
which then became the master. 

McCurdy says that working with the 
Denon PCM system has been a real 
eye- opening experience, and that it has 
almost spoiled conventional recording 
for him. He relates that several times 
after the PCM project he called a main- 
tenance man into the room because a 
track was "too noisy" which it was .. . 

by PCM standards. But ultimately 
McCurdy feels that "If the music 
doesn't come across, the medium 
doesn't matter." He sees his role as 
making it possible for the music to 
happen without a hassle for the 
musician, which might take away from 
his performance. 

For anyone who makes the effort to 
seek out some of the Denon PCM 
pressings, the reward is some very fine 
jazz and some stupendous sound qua- 
lity, courtesy of fine musicians, a good 
producer and engineer, and PCM 
digital recording. 
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profi1e: ers e,er Broth The B r 
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One could call the Brecker Brothers super -stars of the 
studios. Randy and Michael Brecker have appeared on 

dozens - possibly hundreds -of records in the past decade. 
Their discography reads like a Who's Who of popular 
recorded music. The list includes: James Taylor, Carly Si- 

mon, Stevie Wonder, Todd Rundgren, Aretha Franklin, 
Average White Band Gladys Knight, Lou Reed Bob James, 
Billy Cobham, Elton John, Freddie Hubbard Parliament, 
Bruce Springsteen, Phoebe Snow, Johnny & Edgar Winter, 
Deodato, Aerosmith, Blue Oyster Cult and the Rolling 
Stones. Not bad 

Randy Brecker (age 33) is the elder, and probably the 
most well -known of the brothers. He was a founding member 
of Blood Sweat & Tears -the band most responsible for the 
commercialization of jazz -rock music. Randy has been 
playing trumpet since the age of eight. 

Michael Brecker (age 30) plays saxophone, and has done so 

since he was thirteen. Michael was fortunate to have had an 
older brother in the business when he decided to pursue 
music as a career, in 1970. Both Randy and Michael have had 
extensive formal music training. 

In 1975, Randy and Michael formed the Brecker Brothers 
Band. The band has recorded four albums on the Arista 
label, the most recent being Heavy Metal Be -Bop. That 
record was recorded "live." The Brecker Brothers Band has 
been Randy and Michael's major interest, though session 
work provides the bulk of their income. 

Randy and Michael Brecker's schedule books are filled 
with studio dates that are the cream of the crop. In addition 

to record dates that span rocs 'n' roll, jazz, funk, R&B and 
pop, they do hundreds of adi'.ertisement jingles, as well as 
television, radio and movies. 

Recently, Randy and Michael became partners in a lower - 
Manhattan jazz club: Seven_h Avenue South. Their club is 
an attractive and comfortab.e place to hear music. It is also 
the realization of a dream. he Brecker Brothers had always 
wanted a place, where their rrasician friends could meet and 
jam their hearts out. The musical menu consists primarily of 
swinging jazz, with hot and cool sounds raising the roof 
nightly. Randy and Michcte appear there regularly with 
many of their famous friends. 

With a recording band cazntless sessions and a club to 

run, Randy and Michael are hard people to pin down. It 
proved to be impossible to E.zterview them together. Both 
Randy and Michael agreed that to speak with them 
separately would be interesting. Frankly, this writer doubts 
that these two professionals are ever less than interesting to 
interview. Spell professional with a capital "P." 

The first part of this Brec' er Brothers interview was with 
Randy. I interviewed Randy at the office of the Brecker 
Brothers' publicist, on a Friday afternoon. He (Randy] was 
groggy from the past night'. sessions. Nevertheless, our talk 
lasted for well over an hour We covered the Blood Sweat & 

Tears days, Randy's beginnings in the business and many of 
the session dates he has played on. In addition, we discussed 
some of the technical aspects of his musical endeavors, the 
sound considerations for the club, Brecker Brothers records 
and the miking of his trumpet 
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MODERN RECORDING: Let's 
start at the beginning. When did you 
start studying trumpet? 

RANDY BRECKER: When I was 
about eight. I started studying clas- 
sical. I was never a great sight- reader 
until I reached college, for some rea- 
son, just from doing it a lot. I can read 
pretty well now. 

MR: Why did you study trumpet? 
RB: I don't know. There's no logical 

explanation for it. I was too young at 
the time to make any sort of conscious 
decision. I was in third grade. It was 
either trumpet, trombone or clarinet, 
so I said trumpet. 

I think this girl I liked was going to 
play trumpet too, so I figured I could 
sit next to her if I played trumpet. 
That's all I played ever since ... a 
little drums, and piano. 

MR: What made you leave Philadel- 
phia (his home town)? 

RB: Early after high school I went to 
college at the University of Indiana 
music school. They sup- 
posedly ...they still do have the best 
music school, I think, in the country, 
as far as facilities. They had real good 
trumpet teachers. I studied with a guy 
named Bill Adam and a guy named 
Dave Baker, and Jerry Coker for im- 
provisation and jazz. 

They had a real good jazz big band 
and a good small group. Eventually we 
won a contest to go on a State Depart- 
ment tour of the Far East with the jazz 
big band. We toured all the Arab 
countries, and Ceylon, India, Pakistan, 
Cyprus, Afghanistan. Everywhere we 
went there were guns. 

I never went back to school after 
that. I came to New York and trans- 
ferred to New York University. After a 
semester there, I started getting gigs. 
I took a leave of absence from school 
and that's the last I ever saw of school. 

MR: How did you become a working 
session musician? 

RB: It was a long slow process, and 
it wasn't anything that I had really 
planned on. I guess it just had to do 
with meeting certain people that were 
doing sessions, people that called me 
up. It was mostly trumpet players 
that called me up to sub for them. 
People got to know me, like jingle 
people and record date people. I guess 
record people got to know me through 
the records we did on our own, like 
Dreams, and with Billy Cobham and 
Blood Sweat & Tears. 

MR: This was all in New York? 
RB: Yeah. Mostly it had to do with 

meeting other trumpet players that 

were doing sessions; they just helped 
get me into it. If they couldn't make a 
gig for like the first fifteen minutes, 
they would call me up and say, "Hey, 
can you cover me for fifteen minutes ?" 

So I'd play a little, and if the guy 
who wrote the chart heard me and 
later needed somebody, sometimes 
they'd call me. So that's the way I 
worked my way into the inner sanc- 
tums of the studios. It really took a 
while. It actually took a few years. 

MR: What was your first session? 
RB: My first session was with a 

band called Les & Larry Elgard, which 
I used to go out on the road with on 
weekends, when I first came to New 
York. I used to go out on the road and 
drive for ten hours to college proms in 
the Midwest. We'd do the gig and 
drive back the same night, because 
they wouldn't pay for hotels. I got to 
meet a lot of different musicians. 
There were always different musicians 
every week. That really helped to get 
my name around. That was my first 
record date. 

MR: Who were some players that 
first called you up to sub for them? 

RB: I don't want to leave anybody 
out. Marvin Stan helped a lot. Burt 
Collins, Joe Shepley ... Clark Terry 
helped a lot. He had a big band. He 
gave me a job in the big band. Snooky 
Young helped a lot. Thad Jones 
helped. I played with him for a while. 
Alan Rubin helped. 

MR: What events surrounded the 
Blood Sweat & Tears sessions? 

RB: A friend of mine named Jerry 
Weiss called me. They were looking for 
a trumpet player. Like I say, you never 
know. I met Jerry on the road with Les 
& Larry Elgard. We did a Jackie Glea- 
son television show together, years 
ago. They had a big band. It was 
mostly a pick -up band. They would fly 
people down from New York. Jerry 
was playing with Sammy Kaye and his 
band of something or others. It was 
one step away from Guy Lombardo. 
Jerry was playing with Sammy Kaye's 
band and so we met. He said, "I really 
like your sound, and blah, blah, blah." 

He was going to Juilliard at the 
time. He got the job with B,S &T, and 
they needed two trumpet players, and 
the other trumpet player wanted to 
teach. So, he called me up. He said, 
"Hey, you want a gig with this band. 
They're part of the Blues Project, and 
it's going to be real big." 

At the time, I was still just working 
on the road with Les & Larry Elgard, 
and playing for go -go girls at the 

Metropole with, like a soul band. I 
said, "Yeah man, sounds good." I 

would get a salary every week and get 
into the rock 'n' roll world. So that's 
how I started. 

Like I say, you never know where 
you're going to get a gig from. From 
the outest gig you might get the most 
amazing gig. Who would have known 
that I would have got the B,S &T gig 
from playing on the Jackie Gleason 
show. And with Les & Larry Elgard, 
and a trumpet player from Sammy 
Kaye's band. 

I left the Metropole where we had to 
do something like ten sets a night, and 
twelve on Sundays. "Soul Man," and 
"Hold On, I'm Coming" ten million 
times. Guys drooling over chicks. I'll 
never forget, there was this guy who 
would come in every day and stare at 
this one chick's feet. Foot- fetish 
maniac, no doubt. 

I left B,S &T in 1968 to play with 
Horace Silver. I left the same night 
that Al Kooper left the group. I joined 
Horace Silver along with Billy 
Cobham, and Benny Maupin, who's 
now with Herbie Hancock. The bass 
player now plays on the Tonight Show, 
a guy named John Williamson. 

MR: What were some of your most 
memorable sessions? 

RB: That's a real hard one to do 
[answer], because I've done about ten 
million and most of them go in one ear 
and out the other. Let me think . . . 

probably some of the earlier ones. The 
James Taylor ones were kind of mem- 
orable, because we got really involved 
in helping him arrange the horn parts. 
Even though he knew what he wanted, 
he didn't know how to write it out for 
us. He wrote it out on graph paper. It 
must have taken him ten years, and we 
didn't know how to decipher it. Each 
little square was supposed to be a half - 
step. He made these amazing graphs, 
and we were supposed to somehow 
miraculously figure them out, which 
we didn't. He just sang us the parts. I 

couldn't believe that he went to all the 
trouble to make these graphs instead 
of just writing them out in regular no- 
tation. So that was pretty memorable. 
We did a couple with him. That was 
me, Mike and Barry Rogers. That was 
the old Dreams' horn section. 

Paul Simon is always interesting to 
work with, because he's such a perfec- 
tionist. You can literally spend like six 
hours on two bars. 

MR: How about Blue Oyster Cult? 
RB: That was a last minute deal. The 

producer, who shall remain unnamed, 
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In a familiar pose: Trumpeter Randy Brecker (left) with brother Michael on sax. 

called us the last minute to do some- 
thing. They didn't even use anything 
that I did. I busted my ass to get paid 
for that date. 

MR: Ron Carter? 
RB: That was a good one. That was 

one of the few "live" dates where 
everyone was there. Usually it's over- 
dubs, you know, sweetening sessions. 
Everything's there, you put on the ear- 
phones and play with the tape, just the 
horn section. That was a "live" record 
at Rudy Van Gelder's [studio], so that 
was like real music- everybody was 
there, and it was mostly improvised. 

MR: Do you prefer "live" to tracked 
[overdubbed] records? 

RB: Yeah, I do, but I understand 
why tracking is done. We do a lot of 
tracking on our records, but try not to 
overdub all of it. We try to do all the 
solos "live," so you get some inter- 
action between the musicians. There 
are sound reasons for doing tracking, 
especially when you're playing at loud 
volumes -to isolate the sound. On a 
jazz record it's different. You can 
baffle the sound and still get the 
separation. 

MR: Who are your favorite compo- 
sers, people whose work you enjoy 
improvising to? 

RB: There are ten million of them, 
'cause I go back to listening to the 
Bird [Charlie Parker]. From Bird on, 
old be-bop and standards. Bird tunes, 
Miles tunes, Freddie Hubbard tunes, 
Coltrane tunes, McCoy Tyner. Cur- 
rently, I like Weather Report, Herbie 
Hancock and Chick [Corea]. I like a lot 
of Brazilian music; Egberto Gismanti. 

MR: Did you foresee your new club 
becoming a mecca for jazz musicians? 

RB: I don't know about a mecca ... I 

just hope it's a comfortable place to 
play, not like playing a bunch of dives. 
We still have to work on it a little. 

MR: Who designed the sound sys- 
tem for the club? 

RB: Two friends, Billy Shaw and 
John Nichols. If you want to ask me 
any technical questions about it, I 

know nothing. They custom -made it. I 

don't even know how you work it. 
MR: Did you have to make any 

structural changes to the club? 
RB: We're doing that now. I have a 

friend named Tony Bongiovi, who 
designed Media Sound [N.Y.C.], and 
who has his own studio called the 
Power Station. He's telling us what to 
do about the sound; we've had prob- 
lems with the neighbors. 

MR: Do you have any personally 

favorite studios? 
RB: There are a few of them. My 

favorite as far as playing right now is 
the Power Station, I guess. There are a 
bunch of good studios. The Power Sta- 
tion is good both for rhythm sections 
and horn players. Horn players usually 
don't like a place that is real dead, and 
they designed it especially with 
wooden floors and pyramid -shaped 
ceilings, so that you can play and not 
have the sound just drop two feet in 
front of you. There are a lot of other 
good studios. Atlantic is good. A &R, 
Hit Factory, Media is good. I'm pro- 
bably leaving some out. 

MR: Are there any microphones that 
[you find] are particularly good for 
your instrument? 

RB: It seems like old RCA micro- 
phones are good, or Neumann 87s or 
47s. Those are good, especially for my 
brother. He likes the old ones, 47s with 
the tubes. I use the new Neumanns 
with the transistors. 

MR: Do you get into the technical 
aspects of recording ... engineering? 

RB: I am trying, slowly but surely. I 
don't think that I am naturally into it, 
which is why I get Modern Recording. 

MR: Do you produce? 
RB: Yeah, I produced a couple of 

records. I learned something about it. 
I am more like a musical producer. As 
I say, I know very little about the 
engineering aspects. I can give people 
good ideas about the music, but I have 
to depend on the engineer to get the 
sounds that I want. I don't know the 
finite technical things, like what micro- 
phone sounds good on what, or where 
to place them. I just have to describe a 
sound to an engineer, and hopefully he 
can get it the way I described it. 

MR: Are there engineers that you 
prefer to work with? 

RB: Yeah, there are a few of them. 
The last one we used was real good, 
Bob Clearmountain. Engineers are like 
musicians, they get typecast. 

MR: Are there any producers that 
you prefer to work with? 

RB: That's a hard one. Not really 
that many. I would prefer to produce 
myself. I pretty much know what I 

want to do. I learned the hard way, 
that I, in the future, just want to pro- 
duce myself because it eliminates a lot 
of problems. I know the way I want it 
to sound. Even though I am not objec- 
tive about it, I know the way I want it 
to sound. I prefer not having someone 
else telling me how they think it should 
sound, even if they're right. 

MR: Do you do any recording in con- 
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Just like the amp 
you'd liketo build. 

'N.. 

Whether you make the music, reinforce it, or 
record it for the people who do, you want the 
same thing out of your power amplifier - perfor- 
mance. Uni- Sync's product line was conceived, 
designed and built in response to your live 
music needs. 

All Uni -Sync amplifiers actually deliver more 
than their rated power. They give you clean, 
clear sound. Highly efficient custom power 
transformers and massive filter capacitors pro- 
vide extremely fast time constants re- 
quired by live music's wide dynamic 
range and transient structure. Elec- 
tronically balanced FET front ends and 

-,seven megahertz output 
devices insure fast, accu- 
rate sound reproduction. 
Custom designed heat sinks, 
temperature regulated cool- 

, ing, LED protection indica- 
tion and complete ser- 
viceability are all pro- 

fessional performance criteria. 
Conservatively rated specs include: fre- 

quency response of 3bB, 1Hz and 65kHz; 
less than .03% THD 250 milliwatts lo rated 
output; IM distortion less than .01%; hum 
and noise greater than 105dB; TIM less 
than .05 %. 

If this sounds like the amplifier you'd) like 
to build, listen to Uni -Sync - you'll hear the 
difference. 

Available in four Models: 50, 100, 200, and 

UNI-SYNC 350 Watts per channeli8 chr is (4 i ohms = 1.5 x 8 ohm spec). Cali us, 
or send for literature and the name 
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MR: Charlie "' -gus? 
RB: I was lucky enough to do his last 

record ... it just came out ... I 

haven't heard it yet ... He was an 
amazing influence on me; I really miss 
him. Since I was a kid, I've had all his 
records. Conceptually, he was a big 
influence on my life as far as writing, 
and the way he used horns, structur- 
ally keeping them loose. Tight and 
loose at the same time. 

MR: What jingles [commercials] are 
you on these days? 

RB: I do about ten a week. Burge 
King, Toyota, Kinney Shoes, Cok( 
Dodge, Maxwell House; I'll do any c 

them. Michelin Tires, Diet Peps: 
Chevy, NBC, Dodge Omni, TSS, what 
ever that is. 

MR: Do they pay well? 
RB: You never know. It's [a question 

of] residuals. Jingles pay $50 for an 
hour. If they run for a long time, you 
can make a couple thousand bucks, or 
you can make zilch. It's all a gamble. 
You get residuals. I don't know how it 
works, but I'm sure you're getting 
f - - - ed. It's easy to steal, especially 
if they don't play them in New York. 

MR: What are some of the things 
that you hope to do in the future? 

RB: We want to play with our own 
band more, maybe get into production, 
make our own records, and possibly 
some solo records in conjunction with 
the Brecker Brothers' records. Just 
get involved more in our own careers, 
rather than just doing record dates. 
We haven't been able to go out on the 
road as much as we'd like. 

r 

f 

As with Randy, the conversation 
with Michael was lively and infor- 
mative. I interviewed Michael on the 
following Sunday- Super -Bowl Sun- 
day. Michael invited me to his loft in 
lower -Manhattan. The music room of 
the loft has a band set -up, including 
drums and a Fender Rhodes. Michael 
says that his neighbors don't mind the 
music, and that he has conducted all 
night sessions there, without a worry. 
This is a tall order for New York City. 

MR: How did you first become a ses- 
sion musician? 

MICHAEL BRECKER: Basically, I 

object to the question. I don't even 
know what a session musician is. The 
other phrase [I object to] is "studio - 
cat." I have played on a lot of albums, 
but I've always been kind of eclectic, in 

a weird way. It's hard to explain. The 
studio stuff that I've done has pretty 

junction with the club? 
RB: Not yet. We might do some re- 

cording at the club. There's been some 
talk of that. It's a good place to record 
because the acoustics are good. 

MR: What do you think is important 
[for a musician] to bring to a session in 
terms of equipment and in terms of 
mental framework? 

RB: All I bring is my trumpet, flu - 
gelhorn, mouthpieces and my trumpet 
oil ... my W -4 and W -2 form. As far as 
mental attitude, you just have to go in 
realizing that you're being hired, and 
[therefore should] do the best job that 
you can for whomever you're working; 
do whatever they want. Nine times out 
of ten it's not going to be any kind of 
creative bombshell; it's just a gig. It's 
fun in a certain way, if you're playing 
with good musicians, and there's a big 
horn section. It's fun blending with 
whomever you're playing with, and 
just trying to play in tune, and keeping 
your mind awake so you don't make 
stupid mistakes. Usually you just read 
charts. Whoever the arranger is, hope- 
fully he is a good arranger so you can 
have fun reading the arrangements. 
It's good to sight -read. It's good to 
practice. Instead of sitting home and 
practicing, you get to earn while you 
learn. 

MR: What's a difficult session that 
you remember? 

RB: The most difficult ones, in terms 
of being on the spot, are the "live" jazz 
records. You don't have the chance to 
go back and repair them. Any jazz 
record like a Horace Silver, or Jack 
Wilkin, or Ron Carter record. There 
are a number of them where you just 
go in and play "live" solos. One take, 
two takes, blam! There's no overdub- 
bing. If you goofed, too bad. So psy- 
chologically those are the probably the 
hardest sessions. I can't really single 
out any particular one. 

MR: What are some of your favorite 
places to play? 

RB: Without sounding prejudiced, 
probably my favorite is our club. It 
just feels really good to play in there. 
Generally I like playing places that 
aren't really big. I like playing at My 
Father's Place [Roslyn, Long Island]; 
that usually feels good. I used to like 
playing in Boston at Paul's Mall, but 
that closed. I used to like playing at 
Ratso's in Chicago. We like to do con- 

certs if it's not too huge a hall, espe- 
cially if we have the opportunity to do 
a good sound check. 

MR: Have the Brecker Brothers 
toured to any degree? 

RB: We've tourea, oui not exLen- 
sively. We'll be going to Europe this 
summer, and Boston and surrounding 
areas in March. It boils down to 
finances; it costs a lot to tour. 

MR: Did you record at any time with 
Stevie Wonder? 

RB: I played with him on the road 
for about six months. I don't think I 

ever recorded with him. 
MR: What was that [tour] like? 
RB: It was amazing, just watching 

him work, and watching him perform 

...Usually it's not 
going to be a 

creative 
bombshell; 

it's just a gig... 
99 

every night. He's just amazingly con- 
sistent every night. It didn't matter 
what happened. One night before a gig 
at the Apollo, there was a fight in the 
dressing room between the guitar 
player and one of the roadies. We were 
all squashed in there -I was just 
trying to keep my trumpet from being 
smashed -and Stevie was in the mid- 
dle of the thing. It happened right 
before we were supposed to play. They 
were really going at it -two big guys 
wasting themselves. Stevie went on 
stage and performed as if nothing had 
ever happened. It was like perfection 
every night. 

MR: What musical period [for Stevie 
Wonder] was that? 

RB: It was around the Superstition 
time (Talking Book album). People say 
he's a genius and all that, but he works 
on his music perhaps twenty hours a 

day. Whenever he's not sleeping, he 
has earphones on listening to his 
music. In between sets, or when we're 
traveling on the road, he's got 
earphones on figuring out what to do 
on his records. He works at it. 

MR: How about John Lennon? 
RB: Yeah, he called me up, or rather 

his manager called up my old lady and 
said that he needed me for a John 
Lennon session. She thought 
somebody was kidding, and she hung 
up on him. Well, that was the end of 
that one. They got someone else. I 

forget which record that was, but Mike 
ended up on it. 
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much paid my bills, but I've always 
played "live." I've always been in- 
volved in a band for some project 
throughout my career, whether it's 
been Dreams or Brecker Brothers, 
Horace Silver, Billy Cobham, or what- 
ever it might have been. I would 
always do dates when I was in town to 
pay for other things which I never 
made money doing. I look at it 
[playing sessions] as a necessity. A lot 
of times I like the stuff I am hired to 
do, but I am not a studio musician per 
se. Woodwind -wise, I don't double on a 
lot of instruments. A guy that you 
would consider a studio musician is 
someone that works day and night in 
the studios, and pretty much does just 
that. I am usually called [in] as a 
soloist, though sometimes I am asked 
to play in a section. 

This whole past year has been a high 
percentage of studio stuff because we 
haven't been able to go out on the 
road. Going out on the road means 
losing money, so we've just had to 
wait it out here. If I had my way -and 
I don't like living on the road -I would 
be out there three -quarters of the year. 

Through Dreams, which was a co- 
operative band years ago, I got into 
doing studio work. This was in late 

1970 -1971. The band had three horns 
and a real good rhythm section; it was 
an attempt to do something like 
Chicago, or B,S &T, but it was a lot 
freer, much more experimental. We 
improvised a lot, made up things spon- 
taneously, kept it very loose. The horn 
section was me, my brother and Barry 
Rogers. As a result of those albums I 

started getting hired to do a lot of 
other things. The more you do, the 
more work you ultimately get. It's like 
a chain reaction. 

MR: What was your first session? 
MB: My first session was my 

brother's date, when I was right out of 
college. We did a record called Score. I 

think it was Randy, Chuck Rainey, 
[Bernard] Purdie, Larry Coryell and 
Hal Galper. That was the first session 
that I ever did. 

MR: You mentioned that there are 
sessions that you enjoy as much as 
you enjoy playing "live." 

MB: Sometimes, because of the 
exactness. It depends on what I have 
to do. I really enjoy putting solos on 
records. I did Art Garfunkel's [latest 
album] a few nights ago. There were 
just a few tunes that required real sim- 
ple, melodic, just pretty -type solos, 
and I really enjoyed that. 

MR: What are your favorite rhythm 
sections? 

MB: That's a tough one because 
there are all different kinds of music. I 

love Elvin Jones, and Jimmy Garrison, 
who's no longer with us. Tony [Wil- 
liams] and Ron [Carter]. 

MR: Have you ever played with 
Tony and Ron? 

MB: Yeah, just on one album. I 

never played "live" with them. I think 
I did one album for Chet Baker with 
them [You Can't Go Home Again, 
Horizon -A &M]. I love Harvey Mason 
and Steve Gadd, Chris Parker, Stu 
Woods, Steve Jordan, Will Lee and 
Chuck Rainey. I don't want to leave 
anybody out. 

MR: Favorite arrangers? 
MB: My favorite arrangers right 

now are Charlie Callello, Dave Grusin, 
Bob James and Don Sebesky. There 
are a lot of cats. There's a guy in town 
who arranges great for horns, named 
Rod Mounsey. Tom Scott writes great. 
They know how to write for horns. 

MR: Who are your musical 
influences? 

MB: Everybody. There used to be a 
time when I would name Trane, Bird, 
Cannonball ...I just can't limit it 
anymore. There have been so many in- 
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systems, they're in many of our competitor's systems too! In 
fact, supplying the industry with high frequency drivers and 
horns is a significant part of our marketplace. For the consumer, 
selecting a speaker system with Gollehon inside helps to assure 
better specs and long term reliability. But obviously, we hope 
you select Gollehon inside and out! 

If you demand state -of- the -art, perhaps our 400 SRL is what 
you've been waiting for. New from Gollehon, the 400 SRL is a 

self- contained, 3 -way, all horn -loaded system with provision for 
biamplification, and packaged in a relatively small 27" cube. 
The 400's low corner frequency from a ported 4th order design 
is essential for synthesizer in live performance or full playback 
capability in the studio. Extremely high efficiency from all 
sections provides outstanding sound reinforcement for large 
rooms or outdoor concerts. The 400's success as a disco loud- 
speaker is based not only on low end response but on wide 
high frequency beamwidth extending to 20 kHz. All in all, we've 
packed a lot of sound into a small enclosure, exactly what most 
musicians and entertainers today are demanding. 
Listen to Gollehon. 

Gollehon Industries 2431 Clyde Park, S.W. Grand Rapids, MI 49509 
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..BO. ROO- PROFESSIONAL. SOLID STATE DUAL CNANNEI POWER AMPLIFIER 
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The Bose 1800. 
When you turn the power up, 

it won't let you down. 
The Bose Model 1800 power amplifier 
delivers 400 watts RMS per channel 
with both channels ariven. IVs massive 
power transformer and filter capacitors 
prevent power supply voltage droop, 
allowing the amplifier to deliver large 
amounts of solid, sustained bass. 

Not only that, the Bose 1800 is se 
reliable, we gave it the longest war- 
ranty of any professional amplifier on 
the market. What makes it so durable? 

The use of 14 power transistors per 
channel results in unusually low 
thermal stress. And massive heat sinks 
reduce the operating temperature 
even further. Computer -grade electro- 
lytic capacitors increase reliability 
by providing extra temperature and 
voltage safety margins. A turn-on delay 
circuit limits power supply inrush cur- 
rents to extend the life of the compo- 
nents. Electronic current limiting acts 
instantly to protect the amplifier from 

r Bose Corporation, Dept. MR 
100 The Mountain Road 
Framingham, MA 01701 

Please send me a copy of the Bose 
Professional Products catalog and 
a dealer list. 

Name 

Street 

City State 

Tel. ( ) Zip 

short circuits and other abnormal load 
conditions. 

If you want to take your Model 1800 
traveling, it can take the beating of 
hard road use. Its optional transit case 
has built -in fans and air -flow baffles to 
keep it cool, even under continuous 
high -power use. 

With all its ruggedness and reliability, 
and with enough reserve capacity even 
ender the most demanding conditions, 
there is no compromise in what you 
need most from a power amplifier: 
lots of clean power, with absolutely 
no audible distortion o- coloration. 

The Bose Model 1800. Check it out soon. 

Bose for Pros 
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fluences over the past ten years. 
MR: Do you come home and listen to 

records? 
MB: Not too often. Usually I listen 

to the radio, or I'll listen over someone 
else's house. 

MR: Did you see your club as a place 
where your friends could come and 
wail? 

MB: Hopefully, yeah! And not just 
limiting to jazz either, just good 
music -R &B, whatever it might be. 

MR: Do you like the club's sound? 
MB: We wanted to make sure that 

the sound was good and decent. It's 

generally better sounding than any of 
the jazz clubs around New York, but it 
still needs a little work. 

MR: What microphones [do you feel] 
are good for the saxophone? 

MB: It depends on the music, ob- 
viously. A lot of times I'll ask for an 
old U47 with the tubes in it, or 67s, oc- 
casionally 87s, perhaps an E -V RE -20. 
I've discovered a lot of times that from 
mic to mic, even though it's the same 
mic, there's a big variance, believe it or 
not. I'll never understand that. Some- 
times I'll request a 47 and it will sound 
terrible. If I am soloing I'll usually 

DIGITAL 
DELAY SYSTEM 

e igüo elay System Model D -250 employs the lotest technology available 
in analog to digital circuitry. Unique design features in the Model D -250 will 

meet your performance needs in all applications. The input display and gain 
control allows you to properly adjust front end sensitivity. The D -250 may be 

bypassed without affecting the internal memory. Regeneration controls quickly 
adjust the amount of feedback signal and the hold function gives you infinite 

repeat with no degradation of signal quality.. Control oscillator functions include 
rate, width and wove 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 intervals and displayed in large bright numerals. Three way mode 

switching includes Straight Delay, VCO Effects and Flange. The output stoge 
offers mixing, phase reversal and gain control. All dynamic functions may be 
footswitch or footpedal controlled and are LED indicated allowing you to use 

this unit os part of o real time instrument system. Back panel provisions are also 
included for external voltage control. 

72 

The D -250 is covered by o full one year parts and labor warranty. 

ADVANCED Audio Designs 
PROFESSIONAL PERFORMANCE SYSTEMS 

1164 WEST 2ND AVENUE EUGENE, OREGON 97402 503 -485 -4251 

Also available: Instrument Preomp Systems, 
Guitarist Model 101 and Bass Guitarist Model 1O1B 

Dealer Inquiries Invited 
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change mics a few times to get the 
right sound. I get involved with place- 
ment. The big old RCA ones are good 
too. Those are great mics. 

Generally, I think that horns were 
recorded much better, I hate to say it, 
ten, fifteen years ago than they are 
now. If you listen to any of the old be- 
bop records, Rudy Van Gelder or old 
Art Blakley albums, the horns are just 
amazing, really warm and big, real 
sounding. Nowadays, the horns gene- 
rally sound very condensed, and have a 
lot of limiting on them. A lot of times 
they sound very metallic. They don't 
get the real sound. It is possible to do 
it. All you have to do is work with the 
engineer. A lot of engineers aren't even 
used to working with horns, at this 
point, particularly the real rock 'n' roll 
engineers. You have to spend a little 
extra time with them for horns. I am 
always going for the sound that will 
benefit the kind of music being done. 

MR: Do you think jazz artists cros- 
sing over to more commercial forms 
can become more successful? 

MB: If your playing just happens to 
have more idiosyncrasies, and is more 
esoteric like a lot of jazz musicians', 
and you try to make an obvious at- 
tempt at making your music commer- 
cial when it is naturally not meant to 
be, you're taking a big chance. It can 
work, but you can end up suffering a 
lot more in the long run if it doesn't 
work out. You can end up feeling like a 
complete idiot. 

MR: Do you think artists like Col- 
trane could ever have large -scale com- 
mercial appeal? 

MB: I think it would take a lot of 
education on a mass level over a long 
period of time to get people to under- 
stand what he was doing. I started 
listening to Coltrane when I was 
already a musician for a few years, and 
he was still alive. This was in 1963. I 

was playing the saxophone a lot then. 
I had a few of his albums for a year, 
and I really hated them. It took me a 
year to get into what he was doing, 
and this was during a period of time 
when I was already a musician. The 
music sounded so raucous to me, so 
frenzied, and so nuts. 

A lot of jazz musicians say that the 
reason jazz records don't sell as well as 
disco records for instance, is purely 
marketing. Since it is not being played 
as much on AM stations, people don't 
get a chance to hear it or get used to it. 

MR: Do you think that reasoning is 
partially right? 

MB: No. I really don't. -D 
MODERN RECORDING 
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KELSEY 
ó,12 616 CHANNEL STEREO MIXERS 
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If we were to try to tell you about all the features and specifications of our new Kelsey 
Stereo P.A. Mixers, we'd have to take out four -page advertisements. So we're just going 
to tell you that each input channel has transformer balanced low impedance connector 
and high impedance jack; gain control; two LED indicators; 3 equalizers; monitor send; 
2 effects sends; stereo pan; and on /off /solo switch. And there's an additional effects 
channel with all the controls of an input channel plus "spin ". On the outputs, 2 VUs switch - 
able between main and monitor; left and right faders and tone (high /low) controls; mon- 
itor volume; and switchable headphones between solo, main and monitor. 

The Mixers have a separate power supply, a solid mahogany cabinet, and come complete 
in an SMF Tour Series Road Case included in the price. What Price? $4,000.00? No Way! 

8 Channel Stereo 
12 Channel Stereo 
16 Channel Stereo 

$1400.00 List 
1750.00 List 
2200.00 List 

It's for real. Professional stereo mixers incorporating high -reliability, ultra -low -noise in- 
tegrated circuits and state -of- the -art design. A top quality mixer at a price you can afford. 
Fill in the coupon below and we'll send you a copy of our four -page ad! 

Please send me complete information on your Kelsey 8, 12 & 16 Channel Stereo Mixers. 
* 

Mr- NAME SMF STEREO 150 POWER AMPS 

I KELSEY SNAKES ADDRESS 
SMF ROAD CASES r KELSEY DIRECT BOXES - Dallas Music Industries, 150 Florence Ave., Hawthorne, N.J. 07506 201 -423 -1300 
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BY LEN FELDMAN 
Plugs 'n' Jacks 'n' Things 

When I think of the number of times that I have had 
to interconnect a variety of cables and pieces of audio 
equipment, only to find that the terminating plug of 
cable "A" would not match the proper receptacle on 
amplifier "B," I often wish that I were in the con- 
nector /adaptor business. The types of plugs and jacks 
and multi -pin connectors and receptacles used in audio 
are almost without number and, if your experience is 
like mine, no matter how many kinds of "this -to- that" 
adaptors you keep in your junk drawer, sooner or later 
you will run up against a connection problem for which 
you are not equipped. Why so many different kinds of 
connectors? And which specific types are better for 
what individual applications? 

Let's begin with home audio equipment. The output 
circuits of most amplifiers have an extremely low 
internal impedance -often almost a "short circuit." 
Even moderately priced power amps these days boast 
of damping factors in excess of 40. Since damping fac- 
tor is nothing more than the load impedance (say, 8 
ohms for a speaker) divided by the internal impedance 
of the amplifier, anytime you see a damping factor of 
40, it means that the internal impedance of that ampli- 
fier is only 0.2 ohms. With that low an impedance and 
the high signal levels normally appearing at the 
speaker output terminals, it hardly matters if "open" 
unshielded wiring is used to get from the amplifier to 
the speaker terminals. And, with everything from 
common "lamp cord" to some of the newer, heavy - 
gauge, specially -braided cables now in use for amp -to- 
speaker wiring, there are no rules regarding the type of 
connectors used at these points in audio circuitry. 
You'll find everything from screw -terminals to spring 
loaded "push- and -insert- the -wire" connectors to three - 
quarter -inch spaced so- called "5 -way binding posts" 
used as speaker output terminals and speaker con- 
nection terminals. 

When we move back along the signal path however 
(from outputs towards inputs), the signal levels get 
lower and lower. Inputs to high -level circuits on ampli- 
fiers intended for home entertainment purposes are al- 
most always phono -tip jacks. Frankly, of all the con- 
nector combinations ever conceived for the audio field, 
the phono -tip plug and jack is about the worst. Con- 
tact is maintained between the plug and the jack only 
by friction. Pull on a cable equipped with a non -molded 
pin plug in trying to remove it from its phono jack and 

chances are pretty good that you will tear the wire out 
of the plug. Still, the pin -plug, phono jack combination 
is about the simplest pair of connectors that can 
handle a shielded audio cable. And, when you get down 
to signal levels below 1.0 volts or so, shielded cabling is 
a must for interconnection of audio components. 
Often, at this point in the signal path, we are dealing 
with connections from relatively low impedances to 
fairly high input impedances. With even one end of the 
cable looking into a high impedance, magnetic fields in 
the vicinity of the cable can induce hum and noise cur- 
rents in the system, and the simplest countermeasure 
is to use a single- center -conductor shielded audio 
cable. The only thing that the familiar pin -plug, phono 
jack combination has going for it is the fact that it is 
extremely easy to handle. It's easy to wire up. It does 
carry the shield or outer conductor all the way from 
the output of the previous component to the input of 
the next component. But it is, oh, so fragile and, in 
time, corrosion of the plated surfaces of such plugs and 
jacks makes for high- resistance connections and 
sooner or later you've got hum and noise pickup again 
caused by poor or lack of grounding. 

One level above the phono -tip plug /jack combination 
in quality is the single- circuit phone -plug /jack combin- 
ation. This plug and jack combination provides some- 
what better contact between circuit points since the 
tip of the plug is retained in place by a spring- contact 
within the mating jack and a spring -loaded leaf of 
metal presses against the long ground -sleeve of the 
standard phono plug. In addition, modern embodi- 
ments of the phone plug have provision for strain relief 
and grab the outer insulation of the single- conductor 
shielded cable thereby preventing possible tearing of 
the conductors themselves. Inputs on amplifiers in- 
tended for professional application will generally use 
phone jacks rather than those flimsy phono -tip jacks. 

A variation of the standard single- circuit phone 
plug /jack combination is the two- circuit phone plug 
and its matching two -circuit jack. With the advent of 
stereo nearly two decades ago, this plug /jack combin- 
ation became extremely popular since it could handle 
any two circuits which shared a common ground. Re- 
quiring twin- conductor shielded cable (each inner con- 
ductor carries the "hot" signal of a single stereo chan- 
nel, while the outer shield takes care of the common 
ground), the plug of this combination has its tip con- 
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ventionally positioned up front, and insulated from the 
tip and the long sleeve is a "ring" of metal which car- 
ries the second of the two hot signals. 

Meanwhile, Over in Europe 
European manufacturers never did care much for the 

flimsy phono -tip plugs and jacks that we Americans 
used for hi -fi audio. For many years, these overseas 
manufacturers used a never -ending variety of plugs 
and jacks, none of which could be found in their neigh- 
boring countries of Europe, let alone in this country. 
After World War II, an organization known as the 
Deutsche Industrie Normen (basically, a German 
Standards Organization) adopted standards for audio 
interconnections. That gave rise to a whole new group 
of connectors known as DIN plugs and sockets. The 
DIN plugs and sockets combine more than one signal 
in a single connector. For example, the socket used as 
the TAPE DIN socket on a stereo tape deck will con- 
tain five terminals. Two of the contacts serve for left 
and right line -in connectors. An additional two serve 
as line -out, or tape -out signal points while the fifth 
contact serves as a common ground for all four signal 
circuits. Generally, DIN also specifies input and out- 
put level ranges for these various circuit points and, 
largely because so many signals are incorporated in a 
single multi -conductor cable and interconnected by 
plugs and sockets having very closely spaced termi- 
nals, signal levels per the DIN standards are lower 
than the nominal levels that we use in this country. 
There are DIN plug and socket arrangements for 
phono cartridge outputs and even for speaker to ampli- 
fier connections. One advantage of the DIN standard 
plug and socket arrangement, for example, is that if 
proper wiring is followed it is impossible to connect a 
pair of stereo speakers out -of- phase. 

Professional Connections 
As most readers probably know, in professional 

equipment many input and output circuits are "bal- 
anced" rather than unbalanced. In a balanced input 
circuit, both signal carrying conductors are "hot." 
That is, at the instant when there is a positive signal 
voltage on one of the two signal- carrying conductors of 
an audio cable, there is a negative but equal voltage on 
the other conductor. These two signal- carrying con- 
ductors usually end up at the ends of the primary 
winding of an input transformer. The center -tap of 
that winding is referenced to ground. 

With balanced input or output circuits commonly 
encountered in professional equipment, then, it be- 
comes necessary to use a three -terminal system of con- 
nectors and twin -conductor shielded audio cable. The 
ring- tip -sleeve type of two -circuit phone plug and its 
associated two -circuit phone jack can, of course, be 
used for such interconnections and very often is. But 
more often than not you will find that so -called XLR 
connectors are used. These are the most rugged plugs 
and sockets of all and are equipped with a locking 
system so that once a plug is inserted into a socket, the 
only way you can release the pair is by depressing a 
spring tab to unlock the mated plug and socket. XLR 
connectors are often called Cannon connectors (after 

the name of one of the manufacturers who produces 
them) but they are available from a number of manu- 
facturers such as Amphenol, Switchcraft and others. 

Most balanced input and output circuits have source 
and terminating impedances of 600 ohms. At least 
part of the reason for this choice of impedances has to 
do with the standard termination used for true VU 
level meters, whch is also 600 ohms. While 600 ohms 
would be considered a relatively low impedance, long 
runs of signal cables at an impedance level of 600 ohms 
might be subject to some hum and noise pickup if 
unbalanced lines were used. By using twin conductor 
shielded cable in which the signal conductors are 
twisted about each other, any hum induced in one lead 
is also induced in the other, but since these leads term- 
inate at opposite ends of the primary winding of the 
matching input (or output) transformer, the induced 
voltages effectively cancel each other out. 

Three -terminal connections are often also used even 
in balanced input /output situations. For example, 
most microphone connectors are of the three - terminal 
XLR type previously mentioned. Often, associated 
microphone cables may have an XLR connector at the 
microphone end, but a single- circuit phono -plug at the 
other end of the cable. When such arrangements are 
used, the two inner conductors of the cable are gen- 
erally connected to the positive and negative signal 
outputs of the microphone element. One of the leads is 
effectively the "ground" side of the unbalanced signal, 
but this conductor is not connected to chassis ground 
at the microphone end of the line. Instead, it is joined 
with the shield only at the plug end of the cable. This 
technique prevents so -called ground loops which could 
develop if both ends of the shield were connected to 
both ends of the "cold" inner signal lead. 

In cases where microphone outputs are "balanced" 
and of low impedance, the cable will usually be 
equipped with a 3- terminal XLR type connector at 
both ends. If such microphones are to be used with bal- 
anced inputs on mixers or preamplifiers, there is no 
problem and connection is made directly. In cases 
where such balanced lines must be connected to 
higher- impedance, unbalanced input circuits, it is 
necessary to interpose matching transformers. Such 
commonly available matching transformers have bal- 
anced primaries and unbalanced secondaries, which 
also step up the impedance (and signal levels) from the 
microphone. When using such step -up matching trans- 
formers, it is important that the long run of cable from 
microphone precede the transformer and that the 
transformer itself be located close to the actual input 
to the electronics of the system. In that way, the bene- 
fits of low impedance are retained but the microphone 
is readily coupled to higher- impedance circuits where 
and when this becomes necessary. 

It would, of course, be nice if all audio equipment 
possessed only a couple of standard types of male and 
female connectors, but the audio industry, with all its 
diversity, has different needs for different situations 
and pretty much grew like Topsy. So, the best we can 
do is keep collecting all those adaptors whenever we 
find them and hope for good contact along the line. t 
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NORMAN EISENBERG AND LEN FELDMAN 

Denon DR -750 
Cassette 
Recorder 

e 

General Description: The Denon DR -750 stereo 
cassette recorder is a two -head, two -motor model. The 
motor that drives the two capstans (one on either side 
of the tape path) is a DC coreless type associated with 
a servo system for detecting and controlling capstan 
speed in the interests of low wow and flutter and of 
accuracy of speed. Associated with the solenoid -con- 
trol system is a built -in air damper designed to reduce 
"impact shock" on the tape heads when they are en- 
gaged (moved forward) for recording or playback. No- 
minally a front -loader and designed for upright or ver- 
tical placement, the deck also could be placed horizon - 
tally since there are four "feet" on its "back" as well 
as on its "bottom." as 

cassette compartment is protected by a transpa- 
rent door that slides up and into the chassis. There is 
no eject mechanism or button. To load a cassette, you 

position it and fit it into the area so that two small 
metal tabs at the top secure it in place. To remove, you 
take hold of the cassette and slip it out. When a cas- 
sette is in place (and the deck's power switch is turned 
on), it activates a small switch that illuminates the cas- 
sette compartment. A metal strip across the bottom of 
this area may be removed to facilitate access to the 
heads and capstans. 

To the right of the cassette compartment are the 
tape index counter and reset button, a memory rewinc 
switch and the power switch. 

Below these items are the two meters, illuminated 
when power is turned on. The meters are calibrated 
from -40 to a little above +5. They may be switched 
to show either peak or VU levels. 

Transport controls are grouped to the right of the 
deck below the meters. They provide for pause /mute; 
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record; forward (play); stop; rewind; fast- forward. The 
pause /mute button is actually a dual -function control: 
pressing it and holding it permits the tape to continue 
moving but with no signal recorded; releasing it stops 
the tape but leaves the deck in a "ready" state as per 
previous transport control settings. Pressing only the 
record button puts the deck in a stand -by condition for 
recording during which time input levels may be 
adjusted and viewed on the meters. Then to start re- 
cording, the next button (play) is pressed. 

The transport buttons are "feather- touch" solenoid- 
operating controls that permit a "limited" kind of fast - 
buttoning. That is to say, you can go from either fast - 
wind mode to the other, and to play without pressing 
the stop button, and you can go from play to either of 
the fast -wind modes directly. You also can go into the 
record mode from either of the fast -wind modes by 
pressing both the record button and play button in 
rapid succession. To go into record mode from play 
mode, it is necessary to press stop, record and play. 
With a little practice this can be done quite swiftly. 

The lower portion of the panel contains five knob- 
controls. One is for output level which handles both 
channels simultaneously on line and on headphone. 
Next is a control for fine bias- adjust during recording. 
Numbered from 1 to 10, it also has markings for LH 
(standard tape), FeCr (ferrichrome), and CrO2 (chromi- 
um- dioxide). This last marking also has a detent. 

The third knob is the main tape selector with four 
mixed positions -the same three as above plus a 
special stop for Co (cobalt- treated) tapes. 

Line input levels are handled by the next control, a 
dual- concentric pair for adjusting either channel inde- 
pendently, or both at once. The last control provides 
similar options for microphone inputs. The arrange- 
ment here permits input mixing of line and mic signals. 

Across the bottom of the panel are the headphone 
jack and pushbuttons for operation with an external 
timer, the meter peak -or -VU selector, a multiplex filter 
and the Dolby noise- reduction system. Farther right 
are the phone jacks for left and right channel mics. 

The line in and out jacks, and the unit's AC power 
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Fig. 1: Denon DR -750: Playback response using TDK 
AC -337 test tape. 

Fig. 2: Denon DR -750: Record /play response using 
Denon DX -3 C60 (LH) tape. 

cord, are at the rear. The deck is styled in tones of gray 
and "grayish tan." All controls are clearly marked and 
layout permits relatively easy manipulation. The re- 
corder came supplied with two pairs of stereo signal 
cables, a few cotton -tipped cleaning sticks, and two of 
Denon's own blank cassettes, a DX3 (normal or ferric 
oxide bias), and a DX5 (FeCr position). 

Test Results: For a plot of record/playback fre- 
quency response, we used the Denon- supplied ferric - 
oxide tape. Its overall response on the DR -750 
exceeded published specifications at both high and low 
ends of the frequency band, with the -3 dB rolloff 
point occurring at 20 Hz and at 18.5 kHz. To obtain 
this plot, we used the recommended setting of bias as 
noted in the owner's manual. Obviously, had we been 
willing to tolerate a little more harmonic distortion, we 
could have backed off a bit on the bias to obtain 
response all the way out to 20 kHz. 

Using the suggested bias setting for TDK -SA tape 
(designated by Denon as "cobalt "), we plotted another 
record/play frequency response for this type of tape. 
Response this time extended a bit further at the high 
end (to 19.5 kHz), and was down only 1.5 dB at the 20- 
Hz low- frequency extreme. 

In evaluating the headroom of this deck for both 
types of tapes tested, readers are reminded that "0 
dB" on this recorder corresponds to a full 200 
pWb /mm (Dolby level) rather than the lower levels of 
165 pWb or 185 pWb /mm which some manufacturers 
set as their arbitrary "0 dB" point on the level meters. 
What did surprise us somewhat was the fact that 
although the signal -to -noise ratio obtained with the 
TDK -SA tape (referenced to the 3% THD point) was 
excellent at 57.5 dB without Dolby, it was just a shade 
poorer than the S/N figure obtained with the Denon 
ferric -oxide sample (58 dB). 

In addition to these usual tests, we were able to run 
a few additional tests with the aid of a recently ac- 
quired series of prerecorded test tapes prepared by 
TDK. We now include a playback -only response curve, 
done with the aid of TDK test tape AC -337. This tape 
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contains twelve spot frequencies, from 40 Hz to 12.5 

kHz and is intended for playback with 120- micro- 
second EQ for the high end, and 3180 microseconds 
EQ for the low end (corresponding to the LH setting 
on the Denon's tape -selector switch). Reference level is 
-20 dB below 250 pWb /mm (315 Hz) for the test fre- 
quencies. 

Using another TDK tape -AC -342 which is a 3 kHz - 
recording for wow and flutter and speed checks -we 
have, for the first time, been able to check speed ac- 
curacy of a deck by using a frequency counter to moni- 
tor the output during playback of this tape. Speed 
accuracy for the Denon DR -750 was an excellent 0.3 
percent fast, exceeding the unit's spec. Wow and flut- 
ter, checked both in playback and in record /playback, 
was right on spec at 0.04% WRMS. 

S/N with Dolby activated was among the best, 
showing 67 dB and 65 dB respectively for LH and for 
cobalt- biased tapes. 

General Info: Dimensions (in vertical attitude) are 
16%, inches wide; 117e inches high; 9 inches deep. 
Weight is 27.5 pounds. Price is $1400. 

FREQUENCY. Hz 

Fig. 3: Record /play response using TDK SA C -90 
tape. 

Individual Comment by L.F.: My first reaction 
to the Denon DR -750 was that it was very high- priced 
for a two -head cassette machine. Like many others, I 

have been conditioned to believe "three heads are bet- 
ter than two" and that therefore three- headed units 
necessarily cost more than even the best two- headed 
decks. I guess I wasn't really taking into consideration 
what can be done in a two- headed machine if one of 
those heads (the combination record /play head) is a 
Sendust -tip head as it is in this top -performing ma- 
chine from Denon. The fact that it is possible to ma- 
chine a super- narrow gap (between 1.0 and 1.2 micron) 
on this head (it is not as brittle as ferrite but it has al- 
most the same long -wear characteristics), and that 
such a narrow gap -ideal as it is for playback -is 
nevertheless able to emit sufficient flux for proper re- 
cording negates the argument about "compromises" 
in record/play head designs. 

There are advantages, too, in a two -head design 
which should not be overlooked. The problem of azi- 
muth alignment, solved in various ways on three -head 
machines, is non -existent here since the record and 

play gap is one and the same. What is a bit tedious, of 
course, is optimization of bias level for a given tape. 
Although the owner's manual does list "optimum bias 
settings" of the continuously variable bias control for 
some fifty popular brands and types of tape, if you 
want to confirm optimization of the bias setting (and 
the owner's manual clearly suggests that this be done), 
the procedure -explained in detail -involves a trial - 
and -error sequence of record /play; record play that can 
be time -consuming. Still, I found the effect worth- 
while, and I am of course all in favor of a front -panel 
bias adjustment. 

Speaking of the owner's manual, I found it rather 
poorly laid out (especially when you consider the price 
of this deck), in that the front -panel diagrams are ex- 
tremely small and difficult to read, and are located 
many pages removed from the verbal descriptions of 
the controls. 

Individual Comment by N.E.: The Denon DR- 
750 has a lot going for it, and a few things that -in 
view of its high price -one might question. 

In the deck's favor are its excellent audio response, 
its very nice S/N characteristics, its signal headroom, 
the built -in mixing facility, the option for watching 
either peak or VU levels on the meters and a tape selec- 
tor with four (rather than the usual three) positions. 
The transport system also is commendable, being a 
smooth and -as far as we could determine- reliable 
mechanism with very low wow and flutter and a high 
order of speed accuracy. 

Of course, it could be said that at its price, these 
characteristics are what one would expect. By the 
same logic, however, one would also expect a monitor 
head, albeit with the attendant need to align for azi- 
muth or -as in the case of the physically unitized r/p 
heads - without that need. One also might expect unre- 
stricted fast -buttoning for direct "run -in" recording, 
although this feature admittedly is hardly of para- 
mount importance. 

The absence of an eject mechanism and its 
associated button is a mixed blessing -there is 
nothing to get fouled up here but at the same time it 
does take a litte extra care to insert and remove a cas- 
sette. There is no Dolby /FM copy option, and no 
means of calibrating the Dolby circuit. Again, this can 
be debated both ways depending on your philosophy of 
cassette recorder design, and just how many controls 
and adjustments a cassette deck really needs, but not 
providing these features means they did not have to 
spend money on them. 

Less debatable, it seems to me, is the rather low 
volume available from the headphone jack, even with 
the output level control turned to maximum. 

As for the owner's manual, it is unbelievable as the 
accompaniment for a recorder of this performance 
capability and price. It is awkwardly translated, 
"printed" in typewriter script, cheaply bound and in- 
adequately illustrated. 
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DENON DR -750 CASSETTE RECORDER: Vital Statistics 

PERFORMANCE CHARACTERISTIC MANUFACTURER'S SPECIFICATION 

Frequency response, 
LH tape 
Co tape 

Signal -to- noise, LH tape 
Dolby off /on 

Signal -to- noise, Co 
Dolby off /on 

Wow and flutter (WRMS) 
THDat0VU 

LH /Co 
Record level for 3% TIHD 

LHICo 
Fast -wind time, C -60 
Bias frequency 
Mic input sensitivity 
Line input sensitivity 
Line output level 
Headphone output level 
Power consumption 
Speed accuracy 
Playback response (120 µsec.) 

± 3 dB, 35 Hz to 18 kHz 
± 3 dB, 35 Hz to 18 kHz 

NA/NA 

NA/65 dB 
0.04% 

NA/NA 

NA/NA 
70 seconds 
100 kHz 
0.24 mV 
77 mV 
1000 mV 
90 mV (8 ohms) 
38 watts 
±0.5% 
NA 

CIRCLE 19 ON READER SERVICE CARD 

LAB MEASUREMENT 

±3 dB, 20Hzto18.5kHz 
±3 dB, <20Hzto19.5kHz 

58 dB/67 dB 

57.5 dB/65 dB 
0.04% 

1.5 %/2.5% 

+4/ +1 
67 seconds 
100 kHz 
0.29 mV 
72 mV 
1000 mV 
82 mV (8 ohms) 
50 watts 
+ 0.3% 
±3 dB, <30Hzto>12.5kHz 

Spectra Sound Model 1000 -B Graphic Equalizer 

SPECTRA OLSNO PRODUCTS PRQFESSI¢NAL SERIES GRAPHIC EQUALIZER 

14K ,11 -f 1- Irmo so Wo me .-K K Ml 1SK 644 a sr" 

General Description: Ten bands of equalization 
are provided on each of the Model 1000 -B's two chan- 
nels. Nominal center frequencies are 31, 62, 125, 250, 
500, 1k, 2k, 4k, 8k and 16 kHz. In addition to the sli- 
ders on each band, each channel has its own level con- 
trol (marked from -15 through 0 to +15 dB), and a 
three- button switch group for EQ in /out, ISF in /out 
and 8/16. 

The first of these buttons permits bypassing the EQ 
circuitry on either channel. The second button permits 
activating an infrasonic filter (cutoff is below 15 Hz at 
a rate of 12 dB /octave). The third button selects the 
total range for the sliders- either ±8 dB or ±16 dB. 

Above each level control is an LED that comes on 
when the unit's AC power switch (located at the rear) 
is activated. The LED glows in green in normal opera- 
tion. However, if overload is reached, the color changes 
to red. The slider scales have eight line- markings in 

each direction; they are not numbered since their 
working values are determined by the position of the 
"8/16" switch mentioned above. 

At the rear, in addition to the AC switch, are a fuse - 
holder, the AC line cord (fitted with a three -prong 
grounding plug), a grounding terminal and the unit's 
input and output signal connections. For input and 
output both unbalanced (1/4 -inch phone jacks) and 
balanced (XLR) connectors are furnished. (An alter- 
nate version of the 1000 -B with only unbalanced con- 
nections and priced $50 less, also is available). 

Styled in black, with red markings, the Spectra 
Sound 1000 -B is supplied with optional metal side - 
pieces to facilitate rack -mounting if desired. 

Test Results: Published specs for the Spectra 
Sound Model 1000 -B were either confirmed or 
exceeded in our tests. Especially noteworthy, the de- 
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Fig. 1: Spectra Sound 1000B: Boost and cut range of 
equalizer set to 8 dB range. 

vice produced lower distortion than claimed (both har- 
monic and IM). Unweighted S/N was within 2 dB of 
spec, but the "A" weighted measurement at 100 dB 
was very impressive. 

To study the range of control provided by each of the 
ten octave -levers, with the unit set to its ±8 dB range, 
a composite, 'scope photo was taken of the face of our 
spectrum analyzer (Fig. 1). This photo also shows the 
action of the subsonic filter (labeled on the unit ISF 
which stands for "infra- sonic" filter). 

Our other 'scope photo (Fig. 2) shows the range of 
control of each center frequency when the ± 16 dB 
range was selected. For both settings, we found center 
frequencies to be accurately positioned one octave 
apart. We also found that it was possible to set up 
complex response curves that probably exceed what 
might be needed if any real -life equalization situation. 

The model we tested was fitted with both balanced 
and unbalanced inputs and outputs. If you don't need 
the 600 -ohm balanced connections, you can save $50 
by purchasing the alternate model in which the XLR 
connectors are replaced with plug buttons to fill the 
holes in the chassis that otherwise would be exposed. 

We note that the unit's power off /on switch is on the 
back panel. This location makes sense since in normal 
use, one probably would prefer to leave the switch 
"on" at all times, energizing the unit from some mas- 
ter power switch elsewhere in the sound system. At 

z 41-'_ 

44, 4,' 

L. 
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Spectra Sound 1000 -B: Internal chassis view. 

Fig. 2: Spectra Sound 1000 -B: Boost and cut range of 
equalizer set to 16 dB range. 

that, even with the Model 1000 -B energized continu- 
ously, its power consumption (a mere 8 watts) is low 
enough so as not to contribute significantly to the 
"energy crisis." 

General Info: Dimensions are: width (with side 
pieces attached), 19 inches; height, 3' /z inches; depth, 8 

inches. Weight, 10 pounds. Price: $595. (Unbalanced 
only input /output version, $545). 

Joint Comment by L.F. and N.E.: The number 
of graphic equalizers coming on the market (both for 
professional and for home hi -fi use) is of course 
increasing. Here is another one from what is basically 
a sound- reinforcement company located in Salt Lake 
City, Utah. The way they tell it, they decided to build 
their own octave equalizer after discovering that most 
of the units they had been buying off the shelf at 
prices they thought could be justified) failed to meet 
their expectations insofar as their particular needs 
were concerned. 

Accordingly, they designed and built their own, and 
this it it. Some of the things it has that we liked are its 
double -range boost and cut capability, its complete 
separation of circuitry for each channel, its input level 
control range, and its inclusion of a subsonic filter. 

The double -range action of the sliders permits the 
user to achieve relatively close settings within the 
"throw" range of the slider. That is, where extreme 
values of boost or cut are not needed, the range can be 
set to ±8 dB and the actual degree of EQ can thus be 
more precisely accomplished. 

The circuitry itself (see the "Internal View" photo) 
consists of separate and symmetrical channel layouts, 
right down to the power supply modules with their 
individual filtering circuits. 

The wide -range gain controls (one on each channel) 
are at the input which means that you can install the 
equalizer just about anywhere in the signal path with- 
out encountering overload or poor S/N performance. 
The double -purpose LED (green for normal; red for 
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overload) is a nice, handy touch. 
The subsonic (ISF) filter works very much as such a 

filter should, really lopping off signal crud below the 
audible range but achieving this without degrading 
the audible material above. 

These characteristics, combined with the very low 
distortion and very high S/N ratio of the unit, not to 
mention the fact that its sliders do what they are sup- 
posed to do, add up to a very competent graphic equa- 
lizer -and at a very fair price on today's market. 

SPECTRA SOUND 1000 -B GRAPHIC EQUALIZER: Vital Statistics 

PERFORMANCE CHARACTERISTIC 

Rated output 
Maximum output 
Frequency response 
TH D (at reference output) 

IM distortion (at reference output) 
Signal -to -noise 

Input impedance, balanced 
unbalanced 

Output impedance, balanced 
unbalanced 

Subsonic filter cutoff 
Power consumption 

MANUFACTURER'S SPECIFICATION LAB MEASUREMENT 

+ 4 dBm 
+ 18 dBm 
NA 
0.008% 

0.008% 
95 dB (unwtd) 

20 K or 600 ohms 
100 K ohms 
600 ohms 
100 ohms 
NA 
NA 

CIRCLE 20 ON READER SERVICE CARD 

Reference level 
+ 19.5 dBm 
±3 dB, 10Hzto70kHz 
0.005% at 1 kHz 
0.0035% at 20 Hz 
0.0055% at 20 kHz 
0.006% 
93 dB (unwtd) 
100 dB ( "A" wtd) 
confirmed 
confirmed 
confirmed 
confirmed 
-3dBat20Hz 

8 watts 

Hitachi Model HMA -8300 Power Amplifier 

General Description: The Hitachi HMA -8300 is 
a stereo (two- channel) power amplifier designed for 
operation from a preamplified or line -level source. Its 
input sensitivity is 1 volt for a rated continuous 
"RMS" power output at 8 ohms of 200 watts (on each 
channel). It can, of course, hit peaks well above that 
level, and it can accommodate 4 -ohm and 16 -ohm loads. 

The front panel contains the power off /on switch, a 
subsonic filter switch (effective below 15 Hz), a pair of 
level controls and two power meters. These show out- 
put power in watts and in dB values (from -40 to +5, 
with 0 dB calibrated for 200 watts). 

The rear contains two "pin jacks" for signal input, 
two pairs of "press -to- connect" speaker outputs and 
the unit's AC line cord. The amplifier is housed in a 
black metal case fitted with four feet. 

The circuitry employed in the HMA -8300 is known 
as "Class G" although it also is referred to in the 
owner's manual as "Series E'' and again by the term 
"Dynaharmony." Basically, what it means is that in 
the amplifier's output circuit, two pairs of output tran- 
sistors handle the output current. Under "low" signal 
conditions a lower- powered pair- supplied by the 
lower of two B+ voltages -handles the output cur- 
rent. When signal levels exceed this supply voltage, 
this pair of transistors shuts down and a more power- 
ful pair -fed with a higher level of B+ supply volt- 
age -takes over to complete the waveform amplifica- 
tion. In this way, each pair of transistors is intended to 
be operating over its most efficient range most of the 
time. The result is claimed to be higher overall effi- 
ciency and less heat generation under long -term musi- 
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R9 

cal listening conditions. No forced ventilation system 
is provided, and apparently none is needed. 

Built -in protection includes circuitry to limit current 
and to shut down power amplification, and a DC -volt- 
age detection system to safeguard speakers. 

Test Results: Treated as a 200 -watt per channel 
amplifier, the Hitachi HMA -8300 produced superb 
test measurements, easily exceeding its published spe- 
cifications. The amplifier actually delivered 242 watts 
per channel at mid- frequencies, and a comfortable 220 
watts at the frequency extremes before reaching its 
rated THD of 0.1 percent. Hitachi does not specify an 
IM distortion figure, but we measured it as a very low 

0.01 percent for the 200 -watt rated output, and we 

were able to push the amplifier to an output of 253 

watts before reaching 0.1 percent IM. 
The plot of distortion versus frequency for rated out- 

put of 200 watts (Fig. 2) shows that with both channels 
driven into 8 -ohm loads, THD remained well below the 
0.1- percent level at all frequencies tested. 

Frequency response as such extended from 3.5 Hz to 
an incredible 250 kHz for the - 1dB rolloff points with 
the subsonic filter out of the circuit. With this filter 
switched on, the -3 dB rolloff occurred right at 15 Hz. 

Readers may note a discrepancy between Hitachi's 
signal -to -noise figure and ours. This difference arises 
from the fact that ours was measured with reference to 
a 0.5 -volt input for level controls adjusted to a 1.0- 

watt output (the new IHF standard), while Hitachi's 
rating is referred to maximum rated output with gain 
controls wide open. In any event, the 88 -dB figure we 

obtained is quite good as compared with S/N figures 
measured on other amplifiers. 

During our tests, the amplifier ran relatively cool, 

with no need for forced ventilation as it might require 
were it of the "Class B" configuration and of this size 
and power rating. This observation, plus the obvious 
lack of "top- heavy" or massive heat -sinking, speaks 
well for the "Class G" approach. 
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Fig. 1: Hitachi HMA -8300: Harmonic distortion vs. 

power output. 
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Fig. 2: Hitachi HMA -8300: Distortion vs. frequency at 
rated output, 8 -ohm loads (200 wlch.). 

General Info: Dimensions are 17'k inches wide; 7%,e 

inches high; 16 inches deep. Weight is 53 pounds. Price 
is $800. 

Individual Comment by L.F.: I am all in favor of 
amplifier circuits that improve efficiency without de- 

grading audible performance, and Hitachi's HMA - 
8300 incorporates just such innovative circuitry, 
although apparently they have called it by three dif- 

ferent names (Class G, Series E and Dynaharmony). 
All these terms of course mean the same thing: two 
pairs of output transistors to handle lower and higher 
output levels. 

My first concern regarding this configuration was 
over possible additional notch distortion at the cross- 
over points between the lower- and higher -powered 
transistor takeover. But this concern proved un- 
founded. Apparently Hitachi has gone to a lot of 

trouble and circuitry to prevent this form of crossover 
distortion. 

I do have one serious gripe -not about the amplifier, 
but about the published specs in owner's manual. 
Would you believe that in this day and age, Hitachi is 

quoting "peak RMS power" (or music power) of 400 

watts per channel for what is, in fact, a 200 -watts -plus 
continuous power rating? For shame, fellows. Haven't 
you heard of the FTC Power Rule that has been in 

effect since 1974? 
As it happens, the HMA -8300 does have a much 

higher short -term power output rating than do most 
conventional amplifiers. This is indicated (or should 
be, these days) by the new IHF measurement known 
as "dynamic headroom." As shown in our own table of 
measurements (Vital Statistics), this amplifier's dyna- 
mic headroom turned out to be 2.77 dB, or very nearly 
double the unit's nominal or continuous 200 -watt 
rating, without encountering clipping. In sound rein- 
forcement and in "live" performance situations, that 
kind of headroom is an advantage, since the performer 
or sound reinforcement person may not always be in a 
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position to see the power output meters. Even if some- 
one is riding gain, the meters probably won't be fast 
enough to catch those high -powered transients 
anyway. I suggest that Hitachi start using the dyna- 
mic headroom figure instead of that misleading 400 - 
watt per channel number if they hope to avoid any 
clash with the Federal Trade Commission. 

This point aside, sound reproduction from the HMA - 
8300 seemed to me flawless, and the transition from 
the lower -powered to the higher -powered transis- 
tors -even under high transient musical signal condi- 
tions -was inaudible. In fact, transient response 
seemed particularly good with this amp, despite the 
complexity of its output circuit and its required 
"switching" under high -level conditions. The price 
does not seem out of line for an amplifier of this rug- 
gedness and performance capability. There are very 
few amplifiers today that deliver high power of this 
sort at "two dollars per watt." And since the days of 
"dollar- per -high- quality- watt" are past, I repeat that I 
see no reason for Hitachi's "inflated" music power 
rating of 400 watts per channel (especially when the 
amp's outstanding performance speaks for itself). Next 
thing you know, they may start combining the power 
of both channels to call it an "800- watt" amplifier! 

Individual Comment by N.E.: We all know the 
expression about someone "being a good guy in spite 
of himself." It applies, sort of, to this amplifier. It is a 
great- sounding, and apparently very substantially 
built, amplifier in spite of some aspects that do not go 
down as neatly as one might wish. 

For one thing, there's the inflated power figure 
which is based on the now discredited and abandoned 
"music power" rating. In the letter, if not the spirit, of 
the law, the more legitimate 200 -watt rating is printed 
in a type size somewhat larger than the other, but that 
400 -watt figure does seem somewhat campy. 

In trying to characterize this product as either an 
"advanced hi -fi" or a "professional" component, we 
once again face a problem that may be more semantic 
than technical. The Hitachi HMA -8300 certainly has 
the guts and the ruggedness to pump out vast 
amounts of clean, high audio power. Yet its "persona- 
lity" suggests an appeal that is perhaps less than that 

customarily considered "professional." Its inputs are 
"hi fi" pin jacks; its speaker outputs are press- to -con- 
nect types you'd not expect to find on an $800 power 
amplifier. There is no provision for adding speakers, 
and none for combining both channels for a higher 
mono output. The unit is not styled for rack -mount. 

The unit's chief claim to fame, of course, is its use of 
"Class G" circuitry which, simply put, uses different 
output circuits for "low" and for "high" power hand- 
ling. We are not told what these values are, but Len 
and I have calculated that somewhere near the rated 
continuous power seems to be the dividing line be- 
tween the two output circuits. This means, then, that 
at power levels up to, say, 190 to 200 watts, the ampli- 
fier is indeed operating more efficiently than a conven- 
tional amplifier would. Not sounding better necessa- 
rily, but drawing less voltage from the power 
line -which in itself is a good thing, especially these 
days. And apparently too, there is no heat problem 
with this piece of equipment. 

At full rated power and above, however, there seems 
to be no significant difference in operating efficiency 
between this and a conventional amplifier (we did find 
that the HMA -8300 pulled 940 watts from the line to 
produce a continuous output of 220 watts per channel 
across the band). On the other hand, a more tangible 
benefit of this design is the nearly 3 dB more of signal 
headroom (about 400 watts per channel) it can provide 
when the program material and /or listening conditions 
call for it. 

Whether the hi -fi system owner ever needs that kind 
of power is highly debatable. A pro or semi -pro user, of 
course, could need that much power and if so, the 
Hitachi will produce it. These same pro and semi -pro 
users, though, might wish the amplifier had more of a 
"pro personality" such as handles and professional 
input and output connectors. 

Note: The power cord is fitted with a two -prong plug 
but it should not be connected to a "convenience out- 
let" on a preamp -control unit because the current 
drain may exceed the safety limits of the off /on switch 
of that preamp. Unless you are certain of the power 
ratings included, the HMA -8300 should be connected 
to its own AC line source and switched on and off by 
its own power switch. 

HITACHI HMA -8300 POWER AMPLIFIER: Vital Statistics 

PERFORMANCE CHARACTERISTIC MANUFACTURER'S SPECIFICATION 

Continuous power /channel, 1 kHz 200 watts 
Continuous power /channel, 20 Hz to 

LAB MEASUREMENT 

242 watts 

20 kHz 220 watts 
Power bandwidth 13 Hz to 25 kHz 
Frequency response f 1 dB, 3.5 Hz to 250 kHz 
Damping factor 71 

Rated THD 0.0055% 
Rated IM 0.01% 
Residual hum and noise 88 dB (new IHF) 
Input sensitivity 1.0 V 

Dynamic headroom 2.77 dB 
Power consumption 940 watts (at full output) 

CIRCLE 21 ON READER SERVICE CARD 

200 watts 
20 Hz to 20 kHz 
+ 0, - 1 dB, 5 Hz to 80 kHz 

50 

0.1% 
NA 
110 dB r A ") 
1.0 V 

NA 
850 watts 
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Neutrik AD4 
Analog Delay Unit 

By Jim Ford and John Murphy 

Most of the audio time delay equipment currently 
available uses digital techniques to delay the input 
audio signal. However, the Neutrik AD4 uses strictly 
analog circuitry to provide up to 200 milliseconds 
(msec.) of signal delay. The unit was primarily 
designed to provide four discrete time delay outputs 
from a single input for improving the intelligibility of 
distributed sound systems. But it could be used in any 
application requiring single or multiple time delays. 
The input signal is delayed through the use of "bucket 
brigade" analog delay modules. The manufacturer's 
suggested price is $795. 

Background 
What's an Audio Delay Unit? 

The oldest and probably most familiar audio delay 
technique is the tape loop echo. By using a closed loop 
of magnetic tape and running it continuously past the 
separate record and play heads of a tape machine a 
delay system is created. The signal into the tape 
machine is recorded onto tape and played back an in- 
stant later as the tape passes the playback head. The 
output of the tape machine is then a replica of the 
input, the only difference (ideally) being that it is 

computer -like memory device. An analog audio signal 
(like the signal fed to a regular tape recorder) is input 
to the unit and undergoes A/D conversion. The result 
of the A/D conversion is an extremely rapid (approxi- 
mately 50,000 per second) sequence of numbers 
(digits!) which represent the audio signal. The numbers 
are fed to the memory which simply stores them, waits 
the prescribed amount of time (whatever the user has 
selected for a delay time, say for example 50 milli- 
seconds), and reads the numbers out in the same 

Ila IJTR/K A134 
UNPVL 

SENS 

slightly delayed in time. The amount of time delay is 
controlled by the tape speed and the distance between 
the record and play heads. When the delayed signal is 
monitored along with the direct (non -delayed) signal 
the effect is perceived roughly as "echo." Until recent 
years this was the only practical method of obtaining a 
time delayed signal. 

In the past few years, however, many purely electro- 
nic audio time delay systems have found their way to 
the marketplace. These devices perform exactly the 
same function as the tape loop echo. That is, the out- 
put is a copy of the input delayed in time by some fixed 
amount. But these units use electronic integrated cir- 
cuits (ICs) to provide the signal delay, rather than a 
tape recorder. There are basically two forms of electro- 
nic time delay: digital and analog. 

The digital technique employs analog -to- digital 
(A /D), and digital -to- analog (D /A) converters and a 

sequence that they were stored. The output stream of 
numbers then undergoes D/A conversion whereby the 
analog input signal is reconstructed. This signal is 
then sent to the unit's output. The result of all this is a 
digital delay unit. 

Analog delays, on the other hand, employ neither 
signal converters nor microcomputers. Instead, they 
utilize special purpose integrated circuits known 
variously as analog shift registers, bucket brigade 
IC's, charge coupled delay lines, or simply, analog 
delay ICs. Basically, the input signal is fed to the IC 
and the delayed signal taken from the IC's output. 
What simplicity! The integrated circuit chip does all 
the work! Inside the IC, though, things are not so sim- 
ple. The circuitry is rapidly (again, about 50,000 times 
per second) sampling the input signal level and storing 
the signal voltage levels in a long series of capacitors. 
The stored voltage levels are stepped along from one 
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capacitor to the next (much like buckets of water in a 
firefighters "bucket brigade ") until the signal arrives 
at the end of the line and it outputs as a delayed copy 
of the input. The delay time depends on how many 
stages (capacitors) the signal passes through from 
input to output, and on how rapidly the signal is 
stepped from one stage to the next. 

The analog and digital approaches to time delay 
each have their own advantages and disadvantages. 
Digital delay techniques, as a rule, offer the highest 
audio quality with regard to extended high- frequency 
response, dynamic range (signal to noise ratio) and dis- 
tortion. However, analog delay units typically cost 
much less than digital -type units. There is a trade -off 
between high- frequency response and amount of time 
delay for both analog and digital types. With longer 
delay times, high- frequency response is usually com- 
promised. When shorter delays are used, high -fre- 
quency response is widest. Both types also tend to 
have limited dynamic range, making it necessary to 
monitor signal levels through the unit. As with a tape 
recorder, the user tries to keep levels as high as poss- 
ible without overloading the machine. Some units use 
internal noise reduction systems to improve overall 
dynamic range and make level settings less critical. 

Applications 
What Can IDo with It? 

There are two general areas of application for audio 
time delay units. First is the application of time delay 
in sound reinforcement systems for the purpose of 
improving overall intelligibility. Second, time delay is 
widely used for sound effects during musical perfor- 
mances both on the stage and in the recording studio. 

Consider the situation depicted in Figure 1(a) where 
we have shown a typical distributed sound reinforce- 
ment system. The system consists of one central loud- 
speaker cluster and four supplementary loudspeaker 
groups. Since there is no delay used here, sound leaves 
each speaker group simultaneously and the first sound 
to arrive at the listeners is from the supplementary 
groups. Sound from the central cluster arrives at some 
later time; overall system intelligibility will tend to be 
reduced if the time difference in the arrival of sound 
from the two sources is greater than about 30 milli- 
seconds. Since the time difference is greatest at the 
back of the hall, that's where intelligibility will be 
poorest. In Figure 1(b) we have depicted the same situ- 
ation, except that a time delay unit has been used to 
delay the sound going to the supplementary speakers. 
The delay time (T) is chosen so that sound from the 
supplementary speakers arrives at the listener at 
about the same time as the sound from the central 
cluster. The overall intelligibility of the system will be 
greatly improved as a result of synchronizing the arri- 
val times of the sound from the different sources. An 
added benefit is that the apparent source of the sound 
can be maintained at the front of the hall if the sound 
from the central cluster is allowed to arrive at the 
listener slightly (a few milliseconds) before the sound 
from the supplementary groups. This is because the 
ear takes its localization cues from the first sound to 
arrive. In the system without delay the apparent 
source of the sound would be directly overhead rather 
than the front of the hall. That could be very 
distracting. 

When used in conjunction with a musical perfor- 
mance, audio time delay units can provide a variety of 
effects. The most obvious use is in the same applica- 
tions as tape loop delay. That is, slap back echo. By 
using a delay time of 35 msec. or more, the delayed 
sound is perceived as a distinct echo. If a delay time 
less than about 35 msec. is used, the effect is perceived 
less as an echo and more as a "doubling" of the ori- 
ginal sound. In "live" performances this can give an 
effect similar to the "double tracking" available when 
recording in the studio. But the effect never seems to 
be quite as good as true "double tracking." This is pro- 
bably because when the performer records the second 
track in the studio his performance will always vary 
slightly from the original, whereas the delay unit gives 
an exact copy of the original (non -delayed) perfor- 
mance. The variations in the two recorded tracks intro- 
duce a richness that is not found in the electronically 
"perfect" delay line doubling. Some manufacturers 
have taken the delay line a step further by introducing 
a means of modulating the amount of time delay by a 
small amount, thereby introducing some of the imper- 
fections and variations that would be present in true 
"double tracking." 
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There is another useful application of time delay in 
conjunction with a reverberation system. By delaying 
the input signal to the reverb it is possible to improve 
the quality of almost any type of reverb. This makes 
sense when you consider that in a concert hall there is 
definite time lag between the arrival of the direct 
sound from the stage and the arrival of the sound 
reflected from the room surfaces. In most reverbera- 
tion units there is no delay between the time a signal is 
input to the unit and the time the reverberated signal 
appears at the output (unless the reverb uses a delay 
line of its own). So delaying the reverb send signal can 
make a reverb sound more "natural." Another way of 
looking at it is to realize that the delay allows for some 
"space" between the direct and the reverbed sound. 
The delayed reverb doesn't mask the direct sound. 

Description: The Neutrik AD4 is an extremely 
simple unit to operate. It has a single line level input 
(with a switchable 26 dB pad for attenuating hot input 
signals) and four delayed signal outputs. Each output 
has an individual output level control. There is a con- 
tinuously variable input level control and an input sig- 
nal limiter than can be switched in ( "fast" or "slow ") if 
desired. The amount of time delay through the unit is 
controlled by a single continuously variable control. 
This control is labeled 50 msec. at the minimum set- 
ting and 200 msec. at the maximum setting. These 
times refer only to the delay times for the fourth out- 
put. The first, second and third outputs provide 1/4, 
1/2 and 3/4 the delay time of the fourth output (in that 
order). There is a single LED that lights up whenever 

Central 
cluster 
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Fig. 1(a): With no delay, sound from supplementary 
loudspeakers arrives first. 
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Ti 

delay 
T2 

delay 
T3 

delay 
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Fig. 1(b): With appropriate delay, sound from the 
central cluster arrives at the same time as sound 
from the supplementary loudspeakers. 

the input signal exceeds the unit's overload threshold. 
When the limiter is switched in, this same LED lights 
to indicate that gain reduction is taking place in order 
to avoid overload. Outputs three and four are equipped 
with "active noise filters" to reduce the noise accumu- 
lated on the longest delays. (The delay stages are 
sequential with the signal of the fourth output having 
passed through all four stages of delay.) 

The input and output connections are made on the 
back panel by way of XLR type connectors (with the 
signal on pin 2, not on pin 3). The input is at the far left 
with the switch for the 26 dB pad just to the right. 
Next are the four output connectors, one through four 
from left to right. Just to the left of each output con- 
nector is a level control for that output. There is a 
receptacle for the detachable line cord at the far right 
of the back panel, and the unit is equipped with an 
internal A.C. line fuse. 

The power on /off switch is located to the far left of 
the front panel with a small green LED pilot light be- 
side it to the right. The delay time control is to the 
right of these. Skipping to the right side of the front 
panel there is first the overload /gain reduction LED 
indicator, and next a three- position toggle switch for 
the limiter. With the switch all the way down the limi- 
ter is off. The first limiter On position is labeled "fast," 
the second On position is labeled "slow." These refer 
to fast or slow limiter response. The input level control 
is at the far right of the front panel. The unit is light 
weight and can be mounted in a single rack space of a 
standard 19 -inch rack. 

Listening Test: We patched the AD4 into our 
reference system and selected some recorded music to 
check it out with. Then we adjusted the input level con- 
trol so the overload indicator just flashed on 
occasional peaks, and set the output level control so 
that there was no level change when the unit was 
alternately switched in and bypassed at our preamp. 
First we listened to the fourth output with the delay 
time set at maximum, since from our lab tests we knew 
this would constitute the worst case for the unit's per- 
formance. Then we listened for any significant differ- 
ences when we switched the delay in and out of the sys- 
tem. The most clearly audible difference was in the 
high- frequency range. With the unit switched in there 
was an audible loss of highs. For example, cymbals and 
other high- frequency sounds became weaker and lost 
some of their sparkle. Also, between cuts on albums 
there was audible hiss whereas with the unit switched 
out the noise virtually vanished. Another thing we 
noticed was a slight harshness in the sound when 
listening through the delay. With shorter delay 
settings and listening to the shorter delay outputs the 
audio quality of the unit improved somewhat, but 
there was still an audible difference in audio quality 
with the unit switched in. 

However, keeping in mind the delay's intended appli- 
cation (intelligibility improvement in distributed 
sound systems) the shortcomings cited above become 
less important, especially with less than maximum 
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CLEAN UP YOUR 
TRACKS WITHOUT 
CLEANING OUT 
YOUR POCKETS. 
The past few years have seen a proliferation of exciting, 
inexpensive new multi -track hardware, Unfortunately, this 
hardware retains two shortcomings which prevent the small 
studio from really competing with the "big boys" -noise and 
lack of headroom. These shortcomings become especially 
apparent when the tracks you're bouncing start sounding 
like a transmission from outer space. 

dbx, maker of state -of- the -art tape noise reduction for 
the world's leading studios, also makes a line of products 
designed for the small studio: the 155, the RM -155 and the 
158. All offer the same 33dB of tape noise reduction and 
10dB of headroom improvement as our more expensive 
units, with which they are fully compatible. 

The 155 offers four channels of tape noise reduction, 
switchable to record, play or bypass. Each channel is self - 
contained on a user -changeable modula: circuit board. 
All this, for under $600. Also available rack - mounted 
(RM -155) for four- channel simultaneous or eight -channel 
switchable use. 

The 158 offers eight channels of simultaneous tape noise 
reduction, rack -mounted in a compact chassis. It lets you 
monitor the noise- reduced signal while you record. Spare 
channel included. 

A dbx tape noise reduction system is simple to install and 
use. It will give your demos the sound quality of master tapes. 
And when you're ready to expand, your dbx system grows 
with you, easily and inexpensively. 

Above all, the product you produce will be very close to 
that of the "big boys." for a. lot less bucks. That is why, for 
the small studio, dbx tape noise reduction is a necessity, not 
ara accessory. dbx. Incorporated 71 Chapel Street, 
Newton, MA 02195 617 -964 -3210 

UNLOCK 
YOUR EARS 
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delay. The unit would probably have no trouble pro- 
viding acceptable audio quality in a distributed sound 
system handling mainly speech material. 

Lab Test: When we got the unit on the test bench we 
measured all the usual quantities: input /output levels, 
noise, distortion and frequency response. The results 
of these measurements are tabulated in our chart. The 
signal -to -noise ratio was in the neighborhood of 60 dB 
depending on the amount of delay used. Since this is 
about the same signal -to -noise ratio that's available 
from a quarter -track tape machine it's very important 
to closely monitor the input levels to get the best per- 
formance with respect to noise. All of the signal levels 
are referenced to the overload threshold = 0 dB. 

Based on our observations of the input and output 
levels of the device interfacing with other line level 
gear should present no problem. 
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Fig. 2: Input/output transfer curve. 

15 20 

As expected, the signal distortion of the unit is de- 
pendent on the time delay used. The more delay you 
use, the more distortion you get. Our distortion and 
noise measurements were compounded by the unit's 
pickup of local radio stations, but no RF interference 
was observed during our listening test. 

The frequency response of the unit was also delay 
dependent. With minimum delay, the high- frequency 
response was down 3 dB at about 10 kHz and cut off 
very sharply above that. Low frequency response 
extended well below 20 Hz. Response never varied 
more than about 1 dB between the frequency 
extremes. 

When the limiter was switched in, the distortion was 
effectively held to the 0 dB levels. Even with a +20 dB 
input signal the distortion increased only slightly over 
what it was at 0 dB. The output level was of course 
held to the 0 dB level with the limiter switched in (it's 
not magic!) A +20 dB input level caused the output to 

increase less than 1 dB over the output with a 0 dB 
input level. That's pretty effective limiting. The 
input /output transfer curve in Figure 2 gives a graphic 
presentation of the limiter's action. The output 
clipping level without the limiter (about +15.5 dB) is 
also shown on this graph. 

The AD4 is constructed on one large printed circuit 
board to which the various pots, switches and connec- 
tors are attached. There are eight tiny printed circuit 
boards mounted vertically off the main board. These 
contain the actual analog time delay ICs. 

Conclusion: Neutrik does not supply an owner's 
manual with the AD4 because of its straightforward 
operation. But even so, it would seem appropriate to 
give the owner some applications information. 

We recommend that you consider using the AD4 in 
distributed sound systems where absolute audio qua- 
lity is not critical. The unit can do a good job of 
improving intelligibility in these systems at a modest 
cost compared to digital units. 

LAB TEST SUMMARY 
(Note: All dBV levels are referenced to .775 volts) 

Input Levels 
(level required to just light the overload indicator) 

Input Sensitivity Control at Minimum: 
.31 Vrms I -8 dBV) w/o pad 
6.2 Vrms ( +18 dBV) w /pad 

Input Sensitivity Control at Maximum: 
5.7 mV 1 -43 dBV) 

Output Levels 
(with input level at the overload threshold as above, and 

output level at maximum) 
1.2 Vrms ( +3.8 dBV) 

Noise Levels 
(referenced to the output level stated above, 

i.e., signal at the overload threshold) 
Output No. 

1 

2 

3 
4 

Minimum Delay 
- 66 dB 
-62 dB 
- 62 dB 
-60 dB 

Frequency Response 
(measured 10 dB below the overload threshold) 

Maximum Delay 
-57 dB 
- 54 dB 
-60 dB 
- 57 dB 

Output No. Minimum Delay 
1 12 Hz to 9.9 kHz +1, -3 dB 

2 12 Hz to 9.7 kHz +1, -3 dB 

3 8.5to9.8kHz+1,-3dB 

4 8.2to9.3kHz+1,-3dB 

Maximum Delay 
12 Hz to 8.7 kHz 
+1, -3 dB 
12 Hz to 7.8 kHz 
+1, -3 dB 
8.9 Hz to 7.9 kHz 
+1, -3 dB 
8.5 Hz to 6.5 kHz 
+1, -3 dB 

Distortion 
(total harmonic distortion) 

Using a 1 kHz test tone with the signal level 
at the overload threshold. 

Minimum Delay Maximum Delay Output No. 
1 

2 

3 
4 

.18% 

.23% 

.41% 

.73% 

.25% 

.45% 

.74% 
1.04% 

Output No. 4, maximum delay, 1 kHz test tone 
Test Signal Level 

Limiter Out 
Limiter In 

+5 dB 
2.25% 
1.25% 

+10dB 
3.7% 
1.3% 
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THE WEREWOLVES: Ship Of Fools 
(Summer Weekends And No More 
Blues). [Andrew Loog Oldham, pro- 
ducer; Neal Teeman and Chris 
Andersen, engineers; recorded aboard 
" Xtort" by The Bearsville Land And 
Sea Sound Company.] RCA AF1 -3079. 

Performance: Loosely tight 
Recording: Unadorned accuracy 

Up until six months ago, this band on- 
ly came out at nights - Texas nights fill- 
ed with get -down, back -to- the -roots, 
loosely tight rock & roll. A successful 
western tour, and the production 
allegiance of Andrew Loog Oldham, 

gave The Werewolves a sudden burst of 
favorable exposure and an almost im- 
mediate 6-day recording session aboard 
the 62 -foot, twin -engine vessel "Xtort," 
the band's second studio effort in six 
months. Oldham's first big group was 
capable of cranking out two or three rug- 
ged LPs per year too, ho -hum discs like 
Out Of Our Heads and December's 
Children. Ever hear of The Rolling 
Stones? 

The spirit of raw, uncultured rock is 
integral to The Werewolves and Ship Of 
Fools is a rough mix of blues, boogie, 
country, rock and '50s- influenced piano 
banging. This band made their mark as a 
no- holds- barred "live" act in and around 
Dallas, so the barband vitality still in- 
filtrates their wide -open, surprisingly 
organized style. Cuts like "Crazy Arms" 
and "Catch My Drift" are obviously 
geared for "live" delivery, but unpolish- 

Reviewed By: 
STEVE CAPUTO 
MIKE DEREVLANY 
ROBERT HENSCHEN 
NAT HENTOFF 
JOE KLEE 
ALLAN KOZINN 
STEVE ROW 

RUSSELL SHAW 

an 

THE WEREWOLVES: A healthy transfusion for the American music scene 

ed engineering retains much of the 
original excitement. 

The Werewolves can definitely cook 
Southern style, but the big Phil Spector 
beat ( "There We Were ") and early 
British rock influences are often more 
pronounced. Lead singer Brian Papa- 
george sounds astonishingly like Mick 
Jagger on several tunes, particularly the 
very basic "Face On Wrong," and An- 
drew Loog Oldham does nothing to cur- 
tail other Stones parallels. 

Lyrics are not a highpoint on Ship Of 
Fools, nor are technical gymnastics. But 
the album frequently draws incentive 
from the raunch -style tenor sax of Joey 
Stann, and the material is fairly diverse. 
"Days Of The Rest Of My Life" is a coun- 
try ballad, "Waking Up Is Hard To Do" 
would be the skittishly perfect 
blues'n'boogie vehicle for Asleep At The 
Wheel, and the title track heaps upbeat 
horns atop happy, colorful Caribbean 
steel drums. Basically, however, The 
Werewolves play rock in the raw, a 
healthy transfusion for the American 
music scene. R.H. 

IAN MATTHEWS: Stealin' Home. [Ian 
Matthews and Sandy Robertson, pro- 
ducers; Barry Hammond, engineer; 
Bryn Haworth and Ian Matthews, ar- 
rangers; recorded at Chipping Norton 
Studios, Oxfordshire, England.] 
Mushroom MRS 5012. 

Performance: Tasteful pop, good 
tenor 

Recording: Slick 

For lo these many years, Ian Mat- 
thews has been looking for a groove, an 
identity, since he left first Fairport 
Convention and then Matthews Southern 
Comfort. His career has been summed 
up by Nick Logan and Bob Woffinden of 
the New Musical Express, in "The Il- 
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Whichever half winch 8 track machine you choose, 
the Sound Workshop 1280 remains the 
most together recording console in its field. 

The 12808 -8EQ wit, optional Meter Bridge 

the Sound Workshop 1280 recording console 

Sound Workshop 
PROFESSIONAL AUDIO PRODUCTS 

It sounds better. 
1324 Motor Parkway, Hauppauge. Nees; York 11'87 516- 582 -62;0 
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Invisible 
Transducer! 
Model 2500E 
Transducer mounts 
permanently & 
invisibly in acoustic 
guitars. The most 
sensitive transducer 
available, 2500E 
produces natural, 
unaltered amplified 
acoustic sound. 

NO PREAMP EVER REQUIRED 
I - 30,000 Hz frequency range, wider 
than all others 
Pure, natural acoustic sound 
5 year limited warranty 
For use with nylon or steel strings 
Complete with instructions & 
concealed mounting hardware 

Available from Shadow dealers in 40 
nations. Brochure available upon 
request. 

6(.000 Jr 

SHADOW OF AMERICA 
ELECTRONICS CO., INC. 

22-42 Jackson Avenue, New York 11101 USA 
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Guitar Sound 
Unlimited! 

Shadow's 640 
Quick Mount 
Double Play System 
is unmatched for 
range, versatility or 
freedom of 
expression. Lay down 
every lick, every effect 
you ever dreamed of! 

Magnetic /transducer combination 
pickup 
NO PREAMP EVER REQUIRED 
Any sound from pure, unaltered 
acoustic to powerful electric 
5 year limited warranty 
Volume & balance controls 
Attached /detached in seconds 
Reusable adhesive included 
For full sized round hole steel string 
acoustic or western guitars 

Available from Shadow dealers in 40 
nations. Brochure available upon 
request. 

SHADOW OF AMERICA 
ELECTRONICS CO., INC. 

22 -42 Jackson Avenue New York 11101 USA 
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lustrated Encycolopedia of Rock" in 
this way: "After being the man -most- 
likely -to for so long, he is now beginn- 
ing to look like the man -who -never -did." 

Despite what some say is a failure to 
fulfill a promise, Ian Matthews still has 
one of the finest tenor voices in all of 
pop music, and he invariably comes up 
with some of the most interesting selec- 
tions of musical material of any solo ar- 
tist going. His latest album, Stealin' 
Home, is no exception, and some (but, 
unfortunately, not all) of the album 
shows the same strengths as Gerry Raf- 
ferty's City to City. 

Matthews' sources of material on this 
outing are Terence Boylan, John Mar - 
tyn, Robert Palmer, Charlie Chaplin 
and Rodgers & Hammerstein, among 
others. He and some of his friends pro- 
duce a powerful acappella reading of 

IAN MATTHEWS: "E" for effort 

"You've Got to Be Taught," from "The 
King and I," to open the "B" side, for ex- 
ample, and he has provided a stylish 
setting for Palmer's "Gimme an Inch" 
to open the "A" side of the album. He 
has found an interesting song by 
Richard Stehol entitled "Yank and 
Mary" that incorporates the first four 
lines of Chaplin's "Smile" as its chorus. 
His readings of Boylan's material 
("Don't Hang Up Those Dancing Shoes" 
and "Shake It ") are good but don't quite 
hide the similarities between Boylan's 
music and that of Jackson Browne. His 
cover of Martyn's "Man at the Station" 
has an instrumental break that sounds 
almost like the hook on the Rolling 
Stones' "Miss You." 

His own material, however, tends to 

sound like country -rock tunes, perhaps 
showing that he is most comfortable in 
a setting designed by the Eagles or 
Poco. "Let There Be Blues," with nice 
mandolin work by Haworth, has single 
written all over it, and the title track is 
a fine new ballad that already is a 
single. Both are tinged with the essence 
of country -rock. 

On both songs, Matthews shows that 
he not only can sing well, but he also 
can produce intelligent lyrics. His other 
two songs on the album are "Slip 
Away," and "Sail My Soul," both writ- 
ten with Bill Lamb. The former is a 
rather enigmatic piece, up- tempo, with 
a good chorus and good guitar break 
near the close. It comes as close as any 
song of the album to being a bona -fide 
rocker. The latter has a long instrumen- 
tal introduction by the guitar and bass, 
and the keyboard playing is promi- 
nently displayed. More good lyrics 
here, too. 

"King of the Night" by Jeffrey Com- 
anor and "Shake It" are both songs 
done in Southern California tradition, 
although the good- natured rocking 
style of the latter contrasts with lyrics 
of the former, a poignant reminder of 
"Rusted out memories, bitter and 
proud" one who was "fearless and 
foolish/Forgotten somehow." (Copyright 
© Chicken Key Music, BMI). 

Those who don't know Ian Matthews 
will find here some things that remind 
them of two more popular solo singers 
of this day -Jesse Colin Young and 
Gerry Rafferty. Young has pretty much 
maintained a comfortable popularity 
for several years, while Rafferty's 
musical talent is just now being 
rediscovered by a large audience who 
passed him over in the Stealer's Wheel 
days. Matthews still needs to be 
discovered, but I'm not sure "Stealin' 
Home" is the album that will bring 
about that discovery. 

The voice is there, the material is in- 
teresting, the arrangement crisp and 
bright. He certainly gets an "E" for ef- 
fort, even if he doesn't get an $ for 
sales. This is an album that should not 
be overlooked, for the plusses outweigh 
the minuses, and the version of 
"Carefully Taught" is a real gem. S.R. 

JOAN ARMATRADING: To The Limit. 
[Glyn Johns, producer and engineer; 
recorded at Olympic Studios, London, 
England.] A &M SP -4732. 

Performance: For real 
Recording: Earthy and honest 
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JOAN ARMATRADING:Oh, so real 

This remarkable woman is capable of 
turning a simple ballad into a personal 
triumph, imbuing each word with the 
kind of raw and propulsive emotionalism 
long forgotten by others. Armatrading's 
West Indies -to- London background pro- 
vides her with a unique combination of 
gospel reggae/blues/roots plus British 
lyrical aplomb, and Joan molds it all into 
her own brand of folk -rock fusion. After 
fantastic albums like Back To The 
Night, Joan Armatrading, and Show 
Some Emotion, I'm ready to call Joan 
Armatrading one of the two or three 
most important singer -songwriters of 
the late seventies. That's the kind of 
reality she brings to contemporary 
music. 

To The Limit attains that same basic 
spirit of liberated blues, and tunes like 
"Wishing," "Your Letter," and "You 
Rope You Tie Me" can certainly stand 
alongside Armatrading's best work. The 
album title is drawn from "Bottom To 
The Top," an infectious reggae that is 
ideal for Joan's funky sound, and "Let It 
Last" is the sort of gospel -blues lament 
that she is becoming famous for -you 
can only get this international woman 
( "Barefoot And Pregnant ") down so low, 
then she's just got to get back up. 

Glyn Johns has done a fine job of cap- 
turing the earthiness, honesty, and 
gentleness of To The Limit. Joan's voice, 
of course, must be the major instrument 
at all times, so over -production or clut- 
tered instrumental arrangements would 
only damage the authentic feel of this 
music. On "What Do You Want," Ar- 
matrading's vocal approaches a soulful 
percussive quality, while she sustains 
longer, bluer notes on "Wishing." Philip 
Palmer (electric guitar) and Dick Simms 
(organ and accordion) are each given 
solos but Johns makes sure they don't 
intrude on the leader's intimacy. The 
engineering is supportive and warm. 

Like other Joan Armatrading albums, 
To The Limit grows on the listener with 
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repeated listenings. Apparent composi- 
tional lightness on `Baby I" and "Taking 
My Baby Up Town" are almost 
necessary respites between emotion- 
charged feature songs. This is 
twentieth-century inspirational music 
that reacts to this decade's blase pop 
music with a hot beat and gut -levell 
humanism. Joan Armatrading means it 
when she says nothing is half as good as 
"touching me in real." On records like 
this, she offers herself body and soul. 

R.H. 

LOL CREME AND KEVIN GODLEY: L. 
[Lol Creme and Kevin Godley, pro- 
ducers; Nigel Gray and Chris Gray, 
engineers; recorded at Surrey Sound 
Studios, Leatherland, Surrey, 
England, March through June 1978.] 
Mercury SRM -1 -3752. 

Performance: Nebulous 
Recording: Top notch 

Who are Lol and Key? And what is a 
Gizmo? And furthermore, what do they 

SENKHEISER. 
YOUR WAY. 

Now, you don't have to 
ve up the ultra -low- 

'noise, wide -range response, w superior linearity, precise 
directionality and easy -to- position 
compactness of Sennheiser RF con- 
denser microphones...to get the 
convenience and compatibility of 

SENNHEISER CONDENSER ,/ 48V central studio supplies. 
Our MKH condenser micro- 

phone series- cardioid, ultra - 
cardioid, shotgun...even our lavalier- 
is now available in 'P48U versions, 
'or all standard 48V sources. As an 
alternative to our present A -B version, 
which can be powered from a 12 -volt 
battery supply, or directly from low - 
voltage devices, such as Nagra tape 
recorders, mixers and other field 
equipment 

For more information, please 
write or call us...or better yet, 
contact your Sennheiser dealer for 
a demonstration. 

Sennheiser Electronic Corp., 
10 West 37th Street, New York, 
N.Y. 10018 (212) 239 -0190 
Manufacturing Plant: Bissendorf, 
Hannover, West Germany 

Authorized West Coast Service: ASC, 6430 Sunset Blvd, Hollywood, CA 90028, (213) 465 -6169 
Authorized Florida Service:lmage Devices Inc, 1825 NE 149 St, Miami, FL 33181, (305)945 -1111 

PERFORMANCE HERE 

48V CENTRAL POWER 
SUPPLY HERE 
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LOL CREME AND KEVIN GODLEY: A dauntless duo, and Gizmo makes three 

mean to each other? 
Lol and Key are, of course, Lol 

Creme and Kevin Godley, two former 
members of the original 10cc, and the 
Gizmo, now officially known as a Giz- 
motron, is their invention. After their 
departure from 10cc, Creme and Godley 
spent a great deal of time experimen- 

ting and recording with the Gizmotron, 
a small electro- mechanical bowing 
device for the guitar which allows the 
guitarist to duplicate the sound of 
almost any string instrument. The pro- 
duct of all this experimentation was a 
monstrously flawed three -record set 
that, with a list price of $18, was bound 

to be an irremediable failure if only 
because of economic reasons. 

Apparently all that studio time was 
not a total waste for the dauntless duo; 
if anything, they learned the practical 
limits of the Gizmotron. Time and 
device aside, they didn't, however, 
develop a distinct musical identity but 
became a sort of nebulous reflection of 
10cc, without the 10cc creativity or in- 

novation; they are a redundancy with 
limited redeeming value and no true 
originality. 

Much of the music on L is conceptual 
in style; individual pieces are around 
five or six minutes long or longer and 
are thematic though undeveloped. Most 
of the material gives the impression 
that Creme and Godley don't really 
know what they want to do, which is a 
shame since they not only have a great 
deal of talent but also an overwhelming 
amount of technical ability and 
knowledge that could result in an ab- 
solutely spectacular product. 

Although these particular Creme and 
Godley compositions are basically 
aimless, they are all extravagantly pro- 
duced and have some of the most 
thoroughly poignant and humorous 
lyrics of the year. These lyrics help 

Time -Based Effects ... Without the Side -Effects. 
Introducing the 440 Delay Line /Flanger from Loft Modular Devices. 
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There is a new solution for time -based effects. Filling 
the gap between expensive digital lines and low cost 
'black boxes', the Series 440 Delay Line /Flanger 
delivers the amazing depth and dramatic realism 
rightly associated with analog delay effects. Yet it 
avoids so many unwanted side effects you expect 
from analog and even some digital systems. 

Now, you don't have to sacrifice the dimensional 
impact of your music to severely limited bandwidths, 
nor lose that bright crisp edge to compromised 
electronics. Gone too, are the 'thumps', 'whistles', 
background oscillations, quantizing noise, 'grainy' 
digital audio, and other strange distortion you may 
have noticed before. Even headroom, a problem 
with so many units, is no problem with the Series 440 
Delay Line /Flanger. 

LOFT MODULAR DEVICES,INC. 91 Elm 

All you get is great sounding delay combined with 
the creative flexability of VCO time based 
processing. Mixed to any degree with straight delays 
from .5msec all the way out to 160msec., VCO 
processing permits such effects as resonant flanging, 
Leslie -type sounds with different 'rotation' speeds, 
vibrato, double tracking with realistic pitch and 
timing errors, or a wide range of more subtle effects 
to control the spatial perspective of your music. In 
addition to the built -in VCO feature, control voltage 
jacks allow further modification of the system's 
special effects capability. Impressive? We think so, 
but there is more. Why not check out the details at a 
representative dealer near you. 
The Series 440 Analog Delay 
Line /Flanger, is in stock and 
ready for immediate delivery. r 

MODULAR DEVICES 

Street, Manchester, CT 06040 (203)646 -7806 
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R1.ß, the large$ 
and most respected 
network of studios 
offering courses 
in the art of multi- Ir c'1. recording. 
When today's music conscious society 
made recording the new art of self - 
expresson, the RIA created the 
nationally 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 techniques of .- ecording 
utilizing modern state of the art equipment. 
The course includes live recording sessions so 
that the student may apply the techniques learned. 

_a 0o 

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

AMES. IOWA CHICAGO, III DETROIT, M CH. SEW ORLEANS, LA 
A & R Recording 5tedio Universe Recording Studios Recording InstitAte Xnight Recording 
1515)232.299" 1312) 642 -6465 1310 7791360 504) 834 -5711 
ALANTA, GA CLEVELAND, OHIO HOIJOL ULU. HAWAII NEW YORK, N.V. 
Apogee Recording S.udl.os Agency '.Recording Audissey Sound RIA 
1404) 522-8460 1216) 621 -0810 1808) 521 -6791 e212) 582 -0400 
BALTIMORE, MD COLUMBUS, OHIO HOJSTON, TEXAS NORTHERN N.V. STATE 
S',effield Rec's Ltd., Inc. Mus - I - Col Rec'g Wel s Sound Studios Michele Audio 
1301) 628 -7260 (614) 267 -3133 (713) 636-8067 1315) 769-2448 
BIRMINGHAM, AL COLUM3US, GA KNOXVILLE, TN PADUCAH, KY 
Bolid Rock Sound HNR Studios Thunderhead Sound Audic Creations 
(205)854 -4160 1404) 327 -9431 (615) 54E -8006 44502) 898 -6746 
BURLINGTON, VT DALLAS, TEXAS L /ORANGE COUNTY, CA PHILADELPHIA, PA 
Starbuck /Ashley Record Sound One Unfired Audio Starr Recording 
(802) 658-4616 (214) 7422341 177E) 547 -5466 11215) 925 -5265 
CHARLOTTE, NC DENVER, COLO. NEW HAVEN, CT PHOENIX & TUCSON, ARIZ 
Ref colon Studio Applewcod, Studos Trod Nos ;el P-o-Suctions _ee Furr Studios 
1'04)377 -4596 (303) 279 -2500 (203) 26E -4465 -602) 792 -3470 
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PITTSBURGH, PA 
Audio Innovators 
1412) 391.6220 

RICH:JIONC, VA 
Alpha Audic 
(804) 358.33152 

SANTEE /SF.N DIEGO, CA 
Natural Sound 
(714) 448 -61100 

SEATTLE, WASH 
Holden, Hamilton 

& Roberts Recording 
1206) 632 -8300 

TULSA & OKLA CITY, OK _A 
Ford Audio and Acoustics 
14051 525 -3343 

CANADIAN 
REPRESENTATIVES 

MONTREAL, QUE. 
RIA 
1212) 582 -0400 

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

TORONTO, ONT. 
Phase One Recording Studio 
1416) 291-9553 
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When Your Sound 
Is All That Matters 

THE TUBE is Transylvania Power Company's suc- 
cessor to radial horns for projecting the upper 
half of the sound spectrum. More and more, 
you'll find THE TUBE teamed with professional 
horn drivers in top quality sound systems, from 
PAs to instrument amps to studio monitors. 
Why? Because THE TUBE eliminates horn distor- 
tion, even at full volume ... dispersion is a third 
of a circle wide, all the way to the super -highs 
... there's no front -row fuzzout, and less back - 

row fadeout... percussive staccato notes and 
subtle sound textures are both articulated beau- 
tifully ... and THE TUBE is much smaller and 
lighter than horns. 
You've just got to hear THE TUBE to believe in it. 
Fora list of our dealers, write to: 

Transylvania Power Company 
260 Marshall Drive, Suite 6 

Walnut Creek, California 94598 USA 
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Marvin Jo 
they hav 
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keyboard split, synthesizer interface, 
variable sustain controls, jacks for foot 
controls, dual violin /cello mixers, 
separate mixable piano output, stereo 
string & computer interface options. 

>iinQx n liipir 
just $295 kit $600 assembled 
from óA You're gonna love it ! 

TELL ME MORE 
() Send Assembly & Using Manual $5 refundable 

upon purchase Stringz 'n' Thingz. 
( ) SEND FREE CATALOG 

name: 

Address: 

City: State: 

ELECTRONICS Dept.5M, 
1020 W. Wilshire Blvd.. Oklahoma City, OK 73116 R05)643-9626 

96 
CIRCLE 60 ON READER SERVICE CARD 

keep some of the cuts lighthearted even 
in their Spector -esque ponderousness. 
Creme and Godley undoubtedly had a 
good time making this record, since 
they got a lot off their chests, and there 
is good deal of fun in almost every song. 
Cuts like "Hit Factory" and "Business 
is Business" suggest that there is 
something that they distinctly dislike 
about contemporary music and its 
marketing. 

L is a mixture of quality and it varies 
from nearly brilliant to downright mun- 
dane. Sandwiched between the wit- 
ticisms of "Business is Business" 
( "M.O.R. is safe/M.O.R. is here .... And 
only the numb survive ") and "The Spor- 
ting Life" ( "Don't be hasty,/Why waste 
a life/Wait until there's a crowd down 
below ") are cuts like the instrumental 
"Foreign Accents" that are just too con- 
trived. "Foreign Accents" has a lot of 
electronically created and electronical- 
ly altered sounds, some of which don't 
really fall together all that well. Cuts 
like this one show potential, but they 
also demonstrate a possible inability to 
live up to that potential. Most of the 
cuts, though, are rendered enjoyable by 
the lavish production; the effects are 
pleasing, even if the material isn't par- 
ticularly so. All it means is that L 
proves that Creme and Godley are ex- 
tremely adept at creating a lot of decep- 
tive ear bending. 

M.D. 

CANO: Au Nord De Notre Vie. [Don 
Oriolo, producer; Ed Stasium, 
engineer; recorded at Phase One 
Studios, Toronto, Canada, June 20 -27, 
1977.] A &M SP 9028. 

CANO: Eclipse. [Eugene Martynec, 
producer; Ken Friesen, engineer; 
Michael Jackson, assistant engineer; 
recorded at Eastern Sound Studios, 
Toronto, Canada, July- August, 1978.] 
A &M SP 9033. 

Performances: Fine but idiosyncratic 
Recordings: Technically faultless, 

aesthetically aloof 

Cano is not your typical obscure 
musical group. For one thing, they are 
French -Canadian (undoubtably a major 
cause of their obscurity in this country) 
and they are on a major label. And 
because they're French - yep, you 
guessed it, most of their lyrics are in 
French and involve French traditions 
and lore. The result is occasionally 
quaint but more often a bit disconcer- 
ting, particularly to someone more ac- 
customed to standard FM radio fare. 
Not that this makes a great deal of dif- 
ference since it's usually impossible to 
understand the lyrics unless seen first in 
printed form, which Cano thoughtfully 
provides in both French and English. 

Even with this unusual background 
Cano, while rising far above the drab, 
falls far short of the originality one 
might expect. Prefabricated might be a 
more apt description. In many ways 
they resemble Renaissance in their 
more mediocre incarnations. There is 
vocalist Rachel Paiement, who is clearly 
an Annie Haslam sound -alike (no, I take 
that back; she sounds better than 
Haslam). One of the cuts in which she 
demonstrates her vocal prowess is a 
ballad, of the same type that 
Renaissance does. Unlike Renaissance, 
however, Cano doesn't create a semi- 

CANO: Out of Canada with remarkable vocals and technically flawless recording 
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symphony by filling it in with all sorts of 
exotic instrumental arrangements. The 
emphasis is on Paiement's voice, if only 
because the rather plain backing she is 
provided with couldn't stand on its own 
if it used crutches. 

Cano's second album does have some 
songs with English lyrics, which makes 
sense if the group desires to achieve any 
sort of reasonable commercial success in 
the U.S. as well as in Canada (French - 
speaking Canadians only comprise about 
one -quarter of the entire Canadian 
population). You don't think Neil Young 
would have gone very far whining sad 
tales in French, do you? Or could you im- 
agine Randy Bachman screaming "Tu ne 
vis pas encore "? 

The production of both albums is fair; 
it doesn't have any sort of technical 
faults but for the most part doesn't par- 
ticularly add to the material or help it 
come across more dynamically. An 
unusual, and somewhat annoying, 
feature of both albums is that they have, 
the largest amount of dead air space bet- 
ween tracks of any album I have ever 
heard. Another note of interest is that 
Ed Stasium, who engineered the first 
album, also co-engineers the Ramones' 
albums. Stasium successfully captures 
the raucous energy of the Ramones; 
with Cano he is more limited, to a cer- 
tain extent, by the excessive complex- 
ities of Cano's material. 

Cano has a sound that ultimately 
proves itself uninspired despite its at- 
tempt at originality. And that's in two 
albums. Consistency like that should 
easily sustain their current obscurity. 

M.D. 

JULES AND THE POLAR BEARS: Flawless " Jules" forfeiting defiant distortion 

JULES AND THE POLAR BEARS: Got 
No Breeding. [Larry Hirsch, Stephen 
Hague, Jules Shear, producers; Larry 
Hirsch, Stephen Hague, engineers,; 
recorded at Paramount Recording 
Studios.] Columbia Records JC 
35601. 

Performance: Impressive 
Recording: Polished 

With the passing of punk and the 
cresting of new wave music, it is in 
teresting to speculate on the next step 
in the progression centered around 
punk's original attempt to answer to 
disco and sugar rock. While that guess 
is not one to be ventured in this column, 
I do believe that Jules and the Polar 
Bears may hold some clues. Got No 
Breeding, though flawed, is as solid a 

debut album as one might expect from a 
group whose brand of music might be 
outdated tomorrow. 

Jules and his arctic friends perform 
the kind of music that would easily ap- 
peal to fans of Elvis Costello and the 
Talking Heads. That is to say their 
sound is new wave. But, t.o their credit, 
Got No Breeding, (reeorded at Para- 
mount Recording Studios), has an even 
cleaner sound to it than albums by the 
others. This may very well open the 
music up to more listeners who are will- 
ing to give it a chance. The first cut, 
"You Just Don't Wanna Know," best 
tells the story of the rest of the album. 
All of the elements are there - pulsa- 
ting drums, rhythm and lead guitars, 
jagged lyrics sung by the grating voice 
of Jules Shear, even keyboards. The 
success of the song's catchy hooks is 
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CHICAGO: Still mining the tried and true gold pile 

owed primarily to a crisp recording 
that leads you right to the riffs, then 
back to the chorus. Next come the 
horns and background vocals a la Bruce 
Springsteen, or the Asbury Jukes. It 
gets better. The horns resurface in the 
title cut, on side two. A touch of syn- 
thesizer, and some more clean har- 
monies highlight "Shadow Break." My 
favorite cut is "Follow Every Finger," a 

pleasant tune that displays the group's 
ability to comfortably and competently 
diversify its performance. There's a 
nice, clean guitar riff or two in "Follow 
Every Finger," also. 

Flawless 'Jules' are hard to come by, 
so when "Convict" suffers from a lack of 
musical conviction, or "Driftwood from 
Disaster" gets tangled in the seaweed 
of a relatively poor mix, we can't come 
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down too hard. 
I was pleasantly surprised by Jules 

and the Polar Bears. I found the music 
rather infectious, despite Mr. Shear's 
unique vocal style. I truly didn't expect 
the recording to be as refined as it is. 
Horns, harmonies and synthesizers are 
to be the transforming agents of the 
new wave, as melody transformed punk 
to new wave. What is happening is a 
compromise. In exchange for a broader 
cross -section of listeners, Jules and the 
Polar Bears have forfeited a bit of the 
defiant distortion so notoriously 
associated with their predecessors. 
They have even thrown in horns to give 
the jagged lyrics a different sort of 
brassiness. Perhaps next they'll be call- 
ing it fusion wave rock. S.C. 

CHICAGO: Hot Streets. [Phil Ramone 
and Chicago, producers; Jim Boyer, 
engineer; Don Gebman, Lee DeCarlo, 
Dave Martone, Kevin Ryan, and Peter 
Lewis, assistant engineers; recorded 
at Criteria Studios, Miami, FI.] Colum- 
bia FC 35512. 

Performance: Competent, relaxed 
Recording: Bright and bold 

It's been nearly ten years since the 
release of Chicago Transit Authority, 
and the biggest question raised by that 
fact is whether any musical gold remains 
to be mined out of the jazz -rock style the 
group popularized in the past decade. 

Hot Streets, the first Chicago album 
with a title, shows that the group can 
still come up with an infectious, engag- 
ing single that is stamped all over with 
the now -classic sound. "Alive Again" is 
bright, with some bold brass charts, hot 
guitar licks during the breaks and 
strong bass work. The vocal harmonies 
are among the group's best, and the in- 

strumental accompaniment is energetic 
and entertaining. 

That's one song; now, what about the 
other nine? 

Without sacrificing the basic Chicago 
sound, Hot Streets represents today's 
urban jazz -rock sound very well. One can 
find a few disco shadings ( "No Tell 
Lover ") and a few more R &B devices 
than would be found five or ten years 
ago on a Chicago album, but the end 
result pretty much remains faithful to 
what has become the group's sound. 
Danny Seraphine's drumming continues 
to be among the best and most varied 
drum /percussion work in pop music to- 

day. The brass charts by James Pankow 
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provide both musical and rhythmical 
underpinnings for the vocal line. Some 
good guitar licks can be heard, too, from 
Chicago's newest member, Donnie Dacus, 
who replaced the late Terry Kath. 

The material is good but not great, 
however. In fact, most of the songs tend 
to pale by comparison with "Alive 
Again." "Greatest Love on Earth" and 
"Take a Chance" are both relatively low - 
keyed, bluesy tunes that have rather 
trite lyrics; "Gone Long Gone" features 
a George Harrison -like guitar introduc- 
tion and a little country- and -western 
flavor in the vocal charts; "Show Me the 
Way" (not to be confused with Peter 
Frampton's song) has a brass arrange- 
ment that comes across almost like an 
oompah band, and a chorus arrangement 
that could have been written by George 
Martin or perhaps Roy Thomas Baker. 

The Bee Gees show up on one of the 
cuts, "Little Miss Loviri ," and their 
presence doesn't detract that much from 
what is a bright number headed up by 
the instrumental work in the trombone 
and guitar. But the lyrics sound better 
suited to the Bee Gees than to Chicago. 

There are better songs -the title cut 
has a nice shuffling rhythm in the drums 
and percussion, quick bass work and 

JOHN HAMMOND: Energetic package 

other aspects of the identifiable Chicago 
sound. "Ain't It Time" features a gutsy 
vocal by Dacus, using a shout and 
response in the chorus, and some nice 
guitar work. "Love Was Now" mixes the 
vocal sound of Steely Dan with the in- 
strumental accompaniment of Chicago in 
a nicely blended, softly Latin -tempoed 
rhythm. The brass choir in back of the 
song is a nice touch. 

Many members of the group con- 
tributed music to the album - Pan kow, 
Seraphine, Peter Cetera, Robert Lamm, 
Lee Loughnane, Dacus -but the majori- 
ty of the music still comes across as if it 

were the creation of a single mind. That 
musical mind has been cranking out 
material for a decade now and shows lit- 
tle sign of wearing down. So long as 
there are some real nuggets left to mine, 
such as the two or three on Hot Streets, 
then it will be worth waiting for Chicago 
yet another time. S.R. 

JOHN HAMMOND: Footwork. [No 
producer listed; Charlie Repka, 
engineer; no studio listed.) Vanguard 
VSD 79400. 

Performance: Masterful 
Recording: Functionally brilliant 

It is considerably less than amusing 
that John Hammond has not been given 
the overall credit that many of his in- 
feriors have. Perhaps that is due to the 
paleness of his skin. Yet breathes there 
a living, acoustic blues artist with a 
more perceptive grasp not only of the 
technical requirements of the idiom, 
but the psychic subtleties of it as well? I 
think not. 

In reality a content individual, Ham- 
mond does not project a personna of an 
emotionally active volcano. No, he 
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doesn't scream, or coax wild, flattened 
fifth distortions out of his frets yet the 
feeling is there. On stage, however, he 
is a package of vibrant, seething 
energy, and it is therefore a supreme 
test to capture such a feeling in a four - 
walled studio as well as in a coffeehouse 
or concert hall packed with catharsis - 
seeking souls. 

Tunes by Robert Johnson, jazz great 
Mose Allison, and legendary Georgia 
blues artist Blind Willie McTell 
highlight this latest offering. To the 
credit of the unnamed producer, lavish 
technical embellishments have been 
left out in favor of Hammond and 
guitar, and frequently dobro as well. 
We hear a persuasive reading of 
"Preaching Blues," a mean- as -an- 
alleycat harp guitar duet on "Who Do 
You Love," and a rocking adaptation of 
Walter Jacobs' "Go No Further." 

Yet the palette is not John's alone, 
for celebrated New Orleans -based blues 
pianist Roosevelt Sykes collaborates on 
two tunes. "44 Rifle Blues," a song 
about bumping off your old lady 
because of her two -timin', is a Sykes 
composition. A thrilling work, it is, 
however, marred by frequent clutter of 
chordal roles between the two par- 
ticipants. Rather than a definite lead - 
rhythm script, both Roosevelt and John 
alternate between chordal maintenance 
and mean lead work. Their frequent 
lack of clarity is the album's only weak 
point. R.S. 

CHARLIE BYRD: Midnight Guitar. 
[Original session produced by Ozzie 
Cadena; reissue produced by Bob 
Porter; engineered by Rudy Van 
Gelder; recorded in Hackensack, N.J., 
August 4, 1957; released originally on 
Savoy.] Arista/Savoy 1121. 

Performance: Sublime 
Recording: Surprisingly bright 

and clear 

KENNY BURRELL, WITH FRANK 
WESS: Monday Stroll. [Original ses- 
sion produced by Ozzie Cadena; 
reissue produced by Bob Porter; 
original recording and mastering by 
Rudy Van Gelder; recorded in 
Hackensack, N.J., Dec. 17, 1956, and 
Jan. 5, 1957; released originally on 
Savoy.] Arista/Savoy 1120. 
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Peformance: Very good 
Recording: A little fuzzy 

around the edges 

These two recent Arista/Savoy re- 
releases are good examples of two 
directions that have been taken by jazz 
guitarists over the past two decades. 
And after two decades, both recordings 
stand up as excellent examples of those 
two distinct styles. 

Kenny Burrell's style was closer to 
both Django Rheinhardt and Charlie 
Christian, if for no other reason than 
his preference for the amplified guitar. 
Burrell also chose, on this record at 
least, to become as much a part of the 
ensemble sound (and even backup ac- 
companiment) as to be the instrumental 
leader of the group. The first -time 
listener to this album may overlook 
much of Burrell's work because it 

KENNY BURRELL: Relaxing 

seems to be secondary to Frank Wess's 
fine flute work. 

Byrd chose to keep the guitar right 
out front in his playing, and he also 
chose to stick to the unamplified (or 
classical, or folk) guitar. Some of his 
jazz pieces sound very much as if they 
were influenced by his training with 
Andres Segovia; his approach to the in- 
strument and to the music is one of 
serious, personal intimacy, without be- 
ing stodgy, however. 

These two works bring to about a 
dozen the number of Savoy records 
from the 1950s that Arista has dusted 
off and repressed, and they are two of 
the best. Burrell and Wess, along with 
rhythm guitarist Freddie Green, 
bassist Eddie Jones and drummer Ken- 
ny Clark (or Gus Johnson on two of the 
seven cuts), produced a tight, small 
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i7Iie Italian Adventurer 
and 

The (; raceful Bopper 

By Nat Hentoff 

It used to be said of the jazz on ECM 
that while it was often ingenious, it cast 
a cold, calculated light. The technique 
might be prodigious, but there was lit- 
tle, if any, of that earthiness which is 
the essence of jazz soul. But ECM is 
changing some, as is evidenced by the 
Enrico Rava Quartet. Rava, born in 
Trieste, started as a Dixieland trom- 
bonist, switched to trumpet after hav- 
ing been entranced by a Miles Davis 
performance, and became a renowned 
post- modernist in Italy and elsewhere 
in Europe. Currently, he alternates 
geographically between Italy, New 
York and Buenos Aires. 

Rava is a fervently lyrical player, 
very much a part of the jazz tradition of 
"singing horns." His sound is vibrant, 
clear, often exultant, and he continually 
takes risks in time and in phrasing. His 
chief colleague in this quartet is 
Roswell Rudd, arguably the most per- 
sonal and emotionally compelling of all 
so- called avant -garde trombonists. Like 
Rava, Rudd began as a Dixielander and 
has absorbed the total jazz tradition so 
that in the course of a solo, you can hear 
all sorts of unexpected echoes of the 
jazz past. 

Though the forms they use are open 
and instantly flexible, there is a con- 
tinual coherence in the way Rava and 
Rudd play off each other; and because 
they are essentially emotive players, 
their music is immediately accessible. 
Emphatic support comes from drum- 
mer Aldo Romano and the widely ex- 
perienced bassist, J.F. Jenny -Clark. As 
is customary on ECM, the sound is 
spacious and vibrant -just right for 
these boldly soulful horns. 

By contrast with Rava and Rudd, alto 
saxophonist Charles McPherson has no 
reputation as an experimenter. He is a 

largely unreconstructed bopper, his ap- 
proach having been firmly formed by 
Charlie Parker. And yet, during those 
years when bop was considered to be as 
archaic as Dixieland by some younger 
players, McPherson continued honing 
and deepening his style. One particular- 
ly instructive influence was Charles 
Mingus in whose Jazz Workshop 
McPherson spent considerable time. 
With Mingus, he learned how to find 
and become more of himself so that 
while the spirit of Bird remained, the 
actual speaking voice on the horn 
emerged unmistakeably as that of 
McPherson. 

Now, in New Horizons (Xanadu), 
McPherson is the very model of a 
mature bopper. Gracefully self- assured 
at all tempos, he remains a resilient 
swinger while so getting inside ballads 
that he has few peers at the demanding 
art of jazz romanticism. Simultaneous- 
ly, he has so mastered dynamics that, 
unlike some of the boppers of yore, he 
can extract nuances from nuances. 

The members of the rhythm sec- 
tion - pianist Mickey Tucker, bassist 
Cecil McBee, drummer Freddie 
Waits -are also at thorough, 
pleasurable ease in this idiom. Bop, like 
all other jazz genres, will never be out- 
dated so long as there are musicians 
who, having been nourished by it, bring 
back life to the music. The recorded 
sound is clean, crisp, and vibrant. 

ENRICO RAVA: Enrico Rava Quartet. 
[Manfred Eicher, producer; Martin 
Wieland, engineer.] ECM -1 -1122. 

CHARLES McPHERSON: New 
Horizons. [Don Schlitten, producer; 
Paul Goodman, engineer.] Xanadu 
149. 
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ensemble jazz sound. The players all 
were used to the larger big band jazz 
sound, having been in Count Basie's 
band and since the time of the record- 
ing continued or are continuing in large 
ensemble jazz in workshops, records, 
concerts and television (Wess, for ex- 
ample, has been a member of the 
"Saturday Night Live" band). 

The album contains a lot of unison 
playing between Wess and Burrell, 
solos by all the players and some in- 
teresting interplay among the players. 
Burrell plays rhythm accompaniment, 
lead chords and lead melodies at 
various times during the record. On 
"East Wind," for example, one barely 
notices Burrell's guitar behind Wess's 
flute lead, except for its rhythmic 
underpinning, until he moves into a 

picked solo midway through the song. 
In "Southern Exposure" he has a hot 
solo that features audible grunts not 
unlike those that are on the best Lionel 
Hampton records. 

One senses a spirit of relaxation and 
fun on the album, particularly in the 
duets between Wess and Burrell. 
Wess's tenor sax in "Woolafunt's La- 
ment" is matched quite nicely by Bur - 
rell's guitar, which both recalls Charlie 
Christian and forecasts Wes Mont- 
gomery. Listen for some extremely fast 
fingering in long and complicated runs 
here. They are not flawless, but what is 
lacking in perfection is compensated for 
in spontaneity. 

One track will be familiar immediate- 
ly to listeners, and the combo's version 
of "Over the Rainbow" opens with a 
statement in strummed chords and 
picking, before going through two key 
changes in the guitar and then a third 
to get to Wess's flute for one of the 
choruses. The whole sound is essential- 
ly very mellow. 

The accompaniment by the other 
players is polished, but the strength of 
the album is the work together by Bur- 
rell and Wess. Byrd also has Gus 
Johnson on drums behind him and long 
time associate Keter Betts (spelled er- 
roneously, I believe, as Keeter on this 
album) on bass, and the seven cuts on 
this album are showcases for Byrd's 
splendid guitar playing. 

One identifiable jazz cut here is 
"Four O'Clock Funk," which Byrd now 
plays in concert and on record as "Some- 
thing Like the Blues." A standard in- 
cluded here is "This Can't Be Love." 

The first side is taken up for a suite 
of three songs assembled under the 
name "Blues for Night People," and for 
the most part the playing is low -key 
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and, well, blusey. "First Show" features 
opening phrases that could be borrow- 
ed, adapted and transformed into quite 
a hot electric guitar hook by some 
enterprising rock group, while the body 
recalls some of Byrd's later explora- 
tions of 20th century Spanish music. He 
shifts in an out of chord playing (from 
chords to picking and back to chords 
again) with ease, and toward the end of 
this particular cut, he sounds almost 
like two separate players. 

A classically- inspired introduction 
opens "2:00 A.M.," while "Four O'Clock 
Funk" in the two -decade -old version is 
much more mellow than his uptempo 
"Something Like the Blues" is now. 

Delicacy is the hallmark of Byrd's 
playing throughout the album, but par- 
ticularly on "Blues My Naughty 
Sweetie Gave to Me" and "Blue 
Prelude" he employs delicacy and feel- 
ing without becoming too trite. And the 
contrast with the bluesy side of the two 
songs is very good, too. 

Byrd, like Burrell, sounds relaxed 
here, and his backup talent is just right. 
Betts, in particular, provides an in- 
teresting counterpart in the bass to 
Byrd's guitar playing, and Johnson's 
drumming keeps the proceedings mov- 

ing where movement is dictated, bright 
where brightness is needed and shim- 
mering where a hard sheen is needed. 

Both albums, by the way, contain ex- 
cellent program and historical 
notes -Herb Wong on the Burrell 
record and Bill Bennett of the 
Washington Star on the Byrd album. 
The sound of the albums generally is 
quite good, even excellent, with the 
edge given to the Byrd recording, a 
much cleaner, brighter, less cluttered 
sounding record than that by Burrell & 

Co. Burrell's album sounds something 
like an old jazz album, but Byrd's 
sounds fresh and new. S.R. 

PHIL WOODS: Song For Sisyphus. 
[Norman Schwartz, producer; Keith 
Grant and Dick Baxter, engineers; 
recorded at RCA Studios, New York, 
N.Y., Nov. 9, 1977.] Gryphon G 782. 

Performance: Joy Philled 
Recording: No complaints 

What's difficult about reviewing Phil 
Woods' records (one after the other) is 
that Phil -and his settings- change so 
little that the problem is finding new 

things to write. It seems like just about 
a year ago that I was reviewing a two - 
record package on RCA of this same 
Quintet recorded "live" at a club. The 
band hasn't changed. Phil hasn't chang- 
ed. Even the repertoire is similar. The 
RCA album included a version of 
Django Reinhardt's "Manoir De Mes 
Reyes :" this one has his "Nuage" per- 
formed as a solo vehicle by guitarist 
Harry Leahey. The RCA album had 
Phil Woods playing Irving Berlin's 
"Cheek to Cheek" which Fred Astaire 
introduced in the film, "Top Hat" in 
1935; the Gryphon LP has Berlin's 
"Change Partners" which Astaire sang 
in the 1938 film "Carefree." There are 
other gems such as Harold Arlen's 
"Last Night When We Were Young" 
and Phil's pleasing original "Song For 
Sisyphus," but basically it's simply 
another LP of Phil Woods doing what 
he does best. 

And why not? It's not a putdown to 
say that Phil Woods is still the same 
sparkling, scintillating player that he 
was last year at this time. If anything, 
it's a mark of consistency. This need, 
among some of the less secure jazz 
musicians, to feel that unless you're 
playing differently than you did last 
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Beyer system deliver professional results. SAE 

Yamaha DBX 
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year you're resting on past laurels 
often covers a cop -out mentality which, 
in reality, boils down to trying to get on 

board whatever is in this week. Sure a 

player wants to refine his art, become 
more adept at whatever he does, but 
there's no need to go different routes 
just to prove his versatility and cash in 
on all the fads. Phil Woods doesn't 
change- because he doesn't need to. 

Phil Woods came out of Charlie 
Parker. A lot of alto saxophonists came 
out of Charlie Parker. There were 
those who blew Bird ver- notem, even 
the mistakes on the bad takes Parker 
never wanted issued but they came out 
anyway. There were those who played 
their own thing and yet clearly showed 
the influence Bird had exerted on their 
own thing. Few managed successfully a 
combination of an extension of Bird's 
style combined with their own works. 
Phil Woods certainly was one of the 
successful ones. You can hear this 
demonstrably in what Phil plays on 
Parker's classic "Shaw 'Nuff." 

The recording is clear, crisp, quiet, 
everything one could want. The band is 
cooking and Phil is on (even Parker 
wasn't always on) and that makes for 
one fine recording. If you miss it -you 
have only yourself to blame. J.K. 

HERBIE MANN: Sunbelt. [Herbie 
Mann, producer; Jimmy Douglas and 
Lew Hahn, engineers; Cengiz 
Yaltkaya, assistant engineer; recorded 
at the Atlantic Studios, New York, 
N.Y.] Atlantic SD 19204. 

Performance: Some fire, some ice 
Recording: Excellent 

Herbie Mann's Sunbelt straddles the 
Latin -flavored music of his earlier years 
and the funky rhythms of his more re- 
cent years, and the result is a good, late 
1970s jazz flute recording. In some 
respects, Mann's latest effort seems 
aimed at capturing some of the disco and 
R &B bucks, but below the surface and 
past the first impression the album more 
closely resembles what Mann has been 
doing all along. 

A female chorus (called the "Girls of 
Bahia ") that adds a little embellishment 
to the ends of phrases, a few strings 
thrown in here and there and some 
brash brass and reed work are all 
employed in the arrangements. Mann is 
not in the spotlight all the time during 
each cut; instead, he often waits until 
several bars of the song have passed 
before joining. The mix is just about 

right for each cut, too, with a light per- 
cussion prominent but never intruding, 
and the horns are quite bold but they are 
never overpowering. 

"Watermelon Man" in the 1978 ver- 
sion is hotter and funkier than Mann's 
earlier versions, and Mann's flute is 

quite throaty and husky sounding. He 
blows a good solo during the song and is 
backed well by the horns. Before the cut 
is over, Claudio Roditi has a brief but 
good trumpet solo. Horns and strings 
carry the lead in "The Closer I Get to 
You," and this is one track where Mann 
doesn't join in until the third statement 
of the theme. The song sounds like 
something out of the Columbia/Tappan 
Zee jazz factory, by the way. 

HERBIE MANN: Good, but not great 

The title cut, which ends the album, 
and "Let's Stay Together" (the Al 
Green /Willie Mitchell /AI Jackson song) 
show Mann at his most mellow. The ti- 
tle cut, which is joined by the familiar 
"Weaver Woman" melody, begins as a 
sunrise, with the shimmering theme 
played on the alto flute and guitar. The 
tempo quickens, and soon the ensemble 
joins, with a muted trumpet by Roditi 
taking the lead. Amaury Tristati s 
guitar never lets up. 

This album probably is not as com- 
pletely satisfying as Mann's previous 
release, Brazil -Once Again. But there 
is something to like about this release, 
just as there is something to like about 
virtually everything Mann has done. 
Sunbelt shows off Mann's skills as a 
musician and arranger. He has sur- 
rounded himself with some talented 
folks, too -along with Tee, Tristao and 
Roditi, there are Roy Ayers on vibes, 
long -time associate Pat Rebillot on 
piano and electric keyboards, Steve 
Gadd on drums, Rafael Cruz on percus- 
sion and a host of others. Mann uses an 
echo device for two of the cuts, but the 
effect is so brief that it is hardly noticed. 

Overall, this is good, if not great, jazz. 
S.R. 
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Here's a Guide to the 
Record Business by the Pros! 

Compiled from Recording Institute of America's interviews with key executives and "h 
makers ", plus Reference Directory and Dialogue's Viewpoints of industry "stars" 

Listen to the industry "pros" describe the 
workings of the Music Business. Hear the 
most respected attorneys of the entertain- 
ment field define and discuss the legal 
terminology of Recording Contracts, Song- 
writer Contracts, Professional Management 
Contracts. Over 31/2 hours of professional 
reference . . . could be the most important 
200 minutes of your life! 

t- 

Plus . . . RIA Reference Directory, including 
sample songwriter affiliation forms, sample 
artist contracts, writer contracts, etc., in 
addition to a Directory of Record Manufac- 
turers, Music Publishers, Personal Managers, 
Producers and Booking Agents. Also Record 
World's "Dialogues" with over 50 candid 
interviews from Record World magazine, and 
a cross- section of "star" personality interviews. 

You get all the above (regularly $49.95) for only $39.95 for MR readers. 

Home Recording Course 
-a must for every creative tape recorder owner! 

HOME RECORDING TECHNIQUES is 
three hours on two 7 -inch, 71/2 ips, 4- 
track tapes, including a booklet of 
diagrams on: sample mi- 

crophone 
placement 
instrument 
set -up 
console and 
machine 
patching for 
special ef- 
fects 
and MUCH 
MORE! 

ONLY $19.95 

I 

L 

ORDER FORM - MAIL TODAY 905C 

RECORDING Magazine 
14 Vanderventer Ave., Port Washington, N.Y. 11050 

D Please send 
I I copies of 'Music Industry 

Cassette Library at $39 95 each 
D Please send I I copies of Morrie Recording 

Techniques at $1995 Please Print 

Name 

$,gnafure 

Address 

City State Zip 

Check/ 
Total Amount Money Order for f 

10 Day Money Back Guarantee DATE / / I 

_J 
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ESTABLISHED MIDWEST RECORDING 
STUDIO seeks business investor -excellent 
profit potential (515) 972 -4924. Box CL -5, 
Modern Recording, 14 Vanderventer Ave., 
Port Washington, N.Y. 11050. 

OTARI 7308 1" 8 track, 15/30 IPS. 1 year old. 
Excellent condition. Includes remote, MRL 
test tape, extra reels, extra set of new 
brakes, manuals, etc. $6,000. WIZARD 
RECORDING STUDIOS (914) 762 -3015. 

SEMI -PRO AND CONSUMER AUDIO EQUIP- 
MENT: TEAC/Tascam, dbx, AKG, Maxell, 
Delta Lab, Technics, others. Best prices! 
Prompt delivery! WDI, P.O. Box 340, Cary, 
NC 27511. (919) 467 -8122. 

dbx -157 brand new, asking $500 (702) 
673 -3684. 

Send for our catalog of studio, musical and 
stereo equipment: Tascam, EV, Technics, 
BiAmp, BGW, C-V, dbx, Kelsey, SFW, Tan- 
gent, more. Recording Sound Co., 1871 
Seminole Trail, Charlottesville, Va. 22901. 
(804) 973 -1110. 

AMERISOUND One of America's top pro 
audio dealers. Your hotline to the latest pro 
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, 5945 North 
High St., Columbus, Ohio 43085. Phone (614) 
885 -0653. 

FREE DETAILS! Read music in one evening. 
Guaranteed! Music Magic Co., Box 656, 
Ellicott Station, Buffalo, New York 14205. 

WANTED: One used 16 -track erase head 
only. Good condition. To be used with M.C.I. - 
J.H.-16. Al Gambino, 5972 Sough Haught St., 
Las Vegas, Nevada 89119. (702) 736 -7305. 

Small ad, small store, low overhead. Great 
service, great lines, great prices. Drums and 
P.A. our areas of specialization: Ludwig, 
Rogers, Pearl, Tama, EV, Altec, Bose, Shure, 
Crown, Tapco, Biamp, etc. Cook Christian 
Supplies, 219 Prospect, Alma, Mi. 48801 
(517) 463 -4757. 

LOWEST PRICES on only the finest 
American -made equipment. Oberheim, Alem- 
bic, Biamp, Furman, Morley; EV and Shure 
professional mics and more! Rocky Mountain 
Audio, Box 2577, Silver City, New Mexico 
88061.(505)388 -1123. 

FOR SALE MCI 24 track with 16 track heads. 
Well maintained workhorse, reasonable. M. 

Guthrie (212) 581 -6505. 

The EXR EXCITER will do more for your re- 

cordings than outboard EQ could ever do. If 

you don't agree, we'll buy it back. We also 
have Marshall, Lexicon, Eventide, Delta Lab 
and Loft. Call Us. ASi Pro Audio (512) 
824 -8781. 

RECORDING ENGINEER CAREER? Or 
arranging /writing for TV & films? Send 150 
stamp to Attainment Research, Box 
45333MR, Dallas, Tx. 75245. 

MODERN RECORDING TECHNIQUES is an 
exciting 367 page book written to fill the gap 
between recording engineers, record pro- 
ducers, and recording artists. It covers every 
aspect of recording from sound and hearing 
to tape head alignment and disk mastering 
processes. MODERN RECORDING TECH- 
NIQUES is available from AUDIO PRODUC- 
TIONS, 5621 S. Emerson, Indianapolis, In. 

46227 for $10.99. 

MICROPHONES -CABLES -SNAKES -Buy 
direct and save. Send stamped envelope for 
free literature. OMNI ELECTRONICS, INC., 
4132 Kincaid Drive, Raleigh, N.C. 27604. 

Short intensive summer courses in Recording 
Techniques, Electronics, Electronic Music, 
Jazz Improvisation, Contemporary Song 
Writing, Popular and Jazz Harmony, Musical 
Instrument Repair and Instrumental Work- 
shops in Saxophone, Clarinet, Flute, Trom- 
bone, and Percussion, with Allard, Oberbrun- 
ner, Rascher, Goebel, Purcell and Strohman. 
Write or call Frank Stachow, Summer Work- 
shops. (717) 867 -4411 Ext. 275, Lebanon 
Valley College, Annville, Pa. 17003. 

AUDIO MIXER PLANS: 8 -in, 4 -out, EQ, 2 &4 
channel panning, echo send -return. Modular 
design allows for expansion of simplification. 
$5.00. Synthesystems, 161 Meadowbrook, 
Martin, TN 38237. 

REEL MEALS -complete entrees of Teac, 
Tascam, Otari, Studiomaster and other 
delectable studio packages. Side orders of 
Ampex and 3M tape. Call or write for our free 
menu. Man -O -Mann Productions, 1300 N. 

Triphammer Rd., Lansing, N.Y. 14882. (607) 
533 -7122 or (607) 277 -3971. 

Custom EL -TECH RECORDING CONSOLE, 26 
in x 24 out, $12,000. Studio Sound Record- 
ers, (213) 985 -9157. 

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. 

SPEAKER KITS -Direct. Finest in car and 
van speakers. Send stamped envelope to 
OMNI ELECTRONICS, 4132 Kincaid, Raleigh, 
N.C. 27604. 

P.M.I.'78-79 
MUSICAL 

INSTRUMENT CATALOG 
$2.00- Credited on 1st Purchase 

America's most complete source 
of major brand instruments and accessories 
at Low, Low Prices. Write P.M.I. Dept. MR 
P.O. Box 827, Union City, N.J. 07087 
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Don't choose 
one of these for our sound. 

Choose one for yours. 

Super Distortion 
Humbucker 

141? also make the FS -I and Pre B -I direct 
replacement pickups for Stratoczsters 
and Telecasters. 

CIRCLE 107 ON READER SERVICE CARD 

For a f a!l cc for ca'dcg 
on al: err fine pictceps, 

send 75.7. Alen, i; you'd 
like a foster o; this ad, 

send $ 100 tc COMP 

postage and handling. 

DíMarzio 
Musicai Instruiert I' ckiips, _ nc_ 

1388 Richmord Tonrate 
Staten Island, N.t. 10310 
(212) 991 -928é 
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The Technics isolated -loop .system. 
It the one big difference 
between their decks and ours. 

Every oie of Technics four oper reel decks has one thing in 

common: The performance of Technics isolated -loop tape 
transport system. And Cat mecns performance that's 
comparable to professional open reel decks costing 
thousarcls of dollars more 

By is dating the tape from external influences, our 
isolate.-loop tape tranrpa't system minimizes tape tension 
to a ccr scant 80 grams. This nct only provides extremely 
stable -ape transport and ow head wear, it also reduces 
modulo-ion noise and v-cw and flitter to the point where 
they're detectable on on y soph sticated testing equipment. 

Elect onically, our line cf isolated -loop tape decks are 
equally impressive. The reasons are as simple as -heir IC 

full-logic transport cont -ck, highly accurate microphone 
amplifErs, FET mixing cmplifiers and separate 3- position 
bias /EQ selectors. 

And .'oú ll get all this, technobgy whether you choose 
the two track RS -1500, the extended playing time of the 
4- tract. RS -1506 (shoe -n above), the convenience of the 

4 -track RS-1700 with auto- reverse cr t1 studio features cf 
the RS -1520. 

There's also an opt anal full feature infra-ed wireless 
remote control (R 0701. With it you _ar get your hands or 
all this sophisticc-ion =r-_m up to 20 feet. 

All four decks it the competition r ght oetween the reek. 
Because all four have_ FREQ. ESP.: 30 -X,000 Hz, -t- 3 dB 

( -10 dB rec. lev _e ) ct - 5 ips. WOWS, FLJ TER: 0.018% 
WRMS at 15 ips - Si N RATIO: 57 dB 11 KF &1700) and 
60 dB (1500 & 1520: NAB weighted et 15 ips. 

SEPARATION: Belie- than 50 dB. STAF T - -L F TIME: 0.7 sec. 

SPEED DEVIATION: f a % wi-h 1 .0 7r 1 ` mil tape 
at 15 ips. SPEEDFLUCTJATION: 0.05%wth 1.0 or 1.5 mil 

tape at 15 ips. 9101 CONTROL: f 6% 
Technics open -eel ±cks. A rare combination of audio 

technology. A ra-?. stardard of audio ex.-elbnce. 
Cabinetry is simulated wcedkgrai.. 

Technics 
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