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gy | P g g the professionals’choice

i B | e Oscar Peterson, with his 16 into 8 Sound
Recording Console. VWhen Oscar decided to build a professional recording facility
in his home he chose a MIDAS mixer.

Why MIDAS? because MIDAS experience and design philosophy provide highest
quality signal processing in a compact and rugged modular frame built to withstand
years of use. Oscar Peterson is a professional. MIDAS s the professionals choice.

MeAS AWBID SYSTEMS LTE Lava 54-56 Stanhope i on Londor NWI JEX Tel OF 388 7064 387 7679
micms cAMmDMA - o 322 Ger tierr nes 343 Adeiarde Steer Toronio Omiur - MSA IN3 Canada Tel 416868 0528



www.americanradiohistory.com

EDITOR
RICHARD ELEN

ASSISTANT EDITOR
NOEL BELL

PRODUCTION ASSISTANT
ANN HORAN

CONSULTANT
HUGH FORD

SECRETARY
WENDY MARSHALL

ADVERTISEMENT MANAGER
PHIL GUY

PUBLISHER
DOUGLAS G. SHUARD

Editorial and Advertising Offices:

LINK HOUSE, DINGWALL AVENUE,
CROYDON CR9 2TA, GREAT BRITAIN
Phone: 01-686 2599

International: + 44 1 686 2599

Telex: 947709

Telegrams: Aviculture Croydon

> Link House Publications Ltd 1980
Ali rights reserved

STUDIO SOUND js published on the second Friday
of the preceding month.

SUBSCRIPTIONS

STUDIO SOUND is available on a rigidly controlled
requested basis only to qualified personnel (see
back page forterms of control), or foran annual cost
of £16.00 to non-qualifying readers or where more
than two copies are required in a studio or small
organisation.

UK Subscription cost £16.00.

UNITED STATES Surface mail subscription $40,
airmail subscription $75.

OVERSEAS Surface mail subscription £17.50,
airmail subscription £32.50.

Change of address

All changes of address must be notified {o our
Poole address in writing, preferably including an
old address label or at least the seven digit number
on the address label together with the old address.
We are unable toacceptverbal changes of address.

All subscription and circulation enquiries to:
Subscription Dept, Link House Publications Ltd,
Robert Rogers House, New Orchard, Poole, Dorset
BH15 1LL, Great Britain.

Phone: 02013 71171.

Telex: 417109.

US mailing agents:
Expediters of the Printed Word Ltd, 527 Madison
Avenue, Suite 1217, New York, NY 10022.

CONTROLLED CIRCULATION POSTAGE PAID AT
NEW YORK, NY

BACK COPIES
A limited number of back copies are available, 75p
each.

Total average net circulation of 13,412 per issue
during 1979. UK: 6,056. Overseas: 7,356.

Printed in England

b

ABC

MEMSIR OF THE AUDIT
BERLAY OF CMCRATIONS

A LINK HOUSE
PUBLICATION

studio sound

AND BROADCAST ENGINEERING

NEWS 22
STUDIO DIARY including Trafalgar, Rome; Satril, London;
————Soundhouse Joest, Frankfurt 26
EMI DIGITAL CONSOLE—Noel Bell 32
DESIGNING A MIXING CONSOLE

——Part Four—Steve Dove 40
THE WALL—Terry Nelson 51
BUSINESS 52
PROSOUND '80—A REPORT 54
SURVEY: Mixing Consoles A-M 56
REVIEW: Hugh Ford

————Harrison 32 72
INDEXTO VOLUME 22 - 96

Is audio lagging behind?

The recent IBC’80 Conference in Brighton was a most interesting — and in some ways, disturbing
— experience. While at least 90% of the exhibition and the papers were concerned with TV, it was
very interesting for me, as an audio engineer, to see how modern technology is being applied in the
video field . . . and this was what disturbed me. Being acquainted with normal razor-blade-style
tape editing of audio material, I was interested to play with Sony’s new Digital Audio Editing
system — it took me all of two minutes (o use successfully.

On another stand [ encountered a person in front of a video editing system, using exactly the
same terminology and with the same ease of use, and I began to wonder why we weren’t seeing
nearly as much audio technology utilising such modern microprocessor systems as have been
available in the video field for some years. We are definitely way behind.

Of course, 1 am well aware of the fact that video and audio signals are very different things to
deal with, but I can still see the videodisc producer of a couple of years hence (before digital audio
has really come into its own) moving from the video post-production room — where there’s
somebody sitting in front of a colour-coded typewriter keyboard coupled to a computer and
display screen, whizzing half a dozen video machines back and forth on command from a pre-
programmed list, with the box doing all the chores, leaving the editor to be creative — to the next
room, wondering why sound mixers like us are still slaving away in front of 12ft of console with
forty or more identical channels which differ only in the signals passing through them, pushing
faders up and down and running from one end of the desk to the other to adjust channel 38, aided
only by a fader-memory system and an Intelocaror, and wondering why we still freak out at the
merest hint of an alphanumeric keyboard within 15ft of the console! All this gala technology is
being used by the video guys, and not by us. Why?

Well, one reason, of course, is that there isn’t the feedback that there should be between
manufacturers and users. If a desk manufacturer is thoughtful and asks his potential clients
““What would you like the desk todo . . .”’, heislikely 10 get a row of blank expressions. Many of
us simply don’t know the possibilities. It is no surprise, therefore, that some manufacturers go
away and design beautiful desks and computer systems that perform amazing electronic athletics,
but leave us taking longer to do the session than before (luckily, there are exceptions to this!).

What I’m saying, then, is that it would be nice if manufacturers knew more of what engineers
needed as well as wanted (and all may well be possible), and it would also be good if engineers
knew the possibilities in case someone was to ask. This is where we as a magazine can help. What
do you — engineers — want from automation and control? And what can you — manufacturers
— offer? Write to us and let’s get a dialogue going. We want to do a special issue on new audio
technology next year, and this will all come in useful.

Of course, there are technical problems on the manufacturing end. It would be nice, and no
doubt practical, to produce a device that takes a digital control word in one hole, and uses it to
turn the audio passing through the device up and down, for the price of a simple pot (or not too
much more). Using VLSI techniques, it could surely be done. But the R&D for this cheap little
device would probably come in at the $2 million mark! It isn’t practical — just yet. New
developments in this kind of technology are still dependent on the ‘Industry of Death’ —
armamenis — and unless they can find a use for a ‘digipot’ without glitches, or the hi-fi market
perhaps can, we’ll have to wait, or find another way. Perhaps it’s like space research — to do
anything really effective, international co-operation must go beyond standards (not that there are
any for digital audio, for example, despite valiant AES and APRS efforts), and reach for
international systems, where many companies can spread the R&D out to reach a common
solution. Richard Elen

Cover of Harrison 32 at The Workhouse,
London by Adrian Mott

ISSN 0144-5944
DECEMBER 1980 VOLUME 22 NUMBER 12
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Affordable Technology

SYNCON serles A
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Syncon Series A has all the creative features of consoles
twice 1its price.

Series A has been designed to give maximum
flexibility within a standard frame format.
Sophisticated PCB design has virtually
eliminated hardwiring making Series A an
incredibly reliable and serviceable console; an
important factor for studios without resident

electronic ‘Whiz Kids’. Add to this full
parametric Eq and a superb status routing and
grouping system, which enables 28 tracks or
effects to be mixed through 14 stereo subgroups.
The result is one of the most flexible and cost
effective consoles to have ever been produced.

SYNCON serles B

AHB exp]odes the myth that ‘state of the art’ technology
cannot be designed into a low price mixing console—
The Series B proves it can.

Now through our philosophy of ‘affordable
technology’ we have brought out a console that
is both exceptionally advanced and adaptable
within the reach of studios of all sizes. In its
most basic format Series B is ideal for small

8 and 16 track studios and yet with no factory

" modification it can be expanded to a 44/24 fully

automated console with full function patchbay.
The Series B is the most important new audio
product this decade. Check it out!

Made in England by:

EAST COAST:
e AUDIOMARKETING LTD
! 652 Glenbrook Road
ALLEN AND HEATH BRENELL LTD. Stamford

Pembroke House, Campsbourne Road, London N.8.  Connecticut 06906

Tal: 01-340 3291 Telex: BATGRP.G 267727

Tel: Tollfree (800) 243-2598

WEST COAST: CANADA:

ACI/FILMWAYS Pro Audio Sales = WHITE ELECTRONIC

7138 Santa Monica Boulevard DEVELOPMENT CORPORATION
Hollywood 6300 Northam Dr  Malton
California 90046 Ontario L4V 1H7

Tel: (213)851-7172 Tel: (416) 676-9090
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If everything were pertect...

...a control unit would consist of The rate of attenuation can be set
an on/off switch, a volume control ~ anywhere between 0 and 25dB per
and a programme selector switch. octave starting at one of three

In practice, correctly designed frequencies 5k, 7k, or 10kHz and an
tone controls can make a significant  appropriate setting can be found for

contribution. each record to provide more of the
For a constant sound level, replay music and less of the distortion.

froma gramophone record produces To learn all about the Quad 44

distortion which increases very write or telephone for a leaflet.

rapidly at high frequencies—doubling The Acoustical Manufacturing
in fact for every major third increase  Co. Ltd.,, Huntingdon PE18 7DB.
in pitch. Telephone: (0480) 52561.

There comes a point when the
contribution of this distortion 1s

Increasing at a greater rate than the QU n D
musical content and this is what
decides the optimum setting of the for the Closest approach

comprehensive Quad filter system, - el
an essential and integral part of every to the Orlgmal Sound 'y

Quad pre- arnpljﬁer, QUAD isaregistered trade mark. e

6 STUDIO SOUND, DECEMBER 1980
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-~ UPGRADE YOUR
STUDIO
WITHOUT
DOWNGRADING
YOUR
CASH FLOW

ITA’s Penny Pinching Packages include the finest
equipment and are now available for leasing.
FROM £24 MONTHLY REPAYMENT PER £1000
BORROWED OVER A 4-YEAR PERIOD. Fillin the
coupon for a quote on any equipment. Make
money while you are saving it.

4-track system from£1,362
8-track system from £2,380
16-track system from £7,600
24-track system from £24,990

Full studio design and installation service available

Leasing Scheme applies to Business Users

0/TAR/I}
AHB

vtams
(Smlnncmn )

ELECTRONICS LIMITED

| am interested in ieasing | purchasing (delete as applicable)
[] 4-track (1 8-track [J 16-track [ 24-track

INAMIE, e rersrmnoresEermates Bt - o+ « s SEVF s oxsrorc o dsismsec S el VT kTl =

AGUIESS - oo ITA, 1-7 Harewood Avenue,
Marylebone Road, London NW1.
Tel: 01-724 2497

Tl N O e Telex: 21879.

www americanradiohistorvy com
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the SC39 Series meets all

the unique demands of
professional cartridge users

® Broadcasting

® Recording

¢ Disco

¢ Transcription and other professional uses

The Professional Challenge: undistorted playback.
even of the toughest-to-track. “hottest” recordings.

The SC39 Solution: the Shure-designed shank struc-
ture and bearing assembly gives trackability up to and beyond
the theoretical cutting velocities of today's recordings. Frequency
response is essentially flat across the audio spectrum. optimized
for professional applications.

The Professional Challenge: bayin day-out

rigours of slip-cuing, backcuing, and the inevitable stylus abuse that
comes with the job.

The SC39 Solution: The internal support wire and special
elastomer bearing ensure stable and accurate backcuing without
groove jumping. This, plus the following exclusive features, protect the
SC38 from accidental stylus damage.

SIDE-GUARD
Stylus Deflector

A unique lateral deflection assembly
prevents the most common stylus dam-
age by withdrawing the entire stylus
shank and tip safely into the stylus hous-
ing before it can be bent.

FLIP-DOWN
Locking Stylus Guard

The exclusive lever-operated, focking
stylus guard gives the stylus tip positive
protection when not in use. With the flip
of a lever, it snaps out of the way and
positions a highly visible cuing aid

The Professional Challenge: proionged record (and
lacquer master) playability without objectionabte noise buildup.

The SC39 Solution: A unique Shure MASAR™ stylus
tip is designed to minimize noise and cue-burn on records. Tests
on lacquer masters show that the noise level on a record played
repeatedly with an unworn Shure MASAR tip is significantly below
that of a similar disc played with an unworn conventional stylus.
The SC39 also reduces noise buildup on 45 rpm records made
from reprocessed or substandard vinyl.

The Professional Challenge: A mutipicity of gi-
ferent applications, which no one cartridge can satisfy.

The SC39 Solution: The SC39 Series consists of the
following three cartridges. for every professional and high tidelity
application:

Cartridge Stylus tip Tracking force | Applications
SC39ED Biradial 3/4—1-1/2 | High fidelity, or
(Elliptical) grams where light tracking
forces are a consid-
eration. Transcrip-
tion, recording lab,
playback of lacquer
masters, high quality
broadcast.
SC39EJ Biradial 1-1/2—3 Where heavier
(Elliptical) grams trackin%f%\c/:'es are
e - required.
SC39B Spherical brgadcast, disco.

The SC39 Series Professional Pickup Cartridges

HERNEE

Shure Electronics Limited, Eccleston Road
Maidstone ME15 6AU, Telephone: (0622) 59881

STUDIO SOUND, DECEMBER 1980
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OTARI MX5050B — the stereo recorder for the eighties.

ffective

Doubly

Embodying the facilities and manufacturers than ever % 3 calibrated record levels
ruggedness of tape machines before. The MX50508B is the *x + 28dBm 600 ohm
costing double, or more, the answer. balanced ouptut

new OTARI MX50508B is the % DC Capstan Servo * Optional balanced input
recorder to meet the challenge % Varispeed * Good editing

of this decade, when economic % TTL IC Logic % Built-in TkHz oscillator
restraints plus performance * Switchable NAC/IEC EQ

requirements will place % Additional 4 track replay As chosen by CARDIFF
greater demands on head BROADCASTING

Sole UK Distributors: ITA, 1-7 Harewood Avenue,
Marylebone Road, London NW1.
Tel: 01-724 2497 .

www americanradiohistorvy com
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:DevonAir s all z4&ce
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‘Having just finished at Exeter,
we had to start with Torbay -

and we went straight back

; ’ Nick Johnson, Chief Engineer,
lo Allce' Devonair Radio Limited,
What does a twinned station mean?
To Devonair Radio, sgrving Exeter and Torbay, it means
Alice:- for turnkey capability, flexibility, reliability and
guaranteed performance.

s
G -
S
e
b ki gl g
L 1
S
G
Gt
- Al N
-
G e
S
e

EY e ';Dwu;léréaaéu? in frames/
- beatand beats/min.
% Measures Tempo (speed of music).

‘zz ) im % Programmable beats/bar.

o k Polyrhythmic outputs.

S U % Fully chromatic tuning octave.

bt *k Quartz microcomputer for accuracy.

WQ% \& * Idealfor click tracks, jingles, film scores etc.

U.K. Distributors

t Feldon Audio Ltd.,

126 Great Portland Street. London WIN 5PH Tel: 01-580 4314. Telex: London 28668.

10 STUDIO SOUND, DECEMBER 1980
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Robust Movers.

When a Studer
machine is needed as a
rugged, reliable work-
horse in the studio or
mobile unit, the B67 is the
natural choice.

The value-for-money For more information
B67 offers proven reli- contact EWO. Bauch Limited.
ability and performance
to justify its acceptance as STUDER
the direct replacementto [[RITEERN/ATIONA\L, AG
the renowned B62. CH-8105 Regensdorf Telephone (01) 840 29 60

FWO. Bauch Limited

49 Theobald Street, Boreham Wood, Hertfordshire WO6 4RZ

STUDER REVOX AMERICA INC Nashville

Telephone (615) 329-9576

Telephone 01-:953 0091 Telex 27502

STUDER FRANCE S A R L Paris, STUDER REVOX CANADA LTD Toronto

Tele honed’i3%5§58 Telephone (416) 423-2831
www americanraciohisiory com
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NAB cartridges can only be as good as the

equipment used to record them on. So after you’ve seen our

beautifully flat frequency response (between 250Hz and 10kHz we keep it within -25dB)
and superb distortion figures (less than 1-5% at 405nWb/m 1.B.A. peak level).

The next thing is to listen as recordings sound cleaner too, probably because
of the Phase Linear record electronics, and the sort of headroom you’d be impressed
with on a 24tK recorder.

In fact Cartridge Technology is the closest you can get to reel to reel -
performance.

For the whole spec. contact—

JOHN A.STEVEN Professional Recording Equipment
4 CRESCENT DRIVE SHENFIELD ESSEX CM158DS Tel: BRENTWOOD (0277) 215485 Telex: 995701 INTCOM G REF 197
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Studio or live-
the effect’s the same.

Lexicon Prime Time offers professional (] Twoindependently adjustable delay (] Repeat hold functions.
quality delay with special effects. outputs. Remote control for all dynamic
A completely self-contained unit, its (1 Up to 2-second delay for special effects. functions.
featuresinclude: [l Flanging, doppler pitch shift, vibrato. [ Complete independent mixing for

delay and reverb processing.

The Lexicon 93 Prime Time Digital
Delay Processor provides unparalleled
quality both live and in the studio.

It combines simplicity of use with
versatility and flexibility, allowing
creative innovation.

For more information on Lexicon
Prime Time contact F.W.0. Bauch Limited.

—— ' 5 5 .
= Ty o [BE 3
. A - . i .
FRIME TIME 4 - L} [
oA OFfAY . > W MK 6 A e 8
} 3 -t ] 7> xl con
) i — OUTPYT MIX ——

Lexicon, Inc,, 60 Turner Street, Waltham, MA 02154 (617) 891-6790
FW.O. Bauch Limited

43 Theobald Street, Boreharm Wood, Hertfordshire WD6 4RZ
Telephone 01953 0091 Telex 27502

www americanradiohistorvy com
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you need
Jackfields

Jacks, Plugs, Panels, Patch Cords and Cables

Y & i
: ;
vy N

A~

: 4
(I/ Y
rmme

To: CAE. LIMITED
70/82 Akeman Street, Tring, Herts. HP23 6AJ

WHY NOT TALK TO THE Please send us a copy of your current catalogue
SPECIALISTS? Name ... ... xreymry - - ml B - B

Company! .. W ss il c T St i Wal TIEE - ¢ e
POSILION . ...
Telephone . sawigiaies W7 SR T b s Wl a0 bl b
AAATESSH 14 150 » omomion: €505 @ ¢ T o cmomme B § G2 TETE Pl

C.A.E. LIMITED, 70/82 Akeman Street, Tring, Herts. HP23 6AJ. Telephone: Tring (044 282) 4011 Telex: 825876

www americanradiohistorv com
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‘THIS NEW GENERATION
CARTRIDGE MACHINE FROM ITC
ALMOST SPEAKS FOR ITSELF.

There's been much talk about
reelto-reel quality from cartridge
machines. Unfortunately, most of
it turned out to be hot air.

But now it's a cold fact with
Series 99 from [TC, the world's
leader in cartridge machine
technology.

With 19 patents pending for
both electronic and mechanical
innovations, it's no wonder that
[TC's Series 99 sets new standards.

For sheer quality of sound.
For greater operator convenience.
And for simplified maintenance.

If youwantto hear the

FW.0O. Bauch Limited

cartridge machine that virtually
speaks for itself, write now for a
few words on the subject to
FW.O.Bauch Limited.

International Tapetronics =
Corporation

2425 South Main Street IG
Bloomington, lllinois 61701, USA

49 Theobald Street Boreham Wood, Hertfordshire WD6 4R7

Telephone 01-953 0031 Telex 27502

www americanradiohistorv com
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THE WORLDS MOST *
POPULAR AMPLIFIER

%k Billboard Review 1980

DESCRIPTION TYPICAL POWER OUTPUT
8' ohms 4' ohms

BGW's newest and most powerful model with all the regular
features such as delayed turn on, fully modular construction, and
circuit breaker protection.
Our most popular model and probably the most sophisticated

power amplifier available. The 750B features LED peak power
‘meters in place of the LED clip indicators.

A scaled down version of the 750 amplifier using the same plug
in output modules. Also available with line transformers.

A lower power version of the 600 also available with line
transformers.

" Our second most popular model with delay turn on, and all
the sophisticated features of the 750. The 250E model also
features LED power meters.

A very compact model ideal for small studios, radio and
television work where extremely high quality is requiredina
small rack space.

The new ‘baby’ from BGW for small monitors, héadphone
drive and similar applications.

Trade enquiries invited from Sole UK Distributors:

% GOURT L\b0IUs11ES LTy

35-39 Britannia Row. London N1 8QH 01-359 0956 Telex: 268279 BRITRO G.

- ONE SLAVE.. ORTWO?

The Q-LOCK Synchronisers from AJDIO KINETI

Before you buy an SMPTE Synchroniser, check:

&

That is uses tach puises in wind, eliminating high speed tape on heads. This avoids degraded HF response and accelerated
headwear.

That it transfers a minimum of wow and flutter from the Master to the Slaves. Typically a VCR with 0.2% WF causes an
addition of 0.01/0.02% WF to the Slaves, when synchronised with Q-LOCK.

That it uses optimized software for uncompromised machine control.

That it can chase, read code at -30db, ride over dropouts, has an SMPTE generator, includes a 10 memory intelligent cycling
autolocator, auto-record...............

Q-LOCK does.

Europe: AUDIO KINETICS (UK) LTD., Kinetic House, Verulam Road, St. Albans, Herts. AL3 4DH England Tel: 0727 32191 Telex: 299951
America; QUINTEK, 4721 Laurel Canyon Blvd., Suite 209, North Hollywood, CA 91607 Tel: (213) 980-56717 Telex: 194781

16 STUDIO SOUND, DECEMBER 1980
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“The original A77 had set a standard

by which | have judged other domestic and
semi-professional recorders for many years.
It is now clear that the new B77 sets a new

standard not easily surpassed at its price”
Angus McKenzie (Mar¢h 1978)

For the full story contact F.W.O. Bauch Ltd., 49 Theobald St., Boreham Wood, Herts. WD6 4RZ
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THE SPECIALISTS

Vocals:Leo Sayer
Producedby: AlanTarney
Microphones by: Beyer Dynamic

g he knows he can take two things for granted.
Dynamic microphones you're working with First, it will give optimum performance for a

professionals. Specialist instruments backed given application. If the quality of sound you
by over fifty years of pioneering research and require can be attained by a microphone at
production experience to bring out the best all, then it can be attained by a Beyer
in your performance. Microphones that are Dynamic microphone. Second, it will be
extremely well represented among bands and utterly dependable. Even studio microphones
in recording studios right across the worlid, are not treated as carefully as they might be
because we’ve been able to perfect them for  and on the road anything goes! Beyer
all kinds of conditions and for every kind of Dynamic will stand up to the knocks and
job. bumps of gigging like the professionals they
A recording engineer, a roadie, or a are. That's why they're seen in the company
performer chooses Beyer Dynamic because of musicians of the calibre of Leo Savyer.

Bever)))
Dyna MNIC THE SPECIALISTS BEHIND THE GREAT PERFORMERS

Beyer Dynamic (GB) Ltd, 1Clair Road, Haywards Heath, Sussex RH16 3DP Tel.(0444) 51003.

18 STUDIO SOUND, DECEMBER 1980
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IMAGINE A STUDIO
WITHOUT AN EMT PLAIE.

We can! EMT digital

reverberators are judged by

experts to be subjectively

The EMT 244 is a compact

superior in sound quality,
even to the renowned plate o
and famed foil. R S It

The EMT 250 offers numer - B TR
ous facilities, including the L2 e,
first reflection delay select- == (IT TSIVEARSEFREDORLA
able decay characteristics.

EFWO. Bauch Limited

microprocessor reverb-only
system.

They can even be made
to sound like a plate!

EMT FRANZ GmbH

Postiach 1520, D-7630 Lahr, Tel. 07825-512, Tetex. 754319. Franz D

49 Theobald Street, Boreham Wood, Hertfordshire WD 4R7

Telephone 01953 0091 Telex 27502

www americanradiohistorv com
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BEHOLD THE UNEXPECTED.....!

For the prices CHILTON ask for their new QM3 series of studio multitrack mixers:

Would you expect such superb construction making the QM3 series one of the most reliable desks around?

Would you expect a genuine equivalent input noise of 128.5 dBv (200 ohm source) and THD at 0.02%—both throughout a 20kHz band-
width? Would you expect so many options like full parametric equalisation on the input channels, extended range LED bargraph meters on
each input channel, an auto mute facility, an ultra high performance limiter-compressor retro fitted into all the mains outputs—plus many

others? Would you expect all this from one of the most compact, best value mixers on the market?

DABBLE WITH THE UNEXPECTED!— CONTACT CHILTON

MAGNETIC TAPES LTD., Chilton Works, Garden Road, Richmond, Surrey
Telephone: 01-876 7957

(A basic 12/4 starts at £20004-VAT)

Telex: 912881

20

Not oni
t als

Not only do we manufacture
and sell our own products...
but also we now stock the

best in audio equipment!

Manufacturing:

The $19G and the unique S19GA

Y2 octive graphic equaliser/analiser, for
ultimate control.

The PM-80 compact modular production
mixing system, of studio quality.
Complete high quality P.A. systems for
all applications. .

Custom built loudspeaker enclosures
suitable for all types of JBL drivers, in a
variety of finishes.

Special projects — custom consoles,
capacity for one-off or short

production runs.

STUDIO SOUND, DECEMBER 1980

Stockists:
Large range of JBL loudspeakers,

studio monitors, pro-series components.

New E range of musical instrument
chassis.

Replacement diaphragms and cones.
Tape recorders, cassette decks and
mixers by Revox, Teac, Tascam.

H/H mos-fet range of power amps.
Beyer microphones, stands,
headphones, accessories, XLRs, Jacks,
Gaffer tape, cable etc.

Demonstration lounge.
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Service Dept. _
JBL recones. Most types of pro-audio
equipment serviced.

As a professional audio company with
many years of experience in systems
design and manufacture we can offer
you the best possible advice and
service there is.

Formula Sound Ltd.

3 Waterloo Road,

Stockport, Cheshire, SK1 3BD.
Telephone: 061-480 3781
Telex: 669249
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( THE ACOUSTIC SCREENS from AK.

gus i @ Space saving corner interlock system
® Welded metal frames

@ Attractive ‘cigarette proof’ covering
material

@ Wide differential non crushing
castors

® Custom size option
® Roof sections to match
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SONAPANEL ACOUSTIC SYSTEM

@ Economic and flexible
@® Individual layout scope
@ Fast delivery

@ Detachable fixture
allows relocation or resale

/A

AUDIO KINETICS (UK) LIMITED

Verulam Road, St Albans, Herts, AL3 4DH. Tel: 32191. Telex: 2999?1)

FUTURE FILM

36/38 Lexington Street, London WIR 3HR, England.
Telephone: 01-437 1892. Telex: 21624 ALOFFD G.
Cables: Allotrope -London W1.

STOCKISTS OF:
Studio Microphones «Monitoring Loudspeakerse
Intercoms & Headsets « Noise-Reduction Unitse
Audio Jackfields, Patchcords, Cables & Connectorse
Splitter Boxess Multi-Pair CablessVideo Jackfields,
Cables &Connectorse Cable Drums & Winderse
Wiring AidssRacks & Cabinetss Switches, Faders &
Attenuatorse Microphone Stands & Accessoriese
Level Meterse

_2.000 00 OO oooooo

Brabury

Specialists in the Design and Manufacture of
Communication Systems and Equipment for Studio
and Outside Broadcast use.

T702 Status Light Unit

Also available: Video and Audio Jackfields, Cable Reels,
Script Light Units, Tally Light Units, Mains Distribution
Units, Automatic Voltage Stabilisers, etc.

BRABURY ELECTRONICS LTD.
Loverock Road, Reading, Berks RG3 INS, U.K.
Tel. Reading (0734) 52434 Telex: 848760 Brabry

OOOOOOOOOOOOOOO O COCO
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Ambisonic Decoder

A new unit from IMF Electronics
brings the days of universal
acceptance of the UHJ Ambisonic
system even closer. Previously, the

only decoder available has been one :

from Integrex, which has been
around for a few years. Whilst this
was designed primarily for the
domestic market, the new IMF D20B
decoder will equally be at home in
the Ambisonic studios of the future.

Controls on the unit include
master volume, layout (for setting up
the system for your particular
speaker positions), a UHJ button for
Ambisonic decode, a ‘test’ position,
a B-Format switch for replay of non-
matrixed UHJ material (eg master
tapes), forward preference and dis-
tance compensation switches (to bias
the decoder towards the front of the
Ambisonic soundfield, and to com-
pensate for closeness to the speakers
respectively), and a ‘super-stereo’
switch with associated ‘width’
control, to enable normal stereo
material to be played back in
‘simulated surround-sound’. This
latter feature gives added image
stability to normal stereo signals and
enables the user to determine the
desired width of the sound-stage.

Initially, decoders are being made
available on a limited basis, allowing
audiophiles and professional users to
experience the system. During initial
setting up, the unit requires a fairly
complex lining-up procedure, but
when the basic parameters (like
speaker layout) have been deter-
mined, the unit is very simple to
operate. For those who have
experienced Ambisonics, stereo will
no longer be sufficient: this decoder
makes professional and domestic
surround-sound use easily practic-
able and is sure to have an impact on
the development of future sound
recording and reproduction
techniques.

Hire service
Mobitrack Sound Processes, which
was formed three years ago to hire
and service professional sound
equipment for the film and TV in-
dustry, has now entered the record-
ing industry market.
Current services
Mobitrack include sound film
transfer to and from %in and SN
Nagra tapes, 35mm and 16mm
magnetic film; master duplicating on
tape or cassette; hire of tape
recorders, mixers, mics and cables,
and video equipment; and servicing
and parts supply for a variety of
products
Mobitrack Sound Processes Ltd, 4
Latham Road, Twickenham TWI
IBN, Middlesex. Phone: 01-891
2815.

offered by
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UHF wireless mics
Four new UHF studio quality
wireless microphone systems are now
available from HM Electronics Inc.
Operating on 400-470MHz they
offer more additional open channels
than are available in VHF radio
bands alone particularly in multiple
systems.
Both the System 24E Body Pac and

s P
e

S S B % e

the System: 27E Handheld UHF
systems are available with standard
and portable receivers and all are
based on HME’s existing dynamic
expansion design which reproduces
the input signal linearly to over
100dB.

HM Electronics, Inc, 6151
Fairmount Ave, San Diego, Cal
92120, USA. Phone: (714) 280-6050.

Valley People Gain Brain Il
Valley People, formed from the
recently merged Allison Research
and Valley Audio, has introduced its
first new product the Gain Brain 11
limiter/compressor/Ducker. Based
on psycho-acoustic research into the
relationship between waveforms and
perceived loudness, the device
features waveform recognition
circuitry which it is claimed gives
significant improvement in dynamic
integrity during limiting, and less
pumping etc. than conventional peak
or rms responsive devices. The unit
offers the usual comp/limiter
functions plus other facilities, such as
an interactive gain control device
(ducker) and controlled impact
accentuation giving the effect of
expansion even though the device is
actually limiting. The device has
provision for stereo intercoupling,
side chain operation for frequency
dependent gain control, and for
remote VCA and/or remote GR
metering. Gain Brain I costs $380, is
designed to mount in the 7R 804
processing package, and can be used
with the Valley People EGC 101
VCA which is utilised as the unit’s
feed forward gain control element.

Valley People Inc, PO Box 40306,
2820 Erica Place, Nashville, Tenn
37204, USA. Phone: (615) 383-4737.

Calrec automation system
A new automation system from
Calrec Audio, is designed around its
recently developed digitally con-
trolled attenuator (DCA). This offers
great noise and expense advantages
over the VCAs currently used by
most systems. The associated micro-
processor based automation has
dedicated key and ASCII input,
floppy disk store and VDU output,
with optional hard copy printer. The
sytem will operate with SMPTE,
Maglink or EBU timecode.
Calrec Audio Ltd, Hangingroyd
Lane, Hebden Bridge, Yorks HX7
7DD. Phone: 0422 84 2159
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Stolen equipment ... 1
During the evening of September 29,

" prior to the 5th Sound Broadcast

“ stolen from

»

Equipment Show held at the Albany
Hotel, Birmingham, several items of
NEAL-Ferrograph equipment were
the NCP car park
adjacent to the hotel. Anyone with
information on the items listed below
are requested to contact NEAL-
Ferrograph or the Studio Sound
editorial office:

NEAL 302 Cassette recorders (black
with teak end cheeks), serial nos.
31275 and 31464,

Ferrograph SP7 type A2 stereo
(balanced) recorder, serial no.
107471;

Ferrograph SP74 4-channel logging
recorder, rack mount version, serial
no. 108254;

Ferrograph R7S2 audio test unit with
tape and leads, in black leather
carrying case, serial no. 4853; and
Ferrograph ATU[ auxiliary test unit
with test leads, in black leather
carrying case, serial no. 1842.
NEAL-Ferrograph, Simonside
Works, South Shields, Tyne & Wear
NE34 9NX, UK. Phone: 0632
566321.

Stolen equipment ... 2

We have also been notified that a
Brenell Mini 8 has been stolen, serial
no. 000382/L8. If you are offered
this machine, please contact either
the police or Mr G Lawson at
Listenfine Ltd, 22 Gibson Square,
London NI OPD. Phone: 01-359
0411 or 01-840 3444.

Stolen equipment ... 3
Recently stolenin London was one of
the first Klark-Teknik DN60
Vs-octave realtime spectrum
analysers, serial no. A0O4. Anyone
with information on this analyser is
asked to contact David Leake, sales/
marketing manager, Klark-Teknik
Research Ltd, Walter Nash Road
West, Kidderminster, Worcs, UK.
Phone: 0562 741515.
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Screw-holding
screwdrivers

A new range of screw-holding screw-
drivers has been introduced by
Drapers. ldeal for inserting and
starting screws in narrow spaces or
where a spare hand is needed to hold
a torch, the screws can be held and
released with a one-handed action.

Standard blades are available in 4,
S and 6mm widths and for cross-head
screws blades can be obtained for
Nos 1 and 2 size screws.

Available from tool and hardware
stores, the screwdrivers cost under
£3. Further details on these and other
hand tools from B Draper & Son Ltd,
Hursley Road, Chandlers Ford,
Hants, 24 p
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111B Dual Spring Reverb
A professional reverb with an excellent price/
performance ratio

245E Stereo Synthesizer
Creates a seductive, mono-compatible
pseudo-stereo effect from mono sources

418A Stereo Compressor/Limiter
For smooth, undetectable level and high
. frequency control in recording

=

526A Dynamic Sibilance Controller _.._J
Clean, inaudible de-essing of vocals with
consistent action regardless of levels

622B Dual Channel Parametric EQ
Constant-Q design makes it an exceptionally
versatile EQ

672A Equalizer ___
A Parametric EQ with graphic controls,
including variable high and low-pass filters
usable as an electronic crossover

Scenic Sounds Equipment Limited o
97-99 Dean Street London W1V SRA Telephone: 01-734 2812/3/4/5 Telex: 27 939 SCENIC G

England Industrial Tape Applications Belgium Sait (Bruxelles) Finland MS-Audiotron (Helsinki)
France Schaeffer, Riesser & Cie (Paris) Germany Estemac (Hamburg) Greece Audiolab Hellas (Athens) Holland Cadac Holland (Hilversum)

Italy Audio Products International (Milano) Spain M. Llewellyn-Jones (Madrid) Sweden Tal & Ton (Gothenburg)
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Training

@ The dates for the sound system
engineering seminars to be run by
Synergetic Audio Concepts during
1980/81 have been announced:
December 9-11 (1980), January
27-29, February 17-19, March 17-19,
April 7-9, May 7-9. May 19-21, June
23-25.

Courses are held at the Dana Point
Marina Inn, California and further
information can be obtained from
Don Davis, Synergetic Audio
Concepts, PO Box 115, San Juan
Capistrano, Cal 92693, USA. Phone:
(714) 496-9599.

@ The Institute of Audio/Video
Engineering are holding courses on
studio maintenance, sound reinforc-
ment, recording engineering, etc. Ar-
ranged in four 8-week sessions which
consist of lectures and workshop
periods, the courses take eight
months to complete.

Institute of Audio/Video Engineer-
ing, 1831 Hyperion Avenue,
Hollywood, Cal 90027, USA. Phone:
(213) 666-3003.

Agents

@ Lockwood has appointed an
agent for its studio monitors in the
USA: Randell Kling, Randy’s Roost,
RCA Buildings, 30 Music Square
West, Nashville, Tenn 37202, USA.
Phone: (615) 254-8825.

Contracts

® Neve is to supply Granada TV
with four consoles worth nearly
£200,000, one for OB use and three
for studio re-equipment.

Latest orders from the BBC
include a 50 input desk for the
London TV Centre, two 20 channel
desks for the London presentation
studio and Bristol Studio B and a
40-channel mono TV console for the
London TC-2 studio.

Three suitcase mixers have been
ordered by RTE in Dublin bringing
the total number of Neve consoles
ordered by RTE to over 40.

@ Feldon Audio have supplied a
Sony PCMI600 digital recording
system to Unicorn Records who will
also receive a Sony digital editing
system at a later date.

® Sound reinforcement systems
have recently been installed by
Broadcast Training and Services Ltd
at St John’s College, Cambridge and
Chelmsford Cathedral.

@ Calrec Audio have been awarded
acontract for a programme sound in-
stallation at the BBC studios in
Glasgow. This is similar to a recent
contract for the BBC television news
and regional studio in Manchester.
Further orders received by Calrec
include: two digitally automated film
dubbing consoles for Swedish Tele-
vision; a 56-channel, 16 DCA group,
automation ready broadcast/multi-
track console for Tyne Tees TV; and
a microprocessor controlled OB

Addresses

® Professional Sounds Inc of
Virginia, USA, has opened an office
in Nashville. Phone: (615) 327-4747.
® ProTech Audio Corporation has
moved to Flowerfield Bldg No 1, St
James, NY 11780, USA. Phone:
(516) 584-5855.

@ Canford Audio has opened a new
office at 652 Glenbrook Road,
Stamford, Connecticut 06906, USA.
Phone: (203) 348-4969.

@ The International Association of
Broadcasting Manufacturers has
moved to Triumph House, 1096
Uxbridge Road, Hayes, Middlesex
UB4 8QH. Phone: 01-573 8333.

REWS

People
@ Raymond Hills, the IBA’s
assistant director of engineering
(operations) has become chairman of
the Science, Education and
Technology division of the Institute
of Electrical Engineers.

® Hayden Laboratories has
appointed David Jefferys as sales
manager, domestic products
responsible for Dual, Sennheiser and
Empire products. David joins the
company from AKG Acoustics.

@ Michael Pappas has become field
sales engineer, broadcast/industrial
sales specialties, for the Otari
Corporation, California, USA.

*
® Tangent Systems Inc has
announced the following appoint-
ments: Gary Bailey to general
manager; Thomas Scott, sales
manager, concentrating on the
development of international
markets; Michael Schwartz to sales
manager for the new Phoenix Group;
and Craig Olsen to national sales
manager for the Tangent Products
Group.
@ Denis Comper has joined Richard
Swettenham Associates, consultants
in audio electronics and acoustics.
Denis is also chairman of CA Audio
Systems.

FCC ‘Quadraphonic’
decisions

The American Federal Com-
munications Commission seems to
have come to a decision on the
implementation of so-called
‘quadraphonic’ broadcasting
standards. In an amazingly con-
voluted discussion, it has decided
that there will not be a prescribed
encoding-system for FM 2-channel
surround-sound broadcasting in the
USA, and as a result, broadcasters
will be free to use any 2-channel sur-
round encoding system they like.
This obviously makes good sense, as
many radio stations are already
transmitting records which have been
encoded in a number of different
ways, whether they realise it or not.
Significantly, the FCC has decided
not to adopt the CBS ‘SQ’ family asa
standard, leaving the way open for
American broadcasters to utilise
modern systems like the British
NRDC-backed Ambisonic (UHJ)
techniques which have been used suc-
cessfully by BBC and ILR stations in
the UK, and by a number of Euro-
pean broadcasting oganisations,
notably Holland’s NOS.

Running through the FCC
document, one detects a rather dis-
turbing use of old-style ‘quadra-
phonic’ terminology—indeed the
transcipt of the proceedings is an
altogether remarkable document. It
appears that at least one participant
in the discussions was unaware of the
fact that VHF FM was in use in
Europe at all! The impression one
gets is that while the commissioners
were obviously well-intentioned,
they were severely hampered by mis-
information or a simple lack of infor-
mation altogether. The documents
certainly leave one with the impres-
sion that the FCC decisions will not
mean much to other countries in
technical terms, and that there will be
little likelihood of international
broadcasting standards being based
on such ill-informed deliberations.
The documents, laden with outdated
terminology and jargon, and
showing no signs that the funda-
mental psychoacoustic phenomena
upon which true surround-sound is

switching matrix for Piccadilly based have even been heard of by the
Radio commissioners, would be almost
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humourous if they did not represent
top-level national decisions on tech-
niques that will fundamentally affect
the future of broadcasting.

It is stated in the documents that
‘quadraphonic’ technology has re-
mained basically unaltered since
1971, for example; in some ways this
is true, but what has really happened
is that over the last ten years inter-
national research has left the misap-
prehensions and mistakes of ‘quad-
raphony’ behind, and has moved on
to the more effective ‘kernel
encoding’ systems based on correct
mathematical, physical and psycho-
acoustic principles. These have
apparently gone unnoticed by the
FCC, and we are instead presented
with a rather antiquated discussion
of ‘4-4-4° versus ‘4-2-4" and so on,
never a mention being made of the
fact that the basic idea that surround-
sound can be generated by taking
four independent feeds to four loud-
speakers is, quite simply, wrong, and
that it matters not whether these four
channels can be ‘matrixed’ success-
fully into two and back again (they
can’t) or not—the results will sti// be
wrong. Anyone who has heard the
superb Ambisonic demonstrations at
recent exhibitions—notably the ‘full-
surround’ Periphonic demo at the
London AES Convention—will by
now be quite convinced that three
basic signals (which can be encoded
quite respectably into two transmis-
sion channels if needed, and
recovered successfully) will
admirably reproduce a better hori-
zontal-surround effect than the best
‘discreet quadraphonic’ system, and
that four channels will give you
excellent surround-sound with
height.

Thus the FCC document is still
concerned with the old argu-
ments—invalidated by modern
psychoacoustics—that ‘separation’
is the ultimate goal, rather than the
modern view that the speakers should
radiate sounds which relate to each
other in a tightly-specified way, cer-
tainly not independent sounds,

The greatest area of confusion
among the FCC Commissioners,
however, seems to be their thinking
in terms of ‘systems’ which are
primarily the developments of
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specific manufacturers, rather than
separating the basic arguments: a
distinction must be made between the
ways in which extra transmission
channels may be made available by
multiplexing (for 2¥2-, 3- or 4-chan-
nel surround broadcasting), and the
way in which the surround
information is encoded on to the
available channels. Unless this
distinction is made, we will simply be
on the end of a competition between
manufacturers, and the decisions on
truly workable system specifications
in the two areas will never be made.
In addition, the FCC’s area of
interest should be primarily that of
channel-multiplexing methods,
where the results will directly affect
bandwidths and band-planning,
compatability and the like. Almost
by default, it would seem, the FCC
have in fact managed to make the
distinction in their 2-channel
specification, recognising that the
prime ftact is that only the
multiplexing method need be FCC-
determined. One hopes that a similar
course will be taken on larger
numbers of channels.

If the FCC takes the bull by the
horns and decides only to determine
multiplexing methods, this will have
the added advantage that it will all
come down to a purely technical dis-
cussion on multiplexing techniques
and their properties—and here,
recent BBC research may be very use-
ful, confirming as it does the
theoretical work of Halliday and
Gerzon, that the reduction in service
area as a result of multiplexing can be
very small.

One cannot help but wonder what
the final outcome of all these factors
will be. It is interesting to note how-
ever, in the Notice of Proposed Rule
Making released August 14, 1980
(FCC 80-434), that °‘Broadcasters
were . . . split in their preference
for 4-2-4 and 4-4-4 systems.’ The
adoption of a hierarchical system
such as UHJ would remove the
need to resolve such a split in broad-
casters’ preferences for different
numbers of transmission channels. It
would also have the distinct advan
tage that the system works
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' MY REASON FOR NOT
USING AMGRON
POWER AMPLIFIERS IS

Name Address

Occupation |I |rI| b

Send to: HHB Hire and Sales (sole UK distributors), Unit F; New Crescent Works, Nicoll Road, London NW10 9AX.
(Telephone: 01-961 3295, Telex: 923393)
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To be honest, we're not expecting a deluge of replies ‘ -l
to this advertisement — — .

There are few applications in the world of k
professional sound where an Amcron power
amplifier won't effortlessly outstrip anything else on
the market

Over the years, the name of Amcron has become
synonymous with reliability and peerless
performance. The DC300A, DI50A and D75 power A
amplifiers, as well as the revolutionary self-protec-
ting PSA-2, have variously set new standards in the
fields of studio monitoring, live music, broadcasting M = ; —
and domestic hi-fi. B R

So 1f you really do have a bone to pick with s
Amcron, you'll be challenging the professional
opinions of sound specialists all over the world.

There 1s however, one reason why you might
look elsewhere for a power amplifier. And that
ivolves the delicate subject of money.

Nevertheless, you'll find that in most cases an
Amcron amplifier will cost you only marginally
more than an indifferent alternative.

And that, in the long run, the matchless reliability

of Amcron engineerng will actually save you n m c r 0 n
money on servicing and repairs.
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Trafalgar Recording
Studios, Rome

To miss out on a studio called
Trafalgar with the name I have,
would just be ridiculous so upon my
arrival in Rome they were naturally
the first studio that I called upon!

Situated in a fairly residential part
of Rome and near some parkland
(just under the observatory, for the
astronomically minded), the studios
are just out of the way enough to
make access easy and life not too
hectic while at the same time being a
tram or taxi ride away from the city
centre.

In common with a lot of Italian
studios, Trafalgar are owned by a
music production and publishing
company and are the brainchild of
composer/owner/manager Franco
Bixio. However, this does not mean
that the studio specialises in its own
productions and in fact a large
percentage of the work is from out-
side, both from records and film
work. Styles of music are varied but
tend to be hit parade and pop/rock
oriented.

The control room of Studio A is
very much in the Eastlake style of
things—tree bark, wood panelling,
carpet, rear wall bass trapping plus
ceiling traps, etc—and has been pro-
fessionally done. The studio is the
principal domain of engineer
Gaetano Ria who was there to show
me round. The room is fairly small
but has a cosy atmosphere and the
disposition is such that though two
to three people behind the desk is the
maximum, there is room for about
six sitting in front of the console
(which, after all, is where you want
them!). Equipment is a Cadac 28/24
console with Lyrec 24-track and
Telefunken M15A 2-track recorders,
including 26 channels of Dolby.
Monitoring is the Eastlake TM7
system with Auratones on the desk.
Ancillary units include UREI 7776
and L.A-4 compressors and limiters,
ADR Compex 760-RS stereo com-
p/limiter, Orban parametric, Klark
Teknik Vs-octave graphics and
Eventide Harmonizer. For echo,
delay and reverberation effects a
comprehensive selection is available
which should be enough to satisfy
most requirements, viz Ursa Major
Space Station, Master Room reverb,
AKG BX20, EMT Gold Foil and 440
DDL. Of interest also were the EFT
stereo parametric and noise gates.
EFT are an ltalian firm and these
were two of their latest products.
The parametric is 4-band with very
comprehensive facilities including
low-and high pass filters in addition
to the four parametric bands, mak-
ing for complex processing. The
noise gates—of which there are eight
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channels—are of the plug-in module
variety (two rack unit case with
power supply) and are easy to use as
well as being effective, Gaetano tell-
ing me that they have had no hun-
ting problems at all with them.
There is also the usual collection of
Revoxs and cassette recorders for
the workhorse duties.

Access to the studio is by a door at
the right of the control room desk or
from the hall at the main entrance.
Studio A is mainly used for small
group recording of 10 musicians
with comfort. Recent improvements
have been an Eastlake type drum
cage and isolation booth for vocals,
acoustic guitar, etc. There are also a
large number of acoustic screens
enabling booths to be built at short
notice, giving the choice between
‘open’ studio or isolated conditions.
Microphones are a selection of
Neumann, Electro-Voice, Schoeps,
Shure and AKG. The studio also has
a very good selection of resident in-
struments including Steinway piano,
Hammond B3/Leslie, Rhodes, vibes
and marimbas, spinet, tubular bells
and tympani. There is also a hire ser-
vice on hand where any instrument
can be delivered within the hour.
Whilst discussing different recording
techniques Gaetano emphasised that
for him the most important thing
was to start with a good sound in the
studio before getting anything down
on tape. If the sound is mediocre no
amount of processing is going to put
it right, ie you can’t make a silk
purse out of a sow’s ear! For this
reason the building up of rhythm
tracks is avoided as much as possible
and more time is spent on getting the
ensemble sounding right in the
studio—even rehearsing the musi-
cians if need be. If the extra time
spent results in a good cohesive
rhythm sound then it is a good
investment.

By this time we had been joined by
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Gaetano Ria al the Cadac console in Studio A

Giorgio Agazzi, the other half of
Trafalgar’s recording team, and it
was the moment to see Studio B.
This is the larger studio and can ac-
commodate 40 to 50 musicians at
one sitting without any problems.
The bulk of the work done here is
film score recording though big
band style sessions are not uncom-
mon. The projection facilities are
that of a modern cinema with a large
screen in the studio. Owing to the
disposition of the building, the pro-
jection room also looks out onto
Studio A and a screen has been
installed so that the studios can be
used together. The acoustics of
Studio B are that of a good small
hall and there are quite a few high
screens should separation be
necessary. A drum cage is also in the
process of being built.

The studio may be large but the
control room is small. A metre or so
below the studio floor level, access
from the studio is down some steps
and through two sliding glass doors
between the monitors. The same
Eastlake style of construction as
control room A is retained and
though space is limited (it was jok-
ingly referred to as the smallest con-
trol room in Italy) the atmosphere is
by no means claustrophobic. As far
as equipment is concerned, Studios
A and B are identical with the same
model Cadac desk and
Lyrec/Telefunken recorders. Out-
board gear is duplicated as well
though 1 did notice some UREI 545
parametrics as extras. Monitoring is
again Eastlake TM7s. The two con-
trol rooms are similar enough
acoustically to enable a session to be
transferred from one room to the
other without problems, the duplica-
tion of equipment meaning that no
real re-adjustment is necessary. The
TM7 monitors use Gauss 12in bass
drivers with a Gauss 4000 high fre-
quency unit and have a very tightly
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defined sound with no ‘boom’ in the
bass or ‘tizz' in the trebles. Giorgio
played me some selections from
Keith Emerson’s score for the film
Inferno that he had recorded and the
sound was very impressive indeed.
There was also some big band work
he had recently done with quite a
dynamic range, once again the
reproduction was startlingly clear
and unmuddied.

As | was getting ready to leave,
work was starting in Studio A with a
group from Naples who were doing
versions of the early Beatles hits with
Neapolitan style lyrics while at the
same time retaining as far as possible
the original phonetic sounds. The
song being worked on at the time
was Ticket to Ride and the
resemblance in sound of the vocals
and instruments was uncanny. The
original was on hand as a point of
reference. Whether the completed
album will be a success or not is too
early to say but | wouldn’t mind bet-
ting that it will be although even the
Romans present couldn’t understand
the Neapolitan lingo!

In common with most successful
studios, Trafalgar are not resting on
their laurels and a small
demo/budget studio is well under
construction on the first floor. The
studio will be large enough for the
average small group and the little
control room will be centering
around yet another Lyrec 24-track
and Soundcraft 7624 console. An
update for Studio A next year is also
planned with the existing console to
be replaced possibly by a Harrison
or Amek, the final decision having
yet to be made.

In addition to their recording
facilities, Trafalgar also have a large
games room and relaxation areas for
pauses during overdubs or while you
are waiting for the guitarist to get in
tune. For visiting groups and artists
a residence is available just around
the corner in the Studios’ own
grounds so that if you like having
jam sessions at four in the morning
you won’t have the hotel manager
banging on your door. (If you think
the term residence too posh will
private mansion do you? Either way,
it’s better than a hotel.)

Giorgio was waiting to take me on
to another studio so I took my leave.
Once again it had been a very friend-
ly welcome and thanks to all con-
cerned, especially for the splendid
lunch! If you want to keel-haul your
producer and sink the enemy you
can set all sails for Trafalgar.

Trafalgar Recording Studios, Via
Romeo Romei, 11, 1-00136 Rome,
Italy. Phone: (06) 358.1417 or
359.9919. Terry Nelson
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Aphex Licansees

Aphex Audio

Systems UK Ltd.

35 Bnitannia Row

London N1 8QH England
Telephone 01-359 5275/0955
Telex: {B51) 268279 (BRITRO G)
Aphex Chicago Ltd.

(312) 743-3235

Aphex Audio Systems
Australia, Pty. Ltd.
{Sydney) Tel: 212-4920
TLX: {790) AA24035

The Aphex Aural Exciter™ gives you a sonic
realism obtainable by no other means. And
now, for the first time, and in response to
Eour repeated requests, the Aphex Aural

xciter is available for purchase as well as
rental. If what you're looking for is just a
bright high end, get it with EQ —but if you
want the kind of true spatiality, detail and
presence that producers of over 4000
albums have insisted on, do what they did:
get real aural excitement. Get Aphex.

Aphex Benelux

{Brussels) Tel: (02} 345.44 .44
TLX: (846) 26409 (TEMBEL B)
Aphex Audio Systems
Canada, Ltd.

{Toronto} Tel_ {416} 363-8138
TLX: 06986766 (TOR)
Aphex Denmark
(Copenhagen)

Tel: (01) 59-1200

Aphex Far East

58 Pak Tai St./9th Floor

To Kwa Wan

Kowloon Hong Kong B.C.C.
Tel: 3.025251

TLX: 780 84640 PACEH HX

Aphex France S.A.R.L.
{Paris) Tel: 259 9240

Aphex Germany, GmbH
(Frankfurt) Tel: (0611) 55.65.66
TLX: (841) 414073 (ROCK D)
Aphex Hawali, Ltd.
{Honolulu)

Tel: (808) 521-6793

TLX: 7430148 (SOUND)

£20¢

Aphex West

Model 602
Aural Excitern

7801 Melrose Avenue
Los Angeles, CA 90046

(213) 655-14

Aphex Italy

{Bologna) Tel: 051-76 66 4€
TLX: (843) 511361 (BAUER 1}
Aphex Japan, Ltd.
(Tokyo) Tel: (03} 253-9022
TLX: (781) 222-7097 (APXMTC)
Aphex Midlantic
{washington D.C )

Tel: (202) 363-1228

Aphex Mexico

Norte 75 NO. 2537

Mexico 16, D.F

Tel: 399.27.60
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Aphex New York, Ltd.
{West Orange, New Jersey)
{201) 736-3422 (212) 964-7444
TWX: 710.994.5806
(APHEX LTD WOGE)
Aphex Norway

{Oslo) Tel: 1493 71
Aphex Philippines

Tel: 704-714

TLX: {722) 23071 (JMGPH)
Aphex South, Inc.
{Nashville}

Tel: {615) 327-3133

Aphex Spain
(Modrd) Tel: 267-5222
Aphex Systems
{Suisse) SA
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Tel: 021/33.33.55
TLX: (845) 24107

{VOGUE CH)

Aphex Texas, Lid
(Datlos) Tel: (214) 351-6772
Aphex South Africa
{Johannesburg)

TLX: (960) 8-24405.A
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— Swudie diary

Satril Studio, London
What, yet another small 24-track
studio, I thought as I travelled up
London’s Finchley Road to visit
Satril Studio, the latest addition to
London’s seemingly never ending
list of 24-track studios. You may
forgive me my slighly querulous
attitude, but in the present reces-
sionist times it seems odd that hardly
a month goes by without a new
studio making a brave appearance
and opening its doors to an
apparently shrinking market. Yet as
if to confound any expectations of
hard times, these new studios all
survive quite adequately although
perhaps it is because they utilise less
exotic equipment, structure their
hire rates in the low to middle
bracket, and often actively seek to
develop new recorded talent, that
these studios find their own niche in
the recording industry. However,
enough of the general UK recording
scene, where does Satril fit into the
overall London recording picture?

Part of the Henry Hadaway
Organisation, Satril as a name has
been known in the music business
for over 10 years. Prior to it gracing
the studio it was (and still is) one of
the UK’s smaller record labels.
Growing out of MD Henry
Hadaway’s involvement in music
publishing and production, the label
has steadily increased in importance,
and as the label expanded so did
Henry Hadaway’s desire to have his
own in-house studio. The birth of
the Satril Studio accordingly dates
back to the early Seventies, when the
idea of setting up a small demo
studio was born. Although the
project has only now come to
fruition, and the specification has
altered considerably in the
meantime, the same basic precepts
coloured the size, design and con-
struction of the studio. These were
that the studio be housed in the same
building as the record company and
the rest of the Organisation, that the
studio be small and compact, and
that it should be equipped to a high
standard.

First priority, as always, was
finding suitable premises and
although in the intervening eight
years between the idea and the
resulting studio Henry considered
constructing a purpose built
complex to include offices and a
state-of-the-art studio, he eventually
decided to convert an existing
building in London's Finchley
Road. This being out of central
London’s rat race atmosphere, but
still close enough to the West End to
be only a 15 minute drive from the
hub of the UK music and recording
industry.  With the multifarious
activities of the music publishing,
production, and record label parts
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of the company to be taken into
account it wasn’t until May of this
year that studio construction
commenced, by which time the
remainder of the Organisation was
settled into its new home.

While the Satril Studio is housed
in the same building as the rest of the
Organisation, and naturally many of
its clients will be provided by in-
house projects, the studio is a totally
separate arm of the company and is
open to all-comers. This is high-
lighted by the fact that on arrival at
the studio there are two doors
adjacent to each other—one for the
studio and one for the offices.
Entering that for the studio and you
immediately reach a staircase
leading down to the basement which
is the studio’s location. Being
situated on a

busy London

5 ait

thoroughfare the potential problems
of noise isolation not surprisingly
spring to mind, but once through the
studio door you are struck by the
complete de-coupling of traffic and
other noise (including a pneumatic
drill courtesy of the local council,
during my visit). Congratulations
must therefore be extended to
Henry’s father (an architect) and
Project 2000, the studio’s designers
and constructors who have ensured
that despite Juggernauts, etc, silence
reigns.

Passing through the studio’s
entrance door you actually enter the
studio itself, as the staircase is part
of the studio. A somewhat unusual
arrangement, but since the stairs and
indeed the whole of the studio and
control room are fully floating and
isolated from each other this appears
lo cause no problems. This
particular design configuration was
was surprised to discover that the
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Conlrol room with MC1 4288 console and Otari MTR-90

forced on the studio due to the
relative lack of space. However, the
studio which is approximately 270 sq
ft and can house some 10 to 12
musicians, although compact is also
surprisingly spacious. A feature of
the room is in fact the careful
utilisation of the available space, for
example instrument amp traps are
set back along one wall, while a
drum booth is positioned under the
staircase. (Incidentally, these
features are all separately floated).
For such a small room | was rather
intrigued to discover from Chris
Lewis of Project 2000 that the end of
the studio which includes the control
room window has been treated as a
live end, while that opposite has
been made a dead end. Originally
rather sceptical of the value of such
treatment in such a compact area |

treatment does in fact have a quite
noticeabie acoustic effect, and in

fact the room does benefit as a
result. Possible food for thought
there!

Satril’s control room is an almost
identically sized room to the studio
and again is a very compact room.
Centrally placed opposite the
window to the studio is an MCI
428B 28/24 console, which s
standard other than the provision of
custom light bar VU/PPM meters
with switchable hold and the
inclusion of two console mounted
Roger Mayer noise gates. As one
would expect the ubiquitous pair of
Auratones are mounted above the
meter panel, these being driven by a
Quad 303. The main monitors are a
pair of JBL 4333.4s which are flush
mounted either side of the control
room window and angled in toward
the console. These are bi-amped
driven by BGW 600 and 250 power
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amps and fed via a Court room
equaliser with one of the flattest
room eq curves I have seen in a long
time. This only going to prove the
old adage that if the design and
construction are up to scratch you
don’t have to tinker with the
acoustics afterwards! Turning to the
tape machines, the multitrack is an
Otari MTR-90 with autolocate and
remote, while mastering machines
comprise two Otari 5050s and a
Sony T7C766-2. Incidentally the
remotes for the 2-tracks are built
into the console for ease of
operation. Ancillary equipment
which is primarily rack mounted in
the rear wall of the control room
comprises a wide selection of units
including Eventide Harmonizer,
BEL flanger, Orban //!B stereo
reverb, Klark-Teknik graphic eq,
and MXR DDL. Other items include
an EMT plate and various active/
passive DI boxes from SES and
Sescom. Satril are still experiment-
ing with various types of mics but at
present are using models from AKG,
Neumann and Calrec. Instruments
available include a Yamaha CP80
electric piano, drum Kkit, and in-
strunient amps as required. While
the control room may be on the
cramped side [ certainly had no
complaints about the monitoring.
For such a compact room the
control room exhibits a firm punchy
bass, a very clean mid range, and a
clear hf end. Thus, while Satril is a
small studio it is clear that nothing
has been skimped with regard to the
acoustics.

The foregoing description takes in
the business end of Satril, however,
it is worth noting that above the
control room and studio (in the
record company offices) ancillary
facilities are available. These being a
bar and rest area and a maintenance
room equipped with Ferrograph test
equipment and the usual odds and
ends. Similarly, studio manager
Paul Hodsman, ex-Pye and the
Marquee, is housed on this floor.

Since construction was completed
in August Satril has hosted a number
of sessions with users to date
including Broken Home, Kenny
Lynch, Patti Boulaye, Biddu, and
the Slits.

Despite its relatively small size,
Satril is an excellently designed,
constructed, and well equipped
studio. As detailed above it has some
unusual features, but many of these
give it a rather unique quality. As a
venue for smaller bands the studio is
likely to be highly popular, hence I
would anticipate that it should have
a very healthy future. Noel BRell
Satril Studio, Satril House, 444
Finchley Road, London NW2 2HY,
UK. Phone: 01-435 8063.
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The Complete Studio.

Studer, Neumann, EMT, Albrecht, Klein+Hummel, Ha rrison, Urei, Lexicon, [TC,
Allison, MRL, Transco, Switchcraft, Gotham, Europa Filmand Revox.
We representall the major namesintheaudio field and can supply the best
equipment torany studio requirement.

FW.O. Bauch Limited
49T 1 ot 11 Wood H | WG 4
y 1 Telex
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Soundhouse Joest Studio,
Frankfurt

Nestling as it does, pretty muchin the
middle of West Germany, Frankfurt
is a fairly major city in terms of the
German and European music scene.

Staged each year is the famous
Frankfurt Fair primarily for
musicians and, besides a magnificent
old opera house (currently in the
throes of renovation), the city boasts
several multitrack recording studios.

Soundhouse Joest Studio was
started in October 1978 by Hans
Joest. An accomplished musician,
Hans studied musicology at
Frankfurt University and, having
always been interested in groups and
music he got the necessary together to
build a studio on completion of his
studies.

The original idea was to name the
studio ‘Opera Studio’. It is bang in
the centre of Frankfurt’s opera area
with the Old Opera in sight across the
street but, on second thoughts, Hans
resisted the temptation since the
name might evoke a somewhat mis-
guided impression of where
Soundhouse is at!

The building is a single storey,
erstwhile clock factory which Hans
laid claim to when it was standing
empty and, drawing on his college
studies and experience gained along
the way, converted into a studio.
Access to the studio is via large main
doors at ground level opening onto a
spacious yard for manoeuvring and
off-street parking, a useful plus point
as many a hard pressed roadie will
testify.

Run by Hans and his wife Elvira,
the studio has a very warm family
atmosphere. Food can be brought in
from a local Italian (or Chinese)
takeaway restaurant. There are also
some very ‘in’ jazz clubs in the area.
The studio itself has no close
neighbours so noise and local
disturbance is not a problem. In
summer they even have barbeque
breaks outside—good for recharging
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the brain cells—at other times the
325sq ft control room includes its
own en-suite relaxation area.

Workwise, Soundhouse do a lot of
in-house items for Garlic-Produc-
tions, with Hans handling the com-
mercial aspects. They are also doing
work for CBS Frankfurt, Hansa
Berlin and recently Ralph Siegel,
Munich—just to mention a few.
Resident engineer at Soundhouse,
supplementing Hans, is Jochen
Wenke (ex-Hotline, Frankfurt and
Arco, Munich), a qualified Ton-
meister.

Equipment at Soundhouse is
pretty extensive. The desk isan Amek
M2000 28/24 model with PPMs and
RTW light-beam metering. Patch-
able auxiliaries are much in evidence
and include eight Audio & Design
Recording Compex modules, a
complete Scamp system with com-
pressors, eq, noise filters and gates
and ADTs, and ADT E950 para-
graphic eq, Eventide Harmonizer,
Orban De-esser and Marshall Time
Modulator. Tape machines used are
Telefunken MI5A4 24-track with
Telefunken MI2s for mastering.
Creatively, control room-wise, a
Korg Mini-Pops rhythm machine
and ElectroHarmonix vocoder plus
various ElectroHarmonix effects
units are on permanent standby.
Monitoring, via HH SD500 amps, is
through Electro-Voice Sentry 111 and
a Klein and Hummel active system
(as used in German Radio stations).

The actual studio is a fairly average
size, about 485sq ft, with a booth for
guitar amps or drums featuring con-
nections through into the main
studio. Having done some classical
productions, using string quartet and
oboe, the acoustics have deliberately
not been kept too dry. Equipment in
situ is extensive. A beautiful (real
German) Steinway, Gretsch bass and
Slingerland toms, Hohner Clavinet
D6, Wurlitzer piano, Hohner string
synthesiser, Korg PS3/00 polyphonic
synthesiser, Oberheim OB-I synth
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Amek console with studio beyond

and Hammond A/00 organ plus
Leslie cabinet. As you no doubt
guessed, Hans is primarily a key-
boards player but will hire in any-
thing necessary for a session given
sufficient notice.

Microphones are mostly
Sennheiser 42/ and 441, different
types of AKG, Neumann U47 and
Electro-Voice RE20s. Tape used
throughout is Ampex 456 Grand
Master—nothing but the best being

the approach Hans tends to take.
Overall, Soundhouse Joest Studio
is well placed, easily accessible and

certainly has an enthusiastic
owner—my guess is that there will be
a few things of note out of
Soundhouse before too long.

Harry Mangle
Soundhouse Joest Studio, Bocken-
heimer Anlage 35, D-6000 Frankfurt,
West Germany. Phone: (0611)
722150.

Hospital Radio return to
Game Fair

Following last year’s successful hos-
pital broadcasts from the Game Fair
in Wiltshire, the Devizes Hospitals
Broadcasting Service was invited to
the 1980 Game Fair at Welbeck
Abbey in Nottinghamshire and
brought the flavour of the country-
side to over 23,000 listeners in the
first networked live hospital radio
outside broadcast.

The Game Fair is an annual
country show run by the Country
Landowners Association and
demonstrates every aspect of country
life and sport to its thousands of
visitors. Between July 24 and 26
nearly 120,000 people visited the
Game Fair where the Game Fair
Hospital Radio broadcast some 65
interviews and demonstrations
covering fishing, shooting, game
conservancy, game cooking and
many other aspects of the country-
side. A handful of volunteers and
amateur broadcasters manned the
stand and produced 15 hours of live
broadcasting which were relayed to
listeners in all Birmingham’s hos-
pitals via BHBN, Gloucestershire’s
hospitals through Cotswold Hospital
Radio and Devizes’ via DHBS.

The studio for Game Fair Hospital
Radio was built from scratch inside a
mobile display trailer lent by a local
double glazing window company,
and equipment used was loaned by

manufacturers and broadcasters for
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the event. A Neve mixer, Technics
turntables, ITC cartridge machine,
three Ferrograph SP7 tape recorders,
five Uher portables and 100ft mast
from Radio Hallam is part of the im-
pressive list of equipment used. The
Post Office as usual provided an
excellent quality landline and the
Home Office issued a special licence
to allow the broadcast across the
country.

All the effort put into this OB was
worthwhile, if the comments of the
hospital listeners was the only
measure, but the experience gained
by the hospital broadcasters in all the
interviews, preparation, presentation
and engineering can only go to
improve the standard of Hospital
broadcasting, giving the listener a
better service.

This was the second Game Fair
covered by hospital radio, and the
invitation to the 1981 Game Fair has
already been made to the Devizes
Hospitals Broadcasting Service. Next
year the Game Fair goes to Bucking-
hamshire and possibly then the next
goal will be reached—to link up
hospital stations all over the country
in a live outside broadcast so that
several hundred thousand patients
can hear what 23,000 did this year.
That, of course depends on finding a
sponsor for the landline costs, some-
one who will share in the enthusiasm
and value of Game Fair Hospital
Broadcasting. Quentin Howard
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Thewhole truth.

Bipolar transistor poweramplifiers are from 150 to 800 Watts..and multiples thereof, using
obsolete. the X 300 frequency dividing network.
Now there's HH MOS-FET technology; with Andonce installed, our cool MOS-FET
no thermal runaway,no secondary breakdown, amplifiers will perform with so little distortion, that
S— simpler circuits.fewer imd.dfd and timd are almostimmeasurable by
components and superior high- contemporary standards.
end performance forbetter sound Soatlastyoucanboost yourinput with total
quality whenreproducing fast honesty—~and nothing else.
| transients.

Naturally, we anticipate
that most professional sound
engineers willbe eagerly
switching overto MOS-FET at
the first opportunity. So to make
iteasier.there are 4 models (all
19" rack mounting) with outputs

Graduate to the 80’s. MOS-FET.

HH Electronic, Dept. A4, Viking Way, Bar Hill,
Cambridge CB3 8EL. Telephone: Crafts Hill (0954) 8§1140.
Telex:817515 HH Elec G.
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EMI digital console

Noel Bell

Design trio Richard Fairhead, lan Craven and John Richards with the control console

N mid-July 1980 I visited EMI

Abbey Road 1o meet the EM| team
responsible tor the design and
construction of that company’s
totally digital multitrack recording
console. Through the good otfices of
EMI Abbev Road’s Ken Townsend
and John Jarrett of EMI’s Central
Research Laboratories in Hayes, full
facilities were made available to me
to look over, and see in operation,
this unique console. Prior to
describing the console, though, the
first question | asked ot the trio of
designers—John Richards, Ilan
Craven and Richard Fairhead—was,
how long ago was the project
formulated?

The answer of late 1975 as the
period when the original idea of
producing a totally digital mixing

console was first mooted at the
Central Research Laboratories in
Hayes, rather surprised me.

Although digital matters have been
to the tore in the minds of designers
over the last five or so years, 1975
seemed a remarkably early stage in
the digital technology stakes 10
embark on such a radical and
technically advanced project.
Accordingly, | would have expected
the project to have been a much morce

At this year’s New York AES Convention the design
team which produced the EMI digital multitrack
recording console presented a paper detailing the

specification and configuration of

this unique

console. Noel Bell visited EMI Abbey Road recently to
see the console and here reports his findings.

recent research task. However, it
transpires that the project’s
feasibility study was carried out at
this early stage, and satisfied as to the
projects viability, work then
commenced on formulating the
original design concept of the console
in early 1976. Rapid progress was
made and by the middle of that year
design work reached the stage where
a start on the design of the console
itself could proceed. Design and
construction then proceeded over the
following three vears, during which
time many problems were met and
solved. The console finally became
operational in November 1979 to the
immense satisfaction of all
concerned. With such a radical and
technologically advanced design
project there were naturally teething
troubles, however, by April 1980 the
design team were satisfied as to the
operational functioning of the
console and it was moved lock, stock
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and barrel from Hayes to EMI Abbey
Road for field trials.

From the very beginning of the
project, the central idea ot the design
team was to produce a multitrack
digital mixing console. Whilst this
was the prime aim other factors
which affected the actual operational
design as produced included the
requirement that the console be of
modular construction to aid
maintenance; that it be capable of
software control; that it be
automation ready; and that it be
suitable for easy utilisation by
engineers used to analogue
multitrack consoles.

Seen in the flesh, the digital
console comprises a 16 input, 8
output, 6 group desk with dedicated
signal processing hardware and
software control. As installed at
Abbey Road, the console with VDU
display unit and software keyboard
terminal is housed in one
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room—together with its associated
EMI digital tape machines, Quad 303
power amplifiers, and Tannoy
Lancaster monitors—while in an
adjacent room is situated the
console’s realtime processing
hardware, central processing unit,
and floppy disk and hard disk
memories. Fig 1 illustrates the basic
configuration of the EMI digital
console system, and details the signal
path. Referring to this it can be seen
that there are four main parts 1o the
system—namely the dedicaied
realtime signal processing hardware,
the central processing unit with hard
disk and floppy disk drives, a
QWERTY Kkeyboard terminal and
video display unit, and the console
itself.

The dedicated realtime digital
signal processing hardware takes up
two 19 rack units, is of totally
modular construction, and operates
on 16-bit data words at a sampling
frequency ot 50kHz. The available
functions which can be handled
include remote gain control of
analogue mic line amplifier inputs;
A/D conversion; routing, gain and
pole control; digital equalisation;
track, group, solo, monitor, cue,
reverb, etc; selection; digital output
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interfacing; and D/A conversion for
analogue outputs. The decision (o
utilise this system of digital signal
processing has the following
advantages: it allows direct
interfacing to EMI’s digital tape
machines; it allows for greater
flexibility, eg in filtering; and it
allows upgrading of the system (o be
carried out relatively simply. A
further advantage is that
maintenance is simplified as an
additional feature of the hardware is
the provision of a self diagnostic

computer controlled maintenance
facility which is under software
control.

Moving on to the 19in rack
housing the central processing unit
and disc drives, this section of the
system comprises a Data General
Eclipse S$200 mini-computer, a
character generator for the system’s
colour video display unit, two floppy
disk drive units, and a hard disk drive
unit. The hard disk has five
Megabytes of lixed memory and a
further five Megabyte of memory
which is removable. These console
control elements utilise the hard disk
for program and daia storage
(additionally the hard disk may be
used as a scratch arca for automation
data, although the console is at
present non-automated) while the
floppy disks are utilised for long term
storage of remix data. Using the hard
disk as a scratch acea allows a
number of trial mixes to be handled,
‘optimum’ results are then (rans-
ferred and stored on floppy disk.

As the console is software
controlled with the software defining
the way in which console controls
operate, redefinition of the software

can change the operational facilities
of the console. This facility of
software changes implemented
through the use of interchangeable

Central processing unit and disk drives (left),

realtime processing hardware racks (right)

p——————
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floppy disks, therefore allows easy
expansion and upgrading of the
system (including in the future,
totally automated remix facilitiesand
a wider choice of VDU display
formats). An advantage of this
format is that engineer personalised
floppy disks can be produced
atlowing individual engineer’s
preferences in the choice of control
operation and equaliser parameters
to be simply accommodated. For
example the channel solo facility may
cancel any previous selection, or may
be used to build up separate submixes
depending on the software choice.
Similarly, the console’s equalisation
and filter characteristics are also
under changeable software control.

Turning now to the console, or
perhaps a more accurate description
would be the ‘control console’, this
consists of a control surface which
sends digital commands (o0 and
receives display data back from. the
central processing unit. This console
is not a console in the usual analogue
sense of the word as with the
exception of the recording engineer’s
talkback system, no audio signals,
either analogue or digital, are present
within the console itself. All aadio
processing being handled by the
dedicated realtime processing hard-
ware, which is fed the console
commands and interpreted software
controlled functions by the central
processing unit. As such the console
is accordingly more a control console
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EMI console

than an actual audio mixer. Fig 2
illustrates the basic layout of the
control surface and from this it will
be seen that its layout is modular, the
modules plugging into a duplex buss
system with the units having their
own ‘firmware identity’, allowing the
control surface to be readily
reorganised simply by plugging the
modules into different positions.

Prior to describing the individual
modules, it is perhaps worthwhile to
describe the console’s specification
and to give an indication of tle
facilities available in each channel.
There are 16 input channels which
can select either or four analogue or
four digital programme sources with
level control. Each channel has
access to six second order equalisers
(nominally high/lowpass filter,
high/low prescence, and high/low
tone). Channels 1, 2, 15 and 16
having pre and post equaliser
patching facilities. Each channel also
has a channel fader and the mixer has
quadraphonic channel routing and
pan to track/monitor/group busses,
channels 11 to 16 acting as grouping
channels, while channels | to 8 only
can be routed to the monitor busses.
Additionally there is a reverberation
level and routing unit (post fader)
and a cue level and routing unit
(switchable pre/post fader). The
8-track monitor channels can select
either an analogue source or two
digital sources capable of A/B
8-track line input/8-track line output
tape monitoring with level control.
Additionally the mixer has
quadraphonic routing and pan to the
monitor busses.

The monitor amplifiers have a
selection of 2- and 4-channel inputs,
including monitor busses (via 4-track
fader); track outputs 1 to 4; tape
machine line out (1 to 4);
reverberation busses | and 2; cue
busses I and 2; two channel aux
inputs; and two channel disc inputs.
Other facilities include eight track
output busses; six group busses; four
monitor busses; two reverberation
busses; and two cue/sync cue busses.
Special functions which are available
include track monitor ‘stereo fader’
link; display title assignment; and cue
2 pre/post fader. The mixer has four
record/replay interfaces for use with
two EMI stereo digital tape machines
plus the facility to feed a multitrack
digital machine. At present the
console feeds EMI’s 5-track/channel
format stereo machines, but will
soon be utilised with the EM1/MCI
2-track/channel format stereo digital
machines (delivery of which are
scheduled for the near future).

A prime design requirement for the
control console, which has
influenced the console layout and
module configuration, was the
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requirement that control and console
display be flexible, with the provision
that automation of all control
functions including equalisation be
possible. Because of this design
criterion 7-segment indicators are
used rather than engraved legends,
and the control and display functions
are kept distinct, enabling the central
control processor to update any
displayed values without recourse to
servo movement of controls or ‘null
indicating’ arrangements. This latter
function has entailed the replacement
of locking push-buttons, fader knobs
and rotary switches with stepped
rotary encoders, incrementing or
decrementing keys, and in the case of
faders a continuous belt drive
encoder.

However, to return to the console
modules, or initially the meter panel,
the topmost area of the console
contains two items. To the left an
LED display panel which indicates
the number of the assigned channel
(more on this later) and centrally
placed an LED meter display for
analogue channels | to 8and 9to 12.
These being switchable VU or peak
responding (true responding peak,
not PPM!). Additionally, to the right
of this area is the engineer’s talkback
mic.

Below the meter panel we come to
the modules proper. Top left is the
source selection module with
switches for mic, rep I, rep 2, sync,
group, digital, overdub, eq, solo,
pole, and mute plus LED indication
of selections made. Next is the
equalisation section comprising three

modules termed tone, presence and
filter. These modules are based upon
the facilities provided in existing
analogue EMINEVE and EMI
consoles. The eq sections utilise
incrementing or decrementing ‘up’ or
‘down’ keys to alter the display
indicators, the displays for each
second order eq section showing lift
(or cut) in dB on a 2.5-digit display
and frequency on a 3-digit display
with a Hz/kHz indicator. The
displays have a resolution of 0.1dB
for level setting and a maximum
resolution of I1Hz for frequency.
Additionally the frequency display
can also read ‘off’ in which case the
equaliser is bypassed. The display
content and number of steps are
programmable (maximum 64 steps of
gain, 32 steps of frequency) and this
complements the flexibility of the
processing hardware.

Referring to the frequency
response shapes of the equalisation
the design brief was to mimic those
provided by simple passive networks
using a reactive component for step
(shelf) responses and two reactive
components for resonant responses.
As the console’s equalisation is under
software control this allows the range
of operating frequencies and
equaliser shapes to be determined by
the central control processor and two
modes of equalisation (pop and
classical) have been provided.

The tone module provides hf and If
equalisation. High frequency centres
are 2.7, 3.9, 5.6, 8.2, 11, and 16kHz
with lift and cut being either + 18dB
in 2dB increments in the pop mode or

+10dB in 1dB increments in the
classical mode. Low frequency
centres are 68, 100, 150, 220, and
330Hz (plus off) in both modes. The
presence module is again split into hf
and If sections with switchable high
or low Q. The hf section has
frequency centres of 1.5, 1.8, 2.2,
2.7, 3.3, 3.9, 4.7, 5.6, 6.8, and
8.2kHz (plus off) in the pop mode
and 0.56,0.82,1.2,1.8,2.7,3.9,5.6,
8.2, and 12kHz (plus off) in the
classical mode. The If presence
section is identical for both modes
with frequency centres of 220, 270,
330, 470, 560, 680, 820, 1,000 and
1,200Hz (plus off). Finally, the filter
module has lowpass and highpass
filters which mimic Butterworth
filters. The lowpass filter being
12dB/octave with cut off frequencies
of 3.9, 5.6, 8.2, 10, 12, and 15kHz
(plus off), while the highpass filter is
12dB/octave with cut off frequencies
of 47, 68, 100, 150, and 220Hz (plus
oft).

Continuing across the console,
next is the channel routing module
with track, group and monitor
routing buttons plus a 1-8 keypad
and LED indication. The same
module also has a quadraphonic pan
LED matrix with associated
left/right and front/back pan
buttons. Alongside this module is the
track monitor routing module which
has an identical quadraphonic pan
section, plus |-4 keypad buttons and
monitor level fader with an adjacent
LED level column. Far right of the
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New realms of expression
from MXR.

The Pitch Transposer is MXR's newest addition to our
professional line. It is one of our most innovative
products, and possibly the most revolutionary signal
processor in the music industry today. It is a unique.
high-quality unit which provides a cost effective and
flexible package for today's creative artists.

The Pitch Transposer extends your musical boundaries
by creating live instrumental and vocal harmonies. It
has 4 presets which allow the artist to predetermine thé
intervals to be processed. Transposed intervals can be
preset anywhere from an octave below to an octave
above the original pitch. The chosen interval is
activated by means of touch controis or a rugged
footswitch. LED indicators display which of the four
presets has been selected.

A mix control is provided, enabling the unit to be used
in ane input of a mixing console, or with musical
instrument amplifiers. A regeneration control provides
for the recirculation of processed signals, creating more
and more notes, depending upon the selected interval.
This results in multitudes of voices or instrumental
cherds. An entire new range of sound effects and
musical textures, unattainable with any other type of
signal processor, is suddenly at your fingertips.

With many other pitch transposition devices a splicing
noise, or glitch, is present. The MXR Pitch Transposer

renders these often offensive noises into a subtie
vibrato which blends with the music. and s, In some
cases. virtually inaudible. The result is a processed
signal which is musical and usable

We have been able to maintain a high ievel of sonic
integrity in this most versatile signal processor. The
frequency response of the processed signal is beyond
10 kHz, with a dynamic range exceeding 80 dB.

A micro computer based dispiay option allows the user
to read the created harmonic interval in terms of a pitch
ratio, or as a musical interval {in Falf steps). This
unigue feature allows the pitch to be expressed n a
language meaningful to both musicians and engineers.

We designed our Pitch Transposer as a practical
musical tool for those actively involved in creative
audio. It reflects our commitment to provide the highest
quality signal processors with the features and
performance that will satisfy the creative demands of
today's musical artist. See your VXR dealer.

Atlantex Music, Ltd., 34 Bancroft Hitchin, Herts.
SG51LA, Eng., Phone 0462 31513, Tix 826967
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EMI console

top row of modules are two
cue/reverb modules with cue level
and routing plus reverb level and
routing.

Moving down to the middle row of
modules, these comprise the input
channel modules with the control
room monitor panel centrally placed
between input channels 1-8 and 9-16.
Each input module has two input
channels with LED indication of
channel status together with a
stepped rotary encoder to adjust
input sensitivity. Input sensitivity is
displayed on a 7-segment display
with the display range and step size
being governed by the input selection
made on the source module which is
assigned to that particular channel.
The step size is 2.5dB for analogue
inputs with a range of —57.5dB to
+20dB for microphones and
—17.5dB to +20dB for line inputs,
and for digital inputs the step size is
6dB with a range of —18dB to
+ 18dB. Additional facilities on the
input channel are eq and solo LED
indication and input level metering in
the form of a column of 15 LEDs.
This LED column has one high
intensity red LED, three red LEDs,
and 11 green LEDs and is an all
digital, peak reading meter with
an  instantaneous  attack and
smoothed decay. An unusual feature
of the meter isits capability to display
‘digital gain’ overloads due to
insufficient input gain headroom.
When such a situation occurs the red
high intensity LED only illuminates
and warns that the most significant

bit(s) of digital audio data are being
truncated.

The control room monitor module
features level controls for stereo and
quadraphonic monitoring plus the
usual selection of monitor and meter
source selector switches.
Additionally there is a 4-track fader
on the monitor busses. The full
facilities are detailed in the console
specification above under the
monitor amplifier section.

The front row of console modules

comprises the fader modules laid out
in duplicate fashion to the input
channel modules, plus the assign and
talkback modules which are centrally
placed. The fader modules each have
two channel faders with the faders
being continuous belt faders which
drive an encoder. Alongside the fader
isanilluminated LED which displays
the position of the fader. The
illuminated LED tracking the fader
as it is moved and locking-out at the
end stops. A similar arrangement is

(I to r}) module layout of the control console

(see Fig 2 and text for detailed description)
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utilised for the cue/reverb module
level controls the only difference
being that here rotary controls are
used.

The talkback module is the only
part of the control console which
actually has audio signals present and
features the usual cue, send and
studio controls.

The assign module features a
keypad labelled 1 to 16 plus a further
button labelled SF. This SF key being
used to select several special
functions. When pressed a ‘menu’ is
written in the message area (lower
right hand part) of the VDU display
and the 16 key pad may then be used
to select the required function,
whereby either the menu is cleared,
or prompts for interactive dialogue
via the ‘QWERTY’ keyboard are
given. Functions currently available
include ‘save’ and ‘restore’. ‘Save’
storing the total status of the desk in a
user designated disk file. ‘Restore’
then being used at any later date to
restore the exact status from any
nominated disk file. Incidentally the
‘restore’ command only takes
approximately 2s to execute.

A feature of the control console is
the extensive use of assignable
controls. Assignment being available
for the following modules, source,
tone, presence, filter, channel
routing, track monitor routing, and
cue/reverb. Accordingly, all the
facilities which are used either during
session set-up, or which are in-
dividually adjustable during a session
are provided with a set of controls
which can be assigned to any one
channel at a time. The controls and
not the audio processing hardware
being assignable.
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CHANNEL FACILITIES

MIC INPUT:

Unbalanced
Floating

(+ 48V Phantom)
20 dB Input Pad

LINE INPUT:

Unbalanced

EQ TREBLE:
Fixed Baxandall
3 Switched Fregs.
Sweepable

MID FACILITIES:
Fixed Frequency
3 Switched Fregs.
Full Parametric
(with Q control)

BASS FACILITIES:
Fixed Baxandall
3 Switched Fregs.
Sweepable

~
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No. of Channels Required

Transformer Balanced
Electronically Balanced

Transformer Balanced
Electronically Balanced

No. of MID CONTROLS:

High Filter

Low Filter

Faders 104mm CP

60mm Carbon

No. of Auxiliary sends

required (0-6)
ON/OFF
PRE/POST

Channel Prefade Insert

PFL FACILITIES:
Standard PFL

Separate Groups
In-Line Format
No. of Groups (1-32)
No. of Auxiliary Sends on
Groups (0-4)
Conductive Plastic
Faders
Carbon

METERING:
Peak Program Meters
Full spec VU Meters
Budget VU Meters
LED Peak Bar-Graph

OTHER FACILITIES:
E VCA Sub-grouping

Limiters
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Progressivé Electronic Products Ltd.,
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EMI console

When a channel is selected on the
assign module, the LED display
panel on the control console’s meter
panel and the console’s displays of all
assignable controls in the relevant
modules instantly change to indicate
the control status of the selected
channel. At this point any updating
of that particular channel may then
be carried out.

The use of assignable controls and
the method of display and channel
update outlined above, does
however, cause a display problem of
channel status for the remaining 15
channels which have not been
selected. This problem has been
solved in two ways. Firstly, each
channel input module monitors the
signals on the control buss and
displays abridged information on the
status of its particular channel via an
LED display. There being 13 colour
coded LEDs which continuously
display status, indication being
available for eq, solo, mute, cue I,
cue 2, reverb 1, reverb 2, overdub,
pole, digital, group, mic and line.
Secondly the channel status
information is displayed on the
colour VDU, a typical display being
shown in fig 3. Information
displayed includes input/output
routing and track assignments.

An additional facility of the EMI
system is the provision for some
normally assignable controls to also
be provided in dedicated form. For
example 10 have equaliser controls
always active on certain channels.

Typlcal VDU display

P

AN R

Control desk with VDU and QWERTY keyboard beyond

This is achieved through the control
console’s modular format where
duplicate or multipie modules may be
inserted, so that it is possible to have
any mixture of assignable, dedicated
and duplicated modules. The only
factor influencing module
configuration being the availability
of a physical space for any additional
modules. As detailed earlier as long
as there is physical space for a

STUDIO SOUND, DECEMBER 1980

module, any module with the
firmware identity of a particular
channel may be inserted. When
assigned to that channel, either
assigned or dedicated modules will
effect control and both will give cross
indication of the correct display data.
A further feature of the EMI
system is its ability to detect operator
errors. Errors which can occur being
‘illegal’ routing combinations. For
instance, as only channels 11 to 16
can act as grouping channels, but the
same assignable controls are used on
all channels it is possible to ac-
cidentally select inappropriate
routing. Similarly, as some of the
coptrol console’s keypads are multi-
functional, eg the same keypad is
used to select track outputs -8,
group busses 1-6, or monitor busses
1-4; selection of groups 7 or 8, or
monitor 5 to 8 would be errors.
However, the central processing unit
is ‘aware’ of the hardware layout and
it can query any dubious operator
commands via error messages which
are displayed on the VDU.
However, enough of the facilities,
what of the system’s performance.
The EMI digital console uses 16-bit
processing at a sampling frequency
of S0kHz. Frequency response is
20Hz to 20kHz +0.25dB and is
governed by the performance of the
anti-aliasing filters, reconstruction
filters, and A/D and D/A conversion
equipment. At present A/D
conversion is by an on-board ranging
system using a 12-bit mantissa and
2-bit exponent, je 15-bit (12 + 2) and
is the same system as used in the EMI
and EMI/MCI digital tape machines.

www americanradiohistorv com

(Eventually it is intended that [6-bit
linear A/D convertors will be used
but a present these are not felt to be
economically viable). In order to
facilitate 16-bit processing the A/D
conversion card converts the 12 + 2
digital input to a 16-bit fixed point
word. All subsequent processing
including D/A conversion being
16-bit.

Dynamic range of the system is
90dB with total harmonic distortion
(peak level) being 0.03%. Peak signal
to quantising noise ratio is 72dB with
the amount of headroom above
normal line level being 18dB.
Channel idle noise for a terminated
line input (all controls flat, — 17.5dB
input level sensitivity, fader at
maximum) is —87.5dB. All the
inputs to the console are balanced
bridging transformer coupled with
provision for phantom powering of
mics, while all outputs are balanced
transformer coupled. These
performance specifications all
referring to the analogue input to
analogue output performance.

Looking to the future, the EMI
design team propose that the present
EMI digital console be improved by
the provision of further facilities.
Essentially improvement would be
achieved by revising the console’s
operational software so that totally
automated remix facilities could be
made available, and additionally it
would be possible that a wider choice
of VDU display formats be made
available. With regard to additional
console modules, it is proposed to
produce modules which would allow
remotely programmed outboard
equipment to be controlled from the
control console, thus allowing
outboard units to be integrated into
an automated remix.

Finally, it is worth pointing out
that this particular EMI digital
mixing system is unlikely to be more
than a one-off model. As a prototype
digital mixing system it has proved
conclusively that digital mixing and
transfer facilities are operationally
viable. The current evaluation of the
console being carried out at EMI
Abbey Road will help decide the
targets for equipment performance,
reliability, ergonomic design and
system flexibility which future
generations of EMI digital studio
equipment will follow. As a
fascinating pointer to the future the
EMI digital mixer opens up entirely
new vistas leading eventually, no
doubt, to the all-digital studio. The
prospect of a totally integrated all-
digital studio complex, where digital
signals are routed and transmitted
through a centrally placed hardware
processing unit with operational
control wherever required, is not a
too distant possibility. The current
EMI investigations into digital audio
technology could well indicate that
EMI will be the first to produce such
a complex. However, it remains to be
seen what the future will bring.
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Designing a professional

mixing

Part Four

The Mixer Front-End

Like a sausage machine, a console
is expected to accept any scraggy
fodder in the way of input level and
impedance whilst producing a nice
uniformly consistent output capable
of being deposited in the tightly-
defined container that is a tape track.

Fortunately, industry standards
provide at least some clues as to what
mixers are likely to have stuffed up
them. Nevertheless these standards
can obviously do nothing to alter the
physics of the operation of the
assorted transducers and sources
used and the disparity in the
treatment required for say, a
dynamic mic and a tape machine
output totally precludes a ‘universal’
input stage.

Mixer front-end design tends to be
a little like working on a grown-up
jigsaw puzzle where all the important
pieces perversely refuse to fit. It’s
really delightful to find some that fit
beautifully — as in line-level input
stages. This euphoria is ground away
by the problems inherent in other
areas — notably mic inputs.

Optimising noise performance in a
dynamic microphone preamp is a
performance, juggling a seemingly
endless number of variables. A
dynamic mic may be represented (a
little simplistically) as a voltage
source in series with a fairly lossy
inductance representing an impe-
dance midband typically of between
150 and 3002 (fig 15) Being a trans-
ducer and, of necessity, mechanical
in nature, many complex varying
motional impedance effects contri-
bute to the overall scene, but for most
design purposes the specified electri-
cal analogue suffices. The low impe-
dance is primarily to mitigate high-
frequency attenuation effects due to
inevitable cable capacitance, which in
practical circumstances mounts up to
horrifying values of capacitance that
the transducer must drive along with
its load. Unfortunately the impe-
dance is not low enough that it may be
treated as a pure voltage source; there
exists a tiny signal at a finite impe-
dance that must be daintily ferreted
out for optimum performance.

The jigsaw commences. Textbooks
on electrical theory quite correctly
state that to extract maximum power
from a given source the optimum
load is equal in value to the source im-
pedance matched. This however, in
the instance of a dynamic micro-

phone, is of doubtful (if any) value —
OK, we’ve squeezed all the energy
possible from the generator but to
what end? Given that electronic
amplifiers of the type useful in low-
noise applications are of relatively
high input impedance (ie voltage
amplifiers) and that the terminating
resistance that largely defines the
microphone’s load is in fact dissi-
pating most of our hard-won power.
It is the source’s output voltage
capability that is of greatest value,
not the power. So as can be seen in
fig 16, ‘matching’ does a very effec-
tive job of sacrificing 6dB of signal
level which naturally has to be made
up in the succeeding amplifier. This
does not imply that the noise perfor-
mance is 6dB worse than possible
since the source impedance as seen by
the (assumedly perfect) amplifier is
now a parallel of the mic and it’s
matching load, hence half the value
of either. The thermal noise
generation of this combined source is
consequentially 3dB less, hence the
noise performance is only degraded
3dB by such a termination. Still, who
wants to throw away a good 3dB
before we even start hassling with the
amp?

Another good reason for not
terminating with an equal or any
fairly low resistance is the effect on
microphone response and subjective
quality. Having an inductive charac-
teristic, the dynamic microphone
capsule has an impedance that rises
with frequency, predominantly at
high audio frequencies where the
inductive reactance of the source
becomes large with respect to the coil
winding resistance. When terminated
with a relatively low resistance, the
complex impedance of the capsule
and the termination resistor form a
single-order 6dB per octave lowpass
filter, gracefully rolling off the top.

Combine that with a fairly hefty
cable capacitance and you may delete
the ‘gracefully’, since the complete
network now looks like a rather lossy
second-order filter. Still, regardless
of termination method, we’re stuck
with cable capacitance — it’s always a
consideration.

All right. No termination resistor.
The way to go is obviously as high a
termination impedance as possible —
but oh-oh, jigsaw time.
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Optimum Source
Impedance

Amplifiers are not perfect. For noise
criteria, the first device that the signal
hits in the amp is the key one since the
noise it generates usually masks, by a
large margin, noise due to all
succeeding stages.

All practical amplifying devices are
subject to a variety of internal noise
generating mechanisms including
thermal noise generation, and this
when measured gives rise to some
important values, namely input noise
voltage and input noise current.

For the most part, ordinary bipolar
transistors are used as front-end
devices both in discrete designs and
op-amp IC packages so much of the
following is specific to them.

These noise voltages and currents
alter in both magnitude and ratio to
each other with differing electrical
parameters, especially collector
current. Predictably, as this current
decreases, so does the noise current
(most of the noise is due to minor
random discontinuities in device
currents) and so the ratio between the
noise voltage and current — or noise
impedance — may be altered.

Thermal noise generation is
common to all resistive elements, its
amount being related to temperature
and the bandwidth across which it is
measured, an increase in either
increasing proportionally the noise
power generated. Under identical
circumstances the noise power
generated by any values of resistance
is the same — differing resistor values
merely serve to create differing ratios
of noise voltage and noise current,
the product of the two always
equalling the same noise power. This
particular noise phenomenon is
totally unavoidable, it being the
nature of atomic structure that when
things get hot and bothered they
grind and shuffle about randomly,
creating electrical disturbances white
in spectra (ie equal energy per band-
width).

Even the real (resistive) part of the
complex impedance of a dynamic mic
generates thermal noise and this
ensures that there is a rigidly defined
noise value that cannot be bettered.

The difference between the noise
floor defined by this thermal noise

www americanradiohistorv com

Steve Dove

and the measured noise value of a
practical system is known as the
Noise Figure (NF) and is measured in
dB. The noise output from a resistor
is predictable, so a direct comparison
of the noise voltage measured at an
amplifier’s output from a resistor
applied to the amplifier input and the
noise voltage expected of the resistor
on its own is possible just by simply
subtracting the measured gain of the
amplifier. A measure of NF.

An interesting effect occurs when,
with any given set of electrical
parameters set up for the amplifier
front-end device, the source resis-
tance is steadily changed in value. A
distinct dip in the NF occurs, see fig
17, and the value of resistor at which
this dip occurs changes as the device
parameters are changed (collector
current primarily). For the usually
predominant noise mechanism (ther-
mal noise) a minimum NF occurs
with a tiny amount of collector
current (say S to S0pA) and a high
source resistance (50kQ up). Without
diving into the mathematics, the
nulling is balancing interaction
between the external noise source and
the internal voltage and current noise
generators.

There is another major noise
mechanism inherent to semiconduc-
tors, however, which is low fre-
quency or If noise — a burbly,
bumping type noise caused by the
semiconductor surface generating
and recombining sporadic currents
— most prevalent in ‘dirty’ devices
but present toa degree in all. It is sub-
jectively apparent and has to be
considered. Measured alone, If noise
has its own set of collector current
and source resistance nulls, usually
far higher in current and lower in
resistance than for thermal noise.

A compromise has to be struck. To
make a generalisation, 100uA and
10kQ for a typical low-noise PNP
transistor seem about right. (PNP
transistors are common in this area
due to marginally better If figures
over NPN types.)

The source resistance value is that
at which the device is optimally quiet
for audio purposes and is known
(surprise) as the Optimum Source
Impedance. Incidentally, this
impedance has absolutely nothing to
do with the kind of circuit configura-
tion the device may be in — whether it
be in a common-base amplifier with


www.americanradiohistory.com

GG, 15

SIMPLISTIC  MODEL
COIL
RESISTANCE

Vs

-

OF A DYNAMIC MICROPHONE

INDUCTANCE

COIL

PPROX
20062 MIDBAND

4

an input impedance of 50Q or in a
totem-pole front-end with bootstrap-
ping and a consequential input impe-
dance of over 10MQ — it doesn’t
matter. The source impedance for
optimum noise performance stays at
10kQ, or whatever, provided the
collector current is the same in all
cases. Optimum source impedance
has nothing to do with input
impedance.

This optimum impedance varies
dependent on the type of input device
used. For a field-effect transistor, the
noise figure typically obtainable
drops to an amazingly low value but
unfortunately at an impedance of
several dozen MQ. Even supposing it
was practicable to provide a source of
that magnitude the whole arrange-
ment would be so sensitive to any
electromagnetic fields (such as RF)
that even tiny amounts present would
obliterate the noise advantage. The
design and construction of capacitor
microphones using FET front-ends
highlights the hazards. The end
results, more often than not, show
such capacitor mics to be several dB
noisier than a well-designed dynamic
microphone/front-end combination.

Good bipolar transistors have
OSls in the region of 5 to 15kQ,
whether discrete or as part of an IC
amplifier package. Ah! A piece of
jigsaw that actually fits! By happy
accident, these values closely
coincide with the source resistance
value that provides for optimum flat-
ness of device transfer characteristics
which helps a long way towards best
frequency and phase linearity, hence
stability in a typical high negative-
feedback amp configuration.

Fig 18 shows the eftect of altering
the source impedance into such an
amplifier (using a conventional
bipolar transistor input device} on
output frequency response. The drop
is due to the excessively high source
impedance reacting against the device
base-emitter and wiring capacitances
to form a lowpass filter. The hf kink
is a practical effect of the curious
mechanism described last time, ie
when a bipolar transistor is fed from
an impedance approaching zero, its
high frequency gain/bandwidth
characteristic extends dramatically,
radically altering the phase margin
and consequentially the stability of

an amp designed and compensated
for more ordinary operating
circumstances. The kink is a
resonance within the amplifier loop
caused by erosion of phase margin
resulting from this mechanism, being
only a very short step from
oscillation.

As can be seen from the sketch
graph, the response is maximally flat
at a source resistance of around
10KQ, about the same value as the
OSI for noise performance.

A problem to reconcile. Our
practical source impedance is
nominally 200Q for a dynamic

microphone. The OSI for the best
conventional input devices is around
10KQ2. How do we make the two fit?

Microphone transformers

Please, don’t go away. OK, you’ve
heard some horrible stories about
how nasty they are, but properly
designed and used they do offer a
good solution to the impedance
matching and other problems.

Simplistically, a transformer is a
magnetically soft core around which
are two windings, the voltage ratio
between the two being equal to the
ratio of the number of turns on them.
The impedance ratio is the turns ratio
squared (eg a 10:1 turns ratio
corresponds to a 100:1 impedance
ratio) because power output cannot
exceed power input and if the voltage
is stepped up 10 times, the output
current must be stepped down 10
times. Impedance, which is the ratio
of wvoltage to current, is
consequentially the square of the
transformed voltage or current ratio.

Given this, it is a simple matter to
calculate the ratio necessary to match
the microphone impedance to the
OSI that is actually being used and to
a much lesser degree on the actual
impedance of the microphone
intended for use. Since few peopleare
intense enough about the whole
affair to bother measuring micro-
phones, the assumption that 200Q2is a
good mid-point serves well. The
assumption that most bipolar input
amplifiers have an OSI of between
5k2 and 5Q indicates that the
transformer ratio should lie some-
where between 1:5 and 1:8.7.

Many consoles, notably some
American ones, quite often use
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higher ratios (typically 1:10) environment. Even dynamic capstles

probably in the naive belief that the
noise advantage of a step-up input
transformer stems from the ‘free
gain’ it affords, so the more the
merrier. Although on a basic level it
would seem to make sense that the
less electronic gain you need to use
the quieter the system must be, this
fallacy completely belies the truth
that the transformer merely allows
you to choose and ailter the
impedance at which your amplifier is
optimally quiet. Increasing the turns
ratio makes the amplifier noisier.
Actually the ‘free gain’ can be
more of a nuisance than a benefit. It
is not unusual for mic inputs to
receive transients exceeding + 10dBu
and mean levels of —10dBu
especially in a nasty rock and roll

can deliver frightening levels and this
can pose headroom problems in the
mixer front-end. A typical [:5
transformer has a voltage gain of
some 14dB (at1:10 some 20dB) which
would mean that even with no
electronic gain after the transformer,
normal mixer operating levels are
being approached and exceedad.
These circumstances make worrying
about a dB or two of ncise
performance total nonsense and it
just serves to point out that our poor
mic front-end has to be capable if
not perfectly optimised for, elephant
herds as well as butterflies.
Transformers have numerous
limitations, inadequacies and
problems resulting from their
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physical construction that make their
actual performance differ (in some
respects radically) from that expected
of the theoretical model.

Core material

The heart of the transformer is the
magnetically pliable material into
and out of which the energy is
induced. Virtually any material;
nickel, steel, iron, ferrous derivatives
and substitutes have the same basic
limitations; saturation at a magnetic
level beyond which they are incapable
of supporting further excursion, and
hysteresis — a crossover like non-
linearity at low levels responsible for
a significantly higher distortion than
anything else likely to be found
within a signal path.

These two effects at opposite ends
of the dynamic spectrum mean that
any transformer has a well-defined
dynamic range within which it must
be operated and which is quite less
than the range of levels it would be
expected to pass in use as a mic amp.
This is especially true at low
frequencies where the core is prone to
saturation far earlier. Optimisation
begins here. Is it to be designed for
minimum hysteresis — hence low
low-level distortion (butterflies) — or
with lots of material tolerant of high
signal levels (elephants?).

Winding resistance
Windings are made of wire. Wire has
resistance. Resistance means loss and
lack of efficiency and noise
performance. By the time there are
enough turns on each of the windings
to ensure the inductive reactances are
high enough not to affect in-band
use, the winding resistances can no
longer be ignored.

Winding capacitances

Capacitance exists between any
things in close proximity, and that
includes transformer windings —
between each other, between
adjacent turns and piles in the same
winding and from the windings to
ground. In this given instance it is
nothing but bad news — capacitance

FI1G.19
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between windings means unwanted common to differential signal
leakage and imperfect isolation, passage worsening with increasing
whilst  winding  self-capacitance frequency at 6dB/octave. Electro-

reacts with the winding inductances
to form resonances. Resonances,
even if way out of the audio band,
invite response trouble, also
disturbing in-band phase linearity.
Combinations of these capacitances
greatly affect one of the most touted
advantages of transformers,
Common Mode Rejection (CMR).

Common mode rejection

This is the ability of the transformer
to ignore signals present in identical
amplitude and phase on the two input
legs, not transferring them across the
secondary as differential informa-
tion.

Principally, it is imbalanced
distribution of capacitance along the
length of the two windings, both with
respect to each other and to ground
that makes CMR less than perfect.
Co-winding capacitance has the
effect of directly coupling the two
wiring masses together permitting

static screening (a Faraday shield)
between the windings helps alleviate,
but certainly does not eradicate, co-
winding capacitative coupling.
Further CMR worsening can be
expected even if the two windings are
perfectly balanced with respect to
each other, if the primary winding is
not end-to-end capacitatively
matched with respect to ground. Any
common mode signal from a finite
impedance source (almost always the
case) when confronted with such a
capacitatively unbalanced winding
sees it as being just that — un-
balanced (becoming more so again
with increasing frequency) hence
again transferring input common

mode signals across to become
output differential information
indistinguished from the wanted

input differential source.
Broadcasters particularly are con-

cerned with winding balance, not

only on microphone transormers but
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on line-outpur transformers too,
reasoning that common/differential
transference is as likely to occur at a
source as at an input.

The real thing

Fig 19 gives a better idea of what our
poor little microphone’s signal has
to suffer. The winding capacitances
(Cp and Cs) form lovely resonances
with the inductances, whilst the
transformed-up primary winding
resistance (rp) added to the
secondary’s resistance (rs) merely
serves to increase the microphone’s
effective source impedance, hence
inefficiency.

The frequency response of the
transformer fed from a 200Q source
and measured at high impedance
across the secondary looks something
like fig 20, the If droop attributable to
one or both of the winding inductive
reactances becoming relevant to
signal impedances, whilst the hf peak
is the aforementioned secondary
winding self-resonance. Usually the
primary self-resonance is fairly well
damped by the source impedance but
occasionally added cable capacitance
can play cruel tricks here, too.

‘Zorbal’ network

The mic amp itself, as discussed, has
a pretty high input impedance (MQ
and up) whilst its optimum source
impedance is quite defined at around
5 to 15kQ (if your head still doesn’t
hurt too badly from accepting that
something can simultaneously have
two impedances).

It’s good engineering practice to
consider how the circuit behaves
when the operating impedances are
no longer defined by the mic ie when
it is unplugged. Ordinarily, the
sketch circuit of fig 19, with the mic
disconnected, would probably
scream merrily away in oscillation, as
would any circuit with a high gain,
high input impedance amp termi-
nated only by the collection of vile
resonances and phase shifting
elements that are an open-circuit
transformer. An open-circut impe-
dance-defining resistor (Ro in fig 21)
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of a value 10 or 20 times that of the
amp OSL helps tame this, also
marginally taming the secondary
resonarnce.

There are a variety of techniques
for dealing with this resonance,
varying from pretending it doesn’t
exist through to actually using it as
part of a front-end lowpass filter. The
‘usual’ way is to try to eliminate it as
much as possible passively prior to
the amp, the ‘Zorbal’ network in fig
21 representing a typical approach.
This is a series resistor/capacitor
combination in conjunction with the
open-circuit impedance defining
resistor. They are calculated to
produce a ‘step’ type response (fig 22)
which when combined with the hump
at the hf end of the transformer
response produces a more acceptable
roll off characteristic. Naturally, the
inter-reaction between this network
and the transformer’s complex
impedance is not quite that neat and
tidy, the network capacitance
reacting heavily with the transformer
inductance, shifting the resonance
frequency in the process. It is this
which has led to the misconception
that the capacitance somehow
magically ‘tunes out’ the resonance.

Open circuit stability s
dramatically improved since, as the
sketch response drawing fig 22, here
the network takes an even larger slice
out of the overall hf response,
keeping impedances at the nasty top
end comfortably low.

From another tack, providing the
compensating hf roll-off around a
subsequent amp in the form of
exaggerated feedback phase-leading,
even around the mic amp itself (cf),
has the advantage that the

combination’s noise performance at
the higher frequencies remains
unimpaired by an impedance
mismatch resulting from a passive
network.

Problems result in several areas.
Compensation around the mic amp
becomes limited when the electronic
gain approaches unity whilst com-
pensation around a late fixed-gain
stage means that all stages prior to it,
including the mic amp, have head-
room stolen at the frequency of the
resonance and to a degree of the
magnitude of the resonance. This
may or may not be a problem depen-
dent on how far the lower side of the
resonant curve invades the audio
band.

The passive method reduces the
magnitude of the resonance, the
ultimate lowpass roll-off slope being
that of the hf side of the resonance
(which more accurately is a lightly
damped LC lowpass filter anyway)
which is some 12dB/octave. The
active method uses an additional
6dB/octave curve in the compensa-
tion making a total 18dB/octave, but
relies on the resonance being of a
manageable quantity to begin with.
Consequentially, a measure of both
techniques is usually required, their
balance and relationship being a
long, long experimental process to
optimise — for each different type of
transformer at that, too.

This enforced filtering is of con-
siderable advantage, helping to keep
all sorts of unwanted ultrasonic
garbage from finding its way into the
mixer, and represents a major
advantage of transformer inputs over
solid-state varieties.

Further advantageous ‘filtering’ is
the falling source impedance seen by
the amplifier at extreme If due to the
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winding inductive reactance reducing
with frequency — this definitely
helps combat the generation of excess
If noise.

There are regretttably two
different amplitude response curves
to be considered: one, the normal
differential input, we have fairly
thoroughly determined. The second,
by virtue of its mechanism relying on
imperfections within the main filter
element itself — the transformer —
rides completely roughshod over and
oblivious to our carefully calculated
filter responses. Common mode
unrejected signals still appear at the
amplifier input as if nothing had
happened. Sick, isn’t it?

Input impedance

As we determined earlier, we would
end up with better noise performance
and cleaner sounds if the microphone
looked into a high, preferably in-
finite, impedance. Preferences apart,
we have already had to define the
reflected load (input) impedance by
the resistor needed to keep the front-
end stable under unplugged condi-
tions (Ro) but at least it is an order of
magnitude and above working
impedances so its effect is small. It
does, though, act as part of an
attenuator of input signals along with
the source impedance and winding
losses (fig 23). This is the major
factor responsible for worsening
front-end noise performance using
transformers any attenuation
before the optimised amp directly
degrades the noise figure, typically
between 1dB and 6dB dependent on
the transformer.

If the transformer was perfect, it
could be assumed that the reflected
impedance as seen by the microphone
would be constant over the audio
band — wrong! At the If end (fig 24),
the diminishing inductive reactance
(it tends to zero with frequency)
becomes a term of greater impor-
tance, affecting parallel impedances,
attenuation, and hence efficiency.
Winding self-capacitances and the
passive compensation networks are
largely to blame for the hf droop
although the list of contributing
mechanisms is nearly endless.

A good rule of thumb is that the
midband input impedance should
exceed 10 times the source impe-
dance, say 2KQ. Any wild variation
in this impedance is obviously going
to result in frequency and phase
response aberrations this is
probably the greatest single
drawback to transformer front-ends.

Attenutator pads, regrettably
necessary in many instances to pre-
serve headroom and prevent core
saturation with ‘elephant’ sources
should maintain expected operating
impedances when introduced. The
transformer primary should still be
terminated with a nominal 200Q
whilst the microphone should still
look at 2KQ or above. Departure
from these will cause the micro-
phone/ amplifier combination to
sound quite different when the pad is
thrown in and out, as would be
expected from altering source and
load impedances and complex filter
characteristics.

Transformerless
front-ends
Bringing the amplifier optimum
source impedance down to that of
conventional dynamic mics s
possible by means other than trans-
formers. Reducing the ratio of
amplifier-inherent voltage and
current noises has this effect, being
managed by somewhat of a fiddle —
namely paralleling up lots of identical
input devices — maintaining about
the same noise voltage but
proportionally increasing noise
current therefore reducing the ratio
between them (ie noise impedance).
The usual technique is to place two
of these multi-device input front-end
amps ahead of an electronic
differential amplifier, as in fig 25. All
the amplifier gain is made within the
first pair of stages, differentially
cross-coupled. This gain arrange-
ment, rather than referring to
ground, greatly assists theignoring of
common-mode signals. Differential
input signals are amplified since the
reference for each of the two amps is
the other amplifier, tied to an
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identical signal ot opposite polarity.

If the input signals to the two amps
are identical in phase and amplitude
(common) the references for each of
the amps are waving up and down
identically to the signal — there is no
voltage difference for the individual
amps to amplify: presto, no gain. For
ordinary differential input signals,
the amplifiers operate convention-
ally, their ‘ground’ reference being a
zero voltage point half way along the
gain-determining variable resistor.
This point is a cancellation ‘null’
between the opposite sense polarity
swings of the two amps.

These amplifiers feed a conven-
tional electronic diff amp running
(usually) at unity gain, and in order to
maintain stage noise as low as
possible, the resistors are madeas low
in value as the devices can sensibly
stand. Optimisation of impedances is
not necessary since the outputs of the
front-end pair can be assumed to be
feedback zero impedance. This
arrangement is unmistakably a
bastardised ‘instrumentation ampli-
fier' which is a well-documented
circuit configuration, the only thing
of remark being the low impedance

optimised front-end stages.

Although potentially offering far
higher and flatter input impedances
than transformer inputs there are, as
always, hang-ups. Common-mode
signals directly gobble up headroom
in the first pair of stages even if those
are operating as followers and they
are subsequently cancelled in the diff
amp. There is also the great danger
that common mode signals (in
addition to normal differential
signals) can exceed the input swing
capability of the input devices.

RF adores base-emitter junctions,
this configuration giving it lots to
play with. Filtering mic inputs suffi-
ciently without sacrificing noise per-
formance or input device hf gain
(hence hf distortion, etc) is not a
simple task.

Line inputs are commonly simple
differential amplifiers, rather than
unity-ratio transformers, similar to
the one used in the transformerless
mic amp, but with the resistor values
elevated to bring the differential
input impedance up to over the 10KQ
required of a bridging termination
(fig 26). Noise of these stages is
directly attributable to these resistor
values, so the lower the better. An
instrumentation amp configuration
would seem to offer possibly better

performance for noise (the diff amp
resistor values may be small) but
entails the use of undesirable voltage
followers (see Part 3, November
issue) with potential stability
problems, voltage swing limitations
and unprotected (for RF) input
stages. At least with a simple diff amp
the impedances are comfortably low
and the inputs buffered by resistors

from the nasty outside world.

The dc blocking series capacitors
have, unfortunately, to be large in
value to maintain an even input
impedance at the lowest used
frequencies and, being necessarily
unpolarised, physically large and
expensive. A small price to pay,
though, for such adelightfully simple
but important circuit element.

(FIG 26 AN ELECTRONIC DIFFERENTIAL INPUT AMPLIFIER
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Please note that fig 12 was wrongly
included in Part Three of this article
(November issue) and is referred
back toin Part Four. Thereferenceto
fig 12 on page 63 should read fig 13e.
We apologise for this error.
Front-end instability
Altogether the most obscure
potential instability causing effect
relates directly to the behaviour of
the input stage in bipolar front-end
op-amps. The gain/bandwidth
characteristic of the input
differential stage is greatly
dependent upon the impedance
presented to the input, the
gain/bandwidth increasing with
reducing source impedance. There is
the possibility that given an already
critical circumstance, the erosion in
phase margin due to this effect can
cause instability. This can be
mitigated by limiting the
gain/bandwidth excursion by means
of a resistor, typically 1kQ, in series
with the input. Ordinarily, this
would have little effect on circuit
performance but may, especially in
say mic-amps, detract from noise
performance which is largely
dependent on the amplifier being fed
from a specific source impedance, of
which 1kQ would be a sizeable
proportion. However, it's usually
fairly easy to arrange that the IC
doesn’t have a zero impedance at
either of its inputs in the design
stage.

Fortunately, this is a problem that
FET-input op-amps do not have,
owing to the far greater isolation
between the FET gates and their
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channels.

A similar approach to that
proposed for output isolation ie an
inductor rather than a resistor, in
series with the affected input is, on
the surface, an equally good idea.
The inductor’s impedance would be
low at audio (so not affecting noise
criteria significantly) and high at rf
where the low source impedance
phenomenon does its dirty work.
Unless the value is critically defined,
an inductor of sufficient value to
provide a usefully high reactance at
rf is also likely to be self-resonant
with circuit stray and its own
winding capacitances at a frequency
probably still within the gain/
bandwidth capability of the
amplifier. Attempting to solve one
potential instability by introducing a
resonant tuned circuit doesn't really
win many points.

Band limiting

One of the first great superficially
appealing results of using the
enormous feedback inherent from
using op-amps at the relatively low
gain requirements of the audio
world was a close approach to ‘dc-
to-light' frequency response. The
author well remembers hysterical
peals of laughter as a new mixer’s
response was measured as still +0
right to the end of the testing
oscillator's ranges and the badly
disguised puzzled looks and worried
glances when we listened to it.
Those who have experienced
design with discrete circuitry will not

STUDIO SOUND, DECEMBER 1980

be surprised that this source
impedance instability effect is also
the reason emitter-followers were
the most instability prone of the
three basic transistor amplifier
configurations, also that the cure
was the same. Not only does the
series resistor limit the source
impedance before zero, it also acts
together with any pinout and base-
emitter capacitance as a lowpass
filter helping to negate further
external phase-shift that may detract
from stability.

This base source-impedance
instability is quite insidious in that it
can either contribute to instability of
the amplifier loop if it is already
critical or be a totally independent
instability local to the affected
devices—nothing whatsoever to do
with the characteristics of the
external loop.

Most audio signals, especially live
ones from microphones and tape
machine returns with a high bias
content, have present a fair amount
of ultrasonic energy which would
remain ultrasonic if it weren't for
the progressively worsening linearity
and propagation delay of the
amplifier effecting cross-modulation
of these out-of-band signals down
into the audible range. The linearity
worsens because the amplifier’s
open-loop gain is falling rapidly with
frequency enabling less and less
feedback to be used (the feedback
being that which is keeping it linear
anyway) whilst the finite transit-time
of the amplifier becomes a

www americanradiohistorv com

significantly greater part of the
signal's period as frequency
increases, meaning that servo-loop
inaccuracies in the circuit assume
greater proportions in the output
signal.

Slew-rate limiting occurs when the
fastest signal rise-time the amplifier
is expected to pass exceeds the speed
of the fastest stage in the amplifier
giving rise to intermodulation effects
that are dependent upon both
frequency and signal level. A
common subjective result of this
limiting is for the high-end of a
drum-kit to change in character of
sound with differing levels of lower
frequency instruments on which it is
‘riding’. Another favourite is the
‘disappearing snare drum’ in which
again the sound radically alters with
changing level.

So much for the expected result of
‘improved transient response’
through having a wide-open
frequency response. As is now
obvious with hindsight, deliberately
limiting the mixer's input frequency
response to a little more than the
audio band results in an amazing
clean up of the sound. By removing
a lot of the inaudible signals that
cross-modulate within themselves,
and with in-band signals, you
eliminate the cause of much of the
lack of transparency and mush that
had become the trademark of first-
generation IC op-amp consoles.

Despite improved devices, this
remains valid today. By band
limiting the programme signal as

a3
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Mixing console
early on in the chain as possible to
reduce inaudible signals, there is far
less chance of them generating
unwanted audible products. A front-
end single order lowpass filter,
operating in conjunction with all the
other lowpass effects of feedback
compensation arrangements
throughout the console should
provide adequate minimisation of
these products, given modern
devices.

‘Purist’ arguments about the
undesirability of any deliberate
filtering seem rather futile in a world
of real devices and final signal
destinations such as tape (with its
generally anything other than linear
phase and frequency
characteristics), disc (oh, disc), radio
(rapid filtering above 15kHz) or
digital processing/recording (very,
very rapid lowpass filtering to avoid
frequency ‘folding’ or aliasing).

Where to?

Modern console design’s proliferate
use of amplifier elements has
mushroomed in recent years with the
availability of compact and
extremely low cost IC op-amps.
Increasingly complex functional
blocks are becoming increasingly
commonplace—if in order to
improve their electrical and sonic
characteristics it would mean an
increase in size and cost of well over
an order of magnitude would they
still be quite as popular? In the
‘good old days’ of valves it was not
through any lack of expertise that
equalisers even of today’s com-
plexity did not exist, it was just the
size and cost of the concept that
would have made even reckless men
shudder. Also, it is to be noted, they
were not really thought necessary.

Could it be that the next level of
enlightenment in consoles is going to
demand more simple and concise
systems traded for a far higher and
thorough level of elemental
electronic design?

Op-amp theory

Whilst there is no intention of
turning this article into a beginner’s
guide to electronics, a brief
description of the four main
amplifier configurations used in op-
amp circuitry could be useful.
Almost all the circuitry in this series
is based around these four formats,
with very few exceptions, so a
grounding in their characteristics
will greatly facilitate finding your
way around and understanding later
circuits.

The op-amp is a 3-terminal device
(fig 13a) labelled ‘+* ‘-’ and ‘0’.
They are normally operated between
a split or differential rail of some
+151t0 18V, the junction between the
supplies being called OV and tied to
the ground reference. All voltage
and currents are measured and
quoted with respect to this ground.
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For simplicity’s sake power supply
connections aren’t shown.

The ‘0’ terminal is obviously the
output and is normally quite a
substantial configuration capable of
delivering some 20mA of either
polarity, or put another way is
capable of delivering its full output
voltage (a little less than the rail
voltage) into a load resistance of
1k. The ‘+’ and ‘-’ input
terminals are known as a differential
input. If the — input is held steady
at any voltage, and the ‘+’ input
moved from that same voltage in a
positive direction, then the output
voltage will rise positively at a rate
of the input voltage change
multiplied by the op-amp’s quoted
open-loop gain (for a ‘TLO’ some
100,000). Hence for a 10CuV rise in
voltage on the ‘+’ input, the output
voltage will rise 10V. If the ‘+°
input moves negative of the — input
voltage then the output voltage will
go negative with respect to ground,
again by the input voltage change
times the amp’s open-loop gain.

It doesn’t really matter which of
the inputs is held stable while the
other one moves. If the ‘+’ input is
tied and the ‘-’ input moved, then
the output will still move to an
extent determined by the gain but in
the inverse polarity to which the
input is moving. The ‘-’ input is
called the ‘inverting input’ because
the output voltage changes in the
opposite direction to the input,
whilst the ‘+’ is called the ‘non-
inverting input’ because it moves in
the same sense.

The real trick to the op-amp is
this—if the two inputs are tied
together and moved up and down in
voltage, with an idealised unit the
output will remain stationary at
about OV. This is called the common
mode rejection characteristic. It is
only the difference in voltage
between the two inputs that causes
the output to move, to a resultant
voltage of the differential input
voltage multiplied by the open loop
gain.

OK, so now we have an amplifier
with about 100dB gain. Very useful
(ahem!). How do we go about
making it give more usable amounts
of gain, and defining that gain?

Fig 12a shows the basic ‘voltage
follower’. As the ‘+’ input voltage
rises, the output voltage rises also,
pulling up the ‘= input with it. The
output cannot rise too far, though,
or its effect on the ‘-’ input would
be to drag itself down again. A state
of equilibrium is reached where the
‘=" input voltage balances against
the * + " input, therefore maintaining
the output voltage very close to that
of the ‘+’ input. Since op-amp
inputs are of relatively high
impedance, this configuration is
used extensively to buffer critical
circuitry away from a heavy or
widely varying load.

A variation on the follower is the
non-inverting amplifier shown in fig
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12b. Here the output is removed
from the ‘-’ input by an
attenuating voltage divider R1 and
R2. As the ‘+’ input moves, the
amplifier again sets up an
equilibrium between the ‘+’ and
‘=’ outputs as in the follower, only
now in order for the ‘-’ input to
move as far as the ‘+’ input to
achieve the balance, the output has
to swing far enough to overcome the
attenuator. Hence the output
voltage is the input voltage
multiplied by the ratio of the total
feedback network (R1 + R2)to R1.

The inverting amplifier (fig 12¢) is
really the same configuration but
upside down with the input signal
injected into one of the gain
determining resistors.

If the input voltage rises, then the

e

—’ input will try to rise above the
‘+’ input, tied to ground. The
output will drop to pull the other
end of the resistor chain down so
that the ‘-~ input is back in balance
with the ‘+’ input. This way the
amplifier always maintains the ‘-’
input at virtually ground potential.
The output voltage is thus
determined directly by the ratio of
the two resistors (since the bigger a
resistor, the greater the voltage
needed across it to drive the same
amount of current through
it—Ohms law) with the output
voltage inverted with respect to the
input.

Any number of source resistors
can be tied into the ‘-’ input. The
output will generate an equal and
opposite (given, as in fig 12d that all
the resistors arc equal) voltage to the
sum of all the input voltages. The
‘—" input still remains very close in
potential to ground, so any
individual source resistor is looking
at a virtual ground and its signal is

therefore isolated from all the
others. Tra-la! The virtual-earth
mix-amp!

The last configuration (fig 12e) is
really a combination of the inverting
and the non-nverting amplifier
configurations. This is the unity-
gain differential amplifier. Here
importantly, the output voltage is
determined only by the voltage
difference between the two inputs,
irrespective of their relation to
ground. If the non-inverting input is
grounded, with the floating ground-
free input source still connected
between the inverted and non-
inverted inputs the IC ‘+’ input will
be to all intents and purposes
grounded, so the output voltage will
just be an inverse of the input
voltage. If the inverting input is
grounded instead, the input voltage
will be attenuated to half its value by
R3 and R4. However, since the amp
is now operating as a non-inverting
follower with a gain of two
(determined by RI and R2) the
output voltage is at unity gain and
non-inverted with respect to the
input signal. Ungrounding the in-
verting input and feeding the entire
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configuration with a floating source
will give a unity output with respect
to its differential input. One more
neat feature. If the inv and non-inv
inputs are tied together and the
source voltage is applied to them
with respect to ground, no output
will result. Why? because the circuit
is simultaneously behaving as a unity
gain non-inv amp and as a unity gain
inverting amp-—result total
cancellation. Well, nearly total. The
degree of cancellation is a measure
of the circuit’s Common-Mode
Rejection Ratio.

Nearly all the circuitry you are
ever likely to come across in any op-
amp orientated bit of gear is likely to
be made of these or combinations of
these circuitry elements. The main
exception to this rule, at least in the
circuits to come, are where the
devices are being used as dc control
signal conditioners such as voltage
comparators in peak-overload
indicators and limiter sidechains,
and in the non-linear quasi-
logarithmic curve generator for the
PPM drive amp, together with the
precision rectifiers.

As comparators, Op-amps are
really quite efficient. The purpose of
a comparator is to wave a flag when
voltage exceeds a specified level.
Going back to the basic op-amp
characteristics for a moment, we
know that if our ‘-’ input is tied to
a reference voltage, when the ‘+’
input is below that, the output will
be negative and when above the
output swings positive. The only
ambiguity occurs when the two
inputs are very close in voltage—in
face within 300uV of each other,
then it behaves as an amplifier with
its enormous open-loop gain, the
output dithering somewhere between
the extremes of the output swing.
Still, its unambiguous enough in the
real world!

A minor snag to this is that some
op-amp types (such as the 5534) have
diodes strapped internally between
the ‘+’ and ‘-’ inputs, so trying to
use them as comparators causes
instant fry-up. Mind you, if you’re
lunatic enough to want to use a 5534
as a comparator, you deserve to
blow it up!

Another basic circuit worth
exploring here is a halfwave
precision rectifier. The diode (fig
12f) is included in the loop from
output to ‘=’ input, the halfwave
output being taken from the ‘-’
input, not the op-amp’s output. The
output rises 0.7V to overcome the
forward drop across the diode,
whilst the input is positive, still
enabling the ‘-’ input to_balance
the ‘+° input, following for the
positive half-cycle. In the negative
half-cycle, the diode is reverse
biased, the op-amp has no feedback
and the output swings hard negative,
but the ‘-’ input stays tamely tied
to ground by the resistor, having a
value far less than the diodes’
reverse leakage B
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At TDK, we've developed a high
performance video cleaning tape
exclusively for VHS recorders.

Immodestly, we've called it the
TCL Super 30. Super, because it can
get even very dirty heads as clean as
a new pin.

30, because in 30 seconds flat it
restores the precise contact between
heads and tape. Thus restoring the
quality of both picture and sound.

L GRS
One TCL Super 30"03’3'!@&;{31 will
do this 200 times. (It runsin allfora
total of 6,000 seconds.) <t
And, more to the point, after B
every 30 seconds (or 90 seconds if the '
heads are particularly dirty) you
needn’t rewind the tape.
As you know, the price of dirty
heads is flecks on the picture, poor
colour quality or flickering, unstable
images. The TCL Super 30 offers the

; perfect solution. But this
‘ l E ANS l ’P new cassette has an
added significance. It pro-

TELEVISIO

vides Mary Whitehouse
with a powerful ally in
her campaign.

BETTER THAN

MARY

WHITEHOUSLE.

& TDIKK. The great name in tape cassettes.

TDK Tape Distributor (UK) Ltd., Pembroke House, Wellesley Road, Croydon. CRO 9XW.

Eire: Peat Wholesale Limited, Chapel Lane, Parnel! St., Dublin 1.
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URING August 4-9, the Britan-
nia Row ‘transportable’ studio
was at Earls Court for the stage pro-
duction ot The Wall, performed by
Pink Floyd. While hardly the ideal
studio environment, Earls Court
would appear to be a better proposi-
tion than the Wembley ‘boom’ box.
Certainly the sound quality was excel-
lent and certain people commented on
the fact that the sound was more hi-fi
than rock’n’roll. [f by this they meant
smoother then | would be the first to
agree, though the system by no means
lacked punch and Pink Floyd are
hardly the average rock’n’roll group.
For The Wall a new system was
used for the main stereo PA and com-
pletely tlown with a resulting even
distribution throughout the auditor-
ium. The components were mainly
Altec and consisted of the new Manra
Ray constant directivity horns with
the various models covering mids and
trebles in medium and longthrow
formats and coupled to Altec drivers.
The bass end was via Altec twin 15in
(38cm) front horn loaded cabinets
but with Gauss drivers. In addition to
the tlown system, subwoofers con-
sisting of twin 135in ported cabinets —
all Altec — were placed around the
arena under the side tiers. With the
main PA cutting off fairly sharply at
50Hz, the subwoofers came in at
around 80Hz and were mainly used
for the special effecis though they
were sometimes brought in 1o rein-
force bass guitar and keyboards. The
feft, right and rear stacks that form
the three quad stations (the main PA
i1s injected with the fourth quad
signal) were the habitual Court
Acoustics/JBL  based systems.
Power was provided by Altec 9440As
for the low end and Phase Linear
7008Bs for therest. The stage monitor-
ing system was a mixture of wedges
for ‘spot” monitors and high quality
3-way setups for general use. It must
be mentioned that the actual volume
onstage wassurprisingly low and thus
prevented alot of clutter in the micro-
phones and muddying things up.
Another tacior that helped things
along was the treatment of the audi-
torium acoustically. The arena itself
was screened from the rest ot the hall
by heavy drapes and this with the

(above right) Mix area
(below) Midas stage monitor desks

audience — which always makes a
good absorber! — helped to cut down
reflections considerably. The large
banners with the crossed hammers
that gave the hall the atmosphere of a
political rally also acted nicely as
traps as well as cutting down
appreciably reflections in the high
end from the ceiling. The backstage
area was also effectively screened by
drapes and the stage itself carpeted in
most places. Though visually
unobtrusive, the two drumkits on the
main stage were surrounded by
extremely thick sheets of foam
rubber which turther contributed
towards good separation. These dis-
positions may not have been ulira-
sophisticated but it jusi showed that
even simple altempts at treatment in
difficult acoustic conditions are well
Justified

With the complex staging that The
Wall involved, such as the group

playing on two different stages
during the course of the perfor-
mance, the number of mic lines

needed to service twoslages was quite
considerable, or to be more precise,
104! For the stage monitoring alone
two Midas 24/8 monitor desks were
used, one for each stage, which could
be crosslinked if necessary. House
mixing was under the direction of
James Guthrie — who also mixed the
album who had two assistant
engineers to provide the extra pairs of
hands. To cope with the number of

(above left) General view of the stage including the main PA

mic and recorder channels no less
than five Midas consoles were used,
together with two Aphex VCA
grouping consoles. The Midas
custom built Pink Floyd console was
naturally in attendance but minus
one wing and it was this that had led
to some technical problems. The
missing wing having been lost in the
Alexandra Palace fire three weeks
previous to the concerts, there was no
tinie for Midas to get a custom 20/8/2
desk out in time. However, they were
able to get a routing panel as used on
the Floyd desk to interface in with a
standard Midas console and thus to
the master section. Sod’s law being
what it is, this was not without its
little problems, not the least being
one of phasing where at one point
during rehearsal half the PA dis-
appeared into a beautitul null point
when a master fader on the modified
desk was brought up!

With the complexity ot the system
and especially all of the cross-
patching involved, fault finding is a
nightmare and all credit is due to the
technical staff for getting things
sorted out the way they did. In
attendance to the consoles were two
rows of rack cabinets — oras Robbie
Williams ot Britannia Row put it, the
Earls Court AES show — tull of all
the ancillary equipment for the PA
and the special effects such as comp/
limiters, harmonisers, flangers,
Scamp rack, ddls, etc. They even had
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a Lexicon 224 but with the Earls
Court acoustics Robbie didn’t think
that they would be using it somehow!
For the special effects tapes and
backing tracks lin tape 8-track recor-
ders were used, these being a Sound-
craft and an Otari, with a Brenell
Mini-8 there as backup. In the
interests of synchronisation, the
three 35Smm cinema projectors and
the Soundcratt were Maglinked
together. All recorders used dbx
noise reduction.

To give increased mobility and
freedom of movement on stage, bass
and guitar used transmitters — with
two receivers being used on guitar for
better resolution. Roger Waters also
madc extensive use of the new Vega
radio microphone which gave a very
good account of itself. The radio
show did not end there as the same Mr
Waters also used radio receiver head-
phones tor foldback and cue which
had been specially made by Vega. The
combination of radio mic and
’phones  made for exceptional
mobility and it seemed to work very
well.

For the concert the Pink Floyd
were augmented by four musicians —
guitar, bass, drums and keyboards —
and a vocal quartet. Throughout, the
clarity was exceptional and though
things got loud at times it was never
too loud! Rather than talk about
power and watts, it is easier to talk in
terms of spl, with an average of about
102-103dB  going up to possibly
115dB in the loudest passages. At no
time was the systen1 under strain or
into distortion so that dynamics were
handled cleanly and with eltect. Such
a difference from situations where
Irom the start the PA is at its limit
betore being taken into overdrive.

The Wall conceris demonstrated
once and for all that live quality
sound is a most exciting media. Did it
sound like the record? [ would say
similar but with far more punch and
presence and this time there was room
for the musicians to stretch out
Record and live are not the same.
Was it worth it? An unqualified ‘yes’
on my part, but then, perhaps I'm

biased!

Thanks are in order to Robbie Williams o
Britannia Row and his staff for having us along
and taking time out to explain the system
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Blooming booms

To shoot sound direct, or to post dub, that is
the question. In the early days of sound film,
microphones were of such low sensitivity that
they had to be hidden as close to the actors as
possible, usually inside an in-shot telephone or
bunch of flowers. And then came the boom
mic, which cameramen have been anxious to
get rid of ever since. Small wonder. Even after
50 years they still haven’t learned to keep them
out of their shots. Two films I've recently seen
show the boom in so many shots that it’s a
wonder ‘mic’ isn’t listed under the appearance
credits. Old Boyfriends features full frontal
boom mic throughout an entire indoor
sequence, but Dr Phibes Rises Again goes one
better. A boom mic dangles into the top of the
frame so often that it soon seems a safe bet
that any boomless sequence must have been
shot without sound for post dubbing. Even
Saturday Night Fever features several booms in
shot.

There’s one place where film and TV crews
can’t use a boom mic—at a boxing match.
When you see a prize fight film like Rocky and
Rocky I the match sequences carry all the
audio impact of a ring-side seat. But when you
see a boxing match live on TV there’s
something very audibly missing. For feature
films the sound of each punch is post-dubbed
as an effect to alarming effect. But in reality
only open hand slaps make a noise which
carries out into the arena. This presents very
real problems for TV or newsreel filming.
Some sound is picked up by mounting very
directional gun mics alongside the fixed
position TV cameras. These are usually around
60ft from the ring and with zoom lenses can
give anything from long to fairly close shots.
The really tight close-ups are handled by
portable cameras handheld by operators right
down at the ring canvas edge. These cameras
usually have a small mic mounted on top so
that as the camera follows the action it follows
the sound as well. But even directional mics
will pick up sound from the crowd behind the
action and relatively little sound comes out of
the ring. Hence the rather flat sound of fights
on TV. So why on earth don’t the OB units
covering boxing matches adopt the technique
which has now become almost standard
practice for stage musicals? Rows of directional
mics are strung along the footlights and over
the stage with a sound engineer riding the
faders to track the actors as they move to
speak and sing. If an OB unit mounted
downward-pointing mics in the lighting rig
which hangs directly above the boxing ring and
employed a sound engineer who was also a
boxing enthusiast to ride the faders as the
boxers move around the ring, the results could
be a sensational improvement in audio
atmosphere for boxing telecasts. Who'll be the
first to try it?

husiness

And the music goes round

From the USA comes news of a $5,000 cylinder
phonograph machine. Although it’s being
offered by Art Shifrin (PO Box 128, Little
Neck, NY 11363) as ideal for the ‘‘audiophile or
record collector who has everything and fancies
dusting off a collection of old cylinder records”
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there’s much more to it than that. Doubtless a
few audio nuts with money to burn will buy
Shifrin’s cylinder player for personal use but it
is expected that most will be sold to sound
archivists and libraries.

Art Shifrin was commissioned to look at the
problem of transcribing old cylinder recordings
for the motion picture and sound recording
branch of the US National Archive. Of course,
on the face of things there shouldn’t be any
problem in mounting an old cylinder on a
modern motor drive and tracking it with a
modified tangential tracking arm, as used in
some modern hi-fi systems but it’s not as easy as
it sounds. The tracking arm (Shifrin used a
Rabco) has to be heavily modified to
accommodate the fast tracking rate required for
cylinders of a wide groove pitch. The pickup
cartridge (Shifrin used a Stanton) and preamp
should provide a flat response so that
equalisation ‘‘to taste’’ can be worked out on a
trial and error basis using the resultant master
tape. This saves wear and tear on the soft or
brittle cylinder. Perhaps most important of all
the cylinder drive should have a half-speed
capability.

Many old cylinders, especially celluloid
Edison Blue Amberols, are very badly warped
and will cause the arm to bounce out of the
groove if played at full speed and with a light
tracking weight which is safe for the fragile old
material,

In the press puff for his exotic product
Shifrin makes the valid point that most
cylinders were recorded on equipment of higher
quality than that then available to play them
back. So there is audio quality locked into old
cylinders that their original owners never heard.
In fact the same can be said of virtually every
recording medium ever developed.

Cylinders, shellac discs, tapes, especially early
cassette tapes and modern LP discs have all had
locked into them more quality than the average
contemporary domestic playback system has
been able to extract. 1t is only over the last few
years that this has changed with run-of-the-mill
domestic reproduction equipment starting to
outstrip disc pressing and cassette duplication
standards and so laying their inadequacies bare
to create dissatisfied customers.

The situation also offers a cautionary moral
for the future. Any digital recording standard
should look to the future, in respect of sampling
rate and numbers of bits. Pity the poor record
company which in years to come starts to
reissue old digital master tapes and finds that
through original adoption of an inadequate
sampling rate and word length their reissues are
of lower digital standard than whatever has by
then become the everyday digital reproduction
system.

Language translator

A new gadget from Texas Instruments, a
speaking language translator, could one day
have a valuable spin-off for recording studios.
There are already several pocket computer
translators on the market which give a visual
readout in one language, of words or phrases
keyed in using a different language. The Texas
translator uses the speech synthesis circuit also
found in the Texas Speak and Spell which
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helps children learn to spell by speaking
random words from a 240-word vocabulary,
accompanied by a visual display of the spelling.

The synthesis circuit uses three chips: a ROM
for storing instructions, a synthesis chip
incorporating signal generators and digital
filter, and a controller which is a slightly
modified calculator chip. Speech is produced
by feeding the filter with a raw sound input
and doctoring the signal under control of data
from the ROM. Raw pitched sounds are fed
into the filter to provide a basis for voiced
sounds and random noise is used for unvoiced
sounds such as S, F and SH. The Texas trick,
which enables a ROM of manageable size to
store a useful number of words, is to draw
only enough data from the memory to control
whatever changes in the filtering are necessary.
This takes advantage of the redundancies
inherent in natural speech such as the sustained
sound of a vowel.

Solid state memory capacity is currently
increasing tenfold, every five years, so the
current language speech modules which contain
around 700 words should soon offer around
7,000. As these words can be combined and re-
arranged more or less at will it shouldn’t be
long before studio engineers, producers and
musicians will be able to use a synthesis
translator to communicate irrespective of
language barriers. Press a button sequence on
the keyboard and every musician in the studio
hears ‘‘Let’s take that again’’ through the cans,
in whatever language the producer wishes. By
using remote readout, a message keyed into the
translator in the control room can silently
appear on LED displays dotted around the
studio.

Translation and speech synthesis circuitry of
this type'gffers practical jokers unlimited
scope. By removing the ROM, or keying in
combinations of unrelated phrases, it’s possible
to throw the poor beast into pathetic confusion
that will engender sympathy in all but the
hardest human heart. There’s something very
sad about a computer which keeps repeating
““I have lost my where am I’ or ‘““How do you
spell gurgle gurgle gurgle’” in four languages
after a cruel engineer has tampered with its
brain ROM.

Golden blunders

It’s easy for a crooked record company to screw
artists over royalties. If, for instance, the
presses just happen to ‘run on’ for a while after
the official production run has stopped or if a
batch of faulty discs is re-packaged and sent out
to the trade again instead of being destroyed,
the result is a nice bonus of royalty-free income.
Of course, just once in a while, biters are bit.

A few years ago a South African company
(not exactly noted for its accuracy in royalty
arithmetic) made the fatal mistake of proudly
awarding one of its artists a gold disc for
bumper sales. Subsequently they sent him a
royalty cheque based on a fraction of the sales
total needed to qualify for a gold disc.

The company was thus in a cleft stick; either
say that the gold disc award was phoney or pay
the artist royalties based on the gold disc
figures. Reluctantly they chose the latter as the
lesser of two evils.
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Now that your studio is botight and the
desk is commissioned your next step will be to
evaluate auxiliary signal processors.

The choice is wide and in these days of hard competition and tight
budgets your first decision must be the right one—consult the experts.

ADR are the experts, our Compex Limiter, Vocal Stresser and Scamp
systems are industry standards and our signal processors are working in studios
the world over.

The Gemini Easyrider is the latest in our range of stereo compressor
limiters. Designed for budget operation without technical compromise it is
ideal for new studios breaking into the professional recording market. In

Technical Specification
Frequencyresponse & 1dB, 20Hz — 25kHz.
Sig-nonse Betierthan -80d8B
Distortion 0.15% Ref + 12dB
Input + 18 dBm
Output 10dBm - + 12dBm
Ratios [Slopes) Varable 15 - 20:10rout
Threshold Automatic
Attack 500uS — 5 ms, auto dynamic
Release 15 ms — 4secs + auto,
Size V"X x 7"

44.45 mm x 482.6 mm x 190.5 mm
Expont packed with illustrated instruction manual

addition you don't need any sound engineering experience to operate it.
The Gemini Easyrider is available

for evaluation at a dealer near you, call

us now for full details, we're as near

as your telephone.

Audio & Design (Recording) Lid.,

North Street, Reading, Berks. RG 1 4DA
Telephone: Reading (0734] 53411
Telex: 848722 a/b ADR UK
Cable: Scamp Reading

Auchio & Design Recording In

DAL 9380

PO Box 786. Bremernton. WA 98310U S A
Telephone: 1206) 275 S009. Telex: 152426 a b ADR USA

www americanradiohistorv com
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Prosound 80

Exhibition-a report

The inaugural Prosound Exhibition
held during early September at the
West Centre Hotel in London, was a
rather subdued affair which suffered
indifferent attendance by visitors.
Much of the lack of industry interest
can no doubt be explained by the fact
that Prosound was the third
professional sound recording ex-
hibition held in London this year (the
others being AES and APRS).
However, it seemed a shame that the
organisers’ and exhibitors’ efforts
met such a disinterested fate,
especially as the venue and actual ex-
hibition organisation were excellent.

With three exhibitions in the space
of six months new products were not
exactly in abundance. However, a
number of items caught the eye.
Foremost amongst the new products
displayed was the /6:4:2 PA console
from Allen & Heath. Although this
will be the subject of fuller coverage
in our New York AES report (when
more details should be available) I
was able to unearth brief specifi-
cations. As its name implies the
console is a 16/4/2 mixer, extremely
compact and tidily designed. Its
features include transformerless
balanced mic XLR inputs; Y4in jack
line inputs; comprehensive push
button routing; auto solo; four
subgroups plus two main outputs;
two routable echo returns plus solo;
talkback facilities; stereo monitor
tape return; six illuminated VU
meters; and long travel 90mm
input/output faders. _

Audio Technica showed its new
Artist series of dynamic and
condenser mics. Notable for his en-
thusiasm was the company’s
Japanese demonstrator who took
great delight in knocking hell out of
the mics (via the floor, table edge and
any other solid objects near at hand)
in his determined efforts to illustrate
how durable to ‘shock’ treatment the
mics were. Not being a solid object |
managed to avoid being the subject
of a mic attack and can vouch for the
fact that despite treatment even
roadies or the most ill-feeling of
studio engineers are unlikely to dish
out— the mics worked perfectly. For
those readers who feel in the mood
for a bit of mic bashing the mics
comprise the dynamic types (4TM2/
and ATM2!S cardioid instrument
mics; the ATM41 cardioid vocal mic)
and the following condenser types
(ATM 10 omnidirectional instrument
mic; ATM11and ATM11SM cardioid
instrument mics; and the A TM3/ and
ATMY! cardioid vocal mics). Prices
are £40 to £75.

Staying with mics, Shure intro-
duced three new dynamic models,

these being the SM77 and SM78
cardioid types and the SM63 omni.
Having lightweight aluminium alloy
cases the mics are of compact design
and include the usual Shure rugged
construction and protection from
handling and wind noise. The SM63
and SM78 are intended for vocal
usage, while the SM77is intended for
instruments.

Still with mics, Electro-Voice
showed its established range of
dynamic and condenser vocal and
instrument mics, including its Pro-
Line range. A new addition to the
latter range was the PL80, a dynamic
super cardioid vocal mic with in-built
pop filter, proximity effect bass
boost, and a frequency response of
60Hz to 17kHz. Electro-Voice also
showed its recently introduced
XEQ-1 single channel, 19in rack
mount ¢lectronic crossover/equaliser
which combines an active 2-way
frequency dividing network with a
S-position ‘Thiele’ If equalising
network and a continuously variable
hf horn-driver equaliser. Electro-
Voice additionally displayed a
number of new items from sister
company Tapco including the C-/2
12/4/2/1 format mixer. This
features routing of pannable inputs
to any of four subgroups, plus
simultaneous stereo and mono
outputs. Other features include 48V
dc phantom powering + 18dB If and
hf eq at 50Hz and 15kHz; and
sweepable mf eq of + 12dB over the
range 300Hz to 6kHz. The C-/2 may
be expanded in 8-input stages by
adding C-8F expander units. Other
new items from Tapco were the CP-X
2-channel electronic crossover for
biamplified loudspeaker usage; and
the C-20/ and 2202 2-channel,

10-band single octave graphic
equalisers.
On the subject of graphic

equalisers, Ban Electromusic the UK
distributors for the Yamaha range of
mixers, amplifiers, etc showed the
new Yamaha Q7027 '4-octave, single
channel graphic equaliser. This is a
19in rack mount unit supplied with a
tamper-proof acrylic cover, and
provides 27 bands of + 12dB boost or
cut. The unit features active filters, a
bypass switch, and a switchable
18dB/octave highpass filter which
may be switched to operate at 40 or
80Hz or out of circuit.

Audio Reinforcement Services
showed its professional conversions
of the respected Quad 405 power
amplifier, available with either rear
of front mounted Neutrik 3-pin XLR
connectors and screwdriver operated
input sensitivity controls. In addition
the company displayed an example of
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the new Taurus power amplifier, but
unfortunately were unable to give me
a detailed specification as the units
are only at the prototype stage and
modifications are being considered.
One other item which the company
was displaying was the Brooke Siren
Systems AR//7 phantom powering
adaptor unit which allows the AR/16
DI box (see news pages April, 1980)
to be powered from standard mic
phantom powering through the
unit’s cable connection to the DI box
output.

Rebis Audio featured its modular
RA200 series of signal processing
equipment. Several new items were
available for this range including a
rear rack mounting power supply
unit; the RA200J 4-way GPO jack
connector module; the RA2/2
mic/line amplifier module; and the
RA213 and RA214 mixer/distribu-
tion amplifier modules. The RA2/2
features balanced mic and line
inputs, highpass filters at 7SHz and
150Hz, a switchable 15dB/30dB pad,
LED overload indication, and a high
impedance input which will accept
unbalanced high impedance mics or
direct feeds from instruments.

The RA2{3 is a 4-channel mono
mixer incorporating clean feed
outputs from each channel, plus the
facility to provide four aux outputs
with level control when used as a
distribution amp. The stereo RA214
mixer/distribution amp allows
mixing of two stereo inputs into one
stereo channel, each input channel
having level and balance controls
plus a stereo clean feed output. As a
distribution amp the stereo signal is
fed to both pairs of inputs, the clean
feed outputs then providing two pairs
of aux outputs, again with level and
balance controls.

Don Larking, the UK agent for
BEL showed the BA40 delay
line/flanger which is available in
balanced or unbalanced input
versions. A versatile 19in rack mount
unit, primarily aimed at the budget
studio market, the BA40 offers up to
160ms of delay with a minimum
bandwidth of 4kHz; an ADT mode
with up to 40ms delay (18kHz band-
width); and a flange mode with up to
20ms of delay. Dynamic range is
90dB and the unit has controls for
mix, regeneration, and manual or
auto sweep. Outputs are pseudo
stereo and the BA40 may be
externally controlled.

MM Electronics showed the new
PACE DM Series mixing consoles,
these being expandable from 8/2 up
to 32/8, featuring a centralised
microprocessor routing system to
handle channel assignments and to
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store up to 16 complete mixes. The
console’s input channels feature
VCA control, and the following
facilities: channel fader; overload
and channel ‘on’ LEDs: mute and
PFL switches; pan, two echo sends;
foldback control; switchable If cut at
100Hz; 4-way equalisation (+ 15dB
at 70Hz, +10dB at 400/800Hz or
1.5/3kHz, and +15dB at 10kHz);
mic/line pad; and input gain control.
The auxiliary section has a
headphone outlet; foldback master
send and PFL master send faders;
echo master send controls; mixdown
monitor sends; headphone source
selection switches; and a LED matrix
level indicator. The output module
features echo return and output
faders; mute and PFL switching with
LED indications; autofade speed
control; monitor pan; mixdown
monitor volume control; and stereo
LED level indication. The
microprocessor routing system which
is incorporated into the 4- and
8-output models, features 8-bit
processing; digital display of channel
and group routing; channel-to-group
routing from a single keypad; and the
facility to provide instant, noiseless
drop-in’s during recording. Channel
and group selection is via a numeric
keypad, while functions (enter input,
enter output, preset patch, look
patch, load routing, cancel routing)
are via six function keys.

Studiomaster/Recording Studio
Design were displaying their
products for the first time at a UK
exhibition. From RSD there was the
12/2 mixer which may be expanded
in 4-input module sections up to a
maximum of 24 inputs; the 800B
stereo power amplifier offering up to
220W per channel into 8Q at 1kHz;
plus the company’s 3-way and 5-way
stereo electronic crossovers.
Meanwhile, from Studiomaster there
were the /2/2B and 16/4 mixers
again with 4-channel expander
modules; 16/8 and 20/8 consoles;
and two stereo power amplifiers—
the 800C (225W /channel into 8( at
1kHz) and the 400C (112W/channel
into 8§ at IkHz)—both units
featuring XLR inputs and outputs
mounted on the front panel fascia.
Collectively the units appeared to be
well made and the facilities were well
thought out. Accordingly, at the
bottom end of the studio market I
would foresee the units having a
healthy future.

Overall, Prosound 80 was an
interesting exhibition which made a
valiant effort to fill the gap between
the professional sound exhibitions
and the more consumer and budget
orientated music industry
exhibitions. That it did not receive
the attention it deserved from visitors
was unfortunate, but not totally sur-
prising considering the glut of sound
exhibitions in the UK this year.
Whether the organisers will persevere
with the exhibition next year remains
to be seen. However, | feel there is
room for this exhibition and hope the
organisers will try again.  Noel Bell
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AUTOMATIC AUTOMATION I i

NOW A DISC BASED SYSTEM THAT WORKS WITH YOU. y

No labels, no files, no button pushing
Real professional disc reliability
SMPTE/EBU timecode
Double SMPTE/EBU scanrate
Unique digital filter front end
Real time error 10 mS average, 20mS worst case l
Zero cumulative timing error
Six previous mixes plus current mix and scratch store
Automated mutes which do not overwrite previous data
Very simple installation using single screened data links
Complete retrofits or computer only for auto ready consoles
Pro(\j/.en software with several thousand hours mixing music to its
credit
Available now (if you're quick) or on short leadtime
Very quiet ulitra high precision European disc drives for in-studio
meinstallation
* Automated data handling leaves the engineer to concentrate on music
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Survey:mixing
consoles A-M

This is easily the largest survey
subject that Studio Sound covers,
and indeed our basic research list
for this year included over 130 com-
panies making mixing consoles.
Not all are however, included since
some declined to update their
entries from the last surveys. While
previously we have split this survey
into two parts, PA and Broadcast,
and Multitrack, after much thought
it became apparent that there is so
much overlap between the areas,
that the division became very
difficult. This year they have been
split more sensibly: A to M this
month, and N to Z in January 1981,
since it is unfortunately not pos-
sible to include the entire survey in
a single issue.

ADM (USA)

ADM Technology Inc, 16005 Sturgeon, Roseville,
Michigan 48066, USA

Phone: (313) 778-8400. Telex 231114.

BC-5 Series

Broadcast production consoles. Format up to 16
low level inputs or 28 high; four outputs with
individual VU and monitor, echo send and return,
flexible monitoring. Standard $6425.

TV-32

Broadcast production console up to 32 input and
foursubgroups; 20 low levelinputs orup to 104 high,
echo return on both masters, metering of all group
functions; machine controls; selective groups mic
muting.

Price: standard $18,725.

NRC series

8/16/24 track recording consoles, in identical
design but format as appropriate. Pcb mother board
inter-connection reduces cost of hand wiring;
simultaneous quad, stereo and mono mix-down,
‘total' op-amp circuitry; Vue Scan metering; full
talkback and slate; four cue, two solo systems; four
quad joysticks; sync interface.

1641

Remix console for simultaneous four, two and one
channel mix from 8/16 source. Sixteen dual
concentric quad pots, fourjoysticks, with full group
routing; four remote tape controis; solo on all
inputs; quad matrix break points; four echo sends.

2400/3200

24/4/2 broadcast production console (3200 has 32
inputs), Slidex sealed linear attenuators, two fold-
back and two.PA busses, 4-band 14 frequency
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Alice ACM

reciprocal eq, four monitor busses, VU meters,
timer, full size jackfield, mic and line inputs,
preselect input matrix noise suppressor module,
limiting amplifiers, oscillator talkback module.

ST Series

Modular AM/FM stereo broadcast consoles, variety
of inputs, outputs and signal processing, three
separate stereo and one mono outputs, slider
faders, VU meters.

ALICE (UK)
Stancoil Ltd, Alexandra Road, Windsor, UK.
Phone: 07535 51056. Telex: 849323.

12-48/16-48

Full function semi modular multitrack consoles for
small recording and production studios. 12 or 16
inputs with balanced mic, 48V phantom power, dual
line/re-mix inputs, insert jacks, eq infout, foldback,
two echo sends, PFL, channel on/off, choice of
faders. Four groups, 8-track monitoring with
individual A/B, sync foldback and monitor echo.
Oscillator, talkback, eight buffered VUs.

Price: from £1,620.

12-4/16-4

Semi modular mixers for production and CCTV
studios, PA etc. Up to 16 inputs, balanced mic, dual
line/fremix, insert jacks, direct outputs. Four groups
with limiters, choice of faders, custom versions to
order.

Price: from £1,190.

ACM Series

Modular mixing system for mono, stereo, 4 or
8-group configurations with matrix output routing
for up to 24-track working. Wide range of modules
includes stereo line input and comprehensive
monitoring for radio commercial production
studios, CCTV etc. All mixers custom-built.

Price (guide): 10/2 £3,090; 12/4 £3,990; 16/8 £6,200;
16/8/16 £8,230.

ABCM Series

Modular mixing systems for mono and stereo
broadcasting. Custom built consoles include
central script area, integral jackfields, etc. Wide
range of modules includes dual input mono mic and
stereo line, multiple clean feeds, voice-over ducker
system, comprehensive monitoring.

Prices: from £4,500.

828 Series

8 and 12-channel stereo output portable mixers,
transformer balanced mic inputs, line input via c/o
switch, direct channel outputs, full eq, echo,
foldback, PFL, limiters, headphone and LS
monitoring outputs, VU meters or PPMs to order,
mains or external 24V powered, all steel case.
Price: from £539.

STM 8

Compact full facility on-air mixer for outside broad-
casts, DJ self-op or small production studio use.
Three mic channels with limiter, eq, electronic
on/off, voice-over ducker selection, pan, pfl. Five
stereo line channels with optional RIAA phono
inputs, remote start facilities, PFL etc. Clean feed,
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auxiliary
monitoring via
simultaneous mono and stereo main outputs,
multiple talkback facilities, all inputs and outputs
balanced, choice of faders.

Price: with conductive plastic faders £1,580.

and PA outputs,
headphones

comprehensive
and PPMs,

ALLEN & HEATH (UK)

Allen & Heath Brenell Ltd, Pembroke House,
Campsbourne Road, London N8, UK.

Phone: 01-340 3291. Telex: 267727.

USA: Audio Marketing, 652 Glenbrook Road, Conn

06906.
Phone: (203) 359-2312. Telex: 9965/9.

Mini Mixer

The smallest professional mixer in the world, the
Mini mixer is designed for use in areas such as
portable sound systems and ‘on stage’ submixing.
Asthe unithasenoughphysical space forbalanced
input transformers these items are supplied
separately, prewired for insertion into the mixer
inputs.

Auxbox option provides talkback,
monitor and line link capability.

Price: £195; Auxbox £53.

oscillator,

Production Mixer

The S6-2 production mixer features two stereo RIAA
equalised units, two stereo line inputs and two
microphone inputs all fully equalised with PFL and
PFM. An autofade circuit is incorporated giving
variable programme ‘ducking’. Remote state micro-
switches are provided giving solid state control of
5A relays inside the external power supply.

Price: £510.

SD 12-2 Stereo Console

Designed for portable sound reinforcement
applications where fully professional facilities are
required on location. The SD 12-2 features: 12input
channels with mic-line selection, channel insert
points, channel direct post fade outputs, 4-bandeq,
pre eq foldback (with separate foldback eqg), echo
send and PFL. A comprehensive 4-way monitoring
system includes tape return monitoring with the
stereo metering system switching with the monitor
selection. XLR connectors are standard with the
option of phantom powering, multicore and flight-
case.

Price: £456.

16:4:2

16 input sound reinforcement mixer featuring trans-
formerless balanced mic XLRinputs; Ya-in jack line
inputs; comprehensive pushbutton routing; auto
solo; four subgroups plus two main outputs; two
routable echo returns plus solo; taikback facilities;
stereo monitor tape return; six illuminated VU
meters; and long travel 90mm input/output faders.
Price: £850.

SR20 and SR28

At thetop of the Allen & Heath soundreinforcement
range these mixers can provide viitually every
feature required for ‘live’ sound mixing. With up to
28 inputs and a choice of 4, 6 and 8 subgroups
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Radio Studio Projects -

We system design,
manufacture and
install

o T
I :. .-.:.1
TV studio sound h

systemstoo!

a2audix .
Audix Limited, Station Road, Wenden, Saffron Walden, Essex CB114LG
Telephone Saffron Walden (0799) 40888 Telex 817444

A selection of specialised components

Céyc&wl”pj% 6{ e
The House of Eardiey

SSDI (usa)

Fast recovery high power rectifiers and switching transistors

Centralab (usa
Modular range of mini push-button switches, ceramic disc and monolithic capacitors

Electro-mech (usa)
Push-button illuminated multi-pole switches

Preh cervany)
Miniature potentiometers

Neutrik switzerLAnb)
XLR type connectors including new printed circuit series

EardleyElectronicsLtd  G.€.€lectronics (onson Ld

Telephone: 01-221 0606 Telex: 299574 Telephone: 01-727 0711 i Telex: 23894
EARDLEY HOUSE, 182/184 CAMPDEN HILL ROAD, KENSINGTON, LONDON W8 7AS

For further information contact either company for any product
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feeding a stereo master output stage, the unit can
be suppliedto customer’s specification. Being fully
modular the SR Series is particularly suited to
applications where service delays cannot be
tolerated.

Price: from £1,800.

Modular series 111

Compact range of consoles for smaller studios
with maximum of 24 input modules and eight
output groups with 16-track monitoring standard.
Parametric eq standard, three pre/post aux sends,
line level input and output insertion point.

Prices: 24/6/16 £3,435, 16/8/16 £2,695, 12/4/8 £2,075.

Syncon

Modular mixing system capable of accepting up to
28 input/output modules per frame with 16 buses
(24 with split buss configuration), four master
busses, six auxiliary busses. Modules combine
input, output and monitoring sections with a
master multitrack/remix selector and comprehen-
sive solo system with monitor priority. Typical of
the simplified and cost effective design philosophy
are the channel insertion points mounted directly
on each module but normatly hidden by the armrest.
Other modules include stereo ouput channel and
monitor/communications types.

Prices: 28/28/4 £12,500, 24/24/4 £11,152, 20/20/4
£9,804, 16/16/4 £8,456.

Syncon Series B

Modular in-line console, designed for the smaller
studio, but providing up to 44 channels with
24-track capability, with optional Fadex
automation. Based in SB77 input/output module
which allows record, overdub, subgroup and remix,
with inputs for mic, line and effects return, 24-track
assignable routing, P&G sliders for both main and
monitor faders, four aux outputs, two sweep eqs,
shelving hf eq, channel muting, solo in-place,
monitoring. SB21 aux master and SB31 monitor
master modules, also 2-colour light column LED
metering.

Price: on application.

ALLINGTON (UK)

Allington Audio Developments, 14 Lenton Bivd,
Nottingham, UK.

Phone: 0602 44943.

EMM range

Modular multitrack consoles using input/monitor-
ing/output module, master status, monitoring,
echo send/return modules. Only three modules are
required in addition to the input/output modules,
and the master status module enables channels to
be switched to record, remix and overdub. The
input/output modules have mic, line and remix
inputs, four-band eq, two foldback and two echo
sends.

Prices: EMM 16/16 £3,950, EMM 24/24 £4,950.

SRM16/2

PA console with 16 inputs and two outputs,
balanced mic inputs, peak overload indicators, hi,
mid and lo eq, panning, two aux outputs, PFL, VU
metering, ~ 125dBm equiv input noise, + 18dB max
out into 600Q.

Price: £680.

SRM16/4
Similar to above with four outputs.
Price: £840.

ALLISON (USA)

Valley People Inc, 2820, Erica Place Nashville, Tenn
37204, USA.

Phone: (615) 385-4737. Telex: 558610.

UK: Scenic Sounds Equipment, 97-99 Dean Street,
London, W1V 5RA.

Phone: 01-734 2812. Telex: 27939.

65K Analog Programmer

Designed to be the fastest, most reliable, and most
easily expanded form of automation for pro-audio,
film, video, and media equipment. Employment of
exclusive priority encoding technigues allow the
65K to program as many as 8,192 variable console
functions (65,536 digital bits), while respondingtoa
change in any of these console functions within
4ms. This means that the 65K system can be
expanded to any degree desired, without speed
compromises.
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The 65K code is a series of individual words, each
containing address information for the associated
console function. Four parity checks are made on
each word, and each word has a time duration of
4ms. In the event of a storage medium dropout of
sufficient magnitude to make decoding
impossible, the word or words affected are held at
the last valid value, rather than being decoded in
error. No ‘memory’ of dropouts is propagated into
the code on subsequent encoded passes — each
encoded passisaclean data stream. Dropouts only
affect the word or words existing in the code at the
time the tape error actually occurs.

Capacity of mainframe: 64 analogue functions (0 to
+5.6V) in increments of 16 functions.

Capacity of expander package: 192 analogue
functions in increments of 16 functions. Power
derived from mainframe.

Price: $4,246 for 65K-A1-32 (32 function analogue
programmer).

ALTEC (USA)

Altec Cog:, 1515 South Manchester Avenue,
Anaheim, Cal 92803, USA.

Phone: (714) 774-2900.

Europe: Altec Lansing International Ltd, 17 Park
Place, Stevenage, Herts SG1 1DU, UK.

Phone: 0438 3241. Telex: 825495.

UK: Theatre Projects Sound Ltd, 10 Long Acre,
London WC2E 9LN.

Phone: 01-240 5411.

1628A

Automatic microphone mixer with eightinputs, one
master output and one priority output. Provides
envelope detector dynamic range of +3 to
—67dBm and attenuator response time of
6dBm/ms rise and 10dB/s decay.

Price: £610.

1690

Recording console with eight balanced mic and
eight unbalanced line inputs, two aux inputs, two
programme outputs, eight line outputs, four sub
outputs, — 126dBm input noise, channel LED peak
indicators operating at + 14dB, nine segment
vertical bar LED meter display.

AMEK (UK)

Amek Systems and Controls Ltd, Islington Mill,
James Street, Salford M3 5HW.

Phone: 061-834 6747. Telex: 668127.

UK: Scenic Sounds Equipment, 97-99 Dean Street,
London W1V 5RA.

Phone: 01-734 2812. Telex: 27939.

Altec 1690

APSI 2000

USA: Everything Audio, 16055 Ventura Blvd, Suite
1001, Encino, Cal 91436.
Phone: (213) 995-4175. Telex: 651485.

M3000

36/24 + 32 master recording console with automa-
tion facilities, VCA faders, parametric eq, quad
mixdown, dc subgrouping of both channels and
echo returns, eightaux busses, mute/solo grouping
system, status control of signal flow path, in-line
design.

M2000A/2500

36/24 + 24 master recording console with automa-
tion facitities, VCA faders, parametric eq, stereo
mixdown, DC subgrouping of channels and echo
returns, six aux busses, mute/solo system, in-line
design.

M2000

28/16 + 24 master recording console, manual
control with mixdown subgrouping system, mic
and fine inputs per channel, 4-band switched eq,
four sends, 16 mix busses, 24-track monitoring,
stereo  mixdown, control room and studio
monitoring systems, in-line design.

M1000

32/8/2+ 8 concert sound reinforcement console
with 8-track monitor mix, 4-band parametric eq with
pass filters, four aux busses.

AMPRO (USA)

Ampro/Scully, 826 Newton Yardley Road, Newton,
Penn 18940, USA.

Phone: (215) 968-9000. Telex: 510-667 2299.

Range of broadcasting consoles with modular
plug-in amplifiers and remote starts for external
source equipment for all nine inputs. Various
versions from 6 channel 24 inputs mono, dual mono
or stereo up to 12 channel 48 inputs units.

Prices: between $2,500 and $5,600.

APSI (USA)

Audio Processing Systems Inc, 40 Landsdowne
Street, Cambridge, Mass 02139, USA.

Phone: (617) 354-1144,

Model 2000

Modular reinforcement console available with
large or small mainframes, 32, 24 or 16 inputs, four
submix, four master and four quad channels.
Modules include input with 4-band eq and filter,
submix, master and quad.

Prices: $8,646 to $11,670.

Model 3000

Modular multitrack recording console with 32, 24,
16, 8inputs, 24,16 or8 outputs,in-linemodules, four
mono effects sends and returns, stereo submaster
and master/monitor sends, submaster sends
assignableto master, master status control, 4-band
parametric eq, in-channel LED indicators, slider
main and monitor faders, two stereo cue systems,
oscillator, patchbay, optional automation,
transformers.

Prices: $13,600 to $31,200.

AUDIOARTS (USA)

Audioarts Engineering, 286 Downs Road, Bethany,
Conn 06525, USA.

Phone: (203) 393.0887.
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Atlantex products are built for a tough, professlional life.
They are well-designed and made with the flnest components
for clean, nolse-free circultry.

Ashly audio processing units
represent the technology of the future.
The well-designed, easy-to-use layout
allows precision control over the
audible spectrum. Shown is the SC-50
peak limiter compressor. Other 19”
Ashly units are parametric equalisers,
electronic crossovers, pre-
amp/processors,

The Furman range inciudes mono and
stereo parametric equalisers with
pre-amps, tunable crossover/bandpass
filter, and (shown here) the neat
reverb system with limiter and
equaliser. The simple layout and wide
range of control gives full scope for
creative engineering at a price which
gives great value for money

Sescom, the world's finest audio
interfacing units, are renowned for
high quality products, combined with
ruggedness and reliability. The wide
range of models includes D.l. boxes,
audio transformers, cable testers, and
many more useful studio accessories.

Built to the highest standard, Whirlwind leads are
made with top quality Belden cable, with
Switchcraft and ADC connectors.

Availabie from 1’ patch cords to 24-input
muiticores, they are sturdily constructed to give
years of trouble-free service.

' nt x Atlantex Music Ltd., 34 Bancroft, Hitchin, Herts SG5 1LA.
Telephone 0462 31511 Telex 826967

Write or phone for illustrated catalogues.
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Monitor 10

Stage monitoring and mixing system, five subgroup
busses, 10 mix busses, 26 inputs and outputs
(16-channel configuration), direct output control on
each input, VU meters on all output channels,
separate solo meter, 4-band parametric eq,
highpass filter, talkback, communications module.

4000 Mixing System

Recording and reinforcement mixer, modular with
from 12to 32 input channels, four subgroups, 4-and
2-track outputs, separate reinforcement outputs,
4-band parametric eq, six sends, six aux/effects
inputs with panpots, six tape inputs, solo, 15
segment metered outputs and groups.

AUDIO DEVELOPMENTS (UK)

Audio Developments, Hall Lane, Walsall Wood,
Brownhills, Staffs, UK.

Phone: 05433 5351. Telex: 338212.

USA: Coherent Communications, 13733 Glenoaks
Blvd, Sylmar, Cal 91342.

Phone: (213) 362-2566.

ADO007 Mini Mixer

Eight to 24 inputs into four outputs and aux, plus
direct outputs from all inputs for multitracking,
balanced throughout, range of fader, monitor and
meter options. Incorporates two linkable compres-
sor/limiters.

A

ADO031 Micro Mixer

8. 10, 12, 14 or more inputs into two outputs with
mono mix down, one aux output. Wide range of
metering and monitoring options, mono or stereo
compressors, tone generators, talkback facilities,
special film version available. 12 to 48V or mains.

ADO045 Pico Mixer

6/2 balanced in/out portable mixer with Nicad
batteries, fitted with Tonader/Phantom powering
as standard, PFL monitor functions and battery
status on meter.

ADO045 Pico Plus Mixer
Similar to above but with 1kHz tone, eq bypass and
phase change.

ADO049 Mixette

Portable 4 input, mono output mixer with either a
VU or PPM meter; LED overload indicators; and
headphone monitoring. Battery or mains powering,
and suitable for use with Nagra recorders.

ADO060

Compact 4 input, single output mixer designed for
ENG usage, with external 24V dc powering; XLR
inputsfoutputs; three input filters; headphone

monitoring; and LED column output level
indication.
AUDIO HELP (France)

Audio Help, 5 Rue de Solferina, F-92100 Boulogne,
France.
Phone: (1)609 03.11.

CS2405

Modular console mixer available with 16, 24 or 32
inputs, separate monitoring for eight to 24-track, 16
submasters (in stereo pairs), stereo and four
masters, patch bay with cable trough, VU metering,
usual eq or parametrics, four echo sends,
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numerous other facilities

CSM6

Modular console/portable mixer with input
modules in multiples of 6, 12, 18, 24 etc, and eight
subgroups, two echo sends, two foldback sends.
Two different input modules, one with parametric
eq and peak LEDs.

AUDITRONICS (USA)

Auditronics Inc, 3750 Old Getwell Road, Memphis,
Tenn 38118, USA.

Phone: (901) 362-1350.

700 series

Available as 710 with capacity for24inputchannels
and 16 multitrack outputs, as 720 with 36 input
positions, and 730 which is similar but with
separated patch bay and reduced metering area. In
addition, each model has two mono and one stereo
outputs, four effects outputs, two foldback
outputs, stereo control and studio monitoroutputs,
24 VU meters, VCA input grouping faders with six
submasters, transformerless inputs using Trans-
Amp modules.

Prices: $41,934 to $63,294.

Grandson 110A series
Recording/remixing/production/on-air mixer avail-
able with up to 18 or 26 input positions, 16 outputs,
two echo send/receive channels, talkback, optional
eq on each channel, two foldback outputs,
oscillator, optional stereo inputs, various other
options.

Price: $11,430 to $23,540.

Model 532

Automated console designed around the Allison
Research 65K programmer. Uses automated faders
designated Mode/ AFG which have read, write and
update modes. A grouping function is incorporated
working with nine busses selected by thumbwhee|
which includes automated group mute, group
master channel automatically becomes member of
group. Installed on desks of varying compiexity, the
532 automation system includes two separate
modules: automation master fader and automation
track select which allows interfacing with three
tracks on the tape recorder for recording the
automation information.

AUDIX (UK)
Audix Ltd, Stansted, Essex CM24 8HS, UK.
Phone: 0279 813132.

MXT-1000

Full broadcasting performance, comprehensive
facilities and a flexible design make the MX7-1000
audio mixer particularly suitable for the small radio
and recording studio, mobile and theatre applica-
tions. Details of a special radio ‘on-air’ version of
the MXT-1000 are available on request. The
MXT-1000 readily enables the individual
customer’'s specific requirements to be met
without recourse to ‘custom building’. Both number
and choice of input channels, as well as two or four
group working — two stereo groups can be
selected and supplied as aworking system at short
notice.

B100 Series

The B100 range of modules and mixers has been
designed specifically for the broadcasting
industry. Two basic systems are available,
designated B101 and B102. The B101 consoles are
2-group systems and the B102 has facilities for four
groups pius two main outputs or six groups.

3500 Series

The 3500 range of modules has been designed for
the larger studios where 8-group working is
essential. Based on a 35mm modular width, the
range offers a compact console with maximum
flexibility and facilities. Consoles can be built with
any number of input channels, mixing to eight main
groups for multitrack working, plus a further
mixdown from the eight groups to two mainoutputs
for direct transmission.

AUTOMATED PROCESSES (USA)

Automated Processes Inc, 789 Park Avenue,
Huntingdon, New York 11743, USA.

Phone: (516) 427-6024. Teiex: 950-247.

Modular systems for any requirement, based on
sections inciuding the following 3712 preamp,
balanced in for 150/600Q, 15-65dB gain, reverse

polarity and overload protected; 544 input assign
module; 840 slate/tone; 544 echo send/return; 846
foldback; 325 line booster; 330 eq preamp; 440
fader, plastic track, illuminated scale, multigang
within 0.5dB; 475 fader with precision metal wiper,
480 joystick quadpot; 525 complimiter with
threshold, output two range frequency dependent
release and stereo link; 550 equaliser, hf 5, 7, 10,
12.5, 15kHz, mid 0.4, 0.8, 1.5, 3, 5kHz, If 50, 100, 200,
300, 400Hz; audio band pass filter switchable, eq
infout; 553 equaliser, hf, mid, If fixed frequency; 559
nine band graphic equaliser, approx octaves 35 to
16kHz; 575 sine wave 0sc, 20 to 20kHz in 13 steps,
low distortion and output meter; 707 10W power
amp for small speaker or can systems; 705 50W
power amp; 730 2x 200W power amp; 940 auto-
mated fader, with plastic track and LED + cursor
indication, write/safe/update switching; 954 pro-
grammable parametric equaliser hf 800, 1.8k, 3.5k,
7k, 16kHz, mid 200, 500, 1k, 2k, 5kHz, If 30, 60, 130,
260, 600Hz, bell and notch options with write and in
switching, compatible Allision/Automated pro-
grammer.

Automix

For typical channel arrangement on Automix fully
automated console mixdown system. Console
available in 24 or 32 channel options as standard, in
conjunction with Allison/Automated programmer.
All functions automated, including eq, subgroups
and pan. Multiple LED indications of status and
related functions.

1604

Supplied standard as up to 16/4 console using
various standard modules. Includes standard echo
foldback, monitor and metering options.

2483

Supplied standard as up to 24/16/24 console with
extra capacity for particular requirements as
necessary.

2824
Up to 28 inputs each with direct output and quad or
stereo panning, 16 mixing busses, up to 24 VU
meters, four echo busses comprehensive monitor-
ing, two mode/ 525 compressor limiters, wired for
four.

3224
Up to 32 inputs with 16 groups, eight echo busses.

AVAB (Sweden/USA)

Avab Elecktronik AB, V. Hamngatan 1, S-41117
Goteborg, Sweden.

Phone: 031 11.20.32. Telex: 27531.

UK: MCI (Professional Studio Equipment) Ltd, MCI
House, 54-56 Stanhope Street, London NW1 3EX.
Phone: 01-388 7867.

USA: Avab America, 1714 Stockton Street, San
Francisco, Cal 94133.

Phone: (415) 421-3562.

FM800

Production mixer built into lightweight aluminium
case, eight input channels each with pan, hf and If
eq, monitor level, PFL, switched gain, line and mic
inputs, slider fader claimed to be ‘sealed’. Also ref
oscillator, highpass filters, phase reverse, mixer to
boom talkback, tape stop/start, director/script
monitor outputs, VU meters, slate microphone, 12V
and 48V phantom powering on each input, two
stereo outputs, mono output, Nagra connector.
Price: on application.

B&B (USA)

Aphex Systems Ltd, 7801 Melrose Avenue, Los
Angeles, Cal 90046, USA.

Phone: (213) 655-1411. Telex: 910-321 5762.

UK: Aphex Audio Systems UK Ltd, 35 Britannia
Row, London N1 8QH.

Phone: 01-359 5275.

OAS-24 Grouper

Stand alone grouping system designed to be used
in conjunction with most consoles, improves
mixing flexibility by providing subgrouping control
of multiple channels with one fader, plus a master
fader for all the subgroups, standard configuration
handles 24 channels and up to nine subgroups plus
group master, also mute on each group, 0dB gain.
Price: $8,000.

BIAMP (USA)

Biamp Systems Inc, 9600 SW Barnes Road,
Portland, Oregon 97225, USA.

Phone: (503) 297-1555. 62 p
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At Trident, we believe
in giving you exactly what
you want, not simply
supplying whichever
console comes nearest to
your present requirements.

That is why we have
developed our latest
console — the Series 80.

Being fully modular, it
can be tailored from 16-
track to its full mainframe
capacity of 24-track at
any time. And when you
want to go automated,
that’s simple as well.

So you really can tailor

your facilities as and
when you need to.
The quality, of course,
1s up to Trident’s usual
high standard, with fully
modular patchbay (512
patchpoints), +24dBm

output capability and /

solid state switching, all
based on designs proven
reliable with the superb
TSM range.

But the best feature of
all is its highly
competitive price: up to
— £22,000 depending
upon format, with a
financial package deal
available.

ILORED TOYOUR POCKE"

Contact Ken Brayor
Steve Gunn who'll be
pleased to arrange a free
demonstration for you.

Trident Audio Developments Ltd.
Shepperton Studio Centre,

Squires Bridge Road,

Shepperton, Middlesex,

England.

Tel: Chertsey (09328) 60241

Telex: 8813982 Trimix G

i

TRICENT, 1)
Mo
S

America Area 1 Studio Maintenance Services, California. Tel: 213-877-3311
America Area 3 Winteradio Companies, Parma, Ohio. Tel: 216-886-5536

America Area 2 Sound 80 Inc., Minneapolis. Tel: €12-721-6341
America Area 4 Empirical Audio, New York. Tel: 914-762-3089

ARustralia John Barry Group, Sydney. Tel: 61-2-439-6955

Canada La Salle Audio Products Ltd, Montreal. Tel: 513-342-2511

Germany Peter Struven, Hamburg. Tel: 49-40-801028
Italy Audio Products International, Milan. Tel: 332-273-896

South Africa Leephy (Pty) Ltd., Johannesburg 2092. Tel: 010-48-3821

www americanradiohistorv com

France Lazare Electronics. Paris. Tel: 33-1-878-62-10

Holland Cadac Holland BV, Hilversum. Tel: 31-35-17722

Japan Continental Far East, Tokyo. Tel: 81-3-683-8451
Spain Neotecnica S.A E.. Madrid. Tel: 34-.-242-09-00
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2442

24/2 console with 4 submaster outputs, four bands
of eq, monitor, echo, and switchabie pre-post aux
busses, 48V phantom power, mic/line switching,
four separate echo/line channel inputs, sub send
controls, priority solo, headphone monitoring, four
VU meters.

Price: on application.

1642
Similar to above, but ony 16 input channels.
Price: on application.

1682/1282/8802

16, 12 and 8 input channel stereo mixers, all with
3-band eq, aux send, monitor output.

Prices: on application.

BOGEN (USA)

Lear Siegler Inc, Bogen Division, PO Box 500,
Paramus, New Jersey 07652, USA.

Phone: (201) 343-5700. Telex: 710-990 5047.

Range of basic mixer/preamplifiers with rotary
level controls. Balanced or unbalanced inputs,
either XLR or jack connectors, facilities for extend-
ing inputs with add on units. Also separate
23-octave equaliser.

Tech-craft range

Mixerfamplifiers for PA applications, some with
rotary faders, others with sliders, VU meter. Also
modules designed for mic or gram inputs. Also 24-
and Ys-octave equalisers.

BROADCAST AUDIO (USA)

Broadcast Audio Associates, 11355 Pyrites Way,
Rancho Cordova, Cal 95670, USA.

Phone: (916) 635-1048.

System 12/16

12- and 16-channel modular broadcast mixers, log
taper slider faders, cue detent, separate cueing
button (stereo), dc audio switching using LCDs, 10
plug-in relays for remote control, switched gain,
numerous outputs.

BROADCAST ELECTRONICS (USA)
Broadcast Electronics Inc, 4100 North 24th Street,
PO Box 3606, Quincy, lliinois 62301, USA.

Phone: (217) 224-9600.

UK: Broadcast Audio Equipment Ltd, PO Box 31,
Douglas, Isle of Man.

Phone: 0624 4701. Telex: 627900.

Series 150 and 250

Rotary control type broadcast mixers using ladder
type maintainable step attenuator with cue buss
switching, FET buss selection, mono/stereo
available in five or eight channels, in mono or
stereo, in deluxe or standard (with sealed pots).
Prices: on application.

BULGIN/SOUNDEX (UK)

Bulgin Electronics Soundex Ltd, Park Lane, Brox-
bourne, Herts EN10 7NQ.

Phone: 09924 64455.

Series 1300

Four inputs, two outputs (one stereo input, two
mono pannable), PPM or VU metering, XLR or jack
connectors.

Prices: £220 to £277 depending upon options.

CADAC AUDIO (UK)

CA Audio Systems Ltd, 141 Lower Luton Road,
Harpenden, Herts AL5 5EQ, UK.

Phone: 05827 64351. Telex: 826323.

USA: Irv Joel & Associates, 528 River Road,
Teaneck, New Jersey 07666.

Phone: (201) 692-0010.

In-line series

Range of consoles for music recording and remix,
models for 16-, 24-, 32-, 40- and 48-track working,
with individually and master controlled functions,
six section equalisers switchable in channel or
monitor, programmable overdub, main faders inter-
changeable for monitor or channel, in remix track
outputs to busses and additional input per track to
4-track mix. Various options including digicat
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digitally controlled subgrouping, and CARE auto-
mation.

320 series

Standard and custom console for broadcasting,
configurations from 8/2 through to 24/2 with range
of equalisers and input modules.

CAE (USA)

Custom Audio Electronics, 2828 Stommel Road,
Yﬁsilanti, Michigan 48197, USA.

Phone: (313) 482-6568.

XPC-16P Series

Modular sound reinforcement mixer that uses no
mainframe, chassis or motherboards, with
modules simply fastening side-by-side with
internal Molex connectors. The basic input module
features switched gain, eight output assigns, two
aux sends, pan, If and hf eq with selectable bend
points, and solo, while the XPC-16P input module is
similar but additionaily with built-in limiter, three
aux sends, 3-band fully parametric eq with hf and If
switching peak or shelving, high and lowpass, and
eq infout. The submaster module includes master
outputs in stereo, pan, stereo lo and hi pass eq,
assign switches for other submasters or masters.
An alternative output module is the 8-Mix Master
module for monitor mixing and studio applications,
while the 8-Line In module provide eight line inputs
for effects returns and submixes; also a Communi-
cations module with intercom and lamp.

CALREC (UK)

Calrec Audio Ltd, Hangingroyd Lane, Hebden
Bridge, Yorks HX7 7DD, UK.

Phone: 0422 842159. Telex: 517479.

USA: Edcor, 16782 Hale Avenue, Irvine, Cal 92714.
Phone: (714) 556-2740 Telex: 685557.

L series

High density mixers with 35mm wide modules,
designed for broadcasting studios (particularly
television). Input channels provide phantom
powering, wide sensitivity, eq and filters, channel
and group routing module allow up to 16 main, 4
echo, 4 foldback and 2 PA groups, provision for AFL,
PFL, pan. Provision for main or main clean feed mix
down, mono and stereo monitor, subgroups,
recording matrices, multiway working, talkback
and communication systems, PPMs or VU
metering.

M Series

Basedonthe L series but has micro-computerauto-
mation and floppy disk storage enabling automa-
tion of all normally possible functions. Use of a new
design DCA allows direct control by 8-bit digital
system presenting virtually passive audio circuit
which minimises distortion. For multitrack and
broadcasting applications and capable of meeting
changes in track requirements.

(ClIJI-'\(I\)IIBRIDGE ELECTRONIC WORKSHOP

Cambridge Electronic Workshop, 4 Water Lane,
Oakington, Cambridge CB4 5AL.
Phone: 022023 3737. Telex: 87183.

Theatre Consoles

High quality portable and installed desks for
theatre use. Fully modular desks purpose built to
provide a range of custom assemblies from
standard production items. Complete worldwide
installation and commissioning service. Standard
2 and 4 group models available. Cue lights, show
relay, communication facilities, tape remotes
VU/PPM metering. Any group or input may be
metered via PFL, also stereo and off-tape
monitoring, switching for eight output/LS line.
Standard modute includes separate mic and line
sensitivities, hf, variable mid, high/low pass filters,
eq infout, two aux pre or post pan, PFL, group
routing.

10/2

10 input channels, two main groups, two aux
groups, PFL, oscillator, full talkback, four direct
inputs.

Price: around £3,500.
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12/4

12 input channels, six direct inputs all accessing
two mono and four main groups. Mono groups
routed to main groups via quad pan pots. PFL,
oscillator, full talkback, foldback groups with eq
available to a maximum of eight.

Price: around £6,000.

CANARY (UK)

Canary Mixing Desks Ltd, 17 West Hill, Wands-
worth, London SW18 1RP, UK.

Phone: 01-870 7722. Telex: 889294.

10/2, 16/2

10 and 16 input, stereo mixers, flight case
packaging, each channel with three section eq,
input gain, foldback and echo sends, pan, PFL,
slider faders, jack connector, XLR to order, VU
metering.

Prices: 10/2 £294; 16/2 £441.

24/2,16/2 Plus

24 and 16 input, stereo mixers, each channel with a
separate VU meter, also meters on output, 4-band
eq, pre and post fade sends channel on/off, AFL,
stereo headphone monitor.

Prices: 24/2 £1,050; 16/2 £742.

12/2

12 input, stereo mixer for PA and recording, XLR
balanced inputs, four channels with line inputs,
4-band eq, two aux outputs, VU meters on outputs.
Price: £440.

CHILTON (UK)

Ma%netic Tapes Ltd, Chilton Works, Garden Road,
Richmond, Surrey TW9 4NS.

Phone: 01-876 7957.

Canada: Radio Service Inc, 2500 Bates Road,
Montreal, Canada H3S 1A6.

QM3 Series

Available in 12/4 (8-track monitoring) and 16/8
(16-track monitoring) formats for recording
applications, and 24/8/2 and 20/4/2 PA formats.
Features include P & G faders, four aux sends,
PPMs, and an auto channel mute system (optional
on the 12/4 format). Options include parametric eq,
filters, LED bargraphs oninputs, and comp/limiters
on outputs.

M Series

Available in 10/2 and 16/2 formats, suitable for
recording or PA applications. Choice of input
modules including balanced mic and RIAA
magnetic input; standard features include 3-band
eq, two aux sends, and PPMs on outputs.

COHERENT COMMUNICATIONS (USA)
Coherent Communications, 13733 Glenoaks Blvd,
Syimar, Cal 91342, USA.

Phone: (213) 362-2566.

MX-80

Motion picture location sound mixer, four input,
mono output, XLA connectors, mic and line inputs,
mf eq, hf pass, VU meter, slate, phase reverse,
headphone output with level control.

Price: $1,500.

D&R (Netheriands)

D&R Electronica BV, Keizersgracht 284, NL-1016
EW Amsterdam, Netherlands.

Phone: 020 25.01.30.

MR600 series

Recording/PA mixer, 6, 12 and 18 input channels,
mic/linef/insertion, gain, hf, mid and If eq, foldback,
echo send, panpot, PFL, overload VU meters, four
outputs.

Price: Dutch guilders 954 to 1,804.

1000 series

Console mixer for recording, and/or PA, in-line
concept with eight subgroups, direct out facilities,
10, 20 or 30 KO versions, parametric eq, phase
reverse, remix/sync/group/aux sends (four), solo,
LED bar metering on each channel, master/monitor
with all normal facilities.

Prices: Dutch guilders, 2,790 to 6,740.

ST1600 series

Master recording consoles using inputfoutput
channel featuring two overlapping parametric
equalisers, overload indicators, six cue sends,
simplified construction by using modules of eight
channels, Master module includes record, replay/
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PROFESSIONAL MIXING CONSOLES

The AMEK/TAC current product
range: TAC 1682, TAC 500,

AMEK 1000 systems offering
consoles of varying sophistication
for recording, sound reinforcement,
A/V production, onstage monitor
mixing; AMEK M2000 non-
automated, M2000A/2500 and
M3000 automation-capable master
recording consoles for 16/24/48
track recording. Coming:
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computer mixdown systems. .. AR RN
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TAC 500
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TRy TAC 1682
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M2000A/M2500

UK SALES: SCENIC SOUNDS, 97-99 DEAN ST, LONDON W1V 5RA (01) 734 2812
AUSTRALIA: AUDIO CONTROLS, SYDNEY (2) 922 1777 FRANCE: CYBORG, PARIS (1) 845 8448
GERMANY  JEFF NIECKAU. B F E. MAINZ (06131} 46811 ITALY: AUDIO PRODUCTS INTERNATIONAL, MILAN (2) 236 6628
SOUTH AFRICA ELTRON, JOHANNESBURG (11) 23 0018
USA: BRIAN CORNFIELD. EVERYTHING AUDIO, LA (213) 895 4175 MARTIN AUDIO, NEW YORK (212) 541 5300
WESTBROOK AUDIO, DALLAS, TEXAS (214) 699 1203
AMEK SYSTEMS AND CONTROLS LIMITED/TOTAL AUDIO CONCEPTS LTD, ISLINGTON MILL, JAMES ST,

SALFORD M3 5HW, ENGLAND (061) 834 6747 TELEX 668127 NICK FRANKS/GRAHAM LANGLEY
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sync and remix, and subgrouping is also available.
Price: Dutch guilders 24/24 15,850, 32/32 18,500.

DYNACORD (West Germany)

Dynacord Electronic GmbH, Sienmensstrasse
41.43, D-8440 Straubing, West Germany.

Phone: 09421 3101.

UK: Beyer Dynamics (GB) Ltd, 1 Clair Road,
Haywards Heath, Sussex RH16 3DP.

Phone: 0444 51003.

MC1233C

12/2 mixing board for vocal and orchestral PA
systems, inaluminium flight case, foldback, hf, mid
and If eq, XLR connectors, VU meters, monitoring.
Price: on application.

MC1200/1600

12/2 and 16/2 on-stage mixer, padded arm rest, echo
and effects units connections, XLR connectors, VU
meters.

Price: on application.

MC20/8/2

20 input, eight subgroups, two masters, for PA or
studio applications, XLR mic inputs, jack line
inputs, low cut, 3-way eq with parametric eq, two
effect and foldback channels.

Price: on application.

EELA AUDIO (Netherlands)

Pieter Bollen Geluidstechniek BV, Hondsruglaan
83a, NL-5628 DB Eindhoven, Netherlands.

Phone: 040 42.44.55. Telex: 59281.

UK: Eela Audio, 13 Molesworth, Hoddesdon, Herts.
Phone: 09924 68674.

USA: Audicon Marketing Group, 1200 Beechwood
Avenue, Nashville, Tenn 37212.

Phone: (615) 256-6900. Telex: 554494,

Concord 52000

System 100

Modular block mixer, allowing different
configurations to be assembled, S707is input block
with four mic/line inputs with two separate XLR
inputs for each channel, phantom powering, high
pass filter, 3-band eq, optional direct output, mute,
aux send, pan control, PFL. S102 is stereo output
block with two echoreturns, limiter, insertion point,
monitor bank with tape return, headphone output,
aux circuits. S703 is input block with four stereo
line level inputs, reverse, eq and aux sends, mute.
S104 is 8-track interface unit providing eight
separate channels each with a 12-position selector
switch to take 10 channel inputs and left and right
outputs for routing to an 8-track recorder, monitor
matrixing, LED record indication, stereo cue,
transport remote controls. Available in standard
formats of 4/2, 8/2, 12/2, 16/2.

Prices: £548 to £1,210, many options.

System 200

Modular block mixer, allowing different con-
figurations to be assembled from a 4/2 film dubbing
mixer to a 16/8 recording console, or even larger.
S201 is single channel input module with four group
routing and two aux sends, two separate inputs, hf,
mf and If eq, direct output, PFL, $202 similar with
8-grouprouting, S203 has 4-group routing with 4 aux
sends, S204 is 8 with 4, $205 is output module with
monitor section and one aux send, S206 similar
with 2 aux sends, S207 aux master/osc/talkback
module, S208 similar with 4 aux masters, S209 is
monitor master module, S270 patchpanel, up to 28
modules per chassis, VU or PPM metering.

Prices: 12/4 £2,888,; 16/8 £3,908.

Concord $2000

In-line mixing console, availablewith 12,20 0r 28110
modules, console is built from only three different
modules, the /O modules, a master/monitor
module, and patchbay module with status
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switching. Switching is for record, tape and remix
modes with PROM control, solid state switching,
subgrouping, in place solo, in remix there are max 9
stereo and 2 mono sends.

Prices: £4,568 to £7.770.

ELECTROSONIC (UK)

Elecktrosonic Ltd, 815 Woolwich Road, London
SE7 8LT, UK.

Phone: 01-855 1101. Telex: 896323.

Control desks

Custom built sound control desks for theatres,
conference centres, PA systems, etc. In additionto
providing comprehensive sound mixing facilities,
many other control and communications functions
may be fitted, particularly for complete systems.
Also stage managers desk.

ELEKTROIMPEX/BEAG (Hungary)
Elektroimpex, PO Box 296, H-1392 Budapest,
Hungary.

Telex: 225771.

FIT-IC

European style multitrack recording console
available with up to 30 input channels with high,
mid and low eq with low and highpass filters, two
aux sends, four main groups, eight full and eight
extensive multitrack output groups, 16-channel
monitoring, internal patchbay, PPMS, numerous
other modules and facilities. Console is based
upon 25mm channel width.

Prices: on application.

Formula Sound custom desk

four principal outputs, four aux outputs, control
room monitor, studio monitor, talkback, PFL,
3-band eq, test channel.

ENERTEC (France)

296 Ave Napoleon Bonaparte, F-92505 Rueil-
Malmaison, France.

Phone: (1) 977.92.23. Telex: 203404.

UPS4000

Modular construction, based on die-cast alloy
chassis plugging into cast modular frame; console
may be tilted on its support. Modules interchange-
able in situ. Electronics use I1Cs widely; group
routing via FET switching, grouped on plug-in
mother boards; modules interconnect by mother
board, reducing wiring demands.

Any system configuration supplied using
combinations of following principal modules:
input, with four balanced inputs, mic/line gain, high
pass filter; eq with boost/cut, eq Baxandall
characteristic +12dB at 60 and 10kHz or presence
at 0.7/1.2/2/2.8/4/5.6kHz +12dB in 2dB steps; band
pass 24dB/octave at 100/250/500Hz and 4/6/8kHz;
routing module; auxiliary outputs, four aux sends,
both pre/post; echo return with gain to main group
bussing; output amp balanced; limiter/compressor,
‘limiting function —10dBm’ with 25dB headroom,
threshold variable over 20dB range, variabie attack
and release; fader with mute and PFL; mic TB amp
with limiter; TB return, with two amps for various
PFL and monitor functions. Automation facilities
available oriented for use in broadcast or recording
environments.

UPS1602
This mixer is designed for control room
applications in broadcasting, motion picture,

theatre, educational and audio visual applications.
Comprises six balanced micl/line inputs, two
outputs, input pad, high and low eq, talkback PFL,
internal power supplies and optional remote
control facilities on each channel. Headphone and
VU monitoring is standard.

UPS5000

Range of consoles with 10, 12, 16 and 24 input
channels, with four main groups, four aux groups,
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FAIRCHILD (USA)

Fairchild Sound Equipment Corp, 75 Austin Blvd,
Commack, Long Island, New York 11725, USA.
Phone: (516) 543.5200.

UK: Jacques Levy Professional Recording
Services, 6 Carlisle Mansions, Carlisle Place,
London SW1.

Phone: 01-834 9248.

FPC

Portable, flat console available in formats between
8/2 and 16/8. Balanced mic input with gain, If, hf
boost/cut peak selectable. VU metering on groups,
balanced out; 25 hours operation on one set ‘C’
batteries; solid aluminium construction.
72x 62 x 5¢cm, weight 12 to 19kg depending on
format.

FIC

Flexible modular system for recording. Input
module includes level, select and pad switches,
input fader, echo send and gain pre/post,
compressor, high and low eq, foldback, VU. Output
module includes slider, echo return, compressor,
eq, VU meter. Monitor modules include 10x 10
select matrix, slate, talkback.

FORMULA SOUND (UK)

Formula Sound Ltd, 3 Waterloo Road, Stockport,
Cheshire, UK.

Phone: 061-480 3781.

Custom built recording and PA consoles to
customer's specifications.

GELF (UK)

Gelf Electronics Ltd, Unit 5, Mount Avenue, Bletch-
ley, Milton Keynes MK1 1LS.

Phone: 0908 77503.

Monitor Mixer 16/6

Developed particutarly for stage monitoring, this
provides 16 inputs and six independent outputs.
Input sensitivity is —40dB and each channel
provides If, mid and hf eq and separate level
controls for each output group. Each output has a
9-band eq.

Price: £2,700.

Gelf also manufactures larger mixers using similar
modules.

CLIVE GREEN (UK)

Clive Green & Co Ltd, Britannia House, Leagrave
Road, Luton LU3 1RJ, UK.

Phone: 0582 411513. Telex: 826138.

France: Enertec, 296 Avenue Napoleon Bonaparte,
F-92505 Reuil Malmaison, France.

Phone: (1) 977.92.23. Telex: 203404.

Broadcast Console
Multitrack mixing console for broadcast studios, 32
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AUTOMATION NOW

The Roland Compu-Editor, is the first console automation system
we have seen that does not use up valuable tracks and is also
sensibly priced.

This self contained unit will control up to 15 channels of audio
(inputs, ocutputs or auxiliaries), and stores all the working level
information internally or dumps to tape. You can update, override
manually and lock up to any tape machine using the internal
SMPTE generator/decoder. Many advanced features make sophi-
sticated automation possible for any studio. On demo now or send

MIKE BOX

We now have a range of ex
clusive wall or cable mount
ing connector boxes. The
standard type takes 8 temale
XLR's and 4 jacks, the large
version is exactly twice that,
and the two smaller boxes
accept 2 jacks or XLR's
respectively. All types have
back and side cable entries
and fixing holes, and are
available with or without
connectors.

EXR EXCITEMENT

Introducing the alternative
aural exciter that you can pur-
chase outright. Employing
patented circuitry, this stereo
processor provides psycho-
acoustic enhancement for any
signal. Connect simply to
auxiliary send and return, or
process stereo direct, and
stereo spreads, clarity
increases, putiing il basically,
everything sounds crisper. It is
not a fancy tone control or
compressor, call for a demon-
stration, and be convinced.
An exclusive US import from
TURNKEY.

for details.

ANNIS
MAGNET-
OMETER

It works somewhat like a
compass, but tells you when.
Put it next to a tape head,
guide or capstan, and you get
an accurate reading of the
residual magnetic field. The
scale is accurately cali
brated, 5-0-5 Gauss, and an
extension probe for awk-
wardly positioned heads 1s
available. Exclusively from
Turnkey.

ONE FOR THE ROAD

We've put TEAC's Portastudio
into a roadcase with all the
facilities you need for a work-
ing portable studio setup. A
pair of Auratone monitors are
driven by a custom 30W stereo
amp, and we include, head-
phones, mikes, a patch bay
and a selection of Accessit
signal processors. All parts
available separately or custo-
mised to requirements.

SHORT TAKES

Flight cased eight track system available for hire . . . .

TEAC 32-2

As predicted in the last Mix,
Teac’s new stereo mastering
machine proves to be a
winner. Switchable NAB/IEC
eqgualisation, varispeed, big
VU’s, motion sensing and a
closed loop type tape path all
contribute to its success.
What's more, it's priced well
below the competition.

12 by 2 SPECIAL

We have acquired a batch of
guality branded stereo re-
cording or PA mixers. Each
channel has wide range mike
or line inputs, insertion
points, four band eq, and two
auxilliaries. The output sec-
tion features echo returns, VU
metering and powerful head-
phone monitoring. A snip at
£360.00 plus VAT.

ASC

machine now sold but we can do a great deal on Wollensak copiers

.. . . bulk tape scheme operating . . .
bus for eight language guided tours of London . . .
. name band buys 5 portastudios to

delay GBS availablescon . . .

take on tour and be creative in hotel rooms . .
system completed, call in for a demonstration . .

_we wire a double decker
. variable

. . Turnkey monitor
.. New TEAC

sixteen track here at last . . . . Plans afoot to double the size of our

present premises . . .
Seck mixer . . . .

. number one album made using Prokit/

ADVANCED AUDIO DESIGNS DDL

New from America, this processor makes full band delays up to
250mS available in 1mS steps. A front panel digital display
shows the programmed delay and full footswitch remote func-
tions are available. As well as normal delay effects, (enhanced
by a feedback control) the circuitry allows eftects such as
flanging, pitch alterations, frequency modulation and intinite
repeat hold. Exclusively from Turnkey.

GREEN BOOK

Much more than a catalogue,
the new "Turnkey by Mail”, 28
page book includes hints on
setting up a studio, choosing
equipment, and other practi-
cal advice. Call or write for a
copy or use the reply coupon
in the September issue of
Studio Sound.

5 STUDER 24 TRACK'S DELIVERED

The Soundcraft 1624 is the most sophisticated mixer in its price
range. The Studer A80 twenty four track is the most reputed, and
now at revised prices offers the best value in the market. Put them
together and you have a package set for the eighties. Our experi
ence of both private and commercial installations enable us to
tailor this package to your exact requirements. Prices start from
around £30,000. Call Andrew Stirling on 01-440 9221 for full
details.

key

All the products that we sell
canbe boughtusing Accessor
Barclaycard/Visa. Order by
phoneforfast delivery. Callor
write for a copy of our new
“Turnkey by Mail” catalogue
or visit our demonstration
room in North London during
normal office hours.

Qur business is helping you
with yours.

VISA

Turnkey.

8 East Barnet Road,

New Barnet, Herts., EN48RW.
Phone 01-440 9221

Telex 25769
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Survey

inputs, 24 track monitoring, stereo masters, six cue
sends, six echo sends, muting, three headphone
circuits, automation available. Console in in-line
design with I/O/M modules, with separate jackfield
and meter bridge. Input module is transformeriess,
multitrack routing switches, panpot, channel
couple for stereo inputs, 0 to 60dB stepped gain,
monitor pre-set, six section eq with four main bands
with 15dB presence orabsence with adjustable bell
curves, high and lowpass filters, phase reverse,
PFL pre eq, mute, four monitor/mixdown groups.

HARRIS (USA)

Harris Corporation, Broadcast Products Division,
123 Hampshire Street, Quincy, Illinois 62301, USA.
Phone: (217) 222.8200.

UK: Lee Engineering Ltd, Napier House, Bridge
Street, Walton-on-Thames, Surrey KT12 1AP.
Phone: 093 22 43124. Telex: 928475.

Dualux 80

Dual channel monoaural console. Eight mixing
channels, 18inputs, allows control of AM and mono
FM from the same control point. Executive dual
channel stereo/mono console, 26 inputs into 10 full
channels may also be operated monoaurally. Dual
channel capability allows control of FM stereo and
mono AM simultaneously.

Gatesway 80

Monaural console. Eight mixing channeis, 18
inputs. Stereo 80 console, 180 console, 18 inputs
may be switched into eight stereo mixing channels
to provide a large degree of flexiblity that will
satisfy any stereo requirement.

Mono/Stereo 5

Broadcast audio control console, five channels,
with 13 switched inputs, available in mono or
stgreo, VU metering, cue and monitor gains, rotary
faders.

Executive

10 channel, with 22 inputs, switched to specific
channels, includes network channel, cue intercom
system.

M90
Broadcast desk, with up to 26 mixing positions and
52 inputs, with two, four or eight output

configurations, combined mono output standard,
optional eq, high and lowpass filter on each
channel, LED function indicators, input and output
monitoring.

HARRISON (USA)

Harrison Systems Inc, PO Box 22964, Nashville,
Tennessee 37202, USA.

Phone: (615) 834-1184. Telex: 555133.

UK: FWO Bauch Ltd, 49 Theobald Street, Boreham
Wood, Herts WD6 4RZ.

Phone: 01-953 0091. Telex: 27502.

MR-1

Utilises DCI (Distributed Control Intelligence)
digital-analogue, hybrid-console architecture
whereby an individual micro-computer is placed in
most console modules. Operational characteris-
tics of the 56 input, 48 output console are under
software control; and the MR-1 features automated
panning, echo sends, group assignment, echo
return, and automated insertion of patch points,
filter, and equalisation. The MR-1 is specifically
designed for compatibility with synchronised
24-track tape machines.

3624 and 2824
In-line multitrack consoles using input/output
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modules where all internal stages have their inputs
and outputs brought out onto an electronic
switching card using FETs which allows the
‘organisation’ to be freely changed to accommo-
date different operating modes. Each channel
features 24 independent assignment busses,
assignment pad, mic gain and pad, full parametric
eq and hp filter, multitrack monitor, stereo cue,
echo sends, quad pan, mute/solo, automated fader
with nine grouping busses. An internal channel
patchpoint can be selected to different areas of the
module. Operational status includes source
monitor for recording, return monitor for
overdubbing, return mix for mixdown, and source
mix allowing a monitor mix onthe main VCA faders.
Metering is via 12 segment electronic VUs, and
automation is available. 36 and 28 input versions
with 24 outputs.

Prices: 3624 $78,852, 2824 $65,463.

4832, 4432, 4032 and 3232

Basically similar to above but with 48, 44, 40 and 32
inputs with 32 outputs. Input/output modules have
further facilities such as two patchpoints, four
echo sends etc. 36 segment electronic VU/PPM
meters are fitted as standard. Transformerless
microphone amplifiers are standard.

Prices: 4832 $149,270, 3232 $103,807.

Auto-Set

Microcomputer based programme primarily for
automation of Harrison consoles but which can be
used for many other applications. Uses full ASCII
keyboard with visual display unit (32 x 16 charac-
ters) and provides numerous facilities. Full details
on application.

Price: $21,572.

Live Performance Console

Available in either 24 or 32 input mainframes with
satellite extender frames of either 24 or 32 input
configurations constructed from aircraft
aluminium with a weight of about 84kg for a
24-channel console. Features include four pairs of
main stereo groups, 3-band parametric eqwith high
pass filter on each input/output module, eight
auxiliary send groups, automation ready, Penny
and Giles VCA fader section with switching to
select any or all of eight subgroup masters which
allows for grouping of subgroups.

Note

Harrison are to introduce a new in-line multitrack
console at AES New York (November 1980). This will
be available in two versions, automated and non-
automated. Full details will be included in our AES
Report.

HH (UK)

HH Electronic, Viking Way, Bar Hill, Cambridge
CB3 8EL, UK.

Phone: 0954 81140. Telex: 817515,

USA: Audiotechniques Inc, 142 Hamilton Avenue,
Stamford, Conn 06902.

Phone: (203) 359-2312.

Stereo 16

16-input stereo mixer with four band eq, balanced
low impedance input switchable to high imp un-
balanced, peak programme indicator, foldback,
echo and pan. Graphic equaliser built in as
standard, VU meters also fed from channel PFL,
stereo phone socket, optional digital effects units

which pluginto front panel, XLR or jacks with multi
pin connector for stage box.

Stereo 12

Similar to above but only 12 channeis and less peak
indicators, graphic equaliser and separate monitor
VU.

HILL (UK)

Malcolm Hill Associates, Hollingbourne House,
Hollingbourne, Kent, UK.

Phone: 062780 556.

A Series

Uses basic channel module featuring variable gain
(from -90dB), +18dB high, mid and low eq,
foldback aux and echo sends, pan, function and
fader. Connectors jacks (option XLR), 4-band eq in
output groups, VU metering previous to output
faders. 4-track capability.

B Series
Similar to A series but standard with XLR
connectors and VU meter on each channel.

C Series

Similarto A series but with mic/line channel switch,
Penny and Giles faders, 8-track routing, various
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