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Pretty
Impressive
Over the past couple. of years our
Series 2400 studio mixing consoles lave

Soundcraft Automation system makes
Series 2400 even more versatile.

been impressing more and more people.
So many, in fact, that over 200 consoles
have been installed already in studios
throughout the world.
Studio owners have found that the
28/24 version of the Series 2400 is the
most cost - effective way -o get 52
equalised inputs during mix down.
While their clients lave the flexibility of
the split console design, with its Logical
format and easy to follow signal pa hs.
All sound professionals are
impressed by our attention to functional
detail. Like the three solo modes. two
programmable mute buses, six cue sends
and of course semi -parcmetric
equalisation on input and monitor
channels. And the new optional

Richard Elen of Studio Sound recently
described the Series 2400 as a very
impressive console that is a pleasure to

1
rA

use'* Which is praise indeed.
So it's no surprise that the Series 2400

most popular 24 track studio console
in Europe. And that's a pretty impressive
achievement- even for a Soundcraft.
is the

' StJdio Sounc - September 1983. Reprints available.

Soundcraft
The Professional's choice
Soundcraft Eledronics Limited, 5 -8 Great Sutton Street,
London, EC1 V OBX, England. Tel: 01 -253 6988Telex: 21198.
Soundcraft Electronics USA, 1517 20th. Street,
Santa Monica, California 90404. Tel: (213) 4534591. Telex: 664923.
Soundcraft Canada Inc. 1444 Hymus Blvd. Dorval,
Quebec Canada H9P 1J6. Tel: (514) 685 1610 Telex: 05 822582.
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More on clarifying the status of recordings using digital techniques
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Digital Abba
`The Visitors'
album

Abba's producer, Michael B Tretow relates some of the trials and
tribulations- and pleasures of all- digital recording

Effects, reverb
and equalisers

Keith Spencer-Allen provides a summary of trends and innovations in
these three fields
Some of the main topics for consideration at the recent New York
convention are reported on by Keith Spencer -Allen
Terry Nelson went to visit Jacques Loussier in his chateau /studio and
sent us cet histoire

AES papers

Studio Miraval
Recording a la
Provencale
The manipulated Following a recent article on the application of industrial psychology
man
in the studio environment Graham Paul Wayne supports the case for
training by example
Digital
Keith Armstrong clears up some of the misunderstandings that have
misconceptions
arisen with digital technology
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Advice, instruction, back-up support.
These are the key words in HHB's digital
service philosophy.
We feel that with technology this
advanced and innovative, these factors

are more important than ever before.
We keep a full range of Sony digital
audio products, from the low -cost
PCMF] processor to the DAE1100 editor
and PCM1610 processor needed to
make your CD compatible masters,
and of course the CDP101 Compact Disc
player.
Additionally, we can supply the video
recorders you need, in both U -matic
and Betamax formats, and advise you on
which machines suit your needs best.
Our comprehensive rental service
now includes all these products,
delivered and installed, and with full instruction on their operation from trained,

in -house editing and transfer facility,
So whether you need to buy or rent,
or just find out what all the excitement
is about, surely it makes sound sense to

contact us -HHB the Number One Name
in digital service.
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We can also offer a fully- equipped
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EDITORIAL

studio
sound
AND BROADCAST
ENGINEERING

STUDIO SOUND is published on

the second Friday of the
preceding month. The magazine
is available on a rigidly
controlled requested basis only
to qualified personnel (see back
page for terms) or for an annual
cost of £14.00 UK, $40 US
surface mail, $75 US airmail
£20.25 overseas surface mail or
£32.50 overseas airmail to non qualifying readers or where
more than two copies are
required in a studio or small
organisation. All subscription
enquiries, including changes of
address (which should be in
writing and preferably including
an old address label or at least
the 7 -digit label code) should be
made to the Subscription
Department, Link House,
Dingwall Avenue, Croydon CR9
2TA, Great Britain.
US mailing agents. Expediters
of the Printed Word Ltd, 527
Madison Avenue Suite 1217,
New York, NY 10022. Second
class postage paid at New York.
NY.

Total average net circulation of
14,307 per issue during 1982.
UK: 5,865. Overseas: 8,442. (ABC
audited)
Studio Sound and Broadcast
Engineering incorporates Sound
International and Beat
Instrumental.
Printed in England
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MOM!

OA THE AUDIT
BUREAU Of CIRCULATION!

News on digital clarification
Since wrote last month's editorial, there have
been some interesting movements in the
direction of an accepted standard for the
labelling of records which include digital audio
techniques in their production. It has been
suggested that RCA will state on appropriate
CDs 'digitally mastered from an analogue
source', and that PolyGram are reconsidering
their labelling policy.
At the recent digital audio seminar held in
London jointly by the APRS and the music
industry trade weekly Music Week, Chris Stone,
chairman of SPARS (the US equivalent of APRS)
put forward their carefully- considered view
which they have been proposing to the US
record industry for several months. (I discussed
these proposals last month: the recording
process is split into three parts, recording,
mixing and cutting, and the three stages are
labelled A or D as appropriate. So ADD would be
an analogue multitrack recording, digitally
mixed and released on CD, for example. In
discussion with Chris Stone it quickly became
obvious that my own suggestion of a 4- character
label was too complex for the consumer at this
time, although thought should be given to
allowing the classification system to be
expanded in the future to encompass new
developments.)
Chris Stone generated a good deal of
comment and results include the facts that both
APRS and the BPI will be considering the
proposals for a 'Digital Audio Recording Code'
as one might call it. The APRS is considering
the SPARS DARC proposals with a view to
endorsing them; the BPI, as the representative
of the majority of UK record companies, appears
interested in the idea. PolyGram intimated that
if SPARS and APRS agreed a unified code, they
too would be prepared to endorse it, presumably
both at the CD manufacturing and the record
company level, although they would probably
require some subtle changes to the exact
definitions of some parts of the recording
process. It would appear that UK and European
record companies are more receptive to the
arguments for a DARC than their North
American counterparts (in the form of the RIAA),
although it is notable that the US 'Compact Disc
Group' (the record companies producing CDs in
the States) have added a couple of paragraphs
in their latest CD catalogue contrasting the 'very
good' quality which analogue-derived CDs offer
with the 'very best' that all- digital CDs can
achieve.
It may be that British companies are worried
about the possible invocation of the Trades
I

Description Act and similar legislation in other
European markets, particularly when it comes to
'digital re- mastering' (the practice of copying
analogue masters to digital and cutting
conventional lacquers from the digital copy so
as to cash in on the enthusiasm of 'digital
fetishists' in the record -buying audience).
However, it is possible that US advertising
legislation may be interpreted as covering the
label on a product as well as advertising for that
product, which would put American record
companies in the same boat as their European
counterparts.
When it comes to 'digital remastering', there
are some interesting developments going on.
Roger Lagadec of Studer demonstrated a digital
noise reduction system at the recent AES
Convention in New York: you put your noisy old
analogue master in one end and out it comes,
pristine and neatly digitised into 16 -bit
PCM...with 30 dB or so of noise removed! The
system divides the audio into 512 bands and
analyses them, subtracting the noise
components, rather like an audio equivalent of
the systems NASA use to enhance video images
from space probes. So far it is a mainframe
simulation and it isn't perfect but if Dr Studer
can be persuaded to manufacture it, it could
revolutionise audio archiving and do marvellous
things to more recent recordings.
Then there is the field of digital signal
processing. With a digital console, it is possible
to process an already -digital signal (say a digital
master or a master which has been stuffed
through Roger's box) without leaving the digital
environment -with no further degradation of the
signal. EQ, limiting and other twiddles can be
done to the tape to be released on CD, in much
the same way as it is today possible to EQ,
compress and otherwise treat analogue masters
in the cutting room. can well see cutting rooms
getting into 'Digital Audio Post -Production', as
they are going to be the obvious DAPP centres
for CD production, CD manufacture being
basically an exact copy, soundwise, of the
original master supplied to the factory.
With digital signal processing in the cutting
room, too, analogue cuts can be 'sweetened'
without losing the quality edge of a digital
master. Obviously this is why central London
cutting room, Tape One, is purchasing a Neve
DSP. And the DSP plus Lagadec's box could
mean cleaner 'old masters' -and new ones too.
When that, happens, 'digitally remastered' on a
record will mean something -but not before
then.
Richard Elen
I
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Tried and tested
by some of the bestJudges
inthe world.
Ideal for Broadcasting -Post Production -OT `Tans etc.
- and many other incidents to betaken into consideration.

Avdta

DEVELOPMENTS
SOUNDS PD=TEC,l' EVERY TIME

For personal attention contact Antony Levesley on 0543 375351 or write to
Audio Developments Hall La., Walsall Wood, Walsall, West Mid. WS9 9AU
Telex No. Audev G 338224 Code: Timing
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This could be
in your studio tomorrow!
At ITA we know Otari better than anyone, and we know that the best way to sell these superb machines is to let you, as a
professional user, try one yourself in your own working environment.
We'll deliver an MTR90 -11 to you tomorrow and install it in your studio. Here's what we'll want you to do:

EXAMINE IT: Apart from the obvious very

high standard of construction, you'll be most impressed with the thought that
into the totally modular design. You'll quickly realise just how simple servicing and alignment would be.
RUN SOME TAPE ON IT: You'll find there are no clonks or bangs with the MTR90. No Pinch rollers. No wild
accelerations. Just the smoothest possible tape motion, with constant tension in all modes, made possible by the MTR90's
advanced computer -based control system.
MEASURE IT: You'll be impressed with how flat the response is. Try the sync response. You'll barely be able to see any
difference Put a squarewave in and see that what comes out still looks like a squarewave. And you'll find that the noise
performance of the MTR90 can only be bettered by digital recorders costing many times the price.
FINALLY, USE IT: Work it hard. Use it in the most critical situations you can find. It won't disappoint you. The MTR90's
superior transient response will brilliantly bring out those difficult electronic instruments that always sounded muddy.
Perform drop -ins, drop-outs and spot erasures that you never dared attempt before. Need to sync to video? the MTR90's
extremely responsive servo control makes it the perfect choice for this application. Lastly
you'll find out just how easy
and logical the actual operating is, with the MTR90's remote and autolocator.
has gone

-

1TA have been closely involved with the MTR90 since its introduction in 1979. We are the logical OTARI source for the true
professional who expects the best sales and service backup to go hand -in-hand with the best multitrack on the market.
Call Mick is .ggis on 01 -748 9009 for more information on the MTR90 or any of the other excellent products in the OTARI range.

*Autolocator and stand optional accessories.

DIEM from ITA. Experience counts.
ITA

1

Felgate Mews Studland St. London W6

01 -748 9009

TLX 21879

SUCCESS IS GOOD TIMING

Timing is our speciality, so it won't take a
second to tell you that we have a unique range
of tape timing products. The Spin -Time add -on
timers, the CM50 autolocator, and now a
synchroniser with a number 1 feature: simplicity!

Applied

Microsystems
Town Mill, Bagshot Road,
Chobham, Woking, Surrey

USA /Canada; Gotham Audio Corp. (212) 741 -7411, (213) 841 -1111

GU24 8BZ
Tel. Chobham (09905) 6267

give you more aontrol,
we gave more controls.
MOWS

- N.G.4. QUAD NOISE GATE
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This noise gate features four
individual channels, so you have more
versatility.
For the technically minded, it also
features Variable Threshold, Release,
Attack, and Depth controls utilising the
latest in Voltage controlled amplifier
technology.
Not forgetting the XLR/Barrier Strip
option, balanced Mic /Line and Key inputs,
and a unique Mono Sum output all

-

-
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constructed in a one rack unit case.
For the not so technically minded, it
means it's one hell of a noise gate.
And it's available now from sole
distributors Kelsey Acoustics Ltd. For
further details, please contact Richard
Vickers on 01 -727 1046/
01 -727 0780.

28 Powis Zërrace London W11 1JH.

PROFESSIONAL PRODUCTS PAGE

ONE SOURCE

_____THE

for all your studio needs
T.C. ELECTRONICS
PARAMETRICS

N.S.F. REVERE PLATE

-7,/\,,

We are the sole agents for

the N.S.F. echo plate. This
new British -made plate
offers real reverberation at
a fraction of the cost of
plates. Its compact
REVERD other
size and solid casing mean
it can be installed in situations that would normally
preclude a plate. Remote control of decay time supplied as
standard. If you're fed up with the boinging and twanging
that your spring makes, check this one out!

41.

..-

NSF

KORG SED3000
PROGRAMMABLE DELAY
___

d

000¢

This device has created a bit of a stir. It's a digital delay
line offering over a second of high quality delay with no
bandwidth restrictions and has several useful and unusual
features. Selectable input and output levels, high and low
pass filters, choice of modulation waveforms including
RANDOM, plus an envelope follower coupled to the
modulator that allows the modulation to be triggered by the
envelope of the input signal. There's also infinite hold,
which can be synced to an external source, and on top of all
this, the whole device is fully programmable! This means
that up to 9 sets of front panel control settings can be stored
in internal non- volatile memories. Definitely one of the
most impressive devices we've encountered for a long time.

IMRI MX5050B2 -II

m

-.

'

The alternative to Revox. The
5050B was the best - selling
half -track in the USA, and
now its successor, the B2 -II,
has taken over that position.
Read the "hands -on" review
in September '83 Studio
Sound to find out why.
A very robust and hardworking machine, packed
with sensible features, and
giving excellent results.
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Parametrics can reach those parts of programme material
that mere graphics can't!
We now stock this range of excellent parametric equalisers
from Denmark. Three models are available; the TC1220
is a 2 -band stereo unit, the TC1140 and TC2240 are mono
and stereo 4 -band units respectively.
Most competitively priced, all models offer a range of
tuneable overlapping centre frequencies and continuously
variable bandwidth. OdBm operation with XLR connectors.

TASCAM 234

A

new four -track cassette recorder from Tascam, giving

a different angle on the Portastudio format. Mic and line
inputs on each channel, full sync facilities, dbx, stereo

monitoring, shuttle operation, varispeed ... a nicely
presented unit packed with features. Use it either standalone or with a mixer to make a more flexible system.

DBX NOISE REDUCTION
spend several thousand pounds to have
noise reduction on your multitrack. Professional Type 1
DBX works out at £110 per track, it's simultaneous, and it
REALLY WORKS! 30dB of S/N improvement can be
obtained and you don't have to line it up every session to
critical levels. And if you're buying 16 or 24 tracks of it,
we'll give an extra discount.
You don't have to

The products shown above are mainly recent additions to our range and represent only a fraction
of the wide variety of Pro -audio products we supply.

ITA
1

Felgate Mews
Studland St.
London W6
01- 748 9009
TN. 21879

EDITING
ACCESSORIES
We keep a good range of
those little things you always
need splicing and leader
tapes, razor blades, tape
head cleaner, etc. Phone to
check stock situation.

-

AMPEX TAPE

HIRE SERVICE

We always have Ampex tape
in stock, at just about the

operate a flexible hire service
that carries many items not
offered by the big hire companies.
We specialise in the hire of
complete 4 and 8 -track packages
for home use, and our rates are
very reasonable. Call ALAN
ENTWISTLE for details.

lowest prices around.
Quantity discounts are
available on all sizes.
Videotape and TDK audio
cassettes also. Phone for
prices.

Vc

HA ARE AGENTS FOR:
ACCESSIT AHB AKG ALICE AMPEX AURATONE BEL BEYER CALREC CUTEC D &R DBX DEDICATED MICROPROCESSORS DELTALAB
DRAWMER EVENTIDE FOSTEX GREAT BRITISH SPRING H -H IBANEZ ITAM ¡BL KLARK- TEKNIK KORG LINN M.P.C. MXR
NEUMANN N.S.E OTARI P.E.P. PENTAGON QUAD REBIS REVOX ROLAND R.S.D. SECK SHURE SOUNDCRAFT SPENDOR STATRAK
TANNOY TASCAM T.C. ELECTRONICS TDK TRIDENT URSA MAJOR VALLEY PEOPLE VESTA -FIRE WEBBER YAMAHA 3M
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THE ONE SOURCE

for 8- track.

At ITA we can always offer the most attractive deals to purchasers of complete systems. At the moment
we are offering a choice of 3 systems to those ready to go 8- track, all at special discount prices.

OTARI Mk III -8 and ITAM 12.4.2 mixer
The Itam 12.4.2 was designed specifically to accompany the
Otani, and this combination of equipment would form the basis
of a really top - quality facility for demo, A-V, or video

post -production work.
The Mk III -8 is still the best %z" 8 -track around, and offers
all the features and performance you expect from a studio
multitrack. Full syncroniser interface as standard, all functions
(including audio) remotable, and an autolocator is now available.
The Itam 12.4.2 has a level of performance and a standard of
construction that does the Otani justice. 3 aux. sends, 3 -band eq
with sweepable mid, full 8 -track monitoring, much more. A very
popular system.

SPECIAL PRICE

- £3,900

TASCAM 38 with TAM noise reduction
and P.E.P. 1200 mixer
A nice mid -range system for the serious songwriter and
smaller demo studios.
When the Tascam 38 was introduced last year, it set new
standards in cost - effectiveness. Combined with the Itam
DB30 /8 simultaneous noise reduction, excellent results can be
obtained.
The PEP 1200 is a budget 10/4 mixer with a tremendous
range of facilities for the price. Full 8 -track monitoring and
metering are fitted, there are 2 aux. sends and 4 -band eq on
each channel.

SPECIAL PRICE

- £2,250

FOSTEX A -8 with 350 /3060 mixer
Many home recordists prefer to stick to equipment from one
manufacturer. Fostex cater for this by having a range that covers
a lot more than just recorder and mixer; there are all kinds of
outboard effects too. We're offering the most popular items in
the Fostex range as a special offer.
The Fostex A -8 is still the world's smallest 8- track, but many
users consider its performance at least the equal of some 1/2"
systems. Combined with the 350 mixer /3060 meter bridge
combination, as Fostex intended, a very compact, neat, yet
powerful system is the result.

SPECIAL PRICE
All

prices exc.
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- £1,350

VAT.

ITA-The systems specialists.

Call us with your requirements -we'll do everything possible to help.

ITA

Felgate Mews
Studland St.
1

London W6
01 -748 9009
Tlx. 21879

IF STUDIOSPARES CATALOGUE IT

_..----""O

!

STUDIOSPARES STOCK IT.

STUDIOSPARES MAINTAINS THE UK'S LARGEST
COMBINED STOCKS OF TAPE & CASSETTES CABLES &
TEST GEAR ACOUSTICS 8c ACCESSORIES LEADS
THE INDUSTRY'S MOST COMPREHENSIVE RE CATALOGUE
AKG
SENNHEISER

dynamic
condenser
lavaliere

REVOX

DBX

B77

noise
reduction
compressors

TANNOY

monitor

speakers

PR99
B710

amps
speakers every model every recorder

every model

REBIS

CROWN

rack
effects
units

AURATONE

ALICE

PZM &

monitor

Z.J.4

7

models
1111111111111

amps

every module
D&R

PENTAGON

3

BBC

models

broadcast monitors

AMPEX

THANDAR

AGFA
WEBBER

signal
processors
reverbs every model

digita
& audio
cassette duplicators

CABLES

ACOUST1LES

audio
& video
test
tapes &

cassettes

every studio model
FERROGRAPH

LEADER

oscillators
chart rec
scopes

Connectronics

millivolt
DVM etc

multiway mic
speaker power

foam
acoustic
tiles

G.W. INSTRUMENTS

PLUGS

DE MAGNETISERS

adaptors
sockets

Ferrograph
cassette

audio
video

Teac

scopes
oscillators

16

DVM's
UVM'S

etc

Stucley Place Hawley Crescent
Camden Town London NW1 6NS
Acounts /Admin 485 4908 Orders 4821692
16

models

70versions
....
PANTEC

I.T.D

audio
digital
duplicating
%x`20,000

in stock

digital &
analogue
meters
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Since 1950 Bauch has supplied the finest products
and an unrivalled service to the professional sound
recording and broadcast industries.
Today, with the inclusion of broadcast video
and semi -professional sound divisions, Bauch is
actively satisfying the requirements of the entire
spectrum of communications industries.
Bauch offers a complete service for the
design and installation of professional audio and

broadcast video systems: an all inclusive service
combining up -to- the -minute technology and skills
with individual and personal attention.
From the initial enquiry through installation
and acceptance to comprehensive back -up and
after -sales service, Bauch provides the assurance
and stability needed to meet the ever increasing
demands of today's professional audio and video
markets.

FW.O. Bauch Limited
49 Theobald Street, Boreham Wood, Hertfordshire WD6 4RZ
Telephone 01-953 0091, Telex 27502
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LAB HIRE

TOMORROW'S
CASSETTE WINDER IS
HERE TODAY!

2 channels of Digital Delay with Stereo

de- glitched pitch changers.
Channel A: 4.8 seconds. Channel B:1.6 seconds.
Audio Sampling and loop editing facility complete
with audio trigger. 9 non -volatile memories.
Full 18kHz bandwidth delay.

DMX15-80S

9 program Digital Reverb. Halls, plates and rooms
plus nonlin, reverse and delay special effects.
9 non -volatile memories. Full 18kHz bandwidth.

RMX 16

01 -387 9356
76 Eversholt Street, London NW1

BY

1

The Tapematic 2000 has made an
impressive launch. It has more features than
any winder in the world and production
experience confirms its performance is tops,
too.
The unique two -reel system cuts reel
changes to less than 3 seconds; a production
bonus of hundreds of cassettes a week.

Stellavox SP 8
Recorder

The

lightweight portable with
heavyweight features.

\

* 4.9 kg Total operational weight.
* EBU/SMPTE Time-code generator version available.
*

* Optional plug -in 50 60 Hz synchronizer.
*

6 Simultaneous inputs: 2

*

Passive big reel adaptor allows up to 12" spools to be used, including NAB.

cc!

SWITZERLAND

x

variable line; 2

x

fixed line.

o 2068 Hauterive-Ne,
Switzerland.Te1:038 33 42 33.
Telex:35 380.

IUK Distributors FUTURE FILM DEVELOPMENTS. 36 38 Lexrngton St London W 1R 3HR.
England. Tel 01 437 892 3 Telex 21624 ALOUD G Cables Allotrr pe- London W1
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And all at

a

price under

£9,500.

TAPE MARKETING
13 Elm Road,

Faringdon, Oxon, England.

Tel: 0367 -20262

* Very low power consumption (90 -110 mA).
mike; 2

The winder is designed for the user, too, and
components are easily accessible for
maintenance, even while in use. LED
indicators and valve identity help servicing.

Information with pleasure from:

Universal option includes mono neo-pilot compatible. mono synchrotone and
stereo synchrotone.

x

Functions are computer controlled and
production data is available from memory at
the touch of a button.

,

Te I x: 858623

TAPEMATIC srl
Via Vimercate 32, 20060 Ornago Milano, Italy.
Te I x: 340233
Tel: 039-624009

High speed duplication, loading, labelling
and boxing of cassettes.

The Image
Builders.

The PCM series of Lexicon digital delay
systems has revolutionised the creation of
dramatic sounds on stage with studio
precision, enabling live performers and
recording artists to explore new
dimensions of musical expression.
Both systems expand the horizons for
digital audio processing, drawing on the
Lexicon technology which is the first
choice of world -class recording studios
and entertainers.
The compact, cost-effective PCM41
puts full professional quality within the
reach of almost all entertainers and small

studios. Effects include automatic double
tracking, flanging, slap echo, infinite
repeat, doppler pitch shift and many
others. Virtually distortion free over the
entire power bandwidth, the PCM41 is
easy to understand and simple to
operate. The only modest feature is
its price!
The stunning repertoire of the PCM42
has all the functions you need from a high
quality delay line, enhanced by Real Time
over -dubbing of musical, vocal'or
instrumental phrases. With a device that
lets you lock delay times precisely top

musical tempos, comprehensive foot
pedal control for live performance, and a
numeric display that tells you the exact
delay time at any instant.
Lexicon PCM Series. The cornerstone
for improved performance.

exicon
International: Gotham Export Corporation
New York, NY 10014 TLX 129269

EW.O. Bauch Limited
49 Theobald Street, Boreham Wood, Hertfordshire VbD6 4RZ
Telephone 01 -953 0091, Telex 27502

QUESTION:

Which range of studio
monitors, apart from the new
Tannoy SRM Series with
SyncSource, M provides a
single point sound source for
all monitoring applications?

ANSWER:

The New SRM Series with
SyncSourceT.M A range of time
compensated single point sound
source monitors from:
Tannoy Monitors are available from:
Audio Services, Stockport 06632 2442
Elliott Bros., London W1 01 -380 0511
HHB London NW10 01 -961 3295
ITA London NW1 01 -724 2497
Don Larking Luton 0582 27195
Music Labs, London NW1 01 -388 5392
Sigma Sound, Nottingham 0602 783306
Michael Stevens & Ptns., Bromley 01 -464 4157
Turnkey, London NW9 01 -202 4366
and in the USA & Canada: Tannoy Crown,
97 Victoria Street N, Kitchener, Ontario, Canada
N2H 5C1. Telephone (519) 745 1158 Telex 069 55328
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Bringing Music Back to Life
Tannoy Ltd., 21 Canterbury Grove,
West Norwood, London SE27 OPW
Telephone 01 -670 1131 Telex 291065

Indivklually,they're amazing.
Together, they're unbeatable.
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MAXI Q

Recording studios, radio and
television production suites, video
and A/V facilities and serious
musician /composers have
discovered that Valley People
equipment improves productivity,
offers ease of operation, requires
little or no maintenance and
provides excellent signal quality.
Standing alone they offer unrivalled
processing power and versatility:
used together by the creative
engineer/producer, they increase
variety and control dramatically.

kepex

II

QLZ Quad Mic Preamp
The low impedance unit for
transparent, distortion -free
recording as well as on- the -air or
live performances. Each of the four
inputs is adjustable from 20dB to
60dB of gain.

Maxi -Q Equaliser

QHZ Quad Preamp

Provides maximum flexibility: the
seven octave range on each of the
three frequency bands gives a six
octave overlap. Ideally suited to
pre-conditioning of signals when
used in-line with the Kepex II and
Gain Brain II.

Provides all the equipment below
with instant access to the full range
of high impedance sources, such
as electronic musical instruments,
microphones and even hi -fi kit. The
clarity of audio is unsurpassed.

Kepex II Expander /Gate
Spectacular performance in noise
gating, reduction and elimination is
complemented by its creative
value in `loosening' drum effects,

%w

aH,at\ n

removing excess cymbal ring or
performing electronic musical effects.

Gain Brain II
Widely adjustable limiter/compressor and ducker, specially
designed for production work.
Major advantages include `natural'
quality of sound, flatness of VU
and improved low frequency
performance.
Five superior products. Each
amazing. All unbeatable.

Valley People Inc., Nashville, Tenn 37204
International distribution by
Gotham Export Corporation, New York.
Telephone (212) 741.7411

FWO Bauch Limited
49 Theobald Street, Boreham Wood, Hertfordshire WD6 4RZ
Telephone 01 -953 0091, Telex 27502
17

....another outstanding achievement."

topl)A

Audio Equipment of Distinction
Unit 7h. Worton ball, Norton Road.
Isle wort h. Middlesex TWW7 6ER
Telephone: 01 8470363

UK. Agents
Elliott tiros Ltd
9 Warren Street
London W1P 5PA
Telephone: 01 380 0511

It's only limit is your imagination

Bel BD60 Digital Delay Line
secs maximum delay L 16kHz bandwidth
4 secs maximum delay C) 8kHz bandwidth (x2
delay)
4 outputs with delay mix controls
3 operating & setting of delay modes
Manual via up/down keypad switches
Oscillator via speed/depth controls (depth
2

Feedback control with phase invert switch and
feedback select switch (main or all)
Output mix control with phase invert and dry
defeat switches

:

:

greater than 10: :1)
Envelope via threshold/decay controls
Infinite (non -deteriorating) repeat switch - LED
indicated
:
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elmarketing
2nd Floor, 29 Guildford Street,
Luton, Beds LUI2NQ
Tel: Luton (05821 452495 TLX

:
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Klark-Teknik Series 300
GRAPHIC EQUALISERS

Reliable performance at reasonable cost.
Introducing a whole new family of audio
equalisers combining active-circuit design with
thick-film engineering ... to reduce the compónent
count and set new standards of reliability and
performance.
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Dedication is the soul of good design.
Klark -Teknik are dedicated to
making every product a

classicy Clarke

Cutting the cost of certainty
In 1975 Klark-Teknik launched the DN27 - the
graphic equaliser that brought the price of high reliability
and precision performance down to a new affordable
level. Now our policy of constantly watching new
advances in technology has led through a series of design
breakthroughs to yet another generation of graphic
equalisers. Every equaliser in the Series 300 from KlarkTeknik has been given extra heart by innovative use of
microelectronic circuitry engineered with thick-film
technology.
Result: our Series 300 equalisers don't only equal the
performance of the DN27 - they actually improve on both
its impressive reliability record and its unrivalled price:
performance ratio. The whole family of related
instruments show greatly increased capability over a wide
variety of applications ranging from monitor and
recording equalisation to sound system tuning. But that's
not all ... Klark-Teknik have designed the Series 300
around a philosophy of maximum affordability.

H Ul ING INTO YOUR PLANS
How did we do it? By pursuing a policy of dedicated
attention to our design objectives, we were able to fulfil
the professional's need for greater control over sound. By
giving attention to production engineering detail we have
been able to maximise the economic as well as the
performance benefits from the new technology, so that
this new family of instruments fits in with your needs and
your budget better than ever before. As an added benefit,
all the instruments in this prolific family now fit into just
2U of rackspace- except the DN360 that fits two whole
channels of equalisation into 3U of rack.

The photograph

of the DN360

below, is ACTUAL SIZE.

DN360 GI

KLARK TEIi11IK
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RELIABILITY CONTROL!

THE INVISIBLE EXTRA

Even with the advanced technology incorporated, these
instruments are given the full backing of Klark -Teknik
'reliability control', which proves each equaliser against a
specification consistent with the highest professional
standards. Only top quality components are used, and
every unit is bench-tested and aligned before a burn -in
period and final performance test.

Careful design of microelectronic filter circuits and the
application of thick film technology have effectively raised
our previously outstanding reliability standards by a
measurable amount. This makes it possible for KlarkTeknik to back every equaliser in the sedes with a unique

five year warranty'
Parts only.

Specification
DN360

DN300

DN301

DN332

DN27A

Balanced

Balanced

Balanced

Balanced

Unbalanced

20k
10k

20k
10k

20k
10k

20k
10k

10k
10k

Unbalanced
600 ohm

Unbalanced
600 ohm

<60 ohms
+22dBm

<60 ohms
+22dBm

Unbalanced
600 ohm
<60 ohms
+22dBm

Unbalanced
600 ohm
<60 ohms
+22dBm

Unbalanced
600 ohm
<60 ohms
+22dBm

+0.5dB
±0.5dB
<0.01 %@lkHz

t0.5dB
User defined
<0.01 %@1kHz

±0.5áB
User defined
<0.01 %@1kHz

+0.5dB
±0.5dB
<0.01 % @IkHz

±0.5dB
+0.5dB
<0.01%@lkHz

< -90dBm
>75dB@lkHz

< -90dBm

< -90dBm
N.A.

< -90dBm
>75dB@lkHz

< -90dBm

N.A.

+ 19dBu

+

+ 19dBu

+ 19dBu

YES

YES

YES

NO

N.A.
N.A.
YES

+6dB

+6dB

+20dB

+6dB

+ 6dB

MELT
2 x 30
25 -20kHz

MELT
30

MELT
30
25 -20kHz

MELT
2 x 16

LCR

20 -20kHz

27
40 -16kHz

1/3

octave
±5%

i5 octave

1/3

-15dB

±5%
+12dB
18dB /octave

N.A.

Input
Electronic balancing
Impedance (ohm)
Balanced
Unbalanced

Output
Type
Min. load impedance

Source impedance
Max. level

Frequency response
(20Hz- 20kHz) Eq out
Eq in

Distortion ( (e+4dBm)
Equivalent input noise
(20Hz -20kHz unweighted)
Channel separation
Overload indicator
Auto-bypass (failsafe)
Gain

19dBu

Filters
Type

.

E

Centre frequencies
ISO

25-20kHz

Tolerance ...
Maximumboost/cut
Subsonic filter

octave
±5%
±6 /12dB
18dB /octave

High pass filter slope

N.A.

Low pass filter slope

N.A.

octave
±5%
+12dB

1/2

1/3

- 3dB @30Hz

octave
±2 %u
+12dB

N.A.

N.A.

15Hz-300Hz
12dB /octave
2k5Hz -30kHz
6 /12dB /octave

15Hz-300Hz
12dB /octave
2k5Hz -30kHz
6 /12dB /octave

N.A.

N.A.

N.A.

N.A.

- 3dB @30Hz

Power requirements
Voltage

110/120/220/240V
50/60Hz

110/120/220/240V
50 /60Hz

110/120/220/240V
50 /60Hz

110/120/220/240V
50 /60Hz

110/120/220/240V
50 /60Hz

Consumption

<15

<15

<15

<15

<15 VA

VA

VA

VA

VA

Weight

800

4.5kg
7kg

3.5kg
6kg

3.5kg
6kg

3.5kg
6kg

6.5kg
8kg

Width
Depth

482mm (19 inch)
205mm (8 inch)
133mm

482mm (19 inch)
205mm (8 inch)
89mm (31/2 inch)

482mm (19 inch)
205mm (8 inch)
89mm (31/2 inch)

482mm (19 inch)
205mm (8 inch)

Height

482mm (19 inch)
205mm (8 inch)
89mm (31/z inch)

Nett
Shipping

Dimensions
inch)

(51/2

133mm

(51/2

inch)

Terminations
Inputs
Outputs
Power

3
3
3

pin XLR
pin XLR
pin CEE

3
3
3

pin XLR
pin XLR
pin CEE

3
3
3

pin XLR
pin XLR
pin CEE

3
3
3

pin XLR
pin XLR
pin CEE

3
3

3

pin XLR
pin XLR
pin CEE

`MELT- Proprietory Microcircuit.
The whole Series 300 family of graphic equalisers comply with standard 19 inch rack mounting requirements.
As part of a policy of continual improvement, Klark= l'eknik reserve the right to alter specifications without notice.

PIN CONFIGURATIONS

Input
Rear view of plug (A3MXLR).
Unbalanced

0

e

Balanced

I

GND

2 GND
3 HOT

1

G\I)

2CO
3

HOT

,

m

Rear view of plug (A3FXLR).
Unbalanced

Balanced

1

GND

2 GND
3 HOT

1

1

GND

2 COLD
3 HOT

Options
Security covers

Transformer balancing

An optional Perspex security
cover is available to prevent

Retrofittable output balancing transformers:
For all Series 300 models
Order number Bt137
Transformer input balancing is available on all
Series 300 equalisers hut must he specified with
initial order.
Order number BN37
For DN27A (ln /Out)
Order number BA27

unauthorised interference with
calibrated equaliser settings in
permanent sound installations.
For DN300 Order number SC30
For DN301 Order number SC30
For DN332 Order number SC30
For DN360 Order numberSC36
For DN27A Order number SC27

THE RIGHT
PERFORMANCE LEVEL
AT THE
RIGHT PRICE
Series 300 equalisers are
designed with inbuilt capability

for a very wide range of

applications - including:
In live performance - sound
reinforcement, wide -band
equalisation and monitor
tuning.
In the recording studio monitoring, system equalisation
and 'second thoughts' track
clean up.

In the motion picture

industry - dialogue sound

equalisation ... and 13-chain
equalisation in the re- recording
studio.

In stereo broadcasting announcer microphone
enhancement and stereo
channel equalisation to give
maximum on- the-air brightness
and punch.

In the discotheque to give bass
with substance -and aggressive
top for increased accentuation.

For contractors and others

who need effective equalisation
to achieve spot -on public
address system intelligibility.
In the theatre for front -ofhouse system and grouped
microphone equalisation.
Ask around, you'll find that
Klark -Teknik equipment is
known for its ability to take the
roughest conditions with the
smoothest performance, in the
studio or on the road.

K1ark- Teknik Research Limited,
Coppice Trading Estate, Kidderminster,
Worcestershire DY11 7HJ, England.
Telephone: (0562) 741515 Telex: 339821

Klark-Teknik Electronics Inc.
262a Eastern Parkway, Farmingdale,
N.Y.

L

I,

lour supplier is:

\

i`<

11735, USA.

Telephone: (516) 249-3660
hlark- 'Ieknik Research Limited.

Design

ó,.

Production by Nicholas

J.

Jones Graphics, Gloucestershire, England.
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MAJOR
BREAKTHROUGHS
DON'T HAPPEN OVERNIGHT.
The new Delta three triple -deck cartridge
machine from ITC gives you even more
rugged reliability than its well -proven
predecessors in the Premium Series, it
provides improved performance, is more
compact and includes a host of new

operating features.
All this has been made possible by
major technological advances in the ITC
research and development lab.
Advances which have created an
electronically and mechanically superior
unit. A machine that will take all the
inevitable day -to-day knocks yet keep on
functioning at the high standard you
and your listeners- expect.
The Delta Three has three
independently-romovable decks and
modular construction makes alignment
and servicing simple and convenient. It is
clean and smooth in operation, with
minimal flutter and optimum frequency
response, in mono or stereo. Insertion
and removal of cartridges is positive, and
there's a microprocessor -controlled
digital cue tone detector. A newly
designed capstan motor with its own
integral "gallows " greatly reduces
bearing noise and ensures stability of
shaft along its entire length. Record
facility on lower deck is made possible by
the addition of Delta Four.
Rigorously tried -and -tested in the
field, the Delta Three represents a
significant breakthrough in practical
technology for the studio.
ITC. Sound quality.

-

inInternational Tapetronics Corp.,
2425 South Main Street,
Bloomington,
Illinois 61701, USA

FWD. Bauch Lrnited
49Tneobad Street, Boreharn Wood, Hertfordshire WD6 4RZ
Te ephone 01-953 0091. Telex 27502
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Xmas Crossword, test your brand knowledge. All clues are across. 1. First
brand for home recording. 2. Four sided amp. 3. The New Workhorse.
4. The Challengers. 5. Austrian best sellers. 6. Personal multitrack pioneers.
T. Dual concentrics.
Sony Digital at the price of Analogue
We carry stock of the complete Sony
PCM F 1 system which includes the following products PCM F digital processor and the SL F 1 and TT F 1
Betamax recorder, timer and remote
control. For further details and prices
call us on 01- 202 4366

Ask about the Custom brass,
limited edition.

1
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13
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Reverb Success
We are the exclusive

South of England distributors for all the AMS
products

DI at Turnkey
You have the choice of the classic
passive EMO box and the best buy
active BSS. The famous phantom
modification module also in stock.
Also a limited quantity of a special
edition, custom brass version.

Yamaha
Breakthrough

This is Yamaha's

second multitrack
wonder this year. Variable
digital reverb,with mixing and
three band sweep equalisation.
Great clean sound and no spring
sproing muddy side effects. Available
at a break through price.
Soundcraft 4008 and the
Ortani 5050 package.

Microchip Monitor
A power amplifier in this
efficient Fostex speaker
will produce high yet
accurate levels of sound
from line level. Just plug
in the audio and mains
power.For near field
monitoring, presentation,
or personal studios. Call
us to evaluate.

The Outstanding, Fifty Fifty Systems
Price is not the only reason why eight track is such an attractive
proposition for production recording. The track count is plenty enough in
many cases, easy to work with, in particular as used in self-op installations.
Packaging the Soundcraft Series 400B with the Otan 5050 eight track,
shows three distinct advantages. There's the economy of half inch, the
bother free reliability of both brands, and the fastest and yet most
comprehensive operating features in their class. Find out more about the
Fifty Fifty systems from Turnkey, from just £4,999

The Most Challenging Tascams Ever
You may have noticed that they always conquer the market with Series'. The recent 30's
range includes a half inch eight track to
replace and update their classic 80 -8 (at
lower cost), a two track to challenge the
foothold of Revox, and their very first cost
effective mixer to match. Call or write and
find out more about this latest challenging 30
Series of Tascams at Turnkey.

Winning
Monitor Packages
Any Tannoy with any Quad
now qualifies for a further
five percent discount below
our already low prices.
Hear the classic sound of
Britain's
most
popular
monitors in our demo room.

Quick Production Audio
The SECK Producer is a stereo, VCA controlled
mixer designed for fast audio production. Fully
switchable inputs, long throw faders, third output
and auto functions. Rack mounting and full studio
level compatability. Ask for the 16 page Operators
Manual now available.

Ask for a copy
of the 16 page

The Rack Shop - lowest prices ever on our Top
Saving Effects
Drawmer Gate Stero noise
gate offering full control and
sidechain patching
MXR Shift Doubler the top
time and pitch shift effects in
one rack package
Drawmer Lim/Com every
dynamic control facility for
tight punchy sound
Effectron One second
delay plus all the time wrap
effects available from the
Deltalab experts
MXR 175 The new long
delay from the master of
musicians studio effects

operators Manual.

Stocking Fillers If you buy Ampex from Turnkey you will
already know of our keen prices, prompt
delivery and periodic bulk rebate. In addition we carry extensive stocks of splicing
blocks, tape and leader from quarter to
two inch. And all the best recorder care
items. We are the one stop tape shop by
mail or daily London delivery.

Service Calls
The expanded workshop
capacity at our new premises
means we offer service on a
wider range of pro audio products. As our engineers
specialise in different products, please name your
brand of product to our
receptionist when you call.
Duncan Crundwell
Manager Technical Support

These are the coolist winter
products. All represented by

Go digital and save time. The LOFT TS1
includes oscillator, dB meter, and a true
frequency counter in one, palm sized unit.
It's designed to work fast with the
minimum of controls. It's a laboratory

instrument which provides accuracy
equal to devices costing many times the
pnce, only much, much faster.

Are you recieving us
If you are not on our list for our regular 16
page newsletter you are missing lots of
news, deals and bargins. Call or write for
your copy now.

Turnkey. We offer Britains
widest range of major products wad acessories. Visit
our new showrooms, which
are open 10 -2 on saturdays
for sales and demos or if you
are not on our mailing list call
for a copy of our latest newsletter and catalogue.

,

Wrnkey
Brent View

LONDON NW9

01 -202 4366

TRA
STUDER A800 24T with autolocate and
remote, 3000 hours
STUDER A800 24T with autolocate and
remote, 2000 hours
STUDER A80 16T Mkl
STUDER A80 8T Mkl
3M M79 24T
3M M56 16T
M.C.I. JH24, 24T, current model
LYREC TR532, 24T, with 16 mem. autolocate
SOUNDCRAFT 8T
M.C.I. JH100, 16T
M.C.I. JH110B, stereo, mint condition
FERROGRAPH STUDIO 8 Stereo on console
FERROGRAPH STUDIO 8 Stereo
AMPEX AG440 Stereo, on console, as new
AMPEX AG350 Stereo, on console
AMPEX AG351 Stereo, on console, valve
NEVE 36 input, 4 stereo groups,
1

master group

28,000.00
28,500.00
8,750.00
4,900.00
9,500.00
4,800.00
13,000.00
11,000.00
3,200.00
7,000.00
3,000.00
900.00
750.00
900.00
350.00
250.00
14,000.00
6,000.00
9,200.00

NEVE 30 -8 -16

SOUNDCRAFT 16 -24, 24 input, 24 mon.

12,000.00
RAINDIRK 28- 24 -24, new
4,000.00
CADAC 24 -16
HELIOS 16 -8 -16 A &D Comp /Lims etc.
3,850.00
RAINDIRK Series II, 12 -4 -8
3,000.00
1,500.00
AUDIO DEVELOPMENTS 007, 8 -4, portable
1,000.00
EVENTIDE Harmonizer H910, new
BEL 16T Noise Reduction
600.00
DBX 155, 4 channel
300.00
DBX K9 cards
175.00
each
EMT 140TS Transistor plate, remote
2,000.00
300.00
CROWN DC300 Amps
185.00
QUAD 405/2 Amps, new
112.00
QUAD 303 Amps, new
MARSHALL Time Modulator
600.00
DRAWMER Dual Gates
250.00
DRAWMER Dual Comp /Lims
295.00
Large selection of Scamp modules and low prices
AURATONE 5C Loudspeakers, new per pair
58.00
KLARK TEKNIK DN22 Graphic
325.00
BEYER DT100 Headphones, new
27.00
each
Large selection of Webber Test Tapes, Best Prices

ELECTRONICS SALES LTD

TRAD

149b. St. Albans Road, Watford, Herts, WD2 5BB, England
Tel: Watford 47988/9.
Telex: 262741

OUT O THE BLACKNESS
AVAILABLE IN THE
FOLLOWING COUNTRIES:-

-

* Faster wiring no braiding to prepare
* 11 High- visibility Colours
* Tough, flexible P.V.C. jacket
*
*

HOLLAND
WEST GERMANY
FRANCE

Conductive thereto- plastic shielded
For: Microphones, Data Transmission, etc.

SOUTH AFRICA

J tJ 91A.JJ?

JAPAN
AUSTRALIA
NEW ZEALAND
CANADA

Available in 1 and 8 pairs, other configurations
to order
* Conductive Thermo-plastic Shield
* Fast Preparation Time
* Fully colour coded
high visibility colours
e Mr: Studios, Audio, TV, Control etc.
*

-

a

*

High flexibility
Low Capacitance

-

*

Musical Instrument Cable
* Conductive Thermo- plastic Shield

*

High Speed Assembly
* Many bright colours

*

*

Guitars, keyboards,
effects, patching etc.

'7

J!;1t.,:),U,

* Mr:

*

e

a
a

Extra -low capacitance audio cable,
(4 x Phonoflex)
Conductive Thermo- plastic Shield
High -speed preparation
For: Audio sends and returns, Hi -Fi,
effects rack feeds, etc.

Conductive Thermo -plastic shielded
multicore
Sends and returns separately shielded
(36 sends and returns)
For P.A. Cable Systems ('Snakes')

+

a
a

Aluminium foil- shielded mylar wrapped, melinex taped
High -flexibilty soft PVC jacket
Fully colour -coded jacket to determine number of pairs
Available in many configurations 1,6,11,15,19,27,31 and
others on request.
For: Audio, Data, Control, Switching, Light control, P.A.,
Snakes, Installation etc.

J.d 9.11tl5

Extra -low capacitance audio cable
+ Conductive Thermo -plastic Shield
a High -speed preparation
a For: Audio, Hi -Fi, HiZ Mica, effects
racks patching etc.
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UNITED KINGDOM

Conndîonics

a,

WORLD EXPORTS

CONNECTRONICS LIMITED

Victoria Road
New Barnet Hertfordshire
20

ter England
Telephone 01- 4493663
Telex 8955127 SCAL G
EN4

UNITED STATES OF AMERICA
CONNECTRONICS CORPORATION
652 Glenbrook Road
Stamford CT.06906 U.S .A.
Telephone Q031 324 2889
Telex 643678

"We th oro

he
.y

recomni en d ,,
Otan rom Turnkey

ughlyap?

techniques to broadcast
and advertising production
is met by the in
house facilities of
Silk Sound.

Their newest studio suite fulfills the most creative
mixing and overdubbing requirements of today.
The most advanced tape technology, to develop
techniques for the future.
Otani MTR90 Series II
is their multitrack choice.
From Turnkey.
A total service of
supply, design, installation
and backup commitment.
We congratulate
Silk Sound on their new
studio and for choosing
Otani from Turnkey.
Call us about Otani and
studio system design.
We are building the
next generation of studios.

urrn key

Brent View Road, LONDON NW9 TEL. Telephone; 01 -202 4366 Telex; 25769 (TK BAN G)

The N °1 System
Get the full facts on the most creative modular system in the world.
Rebis Audio Ltd., Kinver Street, Stourbridge, West Midlands, DY8 5AB, England.
Tel: 0384 71865. Telex: 335494.
Australia; Audio Mix Systems, Sydney 371-9009. Belgium; S.E.D., Bruxelles §22 -7064. Canada; Heinl Electronics Inc., Ontario 495 -0688. Denmark; Kinovox AN, Lynge 18 7617.
Finland; Studiotec, Helsinki 90 556 252. France; Lazare Electronics, Paris 8786210. Germany; Thum & Mahr Audio, Leverkusen 2173-41003. Hausmann Concert Electronic, Berlin
4336097. Studiotechnik Jurgen Klever, Hamburg 6901044. Greece; P.D.R. (Recording Services) O E., Athens 6820689. Hong Kong & China; Audio Consultants Co. Ltd., Kowloon
3- 7125251 India; Kapco Sound, New Delhi 43718. Israel; More Productions B.P. Ltd., Tel -Aviv 62009. Italy; Startek, Bologna 23 30 34. Jamaica; Audiofon Systems Ltd., Kingston
926-2569. japan; HibìnoElectro Sound Inc, Tokyo 864 -4961. Netherlands; Special Audio Products B.V., Amsterdam 797055. South Africa; Tru-Fi Electronics, Johannesburg 838 4938.
Spain; Mike Llewellyn Jones, Madrid 445 -1301. Sweden; Tal & Ton, Gothenberg 803620. U.S.A.; Klark -Teknik Electronics Inc., Farmingdale, N.Y. 249 -3660.

A New Name for
Future-Oriented
Telecommunications.

Our products are known under the
famous trademark TELEFUNKEN.
From now on they will be marketed
under the name ANT.
The ANT Nachrichtentechnik GmbH
in Backnang develops, manufactures
and delivers:

Multiplex systems,
Telecommunication cable systems,
Radio link systems,

Space communication systems and
earth stations,
Communication systems,
Audio systems.

ANT Nachrichtentechnik GmbH
Gerberstraße 33
D -7150 Backnang
Telefon (0 71 91) 13 -1
Telex 7 -24 406 -0

IRWIN

Nachrichtentechnik
25

The NEW SA 900B and SA 500B:
with individual power supplies for a

superb performance and unmatched reliability!
SA 900B: 2 x 425W in

4 12

SA 500B: 2 x 225W in 4

12

STUDIO QUALITY
extreme low distortion

I HIGH SLEW -RATE

excellent transient response

INDIVIDUAL POWER SUPPLIES
very good channel separation

SYMMETRIC INPUTS

electronic balanced/unbalanced

MODULAIR CONSTRUCTION
fast servicing possible

ROAD -PROOF
very solid construction

ROADY -PROOF
5 -times

protected

INTERNAL COOLING FAN
LED - INDICATION FOR:
clipping, signal present, heavy overload/ch-Y_t cirzu_t. ov Vrheat_ng
STAGE ACCOMPANY

industrieweg 30,

1775 PV

MIddenmeer, Holland, phone 02270 -2157, telex via 57680 STAGE NL stage accompany

Microphones engineered to suit
the most exacting professional standards
Crafted in Japan

Toa's RD series of professional
microphones should prove fine enough
to satisfy the most discriminating ear.
Strict attention to quality and research
into a wide range of varying acoustic
needs and environments have allowed
us to produce a line of microphones
tailored to every kind or circumstance.
The series offers a choice between
unidirectional and omnidirectional
microphones, and for outside use all
are equipped with windscreens and
offer a high resistance to shock, noise

26
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and fumes. To minimize unwanted
noise, breath and pop filters are
provided on all models, and the mics
are all adaptable either for hand -held
use or use on a mic stand.
And behind ail this is Toa's assurance
of quality - the guarantee of crystal
clear sound, wherever you are.
TOA ELECTRONICS LTD.,
Castle Street. Ongar, Essex.
Tel: (0277) 364333
Telex: 995554

r

Please send me your

Professional Microphone Catalogue

Name
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A precision instrument with self- sharpening anti -magnetic steel
blades and built -in splicing tab dispenser which eliminates tape
wastage, the CAT is chosen by the professionals. Over a
hundred major organisations are using the splicer successfully.
It is the only system of its kind available anywhere in the world.

C

For further information contact:

Mike Fraser (Film Services) Limited
225, Goldhawk Road,
Telephone: 01 -749 6911
LONDON, W12 8ER
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Cables?

ADVANCED
SOUNDS HIRE

Multipair, Microphone,Video
listed in our Catalogue.

-

(A division of Advanced Sounds Ltd.)

Offer for hire

per day

THE EMULATOR
£65
Real sounds sampling at its simplest;
sounds can be stored for later recall; full
sound library available

:..-..

.......----...,

Write or call
for your
free copy.

LINN DRUM MK2
£30
Full range of alternative voices available

YAMAHA DX7

£30

ROLAND TR808

£12

FOSTEX A8 + 350
Mixer and much more

£25

*
*
*

Periods in excess of three days are negotiable
Delivery /Collection Service available
A/C holders welcome following usual trade
reference

FUTURE FILM DEVELOPMENTS
LondonW1V 3LP Telephone: 01 -434 3344.
Telex: 21624 ALOFFD G. Cables: Allotrope-LondonWl.
ff0

ADVANCE SOUNDS LTD
Tel: 01 -467 4603

114 Wardour Street,

Tilt
41,

PLflYBflCK STUDIO

Windmill Street, London W1P 1HH

Tel 01 -637

8392 (Off Tottenham

Ct. Rd )

:4!/D/0 8cv\oEo
M.4XEL L

ILI/

T.

D. K.

Large stocks Free
Pt

one Fir

P.MPFy.

SON`I

delivery

in

London.

O ¡otation.

MODERNISE YOUR MEASUREMENTS
'THE BOX' by TAPETALK is
monitor stereo sound.

a

better way to

Its reliable and meaningful display will help you
to achieve more accurate control than ever

before.
For full details of this great British innovation
phone: Milton Keynes (0908) 77710.
Once you've used 'THE BOX' you'll wonder how

anyone can be without one.
28

STUDIO SOUND, JANUARY 1984

HARDWARE
MQVES HQUSE

Islington was v. nice, but lets face it there wasn't room to swing a cat
without stripping the pine off the walls. Parking and loading wasn't
much fun either.
At the hackney address (10 mins from Britannia Row) parking
tickets are a thing of the past Our new building is more spacious,
with better loading facilities and real daylight!
We still provide the same range and quality of services
specialist radio applications, design, engineering and equipment for
live performance.
Contact us to find out what we think a rental company should
offer. It might be more than you expect.

-

West Works, Chalgrove Road, London E9 6PB.
Telephone 01-986 6111

l
Hardware House
distributors for Mady Systems stage radio products.
Dealers for AMEMTAC (live performance) Amcron, Court, JBL.
UM
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Music

LAB HIRE

Wírom

exicon 224X
program Digital Reverb with 59
variations. Halls, plates and room/
chamber algorithms plus chorus,
,)
resonant chords, multi -band
delays and unique split reverb/
_.
effects programs. Cassette data
storage,36 non -volatile memories and full
15kHz bandwidth. Now available with 'LARC'
(Lexicon Alphanumeric Remote Console).

\\\

J

S30 EXPANDER /GATE

io+11.]

*
*
*
*

P

*
*

Log /anti-log release

OUT

Variable Expander/Gate slope
Computer control mute Input

I
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z1111,r
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EnrANDER

01

MAKE UP

-387 9356

76 Eversholt Street, London NW1

GAIN

t0,.,c, .20

*
*
*
*
*
*

rs

UNITY
RATIO 2

BY

1

Ratios 1:1 -20:1 )continuously variable)
Separate Limiter Threshold
Side chain access

30

J

,Is

a

SMPTE READING CLOCK

Computer control mute input
Threshold down to -50dBm
Log/Lin release selectable
The 531 Compressor/Limiter is a dual
function unity gain module which incorporates
several new features.
A separate feed -back PEAK LIMITER can be
moved by an indexed 20 position pot. over a
range of 20dB from OdBm to +20dBm. The Limiter
has an auto attack and release function and
operation is indicated by a single red led.
The feed forward compressor has linear
RATIOS that can be continusouly varied from I -.I
to 20:1. The THRESHOLD is an indexed 20 position
pot and can be operated from + 12dBm down to
-50dBm (ideal for very soft slopes, 1.21 etc).
RELEASE time can be switched to a LOG or LIN
response. ATTACK time can be varied by a three
position switch. 103mS)F). 2.5mS(M), 25mS(S).
MAKE-UP gain is a 20 position indexed pot
which will compensate for gain reduction from
unity to 30dB of gain. The SYSTEM can be
switched IN or OUT as well as the side -chain (SC)
being routed to an extrenal equaliser Gain
reduction is indicated by a twenty segment
orange led column with a range of indication
from 0-60dB. Other features include a
MASTER/SLAVE option which is switched onboard but with status indicated by front panel
!eds. This allows any one units MAKE -UP GAIN
control to vary several units that are linked to it;
thus simplifying stereo or four -channel operation.
Control volt linkage for stereo operation is
achieved by selecting STEREO link on the board.

SRC

The Hit Sound in Audio Science
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.ESSOR

Design Recording, Inc.

PO Box 786, Brementon, WA 98310, USA
Tel: (206) 275 5009 Telex: 152426 ADR USA
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REMEMBERS START AND CUES

d

Pangbourne, Reading.
RG8 7JW, England.
Tel: (0734( 53411
Telex: 848722 ADR UK
Audio

SMPTE

SOLVES ALL SYNC PROBLEMS
TODAY AND TOMORROW

,-

CLOCK`

Other modules in the SCAMP range include: Gates, Compressors,
Equalisers, Dynamic Noise Filters, Pan Effects, Auto Double Track
and Time Shape modules, De- Esser, Distribution Amplifiers,
Microphone Pre -Amp, Jack Bay, Power Supply and a VCA module.
Full details are available from your nearest SCAMP distributor.
ready for tomorrow's challenges by making the right equipment decisions today.
Audio + Design/Recording/Ltd.
Unit 3, Horseshoe Park,

Audio+Design

SMPTE READING CLOCK

SYNCHRONISES ANY DRUM COMPUTERS
AND SEQUENZERS TO SMPTE CODE

emulate.

30

3 program Digital Reverb with 30
variations.10 non -volatile memories.10kHz bandwidth.

SLAVE

These latest modules up date what was the first comprehensive
modular signal processing system. SCAMP sets the standard that others

Be

exicon 200

MASTE'

5dB steps

S31 COMPRESSOR /LIMITER

PRE EMP.

Log

I

single steps. The second ten segments working in

L

MAX.
RATIO 34

9 program Digital Reverb, Halls, plates
and room algorithms plus chorus.
36 non -volatile memories.
10kHz bandwidth.

PEAK

The 530 Expander/Gate module sets a new
standard in flexibility and quality Thu module
offers precise SLOPE control from LI through the
expander range
2 to 1:3) into the GATING
range 1:4 (soft) to 120 (hard)
The RANGE control. whilst being manually
set. will also vary automatically with the slope
selected. according to the theoretical maximum
for that RATIO. In the GATING modes a maximum
of 60dB attenuation will be possible reducing to
some 12dB on a slope of I:I.2- The THRESHOLD
can be varied from +12dBm down to -50dBm. In
addition the SIDE-CHAIN can be pre- emphasised
by up to 12dB in the HF or LF
The ATTACK time has ihree switched
positions giving 0.0ImS(FI. SmS(M); and 40m5(5).
The RELEASE time has a unique anti -log auto
mode which speeds up as attenuation increases.
The standard RELEASE ranges from 25mS to 4
seconds and incorporates hold facility which can
be varied from out to 2 sec.
EXPANDER attenuation is indicated on a
60dB green bargraph with the first I0dB shown in

22811,4,

RANGE

exicon 224

network

60dB attenuation range
Pre -emp side chain
Keyable

(

18

FT,

f

ENA

PACi

'k lb f 0

O

(

c-

CI0F

_

¡S lDeW

0

DISPLAY

C`

-r-

-

DATA

CPU: 1 SMPTE code writer /reader + octave 2 FREE MODUS, working on
internal clock or clockinputs (see modules) 3 TEMPO 30 -255 BPM, step
4 START TIME setable in hrs /min /sec /frs 5 CUE POINT setable in smpte
6 DROP IN CUE -BOTTON with METRONOME FLASHER for online cue
setting; press and all outputs will be enabled on the next metronome beat
and cue time will be stored! 7 UPDATE for printing and shifting cue point
MODULES:CLOCK 8 PULSE 0.3 ms -*square 9 VOLTAGE SWING
0 -,-+ 15V 10 cuts neg. voltage 11 first edge high or low 12 enable high or
low 13 patch for the SRC clock delay 14 CLOCK -COUNTER. 4, 6, 8, 12,
16, 24, 32, 48, 64, 96, 128, 192, 256, 384, 512, 768
DE LAY clock delay 1 -*64 ins ± any frames alows also to sync ahead
OUT fixed outputs for Linn, Oberheim, Roland, and others
reads Linn, Oberheim, Roland, and others
I N
1

1

Friend Chip Albrechtstr. 37 A 1000 Berlin 41 Tel. 030/792 84 02

THE FEATURES
Totally steerable both vertically and
horizontally in POST PRODUCTION, off tape.
Variable stereo capsule angle and polar
pattern in POST PRODUCTION, off tape.
Variable zoom, both forwards and backwards,
in POST PRODUCTION, off tape.

Li The only truly coincident stereo microphone
in the world.

Very low noise performance for the digital era.
El Separate outputs for Ambisonic surround
sound.
Level frequency response both on- and off -ay is.
The most accurate polar patterns in the world.

Maximum input for less than 0.5 %THD
140 dB SPL.

THE FACTS
The spherical three dimensional pick -up of the
Soundfield Microphone is such
that the phase errors introduced
by the capsule spacing in normal
microphones are effectively
eliminated and the resulting

stereo output of the control unit
has virtually perfect image
placement at all frequencies. The differing
frequency responses of the pressure and
gradient components of the signal are also
corrected, thus giving an ecually flat response to
both on- and off-axis sounds. These two facts make it
possible, for the first time ever, not only to generate
exactly signals envisaged by A. D. Blumlein when he
first proposed the M/S system, but to extend them
into three dimensions.
This spherical representation of the original soundfield
allows a stereo signal to be extracted pointing in any
direction and of any first order polar diagram. The a-1g e
between the two microphones may be varied between 0°
(mono) and 180° and the apparent proximity to the original
sound sources may also be adjusted.
The control unit also provides a four-channel output signal,
known as "B format',' which exactly represents the first orcer
characteristics of the soundfield. Recordings stored in "B
format" allow the POST SESSION use of all the
aforementioned controls. The advantage of being able to set
such critical parameters as image width, direction of point and
tilt, polar patterns and distance all in the peace and quiet of
the dubbing studio cannot be over- emphasised. "B format' is
also the professional signal format for Ambisonic surround
sound and may be encoded directly to domestic tra- smission
and consumption formats.

-

-

For further information, please contact your local dealer, nations+ dstriburar or:-

CALREC

Calrec Audio Ltd., Hang rgroyc Lane,
Hebden Bridge, West Yorkshire, England.
Telephone: 0422 84215Eí Telex: E 1311 Relays G.

U.S.A. & CANADA
Audio and Design. Inc.. P.D. Box 786, B ^emerton, WA 98310
Telephone: 206275 5009 Telex: 152426 ADR USA.
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HOW TO GET FROM THE
FRONT OF THE MARQUEE
TO THE BACKOF THE
ALBERT HALL
PROCESSOR CONTROL
SOFT KEY

DEFINE

Eventide

F

SIGNAL
PROCESSOR

CONTROL MODE
EXECUTE

COMMAND

PROGRAM PARAMETER

ADJUST/SELECT
LIVE

EDIT

MODEL SP 2016
POWER

11111

Tl filIiih111

LET YOUR FINGER DO THE WALKING
EVENTIDES REMARKABLE SP 2016 OFFERS YOU FINGER TIP CONTROL OF
THE RICHEST REVERBERATION YOU'VE EVER HEARD.
DIGITAL REVERBERATION WITH AN ENTIRELY NATURAL SOUND. A CONCERT HALL
THAT ISNT JUST FOUR WALLS. A CLUB ROOM WITH ACOUSTICS. PLATES THAT DONT
PING OR WOBBLE. BUT IT DOESN'T STOP THERE.
WHEN YOU WANT SOMETHING ENTIRELY UNNATURAL, OR
SOMETHING A LITTLE DIFFERENT, THE SP 2016 ACCEPTS PLUG IN
EFFECTS MODULES FROM EVENTIDES GROWING LIBRARY, GIVING
YOU ROBOTS, FLANGING, TIME SCRAMBLING, DELAY, DIGIPLEXING AND MORE.

I

SEAR IT NOW-YOUWILLBE IMPRESSED

with 5 Year
limited warranty from
Available

UK.Distributor

Jflarquu Gfrctruuicz
OFFICES AND SHOWROOM OPEN 8.30AM UNTIL 11.00PM IN THE WEEK AND DURING THE DAY ON SATURDAY
SHOWROOM AT 10 RICHMOND MEWS TELEPHONE (01) 439 -8421
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diary
AKG Studio Sound Award
Readers are reminded that entries
for the first AKG European Studio
Sound Award are required by March
31, 1984. The categories include professional recording in music, speech,
the arts and education, plus broadcast material and developments in
live, pre- recorded and production
studio applications. First prize is the
AKG Studio Sound Award Trophy
and £1,000. Official entry forms are
available from: AKG Acoustics Ltd,
191 The Vale, London W3 7QS, UK.

Quad /Eight purchases

vice covering a wide range of items will however be an update feature
including digital mastering systems. that will review changes in the topic
Marquee Electronics, 90 Wardour under discussion. This will not be
Street, London W I, UK. Tel: 01 -439 just a listing of new models but will,
in a wider context, look at design
84521.
trends, changes in features, innova-

Stolen
REW Video Products Ltd had two
items stolen from their Pro -Audio
shop on October 1st. These were a
Sony PCM-F1 serial number 650023
and a Sony SL -F1 UB serial number
208347. Any information concerning these units should be directed to
REW. Tel: 01 -836 2372.

Westrex

Forthcoming events

Litton Industries and Quad /Eight
Electronics have announced that
Quad /Eight has purchased Litton's
Westrex Sound Recording operation
in the USA, and all Westrex
operations in the UK. The
organisation will be known as Quad Eight /Westrex. Quad /Eight has
traditionally sold at least half of its
production outside the USA but it
will now have a manufacturing base
in the UK with the purchase of
Westrex's interests here. The
company will manufacture consoles
and recording equipment in both the
UK and USA.
Quad- Eight/Westrex, 11929 Vose
Street, North Hollywood, CA
91605, USA. Tel: (213) 764-1516.

January 23 to 28

Information we could
never bring you

This issue of Studio Sound contains
some changes that will significantly
improve the usefulness of the magazine as a reference source over the
next six months. The major change
will be the introduction of the Studio
Sound Pro -Audio Directory the
84/85 edition of which will be published in June 1984 and available by
the time of the APRS exhibition.
The Directory will be a complete
subject by subject, short -form listing
of equipment and services for the

There have recently been a number
of interesting events that, unfortunately, we were informed about
too late for publication before the
date had long been and gone.
Wherever possible we like to
publicise appropriate events and as a
leading source of information within
the industry, our pages are looked at
for just this sort of information.
This is a plea to those organising
events to send us all the details in
sufficient time for the information
to be published before the event -we
need to know at least two months in
advance.

Marquee Electronics
Marquee Electronics is a new pro audio company formed by Tim
Hamill and Graham Middleton
(formerly of Feldon Audio), Harold
and Barbara Pendleton, Jerry
Browse and Simon White. It functions as part of the Marquee group
of companies and will be active in
areas of sales, servicing, rental and
manufacturing. On the sales side
they have been appointed a UK distributor for Eventide Clockworks,
dealers for JBL, UK distributor for
the Ariel Corporation and have
many other lines. They are also running a full studio equipment hire ser34

MIDEM, Cannes, France
February 21 to 23
Sound '84, London, UK
March 27 to 30
AES 75th Convention, Paris, France
April 29 to May 2
NAB 62nd Convention, Las Vegas,
USA
May 12 to 15
AES 76th Convention, Anaheim,
USA

June 13 to 15
APRS Exhibition, London, UK
September 21 to 25
International Broadcasting Convention, Brighton, UK

Studio Sound Pro -Audio
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tions and where possible or appropriate, changes in application and
use of equipment. The actual
content of the feature will vary
depending upon the subject topic
but it is hoped that this provides a
more generally informative backthe
ground and complement
Directory. We will also be expanding
the New Products section to place
more emphasis on new products that
are appropriate to the monthly
topics and this will then serve as the
update to the Directory -providing
a more detailed description, a brief
specification and usually a picture
(when provided by the manufacturer).
We would request that manufacturers and distributors continue to
send information relevant to the
month's topics as before.
A useful consequence of the
removal of the product references is
that we will now have room for more
features and be able to look at some
topics in greater depth and expand
our interests into areas that lack of
space prevented us doing before. We
think that these changes will be
beneficial to readers and generally
lead to a more informative magazine
as we approach our 25th year of

publication.

Agencies
An omission from last month's
list of new domestic sales representatives for Ursa Major was Lassers,
Sangwin, Lassers of Chicago who
will be covering Illinois and Wisconsin.
Marquee Electronics have been

Floyd's Roger Waters home studio;
two Series 80 consoles for Swedish
Radio to add to the 24 they already
own; and South African Broadcast
have ordered a customised Series 80
for their Pretoria Music Studio.

People
Soundcraft Inc. have announced
two new appointments at their Santa
Monica office. Nick Bogden will
assume financial control of the company as accountant /controller. He
was previously general manager of
Rumbo Recorders. Linda Frank has
been appointed as sales administrator. She was formerly of Interlake
Audio, Canada.
Ursa Major have announced the
expansion of their engineering staff
with the appointment of two new
members: Mark Bruckner, previously with Raytheon, becomes a
hardware engineer; and Charles
Anderson joins the software development side.
Mick Boggis, formerly engineering manager with Otani UK has been
appointed sales manager of ITA.
Valley Audio have announced the
appointment of Emil Handke as
general manager. He was previously
national sales manager for Sound
Workshop Inc.
Electronics
has
Quad /Eight
announced the appointment of Joe
Urbanovitch as chief engineer
manufactured systems and will head
a team developing new console
systems. Previously he was with
MCI /Sony.
been
Horsman
has
Peter
appointed director of marketing and
sales for Gauss Loudspeakers.
Previously he was national sales
manager for Phase Linear.

granted manufacturing rights for the In brief
Survival Projects stereo panner and Syn -Aud -Con have added Neutrik as
professional recording industry the Marquee -Pulse Design TTS 124 a sponsor of their educational
seminars and workshops... Audio
together with a full index section of digital metronome.
Engineering Associates of Pasadena
the manufacturers and distributors
CA, in conjunction with Saz
addresses -in short where to get
Records, have just completed
what you want worldwide. This Address changes
directory will be in a size similar to
Applied Microsystems Ltd have Pakistan's first digital recording
double album by the
that of Studio Sound and will be dis- moved to larger premises and are project
tributed free of charge to recording now located at Town Mill, Bagshot Sabri Brothers, the foremost
studios who currently receive the Road, Chobham, Nr. Woking, Sur- Qawwali musicians of Pakistan,
magazine. It will also be possible to rey GU24 8BZ, Tel: 0905 6267. recorded on location ... Abbey Road
studios have installed the first
buy copies at a cover price as yet to Telex: 8952022.
Yamaha PC5002M 500 W /channel
be announced. This means that all
power amplifier in the UK where
the information that used to be conthey apparently drive their B&W
tained in our product reference will Contracts
be available in one handy publicaNeve have received an order for a monitors 'a treat' ... NASA are ustion-in fact there will be far more 56/48 8128 console from Los ing an MXR Model 175 digital delay
information than we have carried Angeles based Soundcastle record- line as part of the system synchronisbefore.
ing studios to be installed in a new ing received audio and video corn As a result of the introduction of remix /overdub room plus a custom munications from the Space Shuttle
the Pro -Audio Directory, we will no console for the National Film Board during flight time at their Houston
control centre... The Eurythmics
longer carry the product reference of Canada.
section on topics of the month as
Recent orders received by Trident Sweet Dreams single and album were
this information will be carried in Audio Developments include a mixed on an old Soundcraft Series 2
the forthcoming Directory. There Series 80 console for the Pink 16/8 console...
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An amazingly versa
fully programmable
Digital Drum Computer...
The MXR Drum Computer. With a full complement
of features and functions, it rivals the performance
an affordable price. And
of a high -cost system
it's simple to use.

-at

12 real drum sounds, digitally recorded in memory: Kick, snare, rim
shot, toms 1, 2 & 3, hi -hat open and closed, crash cymbal, claps, block,
and bell Individual level controls and outputs for all voices Capacity:
100 patterns of up to 99 beats each, 100 songs 2000 drum beat
memory Seven accuracy levels from'/8 notes to 1/32 triplets
Infinitely variable time signatures Tempo adjustable from 40 to
250 beats per minute Built -in click track (metronome) Four shift
levels for human feel Pre -panned stereo outputs External trigger
for all voices plus accent Tape /sync interface Memory -tape
interface External tempo capability External voice expansion
Exclusive MXR one -year

full warranty

MXR Innovations, Wallace Way,
Hitchen, Herts. England SG4 OSE
Please send me information on the MXR
1

(MxR)

Drum Computer.

...the musician /engineers
MXR Innovations, (Europe)
Wallace Way, Hitchen, Herts.
England SG4 OSE
Phone 0462 31513
1

Copyright 1983 MXR Innovations. Inc.

SS
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new products
put filter. The PC5002M has all
heatsinks rear mounted with fins
running the entire panel, the design
requiring no internal fan system.
Specification: power output level
500 W /channel 812 0.003% THD
20 Hz to 20 kHz, 750 W /channel
412 0.01% THD, mono operation
1,500 W 8 S2 and 1,000 W 1612
0.01% THD; input sensitivity
1.73 V (+ 7 dB) at 25 kt2 for 500 W
into 8 t2; power bandwidth 10 Hz to
100 kHz 0.1% THD 812 250 W; frequency response +0/ -3 dB 10 Hz to
W; signal to noise
100 kHz 8 S2
122 dB IHF -A network 8 t2; THD
less than 0.003% 8 S2 250 W 20 Hz
to 20 kHz; IMD less than 0.002%
8 S2 250 W; damping factor 500, 8
kHz; dimensions 19 x 10%s x
in; weight 134 lb 8 oz.
17%
shell
inside
drum
the
A modified Shure mic is shock mounted
Yamaha, Nippon Gakki Co Ltd,
RMI drum miking system and can be switched to a mono mode Hamamatsu, Japan.
RMI have recently introduced the with a rating of 1,500 W into 812. UK: Yamaha Musical Instruments,
MAY AE drum miking system. The Front panel features include large Mount Avenue, Bletchley, Milton
heart of the system is a modified `peak' -type meters with a 53 dB Keynes, Bucks.
Shure SM 57, shock mounted inside range and LED clipping indicators; USA: Yamaha International Corp,
the drum shell. The mic is a low im- switched attenuators in dB steps PO Box 6600, Buena Park, Ca
pedance transformerless version of with rubber `knob -lock' adaptors to 90620.
the standard model. This is mounted protect settings; LED indication of
on a rotation assembly made of high protection and thermal protection Orban programmable Ea
grade steel with a hinged mounting systems operation, and mains power Orban Associates have announced
preliminary details of a programmember designed to provide a shock switches.
Rear panel features include mable parametric equaliser. The unit
absorbing air membrane around the
mic giving a claimed mechanical balanced terminal strip, male and is a standard 19 in rack mount
separation in excess of 20 dB. The female XLR inputs and terminal design with two channels and four
assembly can be rotated through strip outputs: switches for bands per channel of parametric
180° by an external shell mounted stereo /mono operation, pin
EQ. The non -volatile memory can
drum key. The mic output is taken ground lift switch and subsonic in- store and recall up to 32 different
from an XLR -type socket mounted
on the drum shell.
2 x 241/4 in backfield prewired to EDAC 516 series connectors
RMI say that the system is easily
installed in any drum, there being
another model for bass drums. Further, claimed advantages for the
system include reduced set up time
(live use), increased sound separation and reduced leakage between
drums while retaining a high degree
of control of the drum sound
through adjustment of the mic
1

1

1

91104, USA. Tel: (213) 798 -9127.

A bigger Yamaha
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jackfields

Bryant Broadcast & Data Communications have introduced a range
of connectorised jack fields. These
are available with either bantam or
Vs in
long frame, gauge B jack
sockets. The units are pre -wired to
customer specification and are con nectorised with either EDAC/
Varelco 516 Series or ruche/ DIN
41622 connectors. Accessories and
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Active

Tel: 01 -464 4967.

(714) 536 -2505.

Pre -wired

USA. Tel: (415) 957 -1067. Telex:
171480.
UK: Scenic Sounds Equipment,
97 -99 Dean Street, London W I. Tel:
01 -734 2812. Telex: 27939.

munications, Top Floor, 33 London
Road, Bromley, Kent BR1 1JG, UK.

RMI, 8312 Seaport Drive, Hintington Beach, CA 92646, USA. Tel:

...

1984.

Orban Associates Inc, 645 Bryant
Street, San Francisco, CA 94107,

M -S matrix decoder
Audio Engineering Associates have
developed the MS -38 Active Matrix
Decoder, a transformerless single control device providing simple
decoding of stereo M -S type signals
into conventional stereo left and
right signals. The transformerless
design gives an improved image
without shifts in channel balance or
level regardless of the stereo width
setting, claim AEA.
The MS -38 is a compact unit with
dimensions of 23/4 x 51/4 x 81/2 in. It
is designed to interface between the
mic preamplifier and the input channel controls. Differential inputs accept balanced line level signals from
the M -S mic while the outputs are
unbalanced line level. If the M -S
signals were recorded discretely,
then the unit will accept these as
well. Powering is 120/240 V AC
with provision for external powering
with a bipolar supply between ±12
and ±18 V.
Audio Engineering Associates, 1029
North Allen Avenue, Pasadena, CA

angle.

In the September issue new products
section, there was a reference to a
certain power amplifier being
`probably the biggest production
amplifier currently available'. As
always if you start making statements like that it is only a matter of
time before
In this case it is the
Yamaha PC5002M, a new 2- channel
amplifier similar in external appearance to the established P2000
series.
The PC5002M is actually two independent power amplifiers within
the same chassis with the separation
between the two channels including
individual power switches, power
supplies and mains cables. Each
channel is rated at 500 W into 812

EQ, high and low pass filter, and
level settings. Recall of EQ settings
is by selection from front panel keys
arranged in banks and registers. The
front panel provides controls for one
band of EQ at a time and the band
to be modified must be selected;
three LED displays give a readout of
frequency, Q and cut /boost. The
physical position of the controls corresponds to the recalled value of the
EQ setting even if the controls have
been moved since storing the setting.
The two channels can be made to
track accurately in stereo and it is
possible to link up another 28 channels and control them simultaneously. The equaliser itself is apparently similar in function to the
Orban 622B parametric and uses no
VCA in the audio path. All the EQ
parameters are programmable including frequency, Q and cut /boost,
high and low pass filter settings and
input level.
Provision is being made to allow
the system to communicate with a
computer via an optional IEEE -488
or high speed serial interface. This
will provide an unlimited storage
capacity of EQ settings on tape or
disk together with remote control
for automated mixdown, etc. Intended applications include automated mixdown, disc mastering,
vided/film /live sound and a host of
broadcast applications. Orban say
that the unit should be available mid

mating connectors are also avail
able. This series of jackfields offers
a wide variety of options and can
save installation time. Bryant can
also supply a wide variety of jack
sockets including PCB mounted
types for OEM applications.
Bryant Broadcast & Data Com-
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Looking for a Distortion
Measurement System?
The Amber model 3501 is quite simply the highest performance, most featured,
yet lowest cost audio distortion and noise measurement system available.

It offers state -of-the -art performance with THD
measurements to below 0.0008% (- 102dB),
maximum output level to + 30dBm and noise
measurements to below - 120dBm.
It has features like automatic operation, optional
balanced input /output and powerful IMD
measurement capability. k includes comprehensive
noise weighting with four user changeable filters.
Unique features like manual spectrum analysis and
selectable bandwidth signal -to -noise measurements.
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The 3501 is fast, easy to use and its light weight
and small size make it %.ery portable. It can even be
battery powered.
Amber

FILTERS
144H,
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'cEro Design Inc. 48;0 Jean Talon West. Montreal. Canada H4P 2N5.Telephone (514)735 4105

Ring to day for a demonstration

Scenic Sounds Equipment Limited
97 -99 Dean Street, London W V 5RA Telephone: 01- 734 2812/3/4/5 Telex: 27 939 SCENIC G
Worldwide Export: Gotham Export Corporation. 741 Washington Street New York NY10014
1

and JBL

professional
power amplifiers

professional
monitoring

Scenic Sounds Equipment Limited 97-99 Dean Street, London W1 V 5RA Telephone 01 -734 2812/3/4/5 Telex 27 939 SCENIC

G
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COUNTRY

new producti

SPAIN
PORTUGAL
CANARY ISLANDS
ANDORRA

Beyer have added a new vocal condenser mic to their range that they
describe as being suitable for stage
and studio. The MC 734 has a car dioid characteristic, pop and hiss

BELGIUM

SWEDEN
NORWAY

FINLAND

DENMARK

The Rebis RA402 dual 4 -band parametric equaliser has been redesigned
to incorporate a front panel mains
power switch and indicator as well as
electronically balanced XLR -type inputs and outputs. The front panel
appearance design has also been updated although the price remains un-

changed.
Rebis Audio Ltd, Kinver Street,
Stourbridge, West Midlands, DY8
5AB, UK. Tel: 0384 71865. Telex:
335494.

The Infernal Machine
The New York AES was the first
showing of a new unit from
Publison, the Infernal Machine 90
stereo audio computer. Published
information is at present rather brief
but it is claimed that the IM 90 is
designed to handle any digital effect

Brandsteder Electronics BV
Jan van Genstraat 119
1171 GK Badhoevedorp
NETHERLANDS
Te 2968 81911 Telex: 13132

WEST GERMANY
AUSTRIA

Sony Broadcast Limited
Niederlassung Koln
Bleriotstrasse -3 5000 Koln 30

:

I

Beyer MC 734

and pitch shifting; reverse sound;
sound memory depending on the
selected options up to 5 min; digital
editing capability on internally
stored sounds; time compression /expansion; reverberation with frequency dependent selectable reverb times;
internal and external automation.
The user can apparently order only
those functions that he requires according to an options table. Also
many other digital functions are
under design and updating existing
machines will be a simple operation.
Publison Audio Professional, 5 -11
rue Crespin du Gast, 75011 Park,
France. Tel: 33.1 -357 64 07. Telex:
250303.
UK: Scenic Sounds Equipment,
97 -99 Dean Street, London WI
5RA. Tel: 01 -734 2812. Telex:
27939.

1

WEST GERMANY
Tel: (221) 5966 410
Telex: 28881626

FRANCE

19 -21 Rue

Madame de Sanzillon

Tel: 739 3206 Telex: 613664

CZECHOSLOVAKIA
HUNGARY
POLAND
RUMANIA

Center Technische
Handelgesellschaft GmbH
Wiedner Haupstrasse 98
1050 Wien AUSTRIA
Tel: (222) 55 46 06 Telex: 113583

BULGARIA
YUGOSLAVIA

Sony Broadcast Limited
ZweigniederlassungWien
Haufgasse 24 1111 Wien AUSTRIA
Tel: (222) 838 601

SWITZERLAND

Sony Overseas SA
Filiale Verkauf Schweiz
Oberneuhofstrasse 3
6340 Baar, SWITZERLAND
Tel: 42- 333 -222 Telex: 865295

Sony Communication Products
Company

USA

Sony Drive, Park Ridge
New Jersey, 07656 USA
Te 201 -930 -1000
l

FAR EAST

:

Sony Corporation
International Marketing Division
Communication Products Division
4 -14 -1 Asahi -cho
Kanagawa -ken, 243 JAPAN
Tel: 0462 -30-5111

UNITED KINGDOM
MIDDLE EAST
AFRICA

Sony Broadcast Limited
City Wall House
Basing View BASINGSTOKE
Hants. RG21 2LA UK
Tel: (0256) 55011 Telex: 858424

ft\r,\I\
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Sony France S.A.
92110Clichy FRANCE

Whitetower spiders

Whitetower Records have developed
an elastic spider mount specifically
for the Calrec Soundfield microphone. This will allow the mic to be
boom mounted with a good degree
of isolation from stand and boom
borne vibration. The head of the
or function.
The front panel has a large alpha- mount is adjustable in angle. The
numeric display that allows com- screw fitting for the boom end is a
munication between the machine brass insert with 3/4 in x 26 TPI inand the user. For each function there ternal thread. The mic multicore
is a user guide mode on the machine cable must be anchored further
that explains all the user need know down the boom with a '/ m cable
about the selected function. The unit loop allowed towards the mic. The
features 18 -bit A/D conversion, mic is securely held within the inner 32 -bit internal signal bus and a sleeve of the mount and even if
20 kHz frequency response. The inverted, the mic cannot fall out as it
principal functions are delay is restrained by its multicore cable.
0.02 ms to 5 min; echo with digital Whitetower Records, 2 Roche
feedback; pitch shifting; automatic Gardens, Bletchley, Milton Keynes
combination of echo MK3 6HR, UK. Tel: 0908 73969.
arpeggio
38

Sony Danmark A/S
Horsvinget 2630 Taastrup

HOLLAND

1

Rebis equaliser redesign

Trans European Music SA
Koeivijverstraat 105 1710 Dilbeek
BELGIUM
Tel: (02) 5691823 Telex: 26409
Tal Och Ton A.B.
Kempegatan 16
S-41104 Goteborg SWEDEN
Tel: (031) 803620 Telex: 27492
Oy Helectron Ab
Purotie 1 -3 00380 Helsinki 38

DENMARK
Tel: 2995100 Telex: 33419

7'h in,

11801. Tel: (516) 935 -8000.

E

1

weighted equivalent sound pressure
level: approx 18 dB; power supply
24 V to 48 V phantom powering;
supply current: approx 0.5 mA;

diameters 1 in /1.8 in.
Beyer Elektrotechnische Fabrik
GmbH & Co, Theresienstrasse 8, PO
Box 1320, D -7100 Heilbronn, West
Germany. Tel: 07131 6170.
UK: Beyer Dynamic (GB) Ltd,
Clair Road, Haywards Heath,
Sussex RH16 3DP. Tel: 0444
451003.
USA: Beyer Dynamic Inc, 5 -05
Burns Avenue, Hicksville, NY

SPAIN
Tel: 237 7060 Telex: 97700 SING

FINLAND
Tel: 80558906 Telex: 122849

138 dB; signal to noise: 69 dB; `A'

length

Edificio Mercurio Barcelona

20147 Milano
Via Sant' Anatalone 15 ITALY
Tel: (415) 4141/2/3
Telex: 332202 RT TEL

suppression and is not affected by
handling noise. It is fitted with a
three-position bass roll-off filter
with cut-off frequencies between
80 Hz and 200 Hz. Phantom powering between 24 V and 48 V is acceptable.
Specification: Frequency response:
20 Hz to 18 kHz; open circuit
voltage at 1 kHz: 5 mV /Pa;
nominal impedance: 150 a2; rated load impedance: >1 kHz; max
sound pressure level at 1 kHz and
distortion factor of K(0.5 o;

dimensions:

Via Augusta 59 Desp. 805

Divisione Audio Professionale
Roje Telecominicazioni S.P.A.

ITALY

Beyer 734

MCI DISTRIBUTOR
Singleton Productions

A

Division of Sony Corporation of Amer.,

.1

MCI Custom Made Mixersfor professional recording engineers
with a score to settle!

en here

Odyssey Recording Studios

CI manufacture a complete

range of professional mixing
consoles and reel -to -reel
tape recorders.
For further details, consult
your local distributor.

Sounds Superior.

SONY
Broadcast

Sony Broadcast Ltd.
City Wall House
Basing View, Basingstoke
Hampshire RG21 2LA

United Kingdom
Telephone (0256) 55 011
International +44 256 55 0
Telex 85 84 24
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ALTHOUGH three tracks for
Abba's The Visitors album had
already been mixed on analogue
tape, we decided to switch to digital
for the remaining songs, when 3M
delivered the digital 32 -track and the
two 2 -track machines to Polar
Studios in June 1981. We had been
very impressed with what we had
heard previously on digital and those
eight extra tracks certainly helped
Bjorn and Benny (producers and
songwriters within the group) to
make up their minds. Producers just
can't resist extra tracks.
However, these 32 tracks turned
out to be not more than 30 in practice. Track number serves as a code
track for the machine itself, and
track 9 is the phase lock track -once
recorded, it cannot be erased, since
the machine will lose its phase information with a complete breakdown
as the very audible result. It took me
quite some time to figure out what to
record on that track. If I had to do a
punch -in on that track, the whole
recording would be spoilt! Tell me
just one instrument that never needs
an occasional punch -in! I finally put
one of the overhead drum mics on
that track.
The punch -in technique differs a
whole lot from what we're all used
to, since the old recording actually
fades down, while the new is faded
up with the same rate. This makes it
possible to perform impossible edits,
like in the middle of a steady vocal
note, or in a decaying bass note, for
instance. You can hit the recording
button just anywhere-it's impossible to do a bad edit!
It took me 15 years to perfect my
punch -in technique to the point
where everybody in the control room
says: "Aaah, I never thought that
was possible!" All that was ruined in
just one week of laying the basic
tracks for the album. Everybody
learned that this new super machine
could do the craziest edits, so
naturally everybody played lousy
just to get a chance to be punched

Everyone knows by now that digital audio doesn't just give you low noise, low
distortion, wide dynamics and so on: it also presents its own set of problems,
some of which are directly related to the low noise, lack of distortion and so on
themselves. A different approach to recording is necessary in which
compensations at the recording stage are not made for the vagaries of normal
tape recorders. It has to sound right before tape, because it will sound virtually
identical on playback -as Michael B Tretow discovered recording the recent
Abba album, `The Visitors', with the 3M digital system.

¡gîtai

Michael

B

Tretow

1

-

in!
By the way, one of the reasons for
engineers being so unrhythmic must
be the habit of always pressing the

record button on the syncopated
note before the actual punch -in. Ask
any engineer to tap the rhythm on
the desk-he's always ahead!

40

Michael Tre tow (left) with Benny and Bjorn

Anyway, back to the 30- tracker.
What happens? You guessed it,
everything is recorded in stereo
down to the tambourine. What was
said to be a 32 -track recorder, is now
down to 15. And then there's automation; two tracks for the Allison.
That leaves us with 13. That's three
tracks less than I had in 1968!
OK, it's not as bad as that, but the
extra tracks do not always result in
more overdubbing, as you might expect. Instead you allow yourself
more freedom to keep everything
separated. With Abba there's always
a lot of track bouncing since most of
the vocals, except for the leads, are
double tracked at least once. Since
there's no loss in the transferring, we
wound up with some extremely good
quality vocal tracks. I purposely say
'good quality' because it's a whole
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different thing, recording digital
where the quality is undisputed, as
opposed to analogue recording with
all its shortcomings. Good quality is
not the same as a good sound, right?
For instance, you could not very
well go up to Ted Nugent and politely say: "Pardon me, Mr Nugent, but
you have exceeded your head room
by far. Please sir, try to get a cleaner
sound! Forgive me, but your guitar
sounds
distorted, if you'll pardon the expression."
How does a kick drum really
sound? Most of the record buyers
have never heard a bass drum
without tape saturation! In Germany, 90 % of record buyers have
never even heard a bass drum
without a Keepex! Even I don't
remember what a bass sounds like
without modulation noise!

...

What I am trying to prove is, that
rock music is, and should be, tape
saturated.
For the first couple of sessions, I
was carried away by the sheer quality of the sound coming out of the
speakers, and did not care much for
the sound of the instruments. Every
engineer knows the painful situation
when the band comes in to the control room to hear the tape. The
drums are always down 6 dB after
tape and it's a whole different mix
you're hearing. And you always say:
"You guys should have heard it
before it went on tape. Absolutely
the greatest sound I've ever heard."
With digital, however, what goes
in, really comes out. No noise, no
tape saturation, no nothing. Everybody is impressed, including you.
And you start to think that you can

get away with anything. All that tually hearing things that aren't
hard work on analogue to preserve there! The sound lingers in your
the sound after tape is no longer ears, long after its gone.
needed! You can start to live the life
This does not come out the same
way in digital. When it's quiet, it's
of a producer -you think!
What happens when you get home off
mean, nothing. Manufacand listen to the 71/2 copy? You get turers of digital reverberation actuthe digital hangover. The 90 dB of ally substitute the last portion of the
dynamic range means that you're ac- decaying echo with white noise, to
tually missing a lot of the music on overcome this effect. The ear does
your 30 dB home system; things that not regard this as white noise, but
you normally would have compress- rather that the continuity is undised or limited to keep over the noise turbed as in a natural echo.
level on analogue tape. When the
On the 32 -track master, the noise
bass player hits the strings with the was in fact lower than the actual

-I

what they sound like in real time.
That peak at 20 Hz you hear when
you're setting up the bass drum
you know it won't be there after
tape, so why worry about it. In fact
you sort that out of your mind, since
you're so used to what's going to
happen on tape, that you don't even
hear it any more!
A few years back, I used to work
in a room with a sharp peak at 40 Hz
and another at 80. After two years I
couldn't hear it any longer and could
not understand what people were
complaining about. I guess it's the

-

600 St. When the transistor
boards came, they loaded the mics
with 1.5 ktl, so all the dynamic mics
started to change character. Even
some of the condenser mics sounded
different on the transistor preamps.
I remember what the old U47 sounded like on the old tube board. It was
nothing like the `warm' quality they
claim today. With some singers it
put a shrieky quality on the syllables, that was just impossible to
get rid of. Of course, there were no
EQ sections on the board in those
days. Just one knob, marked 'piercing' and one marked 'dull'. And we
only had the Conax de- esserremember the black boxes that substituted syllables with distortion?
On the Harrison desk at Polar
there is a number of transformerless
mic preamps. For the stereo piano I
run two U47s directly from the mic
preamp output to the inputs of the
32 -track recorder. That's 'warm'
quality! Since there's no EQ involv-

or

ed, it becomes a little muddy, so I
always place a third mic close to the
piano and add the EQ on that, panned to the middle on a separate

`The Visitors' album
knuckle, it becomes very loud. The
kick drum may vary 10 dB, so you
set your level on the loudest and then
it's gone on your car stereo.
The lack of noise is actually
another problem, for the analogue
man, anyway. Every engineer is
familiar with the psycho- acoustic
mystery that occurs when you're
splicing leader tape to a fade out
ending of a song. You push the stop
button when the fade is over, and
you can swear that the music did not
stop until then. You're always
wrong. The music always stops two
turns earlier on the reel. You're ac-

'live' noise. Air conditioning rumble
and mic preamp noise that was
below the 87 dB 'threshold', simply
wasn't recorded. So, when you play
the tape back for the musicians, you
turn your monitors up a bit as you
would normally do when working
with analogue. When the tape starts
to roll, there's none of that familiar
hiss, so you turn the monitors up
some more. Then: BBOOM,
KAPUTT -go your speakers!
Another thing you have to
change, is your miking technique.
Most of the time you choose mics
for what they sound like on tape, not

same type of phenomenon as when
you live close to the railroad track;
after a while you don't hear the
trains anymore. The brain prefers
not to take any notice, even if the
SPL makes your ears wiggle.
Anyway, the 3M picks up everything that's in the mic's response,
and nothing is flattened out by tape
saturation. Mics you thought you
could trust, start to sound different.
It's like the switch over from the old
tube desks to transistorised consoles.
In those days, people believed in
mirror impedances, which meant
that the mics were loaded with 200

track.
Polar Studios has an enormous
glass- coated room that's just ideal
for the BiSsendorfer grand piano.
Two glass doors seal this room from
the rest of the studio, so it is possible
to place the mics as far away as you
prefer. This room is also great for
strings. It can take some 20 musicians, with full separation from the
rest of the band.
On Let the Music Speak I used
another of the Polar rooms. It's a
medium -sized all -wood room. I
recorded the choir parts with very
distant miking, so that the reflections from the walls hit the mic with
almost the same level as the direct
sound. It gives a special, boxy quality to the background vocals, very
similar to a theatre stage recording,
a 'Broadway -y' sound, that I like
very much.
On the vocals I mostly use the
AKG C34 but due to the confusion
mentioned earlier (with all the mics
giving a new, unfamiliar sound) I
tried a lot of different types, which I
deeply regret today, when I listen to
the record.
42

41

I try to avpid limiting or compressing on the harmony mics but
sometimes you're forced to use it.
With lead vocals I have a method
worked out with the C34. It is a dual
capsule stereo mic on which you can
turn both capsules in the same direction. If you balance the two capsules
on the board to give equal output
and then compress just one of them,
the un- limited capsule will 'take
over' on loud passages, thus minimising the strained character you get
with limited voices.
By using different rooms for different overdubs I try to achieve some
depth perspective in the recording.
I'm not very much for recordings
where everything comes from left,
right or phantom centre, with equal
distance from the mics.
If something is supposed to be in
the background, it should be recorded with a background sound to it.
Nobody records strings with close up
mics, because distant miking has
proved to give the richest, most
musical sound. With Abba it's very
much a question of making room for
all the overdubs, soundwise. There
can be some four or five different
background vocals going on at the
same time, three or four pianos here
and there, and maybe eight different
synthesiser lines, together with the

drums, bass and doubled guitars. If
I was going to record all that with
close mics, it wouldn't work in the
final mix. By close miking you get a
lot more transients that force you to
keep down the levels. Remember, all
this is going on at the same time! If
the congas are close to the mic, it
creates enormous peaks, with lots of
energy on the track. Now, if the kick
drum and the piano coincide on the
same attack as the conga, the transients will be added and make those
light meters flash like mad, although
the apparent level is not more than if

instruments were played
separately. If you back off a little
with the conga mics, the congas will
still be heard, maybe even better
since the room might add a little
body to the sound. This also tells the
listener that congas is a separate percussion sound and not a sound coming from the regular drum kit.
I always pick up the guitar with
one close and one distant mic. Not
to get a 'room' sound but to let the
the
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guitar amp 'fill' the room before it's
picked up by the mic. I believe that
the amp has to 'breathe' in order to
get a good guitar sound in the control room. Most of the time, I give
the room mic a little vibrato from a
DDL to make it sing a little.
Benny owns a Yamaha GX 1, the
Dream Machine. It is a 16-voice synthesiser with some extremely rich
sounds in it. There are three manuals, bass pedals and a useless drum
machine in it. On The Visitors, I
recorded the GX I in a different way
from the previous albums. I did not
use the direct outputs to record but
routed them through the foldback
system, out in the studio speakers.
At Polar they have Philips MF with
built in power amps, all over the
studio. These are good quality
speakers, with quite some power if
you want it, and they cover all the
different rooms at Polar. I miked
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each of the speakers in stereo, some
of them very distant and recorded
the sum of them on two tracks,
without any direct injection. This
proved to be very successful
had
none of that 'electrical' sound that's
common with synthesised strings.
The string and brass sound was extremely natural and even hard to tell
from the real thing. On some cuts I
used the Publison pitch shifter for
octave doubling on the most distant
mics. On slow lines it actually works
very well and gives an 'airy' sound.
To edit an album on digital tape
you have to transfer each mix to a
new reel of digital tape. To get rid of
the count -in at the beginning of a
song, you must record a few turns of
silence before the song, since you
can't splice leader tape to a digital
tape. Then you rewind both
machines and electronically edit out
the count -in.

-it

Once you've selected the edit
point, the machine will perform the
edit automatically. It sounds rather
complicated compared to splicing a
piece of leader between the songs,
but it works just fine, once you get
used to it. One drawback, however,
is that you can't change the sequence
of the songs afterwards, without doing the whole album side over again.
I first transferred all the mixes to
regular 15 in/s tape, and then we
fooled around with these copies, until we found the right sequence.
The crossfade editing technique
proved to be very useful on 2- track,
since there's no definite edit point
causing abrupt changes in the stereo
image. In fact, it was possible to edit
between two takes of different tempos by moving the edit point to a
'wrong' spot and fool the ears. We
did a lot of substituting jobs on
some of the songs. If the second
refrain turned out better in the mix,
we substituted the first refrain with
the second, and so on. We mostly
work with a click track of some
kind, like the Linn drum machine
but on songs with tempo changes
and ritardandos, etc, a click track
won't work. But even if the tempos
did not match at all, it was always
possible to edit between the different
parts of the song, by simply moving
the edit point.
For the cutting, we had to wheel
the machine over to the cutting
room, where Peter Strindberg made
the cutting, by- passing the regular
rack and feeding the cutter head
amp directly from the machine's
output. 3M manufactures a preview
delay that we used in the cutting process. Then the metal father matrices
were exported. Thus the actual cutting of the album had to be done
some 30 times by poor Mr Strindberg and his crew, since each country was supplied with their own,
original cutting -we've had some
weird experiences previously, when
each country made their own cutting.
I once received a record of foreign
origin, where they had compressed
the Voulez -Vous album a good
20 dB! Strangely enough, this 3 dB
dynamic range album sold more
copies in that country than the
previous albums had. I must have
done something wrong, again!

the study of consumer
needs and preferences;

External PSU, phantom
power, phase reverse,

16track monitoring.
Cue, Dim on talkback,
3 Aux sends on
channels and monitor.
2 returns Meter bridge,
oscillator inject points.
Direct outputs.
Normalised inputs.
Fader reverse Slate.
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EFFECTS
The last 12 months in effects has seen a gradual
evolvement, with manufacturers bringing out
improved models and updating rather than rapid
changes. If there has been a trend, it must be the
introduction of low cost effects with performance and facilities that were until recently
restricted to considerably more expensive items.
Nowhere is this more obvious than with delay
lines and the fact that these units can now be
made more reasonably priced has brought a
number of new manufacturers into the
professional field.
A good example of the latter is Ibanez, a
Japanese manufacturer of guitars and associated
equipment. They have introduced a range of
three digital delays -the DM500 with max delay
time of 256 ms, 16 kHz bandwidth and a modulation section; the DM2000 with the same
features and a max delay of 1,023 ms; and the
HD1000 which has a combined pitch
shifter /delay line offering a delay time of 504 ms
and a pitch shift of ±13 semitones.
Korg are a similar company although their
background is mainly synthesisers and they have
introduced the SDD -3000, a rather more comprehensive unit offering delays up to 1,023 ms with
17 kHz bandwidth. The modulation section has
a selection of waveforms and filters also having a
programmable capability that will store most
functions required.
An example of a complete turn round in
product range must be DeltaLab. For all intents
and purposes the original DL Series has been
dropped and the Effectron range released. These
are digital delay lines with maximum delay time
of 64 ms, 256 ms and 1,024 ms being the
ADM-64, ADM-256 and the ADM-1024 models
respectively. All three have modulation sections
and the two longer delay models have their
delays switchable in preset ranges that allow
more immediate settings for echo, doubling and
flanging, etc. There have also been some further
additions to this range in the form of the Super
Time Line Series with models ADM 512 and
ADM 2048 having delay times of 0.5 s and 2 s
respectively, each having a programmable
memory for four settings. Lastly there is the
Echotron also known as the ADM 4096 which
has a 4 s maximum delay time, an infinite repeat
facility, a hard and soft feedback control as well
as a metronome facility that allows synchronisation of a drum machine to the delay setting. All
these units are very low cost and in some aspects
actually out -perform the original series at
something in the region of one sixth of the cost.
Analog Digital Associates have two new digital
delay lines available in the form of the D1280
with seven delay time ranges covering deals of
0.156 ms to 1,280 ms; and the D640 with delays
up to 640 ms with both units having bandwidths
of 15 kHz. The D640 has a modulation section
with a capability of a 31/2-octave flange sweep at
the max depth setting and high cut control on the
regeneration path. The D1280 has all these
facilities plus the novel idea of an LED that
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flashes in relation to the delay time allowing
more easy setting of delay times when trying to
sync them with a musical beat.
Bel Electronics have developed their first
digital delay line and they have benefited from
watching everyone else learn the hard way. The
BD60 has a maximum delay time of 2 s with a
16 kHz bandwidth and 4 s with 8 kHz. As well
as this main delay there are three sub delays
whose levels may be individually set. Regeneration can be added from main or sub delays. As
with previous units, delays may be set manually,
under internal oscillator control, external
oscillator or envelope following of the input
signal.
A slightly different approach can be found on
the low cost CD425 from Cutec. This is a
1,024 ms digital delay with all the standard delay
line features including a sub delay that is quite
independent of the main one in delay time
although is recombined for the output.
The Klark Teknik DN700 is a dedicated delay
line providing a maximum delay of 434 ms. It
has threee outputs and a non -volatile memory.
Applications are obviously many although the
manufacturers see live sound as a main use area.
Yamaha chose the New York AES to show the
YDM-2600 digital delay system, a very
comprehensive unit with applications from live
sound to disc mastering. The unit comprises a
rack mounted control unit and a small hand held
remote unit. There are effectively three modes of
operation -one input and eight discrete outputs

with up to 2,660 ms delay on each; two inputs
with four discrete outputs up to 1,333 ms each;
and four inputs with two discrete outputs each
up to 655 ms each. The YDM -2600 may be used
as four discrete units or with different delay
times from a common input to create interesting
effects.
In the area of updates, AMS have made
available a new card for their DMX 15 -80 or
DMX 15-80S systems that has an improved deglitch capability. It can be fitted in either of these
units provided that they are at present equipped
with two pitch change cards. This card will also
allow a number of new features on the Loop
Editing System such as `electronic reel rocking'.
Orban Associates have updated the 245E
stereo synthesiser unit with the replacement
being known as the 245F. Changes include
balanced input, output transformer option, RF
filtering on the input and AC line filtering.
Commendably, the price has remained the same.
Studio Technologies Inc have just announced
that they will have a stereo simulator available
soon with stereo width control and a choice of
FM or AM modulation features.
Aphex Systems launched their Type B
processor which is a simplified version of the
Aural Exciter. It is intended for a range of
applications where the full facilities of the 11 -S
are not required. Each channel has drive, tune
and mix controls with a tri- colour level LED.
The unit is also more compact being only one
46

You've told us that our HH 2 x 2 Level Matching Interface is the most
cost effective and reliable product to solve the age -old dilemma of interfacing -10 dB equipment to the studio and broadcast standards of +4 dB
and +8 dB.
But, what about those high RF fields, and the need to drive line levels
for longer distances? In response to these situations, we've designed
the HH 2 x 2 B. Enclosed in the original, rugged, steel housing, the
HH 2 x 2 B offers electronic balancing for the +4/ +8 outputs, and
improved RFI rejection.
So, now you've got two options. The highly successful HH 2 x 2, or
the new HH 2 x 2 B. 2B or Not 2B... the choice is yours!

VALLEY PEOPLE, INC.
P.O. Box 40306 /2817 Erica Place Nashville, Tenn. 37204
615- 383 -4737 TELEX 558610 VAL PEOPLE NAS
Export: Gotham Export Corporation, NY, NY /Telex 129269
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Pond Cottage
The Green, Harefield
Middlesex UB96NP
England
Tel: Harefield (0895 82) 2771

Telex:938527 EPICEN G

The SM81 has been quite a shock to me, not only from when
I first tried it out, liked it, and decided to buy a
pair, but also a year later when I discovered from the

brochure that the mic. was an electret.
Shure Brothers have always had a good name for robustness
and reliability, and electrets are usually thought of as
a low cost alternative to regular capacitor mics. with
some sacrifice in sound quality.

With the SM81 Shure have produced an unique combination
together with a transparency of sound and freedom from
coloration, distortion and noise comparable with other
manufacturers' traditional condenser models costing a

-

The switchable bass roll -offs and attenuator are
helpful extras as well, and missing from my other
favourite choice of cardioid costing around double the
lot more.

price.

Recording classical music is a tough test for microphones
and my SM81s earn their keep successfully as very useful
additions to my kit of mics., both for distant and close
pickup if required.

Tony Faulkner
Audio Engineer
VAT No 225514681

Tony Faulkner is a leading freelance independent recording engineer
based in London who records around 50 classical music albums each year.

SHURE
You simply can't make it
any clearer,

For the address of your nearest dealer together with full details of the Shure Microphone range, write to:
KW intonational 3 -5 Eden Grove, London N7 8EQ or telephone: 01 -607 2717.
,

LARC alphanumeric remote console. This is
intended as a unit to replace the standard 224X
controller and was designed to simplify 224X
operation. The alphanumeric displays are
equipped with 48 characters that identify
programs by title, and sliders are labelled with
their function at that time. Users may name
banks of stored registers and the capacity for
memory is 36 user generated programs although
data may be dumped or loaded to /from tape.
The LARC is also potentially adaptable to other
Lexicon computer- driven audio and video
equipment.
Also from Lexicon and shown early in 1983,
was the Model 200 digital reverberator. This is a
rack mount unit with all controls on the front
panel rather than a separate control although
such features as reverb time and selection of
programs can be operated remotely. It has three
main programs- concert hall, plate and chamber
with 10 preset variations of each program.
Reverb decay is adjustable from 0.6 to 70 s
dependent on program, with simulated room size
also being variable from to 1,000,000 m3, again
program dependent. There are also a number of
additional controls such as pre -echoes, reverb
time contour and roll -off, etc, and 10 user
program stores. The Model 200 is intended as a
relatively low cost unit with some of the
capabilities of the larger units.
Other units to have had a software update
include the Sony DRE -2000 digital reverb and
reports from users have described this unit as
having 'benefited mightily' from this.
One manufacturer new to reverb systems is
Yamaha and they have announced two new
digital systems. The first is a low cost unit known
as the R1000 which is a single -channel unit with
four reverb modes that differ largely in the
length of the reverb time. It also incorporates a
3 -band equaliser and comes in a single unit 19 in
rack.
The other Yamaha system is rather more
the
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rack unit high. The EXR Corporation
announced the Model EXIV which contains most
of the features of the EXIII but with a new
enhancement process that affects the bass and
lower -mid frequencies when in the 'A' process
mode. Other features include a peak level switch
which gives a choice of narrow or wide band
enhancement.
Lastly, the New York AES saw the first
showing of a new unit from Publison, The
Infernal Machine 90. This is a stereo digital
processor that from the preliminary information
appears to be able to tackle virtually anything.
Claiming a 20 kHz bandwidth, it has a delay
capability of 0.02 ms to 5 min and other
possibilities including echo, pitch shifting,
arpeggio, reverse sound, sound storage up to
5 min,
editing of stored memory, time
compression/expansion, and fully adjustable
reverberation programs. There are modes for
user instruction for each of the operating states
and
a
large
alphanumeric display for
information from the machine. It appears that
not all the functions need be purchased -just
those needed dependent upon an options table.
Publison have further added that a number of
other functions are under development and it is
intended that these will be retrofitable.
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In the field of reverberation, most of the major
developments at the top end such as the EMT
245, Lexicon 224X, Quantec and Eventide
SP2016, etc, happened last year. This year has
largely seen consolidation and updates in the
digital reverb area.
The AMS RMX 16 has seen a number of
modifications. A memory extension was made
available increasing the maximum delay to
1620 ms from 810 ms, all full bandwidth. There
was also a release of software known as REV.2.1
and this included alterations to the DELAY
program resulting in it being renamed ECHO.
With this program it is now possible to set
different amounts of delay for each output from
the unit as well as different amounts of cut and
delay to any regenerated signal. In addition there
is a CHORUS program and different versions of
the NONLIN and REVERSE programs.
Quad /Eight showed a new model of the
System 5 digital reverb known as the System
5 -LC. The LC aspect refers to local control
achieved by fitting all the features from the
remote control into the front panel of the
processor. The advantage of this has been a
substantial reduction in price that will outweigh
the minor inconvenience caused, with the
possibility of adding the remote at a later date.
There has been at least one new release of
software for the Lexicon 224X and the arrival of
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complex. The REV-1 consits of a rack mount
processor with a large control unit. The user has
control over facilities such as the number of early
reflections,
the
relative
timing between
reflections, their absolute level and their initial
delay. The adjustment of levels of later
reflections is possible as is the setting of reverb
time in any of four frequency bands. The control
unit has an LCD display that will allow a graphic
representation of the set reverb pattern. There is
memory for 60 user settings and 30 factory
presets with provision for editing all programs.
The remote control unit has 64 pushbuttons, 10
control knobs, four LED displays, two LED
level displays and the already mentioned LCD
'window' and this will give some idea of the
control complexity of the unit.
Turning to mechanical reverb systems, there
have been at least two new plate reverb systems.
NSF is a small British company which has been
manufacturing plates for about a year. These are
low cost compact type units that could just about
be carried by one person (if very strong) with a
separate control unit with brightness mode. It is
also supplied with a motorised damping system
to allow remote adjustment of the reverb time.
Another company manufacturing low cost plates
is US manufacturer Reasonable Alternatives Inc
which has a modular system where you just buy
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The SCAMP system is used in broadcast and
recording audio productions worldwide.
The SCAMP processors are modular and flexible.
SCAMP provides a really comprehensive range of
top quality signal processing units.
The SCA MP system can be a hard-wired installation
or used in portable form. Gold plate connectors,
sealed pots, on-board power regulation (± 24v rails)
and beefy supply equate to standards of
reliability demanded
by professionals.

Modules in the SCAMP range include:
F300 Expander /Gate, S100 Dual Gate, SO1
Compressor /Limiter, SO2 Microphone Pre Amp, S03 Sweep Equaliser, SO4 Parametric
Equaliser, S05 Dynamic Noise Filter /Gate (Hi
pass), SO6 Dynamic Noise Filter /Gate (Lo
pass), SO7 Octave Equaliser. S08 Distribution
Amp, S12 Jack Module, S23 Pan Effects
Module, S24 ADT /TSM, S25 Dual Channel DeEsser, S26 Power Supply Module.
S28 Dual VCA Module.

Mini -Rack
The SCAMP Mini Rack gives SCAMP portability
making sound sense of the economics of a SCAMP system.
Completely compatible with its big brother, any of the
sixteen modules in the
' `, .' range will fit either rack.
SCAMP has become a processing modular standard;
what's more its British -made.
;

Worldwide: Audio & Design (Recording) Ltd,
North Street, Reading, Berks. RG1 4DA. Tel: (0734) 53411. Telex: 848722ADRUK
U.S.A.: Audio & Design Recording Inc.
P.O. Box 786,Bremerton,WA 98310 U.S.A.Tel:(206) 275 5009.Telex:152426ADRUSA
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the bits that you need to meet your requirements,
eg the frame and the plate itself-using your own
driver and pickup transducers.
Studio Technologies announced a new model
in the form of the Ecoplate III which is again a
fairly compact system with a pre-tuned plate and
a shock mount system that they claim will
eliminate tuning problems. The reverb time is
variable from % s to 5 s and it is equipped with
high and low end EQ.
MicMix Audio Products released a device
known as the DC-2 which allows the user to
control the decay time of any reverb device. The
unit is a simple rack mount device with a single
knob for decay time setting. The DC-2 has the
additional advantage of offering a claimed 30 dB
of noise reduction on the used reverb device.
Finally, there have been a number of spring
line type reverb systems to fill the area below
plates and more costly mechanical reverb
systems. These include the Fostex 3180 2- channel
unit; the Shiino Vesta Fire RV-1 and RV-2 units
with limiters, EQ and `cross' mode on the R V -2;
and the D & R Electronica Stereo Model 1 reverb
in a single rack unit chassis.

EQUALISERS
In a field of design that has a tendency to be
farily static with regard to new developments, the
last 12 months has seen a comparative rush of
activity. Aside from manufacturers simply
updating models from their product range, there
has been a relatively large number of new
products at the extremes of the price spectrum.
Turning first to graphic equalisers, two of the
manufacturers most associated with this type of
unit have both recently replaced most of the
models in their range. MXR now has three
models -the 170 2-channel 1- octave 10 -band; the
171 2-channel 2/3- octave 15 -band and the 172
single- channel 1/2- octave 31 -band. All these
models have centre detent sliders, a low cut filter
and signal present LEDs, being finished in that
still unfamiliar MXR black colouring.
The other manufacturer to change their range
is Klark -Teknik. They have replaced the
complete line of models except for the DN27A
which will remain available for the time being.
The four new models are known as the Series 300
and include the 1/2- octave single -channel 30-band
DN 300; the DN 360, a 2- channel version of the
DN 300; the DN 332 2- channel z/3- octave
16 -band unit; and the DN 301, designed mainly
for room tuning with the same features as the
DN300 but with attenuate control only. All these
new units employ a proprietary active filter
circuit using thick film technology that they
claim will increase reliability. The units also
carry facilities that reflect the general direction
for graphic equaliser features -additional high
and low cut adjustable filters, failsafe bypass in
the event of power failure and on some models,
switchable slider ranges to match the type of
application with either ±6 dB or ±12 dB settings.
Other new graphic equalisers include the
Audioarts Engineering Model 2700 1/2- octave
48
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single- channel 27 -band unit with ±12 dB and a
Model 2700C with 16 dB attenuate only control
per band as well as the high pass filters and
overload indicator of the 2700; and the E27
graphic from Phase Linear. The latter is a
27 -band 1/2- octave single- channel unit with boost
of + 12 dB and cut of -15 dB per band.
Two new units that should be included with
the graphics are the Formula Sound SEI
2- channel '/- octave 19 -band system equaliser
contained in a single unit high, standard rack
mount case (all controls are screwdriver operated
and are normally covered by an anti- tamper
panel); and the Japanese Cutec CS2200, a
2- channel 10 -band graphic that also includes a
miniature 10 -band spectrum analyser with peak
hold facility and a pink noise generator all within
a 2 U high chassis. This is a very moderately
priced unit and is probably not intended for high
precision work but makes a useful package.
NEI have recently introduced the 2711X
Digital Equaliser/RTA unit. The digital aspect
of the title refers not to the equalisation process
itself but the internal memory of equaliser
settings, the computer aided RTA and the auto
EQ facility (using a pink noise generator). The
EQ section is 27 -band ±12 dB with adjustments
for each band made by pressing the up or down
button for that band. An LED display shows the
level set on one of nine LEDs per band. The level
adjustments are in 256 logarithmic steps while
function switches and a four -figure alphanumeric display allows control of the unit
modes. Full description of this unit is outside of
the scope of this update but the 2711X appears to
present some interesting possibilities.

Before leaving graphic equalisers it is
interesting to note that no more manufacturers
have attempted to harness the awsome power of
the parametric graphic equaliser and this may
indicate that we have reached the complexity
peak for the present market in terms of EQ
facilities. Having said that I would like to draw
your attention to the Technics SH-8065 graphic
equaliser. This is a hi-fi unit in concept but
claims to be the first 33 -band graphic with the
top band having a centre frequency of 25 kHz.
Even more extreme is their SH-8045 stereo
12 -band 1- octave graphic with a top band centre
frequency of 32 kHz! Why?
Most of the new parametric equalisers
introduced recently have been very moderately
priced units. Teac have a new unit as part of the
Tascam Enhancement Series, in the form of the
PE -40, a 4- channel equaliser with each channel
having four bands plus low and high pass filters.
All the bands overlap into the ranges of other
bands with the two mid ranges having EQ
abilities over four bands.
A manufacturer new to professional audio
outside of their native Denmark is tc electronic.
They have made a name for themselves in
Europe and the UK for a sophisticated range of
musical instrument signal processors that have a
very high standard of performance-perhaps too
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some users! They have recently
introduced the TC 1140 single -channel 4 -band
parametric, the TC 2240 parametric with two
4 -band channels and the TC 1220 2- channel
4 -band parametric intended mainly for feedback
suppression.
The history of programmable equalisers has
not been one of great commercial success so far,
unfortunately, for a variety of reasons. The 360
Systems equaliser is no more, the Param is very
quiet at present and the NTP system disappeared
from sight but is now back being marketed as a
disc mastering system. There have recently
however been three new systems announced.
The Orban Programmable Parametric EQ is a
2- channel unit with four bands of parametric EQ
per channel. There are 32 non -volatile memories
for storage of frequency, bandwidth, boost /cut,
high and low pass filters and input level. The two
channels can be tracked in stereo and up to 28
channels can be ganged and controlled
simultaneously. There is provision for interface
with an external computer for remote /auto
control and /or increased memory capacity.
Information on this unit is still in the preliminary
stages and it may be six months before it is fully
available.
The Auditronics PPEQ -1 programmable
parametric equaliser is a somewhat different
unit. Each equaliser is a self-contained unit and
four can be held in a standard 19 in rack. They
have three EQ bands with variable frequency,
boost /cut, Q, peak /shelf selection on high and
low bands together with a separate in /out switch
for each band. All variable parameters are
displayed at all times and each unit has 32 nonvolatile memories and the ability to interrogate
them without affecting programme material.
There is also provision for interfacing with
external equipment as well as remote control.
The new equaliser system from Neumann -or
to give it its full title, Autonomous Micro
System
Controlled Equaliser
Processor
AME591 -may prove a more acceptable
approach to equaliser automation than other
systems as it remains channel orientated. The
system is intended as a replacement equaliser
system within a mixing console and comprises a
central operating panel, a memory unit and an
equaliser unit for each channel. The equaliser is
based on the Neumann W491 unit and consists of
three bands with adjustable high and low pass
filters. Pressing one of the buttons on the
equaliser connects it to the central operating
panel as the equaliser has no controls although it
does have three LEDs per band and two for the
filters that will give an approximation of the
selected EQ on that channel. The COP allows the
user to set the EQ required for each channel and
allows facilities such as A/B comparison between
old and new EQ settings. The memory unit
permits storage of up to 10 console EQ settings
of up to 48 channels. The memory unit is also
equipped with a data cassette recorder for
Keith Spencer -Allen
further off-line storage.
high for

DISTRIBUTION AMPLIFIER 3
A compact mains -powered unit with one balanced input and ten AC and
DC isolated floating line outputs.

Exemplary R.F. breakthrough specifications giving trouble -free operation in close proximity to radio telephones and links.
Excellent figures for noise, THD, static and dynamic IMD.
Any desired number of outlets may be provided at microphone level to
suit certain video and audio recorders used at press conferences.
Meets IEC65 -2, BS415 safety and I.B.A. signal path requirements.

Also available as
or ten outlets.

a

kit of parts less the case and all XLR connectors for one

Broadcast Monitor Receiver 150kHz -30MHz Stereo Disc Amplifier 3 and
Illuminated PPM Boxes PPM Drive Boards
4 Moving Coil Preamplifier
Stabilizer and Frequency Shifter Boards
and Ernest Turner Movements
Programme and Deviation Chart Recorders.
Peak Deviation Meter
Stereo Microphone Amplifiers.
SURREY ELECTRONICS LTD., The Forge, Lucks Green, Cranleigh,
Telephone 0483 275997
Surrey GUS 7BG

Sole Agent UK

Eardley Electronics Ltd
Eardley House 182 - 84 Campden Hill Road
Kensington London W8 7AS
Telephone: 01 -221 0606 Telex: 23894

The New MJS 401 D Audio Measuring System
The401 test set is in widespread usethroughout the broadcasting industry, Continuous development has led to this
latest version, a comprehensive, simple to use and well proven audio test system.
The MJS 401
another inovative tool for the audio industry from Technical Projects.

D-

BRIEF SPECIFICATION

within 0.1 dB over 140 dB range (meter
switchable PPM, Quasi Peak, RMS, Average)
FREQUENCY to 0.01 Hz in is at all frequencies.
F.H.D. -fully automatic. Exceptionally fast
setting time of 1 s typical. (0.002% residual)
CROSSTALK with automatically tuned filters
NOISE to various standards inc. CCIR 468 -2.
Oscillator- provision for plug in tone source
M.D.., T.I.M.- Optional
LEV ELto

Fast and easy to use with microprocessor control, wide measurement
range with excellent overload margins.
Performance is suitable for testing
digital audio systems.

TP

I

Unit

Technical
Projects Ltd.

2

Samuel White's Industrial Estate
Medina Road

Cowes
Isle of Wight P031 7LP
Tel: 0983 291553
TIX: 869 335 TECPROG
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Sony PCM»3324
-24 track Digital Audio Recorder
with a great track record!

Seen here at Advision

24 digital tracks, 4 analogue tracks
(Time Code, Control and 2 Audio)

-

all on 1/2 inch tape.
Economical tape consumption
compared to analogue equivalent.
Unmeasurable crosstalk between
channels.
Full punch in /punch out with cross -fade
at every point.

Sounds Superior.

SONY
Broadcast
PRO-AUDIO

Sony Broadcast Ltd.
City Wall House
Basing View, Basingstoke
Hampshire RG21 2LA

United Kingdom
Telephone (0256) 55 011
International +44 256 55 0
Telex 85 84 24
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AES 74th Convention
Summary of papers
Keith Spencer -Allen

THE 74th AES Convention was
held at the New York Hilton
Hotel from October 8 to 12. This
was the first time the Convention
had been held at this location and
the general response of those exhibiting and attending papers was
that the venue had proved quite
satisfactory. There were, however,
some worries expressed in the hours
before the exhibition opened that a
backlog at the loading bay might
delay the opening but in the event
everything was in order. Aside from
the wide range of exhibits, demonstration rooms and other technical
presentations there was the usual
wide range of papers presented. The
80 -odd papers were presented under
10 topic headings: Digital Recording
& Broadcasting; Signal Processing analogue; Studio Design; Sound

Reinforcement; Loudspeakers:
Transducers & Low- Frequency System Alignments; Loudspeakers:
Network Considerations; Signal
Processing- digital; Psychoacoustics & Subjective Testing; Test &
Measurement; Disc Recording &
Multichannel Sound.
In this report, a selection of the
more relevant papers are covered
and where available the AES preprint number is given so that further
information can be obtained if
desired.

Digital Recording &
Broadcasting
This was the first of the paper sessions of the convention and was in
fact an extra day, a day before the
exhibits opened. The reason for this
was to allow exhibitors to attend
papers.
The first paper presented was

'Digital Recording and Reproducing
Techniques Using a Thin -Film
Head' by Yasuharu Shimeki, Misao
Kato, Shiro Tsuji and Hiroshi Matsushima of Matsushita Electric. The
paper outlined the development of a
digital multitrack tape machine
capable of recording 16 audio channel on a '/a in tape. The advantages
of using narrow band tape are tape
economy, simplified tape handling,
reduced equipment size and the possibility of using the same machine
for mastering on. The paper then

detailed the development of a thin film head containing 20 poles in
'/4 in to meet the design concept and
the measured results they achieved
with this head design. The recorder
employs a one track /channel system
and follows the AES standard of
16 -bit, 48 kHz sampling rate. The
actual recorder was on show in their
demonstration room with a master
version and an editing system and
the compactness of the system was
obvious. Matsushita have, however,
made it clear that they will not be
putting this system into production.
(Preprint 2027)
In a paper entitled 'Digital Audio
modulation in the PAL and NTSC
Laser -Vision Video Disk Coding
Formats', K A Schouhamer Immink, A H Hoogendijk and J A
Kahlman from the Philips research
laboratories described an extension
to the LaserVision video disc format
to include a digital audio signal. This
research was prompted by attempts
to improve the signal -to -noise ratio
obtained from the analogue tracks
of NTSC format discs which are
some 10 dB inferior to PAL and
SECAM systems. They showed the
feasibility of a combined digital and
audio signal in the NTSC format
with the digital format following the
Compact Disc standard but resulting
in a fully compatible disc. Although
the same system is possible with
PAL and SECAM discs it cannot be
combined with the analogue audio
carriers and would therefore not be
compatible. (Preprint 1997)
Dr Roger Lagadec of Studer and
G McNally from the BBC Research
Department presented a paper entitled 'Labels and Their Formatting in
Digital Audio Recording and Transmission'. The paper proposed the
use of labels as a means of conveying
operational and commercial information about their host digital audio
programme. This information might
be operational data such as serial
number, take number, date of
origin, duration, etc; technical data
such as pre- emphasis, signal description, signal compression data,
balance settings, auto EQ, etc; commercial data for copyright, etc; and
other information such as names of
musicians, musical score details,
comment, etc. The paper covered

these topics and framework for the
development of labels for diverse
requirements and the consideration
that this information must be

recorded,

transmitted

and

recovered. The proposal is compatible with the AES /EBU serial digital
audio interface. This is a very detailed paper and we have only been able
to touch on some of the points in
this report and if you are interested
you should obtain Preprint 2003.
Craig C Todd and Kenneth Gun dry of Dolby Laboratories presented
a paper 'Optimizing the Delta
Modulator' covering the theory and
performance of the delta modulation system A/D conversion. They
also covered the parameters which
can be varied to obtain the maximum performance as well as the
outline of a system for broadcast applications. (Preprint not available)
'The DASH Format: An Overview' was the title of a paper from T
Kogure of Matsushita, T Doi of the
Sony Corporation and R Lagadec of
Studer. This covered the Digital
Audio Stationary Head format proposed by several manufacturers of
professional digital recording equipment. This is an update on the previously published format and is
intended to show the format in its
final version after changes have been
made to allow for 2- channel recording requirements, and future in-

creased track densities.

The
manufacturers are, as before, hoping to promote the acceptance of this
format to increase compatibility between future digitally equipped
studios. (Preprint 2038)

Signal Processing
Analogue

-

Karl D Lahm of Jules Cohen and
Associates presented a paper entitled
'A Unified Approach to Audio
Level Metering' in which he described a unified metering technique
combining the functions of a VU
meter and a PPM in a single unit.
The proposed system presents the
user with amplitude information
that is most appropriate to the
system in which the meter is installed. To convey this information in a
clear and non-distracting manner,
the requirements have been met by

using a VU type meter with a driver
circuit that displays average VU
levels or normalised peak levels,
whichever are the greater. The paper
then gives further details and some
practical examples. (Preprint 2015)
'Audio- optics -The Next Technology' was the topic of a paper presented by George Bowley of Audio optic Technologies Inc in which he
summarised general audio system
deficiences as they stand at present
and then introduced fibre-optic
technology, outlining the advantages
that optical signal systems will have,
the medium, the communication
systems and audio -optic applications
in areas such as signal processing,
etc. The paper achieves what the

author aimed at -a concept
catalyst -and contains some worthwhile ideas. (Preprint 2013)

Studio Design
This session was opened with a
paper by Manfred Schroeder of the
University of Gottingen and Bell
Laboratories. 'Progress in Architectural Acoustics and Artificial Reverberation' was a general overview of
recent developments in architectural
acoustics and his current areas of
work such as why classical reverberation-time formulae often give
wrong results, why reverb measurements are best made with pseudorandom maximum length sequences,
the use of phase gratings to achieve
equal energy scatter of incident
sound, etc. (Preprint not available)
Peter D'Antonio and John Konnert were the authors of a paper entitled 'The Schroeder Quadratic Residue Diffusor: Design Theory
and Application' presented by the
first mentioned author. It is not so
widely known that polycylindrical
diffusers are far from uniform in
their dispersion patterns with regard
to frequency. This paper went into
greater detail about a point mentioned by Manfred Schroeder himself in
his paper, covering the first -order
diffraction theory of the Schroeder
Quadratic- residue diffusor. This
system will provide a broad frequency band dispersion with a uniform
coverage if certain parameters are
52
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correctly calculated. The paper
covers a computer program which
will calculate the diffraction pattern
based on this theory together with
design parameters, practical examples and some studio applications. One obvious application of
this theory is with LEDE control
rooms although there are many
other possibilities. This is an area we
hope to cover in more depth in the
near future particularly as there
should soon be some practical
experience of actual installations.

(Preprint 1999)
`Surround Sound in the Eighties
-Design Principles for Surround
Monitoring Environments' by Greg
Badger of Audiometric Labs/
Soundfield Systems and Chips Davis
of LEDE Designs was unfortunately
not presented by them. The paper,
however, principally outlined the
problems of monitoring surround
sound within more recent design
type control rooms with particular
reference to the LEDE control room
where the rear monitor speakers
would obviously find themselves in a
quite unsuitable environment. The
paper outlined methods of dealing
with this. (Preprint 2046)
Bruce Bartlett of Crown International presented a paper entitled
`The Tonal Effects of Classical
Music Microphone Placement'. This
paper covered an observation that
recordings in standard miking positions for classical music are invariably closer than the normal
seating positions of the audience and
can be proved to be brighter than the
audience hear. Microphones placed
in audience positions are, however,
often dull in comparison. The paper
presented details of measurements,
the suggested mic positions and the
use of HF cuts, etc. In the presentation a tape was played to demonstrate these effects but the problems
associated with filling a large ballroom with critical sound material is
very difficult and I am not sure that
in some areas of the hall the effect
the author was trying to achieve was
too much like the impression he actually achieved. (Preprint 1994)

In 'The Use of Boundary Layer
Effect Microphones in Traditional
Stereo Miking Techniques', John
Lehmann and Michael Lamm of
Dove & Note Recording Co, described the use of boundary layer effect
mics in classical miking techniques
such as Blumlein, Lauridsen or X -Y,
M -S, ORTF, etc. They also demonstrated a system for boundary mic
placement consisting of two pairs of
hinged plates forming front and rear
Vs. These are separated by a third
pair of hinged plates. The Vs open
and close in unison and determine
the spacing between capsules
mounted on them, while the side
plates adjust to alter the angle of acceptance to the capsules. This device
is known as the L2 MicA rray and will
allow the use of boundary mics in
the classical techniques already men52

tioned with full diagrams being pro- Sampling Frequency Conversion' by
vided in the paper. (Preprint 2025)
Messrs Lagadec, Pelloni and Koch
from Studer. Early designs for
digital universal sampling frequency
Reinforcement
Sound
converters were based on four stage
The first paper in this session was
digital filters supplemented by an
presented by Don Davis of Syn-Audasynchronous buffer. In this paper a
was
Con and
a description of one
prototype design for a single stage
user's approach to TEF measuresampling frequency converter was
ment of sound systems. `Basic TEF
described and its feasibility shown.
Techniques' includes examples of
(Preprint 2039)
what are becoming standard TEF
Dr Martin Jones of Neve Elecmeasurements and some new views
tronics covered the time-division
of old measurements and the value multiplexing methods for transmisof some new measurements. sion of digital audio signals. In
(Preprint 2036)
`Signal Transmission and Routing in
The increasing use of small comthe Digital Audio Studio' he desputers for sound reinforcement apcribed how it was now cost effective
plications was highlighted in a paper
to transmit 128 digital audio signals
entitled 'A Microcomputer Proon one 20 -pair ribbon cable with
gram. For Central Loudspeaker Arsignals of 20 -bit and 48 kHz sample
ray Design' by David Albertz, John
rate. The system is flexible in use for
Eargle, D B Keele and Ronald
the studio operator and is successful
Means of JBL Inc. The paper
over copper cable and optical fibre.
describes a program which solves
(Preprint not available)
inverse -square losses as seen through
Messrs Niimi, Fujino and Shimizu
a loudspeaker's distribution pattern
Nippon Gakki Co (Yamaha) gave
of
at points on a seating area. For fairly
details of the development of a new
normal distribution of seating, the
digital reverberation system such as
program will allow calculation of up
the new model that was shown for
to 230 points. The program can also
the first time in the exhibits area.
deal with multiple speaker arrays
The paper 'A New Digital Revertaking into account phase and
berator with Excellent Control
amplitude relationships. With the
Capability of Early Reflections'
addition of acoustic data on the
covered the design concept, hardroom, direct -to- reverberant values
ware structure and some application
can be calculated and intelligibility
examples. (Preprint 2026)
estimates can be made. (Preprint
The amount of R &D work being
2028)
done by Studer in the digital field is
demonstrated by yet another paper
presented by R Lagadec and D
Loudspeakers:
Pelloni. Entitled `Signal EnhanceTransducers and Low ment via Digital Signal Processing' it
Frequency System
covers research and attempts at
Alignments
recreating original music signals
Laurie Fincham of KEF presented a from less
than perfect sources. The
paper entitled `Refinements in the
process involves the splitting of the
Impulse Testing of Loudspeakers'.
digital signal into linear phase narThe paper discusses the problems
row band signals for individual proand solutions that have been encessing before being recombined.
countered in 10 years of testing
Some practical examples were desphase and amplitude frequency
cribed but as the paper says, it is
response characteristics using imvery difficult to access results in
pulse response measurement. There
words although early results are prowas particular emphasis on reducing
mising. Aside from the difficulties
errors in LF measurements as well as
of telling the computer which noises
new methods for determining the
are just noises and which noises are
free field response of a loudspeaker
musical such as the breath of a
system down to low frequencies.
flautist. It follows from this that
(Preprint 2055)
some of the problems encountered
Marshall Buck of Psychotechare not just technical but with such a
nology Inc and Cerwin Vega Inc
potentially powerful system musical
delivered a paper under the title of
and psychoacoustic considerations
'Measurement of Spatial Reproduchave to be included. The value of a
tion Quality by Interaural Crossfully operative system such as this
correlation Techniques' in which he
could have real application in prodescribed the development of a
cessing of analogue material for CD
mechanised technique for the assessrelease although this appears to be a
ment of spatial imaging qualities
little way off as yet. (Preprint 2037)
which would be easier and perhaps
John Snell of Lucasfilm presented
more effective than the use of listena paper entitled `The Lucasfilm
ing panels. The paper details investiDigital Audio Console' which gave
gations into the interaural cross details of the system they have
correlation coefficient using such
developed for their film postproductechniques as dummy head mic picktion studios. The console has real up and fast Fourier techniques.
time programmable controls offer(Preprint 2044)
ing equalisation, reverb, synthesis,
vocoding, Dopler- shifting and other
Signal Processing
effects. Alphanumeric displays are
Digital
used to label controls and the conThis particular session was started tinuous movement of controls is
with a paper entitled `Single -Stage stored on multiple computers with
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storage capacity up to 16 Mbytes
each (Preprint not available)

Psychoacoustics and
Subjective Testing
Most of the papers in this section
were

covering

measurement

and

assessment techniques for manufacturers but two papers were worth

special mention. `Surround Sound in
the Eighties- Localisation and

by Martin
Willcocks of Willcocks Research
Consultants and Greg Badger of
Audiometrics Labs, gave an account
of their recent developments in surround sound and an overview of the
current possibilities together with a
set of conclusions based on their
observations with listening positions
and head rotation,. etc. (Preprint

Psychoacoustics'

2029)

Worth a mention is the paper
from Wieslaw Woszczyk of McGill
University and Floyd Toole of the
National Research Council, Canada
for their paper `A Subjective Comparison

of Five Analogue

and

Digital Tape Recorders'. In this they
detail experimental methods to
evaluate these machines and the
results. All the machines were unnamed and as such conclusions must
be somewhat vague but it was
noticeable from a study of the
results that the listeners actually
found it difficult to distinguish the
digital machines. There were also
found to be large similarities and
small differences between machines
and most of the machines found
listeners with preferences. The
authors conclude with the statement
that their use of freshly -made first
generation recordings gave one story
but a quite different pattern could be
possible if further generations of
recordings were equally evaluated.

(Preprint 2033)

Disk Recording and
Multichannel Sound
`Ambisonics in Multichannel Broadcasting and Video' by Michael Gerzon, consultant to the NRDC, considered the most effective methods
of using three or four related audio
channels and then covered the Ambisonics UHJ hierarchy for transmitting total sound fields. All the options were covered from monaural
to 4- channel periphony and a range
of user soundfield adjustments in
stereo and psychoacoustically optimised surround sound reproduction modes. (Preprint 2034)
The second paper was almost a
continuation of the earlier 'Surround Sound in the Eighties' but
with the subtitle of 'Advances in
Decoder Design' by Martin
Willcocks of Willcocks Research
Consultants. He covered briefly the
history of decoding systems for both
discrete and matrix systems. There
was then reference to current Ambisonics and USQ systems and comparisons are drawn together with
subjective decoder performance
tests. (Preprint 2017)

A 28/24

at Sanwa Video, Osaka, Japan
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ANGELA 28/24 at Castle Audio, Dallas, Texas

AMEK "ANGELA"
Most of our competitors have a simple technique for designing their consoles. Using inferior, penny -pinching
electronics and mechanical construction, they disguise the relative sonic inadequacy of their product by creating
a seductive, cosmetic appearance.
Only one manufacturer consistently uses another approach. AMEK. All our consoles are built to the same
standard of total excellence. Our belief, after ten years of console building, is that the only long -term future for
this company lies in maintaining a standard the others never have reached, and are moving further away from
every year in their drift towards mediocrity.
'ANGELA' has the characteristics expected of an AMEK console: Matchless acoustic transparency; a totally
musical equalizer with a proper bass response; inexhaustible routing possibilities. The steel chassis, hardwired TT
jackfield, gold -plated edge connectors and rigid PC motherboard do not speak of anything less than our
perfectionist attitude towards our products. All this is now possible for a price far more modest than previously
associated with our consoles.
'ANGELA' is available in a very wide range of configurations, from 16/16 through to 62/48. VCA Faders, with
DC subgrouping and the AMEK 'MULTIMIX' computer are standard options. As the ultimate product in its price performance category, can you afford not to know more?
AMEK CONSOLES INC
11540 Ventura Boulevard

AMEK SYSTEMS & CONTROLS LTD
Islington Mill, James Street

Studio City, CA 91604
U.S.A.
Telephone: (213) 508 9788

Salford M3 5HW, England
Telephone: 061 -834 6747
Telex: 668127 AMEK G

Studio Miraval
Recording a la Provencale
Miraval is situated in the heart of
southern Provence -'the countryside of Cézanne' proclaim the
signs on the autoroute -about
12 km from Brignoles and just over
an hour from either Nice or
Marseille (depending on how fast
you drive!). Access to the studio is
quite straightforward, simply leave
the autoroute at Brignoles and turn
up towards Le Val, carry on through
in the direction of Barjols and after
4 or 5 km there was a sign on the left
pointing into the woods with the
legend 'Studio Miraval'. From there
on the ride gets progressively
bumpier until you arrive in front of
the group of buildings that form the
estate of Miraval.
Discovered by Jacques Loussier in
1969 while visiting friends in the
region, Miraval was bought first of
all as a home. Though in a state of
general disrepair, the atmosphere of
the place was such that M Loussier
felt compelled to buy it -at what can
be described as 'a reasonable price'.
Today, one shudders to think! In the
beginning, thoughts of a studio were
far away and it was not until five
years later that the first ideas for a
studio germinated.
As a musician, Jacques Loussier
needs no introduction. A concert
pianist, known primarily for his
interpretations of Bach -with or
without a rhythm section -he is also
well known as a composer for film
and television as well as concerts.
.(Commercials are no stranger to
him, either. Remember the ad for
Wills Whiffs with the cigar coming
out of the mummy case ?) Finding
the atmosphere of Miraval more
conducive to the flow of ideas than
the pressures and stress of Paris, M
Loussier felt it would be to his
advantage to build a small 8 -track
demo studio where ideas could be
put down on tape and developed in
peace. This would make working
easier and not oblige him to go to
Paris to spend money on studio time
with all the attendant hassles. The
music could be written at Miraval
and recorded in the Paris studios
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(usually Decca) when ready.
At this point his secretary Dany,
came into the picture. Her view of
the situation was why stop at a demo
studio? It would still be necessary to
go to Paris to make the final
recording so why not record at
Miraval instead and be rid of the
pressures for once and for all?
From early on Jacques Loussier
had never liked the pressures of
working in city -based studios.
"How can you work if the musicians
are more worried about finding a
place to park -and, having found it,
worry more about feeding the
parking meter, than concentrating
on the music in hand ?" Then while
Pierre is away at the meter, Louis
says he'll go for a quick drink, with
everyone else following suit and they
all end up in the bistro. Then it's
'why not eat something now and...'
Well, you get the picture. The
problem is that the studio clock is
still ticking away, expensively, and
adding further to the pressures. In
fact it is the 'working against the
clock element' that has always
disturbed M Loussier the most,
making him feel caught up in a
vicious spiral.
The idea of having a studio of his
own where he could work when he
wanted and for as long as he wanted,
without having to worry about
running into overtime started to
become very appealing -as well as
being logical. Patrice Quef, Dany's
husband, Loussier's longtime friend
and one of the leading engineers in
Paris, was brought in as someone
who would be able to install the
studio and run it.
Finding a place to build the studio
was the least of the worries. Miraval
has many barns and farm buildings
and one in particular lent itself
admirably to the installation of a
studio. One of the previous owners
of Miraval was a certain Joseph
Lambot whose claim to fame is that
he was the inventor of reinforced
concrete. To test his theories he built
a large barn with ground and first
floors, the exterior walls being
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traditionally built with large stones
and therefore nice and thick with a
concrete interior. The roof is
beamed and joisted as it would be
with timber with the exception that
all is done with reinforced concrete.
However, you have to look pretty
closely to realise that those joists are
not wood! The exterior aspect of the
building, some 50 x 30 m, retains
the same look as the surrounding
buildings and does not jar with
the 'old world atmosphere' of
Miraval.
The first Studio Miraval emerged
in 1976 with a Neve console and
16 -track Studer A80. The total
studio floor area was 450 m2
including three large isolation
booths. The acoustics were 'inhouse' and were designed by
Messieurs Loussier et Quef. Though
empiric, the treatment worked out
quite well, consisting of fabric
covered Rockwool against the walls
and sloping ceiling with hardwood
panels randomly placed to give a
mixture of dispersion and absorption. The control room was placed at
one end of the barn with a large
window providing natural light from
the rear.
The moment the studio became
operational a familiar story unfolded. Word got round and Miraval
was soon under pressure to become
more commercially orientated as a
result of people starting to discover
the, then relatively new, concept of
the studio 'away from it all'. A
phrase that has unfortunately
become time-worn over comparatively few years.
It was clear that if the studio was
going to be run as a fully commercial
operation it would have to be
comparable to the top Paris studios,
especially in view of its isolated
position and the following year saw
the control room equipped with a
Neve 32/24 console and an A80
24 -track recorder. However, as
studio owners and their bank
managers are painfully aware,
recording studios are restless beasts
and are committed to constant

evolution if they are not to be
Thus
doomed
to extinction.
September, 1982, saw the present
version of Studio Miraval emerge.
Part of the decision to update the
studio involved building a new
control room at the other end of the
studio, further down the barn,
where there was more than enough
space to build as big a room as
necessary. The various design
propositions ranged from the serious
to the... well let us say, not serious
at all and be nice about it! The
design that was retained was that
proposed by Rabit Studios of
London, who seem to have strong
connections with France.
The first impression is one of
space and even the SSL console
looks a little lost sitting in the
middle! Well, with over 60 m2 to
play in I suppose it would really.
With this size the room must rank as
one of the largest in Europe at the
moment and provide easy, unhindered working conditions. The
design can be said to have very
definite Hidley influences-not that
that is a negative remark by any
means -with a mixture of traps and
reflective/dispersive surfaces. The
ceiling is completely trapped with
two reflective hardwood surfaces,
one over the monitors at the front of
the room and the other to the rear of
the console, with two fabric covered
openings, one over the console
presumably to reduce splash-and
the other to the rear of the room up
to the rear wall. The back half of the
room has full traps all the way round
with the back wall trap being ported
at the front of the platform
providing seating at the rear of the
room. The side walls -and thus the
traps -are faced with a mixture of
fabric and slanting wood panels.
These latter increase in spacing as
they get towards to the back, a style
termed 'progressive absorption' by
the designers. The rear wall is carpet
covered as is the floor area of the
control room, with the exception of
a parquet rectangle behind the
console. This could be for acoustic

-

reasons or just to let the chairs roll
more easily! Or both. I have
mentioned a seating platform at the
rear. This is quite deep and has sofas
all the way across with seating for
about 12 people. If one takes into
account the front of the dais then
two dozen listeners can be comfortably installed without breathing
down the engineer's neck! This can
be termed `very convenient'.
The front half of the control room
is a mixture of brickwork and hardwood, with the studio window
divided into
three
effectively
sections, viz: one under each
monitor and the sliding glass double
doors that give access to the studio.
To the far side of each window is a
large carpet lined soffit designed to
take a Studer 24 -track A80. At
present one is occupied by its
intended occupant and the other
serves as a very handy tape store!
Moving round the room each side
from the soffits are flush wall racks
which contribute further to the clean
lines of the room. The main entrance
lock -or door-is to the left of the
room, after which there is a soffit
for two A80 master recorders, wall
rack for the computer electronics
and power supply for the console
and a lighting control panel for
adjusting the atmosphere in both
control room and studio.
As the original control room had
daylight, this aspect has not been
forgotten either and there is a large
window to the right of the console in
the wall. Due to the thickness of the
outside walls this is almost a bay
window and a substantial window
sill has been made. When I was at
Miraval in September there was
sufficient daylight to work in the
room without any extra lighting and
this I find very agreeable. The area
around the window is trapped over
and under, as are the monitor
mounts, soffits and door areas. The
overall impression is pleasantly low key and airy, with more of a
'drawing room' feel to it than
anything else.
With the installation of the new
control room a new desk had to be
bought. In keeping with the policy
that the studio must offer at least as
much as the Paris ones, automation
was now an essential and after much
heart searching-they had been very
satisfied with the Neve -an SSL
4000E was chosen. This is a 48 -inch
input mainframe fitted with 36 I/O
modules and eight VCA groups and
so far they are very pleased with
it -even if it does take a bit of
getting used to.
Recording is with a Studer A80
24 -track running at 15 and 30 in /s
with Dolby should it be needed.
Mastering and copying is on two
A80 stereo machines, one running at
7'h and 15 in /s and the other at 15
and 30 in /s. The latter machine also
has '/z in tape conversion for very
high quality mastering. There was a
slight problem here in that there was
no cutting suite in France at the time
of installation for '/z in masters!
Well, at least the studio was at the
forefront of progress. Two channels

of Dolby are also available for
mastering if needs dictate.
Monitoring is UREI throughout,
with 815 Time Aligned speakers
driven by a 6500 amplifier and
equalised with 539 attenuate -only
%a- octave graphics.
Contrary to
some control rooms the EQ curve is
nothing drastic -no more than 2 dB
down at any one place-so the final
sound stays reasonably unmangled.
Secondary monitoring, well, what
else but desk mounted Auratones
driven by a Quad 303.
Other listening/copying equipment includes two wall rack
mounted A77s (Revoxes for our
younger readers), Sony cassette
deck, Quad 33 preamp and Eagle
turntable. The remainder of the outboard gear is mounted into two low
profile desktop racks that have been
built as extension wings to each side
of the console. As well as looking
attractive they are very handy to use.
The goodies mounted
therein
include two Klark Teknik DN 27
graphics and an Orban 622E stereo
parametric equaliser, MXR DDL,
AMS DM2 -20 tape phase simulator
and DMXJ5 -80 DDL, Orban 4JBA
stereo limiter, Eventide H910
Klark
Teknik
Harmonizer,
DN70/71 delay unit and last, but not
least. two UREI LA -4 comp/
limiters. Later during my visit one of
the original Aphex units was found
hiding in the studio and Patrice
wasn't sure about the last time that it
was used! However, as they say, it's
there if you need it.
Reverberation is provided by an
EMT 240 and AKG BX20. An
attempt has also been made to use
the disused wine cellars as a natural
reverberation chamber. The sound
was a great success (as may be
imagined) but there were slight
problems with Radio Monte Carlo
coming through rather prominently
at times! This was due to the
combined
conditions
of
the
transmitter being nearby and the
lines up from the cellars acting as
good aerials. However, the problem
is going to be re- thought and we can
look forward to some vintage
reverb!
The studio will also be trying out a
selection of digital reverberation
units from AMS, Quantec, Sony,
Lexicon and Eventide, with the
lucky winner being installed soon
after trials. A Publison DHM 89
DDL /pitch changer is also on order
-as are additional microphones.
Now that the technical list is done
with, what does the control room
sound like? Answer, control rooms
should be neutral. Well, OK, what
sort of sound is the studio capable of
producing, is that better? Seriously,
though, this is always a difficult
question to answer as it is very much
dependent on personal taste but here
I go anyway. I first had a listen to a
demo that had been done by a local
group called Step Ahead and was
straightaway impressed by a very
clean and uncluttered sound. A nice
broad spectrum and just the right
amount of attack -or 'punch' if you
prefer-where necessary. Actually,

for a French group this is saying
something as they always want to get
the kitchen sink in there if they can!
Naturally, we also listened to some
of the latest Jacques Loussier
productions and all I can say is that
there is a very definite feeling of
`space' in the recordings -wide,
with a pronounced naturalness that
is very appealing.
In spite of the fact that the
monitors are quite close together,
the stereo imaging in the room is
very good. I did a `blindfold' test
along the length of the console and
the image was rock steady. The
listening area at the rear of the room
is very good, as well, which should
stop people from wanting to go up
to the console.
Moving on to the studio itself,
there are two points of access: either
from the control room through the
double glass doors or from the far
end directly from the entrance
lounge.
Moving the control room to the
other end of the studio obviously left
a space and this has been converted
to a live area, the acoustic design
also having been done by Rabit
Studios. This gives an area large
enough for full sized string sections,
brass, drums, what you will, without
any space problems whatsoever. In
fact, if there is one thing that
Miraval is not short of, it is room to
move in! The far wall is the exposed
stone wall of the barn complete with
mullioned window for lots of
daylight. The spacing of the stones
as well as their unevenness makes for
excellent dispersion as well as
looking attractive. The ceiling and
two walls are faced with unvarnished
pine panelling with the walls being
made in staggered sections to cut
down symmetry and reduce standing
waves and flutter echoes. The
panelling has also been installed with
alternate inclined angles in each
section and contrasts nicely with the
parquet floor that makes up the
remaining surface in the live area.
Absorption is in the form of traps in
the ceiling and side walls, with the
entrance ports at floor level and
either end of the ceiling. The sound
is as one would expect it to be -that
is, bright and diffuse and ideally
suited to accoustic instruments.
Drums have also been recorded in
this area with great success due to
the presence or 'live quality' of the
sound. The drummers feel part of
the group this way which makes for
a better feeling in the music, a point
not to be ignored.
The rest of the studio is as previously described with a moquette
covered floor and a mixture of
absorptive materials on the walls
and ceiling with random hardwood
panels. There are also two smaller
windows in the outside wall which
can be opened or closed with
shutters as desired. As well as the
extensive floor space there are three
large isolation rooms averaging
between 20 and 25 m2 each. These
date from the original building of
the studio and are treated internally
in the same fashion as the studio,

with the exception of less wood
panels. Their main use at present is
for loud guitar amplifiers or the
Leslie for the organ. However, it is
planned to improve their utility in
the fairly near future by rebuilding
the acoustics in each room
differently, thus giving the choice of
different acoustic environments for
those times when it is needed; effects
need not necessarily be confined to
electronics!
Microphones in evidence at the
time of my visit were Neumann U87
and KM86, Sennheiser MD441 and
MKH 416 rifle microphones with a
fair sprinkling of AKG D202s.
rather
selection
Feeling
the
restrained, the studio is in the
process of working out the shopping
list for additional models. I was
quite struck by the profusion of rifle
fairly uncommon
microphones
sight in most recording studios. For
fairly close applications these are
used for vocals, cymbals, hi -hat and,
on occasion, for bass drum. More
distant applications include string
sections and ensembles. Experimentation is obviously the key word here,
coupled with the demands of the
situation and result desired.
Instruments available in the studio
are Bosendorfer grand (what else?),
little
clavichord (a delightful
instrument), new model Rhodes,
ARP Pro -Soloist and Synergy
synthesisers, Eminent organ with
760 Leslie, tack piano, four timpani,
Roland electronic drum computer
and Marshall stack for would -be and
confirmed rockers.
Foldback to the studio is via
monitors and headphones, the latter
lightweight
Koss
and
being
Sennheisers. Speakers available are a
selection of the original control
room Lockwoods, JBL 4301B
(installed on the roof of the isolation
booths) monitors or small Eagle
wedge speakers that can be put on
stands next to the music! Power for
foldback is provided by Quad 303
amplifiers.
The studio itself has an interesting
acoustic -not really resonant but
very 'present' and natural. There is
an impression of volume without
needing to play loudly and this was
confirmed by my having a plonk on
the piano and clavichord. Discussing
this with Patrice and Jacques, I was
told that acoustic ensembles can
hear each other very well in the
studio and that foldback is very
rarely required. At the same time
there is a good separation between
the instruments with any leakage
adding a natural enhancement to the
overall sound. However, should
further separation be required, there
are acoustic screens of different
heights available, together with high
screens that butt up against the
ceiling to make booths. Since the
building of the 'live' end, the studio
area totals around 500 m2 and the
record so far is the Marseille
full
Orchestra at
Symphony
strength -150 musicians and no
complaints of overcrowding!
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Mirava]
The barn housing the studio has a
circular tower on one corner. This
contains the entrance lounge, offices
and kitchen. Over these the space is
taken up by the reserve water tank
and the tower is topped by bedrooms
and a terrace, the rooms being
reached via a picturesque outside
bridge /staircase. The studio at
present takes up just over half of the
length of the building- together
with the
control
room -and
approximately two thirds of the
width. The remaining third gives
direct access to the control room and
has the toilet facilities. However, as
can be imagined, this still leaves a lot
of space and with the concrete walls
this area is often put to good use
when a `lively' acoustic is called for
but the instruments need to be
separate from the main studio. At
present there are no plans for the
area the other side of the control
room but one can be sure that the
space will eventually be put to good
use. A rehearsal studio, perhaps?
Miraval's philosophy as laid down
by Jacques Loussier, is one of `no
surprises!' The studio charges a flat
daily rate depending on the length of
stay and the client is free to work the
hours he wants without worrying
whether he is running into overtime
or not. All that is in the studio is
available to the customer, eliminating the need to pay for extras. I
was told that an average day is
around 15 hours (how many unions
would wear that!) so the atmosphere
must be conducive towards work!
In fact, one of the best bargains of
Miraval must be the overall feeling
and atmosphere of the place. The
actual domain dates back to the 13th
century (and probably before)
vestiges of which are still apparent in
some of the buildings, and as such,
the place has a very lived in air about
it that seems to get through to
people. Besides working, people can
generally unwind with swimming
and tennis in the summer and
strolling around the estate with its
woods and vineyards. For those who
want to laze around in the off-hours
there is TV in front of the open
hearth fire in the entrance hall (a
VCR is shortly to be installed) or
there are various games tables.
However, if you feel the need to dive
into the fleshpots, Nice and
Marseille are not that far away and
Brignoles is just down the road. In
spite of this, I was told that most
people who come to Miraval soon
get caught up with strange
impulsions to work which, after all,
is what they are there for. One is
there to work, to create, call it what
you will, and being away from the
everyday distractions allows the
ideas to flow, meaning that in three
days it is quite possible that what
would normally have taken a week
to do will have been done -and
better!
Since the `public opening' of the
studio, several of the old farm
buildings have been renovated and
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turned into small apartments and
rooms for clients. This follows the
policy of constant improvement and
further accommodation will eventually be available. I was very privileged during my stay, I was in the
cures house! (The curé was the resident chaplain in times past.) This is a
charming one up /one down built on
to the chapel next to the château.
The chapel itself has a marvellous
acoustic (I'm becoming to wonder
about high vaulting, hmmm) and
there are plans afoot to incorporate
it into the studio complex as a small
studio. It would be ideal for
chamber music, for instance.
Being in France, it would be
unusual if the gastronomical side of
things was neglected (or the grub, in
plain English!) and this is most
certainly not the case. The cooking is
taken care of by the charming young
housekeeper, Silvie, and she kept us
going with a selection of excellent
menus, the pleasure of which was
refined by being able to eat outside
on the terrace most of the time. Due
to the climate in Provence, meals are
often taken outside even in
November and December! I will
warn the weight-watchers among
you, however, that the clients leave
on average with three kilos extra and
that the record is ten! (Don't they
feed you at home, then ?) Liquid
refreshment is not forgotten either
how many studios do you know of
that have their own cellar? That is,
produce their own wines. Being a
farming estate Miraval also has its
own vineyards and I can tell you that
the wines are excellent; light with a
fruity perfume and highly recommended!
Business at Miraval is very much a
`family affair' with the company
being the partnership of Jacques
Loussier and Patrice Quef. Madame
Quef -or Dany-is the secretary
with Sylvie in charge of housekeeping.
Patrice Quef started his recording
career in 1967 as an assistant
engineer at Phonogram Studios in
Paris and stayed there until joining
Jacques Loussier in Miraval. However, this is not to say that he led a
cloistered life at Phonogram and
indeed he says that he found it a very
good training ground as he was
often in contact with English engin-
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eers and thus able to learn from
them. One of the difficulties in
France, he feels, is that engineers are
very jealous of their `secrets' and
there is not the exchange of ideas
there is amongst the Anglo -Saxon
community. In the light of recent

Studio Sound editorials, we talked
about the opportunities for the
training of engineers in France and
the outlook would appear to be
pretty dismal there as well. M Quef
feels that there are two factors
contributing to the situation: with
fewer record companies maintaining
their own studios in France, there is
less and less opportunity to receive a
good 'in- house' training, also, more
and more engineers are turning freelance and are consequently less and
less
inclined
to share
their
knowledge, ending up in a vicious
circle. Not that Patrice was not
`loaned out' occasionally during his
tenure with Phonogram, but this
enabled him to work with top
producers and arrangers and thus
gain experience in a way that is far
more difficult today. Once again, it
can be voiced that this is going to
create a potentially dangerous
situation as, after all, we don't live
for ever and somebody has to ensure
continuity!
Since Miraval opened its doors
there has been a steady flow of well
known names, both from France
and abroad, with the French market
including Alan Stivell, Maxime
LeForestier, Charles Aznavour,
Chantal Goya, Marseille Opera and,
naturally, Jacques Loussier! International artists include Mama Bea
from Italy, John Lewis of MJQ
fame and Pink Floyd, who came to
do vocals for The Wall as well as
some instrumental overdubs. Patrice
said that working with the Floyd was
a very interesting experience and
remembers how impressed he was by
their calm professionalism and
complete lack of histrionics! The
latter a change from groups who feel
that smashing the place up is the way
to assert oneself as a rock musician
strange idea.
Towards the end of my stay I
Loussier what
asked Jacques
Miraval had brought him personally.
The first point was that it has
allowed him to experiment and take
his time over projects that previously
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would not have been financially
feasible. The freedom from money
worries has given a definite boost to
his
creativity and ideas for
composing and has allowed him to
take more chances. The studio has
also provided a central anchor for
his affairs which led to the creation
of his own publishing company in
1980 providing a financial back -up
for the studio. He has noticed a
change in attitude with the musicians
as well. Most of the session players
come from Marseille and would
appear to be genuinely interested in
the music they are to play than in the
clock (at least they don't have to
feed the meter!). As a composer, M.
Loussier finds this an enormous aid
in bringing his music to life and thus
making for recordings that are more
exciting than just mere renditions. I
suppose that
the 'community
atmosphere' must rub off on
everybody. At present Jacques
Loussier is engaged in a project with
Jon Anderson of Yes and in
December should be getting together
with another Jon, this time Jon
Lord.
Studio Miraval very definitely has
its sights on the international market
and is in a constant state of
renovation, be it technical or the
installation of an indoor swimming
pool underneath the studio or the
opening up of further accommodation. There is still plenty of space
for enlarging the studio when necessary and future re- investment plans
include upgrading the 24 -track
for
recorder -or getting two
46 -track recording. As it stands, the
studio is fully capable of first class
results and if you feel like mixing
work with gastronomy, peaceful
surroundings and friendly people,
then Studio Mirava! could be the
place for you -you won't even have
to mortgage the house to pay for it,
rates are very reasonable.
I would like to thank Jacques
Loussier, Patrice Quef, Dany and
Sylvie for their most warm welcome
and hospitality during my visit. I
look forward to seeing them again
soon and until then, au revoir.
Studio Miraval, 83143 Le Val,
France.
UK office: Alma Music, 33 Bathurst
Mews, London W2. Tel: 01 -402
4955.
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Festival Hall sound
It can be done. When Mel Tormé, Carmen

McCrae and George Shearing appeared 'for the
first time together on a London stage' at the
Royal Festival Hall they used a high powered
rock sound system. It was run at tactfully low
level to give just a little lift where needed. And
when jazz singer Carmen McCrae did the old
Anthony Newley song What Kind of Fool Am
I she started off using a hand mic but halfway
through dropped it to waist level and then right
down to her side, so that it wasn't giving her
any help at all. She just belted it out, over her
backing trio, to fill the hail with real live
sound.
It says a lot for Carmen McCrae's voice that
it lost very little in level. It says a lot for the
sound system that there wasn't much of a
change of quality. I'll lay good money it's the
first time a jazz singer has sung even one song
in the Festival Hall without amplification. Who
will be first to try a full set? After all opera
singers do it at Covent Garden, with a full
orchestra, every night.

Entente almost cordiale
There's a happy ending to my previous story of
the sound at the annual Nice Jazz Festival. As
reported, this 10- year-old, 10 day event,
arguably the longest and largest jazz and jazz rock binge in the world, was originally marred
by very poor sound in the three open air
stages. A local French firm was employed to
provide what was really nothing more than a
PA system, with horns of the type you
normally find behind a cinema screen. Then
last year the promoters, George Wein and
Simone Ginibre, brought in British firm Star
Hire to install a pop-style sound system on one
of the stages. For the first time ever this major
musical event had decent speaker stacks, a
main mixing desk at centre front out in the
audience and an on -stage monitor mix.
But that was on only one of the three stages.
The other two still had stacks of ageing horns,
no on -stage monitor mix facility and a main
mixing desk so far off to the side of the stage
that the engineers couldn't hope to hit a decent
balance. The political fur flew when some of
the major acts, especially the jazz -rock and
electric blues bands, played once with the
French sound system and then insisted on
playing their remaining sets on the stage with
the British sound system. This created a hot
potato because the Nice Festival relies heavily
on support from the Nice town council which
is in turn obliged to support local enterprise,
like the PA firm.
In last year's report I wondered how the
festival organisers, who must keep musicians
and audiences happy with a decent sound
system, could also manage to keep the local
council happy. They did it with a delightfully
diplomatic compromise. This year Star Hire
was contracted to handle the sound for the two
main stages, with the local French company
contracted to handle the smaller stage. By
carefully juggling the music, so that none of
the major acts or electric groups played on the
French stage, the organisers preserved French
honour but kept the musicians and audience
happy. And this year even the mixing message
finally got through. Every stage had a mixing
desk out in the audience at the centre front.
It's ironic that it's taken until the 80s for the
oldest pop music of all, jazz, to take sound
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reproduction seriously. Equally ironic, it's only
been made possible by spin -offs from the
development of new technology for the pop
music industry which jazzers love to hate. But
even the biggest names in jazz still travel
without a sound engineer and rely on whoever
or whatever is available at the gig. Only the
jazz -rock group of Jaco Pastorius brought their
own sound engineer this year, while the big
bands of Woody Herman and Lionel Hampton
didn't. Nor did the blues band of Buddy Guy
or even the Fats Domino rock and roll show.
In fact the first show by Domino was an audio
disaster because curiously, for someone so long
in the business, he seemed to understand
nothing about stage sound.
Domino insisted on singing a couple of feet
off the microphone, but he wanted the drum
kit hard by his piano and wouldn't use a boom
stand for the mic. He also listened to advice
shouted from ignorant camp followers around
the stage. At one point he insisted that the
sound engineers boost his vocal sound.by
pointing all the monitor speakers out into the
audience. Then of course he couldn't hear
himself sing. In fact, with eight kW
Turbosound stacks, four at each side of the
stage, there was more than enough power in
reserve. But how do you explain to a featured
musician halfway through his act, that the sideof -stage stacks are designed to fire out into the
audience, which is why you need onstage
monitors, and if you sing two feet from a mic
near a drum kit there's a limit to how much
gain you can get without feedback and drum
noise! The puzzle is, how can an artist like
Domino be on the road for 20 years and still
have learned so little about stage sound?
Perhaps we've all grown so accustomed to big
name pop groups touring with an entourage
that includes a full sound crew, that we forget
that there are still middle-name pop artists who
are touring with the bare bones of a band
1

waggon.
Many jazz artists still treat anything to do
with stage sound with mistrust. "You guys will
always get it wrong anyway," said one
drummer at Nice, removing all the carefully
positioned mics from his kit, and leaving just
one C451 slung over the top. Needless to say
his kit sounded far too toppy. Perhaps this is
why some jazz groups become big box office
draws while others, who are equally competent,
keep making only bread and butter money. The
successful group is the one that has learned
how to use stage sound. In short, they regard
amplification and electronic aids as an ally, not
as an enemy.
There was one useful lesson to be learned for
the future, and one sour note. The lesson for
the future is on component stability. When you
put a black mixing desk out in the hot
Mediterranean sun, the temperature inside gets
like an oven. Components, especially integrated
circuits, aren't rated for oven heat. This year
Nice in July was hotter than ever, and once in
a while an IC would go into hf oscillation, or
expire altogether. In future, designers of
mobile sound systems may have to look again
at the temperature rating of the components
they use.
The sour note was musical. Promoter George
Wein used to be a jazz pianist of adequate
ability. He even made a few records before
making his name as a promoter of jazz
concerts. Over recent years he's joined in the
occasional jam session at the end of his

promotions for a bit of fun. "Good old
George," says the band and audience,
applauding him as we applaud a vicar when he
proves that he can just about ride a motor
bike. But this year George Wein appeared
repeatedly, playing with awesome inadequacy
and putting a damper on the performance of
some normally fine musicians. If George Wein
has a best friend, he should tell him. After all,
Harvey Goldsmith hasn't joined in with Dylan,
The Who, Simon and Garfunkel. Or at least
not yet. Heaven forbid that George Wein
should start a trend.

Abbey Road
Apparently 20,000 Beatles fans turned up at
Abbey Road and paid £4.50 each to worship in
Studio 2 because the Beatles once made music
there. There's a story, possibly apocryphal,
going round about PM Margaret Thatcher's
reaction when told of the Abbey Road
experiment. "Why turn a recording studio into
a shrine," she is reputed to have said at a
music biz function. "Can't they get enough
work for the place ?"

Custom sheik
Video is already big business in the Middle
East because off-air television is even more
boring than Channel 4 in Britain. There's also
a natural national aversion to film. In that part
of the world there's all manner of family
feuding, with frequent killings for vengeance or
ambition. When you show a film you have to
put out the light and sit in rows watching a
screen. So most people have someone behind
them in the dark. It is very hard to enjoy a
film when you are worrying about a knife in
the back. But you can watch video with the
room lights on, sitting in semi -circles round
several monitor sets.
How long, I wonder, before the Middle East
spawns a recording industry? If it ever happens
then you had better know what you are taking
on if you take a job there.
All the unsavoury publicity for social life in
Jeddah created by the Helen Smith inquest
reminded me of a friend who went out there to
work. He was a part -time musician and jazz
buff. To retain their sanity, he and his friends
formed a jazz band. But all their instruments
had to be smuggled in. A trombone got
through the Customs as plumbing, a drum kit
came in as hat boxes and a piano was cleared
as spare parts for a Boeing 747. Some Janet
Reger underwear for his wife, ordered by mail,
had to be labelled 'handkerchiefs'.
The band didn't last long because the
houseboy stole the trumpet player's gold
lacquered instrument and, thinking it was pure
gold, tried to melt it down. So my friend then
took a part -time job on the local radio station,
playing jazz records. That didn't last long
either. First he was censored for playing what
he announced as soul music, because only the
sheiks can have soul. Then he played a record
by the Joe Harriot Quintet, featuring poet and
trumpeter Shake Keane. He was lucky. They
didn't stone him to death, they just fired him.
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Tektronix new AA5001
Programmable Distortion
Analyser when joined with the new
SG5010 Programmable
Oscillator provides the latest
advancements in automated and
modular audio test systems While automated techniques
have been available before, only
the AA5001 and SG5010 meet
the specialised needs of the
high quality audio market place.
Along with other members of
the TM5000 programmable
product line the AA5001 and
SG5010 can form the basis of
complete audio test systems
whether your business is
broadcast/communications, high
quality consumer equipment or

commercial voice
communications. Tektronix has
the answer...
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The manipulated man
Graham paul Wayne
THE 20th century system of
education serving the industrial
nations is founded on the need for
manpower to serve the factory- state.
The objectives of this institution are
to impart knowledge that will enable
its wards to fulfil this destiny, and
no more; educational value in the
current climate is measured by its
cost -effectiveness. To achieve this
end, the subject matter is slanted like
bad journalism in an attempt to
manipulate the human potential,
readying it for annexation to the
mighty machine. Human values are
ascribed the functions of the very
machine meant to serve mankind;
robot reliability, clockwork performance, routines without deviation -those aspects of machine
operation that it cannot do for itself.
Like the educational system that
engenders it, society corrupts its
youth by demeaning the human
spirit on which it is founded.
Industrial Psychology, as purported by Gerald Paul Hodgkinson in
his article of the same title (Studio
Sound, September, 1983) is a tool
for the furtherance of that spiritless
process.
As with many experts, the sub language of their discipline gives rise
to wordy confusion in which the
simple is defined by the complex.
From this 'complex complex' the
psychologist draws generalities by
which he makes his knowledge
useful, but in this case those rules
form the bristle of a broom with
which he would sweep under the mat
those undesirable vagaries of human
nature he seeks to suppress in the
name of efficiency, the aspect of
human nature I call Individuality.
We all learn, work and play at
different times and in different
ways. Some people display talents
that are unique to them and vary
greatly in the way they apply their
expertise. The studio engineer is a
case in point. Only this individuality
makes the meld between a certain
engineer and producer, or engineer
and artist, possible.
By regarding man and machine as
one unit, as in GPH's man -machine
model, mechanical thinking must
prevail, for a study is only possible
given certain constants; those of
machine predictability. To make
sense of the model, man must be
subject to the same rules of function
as the machine in order that a
generality may be inferred: given a
machine of x design and a man of y
design ( ?), z will occur. Man is
asked, if he's lucky, to sacrifice his
human -ness to the abstractions of
industrial psychologists.
To assess an individual applying
for a post demands the insight of
another individual of equal experi60

Gerard Paul Hodgkinson's article in the September
1983 issue, which applied conventional industrial
psychology to the training of studio balance
engineers, aroused a fair amount of comment, much
of which centred around possible dangers of applying
objective, `scientific' techniques to training for what
was essentially an artistic, `subjective' field. The high
technology of the recording studio represents a set of
tools, it has been argued, which are used in the same
way as any other craftsperson uses tools -to create
an individual, artistic work. From this point of view
the integration of the `operator' with the `machine'
represents a dangerous dehumanising influence
which, if adopted, would seriously damage the act of
creation of recorded sound. In this critique, Graham
paul Wayne discusses
the requirement for
individuality in the recording studio, and a system of
training which, while not disregarding the need for
formalised tuition where applicable, rests primarily
on `training by example', the traditional method by
which craftspeople learn, and the traditional method
by which studio engineers have learned their art.
ence at least, who will make a
decision based on subjective reactions to the person, data about that

person and knowledge of the job
entailed. To lose faith in one's
judgement and substitute a set of
models as the new criteria for
selection is a foolish move when the
models will only serve to screen out
the wheat in favour of the chaff.
Neither can training be subject to
this formalisation for people learn at
dissimilar speeds and in differing
orders, given the opportunity. That
they learn well should be the main
objective. No amount of training
will ensure the recipient becomes a
good sound engineer, or anything
else for that matter. Heart, love of
the work, care and respect for ones
own standard of performance; these
are the deciding factors in the
acquisition of high standards. Many
prospectives have their illusions
rudely shattered when subjected to
the unglamorous routines and
tediums of studio life.
Conversely, I have no doubt that a
few dodgy -looking lads have become
fine and dedicated practitioners of
the art. Some far-seeing and

presumably mystically -inclined
studio manager had to give them a
chance. Our psychologist wouldn't.
Of course there are indifferent
studio engineers and always will be
no matter how they are trained. But
if we are to consider improving the
method of passing on this information where should our priorities
lie; towards efficiency, and
consistency between batches like our
conveyor-belt schooling of children,
or to promote the individual
exercising of creativity, choice and
responsibility? And is it possible to
design a training scheme that will
encompass the huge diversity of
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product and work environments that
the trainee may encounter? These
problems point towards 'on -site'
instruction where the practice of the
craft is made relevant by actual
product, not hypothetical ones.
However, GPH has little apparent
regard for the informal teaching
process. He bemoans the 'subjective
and unsystematic manner' in which
trainees are enlightened. Would he
then recommend a thorough restructuring of our subjective, unsystematic industry and its varying,
various products towards some
mass-produced constant, in order to
apply his industrial psychology to it?
Some of us like the excitement of a
fast-developing industry where
change and growth are the constants
to which we are committed. New
technology is the catalyst for much
of this growth. If GPH and his
fellows seek to restrain this energy
by generalising it into immobility
and analysing it into impotence they
have failed to see that the key figure
in this revolution is the one to whom
the rules are inapplicable: the
Individual. Mr Normal may use new
technology but Mr Individual will be
the one to discover new ways to
apply it to the life he leads in order
that it be more satisfying to him,
more creative. One is conditioned to
suppress his individuality, the other
trained to exploit it. GPH's 'training
regimes' produce what his
terminology so tellingly implies:
regimented results, regimented
minds, regimented progress, if
indeed there could be such a thing.
Here by way of example, the typical
BBC sound engineer of 10 years ago
springs to mind; all technique and
no compassion for change.
My final comments concern the
teaching of skills by craftsmen as

opposed to professional pedagogues
following a formal syllabus.
`Skills are handed down by way of
tradition,' sneers GPH. In doing so
he seems to discount the value of all
our 'pre- psychology' culture, produced by artists and craftsmen
trained exclusively in this fashion.
They followed their traditions;
reliable guides, for they evolve by
continually sifting together the grain
of method and the seed of invention
from generation to generation.
Traditions are the fruit of
common sense, but they require
another ingredient to sustain them
and keep them alive: love of the
craft. This is the vital force that a
trainee can assimilate by close
observation of a craftsman at his
work.
No contradictions exist. The
bored teacher sets a boring example,
no matter how much theory he may
belabour us with. The student must
have the vital example. He must
witness change, growth and enquiry
on the part of his teacher in order to
understand fully that the learning of
a man does not stop at school leaving age but continues through
the course of his life, a part of the
process of growing as a person. The
engineer who learns these lessons is
one whose work we will probably
respect, setting the standard for
those who follow. Those who have
already blazed a trail may tell you of
an engineer's work that they admire,
who they emulated or learned from.
They learned, as do all the monkey
family -by example. One way then
to improve the skills of young
engineers would be to expose them
to examples of differing styles of
approach, in different studios,
making the range of possibility clear
and consequently exciting. Perhaps
an exchange scheme, of tape-ops
between studios, would promote a

better standard

and

lead to

improved communication between
trainees and those with valuable
information to pass on.

Without stepping into the
quicksand which surrounds those

arguments

concerning

any

measurement of an abstract product
such as recorded music, I hope this
article may offer some pertinent
observations about the characteristics of a good studio engineer, and
some comments regarding how not
to train one. To care for one's craft
is the most important attribute a
trainee can display, for that is the
essential motivation to learn and
improve. Caring is not subject to the
definitions or measurements of
industrial psychology and it seems
unlikely that such tools can ever
serve the recording studio industry
to any great extent.

THE INIMITABLE SYNCHRONISER
you're thinking of setting up an audio post
production suite, you should be putting Q.LOCK as
the heart of the system. Q.LOCK's control of
video, audio or film machines allows the
engineer to concentrate on the performance,
not on the equipment. Easy to operate,
with interfaces to virtually all tape
transports, Q.LOCK can handle all the
routine tasks of machine control,
and offer precise
synchronisation.
If
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The experience of
hundreds of Q.LOCK users has
led to specialist +software control
packages for applications such as
Video Audio Post Production (VAPP),
Sound Effects Assembly (SFX) and Automatic
Dialogue Replacement (ADR), whilst the new
Options control software permits the operator to
configure operational routines to his own requirement through the Q.LOCK control keyboard. Containing
its o
multistandard timecode generator, readers, auto locato functions, automatic record functions, and supplied
complete with the necessary interfaces, interconnecting
cables and connectors, Q.LOCK is the complete control
synchronising system.
We want to discuss your requirements.
Contact us for further details of how Q.LOCK can help you.
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gital

Everything in professional audio has its problems, and
digital audio is no exception. Because digital audio is
new and imperfectly understood by many of us, and
because some manufacturers and users feel
threatened by this new technology, a lot of nonsense
is being said and written about it. This article is
intended to help clear away some of the mystery and
misconception which still surround this new, exciting
and challenging technology.
Keith Armstrong was a section leader of Neve's
Digital Console Project, responsible for Analogue and
Conversion systems, until he left to join Audix in
March 1983.

Keith Armstrong

C. Eng, BSc (Hons) MIEE, MAES

pogo

D
pi*

On*

SEVERAL references are given
at the end of this article for those
who are inclined to pursue the
subjects raised in more detail. Barry
Blesser's masterwork
(Ref
1)
published in 1978 is still the major
contribution. Re- reading it recently,
I find little to amend even in the light
of all the R & D that has taken place
since its publication. However, I do
not intend to go into detail here.
Having experienced most of th'e
problems of digital audio at first or
second hand (courtesy of my
colleagues) I shall leave maths to one
side and discuss them in practical
terms, concentrating on how they
sound and measure.

Converters
Converting the real -world (analogue) signals we all know and love
into strings of digital numbers and
back again is a tricky business.
Despite the best efforts of many
major
companies
professional
quality analogue to digital converters (ADCs) and digital to analogue
converters (DACs) are few and far
between. Burr -Brown may be
recommended for ADCs and DACs,
Hybrid Systems for DACs, with one
or two companies such as Analog
Devices and Analogic coming on
well. I reserve judgement on the
converters used in the various
Compact Disc systems until I can
evaluate them properly.
Converters are a real rat's nest of
problems but these are solvable at
reasonable cost, as described below.
Quantisation and dither

C/!
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Digital coding systems have limited
resolution. In the linear -coded system that is the current professional
standard the number of digital bits
used is a figure of merit, resolution
increasing by 6 dB for each bit
added, giving us a theoretical
resolution
of
96 dB
(below
maximum level) for a 16 -bit system.
The implications of this for the
dynamic range are discussed later.
Looking at a waveform which has
been through' a basic ADC -DAC

combination we see that it looks as if
it is made of Lego bricks, as
everthing is a series of staircases of
varying slope. Of course, the postconversion
('reconstruction' or
'anti- imaging') filter smooths away
these tiny transitions but that does
not stop them from being a nuisance
at low signal levels, where the
relative sizes of the quantisation
levels (the Lego bricks) are more
significant. In practical terms this
means that distortion is very good
for maximum level signals (0 dB)
but increases rapidly as the level
approaches - 96 dB at which point
the signal is turned into a perfect
square -wave with a terrible sound.
Below - 96 dB the signal is ignored
completely!
Luckily, the 7th Cavalry is on
hand, in the shape of 'dither', to
rescue us. Dithering means adding a
small uncertainty, and in audio we
use about 0.5 of an LSB of white
noise or of a square -wave at half the
sampling clock rate, or a mixture of
both added to the signal before the
ADC or its preceding filter. The
popular misconception here is that
dither is only a masking effect, but
this is not true. Dither, properly
applied, allows the system to handle
signals which are even below
- 96 dB with low harmonic distortion. Blesser (Ref 1) describes this on
pages 744 -745 and an even more
comprehensive analysis can be
found in reference 2.
An undithered conversion system
used on a piano recording with the
program level attenuated to - 70 dB
below system maximum sounds as if
it has had a combined fuzz-box and
axe job done on it! With white noise
dithering it is transformed into real
piano, complete with all the nuances
of ambience which must be
somewhere around -110 dB, plus
white noise. With half-clock dither
the background noise level is
diminished, but is less white sounding, and once again the very
quiet piano is reproduced in full
detail.
Dither is essential in any

professional ADC, whether it is part
of a tape recorder or a console. Use
the attenuated piano test to check it
out.
Quantisation errors
If all the Lego bricks we used to
build our 'digital waveforms' were
equal in height then dither would
work perfectly.
Unfortunately,
quantising
levels
vary
can
dramatically in their steps: a
converter is called monotonic when
its differential non- linearity is no
more than ±0.5 of an LSB. This is
considered a good converter, even
though some of its steps are close to
being no steps at all, and others are
almost twice as big as they should
be! A favourite converter trick is to
introduce quite major quantising
errors when the digital codes exhibit
dramatic changes, for example the
change
0111111111111111
to
1000000000000000 is about as major
as can be and often puts a large error
in the quantisation right where it is
least wanted, at 0 V. A popular
technique
to
overcome
this
particular error is to offset the
analogue audio into the converter by
a small DC voltage so the error is
only excited by largish signals and is
thus less obtrusive (Ref I, p.757).
Purchasing good converters is the
only answer. The dither level is then
set to that which gives the best
compromise overall. The relevant
figure of merit in this case is usually
the monotonicity of the converter
expressed as an equivalent number
of bits and should be found on the
manufacturer's data sheet. A good
16 -bit linear converter would be
monotonic to 16 bits. Some
manufacturers
actually
quote
quantising error in terms of
differential non -linearity but beware
of those who merely quote non linearity because this is a different
animal (see below) and sounds
different too.
The quantisation errors of the
converters in a system show up in the
sound as modulation noise, which is
of course only there when the signal
is and is not measured by the usual
no- signal tests. This noise is not as
subjectively annoying as steady
background noise because it tends to
be masked more by the signal
producing it. Mr Gilchrist and his
colleagues at the BBC have been
measuring modulation noise in
converters using a modified 30 Hz
distortion test setup (see Fig 1) in
which virtually all the distortion
products are removed by a 300 Hz
high -pass filter leaving only the
modulation noise to be measured
(Ref 3). This straightforward
technique is effective and correlates
well
with
normal
noise
measurements. Using this method I
have measured a supposedly pro quality system to have a modulated
signal to noise ratio of only 40 dB!
Although
were
there
some
reservations about the sound, it was
a lot better than one would expect
from that measurement.
So use this test to check that the
converters you are purchasing are as

we can mix 256 coherent
maximum -level
16 -bit
signals
together without clipping. Try
designing an analogue mix circuit
with this sort of capability at a
reasonable price! Similar arguments
apply to other types of processing
although the cost of all the extra bits
may mount up considerably.
So it is clear that digital audio
processing promises to enhance
quality and ease of use, rather than
restrict it. This is especially clear
when the fact that the trend in digital
signal processing ICs is towards
32 -bit arithmetic (...192 dB!) is
taken into account.

bits
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good as they are supposed to be as carefully even if it is chock -full of
Wraparound and clipping
far as quantisation errors are expensive modules or ICs.
Digital circuits try harder than
concerned.
Dynamic range
analogue ones: when you drive them
past their maximum level (ie
Linearity
Of converters
Like monotonicity, this is a slope It is a popular misconception that number) they go back to the beginproblem but is less concerned with 16 -bit digital audio using linear ning and start again, unlike anathe control of Lego brick sizes than PCM has a dynamic range of 96 dB. logue circuits which just clip and go
it is with the overall transfer In practice, taking into account all no further. Unfortunately, going
characteristic on the large- scale. the sources of noise and employing back to the beginning and starting
Thus it is comparable with analogue dither, a 90 dB range (noise to clip) again, known as wraparound,
linearity and produces the same sort is the state -of-the -art (although the sounds much, much worse than
of distortions. There is nothing for it system will resolve signals below the clipping! Wraparound is thus to be
but to use quality converters, but at least significant bit due to the prevented if at all reasonable.
least any resulting distortions sound dither). This is better than analogue
like analogue and are more pleasant tape or disc and accounts for the In the ADC
sales of digital mastering machines There are two areas susceptible to
than most digital errors.
and Compact Disc, however it is wraparound: the ADC and any proSampling
insufficient for the uncontrolled cessing. The ADC can be dealt with
Part of every successful ADC will signals present at the inputs of an by previously clipping the analogue
be a sampling circuit known as a audio console. We need to be able to signal, but this must be done prior to
sample /hold or a track /hold, and convert signals with a dynamic range the pre-conversion filter (or 'anti DACs will use a similar circuit for of 110 dB or so (noise to clip) in alias' filter) if interesting non different reasons often referred to as order to have digital audio consoles harmonic 'aliases' are not to be
which perform as well as current introduced by the high frequencies
a deglitcher.
It is no understatement to say that analogue ones. The problem is all in produced by the clipping (Ref 1,
these circuits are probably the most the ADCs: 16 -bit ones with pro p.757). In turn this means that the
critical to the performance of the quality are not exactly cheap at clipping level must be somewhat less
overall system, and their design is an present; 18- or 20-bit ones are a than the ADC wraparound level to
art in itself. In order to achieve dream. Once into digits we can add allow for the overshoot in the pre (see
Filter
filter
professional quality the sampling as many bits as we like to preserve conversion
clock (48 kHz or 44.1 kHz) should headroom, noise floor, etc, in our squarewave response) and this helps
have a jitter of less than 5 ns (Ref 1, equalisers, mixers and other proces- to reduce the available dynamic
pp. 759 -60) and the actual sampling sors, but that first conversion is a range (noise to clip) of a 16 -bit ADC
time should not vary (due to signal stumbling block -90 dB is not a to 90 dB. However, there is no real
level, for example) from this by very good specification for the out- problem here.
Dielectric put range of a console, either.
more than
200 ps.
The solution of this is left, as they In the processing
absorption in the capacitors used is
so critical that only polypropylenes say, as an exercise for the reader. In the digital domain, processing
There are a few schemes available, often results in signals having a lot
or polystyrenes will do.
Poor sampling-circuit performan- of varying merit, whether and how more than 16 bits, but if enough bits
ces result in distortion figures which they are implemented and licensed have not been allowed for all corn rise dramatically above kHz, and will really sort out the men from the binations of signals and controls,
excessive HF garbage. Careful boys in the digital audio console then wraparound is a possibility
and it sounds awful. One solution is
design is all that is necessary to business.
to employ a clever routine that
overcome this.
clamps the digital numbers and stops
Of digital processing
Another popular misconception is them from wrapping around. This is
Layout
The
layout
and that digital consoles are stuck with fine, except that because it occurs
physical
arrangement of earths, decoupling their '96 dB' when they come to do within the sampled system, it promixing, duces aliases which are not harmonias
and screens make all the difference processing
such
between a conversion system that equalising or whatever. In fact cally related to the signal. In pracworks and one that doesn't. The (mentioned above) once we have the tice, all this means is that clipping
solutions to all the problems signal in digital form all the sounds rougher when it occurs in the
mentioned so far can be set to zero techniques of the computer designer digits than one is used to in
by lack of attention to the PCB become available, and we can add as analogue, but there is not a lot in it
itself. With analogue circuits, high many bits as is necessary to preserve and it is far preferable to wrapsamplers
and
digital our signals. An analogue mixing around.
speed
electronics all intimately connected, circuit of any merit will have a
there are endless possibilities for dynamic range of 110 dB at least, so Filters
errors to be introduced that show up a 20 -bit digital mixing bus will Every pro -audio digital system will
as excessive noise or distortion.
give us comparable performance involve two amazing filters: a pre As with all things, the proof of the (approximately 120 dB). But in the conversion one (often called 'anti pudding is in the eating. In this case digital domain we can add more bits alias') before the ADC; and a post 64
listen to and measure the system to our mix bus: if we add another 4
1

-
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Digital
misconceptions
conversion one (`reconstruction' or
`anti -image') after the DAC. These
filters will almost always be elliptical
types of around 10th order with
'brick wall' responses, and their
design and implementation is not
trivial at all!

FIG2
DISTORTION PERFORMANCE OF INCORRECTLY
DESIGNED BRICKWALL FILTER

-3

TX%

1.

m

Frequency response
The first common complaint that
relates specifically to the filters is
that a 20 kHz audio bandwidth is
just not enough! My experience so
far (and Ref 4) indicates that it is, in
fact, good enough providing that the
problems described below are dealt
with as indicated. I suspect that
many of the experiments that have
been performed have not used
optimal filters and so what was
found objectionable was not, in
fact, related to the frequency
response but was caused by time
smearing and /or distortion. I have
yet to find anyone who could hear
whether optimal 20 kHz filters were
in or out of circuit.
In -band frequency response ripple
is another phenomenon of steep
filters. I have little reliable data on
the audible effects of this and
suggest that + / 0.2 dB overall
ripple for a system is inaudible and
readily achieved.
Time -smear
The phase response of a straightforward brickwall filter suitable for
digital pro -audio is a fearsome
thing! It is easier to get a handle on
(and related more closely to subjective effects) if it is described in terms
of group delay. A fixed group delay
of, say, 50 Ns is neither here nor there
-you just have to wait that much
longer to hear the sound. What is
important is any group delay distortion. If the delay varies with frequency (or any other parameter)
then some frequency components of
the sound will appear at your ears
earlier or later than the other frequencies that they started off in synchronism with: this is called time smear (Ref. 1, pp.758 -759) for
obvious reasons. It is not unknown
for the kind of filters required for
digital audio to have group delay
distortions approaching 1 ms on a
nominal delay of 50 fis. This produces time -smearing which is sometimes noticeable on such sounds as
piano transients. The cure for this is
to fit a delay -equalising circuit,
which is an all -pass phase shift network tailored to the filter in question
so that the response of the combined
circuit exhibits trivial delay distortion. Of course it costs more and
takes longer to design, but there is
no physical reason why time -smear
should be audible.
Once this is taken care of the
measured phase shifts will indeed be
large, but will be consistent with a
distortionless group delay (i.e. linear
phase) and therefore of no impor64
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FIG3
TYPICAL APPEARANCE OF 3 kHz SC:UAREWAVE AFTER PASSING
AN IDEAL LINEAR - PHASE 20 kHz BRICKWALL FILTER
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tance as long as they are within
certain relative interchannel tolerances, long familiar to designers and
specifiers of consoles with many
transformers in the signal path.

Distortion
Elliptical filters of high order
required for brickwall response
consist of multiple poles and zeros
all arranged in a very clever way.
Unless care is taken too many zeros
could be upstream of the poles and
cause premature clipping of the
higher audio frequencies. The
trouble is that the following poles
roll the clipped products off so
sharply that they never reach the
output of the filter! Thus we may
have a filter which meets its THD
specification but sounds lousy
we had invested in IMD equipment
we would have spotted it right away
because the distortion products
falling in band (just as they do with
real program) would not be filtered
out in the same way.
Fixing this potential problem is
generally quite easy for the filter
designer, once he realises what the
problem is. If you are only equipped
(as so many of us are) for THD
measurements alone you could
spend a long time wondering why
your system measures well but
sounds bad. However, there is a way
of using THD analysers to point to
this problem. A plot of THD against
frequency in the region 2 kHz to
12 kHz, in 1 kHz steps, will reveal
all. Tell -tale signs are THD that rises
steeply as 10 kHz is approached,
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-if

Fig 3) and this corresponds exactly
with what you can expect from a
pro -quality digital audio system
which sounds perfect.
We audio engineers are very much
the poor cousins of telecommunications engineers who, although they
may be dealing with 200 Hz
kHz
and several percent distortion
nevertheless use analysis equipment
worth tens of thousands of pounds.
Consequently we have had to make
do as best we can with simple tunednotch THD sets and short -cuts such
as squarewave tests. Squarewaves
can tell us a lot about transformers
and their phase correction, and a lot
about amplifiers slew-rate and
stability margins, providing that the
overall system is tolerably wide band
with gentle roll -off rates. They tell
us very little about digital audio
systems and it is probably best if you
don't look at them, because you may
be tempted to reject the system even
though it is, in fact, performing with
perfect fidelity (in its passband) and
sounds excellent.
The squarewave test is not a suitable shortcut to obtain an idea of the
overall quality of a digital audio
system.

falling sharply thereafter (see Fig 2).
Conventional quality assurance tests
at 1 kHz, 5 kHz, 10 kHz, 15 kHz
for example may totally fail to
notice this phenomenon, which
usually peaks sharply at just below
10 kHz.
Having identified the problem,
the solution is fairly straightforward
and need never cause trouble again.

Squarewave response
Don't bother to run a squarewave
test on a piece of digital audio
won't tell you much
equipment
at all. Likewise, don't reject the
equipment because its squarewave
response is much worse than you
for
would
tolerable
consider
analogue equipment.
The problem here is known as
Gibbs phenomenon and is caused by
the brickwall steepness of the conversion filters stripping off the
harmonics necessary for good
squarewaves with unprecedented
success. A perfect brickwall filter
with linear phase (ie no group delay
problems) and bags of stability
in hand will exhibit 9% overshoot.
It is easy to demonstrate to yourself how this occurs if you take
some graph paper and 10 minutes to
try and reconstruct a 3 kHz square
wave from the well -known formula:

-it

fo+ /3(3ío)+ /5(5fo)+ 1 /7(7fo)+
etc-but cutting off the expression
1

have shown that although digital
audio has its problems they are
mainly headaches for the design and
the acceptance engineers. Properly
engineered digital audio products
sound and measure as good or better
than analogue audio products in most
respects, with the exception of input
and output dynamic range where
digits give more than analogue tape
or disc but less than analogue consoles. The decision on which to buy
will thus centre on considerations of
cost, reliability, ease of maintenance, facilities, existing equipment and charisma. It is inevitable
that some early digital audio
products will have their sound problems; the careful manufacturer and
the careful customer will hopefully
take account of this article and will
never have problems of audio
quality.
I

HARMONIC

1

after 20 kHz (ie 5fo in this case)
because our filter will not allow
21 kHz or higher to pass. The result
will be a pretty poor -looking square wave with over -shoot and ripple (see
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my once in a blue moon
does a company with an
established track record, reject'
successful design principles and
start again from scratch.
Harrison have. The new 4 series
consoles offer a completely
new concept in console design

combining creativity with

advanced technology and deep
understanding of the music
business.
The major result of this
new concept is a range of mixing
consoles which give the studio
Harrison quality and features at
a price you associate with lesser
consoles.

For details of the range
of MR4 and TV4 Harrison Mixing
consoles contact:
F.W.O. Bauch Limited.

BE Harrison

FW.O. Bauch Limited
49 Theobald Street, Boreham Wood, Hertfordsiire WD6 4RZ
Telephone 01- 953 0091, Telex 27502

studiofile
The Garden, London
John Foxx was the original vocalist with
Ultravox and stayed with the band for two years
until March 1979, when he left and was succeeded by Midge Ure. His first subsequent solo
album was entitled The Garden on Metal
Beat- Virgin Records.
His recording studio, also called The Garden,
is now run on a commercial basis, though the
whole set up grew out of his own requirement for
recording facilities after leaving Ultravox.
Corinne Sumcock has managed the studio. and
been resident engineer since May '82 when John
started hiring out on a commercial basis.
Corinne and John generate the kind of
atmosphere that purely commercially oriented
studios seldom offer. Clients are made to feel
that the studio is there primarily for them to
make good recordings and secondly, to make
money. When Corinne is not engineering at the
studio, she delegates from a shortlist of highly
regarded freelancers. In essence, The Garden is a
very nice place to spend time. John's own
personal tastes have been reflected in the general
design and décor as the place has a light and
warm feel.
In fact, the studio has proved so popular (users
include Depeche Mode, BEF, Robin Lumley,
Mick Glossop, Mike Hedges and Daniel Miller)
that John has now been forced to buy a barn
'somewhere in England' to set up a new 24 -track
for his own use. He likes to record all year
round, recording almost twice the material he
releases. Also, he tends to arrange for musicians
to record somewhat spontaneously, only to find
that his studio is booked solid.
John set up the studio in conjunction with
freelance engineer Gareth Jones and studio
designer /acoustical consultant Andy Munro.
You may recall the mention of John Foxx's
name in the Studiofile on Jacob's studio in
Surrey in last October's issue. At the time John
had all the equipment he needed for a multitrack
studio but lacked somewhere to house it all. He
was undecided about his future plans, though he
had acquired the present Garden premises. The
studio is in the basement of a very individual
building situated on the corner of Holywell Lane
and Shoreditch High Street, to the east of the
City of London. Just look out for the distinctive
corner clock tower.
John acquired the building in partnership with
three friends and together they have turned the
one -time toy factory into a veritable creative
hothouse. Chris Gabrin has a complete filming
set -up which he uses to make promo videos for
bands including Culture Club, Peter Mackertich
takes photographs, while environmental sculptor
Dennis Masi sculpts rooms and John makes
music and has his studio in the basement.
When I visited The Garden, John explained
how initially, his equipment found its way down
to Andy Fernbach's Jacob's Studio down in
Surrey.
"I'd bought all this equipment and I was
waiting for this place to be finished. I wasn't sure
if I was going to start a studio or keep the
equipment for my own use and use this as a
rehearsal space or whatever. It was all kind of
fluid at the time.
"I heard about Andy's studio and he didn't
have very good equipment in there at the time.
So I thought I could leave my equipment down
there, use it when I wanted to and let Andy use it
for his studio if he wanted. So we did that for a
while and it worked out fine. I did an album

there."
John decided that in the long term he would
66
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want studio facilities nearer to London merely
from the geographic point of view. Travelling up
and down to Surrey would eat up too much time,
though he regards the arrangement with
Fernbach to have been a good one for all
concerned on a transitory basis.
"It helped Andy because at that time he
couldn't really afford to re -equip his studio so he
was in a funny situation. He really couldn't
charge the kind of rates that he needed to to
enable him to re- invest in better equipment."
To begin with The Garden was the title track
on his album. And the reason for using it for the
studio was well? "I couldn't think of another
name at the time."
Prior to being a toy factory for 60 years or so,
the building had been a fashion house and showroom since the end of the 19th century. As you
might expect, the building is solid and well
constructed. When John started the conversion
work he was loath to do away with the original
white tiled walls and parquet flooring: "Some of
the reflections were beautiful and we were
reluctant to change it."
However, he decided that some control of the
acoustical reflection was desirable and so he
brought in Andy Munro to do the business. John
decided to ask Andy to treat the main studio
room in such a way as to retain much of the
original acoustics while at the same time, making
them controllable. They were able to consider the
acoustic treatment first and foremost because the
building stands on a bed of clay, resulting in
virtually complete isolation from outside noise.
Much of the control in the main room is
achieved with Munro -designed floor -to- ceiling
acoustic screens. John has been almost stunned
by their effectiveness in allowing the creation of
isolation booths as well as particular acoustical
effects as and when required.
The complex consists of the control room, the
main studio room, a second room which houses
the Yamaha grand piano and the 'crypt', which
is the name they've given to what is essentially a
tiled tunnel under the pavement. This area is, of
course, highly reflective and can be used for
natural acoustical effects. Also the stairway
down to the studio has its own acoustics, so The
Garden can offer four different sets of natural
acoustical settings, each with variations. They
find these acoustics are ideal for a multitude of
recording techniques, including playing a dry or
direct injection recording through speakers to
add natural ambient effects. This can add a
whole new dimension to drum machines and

there are many other applications, most
obviously with synths.
The control room is relatively large with a
floor area of 40 m2 while the main studio's area
adds up to 65 m2.
On the subject of the design of the studio,
John enthuses about the input from Gareth
Jones and Andy Munro. He holds the opinion
that as far as studio designers and consultants are
concerned, Andy is the best. He also voiced his
appreciation of Gareth's efforts, particularly
with regard to the importance of choosing the
most suitable equipment and general layout.
At an early stage in the planning of the studio
John had wanted to equip the studio entirely
with English equipment but regrets that that was
not possible because of unavailability or
unsatisfactory specs. "I wanted to buy English
equipment for the whole studio but couldn't
because it didn't compare. I was pleased to be
able to buy the Amek desk which is English."
They did, however, manage to set up as a
transformerless studio. On this subject John
said, "I think it (The Garden) was probably the
first completely transformerless studio in the
UK. Air went transformerless about six months
after we got started but it was part of our design
concept right from the start. And it does seem to
work, it makes the sound a bit more punchy."
The monitor system consists of Eastlake
cabinets housing JBL bass units and TAD horn
drivers powered by HH V800 MOSFET power
amps through a Lindsey graphic EQ. Sound
processing equipment includes dbx 160
compressors,
Eventide
949
and
910
Harmonizers, a DeltaLab Acousticomputer, an
ADR Scamp rack with two compressors and four
expander-noise gates, two Roger Mayer noise
gates, MXR Hanger, Drawmer DS 201 noise
gates, ADR Panscan, Roland Chorus Echo,
Lexicon 224 digital reverb, one EMT 140 stereo
plate and an AMS DDL and pitch changer.
The console is an Amek 2500. Tape machines
are MCI JH24 multitrack, an MCI JHIO stereo
machine and two Revox B77s for the usual echo
and other support functions.
The studio piano is a Yamaha 6 ft 6 in grand.
The range of microphones includes Crown
PZM models, Neumann U47s and 1J89s, AKG
C451 and 414, D12 and D202 models, Shure SM7
models, Electro -Voice RE20 and Beyer 201
models.
Ralph Denyer
The Garden Studio,
1
Holywell Lane,
Shoreditch, London EC2. Tel: 01 -729 0638 and
01 -739 9927.
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Many options are available with the MXT -1200 - they
include pre or post fade balanced insertion points; a full
cue /remote start switching
system with two independent
external drive circuits for all
microphone channels to operate
on air lamps and loudspeaker
mute circuits; balanced independent channel outputs; PFL /AFL
options on faders and push
buttons. Auxiliary modules are
options on the MXT -1200 too -.
they include compressor /limiter,
oscillator /talkback and a selection of monitor modules, some
with monitor mixdown for 4 and
8 group systems.
For OB and mobile applications smaller venons of the
MXT -1200 contain an integral
mains power supply and an
external 24 volt d.c. input
facility. For permanent installations the MXT -1200 is designed
for 'drop through' mounting into
a working surface
the lower
sections of the timber side
cheeks and front buffer being
detachable.

-

To speed installation all

programme inputs and outputs.
which are balanced and floating,
are via XLR and multiway
connectors.

As a professional you
are more than anyone
aware of the need for
total comprehensive production facilities, a greater
efficiency in studio usage
with improved 'audio quality'. You also need to
specify equipment very
accurately in order to meet
your requirements.
To achieve that 'edge',
we at Audix have designed
the MXT -1200 to contain
most of the options and
flexibility you will need

-

the result is a remarkable
mixing system which can
be quickly assembled to
your design, from stock
at sensible manufacturing
costs.

-

In broadcasting it is
virtually impossible to

produce one typical mixing desk thats why we
designed the MXT-1200 in
either 2, 4 or 8 group
versions as well as radio
studio 'self -op' operator
annouce configurations.

-

You can choose from
range of 7 frame sizes
and 14 different modules
so that mixers from 4
inputs /2 outputs to 36
inputs /8 outputs can be
built up to suit your
applications and budgets.
a

-

The MXT -1200 can be

easily built up for announcer- operated studios combining stereo high level
input modules and optional wrap round free standing
consoles.

The MXT 1200
Designed to meet the
exacting needs of
the Broadcast industry
Audix Limited,
Wenden, Saffron Walden,
Essex CB114LG, England
Telephone: Saffron Walden
(0799) 40888
Telex: 817444
Cables: ' Audix Walden'

AUDIX

MXT -1200
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PROFESSIONALS

ltudiofil¢
EVTR, London
You'll find video facilities in more
and more studios these days, in case
you hadn't already noticed. Channel
4, home video, video promos -these
and other areas have opened up new
work in sound production.
EVTR, on the other hand, is
different. It's a video production
facility that's now getting into
audio -perhaps offering a new slant
on the term `recording studio'.
EVTR started off round the back
of Wells Street, where the company
helped to edit news stories for neighbouring ITN. The `E' in the name
stood for `Express'. EVTR has since
moved to Great Titchfield Street and
into a mixture of on-line and off-line
video editing and sound sweetening
work for TV, though compiling
news, features and sport for the
syndicated television news agency
UPITN forms a regular part of the
business.
As we started chatting about postproduction sound dubbing, my mind
wandered back to distant memories
of sprocketed 35 mm tape and
revolving prisms. It was then that I
noticed the MCI 24 -track and a
JH45 synchroniser from the same
company.
"We use a 24 -track synchronised
to a BVU video machine for postproducing TV soundtracks," engineer Chris Barton explained. "I
prefer to use 10% in spools because
you get a much quicker servo lock
on the smaller and less massive
spools. Compared to the 14 in
diameter jumbo reels, that is."
So who needs 24 tracks for
programmes like Channel 4's Kill or
Cure, training videos for Avon
Cosmetics and a number of commercials, all recent assignments for
EVTR? The answer is that the tracks
are used for two parts of the
programme on the one reel.
"Twelve of the tracks are used for
the first 30 min," said Chris,
"because after the line -up sequence
at the beginning, that's all the
10% in tapes will take. But then we
use the other 12 for the remainder of
the programme." This, I thought,
sounded like a `Sledgehammer
strikes Nut' type of story.
"There's very little track wastage
in practise," said Chris, "because
you've got the two original tracks
from the edited programme, and
don't forget that the timecode needs
two tracks -one for signal and one
as a guard band. So that's four for a
start, before you've begun to add the
extra sounds that you've used the
system for in the first place-like a
voiceover, music, effects, and
bounced premixes."
Surely there are enough tracks to
work on without needing to bounce,
I suggested.
"It's common to double up on
effects tracks," replied Chris, "and
you might want to bounce these over
68

as

in the
tricky joins
original
soundtrack caused by the picture
editing process." It all comes down
to the Ancient Law of the Balance
Engineer which states that you've
always got less tracks than you think
you have, I suppose.
"Then there are multilingual programmes like the training tape we
did for Avon" Chris continued,
"where several languages can be laid
side by side, with timecode and the
guide
original
English
track
recorded once only. This tape,
designed to show sales people how to
recruit doorbell- ringing agents, took
one day each to record seven
European languages in the overdub
room next to the control room, and
another day to mix the versions.
"We can either lay down separate
timecode tracks on the 24 -track for
each part of a programme, or use an
offset on the synchroniser," said
Chris, adding that EVTR uses a
modified BVU video machine to
read timecode (recorded on one of
the audio tracks) while winding, as
well as during normal playback.
"The two machines remain in lock
throughout, with the BVU driving
the system and providing a guide
copy of the pictures. If a client wants
to do several different things on a
job, as with shorts or commercials
for instance, different sections can
be distributed across the tape, all in
sync; which obviously saves time
and tape."
Chris Barton's opposite number
on the video side, Andy Thompson,
described how the sound and vision
are correlated both before and after
sound sweetening on the multitrack.
"We usually dub the original
soundtracks of the edited video
programme straight on to multitrack
with timecode," he said, "and
return it after sweetening. But we
could save a tape generation if sound
was
by
quality
paramount
`assembling' sound in the same way
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that a video tape is edited."
taking pride of place, alongside
For those of you blissfully another MCI '/a in.
unaware of the joys of video editing,
Effects and processors include a
`off -line' editing uses cassette copies UREI compressor /limiter, Eventide
(typically on '/a in BVU tape) of the Harmonizer, the Valley People's
original 1 in video tapes for making
editing decisions. A timecode related
list of edits is compiled on a floppy
disc (EVTR use a CMX 340 editor)
which is then taken with the original
tapes to the auto -assembling stage.
The auto -assemble equipment
ploughs through the list, dropping
all the scenes from each reel in turn
onto a master tape, and so building
up the finished sequence in the style
of a jigsaw puzzle. This process is
called `conforming'. As Andy
Thompson says, the sweetened
sound is dubbed back onto the final
edited programme; captions can be
added in the VT editing suite.
The advantage is that you only use
expensive 1 in machine time (in
other words work on -line) when
you've perfected the edits, not while
you're still trying to make up your
mind. By the time you read this
EVTR should have two more `C'
format machines to allow tapes to be
conformed in -house with the CMX
editor handling the whole operation.
EVTR has just installed a
computer -controlled rostrum camera for adding visuals and artwork
through the Grass Valley 1600 1 -X
vision mixer. This complements a
sophisticated
Chyron
caption
generator on the graphics side,
which like most things these days
uses a floppy -disk, in this case to
create typeface captions indistinguishable from artwork.
Back in the studiò control room, a
colour video monitor hangs above
the MCI JH600 desk, with another
smaller screen installed in the
overdub /voiceover room. But apart
from that, we're back in the world
of sound, with a curtained view of
the 56 m3 studio. It's a fairly
standard line -up with the 24 -track

Dyna -mite, and an Ursa Major
Space Station. Monitoring is on the
ubiquitous Tannoy Reds, with the
equally ubiquitous and inevitable
Auratone `tranny boxes' perched
lovingly on the top beam of the desk.
So far the studio has been used
mainly in association with video
work. The acclaimed title sequence
for Death of an Expert Witness for
example was shot in the studio,
models to
using miniaturised
dramatic effect. Just recently a
12 -part arts series for Channel 4
called Heads was picture- edited at
EVTR, with all the sound recorded
in the studio. Echo and the
Bunnymen's Italian tour was also
sound -and -picture edited for the
Beeb's Old Grey Whistle Test.
But it's also a sound studio in its
own right. Jazz player Slim Gaillard
popped in recently and EVTR is
even contemplating pressing an
album of music recorded by him
with jazz `giants' Johnny Griffin,
Kenny Clarke and Kai Winding.
This only awaits the response from
broadcast companies to a video
recording made at the same time.
Other projects include a classical
Brazilian guitarist, though Chris
Barton sees no reason why more
popular acts should not use the
studio. Paul Wells, who was
assistant chief engineer at CBS for
six years and installed most of the
sound studio, still records there.
As Chris pointed out, the video
and sound operations in TV
production follow each other rather
than happen at the same time -and
this gives EVTR a lot of scope for
much more work recording music.
Richard Dean
EVTR 21 Great Titchfield Street,
London, W1. Tel: 01- 631 4421.
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review/
Sony CY-24

digital tape splicer
Hugh Ford

PLICE editing digital tape recordings has its
1,0 own particular hazards for not only is the
digital tape very thin but good splices must be

70

TAPE

SUPPORTING

CUSHION B

if

disaster is to be avoided. The tape is
difficult to handle when using normal tape
splicing blocks in addition to which some splicing
blocks easily cause edge damage with thin tape.
Further, whilst with analogue recordings at
professional tape speeds a relatively large gap
even in a 90° splice will remain inaudible, this is
not the case with digital recordings.
Using digital machines, the tolerance to poor
splices depends to a large extent upon the
particular machine in use and its error correction
system. For instance, I have found the % in
Telefunken /Mitsubishi stereo machine far more
tolerant than the Sony PCM3224 24 -track
machine with its I/- in tape being very difficult to
handle using normal splicing blocks.
It is because of these difficulties that Sony
have developed the CY-24 digital tape splicer
which of course may be used equally well for
analogue tapes. The block handles both 1/4 in
and % in tape in the same way with separate
parallel slots for each tape width.
The splicer is based on an alloy plate 200 mm
long and 70 mm deep with 40 pm deep slots
across its width to accommodate the tap . The
profile of these slots is such that they do not
retain the tape like the 'Edita!!' block, in fact the
edges are slightly angled to form a 'V', the
bottom width of which is just on the nominal
maximum tape widths of 0.248 and 0.498 in.
Across the centre of the splicer is a 305 am slot
for cutting at 90° with a single edged razor blade,
the common width of which is 250 pm giving a
comfortable sliding fit. This is where the
similarity to other splicers ends.
A steel rod extends the full width of the rear of
the splicer to provide a hinge for four splicer
'arms' which fold across the splicer and locate
positively on to spring loaded ball bearings
recessed in the front of the splicer. Each of these
'arms' has a hard rubber end stop which rests on
the top near side of the block and foam rubber
pads which press on the surface of the tape in the
slots. The tape is thus positively held in the
splicing block at each side of the cutting slot by
one or two 'arms'.
The two outer 'arms' are fixed longitudinally
whilst the two inner 'arms' can slide on their
hinges IO mm longitudinally. The point of this is
that if the tape is located with the inner 'arms'
alone the edit point can be very accurately
aligned with the cutting slot by sliding the inner
'arms' along the length of the splicer.
In operation the edit point is located using the
made
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analogue track and marked, preferably using a
video type alcohol based marker as supplied with
the splicer, as this avoids tape damage which can
be caused if using a wax type marker. The tape is
then rough cut beyond the edit points and placed
oxide downwards in the splicing block with the
edit points aligned with the cutting slot and the
'arms' closed. If very accurate location of the
edit point is desired the tape can be moved using
the inner sliding 'arms'.
A single-sided razor blade is then used to
simultaneously cut both sections of tape at the
edit point after which one or both sets of arms
may be raised to remove the unwanted pieces of
tape.
The two tape ends are replaced in the splicer
and clamped by the sliding 'arms' in their central
position. The sliding 'arms' may be used to very
accurately butt up the tape ends, preferably clear
of the cutting slot. The tape can then be held in
place by either or both sets of 'arms' whilst the
joint is made with splicing tape. The latter should
preferably be 10 pm thick video splicing tape as it
is easier to handle than normal splicing tapes,
more flexible and less prone to stretching.
In use experiments with 20 pm thick recording

PIN

tape showed that it was very easy to make
excellent splices, so good in fact that the splices
were invisible to the naked eye without any
chance of accidental overlapping
fact such a
good butt splice that it could only be seen using a
x10 magnifying glass.
My only criticisms of this excellent splicer are
that sliding the moving 'arms' requires them to
be gripped at the front and back such that care is
needed not to touch the tape where it enters the
edges of the splicer. Whilst stick -on rubber pads
are provided as feet it would be nice if it had pre drilled holes for mounting on to a recorder.

-in

Conclusions
The development of this digital splicer
overcomes my criticism of the difficulty of
editing when using the Sony PCM -3224 VI in
24 -track machine.
Splice editing the very thin tape used on digital
audio machines can be very difficult with normal
splicers and I strongly recommend anyone involved in such editing to try this Sony
product
gives great confidence in a sound
splice without the possibility of accidental tape
damage.
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KLark Teknik DN 701

digital delay line
Hugh Ford

T

HE Klark -Teknik models 700 and 701
delay line only differ in their
maximum delay capabilities of 434 ms and 1.73 s
respectively. The units are general purpose high
quality digital delays in a configuration particularly suitable for sound reinforcement in view of
the single input and three outputs which can be
set to different delay times. As standard, the
input is electronically balanced but a balancing
transformer is available as an option at the time
of ordering. Also as standard, the outputs are
unbalanced but transformer outputs can be

retrofitted.
A successive approximation type A/D converter is used in the I5 -bit digital system, the input

and output filters being of the 7 -pole elliptical
type.
The unit is 19 inch rack mounting and U in
height. It has a silver alloy front panel with black
legends and the back and sides are formed from a
plated steel `U' section to which are attached the
top and bottom alloy covers.
The majority of the electronics are on a single,
very good quality, printed circuit board covering
the base with the front panel controls with some
electronics mounted on a separate board behind
the front panel. All components are clearly identified with some integrated circuits being
socketed to ease servicing. The general standard
of construction, component layout and overall
quality of all components is excellent.
At the front panel the power on/off pushbutton is on the left followed by a 4 -digit gas dis1
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MANUFACTURER'S SPECIFICATION
Delay range: 1,736 ms.

Minimal increment: 26.51.6.
Readout (ms): 4- digit.
Frequency response: 20 Hz to

-

1

(1

kHz at + 10 dBm).

15 kHz,

+0.5

dB.

Dynamic range: >85 dB (20 Hz to 20 kHz
unweighted).
Distortion: <0.01% total harmonic distortion
Input: electronically balanced.
Impedance: >47 W.
Level: 0 dBu to + 18 dBu.
Outputs: unbalanced (3 outputs).
Impedance: <70 0 (minimum load

impedance

600 0).
Level: 0 dBu to + 18 dBu (internally adjustable).
Power requirements: 110/120/220/240 V, 50/60 Hz.
Consumption: <20 VA.
Weight: 2.8 kg nett 3.5 kg shipping.
Dimensions (whd): 482 x 44 x 262 mm (19 x 134 x

101

channel up or down in 26.5 ps steps with the
display having ms resolution. The 26.5 µs steps
are speeded up if a button is held depressed for
more than 7 s.
Between the increment buttons a push switch
operated by poking an instrument through a hole
in the front panel inhibits the increment controls.
When this has been done the delay display successively switches through the three delay times
with A, B and C LEDs showing which is the
current output being displayed.
Proceeding to the right, five LEDs in vertical
array form the headroom indicator with calibrations at 0, - 3, - 5, -11 and - 16 dB. To the
right of this is the input sensitivity
potentiometer.
To the rear of the unit locking XLR
connectors form the audio input and three
outputs with mains power being applied via an
IEC connector with a nearby clearly identified
power fuse and voltage selector, the transformer
secondaries being protected by internal fuses.
The only remaining rear panel feature is a slide
switch for isolating the electronics from the
chassis ground to eliminate hum loops.

in).

Terminations: audio 3 -pin XLR power 3 -pin CEE.
Options: transformer balanced input /outputs.
Ltd,
Research
Klark- Teknik
Manufacturer:
Coppice Trading Estate, Kidderminster, Worcs
DY11 7HS, UK.
USA: Klark-Teknik Electronics Inc, 262A Eastern
Parkway, Farmingdale, NY 11735.

charge display of the delay time in milliseconds.
Successive pressing of a `select' button switches

the delay display between the three outputs with
three LEDs showing which delay is currently
selected.
Delay time setting is by means of two pushbuttons which increment the currently displayed

Input and outputs
The balanced input had an impedance of 93.5 kl
when operating balanced, or 46.5 kt when
operating unbalanced with a signal handling
capability of > +22 dBm and a maximum
sensitivity of 500 mV for 0 dB level indication.
74

AKG
acousDcs

In addition to the purity of sound
that an orchestral recording in a studio or
concert hall demands from a good
professional microphone, the AKG C422
stereo condenser microphone attains
those indefinable qualities called
ambience, imagery, presence.

G

422

Suspended at a
distance from the total
sound source, the C422
has the ability to make
concert recordings
come alive, searching out
the multiple tones and textures of the
music, the movement of strings in air, the
metallic sound of brass, the human voice.
Read the specification by all
means it's impressive enough. But it is
those unquantifiable qualities of
excellence that make the C422 unique.
May the source be with you!

-

SPACE INVADER
Specification includes Two double diaphragm CK 12 condenser capsules, one fixed, one
rotating through 180- for full stereo recording. 9 polar patterns,
selectable remotely with the S42E remote control
Sensitivity at 1000 Hz. 0.6 mV /pb = 6 rnV /Pa =64 5 dBV
Frequency range 20Hz -20kHz ± 2 5 dB from published curve

TO: AKG ACOUSTICS LTD.

191

THE VALE, LONDON W3 TEL 01- 749 2042 TELEX 28938

PLEASE SEND FULL DETAILS OF YOUR PROFESSIONAL MICROPHONES

NAME
ADDRESS
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TABLE

2 Maximum output to noise
Min gain
Measurement method

TABLE

1

Without transformers
With transformers

-1dB

-3dB

15.9 kz
15.6 kHz

16.6 kHz
16.2 kHz

FIG

-.
____

1.

KLARK TEKNIK DN 701
COMMON MODE REJECTION
-60dó

20

Hz

°

would certainly have liked to find far faster
indication of peaks.
I

Frequency response and noise
No pre- emphasis being used, the frequency
response is independent of level with the
response with and without output transformers
being shown in Fig 2 for 3 dB below maximum
level.

Table

shows how the high frequency roll off
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levels. The rise time of the level indicator was on
the slow side at 350 ms with a fall time of 400 ms
with the indication corresponding to peak levels.

Common mode rejection was satisfactory as
shown in Fig 1.
With or without the optional output transformers the maximum available output level was
+ 13 dB.7V into a high impedance with the
source impedance being 69 S2 without transformers or 17 St with transformers, the internal
output level control being of the full range type.
As supplied an output level of + 13.0 dB.7V
corresponded to full scale in the digital department which was 2.5 dB above the onset of illumination of 0 dB level indication with the lower
indications being within dB of their nominal
1

-95.2dB

22 Hz to 22 kHz RMS
A- weighted RMS
CCIR- weighted RMS
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Hz

500

2k

11MIMMINI
Hz

5k

- 89.0 dB

-86.0dB
-80.0dB
-94.0dB

-87.6dB

-80.8dB
-76.0dB
-87.8dB

varied slightly in the presence of output
transformers.
Noise in the output depended upon the input
gain setting under no signal conditions with
quantising noise appearing with low level signals.
This was measured in the presence of a 10 Hz
signal outside the noise measurement bandwidth
to ascertain the degree of noise increase in the
presence of signals.
There was mild breakthrough of tones from
the delay time display depending upon which
output it was monitoring. In the control inhibit
mode this led to cycling of the tone frequency.
Whilst these signals made no measurable difference in output noise they were audible at very
low levels (see Table 2).
Bearing in mind that this is a 15 -bit non companded system the noise performance is
good as might be predicted.

10k

20k

Distortion
Second and third harmonic distortion was
measured at 3 dB below clipping with and
without the optional transformer outputs and
found to be consistent at 0.01% in either case
rising to 0.03% 40 dB lower in level.
Similarly intermodulation distortion to the
CCIF twin tone method was good as shown in
Fig 3 for peaks 3 dB below clipping rising to
0.03% 40 dB lower in level.
Squarewave reproduction was as shown in
Fig 4 for a 1 kHz squarewave, the ringing arising
partly from the input anti -aliasing filter.

Summary
This Klark -Teknik delay unit is very well made
using first quality components with a sound
standard
of construction. Overall the
performance is very good resulting from the lack
of any form of companding and pre-emphasis
which in other units lead to noise breathing and
other effects.

zai

2

- 94.3 dB

Delay time
None of the aforementioned measurement were
affected in any way by the amount of delay in the
system. The actual delay time steps in 26.5 ¡as
increments with the display resolution being
1 ms, just prodding the setting buttons achieves
the minor increments. The actual measured delay
time for the maximum setting of 1,736 ms was
1,737.30 ms controlled by the internal crystal.
This has a nominal frequency of 4 MHz with the
actual frequency being 3.9991 MHz.

.C l
:
CO CC::::::

.:rWITH

With signal

-92.5dB
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KLARK TEKNIK DN 701
FREQUENCY RESPONSE WITH&WITHOUT OUTPUT TRANSFORMERS
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COMPLETE SERVICE AUDIO HIRE

01 -226 3377 TELEX: 268279 BRITRO G
BRITANNIA ROW PRODUCTIONS LTD 35 BRITANNIA ROW LONDON N1 8QH

The measure of success :::::
::::::
t%'hether you need to prove

or improve system ierformance
and auditorium response ... Klark-

l'el nil s ) \GO measures sound
lends t' ith almost laboratory
:(rural right across the audio
spectrum. The result is graphically
displayed on 30 LED col
exactly matching the frequencies
of the Series 300 equalisers.
Features of this outstanding
inst Inent include a clear 1,1':D
display. three memories, peak hold
t'
flan and built -in pink Ili isc
source.
I

L

For full rob

'111 round-off we also oiler
the R'I'60, an ittgeninuly
inexpensive plug -in unit that
convents the 1) \60 to a graphically
displayed r e%erheration analyser.
Specification includes:
Frequency response 1511z to
2=ktlz

Input sensitivity

Microphone, 120 (111sp1 to 50 (IBspI
Line, +20 (Rim to -50 diìm
Pink noise output Digitally
generated.

:::::
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The Klark -Teknik promise
bigger investment in
the future with:

-a

I. Greater R &.I) investment,

with

12% of all company
personnel directly involved in
new product de% clopmenl.
2. Consistent attention to
production economies for
professional performance at
'breakthrough' prices.
3. Effective 'Reliability Control'
during manufacture.

TEKmK
Ifriti,h designed, British made

er'I) \60 Analysers' brochure (amulet:
ON 60 REAL TIME SPECTRUM ANALYSER
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Manufactured by Klark- Teknik Research Limited
Coppice Trading Estate, Kidderminster Dl' 11 7HJ,
England. Telephone: 1056_) 741515 Telex: 339821

;

Klark -Teknik Electronics Inc.

262a Eastern Parkway, Farmingdale,
NV 11735, USA. Telephone: 1516) 249-3660

1..

Distributed in the UK by Autograph Sales Limited
Stable 11, British Rail Camden Depot, Chalk Farm Road.
London \W1 8AH. Telephone: 01-267 6677
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Lexicon model 97
Super Prime Time'
Hugh Ford
MANUFACTURER'S SPECIFICATION
General performance, controls and indicators
Frequency response: 20 Hz to 15 kHz, ±1 dB at x 1
delay sweep; 20 Hz to 20 kHz, ±3 dB at x 1 delay
sweep.
Total harmonic distortion plus noise: 0.03%
typical, 0.05% maximum below 5 kHz at x 1 clock
(XTAL clock); 0.37% maximum, 20 Hz to 15 kHz
at x 0.5 clock.
Dynamic range: better than 85 dB, 20 Hz to 20 kHz
noise bandwidth.
Delay range: 200 ps to 320 ms at full 20 kHz
bandwidth (standard), option 1 extends maximum
to 640 ms, option 2 extends maximum to 1.28
seconds.
Delay modulation: adjustable from none to a 3:1
sweep of delay time. LFO modulation rate is
adjustable from 0.05 Hz (20 seconds for full
sweep) to 500 Hz in two ranges.
LFO shape: continuous adjustment (blend) is
available between sinewave and envelope
functions, or between squarewave and envelope

functions.

Dynamic recirculation control: VCA control of
feedback makes possible long delay time due to
large
amounts
of
recirculation
without
undesirable layering or overlap.
Factory presets: 8 effects programs are permanently stored in memory (ROM) -basic flange,
resonant flange, doubling, trebling. chorus, slap
echo, moderate echo, echo with recirculation.
User storage: 32 effects programs can be stored in
non -volatile solid state memory (ni -cad battery
protected RAM), unlimited storage via standard
audio tape record /playback of memory contents.
Headroom indicator. 7 level LED display shows
input mix level (combined Main, Aux and
Recirculation) relative to maximum '0 dB' level in 6
steps.
Input mixer: slide controls for Main Input,
Auxiliary Input, 'A' Delay Feedback, 'B' Delay
Feedback, as well as a 6 dB /octave low pass filter
for feedback, adjustable from 600 Hz to 20 kHz

cutoff.
Output mixer slide controls for Main Input,
Auxiliary Input, 'A' Delay, 'B' Delay and Master

Output Level.
Overload indicator: red LED indicates Master
Output overload (which may be caused by any of
the Output Mix sliders).
VCO and LFO controls: rotary controls for Delay
Sweep, LFO Depth, Waveform Shape, and LFO
Rate; pushbuttons for Rate x 100, Sine/Square
Modulation, XTALNCO.
76
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Delay selection: rotary controls for Delay Taps 'A'
and 'B', with large amber 7- segment digital LED
time displays, Display factors both Delay Select
and Delay Sweep controls for accurate 3 -digit
resolution of overall delay time.
Register storage: pushbutton control of store and
recall.

Interface information
Input connectors: Main and Auxiliary Inputs:
XLR -3 female connectors in parallel with standard
tip -ring -sleeve 1/e in phone jacks.
Input impedance: >50 kt2 in parallel with 300 pF
for Main Input, >20 kit in parallel with 150 pF for
Aux Input. Both inputs may be used balanced or
unbalanced.
Input levels: 0 dBV to + 19 dBV (- 20 dBV to 0 dBV
with Gain switch on rear panel) for Main Input,
0 dBV to + 19 dBV for Auxiliary Input.
Output connectors: XLR -3 male in parallel with tipring- sleeve
in phone jack for Master Output,
1/4 in phone jacks for Input Mix,
Delay 'A' and
Delay 'B' outputs.
Output impedance: 200 ti balanced or unbalanced
for Master Output, 600 St unbalanced for Input Mix,
Delay 'A' and Delay 'B' outputs.
Output levels: + 22 dBV for Master Output when
driving balanced loads of 600 Sl or greater.
+ 16 dBV for Master Output when driving
unbalanced loads of 600 St or greater. + 16 dBV for
Input Mix, Delay 'A' and Delay 'B' outputs when
driving 2 lift loads or greater.
Input/output coupling: direct balanced electronic

/

(Main).
Remote connectors: 1/4 in phone jacks on rear
panel for Delay Sweep, Modulation Input,
Modulation (LFO) Output, Rate, Bypass, Infinite
Repeat, Register Step, Tape (store) input and Tape
(store) output.
Power: 100/120/220/240 V (switchable inside the
chassis), 50/60 Hz, 50 W maximum, Standard IEC
power connector and cord, Mains fused (11/4 in
domestic, 20 mm export), secondaries fused with
European 20 mm fuses; RFI power line filter is
standard (and all jack RFI filtered):
Backup power: Ni -Cad 3.6 V automatic recharging
(cells intended for continuous trickle charge).
Size: standard 19 in rack mount, 51/4 in high by
131/4 in deep (483 mm x 133 mm x 343 mm).
Weight: 17 lb (7.7 kg) net. 20 lb (9.1 kg) shipping.

Manufacturer: Lexicon Incorporated, 60 Turner
Street, Waltham, MA 02154, USA.
UK: FWO Bauch Limited, 49 Theobald Street,
Boreham Wood, Herts WD6 4RZ.

rTI he

Lexicon 'Super Prime Time' is a very
complex microprocessor controlled effects
unit containing eight dedicated programs. These
effects cover basic flanging, resonant flanging,
doubling, trebling, chorus effect, slap echo,
moderate echo and echo with feedback. In
addition to these effects which are stored in read
only memory, the unit has four banks of eight
registers which can store the users control
settings for selected effects. These 32 registers
have a battery backup such that their contents
are not lost when power is removed.
A further feature is that the contents of all or
some of the user's registers can be stored on tape
and subsequently recalled to the unit. In addition
to this basic feature for storing and recalling data

from tape, the stored data may be assigned a file
number between
and 88 with individual files
being recalled by number. Thus a library of
32 x 88 = 2,816 different lots of control settings
can be stored on a single tape which can be a
cassette or other media.
The internal audio routing within the unit is
rather complicated with Fig 1 showing the main
audio chain. Two balanced audio inputs are
provided, the main input and the auxiliary input,
the former having a switchable 20 dB extra gain
for operating with domestic signal levels. Both
inputs are fed to computer controlled attenuators
before being summed. From here the delayed
outputs are produced by first passing the signal
through an anti -aliasing filter before digitising
the signal, with the capability of adding an
analogue recirculation signal. The digitised audio
1

is then stored for a variable time before being
converted to analogue to provide two separate
delayed audio signals which can have different
delay times.
The original summed analogue signal from the
two inputs passes to two other routes. In the
bypass mode it is switched to the master output
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The secret to the
CU-41's remarkable

Wednesday 13
Thursday 14
Friday 15
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performance is as
unique double condenser capsule
design.
i

EXHIBITION OF
PROFESSIONAL
RECORDING EQUIPMENT

Apply now for Exhibition Space
Chestnut Avenue,
Chorleywood, Herts,
England WD3 4HA

23

Phone 09237 72907

PERFECT
TRANSPARENCY!
At last, a microphone that's good
enough for digital recording. And
super, of course,
for analogue.

Studio Effects Hire

01-708 0483

Sanken Microphone Co,

which for more than
half a century has been
famed in Japan for
creative excellence in
microphone technology, proudly announces
its latest and most excit-

ing breakthrough. It's the CU -41 two-way condenser
(cardioid) microphone, an astonishing instrument
that gives you perfect transparency: frequency
response is flat from 20 Hz to 20 kHz, inherent noise
level is less than 15 d B, and dynamic range is 119 d B.
The CU -41 is one of the first microphones in the
world that will allow you to realize the full potential of
digital audio recording. And it will also, of course,
give you truer analogue masters than you've ever
had before. For more information on a microphone
that could very well change your professional life,
write today to the address below.

sanen

Japan's most original microphone maker

Pan Communications, Inc.
Asakusa, Taito-ku, Tokyo 111, Japan

Sole export agent

24 Hour Service

5 -72 -6

Telex J27803 Hi Tech /telephone 03- 871 -1370
Telefax 03- 871 -0169/Cable Address PANCOMMJPN
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via a computer controlled attenuator, the master
output in the normal mode being derived from a
mix signal. The second feed is summed with the
delayed signals to form the unbalanced input mix
output. Reference to Fig 2 shows how the
delayed signal and the normal master output
signal are derived. The main, auxiliary and two
delayed signals are fed to computer controlled
attenuators with all except the auxiliary input
signal then being fed to computer controlled

phase inverters.
From these signals the master output is the
sum of the auxiliary, main and delayed signals
whilst the recirculation signal and the delayed
signal to the input mix output are the sum of the
two delayed signals after they have passed
through a computer controlled low pass filter
variable from 700 Hz to 20 kHz.
This is but the basic description of the complex
audio routing with all the front panel controls
feeding the computer section rather than being
conventional analogue controls.
Within the time delay section the 'Super Prime
Time' is not just a straightforward delay unit but
has various modulation facilities and external
control abilities. Fig 3 shows some of these
features which starting at the top left include
remote control of the bypass switching. Next
there is an infinite repeat function which simply
recirculates the stored audio (the stored time
depending upon the time settings) until infinity
repeat is released. The next function 'register
step' is particularly useful as it allows sequential
switching of the stored control settings from an
external device, be it a switch or a control pulse
to give a cue. Thus the unit can step sequentially
and automatically through 32 user control
settings.
The remainder of Fig 3 is devoted to
modulation effects with the modulation in and
modulation out connections allowing two or
more units to be ganged for stereo or other
purposes.
Timing within the unit relies on the master
clock in the form of the voltage controlled
oscillator with the switched option of a crystal
oscillator. Varying the master clock frequency
varies the delay time in a manner different from
changing the delay time control-the former
altering the overall time stored with the latter
changing the delay line 'taps'. Modulation of the
delay time can be controlled in a number of
manners with computer control of the switching.
Firstly manual control of the master clock is
possible internally or externally from a 0 to I O V
control signal with the depth control affecting
the mix of the manual delay control and the
other sources with the maximum range being
x 0.5 to x 1.5 with reference to the nominal
delay setting.
The second and third sources of modulation
are via the modulation in /out jacks. This source
is the sum of the output from an envelope
follower at the input to the A/D converter and a
manually controlled oscillator. The latter has a
frequency range from 0.05 Hz to 500 Hz in two
ranges with sine- or squarewave modulation.
The embodiment of the unit is a 19 in rack
mounting case three rack units in height with the
totally alloy case being fitted with removable
rack mounting ears. All controls are on the front
panel with all connections at the rear.
Conveniently the front panel layout may be
divided into four sections, input mix controls,
output mix controls, voltage controlled oscillator
controls and the digital section. To the far left of
80
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the panel a vertical array of one red, two yellow
and four green LEDs form the headroom
indicator with 6 dB increments. The pushbutton
power switch below this remotely operates the
switch at the rear of the unit.
Within the input mix section are five vertical
slider controls with the main input level control
being the only one that does not have its setting
digitally stored. The second control is the
auxiliary input level with two further controls
affecting the two delayed recirculation returns.
Above each of these a yellow LED is illuminated
when the returns are phase inverted. Finally the
fifth slider controls the frequency of the low pass
filter in the combined return input.
The following section containing a further five
vertical sliders control the output mix with a
master output level control following level
controls for the two delay outputs are direct
feeds from the auxiliary and master inputs. The
master and the two delay signals may be phase
inverted in which case yellow LEDs are
illuminated above the controls with the master
level control having a red overload LED.
Within the voltage controlled oscillator section
are four rotary potentiometers and four
momentary pushbutton switches. The potentiometers form the manual sweep, depth, shape and
frequency controls shown in Fig 3 with one
momentary switch switching the frequency range
to xl or x100. A second momentary switch
changes the oscillator output from a sinewave to
a squarewave with a third switch enabling the
crystal oscillator rather than the variable
oscillator. The fourth switch, all of which have
associated LED indicators, switches a voltage
controlled attenuator into the delay line return
feed enabling a dynamic recirculation mode
which effectively attenuates long decays in the
presence of an input signal but allows long
decays when the input signal ceases.
Within the digital section at the top two three digit fluorescent displays show the two A and B
output delay times in seconds or milliseconds
with potentiometers controlling the delay times.
The horizontal array of switches below this
selects registers from the 40 possible registers
which are divided into five banks each of eight
registers. Eight of the momentary buttons are
identified from one to eight for selecting registers
within a bank. A further switch with four
associated LED's labelled A, B, C and D selects
by successive presses, the four user banks A, B,
C or D with the pre -programmed bank being
selected by holding the bank button whilst
depressing a register button.

In the bottom right hand corner of the unit are
seven further momentary pushbuttons in groups
of three and four. In the group of three, one
starts the infinity hold function, a second puts
the unit in the bypass mode and the third inserts
the phase inverters in conjunction with the
register buttons which are used to select the
desired inverter. In the group of four buttons one
is a 'manual' button which places all controls in a
manual mode and disregards any automated
settings, this button also being used to escape
from certain conditions. Of the remaining three
buttons a 'clear' button is used in conjunction
with the register buttons to clear the contents of
registers with the remaining buttons being
associated with recording the contents of
registers on to tape, reloading and verifying tape.
The tape inputs and outputs can also be used for
cueing register changes. Having loaded the
desired effects the unit can output cue tones to
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tape when stored conditions are changed. Thus if
the cue tone output is fed to a multitrack master

Inputs and outputs
The balanced main input had an impedance of
100 kS2 in the balanced mode with a capability of
handling in excess of + 22 dBm with the
maximum gain to the master output in the bypass
mode being 17.7 dB or 37.8 dB in the normal
and high sensitivity settings respectively. The
similar
balanced auxiliary input had a
performance but with an input impedance of
39.5 kfì in the balanced mode. The satisfactory
common mode rejection of the two inputs is

whilst programme is being replayed, manual
changing of registers will record a cue tone. The
master tape may then be replayed into the tape
input resulting in automatic cueing of register
changes.

Various other functions are available as many
switches have more than one function including
internal test programming but these functions
are too complex to describe in this review.
To the rear of the unit XLR connectors in
parallel with tip, ring and sleeve jack sockets
form the main and auxiliary inputs and the
master output balanced connections with 13
VI in
jack sockets providing the other

shown in Fig 4.
At the balanced master output the unit could
deliver + 21.5 dB.7 V into a high impedance or
+20 dBm loaded into 600 S2 for the onset of
clipping from a source impedance of 98 51.
Similarly the in -mix output could deliver
+21.5 dB.7 V from an unbalanced source of
609 51 with the unbalanced delayed outputs
giving + 14 dB.7 V from a source impedance of
503 51 at I kHz. At the unbalanced tape
connections the tape output is ±1.5 V peak -topeak at a maximum frequency of 5 kHz from a
600 S2 source with the input having an adequately
high impedance in the order of 40 W.

connections, all unbalanced. In addition to these
there is the IEC mains power connector with a
nearby correctly identified power fuse. Four
further fuses within the unit protect the
transformer secondaries.
Within the unit there are three sections
interconnected by ribbon cables, the front panel
control section, the audio section and the
computer section, all three being very good
quality printed circuit boards with a very neat
layout and clear component identifications.
Furthermore all integrated circuits are socketed
for ease of servicing- overall an unusually well
made unit with excellent access for servicing.

.
«
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Frequency response
In the bypass mode the response from the main
and auxiliary inputs to the master output is
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IF YOUR BASS SO1JDS RUBBISH
TRY PUTTING IT IN OUR BIN.
Pictured above is the new 302 bass bin from Bose.
It features a two -port design with a lower tuning of
55 Hz and an upper band of 110 Hz. And it built to handle
a healthy 500 watts of programme material.
The 302 is specifically designed for use with the Bose

802 speakers.
As you can see from the photo on the right, it clips on
underneath the 802 to form a single stable unit.
And because the 302 has a built -in 180 Hz crossover,
it can be used in conjunction with the 802 -C System
Controller to provide either two -way passive operation or
full biamplification.
It is, of course, still possible to use the 802 speakers on
their own, simply by plugging in to the relevant socket.
All the hookups on the Controller, in fact, are designed
to be quick and easy to operate with clear wiring diagrams
and an LED display to tell you which hookup is in use.
As bass bins go, the Bose 302 is compact (23"x 311/2"x
16," to be exact) and weighs in at just 41 kg.

And since it is so simple to use the 302 in conjunction
with the existing speakers, it represents an economical and
extremely effective means of upgrading your sound system.
Especially if you don't want
to go to the trouble and expense
of starting all over again from
scratch.
For more details on the
new bass bin from Bose, just
drop in on your nearest dealer
or get in touch with Bose UK
at the address below.
It could improve your bass

-

"ME

beyond recognition.

PROFESSIONAL
BOSE (UK) Ltd., Trinity Trading Estate, Unit G2, Sittingboume, Kent ME10 2PD.
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Are you a perfectionist?

But until now, being a perfectionist hasn't been easy.
The use of an outboard equalizer has been associated with several
undesirable side effects, such as noise, loss of transients, and a lack of
"transparency ".
Now, you can get your hands on a parametric equalizer which is completely
free from these side effects - at less than the cost of three 2 "tapes.

Using new technology developed by t.c. electronic, the 1140 has achieved
technical specifications and a sound quality that leaves most studio equipment
behind.
Just take a look at the following:
Dynamic Range: 112dB
Dist. (THD): 0.015%
Freq. Resp.: 10 - 100,000 Hz +0 -1dB
Balanced input and output (XLR)
Also available: TC2240

-

4

band stereo model
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OF

2

band stereo model

DENMARK

Further information:
Canada
Erikson
(514) 731 7567
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Japan
Japan Music Supply, Inc. Rose Music Pty. Ltd.
03(329)8051 4
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U.S.A.

CB Music SRL

Music Technology. Inc.

(2)2895022

(516) 747.7890

U.K.
M.T.R.
(0923) 34050

Switzerland
Musikengros
061 983757

France
Phase Acoustic
(91) 49.87.28

Holland
Synton
Electronics 8. V.
03462.3499

W. Germany, Sweden

Norway & Denmark
t.c. electronic IIS
45 6 24 42 88
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to 20 kHz. Similarly intermodulation
distortion to the twin tone CCIF method was
below 0.0107o within the audio band rising
20 Hz

shown in Fig 5 to be flat within the audio band,
this applying at any gain settings.
The response of the delayed signals was found
to be independent of the delay time settings or
the effective clock frequency being flat as shown
in Fig 6 at low levels where the filters cut off at
20.22 kHz with a mild boost around 10 kHz. At
higher levels it appeared that pre- emphasis is
used at the delay section input with an acceptable
time constant in the order of 25 us -thus undue
high frequency levels require a reduction in gain,
the headroom indicator being post- emphasis.

slightly at higher frequencies and high levels.
Harmonic distortion in the delayed channel
depended very much upon level, being low at
high levels but decidedly high at low levels. These
effects are shown in Figs 7, 8 and 9 for the
maximum operating level and 20 dB increments
down -note the different vertical scale in Fig 9.
A similar situation exists with CCIF twin tone
intermodulation distortion which was very low in
the bypass mode but in the delayed mode
increased with falling operating level. Fig 10
shows the second and third order products at the
maximum operating level with Fig 11 showing

Distortion
In the bypass mode individual harmonic
distortion for the 2nd to 5th harmonics was less
than 0.0107o at any level below clipping from
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The superbly engineered range of Klotz
cables, are now available in England.
These cables combine excellent

electrical performance with remarkable
toughness, flexibility and ease of
preparation.
When quality and reliability are
essential specify Klotz.
For details and specification sheet call:
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KLOTZ CABLE DEALERS
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Don Larking Audio: 0582 450066
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the situation at 40 dB lower level.
The response to squarewaves was excellent in
the direct mode with no overshoot or ringing
with the delayed mode producing ringing of a
1 kHz squarewave as shown in Fig 12. In either
mode the response to tone bursts was without
faults with all forms of distortion remaining
constant irrespective of the time delay settings.
Noise
No signs of noise breathing or other noise
modulation effects were found with the
exception of movement of certain controls
producing some low level noise in the outputs in
the delay modes. Table 1 relates noise in the
master output to the maximum level in the
delayed modes. In this mode the excellent
performance is of course degraded with the input
gain differences being masked and noise
depending upon the selection of the crystal clock
or the variable clock as shown in Table 2.
In all conditions clock frequency components and
other discrete tones were at less than 300 1.1V in the
outputs with no other extraneous products being
present.
Other matters
The LED level metering was placed after preemphasis with a very fast peak reading capability
giving true peak readings in less than 5 is with a fall
time of 750 ms giving excellent readability.
Delay time indication was found to be accurate to
within the resolution of the display with the
maximum delay in the review sample of 1.28 s
actually being 1.28024 s in the crystal mode. This is
the maximum delay version with options being
640 ms or 320 ms. In the manual mode the
maximum range of x0.5 to x1.5 was found to be
correct with the internal low frequency oscillator
having the maximum range.
The levels to and from tape were such that a
cassette recorder or professional recorder could be
used either for storing data or for storing cues, the
stepping through registers working perfectly well
with a cassette recorder.
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TABLE 1-Noise versus max output bypass
Measurement method
Max Min input gain
2? Hz to 22 kHz RMS
97.0 dB
103.0 dB
A-weighted RMS
103.5 dB
107.0 dB
CCIR-weighted RMS
96.5 dB
99.0 dB
CCIR-weighted quasi-peak 91.0 dB
94.5 dB
CCIR-weighted ARM (2 kHz) 104.0 dB
106.0 dB
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The 'Super Prime Time' offers many advantages
over other delay systems as it does not suffer from
the difficulties in using CCD delay systems with their
common noise modulation defects. As with any
digital system low level signals can suffer
degradation, thus it is important to use the
maximum drive capabilities of the systemprovided this is done the subjective performance is
very good.
This unit is extremely well made and given
proper servicing data, it should be easy to service
with its good clear component layouts and
socketed integrated circuits.
Whilst the use of multiple function controls is
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Summary

common practice in calculators and many other
digital devices, the operation of this unit requires
considerable practice if all the available facilities
are to be used. Normal functions are clear from
the front panel but there is no clear indication of
the many special functions in view of the
multiple uses of some controls.
In terms of performance not only do the eight
inbuilt programs give a good variety of useful
effects but also the unit is very versatile and
capable of making and storing infinite number of
different effects.
In summary the 'Super Prime Time' offers a
superior performance compared with most
effects units and an enormous variety of
effects.
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Noise versus max output-delayed
Crystal
Variable
Measurement method
clock
clock
22 Hz to 22 kHz RMS
84.0 dB
86.0 dB
A-weighted RMS
89.5 dB
87.5 dB
CCIR-weighted RMS
82.5 dB
80.0 dB
CCIR-weighted quasi-peak 77.5 dB
74.0 dB
CCIR-weighted ARM (2 kHz) 89.5 dB
87.0 dB
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Manufactured to the highest standards, all our products are backed
a full 2 -year warranty and serviced direct from the factory. With
specifications that compare with competitive products, a complete
24 track system can be purchased for under £11,000 including
delivery and installation.
by

ACES (UK) Ltd.
Featherbed Lane
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Shrewsbury
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Tel: (0743) 66671
Telex: 35188 ACES G.
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U.S.A.
(716) 458 5610
France
(098) 680 742
Italy
(051) 321063
W. Germany
(06126) 2014
Switzerland
(061) 72 8972
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THE TC2240 equaliser

is one of a series of
equalisers
available
from TC
Electronic which have four overlapping sections
of parametric equalisation. The model 2240
reviewed here is a stereo version of the 1140 the
channels being identical, whilst the 1120 is a
simplified version of the 2240 stereo unit having
two channels with ganged controls.
All models are rack mounting units with the
2240 being 2 U in height and the others I U. The
alloy front panels are finished in black with clear
white identifications. Attached to the front panel
are plated steel sides and a steel back panel
carries all the connections.
Each channel occupies two printed circuit
boards, one containing the input /output
electronics and the other the equaliser sections.
With the exception of the mains power
components (including the mains transformer)
and the XLR connectors all components are
soldered directly to the printed circuit boards.
The layout of the controls and connections is
such that both channels are identical, one above
the other. To the left of the front panel are the
input /output sections with a red `channel on'
(not bypass) LED next to the input and output
level controls which have a calibrated range of
±20 dB and 0/ +6 dB respectively. There follow
`EQ match' potentiometers with a ±16 dB
nominal range for matching equaliser channels in
the non -bypassed mode and a biased spring
loaded bypass switch above which there are five
LEDs forming a level indicator. The biased
bypass switches operate in a press on, press off
mode and not as simple switches.
Proceeding to the right are the four equaliser
sections each with identical ±20 dB cut /boost
and variable bandwidth controls covering 0.1
octave to 2 octaves. The third control in each
section sets the frequency of the sections
covering 20 Hz to 200 Hz, 50 Hz to 500 Hz,
100 Hz to IO kHz and 200 Hz to 20 kHz. To the
rear all functions are clearly identified with the
power input being via an IEC connector with a
nearby 20 mm fuseholder.
Normal audio inputs are via balanced XLR
sockets with '/4 in jack connectors providing a
high sensitivity (+ 15 dB) unbalanced input.
Similarly the audio outputs are available at
balanced XLR plugs and unbalanced
in jacks.
Further jacks allow remote operation of the
bypass function by means of a switch.
No servicing information was provided nor
were there component identifications on the
boards which had all components soldered into
place. Access for servicing was however
reasonable.

three

Electronic TC 2240
parametric equaliser

TC

Hugh Ford

min, 80 dB typ; at 1 kHz 40 dB min, 60 dB typ.
Maximum input level: + 22 dBm.
30 to
Recommended nominal input level:
+ 10 dBm.
Input connections, low level: jack (phone-plug)
unbalanced.
Input impedance: 1 M4//68 pF.
Nominal gain: 15 dB.
Maximum input level: +6 dBm.
45 to
Recommended nominal input level:
-5 dBm.
XLR output, IEC standard: balanced or un-

MANUFACTURER'S SPECIFICATION
Dynamic range (all settings flat, except output
level control at 4 -5): 116 dB (120 dB bypass).
Signal to noise ratio (at 10 dB headroom): 106 dB
(110 dB bypass).

-

Distortion (THD): 0.015 %.

Frequency response at 0 dBm output level (all
settings flat except output at maximum): 10 Hz to
100 kHz, +0/ -1 dB; 6 Hz to 180 kHz, +0/ -3 dB.
Channel separation (at 1 kHz): 100 dB.
Function (equalisation) (measured at + 15 dB.
3 dB peak points, notches exact reciprocal of
20 dB nom, + 20 to
50 dB typ.
peaks): + 20 to
Bandwidth: 0.1 to 2 octaves.
Q value: 14 to 0.67.
Slope: 6 to 66 dB /octave.
Centre frequency control sweep range: 6.6
octaves.
Frequency ranges: band 1 -20 to 2,000 Hz; band
2 -50 to 5,000 Hz; band 3 -100 to 10,000 Hz; band

-

-

4

-200 to

-

balanced.
Output impedance (1% match): 50 0.
Maximum output level: RL = 10 k12, +27 dBm
(50 Vpp): R1 = 600 0, +21 dBm (25 Vpp).
Jack (phone-plug) output: unbalanced.
Output impedance: 50 R.
Maximum output level, RL = 10Iá2: +21 dBm
(25 Vpp).

Mains voltage: 200 to 240 or 100 to 120 V AC.
Power consumption: 5 W.
Dimensions (whd): 482 x 89 x 185 mm (19 x 3.5

20,000 Hz.

Parametric sections overlap: 5.6 octaves.
Overload indicators (headroom at 'glow' point):
6

x 7.3 in).

dB.

FIG 1.
TC ELECTRONIC 2240
COMMON MODE
REJECTION RATIO

::::
:::

l0dB

60dB

-

Weight: 3.5 kg.
Manufacturer: TC Electronic, Dalbovej 2, DK8210
Aarhus V, Denmark.
UK: M'TR Ltd, Ford House. 58 Cross Road, Bushey,
Herts WD1 4DQ.

Input connections, high level: XLR with lock.
Input impedance: 20 kOt, balanced or unbalanced.
Nominal gain: 0 or -6 dB.
Total available gain: 20 dB.
Common mode rejection ratio: 50 to 100 Hz, 60 dB
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Inputs and outputs
The balanced inputs at the XLR connectors were
found to have an impedance of 20 k12
irrespective of gain settings with a maximum
signal handling capability in excess of + 22 dBm.
At the unbalanced jack connectors the input
impedance was 550 k12 in parallel with 530 pF
with the maximum input level being +7 dBm.
Gain to the balanced output with the gain
controls centred was -6 dB for the balanced
input or +9.5 dB for the unbalanced input and
the common mode rejection for the two channels
is shown in Fig 1.
Turning to the gain controls, the output level
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review/
control was of the full range type with the input
gain control having a ±20 dB range about the
centre position. Similarly the equalisation match
control had a ±16 dB range about the bypass
mode.
At the balanced output the unit could deliver
+28.7 dB.7 V into a high impedance or
+26.6 dBm into 600 S2 with the unbalanced
output having an identical performance both
with a source impedance of 50 R.
Remote switching of equalisation in /out
FIG 2.
TC ELECTRONIC

2240

requires a momentary contact with the source
being 13.9 V DC from a 49 kS2 impedance.
Frequency response

The frequency response from the balanced input
to the balanced output is shown in Fig 2 for the
bypass condition and for the equalisation in
condition with all controls in their flat position.
The limits of +0/ -0.2 dB in the bypass mode
are good from 20 Hz to 20 kHz with the limits of

.u

90

....
C::::
I
::::.rFLAT

..:
.i::m.u.
m ii:
CC....====.CC::::C::'.:
==CC:...
=m:::
mm. . G=C:_::
CM::::
::.:l=.:::
D

FREQUENCY RESPONSE

C:::

:::::C

°11r

'::

rASS

::

=Mr.

CC::::CCM::::

MINIM

mm.

MI

..CI1C8EE°.::::

=:s::

Cmmm:::

:::::C

l=C::::CC::::
ICC
1C.'.::
=:::_1C:.CCC::::CCCOO:::7
CCCC:mmo_ÇBE

iMIIM........M....
:::::::::CC::::CCC::::

'...:

ÇÇ

NMI

.«=CC.:::

_

....

M...
CC:::: C _
:::: CCC:::CC=
=...
C...«_
O
2

Hz

10

5

_
C::::C::.:
C7

20

FIG 3.
TC ELECTRONIC

50

Hz

100

200

Hz

500

1k

2k

Hz

10k

5k

100k

50k

Hz

2240

FREQUENCY RANGE, FULL CUT /BOOST 1/2 OCTAVE BANDWIDTH CENTRE

C---

20k

C

C7

183 EQUALISERS

:G::C::::C

C::::

C ::C
Ç::
::::
CÇ::::
_g.Ç-C-C::
MM.::
C
__---._
_=__:::::o==
C::
C:
'S:C5::':C:.JCCDS::
__-..
1...
:.::017::CC:7
-__ i11C.C:::
....
..:.OC`1:::
:C.
:C_'C,.::::_C__---..
_C
_C
__-===:::IC
.:"
_
.i..7C
C=...
C C::Cli
CC
C
CCCC:::
:1
., .
==::
C

INIMMUI

IMIMNI

::
:I
:.. : : ....
._..

C::'.:

__C
C::::111C

===

----...

2

10

5

Hz

20

..

Wean/

C

::-----

---;-=p=----..

Hz

50

100

200

Hz

500

1k

2k

Hz

....

5k

10k

- 'I
omi

CCm

C

:'.'.:

t

::

M, C

O::::il

C=
CCG

=MON

C%:C::::

88

Hz

5

10

roM=MIZC:::CCC===:::M:::
O C C C :: CC::::::.

IC
C::::
??_
°m::
C: .:.

'r,:G:GIC:C::::
Il0:::C:::.:
.
--

7 C
C..: C::;:...C CQ....

:C:::: C

'GCCC:.'.CC. mC::::
2

284 EQUALISERS

I1iCS::SCI?
-,M:-_

.CC:..:

-------

10dB

20

100k

50k

Berchtesggadenerstrasse 36
A -5020

Salzburg

Phone: 06222 -46164
Telex: 633008 ACOUS A

Benelux:
Trans European Music N.V.
Koeivijverstraat 105
1710 Dilbeek Belgium
Phone: 02.5(9 -1823

Telex: 26409 TEMBEL
Canada:

B

Gould Marketing Co., Ltd.
6445 C6te de Liesse
\tuntreal, Quebec H4T 1E5
l'hone: (514) 342-4441
Telex: 5824822 GOULDMKTG MTL
Denmark:
Studie & Lydteknik APS
Helgesvej 9 -I1, DK -2000 Copenhagen
Phone: 01- 341284
22924 SLT DK
Finland:
Stutiotec KY
Eljaksentie 9
1)0370 Helsinki 37
Phone: 0- 556252
Telex: 125284 STUTE SF
France:
E.S.

REI)ITEC

Zone Industrielle des Chanoux
62 66 Rue Louis Ampere
95 330 Neuilly sur /Marne
Phone: 300 -9630
Telex: 240779 REDI F
Indonesia:
PT Kirana Yudha Teknik
Artamas Bldg., G -2, 4F1.
No. 2, JI. Jen. A. Yani, Pulo Mas
Jakarta

Phone: 487235- 485308
Telex: 48120 HASKO IA
Italy:

Scientel Audio SRL
Via Pietri 52
41100 Modena
Phone: 059- 225608
Telex: 213687 SCIENT I
New Zealand:
Magnetic Products Limited
48 Ellice Road
Glenfield, Auckland 10
Phone: 444 -6085
Telex: 60835 AVDCOMM NZ
Norway:
Sis'. Ing. Benum A/S
Box 2493, Solli, Oslo-2
Phone: (02) 442255
Telex: 17681 BENUM N
Spain:

Servando Batanero 8

FREQUENCY RANGE, FULL CUT /BOOST 1/2- OCTAVE BANDWIDTH CENTRE

C7;:2'

Hz

Australia
Klarion Enterprises Pty. Limited
Regent House, 63 Kingswav
South Melbourne, Victoria 3205
Phone: 613801
Telex: 34732 KLARI AA
Austria:
Acousta Electronik

F-ading
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Madrid 17
Phone: 408 -6700, 408 -6808
Telex: 44330 FADI E
Sweden:
Intersonic AB

Vretenborgsvägen 9
Västberga, Hä ersten
PO. Box 42153, S -12612 Stockholm
Phone: 08- 7445850
Telex: 11136 INSONIC S
Switzerland:
Audio Bauer AG
CH-8064 Zurich
Bernerstrasse-Nord 182
Haus Atlant
Phone: 01ó43230
Telex: 822177 GPEL CH
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THE NEW OTARI MTR -90 SERIES II

:`.thor

h?y recommended,'

Hugh Ford, Studio Sound, November 1982

"The Otani MTR-90 Series H is a very well-built
machine with the tape transport having many of
the features of the premier recorders of European
manufacture..
Both the remote control and autolocator are highly
practical with excellent layouts. Full and foolproof
interlocking is provided for all functions with clear
displays of the machine's status."
"This machine is to be thoroughly recommended,
particularly when comparing its price
with the competition."
We have refined the features and extended the per
formance and capabilities
of the new, second generation MM-90 by working
closely with recording and
film /video post -production
engineers who demand the
extra measure of technology and commitment. The
Series II Mastering Multi channèl -machines are the
logical result; microprocessor- controlled recorders
specifically designed to
easily interface with any
SMPTE -based video editing
w
system, machine controller
or synchronizer.

The complete text of Hugh Ford's review, plus a
comprehensive technical brochure and price details
are available now. Further, should you desire your
own "hands-on" review of the MTh-90, ring us
directly at 0753 -38261 and ask for Mick Boggis.
From our hands to yours, the new MTR-90 Series II
recorders are engineered like no other tape machine
in the world, with quality you can hear and feel -with
affordability that makes Otani the Technology You
Can Touch.

Otani Electric (UK) Ltd., Herschel Industrial
Centre, 22 Church Street, Slough SL1 1TI?

rimmnnnei
_

t.ï;ö=®-----

JJJ.
ai

.

Berkshire, Tel: 0753 -38261
Telex: 849453 OTARI G
In Germany: Otani Electric,
Deutschland GmbH, Gielen
Strasse 9, 4040 Neuss 1 ER.
Germany, Tel: 02101 -274011
Telex: 41 8517691 OTEL D
Authorised Dealers:
1 -7 Harewood Avenue,
Marylebone Road, London NW16 LE
Tel: 01 -724 2497/8 & 01 -724 3768
Telex: 21879
TURNKEY
Brent View Road,
London NW9 TEL
Tel: 01 -202 4366 Telex: 25769
ITA

DUES
Can Touch
Technology
You

8, 16 & 24 channel versions available with
Remote Session Controller & Autolocator.

01983 Otani Electric(UK) Ltd.

Otani Corporation, Belmont, California (415) 592 -8311 Telex: 910.376-4890. Otani Electric Co., Ltd., Tokyo, Japan (03) 333-9631 Telex: OTRDENKI J26604.
Otan Singapore Pte., Ltd., 294-5370 Telex: R5 36935. Otani Electric Deutschland GmbH, Neuss, F.R. Germany 02101- 274011 Telex: 41 8517691 OTEL D.
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+ 1.0/ -0 dB in the flat mode being quite
acceptable. Changing the gain had no effect
upon the high frequency response but led to
some fall off at low frequencies extending only to
- dB at 20 Hz.
Fig 3 and Fig 4 show the full frequency range
of the four equalisers for maximum cut and

boost at 0.5 octave bandwidth, it being seen that
whilst the range of boost is just over 20 dB the
amount of cut exceeds the 20 dB nominal range
of the controls. The actual maximum cut was
found to interact with the bandwidth control but
this is unlikely to have serious consequences.
The effects typical of the bandwidth controls

1

FIG 5.
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Table shows the noise performance with all
controls flat at gains up to unity. With the
exception of the two highest frequency equaliser
controls which had a small effect on noise, the
remaining equalisers amazingly had no
significant effect. Bearing in mind the output
drive capability these figures show a very large
available dynamic range.
1

TABLE

1

Measurement method
22 Hz to 22 kHz RMS
A-weighted RMS
CCIR- weighted RMS
CCIR- weighted
quasi -peak

Noise in output (dBm)
Bypass
Flat (EC) In)

-93.OdBm

-93.OdBm

-88.5dBm

-88.OdBm

-84.5dBm

-84.5dBm

- 103.0 dBm - 101.5 dBm

Distortion
Second and third harmonic distortion in the
bypass mode remained below 0.01% from 20 Hz
to 10 kHz at maximum gain at any level below
clipping rising to 0.03% at 20 kHz at high levels.
With the equalisers in circuit in their flat mode
the maximum second and third harmonic
distortion is shown in Fig 7 which is typical at
high levels with distortion falling at lower levels.
Intermodulation distortion to the CCIF twin
tone method was less than 0.03010 under 10 kHz
at any level below clipping but rose at higher
frequencies, the situation at 10 dB below
clipping being shown in Fig 8 where triangulation
of the waveform occurs at very high frequencies.
Other matters

Crosstalk between the two channels was at
extremely low levels being better than - 107 dB
at 20 kHz falling to - 132 dB at mid frequencies.
The LED level meter was fast in action
reaching the steady state indication in 80 µs with
a sensible hold time giving a clear indication of
peak levels with the calibration of the steps being
satisfactory.
Each equaliser section has an overload LED in
addition to the level indicator these LEDs being
illuminated a little below clipping, however, the
action of these was rather slow at about 800 µs
with no hold incorporated.
Stabilisation of the internal power supplies
allowed a wide range of input voltages with no
variation in performance being noted if the input
fell from 240 V to 180 V.
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Noise

The equaliser was quite remarkably quiet with
control settings making little difference to the
output noise, except of course, the output level

20k

...

FIG 6.

are shown in Fig 5 for nominal bandwidths of
0.1, 0.5 and 2 octaves. All controls had well
contrived laws making setting simple with the
calibrations being reasonably accurate.
Cascading two sections could provide very
sharp notches, usable for removing hum, etc.
Typically two cascaded sections could provide in
excess of 65 dB attenuation with the curves for
50 Hz and 100 Hz being shown in Fig 6.

C

200k

Summary

This TC Electronic parametric equaliser gave a
really excellent performance in most respects, the
only slight hiccup being the high frequency
intermodulation distortion. An unusual feature
was that not only was noise low but it remained
almost constant with variations in equalisation.
Bearing in mind that this is a low cost unit it
offers remarkable value for money for domestic
or professional use.

EVENTIDE CLOCKWORKS
Sets the standard for Signal Processing
V
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H 949 HARMONIZER

Pitch change: one octave up, two down. Delay: two outputs
each 393.75 ms. Micro pitch change. Time reversal. Repeat.
Randomized delay. Flanging. High and low feedback E /Q. Two
selectable algorithms. Frequency response: 15 khz. Dynamic

range 96

dB.

FL 201 INSTANT FLANGER
Simulates true tape flanging, initiated by an internal oscillator,
manual control, remote control or envelope triggering. Now
available with the interchangeable B.P.C. 101 card which turns
the unit into an instant phaser.

H 910 HARMONIZER

Pitch change: one octave up, one down. Delay: output one,
112.5 ms output two, 82.5 ms. Frequency response 12 kHz.
Dynamic range: 90 dB. Feedback control.

BD 955 BROADCAST DELAY LINE
Designed specifically for the broadcast industry and is
primarily intended for the policing of live transmissions. There

2830 OMNIPRESSOR

seconds

The Omnipressor combines the characteristics of a
compressor, expander, noise gate and limiter in one package.

Four outputs, each with up to 510 ms of delay, independently
switchable in 2 ms steps. Extra delay is optional to a maximum
of L022 or 2.046 secs. Frequency response: 12 kHz. Dynamic
range: 90 dB.

R.D. 770 MONSTERMAT
Mono /Stereo Matrix unit. The Monstermat solves the problem
of tape phasing and noise on cartridge machines.

are three maximum delay times available 1.6, 3.2 or
plus a unique program dump and catch up facility.

6.4
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1745M DELAY LINE
Up to five outputs, each with a maximum of 320 ms of delay
(640 ms in the double mode) selectable in 20 p steps. Optional
modules available include a pitch changer, and a remote
control module which controls the delay line with a microcomputer. Frequency response: 16 kHz (8 kHz in 'double' mode).

Dynamic range: 90 dB.

U.K.

Distributors

Feldon Audio Ltd.,
126

iNk`

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

Harmonizer, Instant Flanger,
Monstermat and Omnipressor
are trade marks of
EVENTIDE CLOCKWORKS Inc.

This new range of XLR type

an
+e finish. Silver
plated pins give low contact
resistance and excellent
solderability

connectors fill a demand in
the audio industry for a high
quality, inexpensive range
of British made components.
The chassis sockets are rear
and front mounting, with a
P.C.B. mounting socket also
available. Made from glass filled -nylon for a durable

The line connectors have
been carefully designed
with ease of assembly in
mind, and good cable
retention.

Y/

Conncronic s

CONNECTRONICS LIMITED
20 Victoria Road
New Barnet Hertfordshire
EN4 9PF England

CONNECTRONICS CORPORATION
652 Glenbrook Road
Stamford
CT. 06906 U.S.A.

Telephone. 01-4493663/4044

Telephone (203)324 2889

Telex 8955127 SGAL G

Telex 643678

A Sound Investment for

Video and Broadcasting
* General purpose stereo or

* Two large illuminated VU's as standard

monomixer.

(PPM's as option) on rear meter

bridge, which houses the
Cue Loudspeaker and
6 digit stopwatch/
clock (hours-minssecs).

*Fully modular in construction.
Range of modules for Broadcast
Video or Film use.

* Long throw plastic
conductive faders
standard.

* Note: stereo Line

* Sweepable

of Phono input
modules are same
width - 45mm - as
Line /Mic module.

Mid EQ/
100Hz

- 10KHz

standard.
* Adjustable peak l.e.d.
indicator on PPM and VU meters.

* Transportable for mobile
use, or drop through mounting
for fixed installations.

* Three standard frame sizes
12 -18 -24

module widths.

The Chilton CM2 and CM4 audio mixing console
Magnetic Tapes
Chilton Works, Garden
=DU TT 77-n`uil
Telex:
1

)

EVERYTHING WE DO IS JUST THAT LITTLE BIT BETTER
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Ltd,
Tel: 01-876 7957

Road, Richmond, Surrey.

912881CW

Get your hands on the beautiful Fostex X 15
The Fostex X -15 Tracker represents the ultimate in portable recording.
At last we have true 4 track recording on cassette, with multitracking further

facilitated through track bouncing.
The X-15 features EQ; monitor section (level & pan); as well as
rem ix facilities.
This machine is truly portable not only in its size, but also the fact
that it comes supplied with its own battery pack enabling you to just
sling it over your shoulder and take off. Use it anywhere!
And if you do want to plug it in at home, you can get the separate mains
power supply unit.
All this for a mere £299 inc. What more could anyone want?

Fostex A8
Soundtracs
16/8/ 16 Mixer
Brand new from Soundtracs, and

continuinga policy of extremely good
quality partnered with very accessible
pricing.
With this mixer, low budget
professional multitrack home
recording has really arrived.
It looks the part and
certainly carries it out.
Features include 3 band EQ,
100mm Long Throw
Faders, 3 auxiliary sends, LED
metering, plus capability to use the monitor
channels as further inputs on mixing. Come and try
it for yourself. You'll love it.

Trident Series 70

Soundcraft Multitrack Machines

The A8 1/4" 8 track machine is just
one item in the extensive range of home

recording equipment currently coming
out of the Fostex camp.
Make up your own 8 track packages
from the full range of machines, mixers
and audio processors in stock in our 8
track demonstration studio.

One of the new Trident mixing
consoles which are exclusive to DLAS.

This mixer is the ideal instrument for
the producer /engineer having been
designed specifically with this beast in
mind. It comes in many different
configurations -full frame size being
28/16/24 with full patchbay.

Revox B77
One of the many Revox and Studer
machines which we supply. The Revox
B77 is a fully professional stereo

machine, complete with built -in
Varispeed, and you would be hard put to
set foot in any professional recording
studio without immediately sighting
one of these.
A very high quality versatile machine
and well worth a look.

Bel BD60
DDL
Another exciting new effects unit
from Bel, and the first in a line of Bel
digital processors. The BD60 offers an
amazing 2 seconds delay at full
bandwidth and 4 separately timed
outputs. Most of all, you won't believe
the price.

;
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Bring 24 track within reach
The Soundcraft Multitrack Machines
have created a mini revolution all their
own. The pricing has enabled studios
everywhere to realise their ambitions of

professional multitracking.
They are Europe's largest selling
machines and come highly
recommended.
All this and more is waiting for you to
come and try it out. Call us today.

-;o Larking

audio sales
29 Guildford Street, Luton, Beds.
Telephone: Luton (0582) 450066

CLA SSIFIEDS

Advertisements for this section must be pre -paid. The rate is 43p per word, minimum £10.75. Box Nos. £2.50 extra. Semi -display rates on
application. Copy and remittance for advertisements in MARCH issue must reach these offices by 11th JANUARY addressed to: The
Advertisement Manager, Studio Sound, Link House, Dingwall Avenue, Croydon CR9 2TA. Cheques made payable to Link House Publications
(Croydon) Ltd. Note: Advertisement copy must be clearly printed in block capitals or typewritten.
Replies to Box Nos. should be addressed to the Advertisement Manager, Studio Sound, Link House, Dingwall Avenue, Croydon CR9 2TA, and the
Box No. quoted on the outside of the envelope. The district after Box No. indicates its locality. SEX DISCRIMINATION ACT 1975: No ¡ob
advertisement which indicates or can reasonably be understood as indicating an intention to discriminate on grounds of sex (e.g. by inviting
applications only from males or only from females) may be accepted, unless 111 the job is for the purpose of a private householder or (2) it is in a
business employing less than six persons or (3) it is otherwise excepted from the requirements of the Sex Discrimination Act. A statement must be
made at the time the advertisement is placed saying which of the exceptions in the Act is considered to apply.
The attention of advertisers is drawn to "The Business Advertisements (Disclosure) Order 1977 ", which requires that, from 1st January
1978, all advertisements by persons who seek to sell goods in the course of business must make that fact clear. From the above date,
consumers therefore should know whether an advertisement relates to a sale by a trader or a private seller.

100 C -60 cassettes beautifully copied in stereo
Just E59.50 (plus VATI
We can copy from 100 to 5,000 high quality cassettes on
our high speed loop -bin system, load them precisely into top
class shells. Price includes library case and all production
work from your Y,in edited master. Any length C -5 to C90.NOW ALSO cassettes in GOLD effect finish! Ring for
price check.
-

CASSETTE DUPLICATING from 38p -I /hispeed. "SSP were very good quality, the best
value for money."
Sound International, July
1981. Simon Stable, 46, Westend, Launton,
Oxon. Tel. 08692 2831.
(H)
1

-

PROFESSIONAL BRAND custom cassettes
wound to any length. Top quality tape in screwed
c -zero at budget prices. Professional Magnetics
Ltd., Cassette House, 329 Hunslet Road, Leeds,
LS10 I N.I. (0532) 706066.
(M)

STUDIO REPUBLIC
47 High Street, Pinner

od..

TANNOY SERVICE
We have an extensive stock of Tannoy spares and exchange
units and offer a prompt, efficient service including delivery
and collection. We perform B fr K analysis on all units to

Quality Pressing DIRECT
from our modem UK plant.

factory set specifications.
,For all repairs, contact the factory accredited service

THE COMPLETE SERVICE. Disc cutting
(masters

and demos),
pressings, sleeves,
cassettes, labels. Fixed and mobile recording
studios. Free brochure. TAM STUDIO,
13a Hamilton Way, London N3. Tel. 01- 346 0033
(F)

MAIN 3M WOLLENSAK DEALERS
Meticulous alignment of all machines before sale.
Servicing to manufacturer's specification by 3M
trained engineers. Bulk supplies of SCS Cassettes C2C100. Stockists for 3M Audio and Video cassettes.
Fast Copying Service. Prompt personal attention.

SOUND CASSETTE SERVICES LTD.
P.O. Box 2, South Chard, Somerset TA20
Tel: 0460 20988

1

LR

01- 8685555

agents: Elliott Bros. Ltd.
ELLIOTT BROS. (Audio Systems) Ltd., 9 Warren Street,
London W1. Tel. 380 -0511

¡/
¡/

Singles, E.P. & L.P.'s.
Cutting, Processing.
Test Pressing.
Labels Ss Sleeves.
Cassette Duplication.
Minimum Records - 500.
Minimum Cassettes - 250.
Qualified Staff. ¡/
Sound Advice.

¡/

¡/

Have you heard?

!/

!/

¡/

Cassette and open reel copying.
Custom wound blank cassettes

MARKET

LEADERS IN STEREO
RECORDS AND TAPES.

supplied. Studio available for
voice overs. Dolby facilities.
Design, artwork and
print services.

Sound Cornmunication
,reap:,',.

Fi'
Will
E1'fr.
Dewsbury, West Yorkshire WFt3 ran
1ulephone 0924 451717

COUNTY RECORDING SERVICE
For super

Pressings

quality Master Discs. Demo Discs and
Scully

lathe

with

our

latest

CR

01 -446 3218

82 01

Stereo Cutting System.
Also half speed cutting for that very special disc.
Dolby 'A, Dolby 'B- and DBX noise reduction.

SPEECH RECORDING

Rd., Binfield, Bracknell, Barks
RG12 5BS
Tel. BRACKNELL (0344) 54935

London

SPEEDY

R d/OA

SERVICE

Plus TEAC, NAGRA, UHER. Large spares stock held
Approved REVOX modifications undertaken
A personal service by experienced engineers.

plus collection and delivery
34 Danbury Street, London N1 8JU
Telephone 01- 3599342 (24 hours)

RAPER & WAYMAN

(VOICE-OVERS LANGUAGES; AUDIO-VISUALS)
;

SPR

HIGH -SPEED CASSETTE COPYING
OPEN -REEL COPYING
(ANY SPEED
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TO BROADCAST SPEC)

HIGH QUALITY BLANK CASSETTES
(C1 -C96)
LABEL & CARD PRINTING

-PLUS RECORDINGS LTD
SPEECH
UNIT32, NO19,PAGES
WALK, LONDON, SE

-
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01

-231 0961
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&Uher Sales & Service

FOR SALE -TRADE
N.S.F. REVERBERATION

REVOX SERVICE
SAME -DAY SERVICE A SPECIALITY

and cassette
open reel
repaired.
Ube,
serviced and
amplifiers,
Revolt, Tandberg,
recorders, amp Elf, Ferrograph,
Bell &Howell, agents.
Road, Watford,

We have an extensive stock of Revox spares;
Revox -trained engineers and offer prompt and
efficient service including delivery and collection.

LTD., 255A
PHOTO ACOUSTICS32006. Entrance

9

liftsett.

Si

approvedsetviceag

0923
Hefts. Tel:

New ort

Pa

Albans

Street.
in Iud9 e

oeil. Te90

The N.S.F. Mk 111 stereo reverb plate.
Size 3' x 3' x 5 ". Excellent transient response. Low noise.
Adjustable delay to 4 secs. Mobile /static, vert /horozontal

working mode.
Price: E799.

SOLE AGENTS: 748 9009

ELLIOTT BROS. LTD.
WARREN STREET, LONDON W1
Tel: 01 -380 0511

L`d
i
Acoustics
Photo

58Hígh Street,

TECHNICS TURNTABLES in stock:

Aidkapp TEST TAPES
NOW AVAILABLE FROM:
Everything for your next small cassette production
Duplicating from 1p per minute. Label printing (yellow, blue
or white 41p pair). Inlay cards: red, blue or yellow, E3.20
per 100. High gloss self- adhesive mini-prints in colour E10
per 100. Cassettes wound to any length. For details of our
complete services contact:

LONDON:

021 -6434016

MIDLANDS: Protape
NORTH:

078968579
066324244

PMD Ltd
Audio Services
Ah

Audicord Records
59

01- 3885392
01- 2024366

Music Labs
Turnkey

", 'est

-The Test

Mayfield Way, Barwell, Leicester LE9 861 Tel: 0455 47298

SP10 Mk2 E469 * 511200 Mk2 £191.30
Prices subject to VAT. Please contact us for further
information and comprehensive price list.
MICHAEL STEVENS 8. PARTNERS
The Homesdale Centre, 2161218 Homesdale Road
Bromley, Kent. * Tel: 01 -464 4157

LINN DRUM LM1
FOR SALE
PHONE 01 -351 2587

formats
Tape of Reliability

£1,500 FLIGHT -CASED

cnvi'c29
('('/tt/('
L(/J
dffe

22 Hanway Street

London

Tel:
637 7554
High speed cassette duplication. Open reel copying.
Small quantities a speciality. 48 hour service (if not sooner).

'MUSIC!
ri,-AB

SERVICE
DISC CUTTING EQUIPMENT
Neumann VMS 70
Ortofon Amplifier 60 701
Ortofon Power Unit 6E 701
Ortofon Treble Limiter STL 732
Ortofon Cutterheads (two) DSS 732

officially appointed
THE COMPLETE SERVICE

RE VOX

includes:

TEAC /TASCAM

Please phone West Germany 05241/803702

Service Agents

BLANK CASSETTES (CI - C100 incl. Chrome
HIGH - SPEED LOOP- BIN CASSETTE COPYING
OPEN - REEL COPYING
INLAY CARDS
CASSETTE LABELS &
TAPE
SPOOLS &
BOXES
EMPTY TAPE
TAPE
TAPE
&
SPLICING
LEADER
MAGNETIC
TAPE
AMPEX
)

and isMEDIATAPE
available from -

LIMITED
The Courtyard, 152 -154 Ewell Road,
Surbiton, Surrey KT6 6HE England

A fast, efficient repair service
with collection and
delivery available

*

Contad Nikki Antoniou on

0

-388 5392

1
72 Ever-sholt Street, London

NW I

1BY

2476 7

jbs records

TELEFUNKEN M15

-

&

*

01 -399

MUSIC- SPEECH COMPUTER

DATABASE

MONITOR SPEAKERS

Complete range of Rogers speakers from stock including the
new Studio Two medium size control room monitor. Also
Tannoy & JBL. Write or telephone for our comprehensive
price list.
Michael Stevens & Partners, The Homesdale Centre,
216 -218 Homesdale Road, Bromley, Kent BR1 2QZ.
01-4M 4157.

T11sRUMEITT

/EPIiIRS
Studio
equipment, installation & maintenance
West Country prices!
Call Database on Bath (0225) 319200

AMPEX HIGH SPEED DUPLICATION
Reel- cassette, cassette -cassette, Reel-Reel (NAB & CCIR)
(All with or without Dolby B) Precision Wound Cassettes

Rainhill Tape Specialists
31 Eccleston Street
Prescot, Merseyside
Tel: 051 -430-9001

REAL -TIME or (Slow) HIGH -SPEED Quality Cassette Duplication and Blanks from 1 to 500 +. Computer printed
Cassette Labels. Studio speech and solo recording /editing
etc.
jbs records -a division of FILTERBOND LTD,
19 Sadlers Way, Hertford SG14 2DZ. 0992 -551188.

Hallgarten Studios, Ahornweg 4-6
6411 Dietershausen, West Germany 01049- 6656 -8135

8TR TEAC TAPE HEADS
* The '/z" 8 Track Teac is just one

FOR SALE -TRADE
TEAC 244/34/38 discounts and HP and leasing.
Erricks Bradford 309266 (Julian).

16- track, 19/38cm /sec,
remote, Varispeed, 5500hrs. Neve A83, 16 -8-16, four
aux -eqs, 16- channel extension, four EMT -remotes.
All in excellent condition. Desk was used by YES for
their Tormato album. Please phone Gerry or Ralph at:

(X)

example of our stocks of tape and film
heads currently available.
* We are manufacturers of 1/4", '/2", 1"
and 2" tape heads and a wide variety of film
heads. Specify machine type for an

immediate quotation.

*

GATEWAY CASSETTE COPYING
Real time cassette copying direct from 'A" or cassette
master tape. All work carried out on Nakamichi machines
to the highest standard.

GATEWAY STUDIO

1A SALCOTT ROAD, LONDON SW11 6DQ
TELEPHONE: 01 -223 8901

DISC CUTTING EQUIPMENT and systems
bought, sold, installed and manufactured (under
licence from ORTOFON). TAM /ENGLAND,
Hamilton Way, London, N3 IAN.
13a
Telenhnne 01-346 0033.
(X)

Our RELAPPING
'same -day:

SERVICE is mainly

BRANCH & APPLEBY LTD
Stonefield Way, Ruislip, Middx HA4 OYL
Telex 918582
Tel. 01 -864 1577

CLASSIFIEDS
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Pfi-VS

FOR SALE -PRIVATE
AUDIO KINETICS XT24 autolocater brand
new still boxed. 3M M79 16 track head block,
Klark Teknik DN36. Sensible offers only.
Telephone 063684 -582 or 0602 202080.
(A)

5i-545

264

Video and audio equipment hire including Sony PCMFI
digital processors, SLF1 video recorders, high and loband U -matit recorders, profeel video monitors and a
range -of cameras, AMS digital audio effects, digital
drum machines plus 8-4 and 2 -track analogue recorders,
mixers and monitors.
Repairs, modifications and maintenance services also
available. Design and prototype work carried out.

CASSETTE COPIER, stereo, high speed,
cassette master to two slaves. Wollensak, Fully
overhauled and aligned, perfect condition.
essential for recording studios, AV houses etc.
Bargain £950. GWBB Studios, 01 -723 5190. (A)
1111íE

STUDIO BUILDING AND ACOUSTIC INSULATION

r

Undertaken. Brickwork, concreting, custom
joinery and cabinet making. Electrical and
installation.
electronic
Experienced
craftsmen. Reasonable rates.
Ring Recession Recordings, 01 -985 7573.

MIKE JONES Audio Consultant
Acoustic & Audio measurement,
Professional Audio Servicing
Independent advice on all your Audio & Tape problems.
Specialised Service to the Tape Duplicating Industry.
We can help you to reduce unit cost and increase profits by
solving those awkward technical and production problems.
19 Glenroch Rd. London NW3 4DJ, England.
Tel: 01 -586 5167. 24 Hour Answering Service

MULTITRACK

MASTER ROOM MR3 £500.00. Audio &
Design F760XRS complimander £500.00. Revox
A77 H.S. £300.00. Pair Lockwood majors with
golds £450.00. Pair of H.P.D's in custom
cabinets £450.00. Tel: 031 -229 9651.
(A)

STUDIO DESIGNERS
AND CONSULTANTS

E.M.T. 140 stereo plate. £1,700. Philips stereo
tape recording console. E.L. 3503 (valve) £350.
Tel: 0272 735994.

(A)
KENNETH SHEARER AND ASSOCIATES
Consultants in acoustics

KEPEX I noise gates plus 19" rack and power
supply, one year old, little used. £1,300 +VAT.
Tel: 01 -642 3210.
(A)
6

HIRE

30 years' experience in the custom design of all kinds of

recording and TV studios, remix, dubbing and viewing suites
- new and conversions. Down to 25 Hz.

Tel: 0442 54821
15 -band

MXR graphic -equaliser, MXR digital
delay line with 4 memory boards, Teac C -1 cassette deck with plug -in EQ board. For prices, ask
for Dave on Hornchurch 59909.
(A)
BELL BC -3-8T noise reduction £300. Cadey 16T
2" recorder plus test tape, good condition £2,500
ono. Alan/Heath desk 20 -8-16 £1,500 ono.
Wheathampstead 3334.
(B)

PHILIPS PRO'51 stereo machine, two, working

order, with remotes, £450 each. Crown EQ2
£225. Tel: 0366 382308.

(A)

OTARI CASSETTE tape loaders, model
DP2700; under one year old. Two units
available. £1,750 each. Tel: 01 -993 2134.
(A)

the

latest and the

AMS DMX- 15 -80S Digital Delay
AMS RMX -16 Digital Reverb
Lexicon 224X Digital Reverb
Lexicon 224 Digital Reverb
Lexicon 200 Digital Reverb
Linn Drum Computers

RITANNIA
RO W 226 3377
01

Immediate delivery and collection service

01 -387 9356
1

o

The best digital effects hire service
around town!
Phone Andy on 01 -708 0483
10

Steedman Street, London SE17

PUBLICATIONS

BY

35 BRITANNIA ROW LONDON NI 8QH

BRITANNIA
ROW 01226 3377

sir

Sound Ltd

Tel. 01 -435 0532 Telex 268279

We also have a comprehensive
range of Tape Machines, Mics,
Mixers, Amps, Speakers, EQ etc.

76 Eversholt Street, London NW1

35 BRITANNIA ROW LONDON NI 8QH

STUDIO MONITORING
We have solved monitoring problems with many studios such as CTS,
Majestic, The Mill and Complete Video. Ifyou are not happy with your
present arrangement, perhaps we could solve yours with consultancy,
design and/or package deal supply.
S. J. Court & Associates Ltd

STUDIO WANTED

RECORDING STUDIO
Wanted to buy or lease: recording
studio in central London. Please
reply with full details to Box 899.

THE
RECORDING
BOOK
THAT'S
ROCKING
THE
MUSIC
INDUSTRY.
"Practical Techniques for the Recording
Engineer" by Sherman Keene is endorsed by the
Recording Institute of America and the State
Univ. of New York, Colleges, Studio /Schools,
Musicians and our Correspondence Students
around the world. Recommended by reviewers of
the MIX, Re /P, Guitar Player and other top
publications. THE BOOK: Hard cover, 380
pages, 28 chapters (4 on computer assisted
mixing), illustrations. $29.75 ($31.69 in Calif.)
+ $2.50 UPS (or surface) shipping (overseas
air mail $16). THE CORRESPONDENCE
COURSE: Private instruction from a world -class
author /lecturer. Certificate theory course using
two textbooks, corrected and graded homework,
three final exams, unlimited dialog with the
author via cassette, Basic, Intermediate and
Advanced levels. Installment plan available.
THE CURRICULUM: for schools only
all
you need for a very complete course: Teacher's
Manual (lesson plans for 24 class modules in two
textbooks, reading and homework assignments,
suggested session content), Student's Workbook,
Final Exams. FOR INFORMATION OR TO
ORDER contact: S.K.P. 1626 N. Wilcox No
E -677 Hollywood, CA 90028, USA. Order by
phone using Visa or Mastercharge by calling

-

(213) 708-2933.

CLASSIFIEDS
96

STUDIO SOUND, JANUARY 1984

(X)

STUDIO FACILITIES
GUERILLA RECORDING STUDIO is a new
control -room oriented Central London (Maida
Vale) Otani 24 -track studio especially designed
for the modern recording and electromusic artist.
Intrinsic to the control room is a Roland JP8,
Juno 60, TR808, MC4B -OP8, Linn Mkl, movement Drum computer MkII with additional
Simmons Voice modules, and all conceivable
interfaces. Our rates are very competitive and yet
totally negotiable. For further details call
(A)
ABSON PLAY on: 01- 286 0642/289 9224.

Residential 1. Week Training Courses In Edinburgh
Experienced Outside Broadcast Engineer (20yrs with BBC)
presently operating government appointed and approved full -time
recording training programme, now offers to interested parties of all
ages a short 'hands on' basic training in microphone placement,
balancing techniques, recording and editing combined with luxury
B & 8 accommodation. Terms £100 per week + VAT.
Silver Sounds Recording Service, Newton House, Newton,
Nr. South Queensferry, Edinburgh. Tel. 031 -331 3298.

SPEAKERS (Gold,

Silver, Red). Old Western Electric equipment
(tubes, amps, mixers, consoles, tweeters, drivers,
horns, speakers). Tel: 213/576 -2642 David Yo
P.O.B. 832 Monterey -pk, Ca.91754 USA
(friends picking up in UK).
(F)
NAB CARTRIDGE MACHINES, transmitter
equipment. Any space modules for Pye SM8
mixer, Tel: 02556 6252.
(A)

We will pay you top dollar for your used equipment
We need consoles, tape machines and studio gear
NOW
OCEAN AUDIO EXCHANGE INC.

ATWELL STUDIO for classical sound recordings, location or studio (Steinway Grand),
demonstration tapes, records or high quality
cassettes. 124 Lower Richmond road, Putney
SW15 1LN. Tel. 01-785 9666.

MONITOR

TANNOY

Pacific Palisades, CA 90272 U.S.A.
Telephone: 213 -454-6043

366 Las Casas Avenue,

(X)

RECORDING EQUIPMENT of all ages and
vanity. Old microphones, outboard gear, etc.
Any condition. IMMEDIATE CASH AVAILABLE. Respond to: Dan Alexander 965 Hilldale,
Berkeley CA 94708 USA. Phone (415) 441 -8934.
(D)

SITUATIONS VACANT
UTOPIA RECORDING STUDIOS require a
tape opp. and an assistant engineer. Contact
Annie Sendall on 01 -586 3434 at Utopia Village,
7 Chalcot Road, London NW 1.
(A)

Barclays Bank are seeking personnel for two specialist positions
for its In-House Video Production Unit at Teddington.

SOUND RECORDIST/

TECHNICIAN

Soundtracs, who manufacture a range of audio
mixing consoles, require a test engineer with
extensive audio and some digital experience. Since
Soundtracs are shortly to produce a microprocessor-based unit, applicants with knowledge of uP's
would be favoured.

The successful applicant would be responsible for studio
and location recordings and would preferably have had
experience within a commercially orientated environment.
He /she should be familiar with broadcast quality sound
equipment and be able to achieve high quality recordings. They
should be familiar with multi channel mixers, tape machines
and post production television techniques.

The position involves intermediary and final test of
products, writing test schedules for new consoles
and sub -assemblies. Specification of test jigs and
strong liaison with the design team to 'production ise' the design of new units.

PRODUCTION ASSISTANT
A Production Assistant is required to work with In -House

Working in our refitted factory in Surbiton, the
salary will be up to £10,000 depending on experience,
26 days' holiday, BUPA and other normal benefits.

and freelance Directors.
Applicants should have had previous experience in a
broadcast or corporate television environment and be familiar
with current production and post production techniques.
Please send career details and salary history to:I.A.D. Winter Esq.,
Barclays Bank PLC, Group Public Relations Dept.,
(Video Communications Section),
Park House, Station Road, Teddington, Middx. TW11 9AD
Telephone No. (01) 977 8800

Todd Wells, 01 -399 3392
or write to:

Soundout Laboratories Ltd.,
91 Ewell Road, Surbiton, Surrey KT6 BAH.

Versatile service engineer required to be responsible for
handling all aspects of repair work associated with
recording, broadcast and PA products. Experience with tape

BARCLAYS

machines, mixing consoles, power amplifiers and related
items essential. Salary negotiable according to experience.
Please apply in writing to Mrs A. Miller, Michael Stevens
& Partners. The Homesdale Centre, 216 -218 Homesdale
Road, Bromley, Kent BRU 2QZ,

Inner London Education Authority
Learning Resources Branch
Studio Sound Assistant (ST2)

FOR DETAILS

equipped to professional colour
The ILEA Television Centre, which
broadcasting standards requires a Studio Sound Assistant.

OF

Duties include general studio work, rigging, boom operation etc. Some
location work will be required.

HOW TO ADVERTISE

is

IN THIS

Experience or knowledge of sound techniques is required.

SUCCESSFUL

The current salary range is £7,338- £8,316 plus £1,284 L.W.A.
Application forms and further details are available from: The Education
Officer, EO /ESTAB. 1B Room 365, The County Hall, London SE1 7PB.
The closing date

for the receipt of complete application forms is 23rd

December 1983.

SECTION
CONTACT

LINDA GUBBY
ILEA is an

equal opportunities employer

01-686 2599 ext. 567
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AUDIO SERVICES
BEST PRICES

BEST AFTER SALES SERVICE
24 HR. DELIVERY

PART EXCHANGE WELCOME
(Phone

your name

in

&

address for free comprehensive price

list by mail)

COMPLETE STUDIO PACKAGES (NEW)
Tascam 85-168 with Tascam M16 Mixer includes 16 Chans DBX noise reduction
Tascam 85 -16B with Bel 2416:2 Mixer Includes 16 Chans DBX noise reduction
Tascam 85-168 with Allen 8 Heath 1616 includes 16 Chans DBX none reduction
ham 1610 with Allen 8 Heath 1616 value For money 1" 16 Track
Tascam 58 with latest Tascam model 50
Tascam 58 with Allen 8 Heath 128 lalest pro-spec. 8 track
Tascam 38 with Allen 8 Heath 128
38 r- Model 30
At with Allen 8 Heath System 8 Model 164

C10,995
£9,950
£7,995
£5,995
£4,250

f3.295
£2,395

£2,100
£1,895

SECOND HAND PACKAGES
Tascam 80-8 with DBX and Allen 8 Heath 8 128
Tascare 34 with R.S.D. 16.4.2 ..
-ostex A8 with 350 Mixer and Meter Bridge
Tascam 85-16 A085 with Tascam Model 15 Mixer (24 x 8 x 16) inc. patch bay and wino) loom
Tascam 85-16B . A085B with Allen 8 Heath System 8 Model 1616 with EXB extender.
making 24 x 8 x t6 Inc! patch bay and winng loom. 5 months old, home use only
F

£2,500

f1,450
£1,295
£7,995

i

TAPE MACHINES (Multitrack)
Fostex 816

£2925

38. new 8 S/H from
Fostex 88, new 8 S/H from
Fostex A8 Live Recording, new

C1395
£895

£1237

TAPE MACHINES (Stereo)
Tascam's latest 2 track 32. new
Teac X1000M (inc. DBX). new
Tascan 52 (Pro 4" Stereo)
Sony PCM Ft
Revox PR99, new

£690
C550

(1395
£795
£920

MIXERS
Tascam Model 16. eu- showroom
Syncon B all formats, new
R S D. 16:4 2, ex. demo
Tascam Model 2a with MB20. 'mint
P E P Location mixer
Alice 828S. exc condition

Tascam 22 -4, one only new
Tascam 85-16B new
Teac 3440. S/H from
Tascan, 58 (pro "T" 87) S/H
Tascam 34, new 8 S/H from

£649

P0A
£550
C2295
£695

Revox B77, Mk II, new
Teac 32-28 with DBX. new
Revox PR99 Inc. balanced option.
ex showroom
Revox B77 Mk II approx
yr old,
as new in box

£650
C895

1

£495

C695
C250
£695
C695

£425
£550

BEL 16 Chans. new
Teac DX8 (NR for 80-8)
Tascare DX4D, 4-Chan, new

P0A

NOISE REDUCTION

£1729

f1037
f495
£2500
POA
£1995

C550
C295

0260

only £99

£575
£395

PHONE FOR
BEST PRICES

REVERBERATION
Dynacord DRS 78. Digital Revert
Fostex 3180 Reverb
Loads of 'GREAT BRITISH SPRINGS'
Accessit Reverb Stereo

C750

£294
£185
£115

POWER AMPS

Fostex 250. as new
Revox 8710. new in box
Tascan 133 (Audio Visual) 'mint
Teac A550 RX. new
Tascan 234 4 Chan /4 Track. rack mount
cassette. new product

Amcron. H /H. Yamaha Full range from stock
Turner 8302, new
Turner B502, new
Fostex 600

P0A
£280
C440
£495

EQUALISATION
Klark -Teknik DN27A (pair, as new)
Tascam 4-chan. 4 -band para PE4O, mint
Roland SEC/ 331 31, band mono

C895

£195
C175

£495
£350

pair, C59
BEST PRICES

Klark -Teknik DN50. new
AMS RMX 16 (from stocka )
Yahama R1000 Digital Reverb
EMT 140 Stereo Remote Plate (good tond

I

£395
£4500
£430
£1750

BEST PRICES
£550
C345

f433
£220

ADC Stereo 11 band
Audio 8 Design E9o0RS. new
Foster 3030 Dual 10 band
Klark- Teknik DN15 pre -amp graphic

£125
C390

£142
£495

Fostex 3070 Comp4im /Exp
Drawmer Stereo Comp, Lim
Drawmer Stereo CompLim /Exp /Gate

£228
£325
£450

£250
£195

S24 Timeshape
SIGO Dual Gate

C295

£395
£725
C275

Bel BD60 4 out digital delay

C295

C495
C395

C150
0245
£295

..

HI -FI CO (Compact Disc) players hom stocka
Maranta C.D. 63 free delivery _ _..
£347
Marantz C
73 free delivery
£347

MUSICAL INSTRUMENTS
Full range Rickenbacker guitars. basses 8
amps, phone for tree col brochure and

£180

discount pnce list
MXR Drum Computer

_..

_._..

C1345

£595
£335
£286
£225
£389
£420
£420
£1495
C395
£195
£325

Roland RE201 Space echo. new
Ibanez HD1000 Harmonizer
MOR Flanger Doubler S/H
MXR 174 Pitch Shift/Doubler
Roland SDE2000, new, ex -demo
MOR t 75 Digital 1000Ms. new
Ursa Major Space Station NEW
Survwal Projects, Auto-Pan
Vesta -fire SF010 Dual Flanger chorus
_.
EXR Exciter, ex-demo __.....

Maranta RC430, Remote Control,
Free delivery
_._.
Quad, Teac, Trio, Revox, Marantz. Duai.
Tannoy
.

Yamaha DX senes digdals
Yamaha PF series digital pianos
Roland TR606 Drum Machine
Fender Straf. Wht. Trem MN
Emu drumulator
_..__ _....

f87
P0A

BEST PRICES
BEST PRICES
£175
£320
£856

MICROPHONES
Phone for free brochures 8 discount pnce list,
Neumann, AKG, Sennheiser. Shure, C- Ducer.
PZM /Crown, EDC radio mikes

Boom Mic Stands (Beyer type) each from
Session D Boxes from
.....
Beyer DTt00 Headphones, new, horn

£18
£21

£27

SERVICE DEPARTMENT
Fully equip) with latest technology testing and analysis equipment, all test tapes, spares
etcetera. Main service agents for:
TASCAM, FOSTEX, REVOX, A ALLEN & HEATH.
Please allow for VAT and DELIVERY to all prices.
Order by telephone - Quote your Credit Card Number for instant despatch
AUDIO SERVICES
Phone: (06632) 4244 (9.30 -6 30pm Mon -Sat) (Sunday by Appt.)
Address- Studio House, High Lane Village, Near Stockport. SK6 8M
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BASF AG
BEL
Bose UK Ltd'
Britannia Row
Cable Technology
Calrec Audio Ltd
Connectronics

IBC
18
81

75
83
31

22, 92

91

£389
£275
£395

£1100
£495

6
61

£495
£450
£650
£350

TIME PROCESSORS AND EFFECTS
Aphex Aural Exciter Type B
Korg SDD 3000, new
Cutec CD424 1024 MS
EXR Exciter. new _.
Eventide H910 Harmoniser. NEW
Delta-labs electron 1024, new
Drawmer Muttitraker, new
Ktark- Teknik DN34, as new
Roland Phase Shifter, SPH323. new
Ibanez DDL Model 500
banez DDL Model 1000 _....

8

30, 46, 47

49

SCAMP
Rack 8 P S U (mint)
SOI Compressors

69

Feldon Audio
Friend Chip
Future Film Developments Ltd
FWO Bauch Ltd

COMPRESSORS, LIMITERS, EXPANDERS 8 GATES
MXR Dual Limiter
Drawmer Dual -Gate, Freq-cons
Audio 8 Design Express limiter ex-demo

73
53
25

Eardley Electronics

C195

Tascan 144 Portastudo SM

Quad 303 8 405 in stock
Studer A68 Power Amp -mint
Fostex 300
Studiomaster Mostet 1000, new
R.S.D 4000.2 x 200w. new

28

C195

£350

Tascan 244 Portastudio mint

Auratones
Visonik 'Davids

77
87

93

[850

MONITORS
JBL Full range in stock
Tannoy Full range in stock, new

8S

Deardon Davies Assocs Ltd
Don Larking Audio

C995

PORTASTUDIOS A CASSETTE MACHINES
Teac Cl MKII pro machine. new
Tascam 122 (high speed) ex -demo
Fostex X15.
Teac V9 3 motor new
Yamaha Portastudio 'PACKAGE
MT 44 Recorder, MM30 Mixer. P544
Patch Bay, plus free accessories
Uher CR240 portable

ACES (UK)
APRS
Advanced Music Systems
Advanced Sounds
AKG
Amek Ltd
Ant Nachrichtentechnik GmbH
Aphex Systems Ltd
Applied Microsystems Ltd
Audio & Design Recording
Audio Developments
Audio Kinetics
Audio Services
Audix

f645

Tascam Model 50 (new model in stak)
Allen 8 Heath System 8 lall formats) from
Tascam M30, S/H
Trident Fleximix 16 8.2 in tkght case, immac
Soundcraft series 200. 400, 800
Trident Fleximix, home use only 12 8 2
R S D Studio Master 16.8 2, brand new

C3950

Dolby 360
Dolby 361

C8,500

INDEX TO ADVERTISERS

18

30
14, 28
13, 15, 17, 19, 44, 65, OBC

HW International

45

Hardware House
Harrison
Hayden Laboratories
HHB Hire & Sales
Hilton Sound

29

ITA
ITC
Kelsey Acoustics Ltd
Kinsley Music
Klark Teknik Research Ltd
Lexicon
Lexicon Inc

Magnetic Tapes
Marquee Electronics
Mike Fraser Film Services Ltd
Music Lab Hire Ltd
MXR Innovations

Otari

65
10
4

77

7, 9,

11

19
8

28
75
15

57

92
33

27
14, 30

35
88, 89

Pan Communications Inc
Playback Studio

77
28

Rank Strand Sound
Rebis Audio

71

Scenic Sounds

Sony Broadcast Ltd
Soundcraft Electronics Ltd
Soundout Laboratories
Stage Accompany
Studer
Studio Spares
Surrey Electronics
Syco Systems Ltd

Tannoy Products
Tape Marketing
Tape Talk
TC Electronics
Technical Products

Tektronix
Toa Electric Co Ltd
Trad Sales & Services
Trident Audio Developments I. td
Turnkey
Valley People

24

37,57
38, 39, 50

WC
43

26

OBC
12

48
79
16
14

28
82
49
59
26
22
32
20, 21, 23
17, 44

From

reel to reel

from batch to batch
from
delivery to delivery
quality
and consistency.

CHARACTERISTICS
SPREAD
Compelling characteristics of SPR 50 LH
are not only its
excellent and well
balanced electroacoustical properties
but especially also its
consistency. (Narrow
tolerances for all
characteristics.) You
know what it means when things go fast and
furious in the studio: No time for adjusting or
aligning.
IN

You have to be able to rely on a tape whose

characteristics remain; both unchanged and
top quality.
BASF's SPR 50 LH gives you this surety.

Reliable in operation
BASF SPR 50 LH.

BASF Aktiengesellschaft
Gottlieb-Daimler-Str. 10

-6800 Mannheim 1
Telephone: 06 21/40 08 -1
Telex: 464 990 basf d
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When you come to choose
your new multitrack, deciding
on a Studer will probably be
easy. What will be a little
more difficult will be which
Studer to take - the new
A80 /VU Mk III or the new
A800.
Both machines are superb
examples of Studer precision.
Both come with the new

narrow head block that cuts
the travel distance between
the erase and record heads to
88 millisecs at 30 ips (now
available as a conversion for
existing A80 /VU models).
And both are available in
several tape width /channel
number configurations.
Whatever your criteria,
choosing between the

A80 /VU Mk III and the A800
won't be easy. But then Studer
never have been in the habit
of taking the easy way out when
it comes to performance.

STUDER
CH-8105 Regensdorl lt

I

phone

(01) 84029 (0

FWD. Bauch Limited
49 Theobald Street, Boreham Wood, Hertfordshrre WD6 4RZ
Telephone 01- 953 0091, Telex 27502
STUDER REVOX AMERICA INC Nashville Telephone (615)254-5651

STUDER REVOX S A R L Paris Telephone 533 5858

STUDER REVOX CANADA LTD Toronto Telephone (416) 423 -2831

