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Andio phase scope provides permancnt
display of amplitude and phase relation-
ship of left and right sterco signals

Wireless talkback systen uses a PCM
encoded infra-red handset

G Plus consolvs additionally provide:

® 3.5IN DISK DRIVES

W AUDIO PHASE SCOP=

% WIRELESS TALKBACK SYSTEM

% AUTOMATED SOLO

% VIDEO SWITCHER

& G SERIES OR E SERIES EQUALISERS

# SSL’S OWN LINEAR CRYSTAL.
OXYGEN-FREE CABLE

® REDESIGNED IGROUP AND MAIN
MIX AMPS

& PAIR OF PPM METERS

& PUSH/PUSH SWITCHING TO MUTE
AUX MASTERS

= LISTEN MIC PDST-COMPRESSOR
OUTFUT TO PATCHBAY
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® BUFFERED MAIN OUTPUT
DISTRIBUTION

# SECOND MINI SPEAKER OUTPUT

8 GROUP CROSS-NORMALLING

BLACK TRIM STRIPS

Onu consoles of 72 channels or over:

® A FULLY-CONNECTORISED REMOTE

PATCHBAY BECOMES A NON-
CHARGEABLE OPTION
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"YOU WANT TO DO

WHAT I?!"

) there he was, this client, for want of
a better word, telling me, in no
uncertain terms we needed a piece long ago
consigned to the bin. I could see myself burning the
midnight oil again, desperately trying 10 find this 3
second out-take from the 2000 feet on the cutting

room floor.

And what about the night before! I'd mixed down a
couple of nifty, if a little time-

consuming crossfades,

then realised | had a
problem - all

the edits

-v

W

/

frem earlier that evening also needed crossfades to
dover the gaps. Oh well, Sleep’s overrated anyway!

It's just something else to doin bed!

I should ve listened to Jim! i'd just replaced my
ageing tape deck with a gleaming new machine when
he said, "You could gel a complese SADIE system for less lhen
that - real-lime crossfades. non-dectruclive editing and so fast to

us?, it’s incred ble!”

What next! I need more tape.

more time less grey hair.......
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b Suiitio o & Vldeo Ltd
The Old School, Stretham
Ely, Cambridge

CB6 3LD. UK

TEL: +44 (0)353 643888
FAX: +44 (0)353 648867

*Wandows 3.1 is a registered trademark of Microsnit fnc.

Studio Audio & Video Ltd. reserve the right lo change
specifications withput prior notice.

For a list of overseas distributors
coniac! Studio Audio

USA & CANADA

Studio Audio Digital Equipment Inc
P.0 Box 4392, Ann Arbo
Michigan 48106

USA

TEL: +1 313 572 0500
FAX: +1 313 434 2281

Windows 3.1* on 48€ host
computer

Rapid graphical editirg
Clear user interface

Local SCSI drive fast audio
access

All crossfades calculated in
real-time

Fully non-destructive,
sample accurate editmg

Up to 8 track playback with
real-time mixing

Unique Trim Window
allowing real-time
adjustment of audio

Jog and shuttle scru
modes

AES/EBU, SPDIF and :
analog I/0 |

All standard sample rates
Full SMPTE timecode
support with chase and
trigger lock

16, 20 and 24 bit digital .
audio editing .

Bounce down

Overdub

Reverse playback
Real-time dynamics control
Real-time EQ

Real-time digital
resampling

Rea[-ﬁme duration change

Real-time noise reduction

BRITISH INNQVATION :
e,

MANUFACTURED IN THE
EUROPEAN COMMUNITY BY
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One of the undisputed consequences of technological progress is that of ‘more flash for
less cash’. Performances previously associated with equipment priced exclusively at a
‘professional’ level are now readily available to the semipro and even purely amateur
recordist. The accessibility of such equipment to lower levels of the recording market
does not, of course, prohibit its use in fully professional facilities—a couple of cases might
be those of certain digital signal processors and consumer DAT recorders. Yet while
many of the repercussions of such budget’ equipment have received much worthwhile
discussion—both privately and through the press—there is one particular aspect I have
yet to see aired.

In our understandable excitement over the advances which make products such as
those mentioned above a commereial viability, we should constantly bear in mind that
the initial outlay involved in incorporating a piece of equipment into a recording studio is
only part of the financial consideration necessary before purchase. In the past we have
been accustomed to levels of service commensurate with both the cost of professional
equipment and the demanding use to which it is put. But what should we expect of
equipment designed—and priced—to have an altogether different appeal? Tie this up
with the fact that fewer studios are providing on-site maintenance departments, and we
have a recipe for disaster.

The situation is complicated further when we consider equipment deliberately pitched
to find itself in both pro and nonpro applications. Take the Alesis ADAT and the Tascam
DA-88 as a couple of very topical examples—what level of reliability can we reasonably
expect from them and, more pertinent to this discussion, what should we reasonably
expect in the way of backup and service?

Without wishing to suggest that any of the gear I have mentioned is unreliable, both
DAT machines and the new breed of tape-based digital multitracks are inherently
mechanical in operation, and carry with them a mechanical level of failure liability.
True, the same can be said of preceding generations of professional analogue tape
machines—except that these were unequivocally presented, priced and supported as
professional. Can we reasonably expect the same consideration when using this new
genre of equipment?

Let us look at the situation from the point of view of a pro-audio distributor who,
responding to the demands of the pro-audio fraternity, adds a consumer DAT machine to
the catalogue. The machine sells—in some cases as a cost-effective backup to a pro DAT
machine, in others as a cheap alternative. Presented with the rigours of professional use
(a condition for which it was not designed), it proves less reliable than the rest of the
gear in the studio. The studio repeatedly return the machine to the distributor who, by
now, is making a comfortable loss on the deal. Worse for the studio, is that sessions are
now dogged by the machine’s frequent failure. Who is to blame?

Perhaps the solution lies with service contracts; the acceptance of these would give the
supplier the confidence to carry lower-priced items without running the risk of having
either to provide an inappropriate level of support or disappoint customers by declining
to provide a satisfactory service. If we feel reluctant to run something as mundane as
photocopier without a service contract, how can we reasonably hope to run multitrack
machines through the night without a safety net?

Before rushing into your next ‘budget’ purchase, it may be a worthwhile exercise to
recall the initial reluctance with which you consigned your first digital watch to the trash
can on the grounds that it was simply not a financial viability to have it repaired.
Perhaps this is closer to the mind-set required to deal with the next generation of audio
technology. H

Tim Goodyer

Cover: Shure Beta 87 radio microphone



HE WORLD'S LEADING PROFESSIONAL AUDIO
WORKSTATION Now Has Major New
FEATURES, DRAMATICALLY [MPROVED

PERFORMANCE, AND LOWER SYSTEM PRICES,

INCE 1991, THOUSANDS OF AUDIO PROFESSIONALS HAVE COME TO

depend upon the power and flexibility of Digidesign's

Pro Tools* for audio post, music, and broadcast production.
Indeed, vou'll find hits made with Pro Tools on just about any top
movie or music chart, just about any week of the year. In many
circles, Pro Tools is even considered the de facto standard of
multichannel professional audio workstations.

Rather than let this success go to our heads, we let it go to our
brains. And ears. And hands.

You see, we've been thinking. And listening. And working
hard. All to build something even better. Now, it's ready, and it's
called Pro Tools 2.0.

Two Point Oh Wow. I'ro Tools 2.0 is a new, software-based
advanced user interface. Without anv modifications or additional
hardware, 2.0 runs with all past and present Pro Tools hardware.
If you're already familiar with Pro Tools, the first advancement

More Than Specd and Efficiency. The benefits of
Pro Tools 2.0 go far beyond the obvious. For instance, we
improved P'ro Tools' already acclaimed audio quality: Our new
digital EQs are as effective and musical as they are clean. We've
added a host of intuitive automation, autolocation and transport
features. Pro Tools now has a no-wait waveform overview mode.
There's complete time-stamping. Enhanced grouping. Better
scrubbing. More session management options. Bigger, brighter,

Thanks to our new Apogec-clock-equipped SMPTE
Stave Driver;! Pro Tools 2.0 delivers ultra high-fidelity,
ultra low-jitter, nltra-casy digital synchronization in
Playback and record, complete with varispeed.

faster, and more accurate VU metering, Improved MIDI sequencing
and control. Extensive undo commands. In fact, Pro Tools 2.0 has
dozens of new features, and scores of enhancements, for audio
post, music, and broadcast production applications.

You Mictr CALL THAT IMPRESSIVE,

you'll notice is that 2.0 combines tull-featured recording, mixing,

signal processing, automation, along with advanced waveform

and event editing — all in one, easy-to-use, integrated program.
There is simply no other interface as fast, as powerful, as

flexible, and as complete.

Are you a Pro Tools owner who has heen holiling

your breath as you read this aid? Al registered

owners will be offered u 2.0 Upgrade Kit,

inctuding software, new mannals, and an
instructionad video. Al for just $49.

So breathe easily.
...... 1 apply to B-channel, 12 hannel s systems. K e i ™
¢ ot SMPTE Sane Dr the f od a
residents nd " oSt US$68,

There’s Much More To Come. We've become the industry
leader by responding to the needs of the people who use digital
audio. And by listening carefully to people like you, we have a
clear vision of what a professional digital studio should offer.

First of all, it should ofter power, flexibility, loads of features,
and excellent sound qualitv. It should be highly cost-effective,
without compromising performance or quality. It should be
modular, to allow each user to have the power he or she needs,
without having to pay for unnecessary features. It should also be

for playhack,
de Kit

registered diecthy with Digidesign ol



backed up by the best customer support in the entire industry. It's
no coincidence that all of this describes Pro Tools 2.0, perfectly.
A Vision To Share. We believe that a truly professional
digital audio workstation should have a truly open architecture.
By “open,” we mean that you should be allowed to add
software-based power when you need it. (DINR our amazing

Digidesign Intelligent

AVATLABLE S00N!

I'He NEw Pro TooLs POSTVIEW™ OPTION
INTEGRATES FRAME-ACCURATE, FULL-SCREEN,
FULL MOTION RANDOM-ACCESS DIGITAL VIDEO*
wiITH YOUR PrO TooLs sySTEM. THE PoSTVIEW
PACKAGE ALSO FEATURES MACHINE CONTROL*®
FOR PERFORMING CHASE LOCK OF VIDEO DECKS
TO PrO ToOLSs AUDIO. CALL ONE OF THE
DIGIDESIGN REPRESENTATIVES LISTED BELOW
FOR MORE INFORMATION.

*REQUIRES SOME ADDITIONAL THIRI-PARTY HARDVWARE.

Noise Reduction™

system, is the first of many
forthcoming Digidesign
software “plug-ins.”)

By open, we also mean
that vour workstation
should have powerful and
affordable upgrade paths.
(We think Pro Tools 2.0
makes this case quite

Fro Tools 2.0
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system which will allow

Q.00 |AMBENCE-T1
ackgrs
aokar wutrd 24
TEPL-T
HATIH CLOSE

vou to “drop in" DSP

and other cards from
Lexicon, Apogee, and
other leading manufac-
turers. No muss, 1o fuss.
You can even automate
and route your existing
analog and digital gear

within this new, all digi-

elegantly.)

And bv open, we
actually believe that your
professional digital studio

should allow you to inte-

grate hardware and soft-
| 3 ware froni a variety of
i i manufacturers, and not

just us. Which is why, in

1993, we are releasing the

| |

i remarkable Digidesign

TDM Digital Audio Bus—
a 256-channel, 24-bit

s {
2

With our TDM Digital Audio Bus, Pro Tools
offers your studio an open door to the future.

TOOLS

For more information about Pro Tools,
o abuat upgrading to Pro Tools 2.0,
Vou can each us af one of the dealers
listed befow:

Appie CENTER GLASGOW, SCOTLAND
Tr: 041 226 3250

Soune: Conroi-GLascow
Tr: 041 204 2774

Svear Sestews £ -Lowoox

Te: 071 625 6070

S5t WORKSHOP-SHROPSHIRE
T 0691 658550

THe Sramhesizer COMPARY-LONDOK
Te: 071 258 3454
Tursey-Lowoow

Te: 071 379 5148

tal environment. (Of
course, all past and pre-
(] sent Pro Tools systems
ably upgradable to be totally compatible with the Digidesign TDM
Digital Audio Bus.

will be easily and afford-

Now that's what we mean by open.

Make Pro Tools 2.0 Your Reality. Thanks for taking a few
minutes to read what we had to say. Hopetully, we've helped you
understand better the depth of our commitment to the people
who use I'ro Tools today, and will be using it tomorrow.

So while we call it Pro Tools 2.0, you might call it exactly what
vou need. And if so, perhaps your next call should be to us.

digidesignmn

Dicineston Lowoow Ofrice

Te: 0483-740 009 * 1360 WILLOW ROAD « MENLO PARK «
I Austhatin ConTact: Ae o o4 0
SaMT Te: 3416 9688 C USA » 94025 15.688.0600
1k New Zesiann Conmct: o 48 RUE DES TOURNELLES o
ProteL Tei: 4-385 4874 75003 PARIS « FRANCE » +33.1.40 27 0967

San Francisco o Los AnceLes o New YoRrk
CHICAGO © NASHVILLE @ PARIS @ LONDON
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In-brief

® 12-day month charging FX

FX Rentals is now offering a '12-day
month’ charging scheme, as well as it
existing ‘4-day week’ option, on all
rental equipment apart from digital
multitracks—customers who hire any
such item from FX Rentals list for four
weeks will pay for only 12 days hire.

® Mikros Image win internationally
Paris-based video postproduction
company Mikros Image has taken three
major prizes at the International
Monitor Awards in Los Angeles. The
International Monitor Awards, America’s
leading showcase for the electronic
postproduction industry, attracts
competitive entries from around the
world, notably Europe and The Pacific.
@ ISDN user show doubles in size
Rapid growth in demand for ISDN
services and products, as witnessed in
figures recently announced by BT, has
led the organisers of The ISDN Show to
double the available exhibition space for
the 1994 show, which was held for the
first time in February this year.

@ Skillset launch research project
Skillset, the industry training
organisation for broadcast, film and
video is working on an important
research project looking at employment
trends and training needs in the
industry. The results will show how
freelancers and those working in the Set
Craft and Radio sectors entered the
industry, their employment histories,
the training they have received in the
immediate past and most importantly,
what training they feel they need for the
future. Employers in the industry will be
asked at the same time for their views.
The results will then be analysed and
made widely available in February 1994,
@® AESSC Computer Committee meet
The Audio Engineering Society
Standards Committee working group
SC-10-2 met in June working on their
computer-controlled sound system
application protocol. Fifteen people
were present, representing 11
companies: Altec Lansing, Crest Audio,
Crown International, ETA Lighting , IED,
Lone Wolf, Rane Corporation,

THAT Corporation, The Golder Group,
Theatre Design Associates,

and White Instruments.

® Ted Snider receives NAB award
Ted Snider, owner of KARN-AM, AR,
was named the 1993 recipient of the
National Radio Award. The National
Radio Award recognises significant
contributions and a lifetime of

service to the radio industry.

® 25 years for Record Plant

The Record Plant, Hollywood is 25
years old. It is 25 years since the studio
was launched as a creative workshop.

8 Studio Sound, September 1993

International News

Harman
International

buy AKG

Harman, in an official press release
announcing fourth-quarter results
also confirmed in principle the
purchase of AKG, the Austrian
microphone manufacturer, ending
speculation about the takeover. The
agreement includes an option to
acquire a remaining minority
interest. The ultimate acquisition is
subject to approval by the respective
boards of directors.

Dr Harman commented on the
acquisition. ‘The acquisition of AKG
will represent a significant step in
the continuing development of
Harman International’s strong
capabilities in the professional audio 5
business. AKG’s combination of world
class products, excellent engineering I-akeSIde scene
and manufacturing facilities
throughout the world and its splendid Lakeside Associates are to design a
reputation will provide significant new postproduction complex for
support for out very strong Cutters in Chicago.
professional audio group.’ The new facility will comprise two

That group now includes AKG, mix-to-picture and music recording
dbx, Orban, BSS, Quested and control rooms, a large studio
Turbosound as well as 30% of Amek  recording area, a common voice
consoles. Harman already own narration booth, a Foley recording
Sounderaft, JBL, MBI, area, and a technical machine room.
Allen & Heath, EAW. DOD, and Urei, All rooms are scheduled for a
making it the biggest pro audio November opening.
distributor in the world. Cutter’s audio director John

The Firm posted by Fairlights

Production dialogue for this
Autumn’s hit movie The Firm, was
completed at Todd AO Glen Glenn
Sound using Fairlight MFX2 digital
audio workstations. A total of three
24-track systems were leased for the
project.

Audio from digital source
recordings was auto loaded using
‘Film EDL’ process developed by Todd
AO. Film EDLs’ were loaded into
MFX2 via Shotlister, a video edit
management system. Loading via
9-pin-controlled DAT machines
proved to be extremely fast method
for acquiring the necessary
production takes.

Additional editing was then carried
out on the Fairlights. This involved
cleaning up the picture editor’s work
tracks in order to deliver smooth
tracks to the dubbing stage. Playback
and editing was possible from both
mediums simultaneously. A third

’.

Tom Cruise in sentimental mode

machine was used during the predub
and mixing process for The Firm. The
project was heralded as a huge
success considering the fact that this
was an 18-reel film loaded with
intensive dialogue.

Tele-cine’s Michael Narduzzo uses the recently installed Logic 2 digital mixing

desk to complete audio postproduction of the new BBC documentary series,
The Skipper. The facility carried out all postproduction including telacine,
video editing and dubbing for the six programmes.

Binder commented, ‘The new addition
to our facility will expand the type of
all-digital system designed to work
with BTS D1 component digital
VTRs, and a variety of digital audio
recording formats. Each control room
will offer full LCR and split surround
monitoring.

‘For today’s all-digital audio-video
projects, you can't cut corners on the
soundtrack’

Turbosound and
Funktion One sign
technology deal

Turbosund and Funktion One have
signed an agreement licensing
Turbosund to manufacture and
market a new range of enclosures,
collectively known as ‘Floodlight’,
incorporating Funktion One’s new
Axehead technology.

The Floodlight format of ‘Axehead’
technology uses Turbosound
Flashlight’s dynamic ability, but in a
smaller package, with twice the
horizontal dispersion angle of
Flashlight. Another feature of the
new product is the absolute physical
time alignment of the transducers
giving even greater extraction of
detail and information from the
source signal.

The system has already been used
by Britannia Row on the Peter
Gabriel Secret World Tour and on
recent shows with Depeche Mode and
Neil Young.



Sonosax buy StellaDAT company

Sonosax SA of Switzerland have just
announced the takeover of Digital
Audio Technologies SA, the
manufacturer of the StellaDAT
professional R-DAT recorder who
recently ceased trading. Sonosax
commented that they have taken up
the challenge to ‘optimise the
StellaDAT product’ which was first
announced by DAT several years ago
but not finally delivered until 1992.
Without changing the basic
concept of the machine, Sonosax
intend to undertake significant
modifications in the power supply
and the analogue audio sections.
This, they claim, will result in a
machine that does not overheat. The
time code board has been finalised
and can be delivered immediately.
At this stage Sonosax cannot

Sony at the Poles

Poland’s radio station, Radio Opole
has voted for a digital future with
the purchase of two Sony
DMX-B4000 on-air consoles.

The consoles are to be installed at
the station’s new studio complex
sited at the former Palace of Culture
building and should be operational
around the end of October.

Sony have a further stake in the
Polish operation in the form of CD
players, auto disc loader/players,
DAT machines, a convertor system
and distribution amplifiers.

A ‘second stage’ in the digital radio
project is described by Sony’s Damir
Begovic as an all-digital complex to
be built in Warszawa.

confirm definite delivery dates for
the machine, but the AES Show in
October is one possible deadline for
presenting the first StellaDAT in its

StellaDAT—in its old, familiar guise

Carousel evolves for Theatre Projects

Theatre Projects Sound has won the
sound system hire contract for
impresario Cameron Macintosh’s

12 x 24 matrix and 12 VCA masters

Ny
Carousel's 65-input front-of-house CADAC J-Type with

Show Preview

AES Technical Pa

The 95th AES Convention in the
Jacob K Javits Convention Centre in
New York will have its usual round
of technical papers. Some highlights
promise to be in the Multimedia
sessions. Subjects include Future
Human Interfaces to Computer
Controlled Sound Systems presented
by Bob Moses of the Rane
Corporation and Craig Rosenberg of
the university of Washington; Audio
for Multimedia in Russia presented
by Alexandre Gorodnikow; and The
Role of Broadcasting ina
Multimedia Environment by Skip
Pizzi, Editor of Broadcast
Engineering magazine in the USA.
Other subjects being covered by

per Sessions

papers include The Variability of
Loudspeaker Sound Quality between
rooms; Multichannel Sound
Reproduction in Larger Rooms; and
Nearfield Monitors: They May be
Monitors but they are not Nearfield.

Technical Tours include Channel
13/WNET/PBS; Rodgers and
Hammerstein Archives of Recorded
Sound. Workshops include
Computer Control of Sound
Systems; Professional Practices and
Job Strategies in the Nineties and
the Century to come; and Audio in
the Age of Multimedia.

The AES will be held from 7th to
the 10th October 1993.

new modified form. Sonosax forecast
a delivery schedule, starting
January-February 1994.

West End production of Carousel.
The classical musical open’s at

London’s Shaftesbury Theatre in

wge  September after
B an acclaimed run
earlier this year
at the National
Theatre.

Theatre
Projects had
supplied
Sennheiser radio
mic systems for
the National
Theatre rur.

For the new
production, the
same sound design team, Mike
Walker and Paul Groothuis, awarded
TP the whole audio hire contract.

Theatre Projects is supplying a
Cadac J-Type Series desk; Yamaha
PC4002M and P2700 amplifiers;
Yamaha processors; BSS processors
and 24 Sennheiser UHF radio
microphone systems.

Loudspeakers comprise bi-amped
Tannoy 3836s, Bose 302s, JBL
Control Ones, and Canon V100s for
surround sound.

“The contract,’ comments Theatre
Projects sound hire manager Rachel
Henshaw, ‘reflects the service we
provide for the National Theatre
production and our experience with
complex West End theatre
productions.’

Theatre Projects.
Tel: 081 575 5555.
Fax: 081 575 0105.

Contracts
® TAKE THAT! and a DDA desk
Writer and singer Gary Barlow of the
TAKE THAT! pop group has installed a
DDA Forum Composer in his private
studio in Chesire, UK. Comedian
Freddie Starr has bought a DDA
AMR24 console for his private
recording studio in Berkshire.

® Logic finally comes to the press
A Logic 2 desk from AMS-Neve has
been bought by Seikyo Newspaper in
Tokyo. This will be installed in the
postproduction facility of their Buddhist
organisation. Pioneer have also
ordered a Logic 2 for its Laser Active
Project which will produce high
definition laser disks.

@ Stirling Audio supply Oasis
London pro-audio supplier Stirling
Audio has recently supplied Oasis TV
with a wide range of equipment
including an Otari DTR-90 DAT
machine, a Lexicon 300, an Alesis
ADAT, and some AKG C414 mics.

@ AudioVision is first in Wales
TaranStudios has become the first
studio in Wales to buy Avid's
AudioVision, their newly launched
digital sound editing system

® Sony 48-track from FX Rentals
FX Rentals has added a Sony 3348
48-track DASH digital muititrack
recorder to its stock.

® SoundStation—born to cut

Cut! A fully digital video and audio
postproduction facility in the
Dusseldorf area, has installed a
16-channel DAR SoundStation Sigma
digital audio workstation.

® Revox Studio package to Russia
ASC have recently sold a complete
Revox Studio package to a new radio
station in Russia. The package
includes ASC DART floppy disc cart
machines as well as the Revox MB16
desk and system furniture.

® Sennheiser’s 27 channel Blvd.
Sennheiser's EM 1046 switchable
frequency-diversity radio system is
part of Andrew Lloyd Webber's hit
musical Sunset Boulevard.

27 channels of the new

Sennheiser system fulfil the total
radio requirements for the show.

¥ Aja aim for new artists

Aja Productions have set up a studio
to attract new artists for production and
recording deals. Its a 24-track ADAT
digital facility. Aja Productions.

Tel: 0252 344029
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Each of the images in this ad
has a unique story to tell. Happily.(t\
they're all stories of success. Identify
those images and you could win a
Jeroboam of fine champagne, courtesy
of Studio Sound and Haseldine Wood
Associates.

They’re some of the ideas that
have helped create marketing
successes and strengthened customer
loyalty for our clients. As an
advertising, marketing and design
agency Haseldine Wood knows how
the power of ideas can spur great
business even in a recession.

A memorable brand image
keeps your products or services up
front in people’s minds. Powerful,
strategic creativity focuses your message
and underlines your corporate heritage.
With the right mix of advertising,
direct mail or brochures, you can top
every prospective customer's list.

To win that Jeroboam, simply
complete and post the coupon — the
winner will be drawn from correct
entries received by 31 October 1993.

And to make your marketing
budget work harder, call Haseldine
Wood Associates now on 081 675 9227
for an informal chat.

HASELDINE WOOD
ASSOCIATES

ADVERTISING, MARKETING & DESIGN

‘THE POWER OF IDEAS
. Philip House, 8 Ravenswood Road,
London SW12 9P}
Tel: 081 6759227 Fax: 081 673 0068

STUDIO
SOUND

Spotlight Publications Limited,

Condttions: 8th Floor, Ludgate House, 245 Blackfriars Road,
No purchase is London SE1 9UR J
Judges decision is final. Tel: 071 620 3636 Fax: 071 401 8036

)
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WIN A JEROBOAM OF CHAMPAGNE

To enter, write the number of each advertising
image in the box alongside the appropriate
company or product and post the completed
coupon to Studio Sound, Spotlight Publications
Lid., 8th Floor, Ludgate House, 245 Blackfriars
Road, London SE1 9UR, United Kingdom.

The winner will be drawn from correct entries

received by last post on 31 October 1993.

Klark Tekntk
DN 3600 G

Martin Audio
F2 System

Hilton /]  Klark Teknik

Sound &_l DN 728

Klark Teknik | Midas

DN735 S| X3 ]
NAME

POSITION
COMPANY
ADDRESS

POSTCODE

Pleasc tick

a

1 would like more information on the strategic and
creative services of Haseldine Wood Associates

1 would like a Studio Sound Medha Pack
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YOoUu DON'T HAVE TO
TIE A KNOT IN IT...

...to remember the name of the world’s best
audio cable. Still, it's good to know that
Mogami’s unique construction not only
makes it so flexible, but also makes it easier
and quicker to wire a complete installation.

Mogami sounds better too! So, with a wide
range, from muiticore to patchcords — all
designed to be better — Mogami is the cable
for every application.

‘mocami—- (71624 6000

Stirling Audio Systems Ltd., Kimberley Road, London NW6 7SF » Tel: 071 624 6000 » Fax' 071 372 6370

St. ' | .
D I I g or contact your local Mogami distributor



Beyer Wireless

BeyerDynamic have introduced a
range of three new wireless systems,
all operating on approved frequencies
and offering a choice of single or
diversity operation. The single
channel system, the S150, features a
tuned multipole front end which
reduces the possibility of drop-out, RF
and audio LED indicators, a rear
mounted telescopic antenna and
unbalanced output via a "sinch jack
socket. Transmitter options are a
newly designed hand-held mic, mini
mic and belt pack, or guitar.

Both the $250 and S350 are
diversity systems, the latter being
true diversity with two independent
receivers. Features include a tuned
multipole front end, RF, audio and
A-B indicators, all metal heavy duty
construction and unbalanced high
level output via a Y«inch jack.

Additional features of the S350 are
a MUTE switch, balanced output via
XLR connector, rack ears, and its own
aluminium flight case. The §250
boasts the same transmitter options
as the single channel S150, while the
8350 offers, in hand-held format, the
TG-X480 head.

UK: BeyerDynamic (GB) Ltd, Unit
14, Cliffe Industrial Estate, Lewes,
Sussex. BN8 6JL. Tel: 0273 479411.
Fax: 0273 471825

US: Beyerdynamic, 56 Central
Avenue, Farmingdale, NY 11735.
Tel: +1 516 293 3200.

Fax: +1 516 293 3288.

Sennheiser
dynamics

Sennheiser have launched a new
series of professional quality dynamic
microphones in the UK. The MD
series of musician’s mics combines
tough construction, reliability and
good sound reproduction.

MD511 and MD512 are cardioid
general purpose models while the
supercardioid MD515 and MD516
provide even higher levels of feedback
rejection and ambience elimination

The tough MD Series

The new Wireless act from BeyerDynamic

for live vocal and spot miking
applications.

The MD series benefits from
computer optimised design
techniques, used to exploit the
intense field strength of the
neodymium-ferrous boron rare earth
magnet system. The polymide
construction ensures low levels of
handling noise further reduced by a
new elastic suspension which isolates
the capsules.

UK: Sennheiser UK, Knaves Beech
Business Centre, Loudwater, High
Wycombe, Bucks, HP10 9QY, UK.
Tel: 0628 850811. Fax: 0628 850958.

Black Box stands

Recording Architecture makers of the
Black Box Acoustic Conditioning
System, have developed a
‘professional’ monitor stand. Designed
through exasperation with readily
available product, they have been
producing these stands as one-off
items for incorporation into their
acoustic treatments in projects where
flush-mounting of monitors is
inappropriate or just too expensive.

The Black Box Monitor stand has
been designed with maximum rigidity
and damping in mind. With a stand of
over 1m in height, the footprint must
also be in the order of 1m to maintain
stability but by maximising rigidity in
the plane of speaker diaphragm
motion they have kept the footprint
down to manageable proportions.

The stand is designed to be inert
—incapable of imposing any of its
own characteristics (for example
resonances) on the perceived output
from the loudspeaker. To achieve this,

the metal rectangular tubes which
comprise the legs and uprights are
double sections welded at crucial
points, allowing frictional contact
between the two sections, this
together with the MDF saddle damps
any significant potential resonances
in the frame.

Recording Architecture,

21-23 Greenwich Market, London
SE10 9HZ. Tel: 081 858 6883.

Fax: 081 305 0601.

Micron
Transmitter

Audio Engineering, manufacturer of
the Micron range of radio microphone
equipment, announces the launch of
the TX631, a switchable-frequency
pocket transmitter. The new unit
could be of especial interest to
independent operators and hire
companies, as it can be specified with
a choice of three frequencies within a
1.2MHz band, selected from any one
of the nine standard frequency
groups.

The switchable frequency options,
available across the 150MHz to
300MHz range, allow users to cater
for broadcast, independent production
and fixed site applications. The
TX631 exhibits a wide bandwidth and
a 110db dynamic range, achieved by
its switchable CNS compander
system.

Audio Engineering, 3rd Floor,
Fitzroy House, Abbot Street,
London. E8 3LP, UK.

Tel: 071 254 5475.

Fax: 071 249 0347.

In-brief

® DGS Pro-Audio connectors
Deltron Components, the UK-based
manufacturer of audio connectors
and cable assemblies are launching
an extension to the 7000 Series
Panel Mount Multipole (XLR)
connector range, a ‘/s-inch jack plug
programme and an extensive
offering of phono (RCA) plugs.
Deltron Tel: 081 965 5000.

® Digital Companion upgrade
Troisi Inc are offering the first of a
series of upgrade modules for its
Digital Companion series A-D and
D-A convertors. The newest plug-in
module is a 5th-order sigma delta
18-bit A-D convertor. Northeastern
Digital Recording Inc.

Tel: +1 508 481 9322.

® Vitalizer goes stereo

Sound Performance Lab of Germany
have launched a ‘true stereo’ vérsion
of the Vitalizer. The new unit will
appeal to people who want the
Vitalizer sound with no stereo drift.
The Home Service.

Tel: 081 9434 949.

® VSP expands Digital Domain
Digital Domain expands its problem
solving product line with the VSP,
available in two models. This digital
audio control centre features a
record and monitor selector, external
processor loop, sample rate
convertor, and crystal-locked jitter
eliminator. The VSP reclocks digital
audio signals with a crystal oscillator,
stopping jitter. It minimises or
eliminates sonic differences between
CD transports, DAT machines and
jittery digital signal processors.
Digital Domain.

Tel: +1 212 369 2932.

® JVC mini DAT

After last month’s smallest-ever DAT
contender from Sony, comes JVC's
XD-P1 Pro weighing in at

12.5 ounces.The unit's integral
package boasts a DAT recorder and
M-S microphone with digital output.
The P1 features a 1-bit A-D
convertor with a fourth-order noise
shaper and 64x oversampling digital
filter and dual D-A convertors are
featured. The main unit measures
77.8mm x 36.9mm x 119.1mm. The
supplied rechargeable battery
provides 3 hours of continuous
playback and 2.5 hours of
continuous recording. Running on
the optional long-hour rechargeable
battery, the XD-P1 plays for 6 hours
and records for 5 hours.
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In-brief

® Aware Speed of Sound Library
Volume 1 of Aware's new Library is
SFX. Seven hours of audio on one
CD-ROM disc, with over 1,200
digitally recorded stereo sound
effects and on-board BrowsFX,
interactive search and audition
software. Aware Inc.

Tel: +1 617 577 1700.

@ Software for DDA Pro-File
DDA's 24-track recording and
production console Profile, has a
new release of enhanced software
for its own Pro-File automation
system. The new software allows
machine control either via MIDI using
the MMC code, or via an Audio
Kinetics PACER synchroniser.

DDA. Tel: 081 570 7161.

A Popper Stopper beats tights
The Popper Stopper could put an
end to the traditional tights-on-
a-hanger school of pop fitters. It has
a 4 or 6-inch double-sided screen
with nonreflective black hardware. Its
clamp-and-gooseneck design allows
easy attachment to stands.

Stirling Audio. Tel: 071 624 6000

@ Otari’s ProDisk BackUp station
Otari's BackUp station provides a
low cost solution to time consuming
backing up and restoring files for
Digital Work Stations. It consists of a
storage unit chassis which can hold
up to five of Otari's removable disk
drives and an Exabyte 8500 8mm
tape drive. The system is

controlled by a Classic I up.

Otari US. Tel: +1 415 341 5900.

@ Denon Pro use cassette deck
Denon have launched the DN-720R
cassette deck built from scratch with

professionals in mind. Features
include long life amorphous heads
offering up to five times the life of
conventional ones; 19-inch
rackmounts and external access
to the tape transport

logic for integration.

Hayden. Tel: 0753 888447.
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After years of one-offs the Black Box Monitor stand arrives

Four-way Nady

Nady Systems have introduced the
RW-3 UHF wireless system. The
system features four user-switchable
channels on the receiver and
transmitters. Nady also claim the
first truly quiet RF link in UHF
wireless. Their director of sales
Howard Zimmerman explains: ‘Due
to physical problems inherent in
designing UHF wireless, other
systems suffer from noisy RF links.
Therefore it is not uncommon for a
wireless company to offer a UHF
system that is 5-10db noisier than
the same company’s VHF systems.’

The RW-3 uses Nady’s patented
companding circuitry to deliver a
dynamic range of 120db and also
features True Diversity reception,
balanced and unbalanced output,
three-way power option and rack
compatible.

Also new from Nady is the 950GS
UHF wireless system available with
40, 100 or 160 user-selectable
channels. The system is rackmount
and features True Diversity
frequency synthesis and Nady’s
exclusive hiss mute circuitry which
helps maintain audio quality as the
user moves to the outside limit of the
systems operating range.

The Nady 2000 is the company’s
top of the range VHF system
available in instrument, hand-held

and lavalier configurations. The 2000
supersedes the well established 1200
series.

The 750 VHF Dual Discrete
Channel wireless system consists of
one compact, rackmount unit
featuring two complete true diversity
receivers operating on two different
VHF high band frequencies, and a
choice of two transmitters—lavalier,
hand-held microphone or musical
instrument body pack.

Nady Systems Inc, 6701 Bay
Street, Emeryville, CA 94608,
USA. Tel: +1 510 652 2411.
Fax: +1 510 652 5075.

Carver protects

Carver Professional is introducing a
new PM Series of stereo power
amplifiers, each one designed from
scratch for professional use. One of
the first models is the PM-420, rated
at 200W at channel into 4Q suitable
for musical instrument amplification,
home studio or small club use.

The unit features comprehensive
protection circuits including DC fault,
thermal overrun, and output short.
Loudspeakers connected to the
PM-420 are protected by a clipping
eliminator circuit and output muting
relays for on-off transient
suppression.

Carver backs the amp with an
impressive five-year parts-and-labour
warranty.

Carver Professional, PO Box
1237, 20121 48th Avenue W,
Lynnwood, WA 98046, USA.
Tel: +1 206 775 1202.

Fax: +1 206 778 9453.

Studiomaster
STAR

The STAR system from Studiomaster
is a versatile console design for
recording, club installations, and
keyboard mixing. There are 38-inputs
of which ten are stereo. Additional
features include two assignable
parametric EQs; four AUX buses;
choice of PFL and SIP monitoring;
two-track copying facility and
balanced left-right outputs. Stereo
STARFX signal processors can be
fitted in the two front panel effects
ports.

Retail prices in the UK are £920
plus VAT for the STAR system and
£75 plus VAT for the STARFX stereo
gate and compressor.
Studiomaster, Studiomaster
House, Chaul End Lane, Luton,
Beds. LU4 8EZ.

Tel: 0582 570370.
Fax: 0582 494343.

Gambit Series

Daniel Weiss Engineering, designer
of the Harmonia Mundi Acustica
bw102 modular signal processing
system, has now launched the
Gambit Series. The first products
available are the Advanced
Noiseshaping Redither (ANR) and the
Sampling Frequency Convertor
(SFC1).

The ANR smoothly reduces the
wordlength from up to 24 bits down
to 16, 18 or 20 bits without
introducing any quantisations or
noise modulation. The residual noise
is shaped according to the human
hearing curve, making the dither
noise less audible.

In addition the ANR serves as a
format convertor between AES-EBU,
S-PDIF, SDIF-1 and SDIF-2 formats.

The SFC1 converts between
arbitrary and even time varying
sampling frequencies. The SFC1
model incorporates an Advanced
Noiseshaping Redither (ANR) at its
output while the SFC1A model comes
without the ANR. .

Daniel Weiss Engineering,
Florastrasse 10, 8610 Uster,
Switzerland. Tel: +41 1 940 20 06.
Fax: +41 1940 22 14.



Try a Sony DASH recorder, and you might find that nothing else will do.
It's hardly surprising.
You'll be experiencing all the creative freedom and sound
quality of the world’s most popular digital multitrack format.

And that's before you count the studio time and budget

benefits. Sony DASH recorders

After you’ve u sed offer faster operation than any
D As H fr om s ony comparable machine - digital or
l l t- tr ? k analogue. They're easy to use.
you rusual mu ' ac And of course, because they're
may need DASH, you use less tape.

some modifications. And in action?
The Sony 48track offers

the ultimate in digital recording. There's on-board sampling, full
time-code chase synchronisation - and you can even bounce all
48 tracks at once.

Our 24-track needn’t cost any more than some analogue

multitrack systems. Yet with &

fourteen different hardware

options, you can tailor it precisely

to your needs.
And at the highest level, you can actually incorporate all thé
features of its 48-track big brother.
What's more, both units are fully compatible with each other,
and easy tointegrate into existing analogue and digital environments.

All sounds pretty good? Just wait until you hear them.

Sony Broadcast ; ;

International

To: Marketing Communications Department, Sony Broadcast international, Jays Close, Viables,
Basingstoke, Hampshire, RG22 4S8, United Kingdom.

Please send me more information on DASH multitracks, plus a copy of DASH World magazine.

Name

[¢] i 1

Address

I I
I I
I I
I Position I
I I
I I
I I

Postcode

SONY.

SONY INTERNATIGNAL ERS, JAYS CLOSE. VIABLES. BASINGSTOKE, HAMPSHIRE, RG22 4S8, UNITED KINGDOM
SINPLY CALL US ON: RMSTERDAM 020 581911; ATHENS 01 2818273; BASINGSTOKE, UK 0256 4836t:6; BEIRUT 01 582000; BRUSSELS 02-7241711; COLOGNE 0221 59660, COPENHAGEN 042 935100: DUBAI 04 313472; HELSINKI 0 50291; JEDDAH 02 5440837; LISBON 01 857 2566;
MADRID (9% 536 5700, MILAN 02 51838440; 0SLO 02 2303530; PARIS 01 4945 4000; ROME-06 549 231; STOCKHOLM 08 7950800; VIENNA 0222 61050; ZURICH {SCHLIEREN) 01 733 3511; CZECHOSLDVAKIA, HUNGARY, POLAND, ROMANIA, - VIENNA 0222 5454240;
EAST CENTRAL EUROPE (OTHERS) - UK 0256 483254; MDDLE EAST/NORTH AFRICA - GENEVA 022 7336350; AFRICA - UK 0256 55011. Sony is a registered trademark of the Sony Corporation, Japan.
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Yamaha SPX990

It is becoming difficult to remember a
time when there was no such thing as
a Yamaha SPX effects box. There can
be few people in this business who
have not at some time been on fairly
intimate terms with one, and the
various models are so much part of
the furniture that it is easy to
overlook the fact that, in terms of
operational ease and programming
flexibility, they are in danger of
looking dated.

Yamaha, however, are awake to
the danger, and have replaced the
SPX900 with the SPX990, behind
whose deceptively familiar front
panel lie enough up-to-date features
to bring it in line with the current
competition. Two areas in particular
have progressed considerably as the
various companies have vied with
each other to produce the ultimate
toybox. The most obvious is the huge
selection of effects often provided,
together with the endless ways in
which they can be combined. The
SPXs have always required that a
new program be created by editing a
similar existing one rather than
building one from scratch, which can
be limiting and frustrating; for
instance, you can not even change
from a hall reverb to a plate without
starting again on a different program.
This is substantially changed in the
990, although not without retaining a
few constraints.

Yamaha have adopted the multiple
block approach, with a Main effects
block sandwiched between Pre and
Post blocks. The Pre and Post
sections offer a choice between 3-band
EQ, compression and a Harmonic
Driver (flexible enhancement); in
addition, the Pre effects block has a
Distortion option, combining variable
distortion with compression and EQ.

around within any program, but this
is not the case with the main effect
block, which (as before) is fixed for
each program. This means that any
new effect must use an existing
program containing the required
main effect as its starting point,
although this is less of a bind than it
used to be because the reverb
algorithm (hall, plate, room and so
on) is selectable within each basic
reverb type.

The other area to which passing
years have brought changes is the
method of persuading the unit to do
what you want. The advent of ever
bigger display screens, rotary
encoders and dedicated keys has left
Yamaha’s nudge buttons looking
fiddly and laborious by comparison.
This is perhaps the biggest departure
on the SPX990, which now boasts a
rotary control, more informative
display, and six soft keys whose
functions change with each display
page. This new front panel makes
access to the unit’s parameters faster
and more intuitive; programming is
logical and enjoyable rather than a
chore. The memory capacity is
substantially increased, with
80 factory presets, 100 user memories
and the provision of a memory card
facility giving 100 more memories per
storage card.

Improvements are not confined to
the ergonomics, however; taking their
cue again from developments
elsewhere, Yamaha have
incorporated new effects into the
SPX990, making it substantially
more powerful than previous models.
Two in particular are noteworthy.

The pitch shift presets now include
an Intelligent Pitch function, which
attempts to harmonise monophonic
input signals sensibly in accordance
with a selected key and scale.

Preprogrammed scales include major,
minor, whole tone, pentatonic and
several modes, and you can program
your own scales, which dictate what
interval will be added to each pitch of
the original scale. Thus, to take the
simplest variant, selecting the major
scale will add the relevant thirds
(some major, some minor) to properly
harmonise a simple melody line.
Anyone who has tried to use a
pitch-to-MIDI convertor (or in the old
days, a pitch-to-voltage convertor)
will not be surprised to learn that the
success of this function very much
depends on the nature of the input
signal. Clean sustained guitar lines
and accurately-pitched pure vocal
sounds work very well, while the
further away from these ideals you
get—more vibrato, more breaths,
more overtones—the more trouble the
unit has in trying to determine the
intended pitch, and therefore what
shift it should be applying. Used
carefully, however, this adds a whole
new dimension to the usefulness of
pitch shifting.

The other new feature, again very
musically-orientated, is the method of
controlling delay times in the various
delay algorithms. The delay can now
be directly entered as a note value
linked to a given tempo, so that the
delay will always be, say, a dotted
quaver, automatically changing its
actual value in milliseconds as the
tempo is altered. The tempo can be
entered manually, or tapped in using
the soft keys, or read directly from an
incoming MIDI clock, eliminating the
need for those little bpm-delay time
calculators.

It is indicative of the progress
made in the area of effects boxes over
the years that the sound quality of
the SPX990 can virtually be taken for
granted, with its functionality
probably being of greater interest.
The quality is indeed as excellent as
one would expect, with 20-bit
convertors and a 44.1kHz sampling
rate. Reverbs are crystal clear and
breathtakingly natural, and even old

Yamaha chestnuts such as
Symphonic (where do they get these
names?) have more life and sparkle
than before. Surprisingly, no digital
I-Os are provided, although the
analogue connections are at last via
XLRs alongside 3-pole jacks.

I have two causes for complaint.
Firstly, the sampling (or Freeze)
program remains in mono despite the
full stereo operation of the unit
(including some proper stereo
reverbs) and only has 1.35 seconds of
memory, just like the 900 it replaces;
I had hoped to see something more
along the lines of the SPX1000. This
1s a minor point; the manual is not; it
never ceases to amaze me that a
company of the size and stature of
Yamaha can consistently turn out
such appalling manuals. It cannot
possibly have been read by anyone
whose principal language is English
before going to print. And while some
of the mistranslations are quaintly
amusing, some are misleading, others
are plain wrong, and whole chunks
are little more than gibberish.
Simplifying the operation of the
SPX990 does not remove the
obligation to provide a clear,
informative manual.

This, however, given the will, is
easily remedied, and does not detract
from the SPX990 itself. While there is
nothing earth-shatteringly new about
the unit, it represents an important
step forward for Yamaha, offering a
competitive range of features and
up-to-date operating procedures while
retaining the unmistakable air of
Yamaha quality at a sensible price. §
have little doubt it will soon become
as ubiquitous as its predecessors.

Dave Foister
UK: Yamaha-Kemble Music (UK)
Ltd., Sherbourne Drive, Tilbrook,
Milton Keynes MK7 8BL.
Tel: 0908 366700. Fax: 0908 368872.
USA: Yamaha Corporation of
America, 6600 Orangethorpe Avenue,
Buena Park, CA 90620.
Tel: +1 714 522 9011.
Fax: +1 714 739 2680.
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Yamaha SPX990—the ultimate ‘toybox’?




AN AIR
OF
CONFIDENCE.

“l remember this Logic 2 was up

and running the day it arrived...and |

don’t believe it’s been idle since.

“Of course, the assignable pro-
cessing makes any layout you may
, s .. ! » | prefer very easy to set up. The real

17148 00: 13:09:07 difference is Dynamic Automation of
the digital signal path - it’'s fast and
flexible and means | can be more
creative with changes in the mix.

“The integration with the
AudioFile’s Event Based Automation
allows you to make changes to the
edits, with the console automation
following suit.

‘1 think the speed of it...
the flexibility, is a standard I’'ve come
to expect now. | can sail through time
consuming tasks and get on with
the real business — getting a true feel
for the mix.

“The on-board EDL conform
allows greater control over source
audio — saving on On-Line time - the
system relays the tracks from first
generation material.

“The sound? | love it. An acute
lack of distortion.

“Essentially, Logic 2 is reliable
and it’'s fast...and anything that
makes me look the same, | want

a piece of .. "

AMS
NEVE

A SITEMENS COMPANY

For more information contact:
AMS Neve Pic, Billington Road, Burnley, Lancs BBII 5ES,
England. Telephone: (44) 282 457011. Fax: (44) 282 39542,

CLIFF JONES AT AIR STUDIOS
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The sound and the fury

Following the furore in the audio press over their
4D Audio Recording system, Deutsche
Grammophon recently called an ‘Open to Question’
press conference chaired by Studio Sound’s Editor
Tim Goodyer.

A group of journalists, some of whom have
already written extensively about 4D Recording,
were invited to meet five representatives from DG’s

Hannover Recording Centre in order to query the
technical issues surrounding 4D ‘straight from the
horse’s mouth’.

Klaus Hiemann, the Centre’s Director, and
Stefan Shibata, Head of Audio Engineering,
expressed their concern about some of the
comments made in the press since DG’s initial
press conference held at London’s Henry Wood Hall

As tough
as the roa
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in March this year (reported in the
April edition of Studio Sound).
Hiemann felt that many of the
comments made at that conference
had been taken out of context, and
that some of the finer points
concerning the operation of 4D Recording had been.
misinterpreted—both by the press and by certain
other recording engineers.

It was reiterated that 4D is the marketing name
given by Deutsche Grammophon to what is, in
effect, their proprietary digital recording system.
This system comprises various items of
commercially-available equipment (modified in
some cases) and two ‘black boxes’ built in DG’s own
workshops. The latter are what DG call the
stageboxes and the requantising unit. And it is the
operation of these which appears to have caused
most of the confusion.

The stageboxes contain 21-bit delta-sigma A-D
convertors adapted from Yamaha's ADSX model to
DG’s own specification. The absence of any 21-bit
linear convertor technology has dictated the use of
a floating-point technique employing two 18-bit
convertors; it is therefore correct to observe that
the 4D system does not offer true linear 21-bit
audio. However, DG's engineers consider the
results obtained to be audibly indistinguishable
from the original, making the use of floating-point
convertors acceptable for their needs and, in their
opinion, considerably better than results obtained
from linear 18-bit conversion.

It is here that DG should perhaps be permitted
to hold their own views without undue criticism
from outside. They have pointed out all along that
4D is a system developed entirely for their own
use, and that they presently have no intention of
marketing any part of the recording system as a
commercial product.

DG were also at pains to point out that their ABI
(Authentic Bit Imaging) requantising unit—which
reduces the digital signal to 16 bits for the final CD
master—is not a competitor to any similar devices
currently being sold by other companies (Sony’s
SBM, for example). Hiemann and Shibata would
not be drawn to comment, either positively or
negatively, on any other requantising system—or,
for that matter, on any other piece of equipment
not employed in the 4D chain.

The methodology of the requantising box was
explained, although DG reserved the right (quite
justifiably, it could be argued) to withhold precise
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Concept One
Digitally Contrclled Production Consales

Although new to Otari, Concept 1 is the culmination of over twenty years of console design and
manufacturing expertise. Given the unusally atiractive price, what else is different?

® True symmetrical inline design with up to 48 dual IO modules featuring 96 automated mix channels.
Each channel path uses its own dedicated, identical 4-band equalizer with a 100 mm large fader.

@ Console-wide snapshot automation allows storing and recalling of switch functions, manually or with
reference to SMPTEZ/MIDI timecode. DISKMIX™ dynamic fader & mute automation enables fader
grouping with VCA or moving faders. Additional ccnsole screen dynamics will follow.

® User programmable softkeys per /O module and the additional virtual master status control create
a new level of operational flexibility.

® Each channel’s switchingfunctions may be accessed fromthe easy to understand master sectioninform
of an active color-coded block diagram (photo insert).

® CompuCal™ allows precise digital calibration of output and meter levels.

The particulars are endless, but the bottom line is simple:
Otari has done more than just reinventing midrange audio consoles.

Sales & Marketing Europe: Technical Center United Kingdom.
OTARI Deutschland GmbH OTARI U.K. Ltd.
Rudolf-Diesel-StraBe 12 Unit 13, Eider Way, Waterside Drive

D-40670 Meerbusch Langley, Slough, Berkshire SL36 EP
Tel. (Germany)..49/2159-50861 Tel. (U.K)0753-580777
Fax (Germany)..49/2159-1778 Fax (U.K)0753-542600

® Telex (Germany) 8531638 otel-d Telex (U.K)) 849453 otari-g



4D in operation

details of the processes involved. The
design is based on the pioneering
work carried out by Stanley Lipshitz
and John Vanderkooy of the
University of Waterloo, Canada—and
is openly acknowledged as such.
Using Lipshitz and Vanderkooy’s
findings as a starting point,
subsequent research has been carried
out by DG’s design team. It was
stressed that the current design, and
indeed the whole 4D project, is an
evolving process with adjustments
and refinements continually being

commercially-available equipment
and some proprietary technology
where off-the-shelf products do not
meet their requirements.

This policy is, of course, hardly
new—almost everyone of note in the
business of audio, from Edison and
Berliner onwards, has done the same
thing. DG’s mistake, if -t can be called
that, is to have taken undue credit for
‘reinventing the wheel’. The result
has been to keep the pages of this
magazine alive with contentious
comment, but ultimately no-one has

made in collaboration with
the engineers from the
recording department.

At the conclusion of the
meeting it was abundantly
clear, to me anyway, that
certain ill-conceived
documents handed out
earlier this year in a
misguided attempt to
explain 4D at too simplistic
a level—coupled with
comments from the DG staff
that probably suffered in
their translation from
German into English—have
insulted the intelligence of
those charged with the task
of spreading the word to
both the audio professional
and the consumer. The natural
reaction of any journalist or
commentator worth their salt has
been to question those statements.

As a fairly neutral observer, | came
away from the meeting with the
distinct impression that the staff of
Deutsche Grammophon’s Hannover
Recording Centre are making quite
genuine attempts to improve the
quality of their product. They are
doing this through a combination of
good engineering practice, carefully
selected items of
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The 4D ‘Stagebox’

come out a ‘winner’.

Perhaps it is now time to close the
debate of 4D by commending
Deutsche Grammophon for trying to
improve the digital recording chain,
and to express the hope that their
efforts, when racked alongside other
‘extended bit range’ recordings now
appearing, will serve to elevate the
overall quality of compact discs.

In the long term, this must surely
be a good thing for the recording
industry as a whole. B

Bill Foster
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Rocktron
Chameleon

It really is becoming increasingly rare
these days to take a piece of kit out of
a box, plug it in and honestly believe
you really understand it all
immediately, that it is built by people
you can relate to and that they talk
your language. Most of the time it is a
case of having seen something like it
before—usually on the device that the
new one replaces—and this faint
recognition bolsters the ‘Captain Kirk
spirit’. So you have a go while the
Spock on your shoulder tempers your
actions with a smattering of logic
until you eventually kind of work it
out for yourself and get it to do what
you want. However, this working
mastery of the device is short lived
and it gradually slips from your
command as much through neglect as
through an inability to retain all
those small operational peculiarities
required to bring it to heel. And then
there are all those dark and hidden
menus that you have never gone near
and the power supply will probably
give in before you ever do.

[t is true of a lot of outboard gear
but similar emotions can also be
aroused by your average guitar
processor. This is alarming given that
their target audience is less likely to
be conversant with all the intricacies
of 19-inch strip mystery. Guitarists
can be more susceptible than most to
bewilderment—they never got a
manual or explanatory booklet with
their amps or their strings—and [
would hazard that it is still far too
common to encounter a player with
an effects unit that is being driven
badly or is emitting a limp whimper
simply because they have not got
their head around the metering or got
around to delving into the device to
taper something as basic as the EQ to
suit their playing or instrument.

It is a development of the ‘my first
fuzz box’ syndrome which continues
because many players feel obliged to
get into the tech because everybody
else is and once you get toy fever then
there is no end to the number of
boxes, pedals and processors that
promise to change your life, Sure, if a
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guitarist wants to get more flexibility
into his sound then a ‘box’ is a good
way along that road but it is the
manufacturers’ responsibility to make
ensure that these products are as
accessible as possible to people who
generally are not that conversant
with the unspoken code of
presentation of modern processors.

This brings me onto the subject of
the Rocktron Chameleon. While it is
unlikely that a complete novice to
this type of unit would hit it off
immediately with this 24-bit
preamp-effects unit with digital Hush
circuitry without some quite private
moments alone with the manual, its
presentation is about as friendly as
you can currently get. You get it out
of the box, you plug it in and you
understand it. What is surprising is
that it does not actually conform to
some of the more accepted principles
of a digital preamp-effects operation
and it has come at the whole problem
from a distinctly different tack. It
behaves strangely because it tries to
assist.

The front panel is relatively plain
yet the device is immensely powerful
and at no stage do you get the
impression that you are being
compromised or short changed by the
simplicity of the control. Yet it is not
an entry level unit, the price tag and
the appearance of balanced XLRs in
addition to unbalanced connectors on
the stereo output plus the provision
for an as yet unreleased foot
controller for the processor confirms
this. Does this mean that you have to
get a pro unit just to be able to have
operational simplicity?

The front panel is an exercise in
clarity and reveals a great
understanding by the manufacturer
of how the Chameleon will be used.
Matters revolve around a paltry, by
modern standards, 16-character
single line display but it talks
English. Presets, there are 254, are
recalled by turning a dial marked
Preset and striking a button called
RECALL when you get to a title that
takes your fancy. If you are a little
slow, every time you pause while
dialling through presets the display
flashes to advise you to press RECALL
to retrieve the current preset. This
level of simplicity and assistance is
carried throughout the unit.

If you want to edit a sound you
twirl the Function Select dial until
you reach the bit of the sound you

want to alter then turn the
Parameter Select dial to scroll
through its parameters. Values are
adjusted using, of all things, (you've
guessed it) the parameter Adjust dial.
That is all there is to it. To store the
preset strike STORE, the display will
ask you to find a preset location
which you do with the Preset dial and
then press STORE again.

The basis of sounds within the
Chameleon are called Configurations
which are 12 fixed assemblies of
made up of among others high-gain or
low-gain distortion types, chorus,
delay, reverb, flange, pitch shift, wah
and phase shift in various
combinations and orders. The
Configuration of presets can be
viewed by pressing a CONFIGURATION
button and then scrolling with the
preset dial and Recalling the selected
patch in the normal manner. This is
important because a preset’s
configuration gives a good idea of its
character—certainly more than you
would ever glean from a preset title of
the ‘Goat Throttle’ ilk, for example.

Constituents of a Configuration
can be edited freely and all presets
have a mixer page for balancing the
guitar tone to the effect. It is worth
pointing out that the tone you are left
with when you bypass a preset is the
preset tone minus any digital effects
like reverb and delay, for example.
This makes sense to me.

Things certainly worth mentioning
include the high-gain section with its
Variac simulator which gives the
creamiest sustain I have ever heard
from a 1U-high unit plus familiar
3-band EQ and presence. The Low
Gain block permits super clean
settings with the sort of body you
know is not your own—everything
from fat-cat jazz through to the
skinniest of acid rock tones. You have
also got four distortion types to
choose from: one solid state and three
valve. All are superb, and can get
fairly hot. It is beyond the High Gain
circuit to go anywhere near as
transparent as the Low Gain can but
it defaults at its lowest gain setting to
a definitive solid chord sound.

Two sets of EQ—one 2-band with a
parametric mid and swept LF
positioned before the distortion stage
and one 4-band fully parametric
after—offer simply staggering
control. There is a ridiculously
realistic wah effect, stunningly
sophisticated phaser and flange

capability, a delicious chorus, which
when matched to one of the
Chameleon’s clean sounds is pure
class, and a single pitch shifter which
1s ideal and unfoolable—eat your
heart out Zoom.

There is also a dual delay, a
compressor, a jolly tremolo and some
simple but appropriate reverb. All
presets in the unit use the Hush
single ended noise reduction system
and low level expander which in this
instance is digital. It works
unobtrusively and that is probably
the best thing you can say about it.

You can interact with the
Chameleon using eight MIDI
controllers and, of course, initiate
program changes and dump and load
memory and there is also provision
for a tap delay.

Where ever you go in this unit
things are presented clearly for your
convenience. With just a little
application you will become proficient
in manipulating sound quickly and to
your satisfaction. The scope is
phenomenal and adjustments make a
difference—the speaker simulator
has a mic position parameter which
simulates very convincingly the
change in character interpreted by a
microphone moving across the radius
of a loudspeaker. It also approximates
different speaker sizes well and has a
reactance parameter which mimics
the interaction between the valves in
an amp and its speaker cabinet.
These are not gimmicks, the people
behind them are quite obviously
players—and I can relate to them.
This device is the best guitar
preamp-effects processor I have ever
heard. Period.

If you are a guitarist then you will
appreciate a unit that is designed for
the instrument you play and designed
for you as a player. Vote with your
feet. This is it.

Rocktron Corporation,

2870 Technology Drive, Rochester
Hills, MI 48309, USA.

Tel: +1 313 853 3055.

UK: Adam Hall, 3 The Cornwainers,
Temple Farm Industrial Estate,
Sutton Road, Southend-on-Sea, Essex
S82 5RU. Tel: 0702 613922.
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The ultimate mix
GS3 with fader automation

The GS3V combines exceptional audio quality with the power of digital control
to deliver an outstanding recording console.

Equipped with the world's most accessible fader automation which includes full MIDI capability,
optional SMPTE synchroniser, graphbic software and MMC function keys.

Designed with leading-edge technology and manufactured with the most exacting care to deliver
the bighest standards of consistent, reliable performance GS3V is unequalled in value for money.

If you would like more information, call or write to the address below.
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OWTER*

TRANSFORMERS

We have designed and manufactured more than half a million transformers
during the last 50 years and have several thousand original designs.

We can supply single prototypes or quantities at very reasonable prices, with
quick despatch, quoting without delay against detailed specifications.

Sowter Transformers are in constant demand the world over, for such uses
as Microphone — matching and splitting, Line — distribution (up to 10
secondaries), bridging, input and output, to Recording, Broadcast or PA.
Quality. Also Loudspeaker transformers and output, mains and chokes for
Valve Amplifiers, to name but a few.

We will send details of our range on request and quote for any requirement.

E. A. SOWTER LTD
PO BOX 36, IPSWICH IP1 2EL
Fax: 0473 236188

Tel: 0473 252794
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t is not so long since a microphone
using a radio—as opposed to
cable—link to an amplification
system was something of a novelty.
Of course, the advantages of such a
system for concert, theatre and
broadcast work are both obvious and
plentiful. But as with most things, it is
not as simple as it might seem. In fact,
the legal issues of using radio systems
can be sufficiently involved to be
off-putting in their own right.

Aside from arguments about which
type to use, radio microphones have
built a good niche for themselves.
Whatever the application, they are ideal
for a more ‘natural’ style of presentation,
allowing the user to move from area to
area on set. Lapel-worn Lavalier radio
systems give complete freedom to move
unencumbered.

The standard of presentations, from
TV broadcasts to corporate events has
gone up immeasurably over the past few
years and radio microphones are ideal
for this trend—they are the hi-tech
answer to chat-show-style presentations.
In more formal situations, principle
speakers can speak seated or standing, -
from the same position. Lavalier radio
mics avoid the need for unsightly
extensions to desk mics and ensure a
balanced signal level.

Another broadcast radio microphone
niche is the ubiquitous ‘question and
answer’ session where the speaker
invites questions from the floor. Use of
up to eight roving hand-held radio mics,
when properly administered, guarantees
that the speakers on stage and the
audience are all able to hear the

o

CIliff Richard with headset radio mic

Radio mics can be used to eliminzste complex and restricting wiring on stage

questions regardless of where they are
coming from. Use of microphones in this
situation also allows the taping of the
Q&A session in its entirety, an
important considerztion at press
conferences and politically sensitive
presentations.

An interesting and positive variation
of the use of radio microphone
technology, is the ‘radio earpiece’. This
reverse radio mic system, where the
user receives signals through an
earpiece rather than transmitting them
via a microphone, is typically used on
large shows to update presenters, give
them stage directions or feed them
responses.

In use

To get the best performance out of your
radio microphone you do need to follow a
few rules. To start with, the positioning
of the antenna is highly important.
When using a stand-alone unit, it will
generally be employed with
its antenna of antennas fixed
on to the receiver. The main
points to bear in mind are to
ensure that the receiver
antenna is kept in line of
sight as far as possible; that
it is not obstructed or
positioned close to large
pieces of metal (as this can
seriously untune or alter the
polar characteristics of the
antenna); that, should you
need to remote the antenna,
do not use the quarter-wave
rod normally supplied with
the unit as it will not work
without a ground plane.
Instead use a dipole antenna,

which should be placed as high up as
possible and normally in a vertical
plane. Make sure that it is free from any
metal obstructions and, again, as close
in line of sight as possible.

In some circumstances it may be
advisable to use an antenna with a
cardioid response to avoid interference.
This may be applicable in a theatre
where the antennas are fixed to the
circle and only need to look’in a
forward direction.

In an ideal situation, each receiver
should have its own set of antenna
tuned to its incoming frequency. But
very often this becomes impractical as
the number of receivers mounts up. The
solution to this is to use a Antenna
Distribution (ADU). A typical ADU will
allow you to connect four diversity
receivers normally requiring eight
antennas, to just two.

In RF systems, as opposed to audio
systems, impedance matching is very
important. Most receivers are designed
to work with a RF impedance of 50Q.
Simply wiring all the antenna inputs in
parallel will
severely impair the
operation of the
units and reduce
reception range to
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The ‘F’ factor—studio freedom
for Fiona Armstrong

provides eight isolated 50Q outputs.

Most ADU units only provide a nominal amount
of gain to overcome the loses in the antenna cable
and splitter unit, so as not to aggravate possible
intermodulation problems. Occasionally, when a
user encounters interference problems they are of
his own making. A common example is the result of
a coiled microphone cable which creates audio
interference problems because it is more prone to
picking up larger RF field strengths which are
induced from the RF antenna.

Even though the Radio TX (transmitter) pack is
normally well RF filtered and decoupled to prevent
any RF break through at the audio input, some
particular types of microphone, although now only
a minority, are completely devoid of any lead
filtering or decoupling at the microphone end. This
can lead to Gate Source rectification on the
internal FET which results in some interesting
audio effects or lack of level The solution to this
problem is to avoid leaving calls in the mic cable,
especially near the antenna and try to ensure that
the microphone cable and antenna are physically
well separated.

Another of the most common mistakes is users
who ram the receiver into a pocket which may be
full of change or bunches of keys, which will
obviously create interference. All users should
check their pockets are free of lumps of metal and
that the aerial is clear.

One should also be aware that different brands
of hand-held microphones vary considerably in
sensitivity. Obviously some users need highly
sensitive microphones because of the distance that
they hold them from their mouths, but you need to
weigh that up against handling noise. Some
microphones are immune to handling noise but are
prohibitively expensive.

A surprise for first time radio microphone users
is the wild fluctuation in sizes of supposed
standard batteries. The PP3 batteries which we
use in Trantec microphones vary as much as 5mm
or 6mm according to brand. If the make you use is
too large, it can cause the battery terminals to be
flattened to the extent that they will not spring
back, which can then cause an intermittent
problem on the transmitter. If it is too small, you
will get intermittent sound caused by the break in
connection as the microphone is moved around.
The usual solution is to get the appropriately-sized
battery or bend the contacts, which of course
eventually weakens them. However, I've lost count
of the amount of hire microphones which come
back with bits or cardboard stuck in them.

Another point to note is that battery life varies
considerably across different manufacturers. A lot
of artists run endlessly on one batterv and expect it
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to last at top quality. In reality they should use
fresh batteries for every show.

We always use branded alkaline batteries which
have a much longer life and also a long shelf life.
With our Trantecs, we commonly get 12-15 hours
work from one battery, although some other radio
microphones with the same battery will only give
about three hours use. We always fit new batteries
hefore the start of any show to avoid the risk to
transmitter failure. Although it is tempting, for
economy reasons, to use rechargable batteries, we
have found that their end point is too high and you
can only expect a couple of hours use before the
system dies.

Frequency
considerations

With the radio microphone frequency spectrum
currently available, many users have been tempted
to stray outside the authorised band. Should you be
tempted to follow suit, however, you could quite
easily lose out three times over.

As well as the now widely-known UK fine of up
to £5000 through prosecution under The Wireless
Telegraphy Act, there are two other equally
daunting possibilities.

If your frequency interfered with the yuppy’s
favourite toy, the mobile phone, you could also be
prosecuted under the Telecommunications Act. Not
withstanding the unlikely coup of a live broadcast
of a new ‘Squidgy’ conversation, you could also
really encounter some crowd trouble if the
interference ruins your show.

In theory no one should encounter these
problems, the UK has the maximum amount of
frequency available in any European country. Any
problems that there were, were greatly alleviated
by the introduction of band-edge licensing.

You are technically OK in the UK, what about
that European tour you were planning?

At present there are 20 different specifications
around Europe, for type approval, of radio
microphones. ASP FM Ltd, the UK company set up
to license exclusive radio frequencies for the
entertainment industry, is currently working
alongside manufacturers such as Trantec and
Sennheiser within the ETFI, to produce a single
standard which should be introduced in 1994, The
prime objective of the standard is to help
manufacturers to produce devices which do not
interfere with other users.

Another Euro nightmare is which frequency to
work at. ASP FM are also currently pushing the
idea of freeing up regulations around Europe and
are trying to get some common frequencies agreed.
As part of this work, it has already carried out a
frequency survey of Europe, but standardisation
will take time,

In the meantime, with international work, you
have to be very careful to check the local
frequencies available. Its often useful to speak to
local technicians or at worst let them know in
advance what frequency you intend to work on.
The worst case is having to switch on just to see...

Certain countries, Saudi Arabia for instance,
will not let you take radio microphones in under
any circumstances—because it may interfere with
military activities. To avoid the inevitable
confiscation at the airport, it is wise to check first.

Sometimes, even when you use the legal
frequencies, you can encounter unwanted
interference. Quite often freelancers, who have not
been commissioned by the broadcasting
organisations with allotted legal channels, may use
the same frequency as you are working on. »

: BBITISH LEGAL ISSUES

Relatively recently, over 80% of manufacturers
did not have what the British Department of
Trade and Industry call Type Approval. More
recently, this percentage has been reversed.
However, the key point of the law effecting RF
users—the Wireless Telegraphy Act—puts the
onus on the user to take care of the legalities.
Despite high-profile campaigns by the DTI,
manufacturers and ASP FM, around 50% of
customers are still not aware of the issues. A
recent straw poll of 1000 of the UK’s top
theatre and conference venues showed that
Just 20% are licensed.

Fortunately, yet another pressure is coming
to bear on the sale and hire of illegal mics. A
lot of production and broadcast companies,
particularly those with a view to BS5750, have
issued an edict to their production managers
Instructing them to only use legal radio mics.

Another looming threat to those who would
prefer to ignore the legal situation is the
forthcoming report to Parliament by the
Spectrum Review Committee, which is
scheduled for November. It takes us back to
the original issue with the licensing of radio
microphones—with so few users requesting
licenses, the government could not see the
demand for frequency space. If users do not
register their use by purchasing licenses, the
frequency spectrum will be reduced because of
an unrepresentative perceived lack of demand.

The general ‘why should I do anything?
attitude may also soon be forced to change by a
stricter attitude on behalf the government.
Although there have been no prosecutions over
the last couple of years, changes in the system
make it very likely that enforcement is about
to begin in earnest. And in case you were not
aware, changes in The Wireless Telegraphy
Act in October last year, put the fine for
contravening the Act up to £5000 with a
possibility of six months in jail.

Predictably, the changing situation in the
rest of Europe will effect us more in the future
too. ASP FM are working closely with the
European Telecommunications Standards
Institution (ETS), a body made up of
administrators, manufacturers and users with
a brief to produce standards when required on
telecommunications and equipment in
conjunction with European organisations. The
current brief of Brian Copsey (of ASP) is to
produce a standard for radio microphones and
audio links.

Another aspect of legislation which we will
all need to be aware of soon is concerned with
Electro Magnetic Compatibility. It came about
because more and more household electrical
devices were interfering with radio
microphones. In the 1980s, the Government
intention was to restrict the ability of these
items to transmit by encouraging
manufacturers to change designs and
incorporate filtering. This was due to be
enforced by law by 1992, making it illegal to
sell such products. However, the deadline has
now been extended to the 1st January 1996
—watch this space. B Chris Gilbert

Chris Gilbert is a Director of Trantec
Systems, the largest manufacturer of
DTI approved radio microphone
systems in Europe
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AT ANY PRICE, THIS ALL-DIGITAL
SYSTEM IS IMIPRESSIVE
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TASCAM RC-848 Remote Control YAMAHA DMC1000 nigital Mixing Console
£850* £22995*

AT THIS PRICE, IT’'S REMARKABLE

For around £30,000 excluding VAT, HHB can now supply a If you're considering the installation of either or both of

16 channel digital recording system of quite exceptional these revolutionarv products, the dealer of choice is HHB.

quality. Yamaha's revolutionary DMC1000 is fast becoming We're Europe’s biggest supplier of digital audio equipment,

the industry standard all digital console — not surprising the UK’s exclusive supplier of the DMC1000 console and a
when one considlers its uncompromising specification. And leading authorised Tascam dealer.

in our opinion, a full complement of So for further details and a demonstration of

professional features makes Tascan’s DASS the Yamaha DMC1000 digital console and

the 8 track dligital recorder of choice. Tascam DA88 digital recorder, call HHB today.

HHB Communications Limited - 73-75 Scrubs Lane, London NW10 6QU - Phone 081 960 2144 - Fax 081 960 1160 - Telex 923393

* Manufucturer’s suggested selling price excluding VAT
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Soundcraft Sapphyre LC

NOW WITH INTEGRAL OPTIFILE AUTOMATION

* 32 TRACK CONSOLE WITH INGENIOUS ROUTING SYSTEM

© IDEAL FOR RECORDING, VIDEO POST OR BROADCAST PRODUCTION
* SMPTE PERFORMANCE OPTIFILE AUTOMATION

MUTE WRITING FROM CONSOLE CONTROLS
EASY SUB-GROUPING OF MIX FADERS
FULL COLOUR GRAPHICS DISPLAY OF FADER AND MUTE STATUS

>

* IMPECCABLE AUDIO SPECIFICATIONS
¢ UNIQUE 4 BAND EQUALIZER

VERSATILE NOISE GATE IN EVERY MODULE
THE SOUNDCRAFT REPUTATION OF SONIC EXCELLENCE

The Equalizer with no Equal

HEAR THE CRITICALLY ACCLAIMED SPL VITALIZER

* UNIQUE FILTER DESIGN GIVES UNCOMPROMISING QUALITY OF SOUND
* UNRIVALLED CLARITY AND DETAIL

* ENHANCES THE FULL SOUND SPECTRUM

THE BEST SUCH DEVICE | HAVE HAD THE PLEASURE OF USING
PAUL WHITE, SOS / SOUND ON SOUND / AUDIO MEDIA

The Hiss Busters

CRYSTAL'S DAZZLING RANGE OF DE-NOISERS
* SINGLE-ENDED NOISE REDUCTION SYSTEM

* WIPES OUT HISS AND BACKGROUND NOISE
* ULTRA FAST CIRCUITRY
UP TO 28 dB NOISE SUPPRESSION

Home Service
EsTa8LISHED 1988

THE PROFESSIONAL'S CHOICE
FOR EVERYTHING AUDIO

THE HOME SERVICE @ 178 THE HIGH STREET, TEDDINGTON, MIDDX, TW11 8HU @ TELEPHONE: 081-943 4949 @ FAX: 081-943 5155



For example, Presentation Technical Services have
supplied the complete sound system on the last two
Liberal Democrats pre-national election tours.
During the shows there is a lot of press activity
and very often the sound recordists began an
interview in one corner not realising that he is
using the same frequency as the politician on the
platform. On another occasion, PTS were working
with various radio earpiece links on the American
Ice Hockey tour at Wembley Arena when a film
crew began working elsewhere in the complex on
the same frequency. We had to find them among
6000 people and remove their equipment.

The introduction of UHF mics has greatly
increased range available, but it has not been
without controversy. In the beginning, UHF
microphones were temporarily allocated channel 35
until the government decided that it needed the
channel for its proposed new National Channel 5
and introduced Channel 69. The situation has been
in abeyance lately, particularly with Thames
Television failing to secure the franchise. Many
people thought that the whole idea had been
scrapped.

Before you begin a production using Channel 35
beware, as there are moves afoot to re-advertise
the frequency later this year and the IBA are
already beginning tests on these frequencies to
confirm coverage. So it is official: all radio
microphones have to change to the replacement
Channel 69 frequency or be blown away by high
power TV transmitters.

As more manufacturers introduce Channel 69
radio microphones, its worth discussing the
difference between UHF and VHF is increasingly
the source of comparison. See Table 1.

At present most radio microphones are operating
on VHF between 173,800MHz and 216.100MHz.

.— v
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recarder

There are any number of stereo DAT recorders |
on the market, but if you need the true profes-
sional capability of individual 2-track recording,

there is only one choice — the Otari DTR-90.

TABLE 1: COMPARISON OF VHF
VHF UHF
Audio performance Similar Similar i
RF performance Very good Good but generally needs
diversity reception and careful
antenna placement
Battery life Varies Varies
—but generally better than UHF
Price Less complex Additional, more expensive
—therefore cheaper components push prices up
Immunity from Increasingly effected Far better than VHF
externalinterference by digital electronics
Available channels VHF channels are very Channel 69
congested and not all
are intermodulation free

From a stand-alone point of view, there is very
little to fault in a VHF radio microphone system,
we have been successfully hiring out Trantecs for
years. VHF systems offer a good quality-value for
money ratio.

The main problem with VHF stems from the
ever increasing amount of interference generated
by ever faster pieces of digital electronics, most
notably PCs.

UHF offers the user an entirely new chunk of
radio spectrum up on Channel 69 (858MHz
nominal) liberating 16 or more channels. It offers
relative freedom from other band users and the
dreadful digital equipment hash.

Of course, there is a price to pay. Many radio
microphone manufacturers originally feared that
one of the main drawbacks would be the effective
range of the systems and severe multipath
reflection, making diversity reception with two
antennas a necessity. The former concern turned
out to be, to a large extent, unfounded, although

It really is the most professional DAT recorder. Apart from

individual channel record, you also get4-headflexibility, a time-

code facility, and a removeable front panel for remote operation

that makes it about the easiest machine to use. And we'll back

it up with the best after-sales supportin the business.

Where else can you get such a straight deal? Call Stirling

now for your professional demo and persona quotation.

antenna placement is in general more critical. One
reason for this is the relative high efficiency of the
transmitter antenna which is a lot shorter,
typically 34 inches as opposed to 15-16 inches at
VHF, allowing the transmitter ground plane to do
its stuff

Perhaps one of the biggest negatives of UHF is
cost. A typical VHF radio microphone system needs
fewer parts in manufacture. Not only does the
component count increases with UHF, so does the
expense of the type of components, which are
certainly more esoteric than the more normal VHF
types. And this is only the receiver.

Surely the most interesting aspect of radio
microphones, however, concerns the use of lapel
microphones. It is a typically human failing that
leads people to wander offstage forgetting that they
are still ‘wired-up’. Everyone has a story to tell, my
only ‘clean’ one involved about five minutes of the
most horrible noise which thankfully turned out to
be nothing worse than Roy Castle’s hair dryer! B

Stiring Audio Systems Ltd
Kimoerley Road

London NW6 7SF

Tel:071 624 6000

Fax 0713726370
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ILLUSTRATION: JEREMY WILSON. PHOTO: NICK FRANKS
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he Amek 9098 is one of the most
keenly awaited consoles for some
years. Many people have been
keen to see what Amek could do
at the very top end given its new
interpretation of the price-performance/
expectation equation in the redefined
middle market that it started with the
Mozart and has since swept down-field.
However, everyone wants to see what
designer Rupert Neve has come up with
since joining Amek some four years ago,
because it has been a well-publicised secret
that the he has been putting together
something special between work on the RN
Mozart variant and the Medici equaliser.

In a sense, Neve believes it is the desk he
has always wanted to build but qualifies
the statement by adding that at Focusrite
the Forte generated similar sentiments.
‘Since Focusrite I've moved on a bit and
squeezed better performance out of my
designs and benefited from the economies
that I've learnt from Amek manufacturing
and using very extensive CAD systems,’
says Neve. ‘It’s difficult to say it's the desk
I've always wanted to build because I've
always tried to build desks that customers
would find useful. I'm not a systems person,
I like to design circuitry that does a
particular job that would ideally be
triggered by a customer request.’

Requests in the case of the 9098 would
seem to substantiate a call for a true
all-rounder as it is stacked with features
that spread its appeal across different
sectors in common with other contemporary
designs. Thus the 9098 comes with 48-bus
routing, four stereo buses, 16 auxes, mono
and stereo inputs, surround capability for
film and post, mix minus for broadcasters
and a split architecture that employs dual
monitor modules. Advanced features
include Amek’s SuperMove moving fader
automation (running on IBM 486 rather
than Afari computer), a recall system,

16 automated switches per strip, SuperLoc
machine control and Virtual Dynamics.

Traditional values retained include a 1.8-
inch wide strip (it looks like a Rupert Neve
design), classic EQ and circuitry and
remote mic amps,

The appeal is deliberately broad to span
the areas occupied by the limited success of
Amek’s APC1000 and the shelved Media
console—the concept was popular,
comments Neve, but the budget required to
purchase one wasn’t.

“You can get bags of free advice from
people who are not anxious to place an
order,” he explains. For the 9098, Neve
gained feedback from ‘old friends’ on both
sides of the Atlantic but admits that the
greatest input came from the UK. He
believes that any initial doubts in the
market about Amek’s ability to build to his

<4 Amek 9098 input channel

high standards have been eradicated.

“The Medici ranks with the top three EQ
maodules in the world,” he states. ‘The fact
that Amek got it together is a credit to
them and should be proof enough for any
customer that they can get anything
together. The 9098 will be spot on.’

Despite its applicability to different
market sectors Neve claims the initial
concept was straightforward.

‘It started off as a music recording
console and there was a phase when Nick
Franks (Amek Chairman) said we ought to
reconfigure one of my old-style consoles like
the 8078s, 8068s and so on because so
many people were talking about them and
buying them at ridiculous prices.” However,
he adds that such a console would not have
suited Amek as part of the ‘hype’, as he
puts it, of the old desks is the way they
were made—hand-loomed cable forms and
discrete components on the front panel—all
of which is expensive by today’s standards
and contrary to the Amek PCB approach.

‘If you tried to regurgitate a golden oldie
on one PCB nobody would believe it but
that is what has happened with the 9095
explains Neve, ‘The circuitry is advanced,
the devices are advanced but the
philosophy of audio is the same. It’s made
much more efficiently and surprise,
surprise the price is somewhat less than
you would expect to pay for an equivalent.

A desk with recall, moving-fader
automation, 16 automated channel
switches, 48 mono modules, 24 dual
monitor modules, four stereo modules, total
Virtual Dynamics and an onboard patch
field will command in the region of
£300,000. He is categorical in underlining
his belief that the 9098 performs better
than anything he has ever designed and
adds that the package and demand is right
especially for those who favour old Neves.

‘When they eventually put a 9098 beside
an old one they will find what the real
differences are,’ he suggests. ‘They will
wonder if they can sharpen up their old one
to sound like the 9098 but will come full
circle and realise that they will have to go
for the new one. The character is the same,
many things are similar, the feel is the
same, the sound is a quantum step better.’

So how do you ‘regurgitate a golden
cldie’? Do you mimic componentry effects or
just do the best that is possible?

‘It’s a bit of both. The best that’s possible
is very personal. Any good engineer can
configure a bunch of ICs on a bench to a
given performance but whether it will
sound right when it comes up as section of
EQ on console is really what it’s all about.
It comes back to almost personal
handwriting, the shapes of the EQ curves,
use of transformers and certain bees in my
bonnet which I freely confess to.’

You're using your miracle TLAs
(Transformer Like Amplifiers) again. P>

Zenon Schoepe asks
Rupert Neve about
the design of the
Amek 9098 audio
production console
and the
motherboard
connection

29
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A Details of the 9098 input
channel EQ
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‘And transformers as well. All the main bus outputs,
the two insertion points and the stereo outputs are all
transformer outputs. The transformer is a new one and
smaller than I've done before for this performance and
a typical case of new materials and time to research
being available. I'm really pleased with it. It has a
bandwidth with a 3dB point at just over 200kHz and
very low leakage inductance, maximally flat and at the
lower end it will give full output at +26dB down to
24Hz. At +20dB it goes down to well under 20Hz.

‘There is no restriction that you'd normally think of
with transformers and the reason is that the output
transformer can be controlled by the amplifier that
drives it. ] used tertiary winding, which I've done for
years, to control the way in which the transformer
works. The secondary winding that looks at the outside
world is totally floating and balanced.

‘On the input I used TLAs. Again if you think of a
transformer and you feed a signal to one leg and don’t
terminate the other leg you won'’t get much output—
maybe a bit of breakthrough at high frequency. That is
one of the great advantages of using a transformer.

‘Now, for an input transformer I have no control over
the source—you connect domestic hi-fi and expect it to
work and the transformer’s behaviour at low
frequencies depends on the source impedance and at

the high frequencies the frequency response depends on
that too. So you've got distortion at the low end and
frequency response at the top end and you need to
define the source impedance from which the
transformer’s going to work. It all gets very difficult.

You also end up with a very large transformer
because you can't get any tertiary feedback grounded.
The moment you want to reference it to the incoming
signal you've inevitably tied that incoming signal to
console ground system and you've lost your isolation
which the transformer supposedly would have given
you. The TLA is simply a bridging input where the
input impedance has been made extremely high
between either leg and ground and the two legs are tied
together with the appropriate resistor—10kQ.

‘Because of the high impedance, if you leave one end
open and you feed the other end you're actually feeding
both ends with a common mode signal
—very nearly but not quite because one is being fed
through a 10k resistor. You get an enormous amount of
rejection and the TLA action is about as good as you get
with a transformer certainly at high frequencies.

‘We've had TLAs on the Mozart RN for a couple of
years, so this is proven circuitry. It's tidied up for 9098
but it already has a track record.’

What reference did you make in the 9098 to the »

ILLUSTRATION: JEREMY WILSON. PHOTOS: ZENON SCHOEPE




. or the first time, DENON is offering

professional users the choice of drawer or
cartridge loading in the latest two CD players
from the company.

"‘\ While the CD cartridge has become very
3 popular, and not just with broadcasters, or
for jingles, some users still prefer drawer

loading. Now DENON is able to offer the

choice, in machines designed and built for
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O Playback of recorded CD's
(even without TOC)

Q End of track preview

Q) Instane start - cues to signal

U Digital output

(J Parallel remote control
(J RS422 interface

Q) Fader start option
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O Automatic re-cue after single track play
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For more information and to arrange a demonstration
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Fig.3: 9098 mono fader block

8078 et al?

‘There is a similarity in the nature of the sound.
I've tried to get the same solid, reliable feel from
the 9098. I did it with the Medici equaliser and
listening to the first modules of the 9098 they are
in advance of the sound of the Medici. It’s very
satisfying indeed.

‘It’s down to exceptionally low noise,
exceptionally low distortion, no crossover
distortion—I'm using a biasing system on the main
path ICs which puts them into a quasi Class A
mode. We're talking of overall distortion on any one
circuit block which is way down in the 0.0003%
total and that's only second and third harmonic,
there is nothing above that.

‘The other thing is the EQ curves and shapes; a
lot of work went into confirming some of the things
I've done before and improving them. Making the

Fiz.1: 9098 transformer cutput stage.
Frequency response

Fiz.2: 9998 transforme= line output
stages. Maximum outpaut at low
frequencies

32 Studio Sound, September 1993

curves even more like I thought they ought to be
and making sure things that had happened by
accident 20 or more years ago and were acclaimed
were now built in.’

Are the SHEEN and GLOW buttons on the EQ
section injectors of selected harmonic distortion as
on the Medici EQ?

‘No. The Medici WARMTH control introduces quite
large amounts of second harmonic, about two
percent. [ was asked by some users to increase this
value because they couldn’t hear it and we went to
around six percent before some people were aware
that something was happening. If second harmonic
isn’t particularly audible, it explains a few things
and also raises some mysteries.

What does it explain?

‘It explains why things like loudspeakers don’t
sound as bad as they should when you look at the
distortion.

‘Provided second harmonic is present in
reasonably small quantities it’s quite benign, it
also perhaps tells us a bit about old valve amps. If
you go back to pre-push-pull days the triode valve
was a wonderful generator of second harmonic.
There are other ways of getting that but if you do it
people don'’t like it because it hasn't got the
charisma of glowing elements and iron mongery.

‘The Medici SHEEN control changed the rate of
change of the slope of the EQ curve. People had
said to me that some of my old equalisers had a
particular sound to them and I discovered that
some of the modules went out without the steep top
end curves that we used to give them—and I more
or less reproduced this in the SHEEN control.

‘The 9098 GLOW is a mirror image of the SHEEN
for bottom end. Instead of the curves being steep
6db/octave slopes shelving or peaking they become
much gentler between 3-4dB/octave.’

How much of Graham Langley’s work (an Amek
designer) is in the 9098?

‘The audio path is mine alone, but Graham is a
fantastically good designer and he and I work
together well. I've had a lot of practical suggestions
from him such as if T used two ICs and he could see
a way of using one. As far as the console
automation and the system is concerned there is »
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Rupert Neve and codesigner Graham Langley

a lot of Graham in that.’

Is the equaliser better than anything you've ever
done before?

Tlike the sound of it better than anything I've
done before. It is both powerful and sweet. I think
this is to do with it effectively working in Class A
and that I've been extremely careful with the noise.
It’s not particularly different to the Focusrite or
indeed the famous AIR consoles that I did back in
1978 for George Martin.’

Presumably the switched HF and LF frequency
controls give reproducible and controllable curves?

‘I would agree with that but to be honest you can
actually get quite close setability with a continuous
pot. But it’s traditional and it’s the sort of thing
people expect of me. This console will be the last
time I will use these switches because they’re £20
each while a pot would be £1.50. We made the
decision to go for a switch because I was leaning
over backwards to not become too Amek-ised and

they were leaning over backwards to not depart too
much from my tradition.’

You've included a selectable notch on the mids.

‘That’s a nice bit of spir-off, though I say it
myself. The mid-band Q is increased when you
push that button in—if the level is at the mid
point, which would normally read flat, that now
becomes a 6dB dip and if you want to get to fully
flat you turn it fully clockwise. Anticlockwise
movement gives an increasing dip. You can get
down to about 30 null in the extreme with only
about 10Hz between the 3dB points at the
shoulders.’

Are the frequencies ranges similar to your
previous designs?

Yes. They're odd-ball frequencies which are an
age-old compromise with origins back in the 1950s
when [ was asked to do specific things like lift
guitar out of a mix when there was no multitrack.’

You've gone for a bell-shelf switch on the LF but

use a pot on HF.

‘Tt goes from bell to shelf giving a graduation.
Boosting on a peak, as you move the pot towards
the shelf the right-hand side of the bell swings its
arm up and that makes some difference to the
harmonic content of the signal’

But the top frequency 1s 22kHz.

‘I was asked for even higher. It’s still a mystery,
but a lot of respected people have asked for curves
that peak at well outside the audio band. One of
the things we've had to accept is that people can
perceive those frequencies—there’s the
well-documented story of Geoff Emerick detecting
3dB at 54kHz on an odd channel of a Neve at AIR”

How do you feel about putting the VCAs of
Virtual Dynamics into a 200kHz bandwidth desk?

‘The VCAs are the same as everybody else’s.
They produce more noise than I want, they do not
produce more distortion—only a bit of second and a
tiny trace of third. Its bandwidth is perfectly good
to 100kHz but it’s not inserted unless you put it in
circuit. As you're wanting to mutilate your signal
—you're going for fast rise times and controlled
decay times—by definition you're changing the
shape of the waveform and you're generating
distortion so in practice it doesn’t matter.’

Many are hailing the 9098 as the last great
analogue console, what is your opinion?

‘All I can say is that I hope so! I think this will
be the last word in analogue using this sort of
technology.” &

Amek Systems & Controls Ltd, New Islington
Mill, Regent Trading Estate, Oldfield Road,
Salford M5 4SX. Tel: 061 834 6747.

Fax: 061 834 0593.

US: Tel: +1 818 508 9788. Fax: +1 818 508 8619.

Beware of limitations ....

VARICURVE:

STORE

RECALL COMPARE

0 25 40 33 100 160 250 400. 630 1K K6 X5 AKX 6K3 WK 200Mz

,...discoVer ih’relli’gen’r equalisation by

The FCS-926 Dual VARICURVE Equaliser Analyser

The FPC-900 VARICURVE Remote Controller
The FCE-920 VRICURVE Slqye Module

BSS Audio Ltd., Unit 5, Merlin Centre, Acrewood Way, St Aloans, Herts AL4 0JY England

Phone: (0727) 845242 Fax: (0727) 845277
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THE Hx 2000
HAND HELD
TRANSMITTER.
IT SOUNDS

AS GOOD

AS IT LOOKS.

Professional sound recordists have told us that
they found the sound qua'ity of our

Tx 2000 transmitter almost indistinguishable
from a line mic. Praise enough you might think.
But we wanted to go further.

So when we produced the Hx 2000 hand held
transmitter, the newest addition to our highly
successful RMS 2000 range, we first made it as
slim as we could, squeezing the very latest
multi-layer PCBss into a tube measuring only
220mm by 20mm.

Then, on top, we added one of the world's finest
microphone capsules, specially produced for us
by Schoeps of Germany.

The result is an ultra-lightweight hand held
transmitter that delivers transparent sound.
And, since the Hx 2000 is also compatible with
the vast range of Schoeps Colette
interchangeable microphone capsules,

real versatility too.

Now you've heard how good we think it is, we'd
like you to hear for yourself. For more
information or to arrange a demonstration
contact us at the address below.

Audio Limited, 26-28 Wendell Road,

London W12 9RT.
Tel: 081-743 1518 {2 lines), 081-743 4352.

Fax: 081-746 0086.

RADIO MICROPHONE SYSTEMS
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00 Dolby SR at Bunk Junk & Genius
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“Our combination of classic analogue synthesizers as well
as ‘state of the art’ Midi and software equipment has broken
some of the conventions of the more traditional studio.

“This, coupled with acoustic instruments and performance,
creates a good blend. Dolby SR on the multitracks is the
ideal format to capture the vast range of sounds our clients
create and use.”

Paul Brewster — BJG

@olby SR can be heard on the following BJG projects....
The Orb, Sabrina Johnson, Galliano, Real Thing, FFF, Dakeyne,
Mike Oldfield, Robert Fripp, Yellow Magic Orchestra.

More and more studios are realising what Dolby SR can do for them.
Call Andy Day on 0793-842100 and find out for yourself.

Dolby Laboratories Inc

Wootton Bassett » Wiltshire SN4 8QJ  Tel: 0793-842100 » Fax: 0793-842101 @
100 Potrero Avenue ¢ San Francisco CA 94103-4813 « Tel: 415-558-0200 » Fax: 415-863-1373 DOIb
Dolby and the double-D symbol are trademarks of Dolby Laboratories Licensing Corporation  W93/061



ROOM TO Z0OIV

oom’s new flagship effects
processor is an all-out assault
on the serious end of the
market. The admittedly large
price tag the unit carries is easier to
justify when you consider that the 9200
can represent up to four totally
independent mono processors or
various stereo configurations—this also
accounts for the presence of four XLR

ins and four XLR outs on the back panel.

Physically, the 9200 is a very
handsome box (like most Zoom units)
and comes with a card slot to facilitate
saving 99 additional user programs. A
cluster of eight buttons deal with the
business of getting in, out and around
menus, plus access to the Utilities
section for MIDI and other setup
procedures. Visual feedback is
delivered by a large LCD and an LED
program number read-out and, as the
unit resides in a type of Play mode
when not being edited, patch selection
comes courtesy of a dial or the dial
followed by a press of the EXECUTE
button. The 9200 supports MIDI
commands appropriate to an effects unit.

The front panel picture is completed
by an architecture, or program
structure, display. The four inputs and
outputs can be assembled into four
architectures that encompass three
different effect categories—A, B and
C—which correspond to different
degrees of complexity. Architecture 1 is
effectively the 9200’s best shot at an
all-out stereo-in stereo-out processor
with access to the most intricate effect
categories; Architecture 2 yields twin
stereo in and outs; Architecture 3 gives
a stereo and two monos while
Architecture 4 transforms the device
into four mono processors.

Editing

With 99 factory presets and an equal
number of user programs, the effect
blocks slotted into the chosen
architecture can additionally be
dropped into series or parallel

A two-handed approach is needed for the 9200

configuration. Input attenuation for a
given channel is controlled within
software by pressing one of the four
input buttons above the related LED
bargraph input displays on the
left-hand side of the front panel and
spinning that dial. Surprise—these
same input selector buttons are also
used to select parameters for
adjustment via the dial in Edit mode.

A quick look at the geography of the
9200 front panel in the photo and
you've guessed it—Zoom expect you to
use both hands when fiddling with this
thing. This is perhaps the single biggest
oversight on the unit, because the two
areas of maximum activity are at
opposite extremes of the rackmount. It
took the 9200 to make me realise that I
tweak my outboard with one hand and
even my best attempts at continuing
this tradition yielded unsatisfactory
results. Accuracy 1s the first thing that
goes, aggravated Ly the time it takes to
move your hand 15 inches between
adjustments and the fact that you also
have to scroll through pages using the
Edit ur and DOWN buttons.

Eventually you swear, turn around
in the chair and face the unit head on.
One hand on the left of it the other on
the dial and, for a while, your whole life
revolves around this pretty box until
you get what you want.

Having extolled the virtues of Zoom
ergonomics, a £1500 plus unit with this
sort of shortcoming is an
embarrassment. It is all the more
unfortunate because the 9200 is one of
the finest-sounding boxes I have ever
heard. And once you literally get to
grips with the way Zoom expect you to
Edit, then the preduct is satisfying and
immensely powerful.

Up to four of an effect’s parameters
are displayed at ance (the SELECT
button accesses the different effect
types) and selected for adjustment by
dial, which can be assigned increasing
degrees of coarseness by the DIAL
button, via the aforementioned input-
function buttons. The level of editing

'. = -'b-._-,xr:ﬁ" :‘.é‘;—'.— :

i
-y

e AL
) W mor  vnury emen

L e RO
|

STONE CAMORL.

available, particularly in the most
sophisticated C category effects, is
considerable and instantly gratifying
—once you have got the hang of the
two-handed routine—and I did not have
a problem with the way parameters are
organised.

Sonics

The three effect categories contain
modulation, delay, pitch shifting, EQ,
early reflection and reverb blocks in
varying incarnations and complexities.
Wherever stereo becomes an issue, the
9200 does a marvellous job of keeping
things solid and intact. Of special
interest is the ability to insert what is
effectively a crossover between layered
reverbs which translates into the
paring-off a spectral segment of the
signal and endowing it with completely
different ballistics. Thus a controlled
and short reverb time can be made to
sing and open up on the highs by
employing a ‘Hi-multiply’ parameter
which can as much as quadruple the
reverb time on a frequency selective
basis. If you can imagine this, then you
will probably be able to find a use for it.
EQ also deserves mention and ranges
from in-built reverb equalisation to a
stand-alone 3-band sweepable affair.
You would not expect the modulation
effects from the top-of-the-range Zoom
unit to be anything but exemplary
given its track record further down the
market. The 9200 takes chorus in
particular onto another level with an
ineredible degree of controllability and
a practically
‘seamless’
character. Phasers
are presented from

Zenon Schoepe

traditional zooms 1n on two
boxiness right . '
tughwwhat  Signal processors
can only be

from the Zoom
Corporation

described as an
advanced stereo
form. But it is
reverb that this »
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box is all about, and in this area the Zoom is up
there with the greats. Listening to the processed
signal in isolation becomes a pleasure and so
believable.

There is an intelligence to the algorithms that
spares any cheap feedback tricks even at the
longest reverb times. The coherence is such that
you can throw whatever you like at it and while it
gets on with the business of creating the room you
can decide whether it is the right program. Its
incredibly unfussy and this is basically what a
modern reverb processor ought to be doing for you.

It is difficult to make the reverbs sound naff
basically because their fundamental characters
are so pleasant and wholesome. Even A and B
category reverbs are excellent but admittedly do
not have the intricacy of the C category types
which are quite simply of the highest calibre.

B category early reflections are worthy of special
mention for their variety and programmability.
This box has all the modern top-end sheen that
you could want and it is controllable at source.

Perhaps I have not made enough of the fact
that there are up to four channels of processing on
tap here, so providing you have got your patch
sorted and you understand your Zoom
architectures, you are laughing. There is still a
place for mono effects so its 4-in, 4-out structure is
valid while the dual stereo mode with extremely
respectable performance puts the not
inconsiderable price tag into perspective. It is not
a multieffects unit in the accepted sense but many
still prefer to run separates anyway.

The way this device operates in Edit mode will
be an insurmountable problem for those who are
unwilling to adjust to the requirement of using
both hands to get around the 9200 quickly.
However, do not let this put you off. Get to hear

some CDs played through it before you condemn it
and feel that quality. The 9200 is an outstanding
reverb processor that is marred by a certain
operational quirkiness but on balance this is
wiped out by its sheer sonic elegance.

9120

The 9120 is Zoom’s entry-level rackmount studio
processor. It assumes this role without so much as
nod to the guitarists that have become the
company’s core audience. The 9120 is also
something of a distillation of Zoom ideas with
regard to front panel controls and unit operation.

Patches are stored in 99 locations and consist of
ten fundamental effect types selected from a
ten-position pot with LEDs corresponding to hall,
room, plate, gate and early reflection reverbs,
chorus delay and pitch shifting plus two special
effects categories. Subdivisions within these types
are accessed through the editing process to add to
the device’s reverb characters, for example.

Central to all affairs is a large LCD which
interacts with three soft continuous controller pots
to its right and a PAGE button that scrolls through
up to three pages of program parameters.
Parameter values in threes are displayed
numerically and their corresponding soft pot’s
position is approximated on a circular zone on the
LCD. Unless you take the time to clock a
numerical value before you twiddle its pot, the
knob’s continuous nature is likely to change it
radically—care is advisable.

This aside, operationally the unit is child’s play;
Zoom have got this business well and truly sorted
now. It is good to encounter real knobs for input,
output and balance controlling the rear panel
jacks for a change and its admirable that the

device is effectively always in Edit mode and has a
straightforward store procedure. Patches are
recalled with up-down increment buttons or by
MIDI command (Zoom-style patch mapping is also
implemented) and real-time control is
administered via MIDI or foot controller.

Points of note include the 9120’s quiet operation
and simple but effective delay time calculator
which converts bpm to ms with transferral of this
value to the delay setting. The front panel TRIGGER
button or a footswitch can also be used to tap
enter delay time.

There is a stunning sweep flanger that just goes
on and on and is available in five flavours, and the
chorus patches are to Zoom’s usual high standard.
Meanwhile, I found the gate very difficult to set
with precision and repeatability. Plate reverbs are
convincing, but in general I found the reverbs
lacklustre and the early reflections none too
sparkling. They are passable approximations of
reality but are too dim and dark to make them
true all-rounders. And there is not a great deal
that can be done about this with the rather
limited editing offered.

In summary the 9120 impresses as a very fast
multieffects unit that could be pressed into service
wherever results are required quickly. Its
considerable talents, especially in terms of
modulation effects and its quietness, would be a
handy supplement to more heavyweight
devices. B

Zoom Corporation of America,

385 Oyster Point Blvd, Suite 7, So.

San Francisco, CA 94080, USA.

Tel: +1 415 873 5885. Fax: +1 415 873 5887.
UK: MCMXCIX, 9 Hatton Street, London

NW8 8PR. Tel: 081 963 0663. Fax: 081 963 0624.

FOR THE INS AND OUTS
OF A PROFESSIONAL DAT RECORDER
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Y] professional-standard features:

committed to the professional audio business.

Stirting Audio Systems, Kimberley Road, London NW6 7SF e Tel: 071 624 6000 e Fax: 071 372 6370

of the Otari DTR-7

That's were you’ll see that the Otari DTR-7 has been purpose-
built for professional use, with XLR-type connectors for
its AES/EBU digital 1/0s. Plus a host of other

® SPDIF digital interface ® Selectable 48/44.1/32 kHz
B sampling frequencies (auto select for digital recording)
® Input signal monitoring through its inbuilt A/D and
D/A convertors. ® Complete with rack mounting ears.
® Start ID, Auto 1D Edit and Auto Renumber functions.

Otari doesn‘t make HiFi DAT machines — so you don’t have to
use one! Choose the professional DAT recorder from the company that's
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The new Vienna Il gives your
performance that little bit more

The new Vienna |l shares the same smooth locks B Individual pre-post switching on al

as its predecessor and has many of the same auxiliary sends

attributes - with up to 40 input frame size, B New input stage giving wider range and allowing

8 groups, aux sends and effects returns together mic and line level signals to be connected via the

with optional | | x 8 matrix. XLR input
However, lurking inside that cool exterior are B Insert points on auxiliary outputs

a number of new and unique features which have B VCA Grand Master module for exzended control

been included by popular demand:- of 8 VCA groups

B Improved EQ for tighter control over LF in Whether you are on the road or hav= a permanent
both bell and shelving mode venue to fill, the Vienna Il offers unrivalled

B Fully featured stereo module giving higher performance together with Soundcra®’s impeccable
input density pedigeee at a price which may surprise you.

Soundcratft

EUROPA VENUE Il

THE PA RANGE

HARMAM INTERNATIONAL INDUSTRIES LIMITED, CRANBORNE HOUSE, CRANBORNE INDUSTRIAL ESTATE, PGTTERS BAR
HERTFORDSHIRE, EN6 3JM. BNGLAND. TEL: 0707 665000 FAX: 0707 660482

H A Herman International Company

‘ch—annel. and mix pafh pe; mle; to automation functions and master status ‘ 0
significantly reduce console size and switching for a variety of console Otarl CO nc ep t 1
streamline operation by digitally functions. The Analogue Master governs
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(buses 7-8 and 9-10 being individually selectable).
The dual concentrics provide four mono and two
stereo sends, with Sends 3 and 4 having access to
the multitrack routing matrix. Channel and mix
sections are identical apart from their input source
stages (Mic-Line or Group-Tape), and the absence
of phase reversal in the mix path.

The Input module is assigned to the Digital
module in one of two ways, either from a large
SELECT key positioned hetween channel and mix
sections, or by AUTO SELECT which will attach a
module once any of its digitally controlled buttons
are locally activated.

The central control area is perhaps the most eye
catching part of the console, being laid out in block
diagram form. There are seven sections dealing
with various aspects of signal flow for both paths,
and to make identification easier, the same colour
labelling that exists in the Input module is used:
channel functions in green, mix functions in
purple. Each section contains flush-mounted
function buttons with inset LEDs, which are placed
in direct relationship with the block diagram
layouts. This arrangement serves the double
purpose of clarifying operation, and providing a
detailed view of module configuration in a single
intuitive display.

Certain keys are duplicated between the Input
module and Digital module, such as EQ IN-0UT and
automation buttons, and can be accessed from
either area. Module switching functions under
digital control are as follows:

Input Select (Mic-Line, Group-Tape), Input
Reverse, Phase Reverse (channel path only), EQ
In-Out, Auxiliary Send (On-Off, Chan-Mix,
Pre-post, Routing), Fader Flip, VCA Bypass, Mute,
Solo Safe, Diskmix Status, 24 Track Assign (either
direct from channel or mix, or via bus pairs from
Channel, Mix or Aux 3-4), Stereo Bus Assignment
(from Channel and-or Mix).

Once a module has been configured or edited, it
may be copied to another module, group of
modules, or the whole desk. Setups can also be
stored as user presets, and the console is supplied
with factory presets for Record, Mix, Overdub, and
Broadcast modes which can all be modified by the
user. Unlimited numbers of presets are available
being stored in banks of 12 to the console’s hard
disk—personalised presets can be transferred to
floppy as backup, or to set another Concept 1.
Globally setting a status preset, such as Overdub,
to the control surface is a simple three-button
operation: PRESET(OVERDUB)-COPY TO MODULE-ALL.
There are also three user-definable module groups,
for fast sectional configuration of the console.

The last module configuration is always saved
and can be recalled by selecting Swap Last State;
this is a useful facility if, for example, a
configuration has been copied to the wrong module
which will then require reinstatement.
Additionally all changes made to a module can be
systematically undone stage by stage.

Each Input Module contains two programmable
soft keys—S1 and S2. These may be used to set or
toggle one or a group of digitally controlled
switches within the module by a single key press.
Soft keys also appear on the master section of the
console where they operate globally.

Also set from the Digital module are solo and
metering modes. The console offers three solo
modes—AFL, PFL, and SIP—which are path
selectable and can function as additive, interlock or
temporary. Solo Clear and Defeat (toggles on-off all
AFL-PFL selections) are included.

All console bargraphs are VU-Peak selectable
with a Maximum Hold facility available for each.
The module meters are switchable between the
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channel path, mix path, the tape return and the
group output. These 24-segment bargraphs are also
used for another important function—track routing
indication. By selecting the TRACK ASSIGN key, the
meters will briefly stop displaying levels, and show
bus assignment with each lit LED segment
representing an assigned group—a double press of
the TRACK ASSIGN key will cause the display to
lock-on. To backup this facility, an Assignment
LED at the base of the meter will light once track
selection has been made, thus providing permanent
confirmation of routing.

A separate LED module status display is
positioned under each meter which shows all the
switchable information not displayed on the Input
module itself (apart from phase reverse). By
referring to this and the other local function
indicators, the operator can extract the majority of
module configuration information without further
console interrogation.

Source for the control room monitor, studio
speakers, and cue-effects output are individually
selected from two groups of buttons (MONITOR
SELECT A and B). Each have 12 identical source
buttons for the stereo mix, external machines, and
the ten paired aux buses, which can all be summed.

Control room monitoring is divided into
nearfield and main sections. Both sets of speakers
can function independently having separate on-off
switches and level controls. The nearfield level can
also be selected to operate pre or post the main
level control. Two TALKBACK buttons are provided:

Concept 1 in its entirety

one connects the built-in electret mic to Slate, the
other opens the mic to Slate, Studio, Aux and
Cue-Effect simultaneously with individual
talkback gain control and on-off switching.

Automation

The console is fitted with two types of automation
as standard—Otari’s Diskmix system governing all
faders and their mutes, plus a snapshot system for
all faders and digital switches.

Snapshots are stored in banks of 99 to hard disk
and can be recalled within one frame.
User-definable crossfades can be set up to ‘ease-in’
fader settings, and a Mask facility is included to
block-out specified data—this could be certain
switches in a module (Module Mask), or entire
modules and global functions (Console Mask). As a
safety feature, a current desk-wide snapshot is
always stored in nonvolatile RAM to allow last
state recall.

The snapshot system also supports MIDI, so that
when a snapshot is recalled an associated MIDI
Program Change message will be output through
the console’s MIDI port. In the same way the
console will accept Program Change messages to
allow external recall of snapshots; by linking the
console to a sequencer, MIDI controlled snapshot
automation is possible.

Diskmix controls faders and mutes on both
channel and mix paths as well as the main stereo
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bus fader. The system also has an event controller
that will trigger module or console snapshots along
with MIDI and GPI events.

Diskmix operates with a mixture of local
controls, central master controls and screen-based
commands which are accessed via a built-in
trackball. A high-resolution video display shows
bargraph levels and status for all paths, with a
separate screen showing stereo master fader
information; snapshots and various other console
functions are also displayed from the screen. Full
off-line facilities have been implemented including
Fader Trim and Set, Mute Trim, Mix Merge, Mix
Copy, Insert Time, Delete Time, Write Zone,
Extend Mix and so on.

A VCA grouping facility is provided that can
operate independently of the dynamic automation,
and faders can be designated as slaves, masters or
grand master. As mentioned a VCA bypass facility
is included, which in the standard console will
entirely disconnect the fader and pass the signal at
unity gain. This is not always ideal, and so a
Penny & Giles fader option is available that will
retain manual control during VCA bypass.

Concept 1 includes an autocalibration system
that Otari have called CompuCal, which
automatically aligns VCAs and meters. Another
console feature is extensive self-diagnostics.

Future options

Four main options will be available for Concept I in
the near future. The first is a moving fader option
for Diskmix operating on both channel and mix
faders. Audio will remain routed through the VCA
and all other Diskmix functions remain unchanged.

Two stereo modules will be offered—a stereo
input module and stereo submaster output module.
The stereo module features two stereo inputs
which can be routed directly to the stereo mix bus
or to the multitrack buses. The Concept I standard
equaliser becomes fully stereo with the addition of
a swept high-low pass filters section. The Stereo
Output module derives its input from the
multitrack buses and is equipped with the same
equaliser as the Stereo Input module. Its output is
either to the mix bus and-or an additional stereo
Main output, providing mix-mix minus sends, or
extra stereo feeds for tape, satellite. video truck
lines and so on. Both stereo modules will be
controllable from the central Digital module, and
the Stereo Input module will be fully automated.

The fourth option is a screen-based virtual
dynamics package, offering limiting, compression,
gating and expansion for one signal path on each
input module.

Conclusion

Otari’s Concept I is an intriguing mix of traditional
design and digital control technology. Much effort
has gone into maximising facilities while shrinking
the control surface, but without losing the operator
in the process. The desk has the potential to suit
many different ways of working and can be
operated at varying degrees of complexity
—although it is as well not to be over ambitious to
begin with. As Otari themselves say, this is not a
console you will get bored with, The all-American
Concept 1 offers extremely good value for money,
and is a welcome newcomer to the mid-priced
console market. I

US: Otari Corporation, 378 Vintage Park Drive,
Foster City, CA 94404. Tel: +1 415 341 5900.

Fax: +1 415 341 7200.

Europe: Otari Deutchland Gmbh, Rudolf-Diese!-
Strasse 12, D-40670 Meerbusch 2, Germany.

Tel: +49 23159 50861.



Sennheiser

_Whatever your situation

sty and iy MKH 80
studio
condenser
microphone

in all aspects of recording.

Superb studio performance and the ultimate in

flexibility: the MKH 80 variable pattern studio

condenser microphone extends -he outstanding
quality of the Sennheiser NIKH range.

The MKH 80 features exceptiomally low noise,
a wide range of audio contral and a high
dynamic range plus switchable are-attenuation,
HF lift and LF cut to compensate for proximity
effects, and LED indicator for exact orientation.
The most versatile microphone designed for
any receding situaton.

ALLTHE MICROPHONES
YOU'LL EVER NEED.

(/] SENNHEISER

Sennheiser UK Ltd.-Freepost, Loudwater-High Wycombe. Buckinghamshire, HP10 8BR. Telephone 0628 850811. Fax 0628 850958



“After using 996 for over 12 months. I remain very
impressed with its consistency and performance.
9965 low noise floor makes it ideal for most
applications, even without noise reduction, and its
high level capabilitv copes with alimost anvthing
we throw at it without any saturation”.

- Callum Malcolm, engineer and producer.
Castle Sound Studios.

“The performance is excellent. You can push it
verv high indeed, vet it still retains the claritv
needed for CD's, combining the best of analogue
warmth with a good crisp quality - real
competition for digital”.

- Craig Leon, producer.

“I've been using 3M 996 tape at 30ips without
noise reduction, and it sounds terrific. It’s
analogue like analogue ought to be - with digital,
all vou can do is get the level right bur 996 gives
you far more control over geting the sound right.
It’s the only tape [ use now”.

- Chris Kimsey, producer.

“3M 996 knocks the spots off previous-generation
analogue. Recording multi-track ar 30ips, with
noise reduction, 996 lets me achieve the kind of
warmth that s verv hard to get with digital. And the
results are as super-quiel as digital, vou just don
know it’s there - what you put on you get hack”.

- Hugh Padgham, producer.

Clarity, punch, excitement. 3M 996 Audio Mastering
Tape elicits a dynamic response from producers and
engineers. It provides the analogue performance they’ve
always wanted - the ability to record as hot as +9dB,
with a maximum output of +14dB. A very low noise
floor , achieved by a signal-to-noise ratio of 79.5dB and
class-leading print-through of 56.5dB. 3M 996 captures
every subtlety, delivering every note just as it went
down. The highest level of response.

3M United Kingdom PLC,
Professional Audio/Video group, 3M Housce
Bracknell, Berkshire RG12 11U Tel: (0344) RSR614 Fax; (0344) 858493

996
Audio
Mastering Tape

®

3M AUTHORISED AUDIO DEALERS:

ProTape

33 Windmill Street
London W1P 1HH
Tel: 071 323 0277

Stanley Productions
147 Wardour Street
London W1V 3TB
Tel: 071 4390311

PMD. Magnetics

P.O. Box 19

Avenue Farm
Strattord-Upon-Avon
Warwickshire CV37 0QJ
Tel: 0789 268579

Sound & Video Services (UK) Ltd.

Sharston Industrial Estate
Shentoniield Road.
Manchester M22 4RW
Tel: 061 491 6660

Transco Mastering Services
7 Soho Square

London W1V SDD

Tel: 071 287 3563

P. F. Magnetics

14 Simpson Court

I'l South Avenue
Clydebank Business Park
Clydebank

Dumbarton G81 2NR
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rance has a long and

illustrious tradition in

cinema film—indeed, its

film industry remains
among Europe’s most active and
prolific. Critically-acclaimed French
film releases score regularly on the
international circuit, in a2 manner
that must be a cause of some envy
to countries with film industries that
are, perhaps, most kindly described
as ‘under siege’.

However, film is an area of audio
production that is widely regarded as
remaining relatively firmly ensconced
in traditional methods. It is,
therefore, surprising to discover a
modern technology-based facility like
COPRA lurking in Paris. The use of
the word facility is somewhat
misleading when used in the context
of COPRA, for it is actually a good
old-fashioned co-operative, created by
like-minded individuals to serve the
purposes of their trade in the
creation of film sound—in fact, it is
refreshing to see such laudable
principles being upheld and made to
work in these times.

COPRA has amassed a wealth of
experience at its premises in the
Boulogne suburb of the French
capital and assembled the biggest
collection of SSL ScreenSounds in
Europe. Period. It has also become
very committed to the SSL approach
to digital technology, and, with the
installation of a Scenaria in January,
it became one of the first facilities in
Europe to offer the company’s digital
mixer, hard disk recorder-editor and
random access picture package.

ScreenSound has enjoyed significant success in the US but
strangely has failed to match this performance in Europe, an
observation that COPRA MD Alain Lachassagne explains with
reference to the health of the respective film industries.

‘I have to say that there is no correlation between the sort of
money involved in films in America and in France, it's just not
the same, he comments. ‘In France people are more accustomed
to working with individual digital systems like the Akai
DD1000 and Pro Tools but these machines, while adequate, are
not really ideal for editing film sound on.’

COPRA’s move is therefore as bold as it is far-sighted, but
this is a common thread in the co-op’s activities and history. Its
premises were originally hired in 1971 but a fire created an
opportunity to buy the land and commission a purpose-built
complex which in honesty is beginning to look rather cramped.

‘In the beginning it started as a group of location recordists,
and together we bought and rented equipment that we needed,’
explains Lachassagne. ‘We needed to be able to perform
high quality transfers in first mono and later stereo, and we
developed our own sound effects library. As there were ten of
us, we had the opportunity to create a very rich collection of
sounds from the variety of films we had worked on.’

The ability to create original sound effects was added as a
natural extension of the library, and as the years passed,
COPRA started to look towards ways of editing and compiling
sounds for soundtracks which culminated in the ScreenSound

FRENCH ART

direction. The organisation is now involved with around

30 freelance sound professionals who turn to COPRA to use its
facilities. ‘It started as a co-operative and it has remained one.
It's the only one in the field of films in France, adds
Lachassagne.

‘We started to look seriously at digital editors aboui three
years ago and investigated the AMS AudioFile and SSL
ScreenSound. Most of the time we are involved with film and
we felt that AudioFile was more video orientated, he says.

A ScreenSound was acquired on test and the high level of
interest and positive response from COPRA sound editors
caused the first system to be installed in July 1991. It was used
on commercials and film sequences before a four-month job on
the American cartoon series
Doug tied the system up and
necessitated the need for
another if COPRA wanted to
be seen to be promoting its
new technology.

‘We realised that the way to
make the system catch on was
to get it used,’ explains
Lachassagne. ‘Again, we
organised meetings with the
users and gave training
courses to allow them to P>

Zenon Schoepe visits a
postproduction facility
in Paris and discovers
the largest collection of

SSL ScreenSounds to
be found in Europe
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There is less distance between the traditional way of cutting and ScreenSound than there is

between traditional mixing and Scenaria
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become familiar with it. The result was that some of these
sound editors were then in a position where they could
suggest the use of ScreenSound on a film production.’

The approach quite obviously worked because two more
ScreenSounds had to be bought to handle the work load
—two installed at COPRA and two mobile systems to fit
in with the on-site requirements of film production
companies.

‘T'wo things are important about the philosophy of
ScreenSound,’ observes Lachassagne. ‘First, the way
editing is performed is very near in principle to the
traditional way of cutting the interface is simple—and the
second is the network. With many rooms at COPRA for
transfer, the sound library, editing, and autoconforming,
SoundNet allows a very economical use of our resources
and equipment for any situation. We can, for example,
have two editors working on sounds simultaneously if
that’s what we need.’

He agrees that the Scenaria adds to the value of
COPRA’s sound chain, ‘Using Scenaria without
ScreenSound doesn’t make sense,’ but adds that the same
cautious approach was taken with its adoption as was
taken with ScreenSound. Time has been invested in
introductions to the system for operators. ‘Two engineers
who are used to mixing on traditional desks have learnt
the system.

‘They have been astonished,” he observes. ‘However, it
has become apparent that there is less distance between
the traditional way of cutting and ScreenSound than
there is between traditional mixing and Scenaria.

‘When you spend money on equipment such as this
there is always a quiet period to let people get accustomed
to it—because it is new technology, after all,’ he says.

‘Scenaria also represents a new area of activity for
COPRA so it all takes time. It takes time for the right
people to learn that we have such a system and we have
actively to create our new clients to show them the
benefits of these new tools. It's important to remember
that in the production company’s mind they still think
that virtual editing is more expensive and they have to be
persuaded that this in fact is not the case.’

Lachassagne states that COPRA’s work load currently
stands at around 80% film and 20% TV, but he is
confident that in the months to come the ratio will alter to

a half-and-half split with the
increased work that will be attracted
through the Scenaria. TV productions
are COPRA’s targeted area of
expansion as a response, in part, to
market forces. ‘There is now less work
in cinema films these days while
television film production is
increasing,’ Lachassagne explains.
‘The big difference between cinema
and television is that in cinema
freelancers are always used, while in
television films the producers are
looking for a package and they
appreciate new technology better than
they do in cinema.’

He adds that there is a move in TV
films back towards 35mm picture
because of its concern for HDTV: ‘As it
stands Scenaria is not very suitable
for doing cinema films but it is very
good for handling TV films and
commercials, which is what it will be
used for. With a lot of luck and a lot of
money, the logical thing would be to follow through our
ideas about equipment to something like the SSL
OmniMix which would give us the ability to mix to a
number of different formats.’

He points out, however, that space is restricted at
COPRA HQ, and that all this talk about new technology
cannot detract from the fundamentals of sound
production. ‘The sound mixer undoubtedly appreciates the
editing facilities available on a hard disk system but the
most important point is that he’s working digitally and
that there is no degradation, summarises Lachassagne.
‘But that in itself does not constitute quality. Quality is
created by the operators—the sound editors and the
mixer. In the traditional way of working the sound at the
end is never as good as what you start with whereas now
if the original sound is good then at least there is a chance
that it will remain so. And that is down to the skill of the
people involved.” M

COPRA, 12 rue Heinrich, 92100 Boulogne, France.
Tel: +33 1 4608 2040. Fax: +33 1 4621 7095.

‘There is now less work in cinema films while
television film production is increasing.’
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Loud and Clear

"We got the M3s because they simply blew me away. We were comparing many
different systems and when the M3s got here | just said 'That's it, no more!’
because they were so much better than anything else we had heard. They are very
clean and crisp and can handle level, so we can do dance and rap, but we also i
master rock, pop, reggae and heavy metal. The M3s are great with everything we :

listen to, and the imaging is simply the best of any studio monitor.” F‘,
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:
Chris Gerenger, Mastering Engineer ]
Hit Factory New York
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DIGITAL AUDIO

INTERCHANGE CONFERENCE

he opening session of this year’s UK AES

conference, appropriately termed Review

Session, provided an insight into current

approaches and operational requirements
for programme interchange, networking and
storage media. Francis Rumsey (Surrey
University) introduced the three key areas of
digital programme interchange as recording
formats and physical media, real time
point-to-point interfaces, and computer networks.
Rumsey explained how it was vital to consider each
of these areas separately to establish the need for
standards.

Paul Lawrence (Rothwell Group) examined
the use of computer networks and explored the
differences between a dedicated digital audio link
and a connection over a network. With a dedicated
link, the bandwidth is sufficient for real time
transfer (normally 75kBytes per second per
channel); audio is transferred as a single stream
and the time taken for the transfer depends on the
track duration. With a computer network however,
data can only be transferred as soon as possible,
with a maximum transfer speed dependent on the
computer’s network interface. Hence computer
networks cannot guarantee real-time transfer of
digital audio. In addition, a computer network
interface must be able to split and reassemble the
signal, and sending and receiving computers need
to be able to decode a common interchange format.
Lawrence went on to explain the Open Systems
Interconnect (OSI) Seven Layer Model and network
topologies and components [see sidebars]. He
concluded by emphasising the use of networks for
transmitting data between nodes but not for
replacing direct links in studios, and that transfer
in a specified time over a computer network is
never likely to be possible.

John Watkinson (Watkinson International
Communications) discussed the considerations
involved in using physical storage media for
interchange. For interchange between media,
standardisation of physical size and layout,
magnetic-optical parameters, file structure,
channel coding, error correction, sampling rate,
word length and data reduction would be
necessary. Watkinson pointed out that standard
interfaces may be more important than media
compatibility. He also suggested that
standardisation of working-editing media was not
likely or desirable, but that there may be a need for
a standard basic medium for interchange purposes.
However, standardisation of protocols and
recording structures on the media was a practical
goal. Watkinson added that since generic computer
hardware was becoming cheaper, professional

dedicated audio equipment was no longer always
viable and ‘according to Shannon’s Theory, a bit
does not know if it’s professional or not!"

John Emmett (Thames Television) chaired a
panel discussion of users and manufacturers under
the theme The View from Here. Andrew Hingley
(Sony Broadcast International) looked at the
quality requirements of different applications.
Serge de Jaham (Studer Digitec) explained how
a typical digital audio system currently uses a
dedicated audio network which is often only
point-to-point, and a control and data network
using standard computer hardware and software.
He described how new networking technologies will
provide high-speed transfer of high-quality audio,
be capable of handling multimedia and mixed data
types-formats, and will use open standards which
will make them more adaptable and cost efficient.
He concluded that these new networks will have an
impact on the whole system organisation and
functionality.

Bill Foster described how the issue of
programme mterchange would be easier if
sampling rates and word length were standardised
and commented on how the concept of a central
machine room with access around the facility was
alien in the recording industry, and that record
companies want everything now, making fast
access to material essential.

Nick Buti (formerly TV-am), explained how he
was given the task of finding replacements for cart
machines for live radio. After appraising suitable
options, a system based on PC hardware and
storage, with PCX3 audio cards and software from
Digigram UK was chosen for flexibility.

A broadcast quality reporter’s phone-in system was
included and networking the systems was an
obvious progression. The PCX3 cards used
Musicam 4:1 compression, so a simplified view of
the audio coding was analogue-Musicam-analogue-
Nicam 728-analogue. Butt pointed out that the
double decompression process was never perceived
to degrade sonic quality. In conclusion, he claimed
to have been able to replace tape-cart media with a
networked hard disk system without fuss and at
comparable cost to current tape systems.

The discussion settled on applications,
limitations and coding schemes for data
compression. The View from Here was to use
compression and exploit networking, or to process
off-line. However, for mass storage, compression
could be a temporary issue, since storage capacities
of media are bound to increase and prices decrease.
Equipment turnover and how the timescales for
replacement no longer provided value for money
was also raised, and that the time taken by some
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broadcasters to evaluate new equipment meant it
would be out of date by the time they ordered. It
was pointed out that equipment was only really
obsolete when it no longer performed the job
required and that companies such as Decca, solved
this problem by making their own equipment.
Unfortunately, broadcasters no longer have the
engineering personnel to be able to do this. Other
subjects discussed included mass storage and
handling of libraries and archive material, the
need for routing and networking of data in addition
to audio.

David Ward (Pro-Bel) presented the first
paper in a session entitled The All-Digital
Broadcast System. He highlighted some of the
requirements when designing digital audio systems
using the AES-EBU digital audio interface
standards. Considerations for signal routing
included numbers of sources and destinations, the
need for bitstream continuity and silent switching
(on-air), whether inputs are synchronous or
asynchronous, the ability to handle inputs with
different sampling rates or formats and economics.
He concluded that there have now been enough
large scale installations, including BBC Television
and Thames, for organisations to be confident that
using the AES-EBU interface is a reliable way of
satisfying the demand for higher audio quality.

Steve Lyman (CBC) described how two
experimental audio production studios were built
to gain experience with digital tools and their effect
on production techniques and studio construction.
The TV sound suite in Montreal has a Lexicon
Opus while the radio production suite in Toronto
has an AMS AudioFile and two Yamaha DMP7D
consoles (now replaced by a Logic I). The tool
which made ‘going digital’ worthwhile was the
random access recorder with nondestructive
editing. As a result, the total time required for »

This year’s UK AES
conference was as
popular as it was
topical and
addressed many
aspects of digital
audio. Stella
Plumbridge reports
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most programmes dropped by 30%-50%, although
in some cases production time remained the same
but quality improved. Lyman pointed out that all
digital equipment in a studio needs to be locked to
a digital audio reference signal (DARS) to solve
sync problems. Furthermore DARS generators are
now available and manufacturers are beginning to
include a DARS input on equipment.

Nick Cutmore (BBC Development Group)
described the development of a distribution system
based on the Multichannel Audio Digital Interface
(MADI) and optical fibres, concluding that the
routers developed using the format have provided
excellent switching element density at reasonable
cost, and further developments include interfaces
for nonaudio signals.

Bernhard Grill (Frauhofer Institute)
described the coding structure of ISO-MPEG Audio
Layer 3 and its performance. Grill claimed that
Layer 3 provided good sound quality even at
60-64kbit/s, so allowing a point-to-point stereo link
using ISDN lines to be easily established.
Applications for this include using digital phone
lines as a commentary link to the broadcasting
studio.

Dave Gooding (BBC World Service) and Jeff
Cohen (BBC News and Current Affairs)
presented their experience of digital transmission
and news applications using telephone networks.
In 1986 a 64kbit/s circuit with G.722 coding (the
most widely used CCITT standard for transmission
giving a bandwidth of 7TkHz) was used to distribute
the World Service English language programme for
rebroadcast in Australia. Despite initial problems
with synchronisation, the circuit is still in use. In
1990 the World Service Japanese Section tested the
exchange of audio contributions via Integrated
Services Digital Network (ISDN) again using G.722
coding. Results showed that exchange of TkHz
audio was practical and simple. Musicam was first
used in 1991 to broadcast Last Night of the Proms
to NPR in Washington; tests showed that a clarinet
solo had undesirable artifacts, and clapping and
background noises sounded ‘unusual’, but this was
improved by using a low-pass filter. Although
128kbit/s has been used for distribution to
transmitters where there has been no other option,
currently World Service uses 192kbit/s for
distribution to rebroadcasters. Cohen explained
how the code-decode delay is 160ms, or 2 x 160ms
for a question and answer situation, and that delay
can also build up if sending via satellite. This has
caused problems in syncing audio to picture since
the delays were beyond the picture synchronisers
being used. The second day began with the session
Workstation Networking and File Interchange.

David Pope (Cambridge Digital) looked at
networking workstations in film sound applications
and noted that all of the user requirements
surveyed could be achieved with current
technology, so why isn't networking widespread?
Pope suggested that there does not seem to be an
urgent need for networking. However, it is
becoming unusual for a film dubbing or video post
suite not to have a workstation and the missing
component which would make networking essential
is the final playback mixdown medium. So far, all
systems have been a mixture of analogue and
digital therefore requiring a real-time transfer of
programme material at some point. However, B>
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NETWORK TOPOLOGIES AND COMPONENTS

CONTROLLER-TERMINAL

A Bus configuration: if the network is broken at any point, the network would not
function and all the computers attached to it would be affected.

TERMINAL

CONTROLLER-TERMINAL CENTRAL CONTROLLER

| ARing configuration: if the network is
broken at any point, the network would
| not function.

AStar configuration: if the network is
broken at any point, only the computer
connected to that spur would be

affected and the network would
' continue to function.

Repeater: when a network segment reaches its maximum length (or maximum
number of nodes) it may only be extended by adding another segment. A repeater
is the simplest device for joining two or more segments, it receives signals, then
resyncs, regenerates and retransmits them.

Bridge: this isolates the network segments attached to it by only transmitting
data across the bridge when its destination is in another segment.

Routers: these can pass data between different network types, for example. FDDI
and Ethernet, and when forwarding a packet uses optimising algorithms to
l minimise the time taken for a packet to reach its destination. B




To Make Money
in Radio Advertising,
You’'ve Got 10
Push the Right

Since 1990, radio stations in
every music market have been
more creative, more efficient
and more profitable with the
DSE 7000. In order

to increase profits

in the competitive
radio environment of the 90s,
general managers have been
asking more from their
production directors, who in
turn have had to do things
faster and cheaper. Clearly, the
trusty 8-track recorder wasn’t
going to lead radio stations
through this new era.

Since it was impossible to
become more effi-
cient at tape splicing,
astute production
types contemplated digital

technology. Thev found out
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and realized thev
could produce spots in one-third
the time. Which meant they
had time for a certain luxury
called creativity.
CNEg n The DSE’s UNDO
button gave them
room to experiment. And its
audio quality raised their stan-
dards to an entirely new level.
Today, hundreds of radio
stations are making more

money producing radio
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mgw commercials, because
they’re pushing buttons on the
DSE. Now it’s time to push
some buttons
on your tele-
phone and

call AKG.
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once the whole chain is digital, networking will
offer dramatic improvements in efficiency.

David Anderson (Sonic Solutions) explained
how it is possible to use current technology to
construct a network suitable for professional
digital audio. Looking at bandwidth requirements,
Sonic considered a range of applications and
showed that most workgroups could be satisfied by
a network of 10-12MByte/s. Considering the
arrangement of storage, this could be centralised
(where most data is on a central server), or
distributed (where a significant amount of data is
kept locally under the control of individual
workstations). Sonic found that for most audio
applications, the network should support
distributed storage.

essential to examine the function of each PC on the
network, and workflow and traffic patterns. In
practise a Novell Ethernet network can only
deliver 40-50% of the 10Mbit/s data rate, giving
the ability to transfer production quality audio
three times faster than real time. However, with
several users on the network it is unlikely that »

Mark Yonge (SSL) explored a hybrid solution
to networking. SoundNet uses point-to-point SCSI
for audio disk assignments to individual
workstations and a separate Ethernet network for
control data. Yonge maintained that since there is
a one-to-one relationship between each workstation
and each disk, there is never any resource conflict
and this arrangement allows projects to be
switched to a different workstation in seconds.

Richard Eliot (BBC Radio) looked at
networking personal computers for both audio and
business data, using Novell Ethernet networks in
particular. Eliot pointed out that although PCs
provide a ready platform for developing digital
audio systems, with the advantage of familiar
hardware and widely supported standards, it is
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this transfer rate would be regularly achieved.
Hence, without using faster technology such as
FDDI, networking of production workstations is
unlikely to offer practical benefits over removable
media. With combined audio and business
networks there is no need for multiple PCs,
however, the risks are that audio and business
traffic will be competing for space on the same
medium. Eliot concluded that there is limited
experience of handling audio over a PC network,
whether separately or combined with business
data, and there are no general solutions.

Erik Hardeng (Tandberg Data) described
data reduction for multiuser storage and archiving.
Tandberg have developed a high capacity storage
system based on 2.5GByte tape streamers using

[SO-MPEG Layer 2 coding to give 24 hours storage
per tape. The loggers are rackmounted PC units
each with two tape streamers for recording one
stereo audio programme and are controlled from a
master PC. The tapes are recorded with an index
making it easy to search for a particular time
frame or recording session, and searching for any
particular spot typically takes 20-30s.

The final session of the conference was
Multimedia Networking. Nigel Charters (BBC
News and Current Affairs) started by giving an
enthusiastic look at what might be possible in the
future—the ability to view and listen to incoming
material, order archive, graphics and stills as
required and combine it all with a script from one
terminal. Charters hoped that compression would
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not be an issue within a few years and gave the key
points for any multimedia broadcast system as
reliable, easy to use, provide maximum
streamlining of operation and, of course, not be too
expensive.

Crispin Jewitt (National Sound Archive),
described the current and future scope and services
of the Archive. The NSA is involved in several
information technology projects to improve this,
including an EC funded initiative to design and
test a prototype system for providing real-time
access to sound archives. The next step on from
this prototype will be to provide images of record
sleeves and labels, and even video material
(although transmission overheads would be
considerably greater).

Peter Lambert (Avid Technology) described
how the new disk-based editing workstations, such
as Avid’s Media Composer, can process audio,
video, graphics and captions, and are the
forerunners of integrated multimedia production
systems. Barry Stevens (Avid Technology) then
demonstrated the user interface of the Media
Composer and its editing capabilities.

William Storm (Digital Equipment
Corporation) explained how multimedia means
different things to different users, and why there
are limited multimedia systems which meet the
needs of commercial broadcasting, production and
studio recording where requirements for storage,
resolution, network speed and database structure
are very demanding. Cataloguing and indexing
issues are also significant particularly given the
rate of media production, and tools for
automatically cataloguing and archiving are
required.

The conference ended with issues including the
need for data retrieval and management tools and
here was concern that cataloguing is treated as a
separate process rather then being integrated.
However, the discussion again settled on data
reduction. One delegate commented that, ‘its seems
that the recession has hit the audio industry—gone
is the talk of getting more bits, now we're talking
about reduction’. It was generally agreed that the
use of compression for storage purposes will not be
necessary in the foreseeable future, but achieving
cost-effective distribution without compression was
uncertain. B

Further reading

The Digital Audio Interface Handbook

by Francis Rumsey & John Watkinson, Focal Press
Available from AES Ltd, PO Box 645, Slough

SL1 8BJ, UK. Tel: 0628 663725.

OMF Interchange Specification—Version 1.0
Available from OMF Developer’s Desk,

Avid Technology Inc, Metropolitan Technology
Park, One Park West, Tewksbury, MA 01876, USA.
Tel: +1 800 949 6634.

A Broadcasters Guide to Using ISDN and Switched
56 Worldwide, ISDN Publications Ltd.

Available from SYPHA, 216A Gipsy Road, London
SE27 9RB, UK. Tel: 081 761 1042.

STELLA PLUMBRIDGE with YASMIN
HASHMI established SYPHA in 1988 to

operate as a consultancy to
manufacturers and users of disk-based
audio-video editing and related systems.




[ Alow us 1o introduce a console that combines
dramatic good looks with the finest in audio
specification and leading edge DSP technology to
set a new standard in audio performance.
It’s equipped with highly aeveloped dual

inputs on every module with fader and mute

B automation, EQ and dynamics pracessing.

The extrao~dinary sonic specifica:ion
incluces the uniq-e FdB Parameiric Equaliser™
which overcome: the problems f ron-linearity
in music and the ear and provides precise cortrol
of all Tequencies i the audio speczrum.

Ir addition, all monitors Favz 1 2 band
equal ser and can share the FdB Parametric
Equalizer™ with the channels.

Flexible, yes. Fure in sound - o° course.

Al inputs, ouputs and busses a-e bzlarced
to mivimise hum and RFl inte-ference anc all
circuit have exteided bandwidth electronics to
ensure ultra-low phase distortion, clz-ity at tigh
frequencies and a punchy, precise |3w 2nd.

Signal coherence and audio irtagrity is
ensured.

Reiability is designed in, probems desigr ed
out an{ fidelity secand to none.

Allow us to irtroduce the new Soundtracs
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