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g DELTA SR:
THE PERFORMER
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- At last there’s a live sound console that offers

superb audio quality and has all the facilities needed

for virtually any sound reinforcement activity—in a

compact, affordable package. Delta SR joins Soundcraft's
range as the new entry-level professional console—
dedicated to PA.

Delta SR is at home in the theatre, thanks toits built-

in 4 x 4 matrix, its stereo and mono inputs, and its

compact size. And with Delta SR’s excellent communi-

cations facilities, you can keep everyone ir touch with
what'’s going on behind the scenes.

It has the now-legendary Soundcraft sound: clean, quiet,

yet dramatically impressive. Delta SR features new circuitry

throughout: four aux sends and individual stereo effects

returns on each of its four groups; and an equaliser specifically

designed for live audio, with both mid and bass sweep

frequencies. With its attractive new look, Deltz SR matches

superb performance with a style that’s in tune with the most

prestigious sound reinforcement application.

Soundcraft’s modern manufacturing and

v testing techniques guarantee Delta SR’s

‘ reliability—in a fixed installation or on the

road; in the theatre, conference hall or club.

Delta SR is a sound contractor’s dream.

0y Delta SR. Professional live performance in

: " the Soundcraft tradition.

gl

Soundcratt

Delta sr<

SOUNDCRAFT, A HARMAN INTERNATIONAL COMPANY, CRANB‘ORNE‘THOUSE. CRANBORNE IND. ESTATE, POTTERS BAR, HERTS EN6 3N TEL: (0707) 665000 FAX: (0707) 660482
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The picturesque setting of the Berlin AES Convention—see page 39

Editorial: me sudos and the oot bung pub 3
NEWS: up market studioaciity and Vires vioon. 8
News ReVIeW: o orsiden prsproduton sofiars 11
P ro du Ct g Product news includes SSL’s G Series software update, 12

new AKG Tri-Power mics and a new Chameleon amp

LIVG Sound: News on forthcoming live events from the diary of Mike Lethby 14

E . Peavey’s PC1600 offers Zenon Schoepe
MU.S]C NeWS + a tactile approach to MIDI control 17

T o Patrick St‘:ipiey investigatés the 'AMS’ contributior{ o A T gy
Loglc 2 * to the AMS-Neve digital mixing stable 19

. Caught in conversation with Zenon Schoepe, AMS-Neve
Mark Crabtree +  MD Mark Crabtree talks people, product and the future 2 7
L 1 . The MFX2 is attracting attention in music-for-video
Falrhght MFX2 + applications Yasmin Hashmi gives it some of hers 33
: : . Simon Croft provides a selective preview of the
AE S Berhn PreVleW- impending action at the 94th AES Convention 39

- ) ¢ 103 5 il Belgian studio with a curious attitude to its 7
Studlo L Equlpe * equipment. Peter Ridsdall(le lets thelklpt out of the bag 46

: . Data reduction systems—the pros and cons
The Blt BU-dg et' according to Francis Rumsey 5 ]-
. . Barry Fox raises thé prospects of ‘remote’ audio ediﬁng
B usiness: and ‘remote’ music purchase 5 7

' . US columnist Martin Polon asks whether what is good enough for
P erspeCtlve + the consumer is good enough for the pro 59

Yamaha D2040' Sam Wise bench tests Yamahafs innoyative ’si’gna‘l splitter 61

Craft: More thoughts on studio politics from the diplomatic Keith Spencer-Allen 74
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Bilboard

1992 STUDIO ACTION

PRODUCTION CREDITS FOR BILLBOARD'’S No. 1 SINGLES

| CATEGORY

MODERN ROCK
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Produced on

94%
79%

~ SSL consoles* |

Produced on .
_ ALL other consoles
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ADULT CONTEMPORARY

HOT 100

b S—
. RAP
Solid State Logic |
International Headguarters: ALBUM ROCK
Begbroke, Oxford, England OX5 1RU - Tel: (0865) 842300 N i
Paris (1) 31 60 46 66 * Milan (2) 612 17 20 - Darmstadt {6151) 93 86 40 { COUNTRY
Tokyo (3) 54 74 11 44 - New York (212) 3151111 - Los Angeles (213) 463 4444 — -

*Recorded and/or mixed on SSL consoles
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It was not until | had raised this topic with a variety of industry figures that I realised
how diverse opinions on the subject actually are. One particular figure proclaimed—with
due apologies for the predatory nature of business—that business carries but one
obligation: that of making money. And it is with this opening comment that I would like
to discuss the responsibilities of the major record companies.

Paying full price for a CD—in Japan or the UK at least—hurts. But whether you are
buying the first uncut recording of Prokofiev’s Cantata for the 20th Anniversary of the
October Revolution on a prestige label like Chandos or The Prodigy’s Experience, a full
price CD is now a purchase most of us have to think twice about. And sometimes it is not
even the first time we have paid for the music. . .

Since the popular acceptance of the compact disc format, the major record companies
have been capitalising on their artists’ back catalogues. The new format is effectively
good enough to have replaced the vinyl LP—with a little help from the majors’ marketing
strategists of course. As a result, many music lovers are ‘retiring’ their vinyl collections
in favour of CD. I am not about to suggest that it is unreasonable of the record companies
to expect us to pay a second time for music we have already paid for once, but I would
suggest that, with the profits that have come from the music biz over recent years, there
comes a moral responsibility to reinvest in the artists and the industry in less prosperous
times.

Drawing material from its back catalogue relieves a record company of the recording
overheads necessarily incurred in making a new recording—and starves music recording
studios of their business. Should there not be some acknowledgement of this economy in
a CD’s purchase price? Why is it necessary for the record companies to keep the price of
rereleased recordings in line with the price of new recordings? Especially as those same
companies—in certain territories—are finding it increasingly difficult to justify such high
prices for new material? And on top of the present situation, we are about to be
presented with the opportunity to buy the same material all over again in two new
formats at top-line prices.

Certainly there is an overhead involved in introducing a new format, but whose
expense should it be? Who is going to reap the financial benefits of the success of DCC or
MiniDisc? Could it be the same parties who are presently making massive profits from
the success of compact disc?

Looking at the state of the professional recording industry, it is fair to say that studios
are suffering because of the current dearth of recording projects. Had the record majors
sought to invigorate the record industry by using the profits generated by their back
catalogues to subsidise new artists stimulating studio business along the way, their
pricing would be thoroughly defensible. Alternatively, those lower overheads could have
been instrumental in making CD a far more affordable medium as a means of
stimulating interest in record sales. Surely it is in everyone’s interest to restore the
‘speculative’ buying that used to be so commonplace in the heyday of the vinyl LP. The
majors are contributing to a depression of record sales and a promotion of one of their
greatest fears—piracy. [s it actually home taping that is killing music, or is it the
circumstances that make it so attractive?

My fatalistic colleague would have me direct my arguments towards increased musical
education. While [ will happily acknowledge the value of education, [ would still argue
that a moral responsibility rests with the record companies—after all, if they stifle the
music that facilitates their sales of software and hardware, where are they going to make
tomorrow’s massive profits?

Tim Goodyer

Photography: Nik Milner

Cover: Amek & Doremi’s Dawn II at Molinare, London.
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’s simply the best

A DAT is the world’s most powerful modular
digital multitrack recording system available now
or in the foreseeable future.
This is not an extravagant claim on our part, but a
consensus of opinion from thousands of delighted
owners and members of the press worldwide.
Here are a selection of their informed comments:

“In terms of future reliability, ADAT’s solid
construction and attention to detail make a bold
statement about the company’s commitment to the
pro market.” Mis Magazine

“We did what any engineer worth his or her salt
would do to a shiny new toy: we tried to break it —
the transport never flinched.”

“We can't find any reason not to love ADAT.”

“ADAT works great, sounds amazing, and is
priced right. That’s good enough for us. We're
buying iN.” Electronic Musician

“Affordable digital multitracking that doesn’t
require a mind-bending learning curve to access.”

“This is a product that, when held up against
virtually any musico-techno achievement of our era
should - and undoubtedly will - hold its own, if not

ADAT Worldwide Network is a trademark of Alesis Corporation.
VHS is a registered trademark of JVC.

set a few new standards. We're sold, we're jazzed,
and we’re getting one (or two or three) for
ourselves.” Keyboard Magazine

“My review unit has passed every test I could
throw atit.”

“Tell you what. If you buy one and don'’t like it,
give it to me, and I'll add it to the stack. I'll even give
you album credit and pay the freight.” £¢

“It is usually bad practice to bounce tracks and
record the mix to an adjacent track — yet such
problems do not concern ADAT at all.”

“Playback seemed identical to the CD with no
tape noise, no hiss, no hum . .. nothing but the pure
sound.” Home & Studio Recording

“In fact ADAT is probably easier to use than the
average VCR”

“ADAT is good enough to be used in pro studios
whilst being affordable enough to be found in the
better-off home studio too.”

“If you had any reservations about the recording
medium, the quality of circuitry that Alesis would be
providing for the price, or anything else, put them
aside. This is no-compromise digital audio.”

*LLD W
S 4O
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1992 WINNER

RECOROING DEVICE ROOUCT L -

OF THE YEAR OF THE YEAR “rwo™
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no doubt about 1t

“I'd say they're in with a strong chance of making
ADAT the standard against which other systems are
measured.” Music Technology

“Being an inquisitive sort of person, I couldn’t
resist the temptation to whip off the top cover, and |
was impressed by the build quality. Internally, the
machine appears to be very soundly constructed.”

“The very success of ADAT as an engineering
exercise must sound the death knell for analogue
tape machines in this sector of the market.”

“It is impressive that a relatively small American
company should bring such a project to fruition
before any of the Japanese multi-nationals.”

“Alesis deserve their success - they’ve certainly
earned it. Finally, do I want one? No way, I want a six
pack." Sound on Sound

“ADAT will undoubtedly find its way into many
professional applications, simply because the sound
quality is good and it works with the minimum of
fuss.”

“It is admirably chunky, in a heavy-gauge steel
case, and if you open it up you will see real build
quality.”

Sound
Technology

plc

“Alesis have made a very sensible decision to use
an existing tape format, namely S-VHS. Tapes are
easy to come by and are not likely to become
outmoded.”

“With ADAT, you just plug in and go; the slave is
virtually always in the same place as the master, so
the time taken to lock up is usually three seconds or
less.”

“As far as sound quality goes, | was quite happy
that the ADAT was the equal of my Sony DTC1000ES.”

“I feel confident in saying that future musicians
and engineers will look upon it as a milestone in
audio development.”

“ADAT is showing the Sonys, Mitsubishis, and
Otaris of this world that there is another way of doing
things. Well done Alesis.” recording Musician

Furthermore, the American Professional Audio
Community admire the ADAT so much that they
have awarded it not one but two coveted TEC Awards
for technical excellence including ‘RECORDING
PRODUCT OF THE YEAR'.

Need we say more?

Please send for free information pack

ALESIS

STUDIO ELECTRONICS

Sound Technology plc, Letchworth Point, Letchworth, Hertfordshire SG6 1ND Tel 0462 480000 Fax 0462 480800
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In-Brief

@ Test equipment sp2aks: Mike
MecMillan, an audio technician at
the University of Reading, has very
limited sight and is registered blind.
He could not, in fact, se= the display
on his audio test equipment and was
in danger of losing his job because of
it. Paul Skirrow of Lindos
Electronics has enabled Mr
MecMillan to keep his job and
communicate wita his system by
enabling kis Lindos LAZ00 to talk
to him. Des Fisher of NaTCH
Engineering wrote the software that
interfaces between the serial output
of the LA100 and a PC; the program
then controls voice system (Dolphin
Systems’ Apollo Voice Unit working
with the Hal Screen Reading
program). Lindoz Electronics.

Tel: +44 394 380307. NaTCH
Engineering. Tel: +44 186 833541
@ Frankfurt, Germany: In what is
believed to be the first digital audio
network of its kind in Europe,
Studio Besser in Frankfurt has
initiated a franchised network of
studios to transmit audio voice-overs
via an ISDN digital telephone
network. Current studios who have
joined the network includes facilities
in Hamburg, Dusseldorf, Munich
and Biarritz — with more to follow.
Studio Besser selected apt-X from
Belfast based A:dio Processing
Technology for the andio data
compression system used.

@ Middlesex, UK: The Acoustics
Laboratory of the Services Electrical
Standards Centre (SESC) at
Bromley in Kent has opened a new
facility at its ‘Aquila’ site in which it
aims to offer outside customers a
fast, efficient and cost-effective
service in sound level meter and
microphone free-field ealibration. A
new anechoic chamber designed and
built by IAC of Staines is to be used
for the service. SESC Tel: 081 467
2600.

@ Berkshire, UK: Producer Robin
Millar has been selected Chairman
of the British Record Producers.
New Chairman Millar commented,
‘My wish for the Record Producers
Guild is that it will strengthen the
bond and the understanding
between those of us involved in the
creative supervision of music
making and those who have the
responsibility of passing that music
on to the public. The closer that
bond, the healthier our industry will
remain.

@ European digital TV includes
HDTV: The partners in VADIS, a
pan-European project on digital TV,
have agreed to expand the goals of
the project to include digital HDTV.
Having produced good results using
the standard definition pictures, the
project is now developing a multi-
layer picture compression scheme
which is matched to European
requirements for a digital television
system offering both standard and
HDTV resolution pictures. For
example this system could give the
consumer the option of using a small
portable receiver to decode standard
definition TV or a larger fixed
receiver to decode HDTV from the
same broadcast. W

ERRATA
A couple of mistakes currently
being made by many—including
our own Patrick Stapley in last
month’s ‘Air Movements’
— concern Lyndhurst Hall and
DynaudioAcoustics’ Andy Munro.
Specifically, the monitoring
system being installed in Air's
new Studio 1 is a joint project
between Air and
DynaudioAcoustics not Air and
Andy Munro. Also, the drivers
loaded into to the system are
manufactured by
DynaudioAcoustics and not
Dynaudio. Apologies for any
misunderstanding. W

Fish in his Funny Farm Studios with an AMS Audiofile Plus
for compiling mixes for his latest album Songs from the Mirror

8 Studio Sound, February 1993
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Artist Jamie Reid let loose again at Strongroom

Strongroom
opens new studio

In its ongoing moves to corner the
market in production suites,
Strongroom Studios has built another
three rooms which have again been
snapped up by permanent clients.

In late 1991 three programming
suites were built at Strongroom’s
East London premises for Rhythm
King production team, The
Beatmasters; John Coxon of Warner
Music and Go! Discs. Studio owner
Richard Boote spoke then of his plans
to build more suites in the vacant
warehouse next door and a year later
that scheme has come to fruition.

The three new suites, like the
others, are KFA’s The Box systems,
prefabricated modules built from
600mm wide panels. It did not take
long to find interested clients.
‘Because of the feedback from the
other three rooms, we got people
straightaway who wanted to take
them,’ says Studioc Manager Siobhan
Paine.

Two of the rooms have been leased
by UK band The Outfield and
producer Gareth Jones, currently
working with Ugly, Glen Coulson of
Heaven 17’s new project. The third
room which is self contained and
includes its own office has been taken
by production team lan Curnow and
Phil Harding, currently working with
Espirity and Dannii Minogue. Their
suite has been decorated by Jamie
Reid who is responsible for the
renowned vibrant graphics in
Strongroom’s studios 1 and 2.

All three new suites are larger
than the first three which were an
identical 4.8m x 3m x 2.3m high.
Gareth Jones has the largest room
which he has filled with his analogue
keyboards and samplers. His room is
also alone in having no vocal booth.

Curnow & Harding have vacated
Strongroom’s own programming
suite, previously leased by The
Beatmasters for two years before
their own suite was built. However,

wwWw americanradiohistorv com

before Strongroom could start
advertising its now-vacant production
facility it was rented through into
early 1993 by Orbital. Go! Discs is
now about to vacate its suite after a
year, but Paine does not think it will
be vacant for long.

Boote’s plan to build a budget
studio in the warehouse has been
shelved until the market has settled
down but he aims to go ahead with
the building of a bar and restaurant
facility. ‘There are so many people
working here that we need
somewhere for them to relax and get
together, he says. He is also planning
to build some offices in the warehouse
because ‘quite a few management and
production people are interested in
being based here.’

Another plan is to install an SSL
console into Studio 2 replacing the
Amek Mozart. ‘A lot of people prefer
working on SSL and it will
complement the Neve in Studio 1,
says Boote. He is currently looking
around for a second-hand SSL which
he hopes to install by March.
Strongroom Studios.

Tel: 071 729 6165.
Fax: 071 739 1973.
Caroline Moss

Soundtracs spend
on Spendor

Soundtracs plc, makers of mid
market audio consoles to the studio
and live market, have bought
Spendor Audio Systems. Spendor
Audio was formed in the late 1960s to
manufacture studio monitor speakers
for broadcast and hi-fi. The company
will remain at their Hailsham base
and will continue te operate
independently of Soundtracs.
However following the aquisition Mrs
Dorothy Hughes, the founders wife,
will be retiring as Director/Company
Secretary and Todd Wells, Managing
Director of Soundtracs ple, will be
appointed as Chairman and Chief
Executive of Spendor.

Soundtracs plc, 91 Ewell Road,
Surbiton, Surrey. KT6 6AH.
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Super Studio
boom!

In the spring and summer of this year
a number of large recording studio
complexes will be opening around the
world suggesting a further distancing
of major studios from the rest of the
commercial music studio market.

In March The Hit Factory Digital
will officially open in New York City
in a six-storey, nine-studio, 100,000ft*
recording facility designed by Harris
Grant Associates with studios
equipped for recording, mixing, Dolby
Surround Sound, audio-for-video
work and mastering. The complex
will feature one of the world’s largest
desks in SSL 96-input G-Series with
112 Ultimation faders and both
E-Series and G-Series EQ. There will
be nine artists’ lounges, a 5000ft?
restaurant and 24-hour gym facilities,
including sauna and steam room.

Also in March AIR Lyndhurst
opens in London with a five-studio
complex equipped for a full service
approach and costing nearly
£12 million. Summer sees the
opening of Galaxy Studios at Mol in
the Flemish part of Belgium with a
three-studio, four-control-room,
complex. At its heart a 330m’* main
hall for orchestral recording and a
control room featuring the AMS-Neve
Capricorn all digital console with
Sony 48-track digital recorder.
Monitoring is by Genelec 1035s and
the design is from David Hawkins of
Eastlake Audio.

Meanwhile Power Station
International—New York Studio
Power Station’s worldwide network of
recording studios—have established a
base in France. Owner of Versailles
Station studios in Paris, Philippe
Besombes has been appointed French
representative for the organisation
which fully intends to build a Power
Station France in the capital ‘within
a year’ according to Power Station
International President Nick
Balsamo. Similar Power Station

The imposing five-screen display of Virtual Vision demonstrated recently at London’s Victoria
& Albert Museum. Intended for presentation applications rather than broadcast, Virtual Vision
sources its video from five Sony CRV recordable laser disc machines and uses a 68030-based
computer platform to allow complex manipulation of picture sequences. Virtual Vision allows
125 events per second, non-destructive editing of video material and also supports a 4D sound
field, an integral MIDI sequencer and a variety of sync options (including SMPTE and MTC).
Virtual Vision, 7-11 Kensington High Street, London W8 5NP. Tel: 071-937 9801

operations are being planned for Tel
Aviv in Israel and Tokyo in Japan.

“This is not a franchise. It’s for the
purpose of setting up a network of
new sources of talent, music and
resources to make bigger and better
music’ said Balsamo. “The prime goal
now is to service French talent that
wants to come to the US to record and
produce’.

Stone Courts
B-star service

The recording studio built for Jackson
Five-esque UK act Five Star in
Berkshire in 1989 has been reopened
and renamed by new owner Joe
Cooper. Stone Court studio has been
refitted along with the adjoining
cottage to become fully residential.
New equipment includes a Trident
TSM console, Otari MTR90 MkII and
Urei monitors—design has been
updated by original designer Neil

Grant and Brian Haywood from
Trident is helping with technical
backup.

Stone Court offers tight security,
tennis court, gymnasium and steam
room and is available for bookings
now on +44 0 344 28891.

New training
group targets
radio

On the 28th January Skillset, the
new UK industry training
organisation for broadcast, film and
video, was launched at the
headquarters of Channel Four
Television. The launch, by Channel
Four’s Michael Grade, is a
culmination of two years research
into the training needs of the
industry. Courses based on the
Skillsearch called NVQs (National

Vocation Qualification) will start at
the end of year. In the meantime
training surveys will continue,
including one slotted for radio.

Skillset seeks to remedy the
situation where most people working
in a particular part of the industry is
freelance and possibly undertrained
for the job they are doing. The
organisation was infact set up in
reply to vast increases of freelancing
throughout the eighties. Money
raised by Skillset, nearly £1million so
far, will be used to subsidise courses
for freelancers. However the
organisation is keen to point out that
they in no way intend to replace the
main broadcasters as the main
trainers.

Channel Four Chief Executive
Michael Grade commented, ‘We must
always remember that the production
base underpins broadcasting in the
UK and it’s our responsibility that
Skillset succeeds.’

Skillset, 60 Charlotte Street,
London W1P 2AX.
Tel: 071 927 8585
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Intematlonal EXthItlons @ SCIF Sound '93. Sandown Exhibition Centre, Esher, Surrey, UK. February 16th and 17th. @ Musik

Messe. Frankfurt, Germany.March 3rd-7th @ AES, 94th Convention. ICC, Berlin, Germany. March 16th-19th @ NAB "93. Las Vegas, USA. Featuring
Multimedia World. 19th-22nd April. @ MIDI Music show. Wembley Conference Centre, London, UK. April 23rd—25th. SATIS. Parc des Expositions,
Paris. Featuring an audio section. May 25th-28th @ Broadecast ASIA. New World Trade Centre, Singapore. June 1st-4th. @ ITS. Montreux, Switzerland.

June 11th-15th. @ Multimedia '93. Earls Court 2, London. June 15th-17th. @ NAMM. Chicago, USA. June 18th-20th. @ APRS. Olympia 2, London.
June 23rd-25th. @ Pro Audio & Light '93. New World Trade Centre, Singapore. July 7th-9th. @ British Music Fair. Olympia 2, London. July
25th-27th. @ PLASA. Earls Court 2, London. Sept 12th-15th. @ Vision’93, Film and Video Equipment Show. Olympia, London. October 5th-7th.
@ Photokina. Cologne, Germany. Sept 14th-20th.@ AES, 95th Convention. Jacobs Javits Convention Centre, New York, USA. October 7th-10th.

@ SBES. Metropole Hotel, Birmingham, UK. 4th November.
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1 USA & CANADA:

A CUTTING EDGE .

Ann Arbor

Michigan 48106

Us.A

Tel: (+1) 313572 0500
Fax: (+1) 313 434 2281

To be, not to be, that is the quesion : Whethar ’tis

or

. . . .\ JAPAN:
nobler in the mind o Sus€ey  The siings &nd Sirows
Mitsui Systems Div.
Memaory Devices Dept.
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BRITISH INNOVATION

for the PC.

MANFACTURED IN THE
EUROPEAN COMMUNITY

Studio Audio & Video Ltd
The Old School, Stretham, Ely, Cambs U.K.
Tel: (+44) 353 648888. Fax: (+44) 353 648867
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The video
post box

The latest digital workstation to hit
the market is AudioVision from Avid,
the US manufacturer of the nonlinear
video editor Media Composer. This
link to the world of video proves to be
extremely significant, as AudioVision
and Media Composer are completely
compatible, allowing AudioVision to
display video sequences as a window
within one of its two monitor screens.
To understand the real potential of
AudioVision, it is useful to
summarise the power Media
Composer has brought to video
editors.

Media Composer works by
digitising video sequences, to which
the editor then has random access, as
on a tapeless audio workstation. This
eliminates rewind times and because
the system is computer-based (Apple
Macintosh), the editor can create as
many variations of the edits as
desired, with no destructive effect on
the source material or earlier
versions of the compilation.

The resultant Edit Decision List is
then taken into the ‘on-line’ video
suite and used to auto-conform the
final programme from the original
video stock. (It would in theory be
possible to output direct from Media
Composer but the quality of the
digitised pictures is not of broadcast
standard.) Suffice to say, time spent
on Media Composer costs a mere
fraction of time in a fully equipped
on-line suite.

So what does this mean to the
audio engineer in postproduction with
AudioVision? Because AudioVision
will accept Media Composer files, it
means that there is no need for an
external VTR or even an additional
video monitor. Like the video editor,
the audio engineer is freed from video
rewind times and can also use the
Edit Decision List from Media
Composer to conform audio. This
exchange is a two-way process, in
that transferring a soundtrack from
AudioVision to Media Composer
requires no more than carrying the
removable hard disk from one station
to another.

All Avid systems are currently
based on the Apple Quadra 950, the
top end Mac introduced last year.
Audio Vision, like Media Composer,
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AudioVision is actually available in
two versions, with four or eight
simultaneous I-O. In either case, the
internal architecture has 24 ‘tracks’
and these are displayed on the second
monitor, along with the video
window. This is the screen where
most of the work takes place.

A total of eight tracks are
displayed at any one time and this is
also the maximum number that can
be played simultaneously on an eight
[-O system. However, any ‘track’ can
be called up on any of the eight track
locations, meaning that there is
complete freedom over which of the
24 tracks is played and to which
output.

Associated with this part of the
system are record and mute
functions, as well as the ability to
lock a track so that it can not be
advanced or retarded in time. As an
aid to retaining an overview of the
full 24 ‘tracks’, the bottom of the
screen has a simplified display
showing all sound segments for the
complete duration of production. This
obviously means that longer
productions cram more information
into the same display but there is a
zoom function.

Audio sections can also be
displayed as a waveform when
editing. Just above ‘now line’ for the
eight tracks is a time-code reader
showing where ‘now’ actually is and
to the left of this are a number of
function buttons concerned with
editing and manipulation. To the
right of the video window are deck
controls, with familiar transport-type
functions and a section for marking in
and out points. To the left are the
settings and displays for overall
parameters, such as sampling rate,
which can be 44.1kHz or 48kHz.

Crossfades are currently linear but
cover a usable range of time. Looping
can be used for application such as

creating endless atmos from a short
section of ambience. It is worth
recalling that AudioVision integrates
digital video and audio, which means
the two can be looped while
comparing alternative dialogue
tracks, for example.

The most experienced European
user of AudioVision is Flemming
Christiansen of Nordisk Film in
Denmark, who has been testing
successive versions of software since
last September, just weeks after the
system was shown as a prototype at
[BC in Amsterdam. Primarily an
audio engineer, Christiansen also has
experience of video editing using
Avid’s Media Composer.

Speaking from an audio posting
room at Nordisk, where the
equipment includes a TAC Matchless
analogue desk and the digital
Yamaha DMC1000 mixer, he said
that the integration between Media
Composer and AudioVision was its
major advantage. In addition to
assisting with the refinement of the
software itself, Christiansen had been
experimenting with various ways of
using AudioVision in the
postproduction process. Nordisk is
one of the oldest film studios in the
world and as such covers everything
from features to commercials and
television programmes. Although
Christiansen worked a lot with film,
AudioVision could be ‘even more
perfect’ for video work, where
eight-track simultaneous play out
normally proved to be ‘more than
enough’. Alternatively, he could lay
the tracks off to multitrack tape in
blocks of eight, using time code
synchronisation to allow successive
passes.

In theory, he allowed, it would be
possible to use the Mac-based
management system for the Yamaha
DMC1000 to create automated
premixes but he did not regard this

www americanradiohistorv com

as a realistic proposition from one
computer, as any programme running
in background could make the main
application slow up. Christiansen
said he had experienced no timing
problems with AudioVision. When
asked to do the impossible it dropped
a sound cue, rather than lose sync.

An example was firing cues direct
from the system’s optical disc.
Officially, AudioVision does not do
this at all, as the optical drive is too
slow. Christiansen said he had been
able to take samples from the optical
disc but occasionally one would drop
out. Any system that allows the
operator to do things that are not
part of the scheme but does not crash
either, should encourage confidence
in its reliability. At the time of
writing he had not attempted to
defragment the hard disk, a process
of reordering files that has been
known to bring some systems to a
grinding halt. However, AudioVision
is based on Media Composer and that
means Avid have some years
experience of delivering systems that
can manipulate video files, a far more
daunting challenge than audio.
Provisional UK prices for the system
are four [-0 £45,000, eight I-O
£65,000 for a complete system with
hardware, which includes two high
resolution monitors and a specially
colour-coded QWERTY keyboard for
faster working.

The first systems are going to
existing Media Composer owners but
full availability is timed to coincide
with NAB. B Simon Croft

Avid Inc, Metropolitan Tech
Park, 1 Park West, Tewksbury,
MA 01876. Tel: +1 508 640 6789.
Fax : +1 508 640 1366.

UK: Avid Technology, 20-28 Kingly
Court, London. W1R 5LE .

Tel: 071434 0122. Fax: 071 434 0560.
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Tri-Power condensers— studio quality on-the-road

Tn-Power
Condenser Mics

AKG have introduced two new
condenser microphones designed
specifically for the requirements of
live performance. Part of the
Tri-Power series, the new C5900
hand-held vocal mic and C5600
instrument mic combine AKG
condenser technology with the
Tri-Power line. According to David
Roudebush, Corporate Marketing
Manager for AKG, ‘AKG pioneered
condenser microphone technology and
is the leader with a range of
condenser mics extending from our
multi-thousand-dollar
large-diaphragm studio models to the
specialised micro-mics which give
musicians studio quality wherever

they are. With the C5900 and C5600,
we've given performers true AKG
condenser sound for use in the
toughest stage environments.’

The €5900 vocal mic features
AKG's new TPC-I condenser system
with claimed exceptionally smooth
off-axis frequency response, a
hypercardioid pick-up pattern for
high output levels before feedback,
and three different switch-selectable
bass contour curves. Shock isolation
is provided by the AKG InterSpider
suspension system which effectively
takes the large external spider-cage
shock-mount assembly used in
recording studios and puts it into the
microphone itself for exceptionally
low handling noise on stage.

The C5600 features the new, large
diaphragm TPC-II condenser system
and the same InterSpider built-in
spider shock isolation assembly
introduced with the model C5900

and comes with the stand-adaptor
built into the RoadTough housing,
The three different switch-selectable
bass contour curves permit
adjustment for proximity effect and
individual instrument characteristics.
AKG Acoustics Inc, 1525 Alvarado
Street, San Leandro, CA 94577,
USA. Tel: +1 510 351-3500.

Fax: +1 510 351 0500.

UK: AKG Acoustics, Vienna Court,
Lammas Road, Godalming, Surrey.
GUT 1JG, UK. Tel: +44 483 425702.
Fax: +44 483 428967.

Junior Chameleon

The original Chameleon 2200S power
amplifier has become well known for
providing high power from a single
1U package. Some customers have
apparently commented that it is too
long to fit into a standard rack, and
that it is simply too powerful for some
applications.

In answer to these comments and
as a natural development from the
original Chameleon, Malcolm Hill
Associates have now introduced the
Chameleon 14008, rated at 700W/ch
in to 4Q, and 525W/ch in to 4Q
continuous. The 74008 is only
16 inches deep while being 1U high.
The Studio, Pro Audio Sales and
Marketing, 13-16 Embankment
Gardens, London. SW3 4LW.

Tel: +44 71 352 8100.
Fax: +44 71 351 0396.

G Series Update

The latest addition to the range of

G Series computer software, the G3.2,
brings a number of operational
benefits of Ultimation to G Series
console users for the first time, while
offering full mix compatibility with
Ultimation. New operational features

Glide throug

Pernny +Gies

Penny & Giles Studio Equipment Ltd, Biackwood, Gwent, NP2 2YD U.K.
Tel: +44 (0) 495 228000 Fax: +44 (0) 495 227243

www americanradiohistorvy com

b the {15

=i

include: @ 15 software groups—any
channel fader can be a master to any
other fader(s) @ Inverse cut—slave
channels cut when master is uncut,
allowing A-B switching. @ Off-line
cuts—cut events can be created and
stored without having to run tape.
@ I[nsert mixing—allowing moves to
be inserted into the current mix
without destroying subsequent
moves. @ Faders can now be locked
into different update status cycles.
@ Auto-takeover is now available in
a New Mix. @ Safe replay status.

@ The Computer now handles
non-integer tach rates.

Solid State Logic, Begbroke,
Oxford, UK. 0X5 1RU.

Tel: +44 865 842 300.

Fax: +44 865 842 118.

USA: Solid State Logic Inc.

Tel: +1 212 246 4290.

Hexacoil BM10

In direct response to the demands of
broadcasters and smaller studios,
DynaudioAcoustics have launched a
new low cost nearfield monitor, the
BM10.

The BM10 is a two-way passive
design with a single rear-facing reflex
port to optimise low frequency output.
The 7-inch bass driver uses a
magnesium-silicate impregnated
polypropylene cone coupled with an
aluminium ‘Hexacoil’ voice-coil and
former, to provide a rigid but
lightweight assembly. Coupled with a
single ABES Bass Extension System
and suitable amplification, the BM10
claims continuous SPLs in excess of
118dB from 35Hz-20kHz.

The Studio, Pro Audio Sales and
Marketing, 13-16 Embankment
Gardens, London. SW3 4LW.
Tel: +44 71 352 8100.

Fax: +44 71 351 0396. B

It takes a specialist to
design for silent travel,
even over short distances.

Watch out for the new
conductive plastic fader
from Penny & Giles - a
design that offers a
beautiful balance of

performance, long-term
reliability and smooth
control.

See us at:

AES Berlin
Stand B06
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CEDAR peciicker DC 1

CEDAR IS THE ANSWER

Are you involved in remastering, broadcasting, sound- than a reverb or compressor and, in real time, produces
track restoration or archiving? If so, vou know that all results so good that vou will never know that your mate-
recordings can suffer from clicks and scratches. rial had been damaged in the first place.

Until now, audio restoration has been a time consuming, And for noise reduction, de-hissing, crackle removal
costly and highly specialised process. Enter CEDAR to phase correction, EQ and editing, the CEDAR Production

change all that. Not only is the DC-1 a System complements the DC - | perfectly

stereo real time de-clicker, both powerful So if you work with less than pertect audio,
and flexible, it's also extremely simple (0 call HHB to find out how CEDAR can

use — audio restoration demvstified! answer vour audio restoration problems.
) ) |

In fact the DC - 1, with both analogue and

digital inputs and outputs, is simpler to use

HHB Communications Limited - 73-73 Scrubs Lane, London NW 10 6QU - Phone 214+ - Fax 081 11 elex 92
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Elkie Brooks on tour until April

ON TOUR

A round-up of the major
highlights of this month’s live
sound reinforcement scene.

Looking for the highlights among this
wintry month’s live sound
reinforcement scene, although
confirmed contracts were inevitably
scarce, turned out to be rather easier
than expected.

Refreshingly, the mood in the UK
PA hire industry is almost
unanimously one of optimism for the
year ahead. Many operators predict a
particularly busy spring and summer
season, although it seems likely that
there will be fewer stadium acts than
on the circuit than last year. Another
telling indicator of the times: looking
at any PA company’s list of ‘quoting’
tours one has a hard job spotting
artists aged under 25. With the
recent rash of record company
‘rationalisations’ in favour of
performance-oriented acts, there's
more than a slight possibility that
this will change next year, since
many feel it is touring, rather than
skill with a Portastudio, that builds a
lasting audience for an
up-and-coming band.

@ Audiolease have the Zuccero tour
from January to March 8th, the
majority of which is in Europe but
with one London date—the House
Engineer being Jim Ebden. Julian
Cope’s tour recently finished with
AudioLease partner Tim Sunderland
at the FOH controls. PA was
AudioLease’s new proprietary A2
system. Jesus Jones are now out in

14 Studio Sound, February 1993

Europe with engineer Stuart
Kerrison, while Bad Company’s
European dates also feature the A2
system, with FOH Engineer Bill
Fertig.

@ Blue Box in Sussex, with their
Turbosound systems, are no
strangers to the cut-and-thrust of the
rave scene, and Director Mark
Metcalfe confirms that currently,
most of his confirmed jobs on the
books are indeed raves.

@ Britannia Row Productions, in
common with most companies, said
they were ‘exceptionally busy’ in
January providing quotes on
forthcoming tours and shows. Among
their end of 1992 highlights had been
Madness’s televised shows from
Wembley Arena, mixed by Jon
Lemon. At the tail end of January,
their principle confirmed contract for
February was Sade’s world tour
starting mid February in Los
Angeles. With no US PA company as
yet operating a Turbosound
Flashlight system, BRP are shipping
one from London for her tour. Also
booked for mid February is the
round-stage PA for Simply Red’s six
Birmingham NEC dates, including
the two rescheduled from December
after vocalist Mick Hucknall’s
laryngitis.

@ Canegreen have Richard
Clayderman in the UK, Van
Morrison’s ongoing European dates,
Go West and The Stranglers. They
are also hiring EAW stacks and racks
to Theatre Projects for an Opel car
launch in Barcelona (see below). Said
Yan Stile: ‘We've just bought a
Yamaha PM4000 which is going out
with Van Morrison and Go West.
Generally, the year ahead is looking

great for us.’

@ Capital Sound Hire: The B-52s
are in Europe and England with
Capital-supplied monitor and control
systems and Malcolm Hill Associates’
FOH speakers. Later in February and
March there is Fish, starting at
Glasgow Barrowlands, out with a
Martin F2 system, as well as
Dinosaur Jr, again with an F2 PA.

® Concert Sound: Like last year,

:  Concert Sound’s major booking is Eric

Clapton whose 12 Blues nights at the
Royal Albert Hall conclude on

March 7th. Their EAW system is
mixed by Mike Ponczek with Kerry
Lewis on monitors. Also on the books:
Elkie Brooks (UK, February to April),
combining her legendary purple ‘SLI’
system (see pictures) mixed by
husband Trevor Jordan, with desks,
monitors, amps and sub-bass possibly

The purple SLI system

from Concert Sound. The Ramones
(February to March, Europe) with
John Markovich and brother Peter at
the controls. CS also have Paul
McCarney’s production rehearsals.
Showeco are the main tour contractor,
while Concert Sound will supply front
of house Midas XL-3s and House
Engineer Paul Boothroyd. Finally,
there’s Brian May rehearsals with a
monitor system and XL-3 desk.

@ Encore Entertainments have
three troupes of The Chippendales
—two of which are in Europe—and
are currently looking after the Town
& Country Club’s house system.

® ENTEC: Steve ‘Bunty’ King,
Sound Hire Manager, said his Martin
systems are booked for TV’s The
Word until March 26th; there was
also a show with Jimmy Nail. He
confirmed, too, that Entec have
already been asked to quote for a
‘forthcoming’ event—slated for
Christmas 93.

@ Sound & Light Production have

www americanradiohistorv com

Roger Whittaker out on a five-week
European tour and presentations
including, says John Denbigh,
‘various sound services’ for BBC
Radio 2, and a supply of specialist
microphones for Elvis Costello’s tour
with the Brodsky Quartet (which is
using house PA’s along the way).
Denbigh adds he is, ‘Very happy with
our EV MT-2 and new Deltamax
systems—they make a great
combination.’

@ SSE Hire have Simply Red'’s six
dates at the NEC over the last
weekend in February, The Shamen’s
tour, the Jeff Healey Band and more
WWF matches. Finally, although
dates had not been decided as we
went to press, Mike Oldfield's tour of
Tubular Bells Il was officially
confirmed.

@ Theatre Projects Sound &
Vision finished their UK tour with
Annie Get your Gun on January 10th,
the same team (headed by top
Theatre Sound Designer Rick Clarke)
moving swiftly on to another ‘on the
road’ musical, The Sound of Music
—touring for the second time after
last year’s successful run. TPS&V
also has a large number of
Sennheiser radio microphone systems
on hire to Carousel at the National
Theatre. Lastly, there is a major car
launch for Opel and ‘satellite’
meetings in Barcelona, through
production company HP:ICM. Mick
Wicks is Production Manager, Dick
Sinclair the Sound Designer and
Operator. Equipment is EV
Deltamax, a PM3000 desk and an
EAW PA subhired from Canegreen.
@ Wigwam have one of the biggest
winter tours this year with Chris
Rea’s February and March dates,
using a Meyer MSL3-DS2-650 house
system. One stage are UPA-Is, Nexo
TS2400 fills and Martin LED-400
active wedges. The FOH PA is
configured, says Chris Hill, as a ‘Trod’
system—a three-point PA with a
stereo main stage system plus
rear-centre cluster for
surround-sound effects. Mark
Kennedy engineers with John
Shearman on monitors. Consoles are
a Midas XL3 on stage and a Yamaha
PM3000 plus a PM4000 House
console (46 mono, 6 stereo Ins), the
desk’s UK touring debut. Says Hill: ‘It
is wonderful—it’s quieter. . . the EQ
is very positive. Ergonomically
everything seems to fit well.’ The
PM4000M monitor version enters
production in April. B

Live Sound is relayed

by Mike Lethby
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THE PROBLEMS OF STEREQ
BROADCASTING ARE WORTH
LISTENING TO

While an ever increasing number of television programmes are
transmitted in stereo, the vast majority of current viewers listen to mono
audio - this can cause a number of problems for broadcasters.

When stereo signals are summed for mono, particular care is .
required to ensure the resultant signal produces the desired effect. ;

Broadcast Test and Measurement specialists NTP offer a range
of stereo audio monitoring and phase metering equipment
providing an easy and convenient method of ensuring that the —
transmitted stereo signal will be audibly acceptable to
listeners in mono.

Using NTP Phase Oscilloscopes, undesirable
correlated out-of-phase signals are readily visually
identified and potential problems avoided -
especially useful at the recording stage where the
need for mono control listening can be
eliminated.

Contact NTP for further information and
details of how their range of Phase
Oscilloscopes will help save you time and
ensure that your stereo production or
transmission will be effective in mono.

= NTPZ STEREO MONITOR 277-558 COMPA
- - 10 =
] 18 —
-R +6

4

Multichanne! and Video Insert PPMs ¢ Peak Pro ters  Compressor/Expanders
Audio Limiters » Tele

NTP Elektronik A/S, Knapholm 7, DK-2730 Herlev, Denmark
Telephone: +45 44 53 11 88 Telefax: +45 44 53 11 70 Telex: 16378 ntp dk
Cable-address: Electrolab Postal account: 5 11 52 80 Reg. nr.. 32426

Member of Incentive - a leading Danish Industrial Group
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INTERNATIONZL DISTRIBUTORS: Australia: IRT Electronics Pty _id. Tel: (6 ) 2 433 3744 Aust-ia: B3 NCO GmbH, T31: #4%) 222 812 1751 Belgium: Trans European Music MV, Tel: (32) 2-466 5010 Bulgaria: ELSINCO,
h.e. Strelbishte, Tel: (359) 92 581 698 Canada: GEFRAUDIO DistribLlior, Tel: (4- 6) 696-2779 Chinz, Haag <ong: A CE (Irti} Sc. Ltd., Tel: (852) 424-0387 Czechoslovakia: ELSINCO GmbH, Tel: (43) 222 812 1751 Denmark:
npn Elektronik ads, Tel (45) 86 57 15 11 Fintand: Genelec OY. Tel: (358 77 13011 France: ETS Mesu-eur, Tel: (33) (1) 4585 5€ 41 Germany: RTW GmbH, Tel: (49) 221 70 91 3C Hungary: ELSINCO KFT, Tel: (G6) 112 4854
Israel: Dan-Ei Technologies. Ltd  Tel: (972) 3-544-1466 Italy: Medea S.r. .. Tel: () 2/4840 1780 Jamn: TCYC Carporation, Te (81) 3 (5688) 6800 Korea: Myoung Corporation, Tel: (82) 2 784-9942 Malaysia: Test Measurement
New Zealand: wudio & Video Wholesalers, Tel: (64) 7 847-3414 Norway: Lydconsult, Tel: (47) 9 19 03 81
Portugal: Acutron Electroacustica LDA. Tel: (351) 1 9414087 / 9450862 Paland: F.H.U INTERLAB, Tt (3€) 22 335454 Singapave: TME Systems Pte Ltd, Tel: (65) 298-2608 South Atrica: SOUNDFUSION, Tel: (27) 11 477-1315
Spain: Teico Electronics.. S & Tei (34) 1531-7101 Sweden: Tal & To1 Elektrsnik AB, Tel: (4€) 3 8C 3€ 2C Switzerland® [ W/ A. Gunther AG, Tel: (41) 1 910 41 41 Taiwan: AZESONIC Intl Co.. Ltd., Tel: (886, 2 716-8896

& Engineering Sdr. Bhd.. Tt (60) 3 734 1017 Netherlands: TM Audio B¥., Tel: (31) 034 ¢67 C717

United Kingdor: SSE Marketing Ltd  Tel: (44) 71 587 1262
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Peavey PC1600—overdue and highly recommended

Peavey
PC1600

Dedicated MIDI controllers and
generators are relatively rare pieces
of kit despite today’s preponderance
of MIDI sound modules, effects units
and cheap retrofit automation
systems. Perhaps because a unit like
the Peavey PC1600 does not make
any noise of its own, it is often
disregarded as an essential item in a
MIDI setup especially when the
majority of computer-based
sequencers now offer the sort of MIDI
generating possibilities that the
PC1600’s existence is founded on. The
difference, of course, is that Peavey’s
unit is presented as hardware which
means significant benefits over a
one-thing-at-a-time mouse approach.
The PC1600 has 16 60mm faders,
16 buttons arranged conveniently
under the faders, a data wheel, 2 x
20-character LCD with variable
viewing angle, and a clump of buttons
associated with the cursor movement
and page scrolling required to operate
the device. Two footswitch sockets
can be patched to generate data
externally which is then soft-routed
to a MIDI function with MIDI In and
Out sockets completing the picture.
A word about how the PC1600 is
organised; each of the faders, buttons,
footswitch sockets and the data wheel
can be assigned to a MIDI
data-generating task and any one
complete set of assignments can be
saved in 50 presets. Additionally, the
device has 100 snapshots or scenes.
These are created by adjusting fader
and button statuses within a preset
and saving this configuration as a

scene. The beauty of this
arrangement is that scenes can be
sent irrespective of the current
‘dynamic’ preset selected. This means
that a preset of 16 MIDI volumes and
mutes, for example, still permits
access to the 100 scenes in real time.
Thus you can mix MIDI volume and
fire scenes of unrelated SysEx
information simultaneously. This
amounts to a whole lot of control in a
studio or live situation and the feel
and accessibility of the unit makes it
easy to harness this control. The
variety of function available through
the device’s controllers is likely to
endear it to a lot of people.

A fader can be assigned to any
channel continuous controller, can be
disabled, can act as a master fader
(with multiple groups available but
no pyramiding) or it can generate a
MIDI string with the fader position
value inserted in it. A button can be
disabled, assigned to mute a fader,
solo a fader, send a program change
command, send a note from C1 to G9
on-off command with programmable
velocity, generate a MIDI string on a
single push, generate one MIDI string
when depressed and another when
released or toggle between two
strings on subsequent presses. And
anything a button can be assigned to
do can be mimicked by a footswitch,
permitting hands-free starting of a
sequencer, for example.

The data wheel can be assigned to
control a fader, external CV input or
given a floating status whereby its
effect is restricted to the fader that
was moved last. There was an
opportunity to give the dial
independence to generate data not
already served by available
controllers but it has not been
realised.

Creating a preset configuration of
controllers by editing is simple and is
facilitated by moving the controller

required to draw the attention of the
parameter editing menus to its
existence. Copy functions, from
controller to controller as well as from
preset to preset, make rudimentary
setup quick. While the faders are
smooth and feel as though they will
stay that way, the buttons are,
perhaps, a little too recessed but do
click reassuringly. The CURSOR and
EDIT, COPY, ENTER, UTILITY, SCENE and
EXIT buttons interact with the LCD
slightly sluggishly when editing and
caused this impatient reviewer to
double hit when one strike would
have sufficed. It is a shame that
presets cannot be scrolled through
with the dial, requiring UP-DOWN
button presses, while the scenes can.

Once a fader is moved the LCD
shows its number and its value in
real time and continues to show that
value until another controller is
activated. Button status is also
displayed and thoughtfully a major
catastrophe is averted when using
these as mutes because a gentle press
on a button confirms its status on the
display while a harder push will
activate it.

The PC1600 can map program
changes to its named presets and
includes a comprehensive MIDI filter
which comes into play when using the
device to process an incoming stream
of data. To this end the unit can
replace or merge incoming data with
that generated from its own
individually selected faders and an
approximation of a punch-in in
Replace mode is instigated as soon as
a fader is moved and is punched-out
by pressing the EXIT button.

The greatest omission from this
process is the ability to null a fader to
incoming continuous controller data
easily. Data can be replaced and
merged with ease but it becomes
difficult to rewrite sections of data
smoothly purely from the information
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that the unit gives out. This is not a
major drawback, especially as a
sequencer could be used to smooth
over any rough transitions, but it is
worth mentioning as nulling is one of
the features of the JL. Cooper Fader
Master.

The power available through this
rather innocuous-looking, sturdy but
slim, wedge is quite simply awesome.
At any point in time you have access
to a minimum of 32 MIDI controllers
available plus 100 totally different
snapshots at your finger tips. This
means that a very sizeable rig could
be controlled comfortably. From
reverb unit decays and predelays, to
module volumes and brightnesses,
from sequencer starting and sample
firing, to MIDI control of bolt on
automation packages—to name just a
few basic applications. I would defy
anybody to achieve similarly
accessible results with any sequencer
manager page.

This device is long overdue but,
perhaps, it is only now that the
market is ready to exploit all the
facets of MIDI control that
manufacturers have been including in
their products for years. The PC1600
broadens the possibilities offered by
any piece of kit that has anything
more than very rudimentary MIDI
spec. Aside from moving faders and a
stack of LEDs, which would make it
ridiculously expensive as opposed to
ridiculously cheap for what it is, this
unit is perfect. Highly
recommended. B
Peavey, 711 A Street, Meridian
MS 39302-2898, USA.

Tel: +1 601 483 5365.

UK: Peavey Electronics UK, Hatton
House, Hunters Road, Corby,
Northants NN17 1JE.

Tel: 0536 205520.

Music News is compiled
by Zenon Schoepe
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One stereotype you can'tignore.

MS Stereo from Sennheiser

A superb combination
from Sennheiser. That is
both versatile and
cffective.

The MKH 30 is a
pressure gradient mic with
figure of eight directivity,
optimising wide frequeney
response, lateral sound
rejection and extremely
low inhcrent noise.
Matched with the
remarkable directivity and
sensitivity of the MKH 60
supercardiod microphone.

And to enhance the
stereo image, low
frequency ambience and
vibration pick-up is
minimised by highly
efficient roll-off filters.

V4

So everything you record
sounds natural, with an
accuracy no other method
can achieve.

For operational flexibility,
using a Y connecting cable
means only one multiway
cable is necessary.

Of course, when MS
stereo isn't required,
each mic can be used
independently.

Important, when you
consider the variety of
tasks that you have to
face in the field.

Sennheiser have
produced an informative
brochure by Manfred
Hibbing on MS and XY
stereo recording
techniques which is
available free.

For this and details
of other great MS
'stereotypes' from the
Sennheiser range phone
(0628) 850811,

SENNHEISER UK LTD, FREEPOST, LOUDWATER,
HIGH WYCOMBE, BUCKS HP10 8BR
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Room with a view—Syn Studio in Tokyo

Yconsoles started development shortly
after the merger with neighbouring

" Yorkshire company Calrec Audio in
1986. Calrec had already started R&D work on a
digital mixer and consequently the merger
produced a highly qualified team of engineers with
expertise both in mixing console design and digital
audio.

From the very beginning it was decided to
develop a family of digital desks ranging from the
small stand-alone Edit I to a full-size multitrack
music recording console. The transputer
technology that Calrec had been experimenting
with lent itself very well to this; transputers due
to their parallel processing capabilities allow
system expansion without slowing processing
speed.

Logic 1 was designed to complement AudioFile
as an all digital console with full dynamic
automation on all functions; it was also to have a
compact control surface—the plan was to get a
bigger console into a smaller box. Assignability
was the key, but this had to be treated very
carefully; people still wanted to operate a console
that was recognisable as such and they certainly

rEwu he AMS-Neve Logic series of digital
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did not want a mixer controlled solely from a
computer screen or a console comprising of a
single, assignable channel strip. A happy medium
had to be struck between familiar, traditional
working methods and the enormous possibilities
offered by digital technology. The first Logic 2
consoles were built in 1991. These were bigger
desks with additional features, as AMS-Neve
Product Manager Doug Ford explains.

‘We'd always supposed there would be a Logic
console with more than 15 faders which is the
total on a Logic I, and that’s how the Logic 2
arose. Two things have really happened with
Logic 2, one is that we've added some extra
controls to make it suitable particularly for
multitrack work, and we've put in additional
panels to make it suitable for film type monitoring
and additional routing to address more buses.
What we've found is that some clients are buying
a Logic 2 instead of a Logic I not because they
particularly require a lot of signal handling but
because they prefer a less assignable control
surface. Yorkshire Television, for example, have a
Logic 2, and although they admit that they could
do all the work on a Logic I, they prefer to have
more channels appearing on the physical surface
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rather than picking them up on paths.’

To date 40 Logic consoles have been sold
splitting evenly between Logic Is and 2s.
Application-wise they have a wide spectrum of
use—radio, postproduction, music recording, film
mixing, and there are even two installed now in
opera-houses. The programmable nature of the
console allows it to be tailored for specific jobs, as
well as to cater for individual requirements. P>

Some 12 months
after its
introduction, the
AMS-Neve Logic 2
1s still evolving.
Patrick Stapley
reports on the state
of the digital art
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This is exemplified at Air Studios where a Logic 2
is currently being used to record and mix an
album, and a second is being used for
postproduction dubbing work.

An important distinction between Logic I and 2
is that Logic 1 is an integrated edit and mix
system by virtue of having an AudioFile built-in.
Logic 2 on the other hand does not necessarily
have to include the hard disk component although
an AudioFile control surface is provided as a data
terminal to set up the console and run
automation. However, the Logic 2 can be supplied
with a fully functional AudioFile package, and so
far this has proved a popular option.

‘It’s interesting because every Logic 2 console
we've sold has been supplied with AudioFile, says

Doug Ford. ‘When Air ordered their first Logic 2
for one of the remix rooms at Lyndhurst Hall, they
didn’t want AudioFile included but we actually
delivered the console for convenience with one
installed intending to remove it later. Air are now
keeping it because they've found it so useful for
things like spin-ins, track compiling, creative mix
editing and so on.’

The console

The Logic 2 system consists of three parts—the
console control surface, the I-O interfaces, and the
signal processing system.

The standard console provides 28 channel strips
each of which can fully control four separate
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signal paths either in mono or stereo—thus a
928-channel console is capable of offering a total of
112 stereo channels. The standard frame
measures just under two metres wide and can be
increased in units of eight channels strips—the
strips themselves can be increased in blocks of
four up to a maximum of 70 channels. However,
larger configurations can be supplied for multi-
operator systems. Because the processing racks
and [-0 interfaces are sited remotely, the console
itself is unencumbered with cables (only one
control cable connects to main frame), remains
relatively lightweight and outputs very little heat.

The control surface is made up from three
components—the channel strips, the AudioFile
terminal and a master section. Channel strips are
physically arranged into blocks of four, and each
block is sectionalised into five modular panels.
Furthest from the operator are bargraphs,
dynamics meters and alpha displays; followed by
EQ and dynamics controls; then [-O, pan and aux
controls; next are the path select, automation,
mute and solo controls; and at the base are the
linear motorised faders. The panels containing EQ
and auxiliaries can swap position in the desk to
suit operator preference.

These EQ and auxiliary panels both feature
AMS-Neve's patented Logicator controls (eight per
channel), which are continuous shaft encoders
with a ring of light display built into the head of
the knob. Light 1s transmitted from a circular
arrangement of LEDs below the control via a
network of fibre-optic filaments to translucent
segments around the rim of the knob. The display
can be used in many different ways to match the
function of the control, and has the added
advantage of taking up no extra space and is not
obscured by other controls. Each Logicator also
has an alphanumeric display window to the side
which provides confirmation of function or
parameter value.

The actual function of the Logicators is dictated
by a series of buttons below each set of four, which
assign control. In the case of the EQ panel the
Logicators can be switched between EQ, Filter,
Compressor-limiter, and Expander-gate. Once a
function has been selected up to four pages of
control can be accessed. So for EQ the Page
buttons act as select keys for the four bands (each
12Hz-20kHz) and assign the four Logicators to
control frequency, boost-cut (+24dB), @ (0.1to 10),
and bell-shelf (six settings including high, low,
and notch filters). An alternative arrangement is
selectable whereby a common function is assigned
to Logicators—for example, Page 1 will assign
boost-cut for the four bands, Page 2 frequency
selection and so on.

Other buttons switch the selected processing
in-out of the channel, reset the processing to a
‘line-up’ condition (a preset start-of-day setting),
and copy across settings from one strip to another.

The function buttons use a system of integral
tricolour LEDs:

Off—function is deselected from controls and is
switched out of the channel.

Green—function is selected to controls but is
switched out of the channel.

Amber—function is selected to controls and is
switched into channel.

Red—function is deselected from controls but is
switched into channel.

The tricolour system provides instant feedback
of processing status without having to recall
displays. It also is an efficient way of maximising
communications with minimum use of space and
is used in different ways throughout the console; it
does, however, present limitation to colour P
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blind operators.

The Filter function provides high and low-pass
filters with a 12Hz-20kHz range operating over
four slopes (6, 12, 18, or 24dB/octave). The
Dynamics section offers control of two
compressor-limiters featuring adjustable soft knee
width, and expander with adjustable soft knee and
a gate with hysteresis control. Side chain EQ is
also selectable.

It should be stressed that because all signal
processing is software controlled, the console can
potentially be redesigned or ‘customised’ to offer
different additional facilities. For example, it will
certainly be possible in the future to offer a
selection of EQ characteristics and hypothetically
the desk could be setup to emulate a mixture of
Neve, Massenberg and Pultec EQ-types. This kind
of flexibility is one of the console’s great strengths;
nothing has been ‘set in stone’ as with analogue
consoles and to a certain degree some other digital
desks. The possibilities really depend on the user’s
imagination and the compliance of the software
writer. AMS-Neve consequently have a large,
client ‘wish list’ which is continually being
addressed—at the moment software updates are
being released free to existing users
approximately once a month.

Setup

As mentioned earlier, each channel strip can
control up to four mono or stereo signal paths
(A, B, C, D). These paths can be virtually any

signal within the console including channels,
groups, monitor returns-group outputs, main
outputs, aux masters, and cue masters—it is up to
the user to choose how many path types are
needed and where they will be positioned. This
operation is performed from a Mix setup screen on
the AudioFile terminal. Once this has been set up
the paths themselves can be configured channel by
channel starting with the input and adding the
other processing elements as required. To speed
up the operation, configurations can be copied on a
multiple basis. Depending on the amount of
processing power available, it is advisable not to
over order—not every channel will require
dynamics, for example, and certain paths, such as
aux masters, may only require two bands of
equalisation rather than four.

Console setups are stored to disk providing
instant reset for different types of operation or
personalised configurations. AMS-Neve are also
looking at the possibility of directly accessing
processing elements from the channel strip itself
rather than having to reconfigure the path from
the screen. For instance, it would be possible to
add a gate by simply accessing controls on the
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relevant strip, thus providing a faster and more
intuitive method operation.

It may be desirable at some stage to alter path
positions in a Mix Setup, for example the operator
may prefer a group of tracks and their effects to be
moved side-by-side near to the centre of the desk.
This is simply achieved using the Desk Designer
facility which includes a grid display allowing
paths to be accessed and moved. The advantage of
this technique over repatching is that all the
channel information remains intact—that is
signal processing and automation.

Paths are assigned to the channel-strip controls
by locally, or globally, selecting one of four paTH
buttons—paths are permanently identified by a
corresponding alpha display beneath each of these
PATH buttons. A lock facility is provided to prevent
a selected path or group of paths from being
deselected from control.

I-O interfaces
and routing

Just as the amount of processing power dictates
the way the console is configured, so the number
of I-O interfaces fitted affects the number of
channels and buses that can be physically used. If
the number of ports supplied is relatively high
then it will be advisable to hard wire some ports to
dedicated functions; if the number is small it will
be necessary to path ports.

The system includes I-O interfaces for
AES-EBU, SDIF 2, SPDIF, Prodigi, MADI, and
16 and 20-bit ADCs (mic-line boxes are also
fitted). Inputs and outputs are selected from the
path Logicator controls which will locate all
possible ports including AudioFile if fitted. These
selections form part of the MIX SETUP and are
recalled along with the rest of the setup data.

If the console is configured to mimic a
conventional in-line design, the channels might be
arranged on Paths A and B, while the
monitors-groups might be on paths C and D.
Routing to tracks is then taken care of from the
Master Routing panel which is divided into two
identical upper and lower sections each with
64 numbered buttons. Basically speaking, the
upper section deals with outputs and the lower
section inputs so that destinations such as group
buses are selected from above and sourced from
below. Routing to Subgroups or Main Outputs can
be achieved either directly from the channels or
the routing panel.

The system can also be usefully interrogated to
show where paths have been routed, and also
provides clear indication of all available
(configured) paths—for example pressing and
holding a destination button on the upper routing
panel will cause the lower panel to display all
available sources with a green LED and those
already routed to it with a red LED; in addition
the corresponding PATH buttons on the channels
will illuminate to indicate assigned routing.

Another use of this section is to implement Path
Process Switching. This allows a path to be called
up and displayed in a column of Alpha windows
starting with its input and working down through
the assigned processing elements. From here a
new path can be created by changing the order of
processing—so, for example, if a compressor were
preferred post-EQ rather than pre-EQ, the
original processing chain could be reordered, and
an A-B check carried out to compare the two
paths.

The master section also controls source
selection for control room and studio ™
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PCM 70 DIGITAL EFFECTS PROCESSOR

THE PROFESSIONAL’S PERSONAL PROGCESSOR

The Lexicon PCM-T0: Bic Stubio Perrormance ON A Personat Stupio Bubcer

For over 20 years, audio professionals have relied on the superb quality
and control of Lexicon Digital Effects Processors. So much so thaf foday, 80% of
the most successful productions are processed with a Lexicon.

Designed especially for the discriminating
musician and recording engineer, the legendary
PCM-70 offers brilliant sound quality (it has the
same algorithms as the acclaimed 224XL) — and
Lexicon's exclusive Dynamic MIDI®control. Since
1986, the artist-friendly ‘70 has set the standard
for processing effects and MIDI control which
remains unrivalled by any other brand.

Onthe job, the 70 gives you the vital sound
effects you need. Superb, lush reverbs. Shimmer-
ing 6-voice chorusing. Mind-altering multi-band

delays. With aPCM-T0 in your rack, any ordinary instrumental or vocal track can
be instantly rescued from mediocrity— effortlessly, because the 70’s front panel

0f course not.

exicon

HEARD IN ALL THE RIGHT PLACES

is designed for creative people who want unique, useful results. Does this mean
there's a Nerd-gratifying inferface with a plethora of inspiration-killing buttons?

The '70 is renowned for it s reverb; chambers,
halls, plates, gates and inverse room - great
sounds for primary lead vocals or percussion
fracks. Undoubiedly, you've heard the PCM-70
on chart-fopping songs or seen if lurking in a
favorite player's stage rack. It's no surprise that
in the world's best recording studios (large or
small), the PCM-70 has earned a reputaiion as
the professional musician’s most useful effects
processor.

When you audition a PCM-70 af your Lexi-

con Pro Audio dealer, check-out our surprisingly affordable LXP Series too.
Whichever you choose, any Lexicon will deliver the finest sound available.

LEXICON INC., 100 Beaven STReeT, WaLTHAM, Ma., 02154-8425 TeL: (617) 736-0300 Fax: (617) 891-0340;
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loudspeakers, metering sources, and assigns tone-

talkback injection.

Expanded access

One of the problems with a console that relies on
assignable controls and layered operation, is
communicating parameter information to the
user. Unlike traditional analogue designs where
every control tells its own story, the assignable
digital control by its very nature can conceal
many. Although the Logic 2 provides reasonably
quick access to ‘buried’ processing, some users
prefer to be able to see and operate a channel in
its entirety. To satisfy this requirement, the
console has been equipped with a function called
Expanded Access.

Expanded Access is an instant function that
operates in two ways. Firstly a selected path can
have four pages of processing spread across four
local channel strips—for example, four EQ bands
could be displayed and adjusted. The second
method allows all the parameters in a path to be
spread across 12 channels. The position of these
12 channels is designated by the user, but
generally speaking a central placement 1s
preferable so that the operator remains in the
stereo hot spot. Effectively this arrangement
permits the console to be controlled from one
central area, and rather ironically recreates the
single channel assignable design that AMS-Neve
were originally keen to avoid. Interestingly
enough this way of working has been
enthusiastically received by recent users.

Metering

The meter panels provide three vertical
multicoloured bargraph displays—two audio level

|
)

bargraphs for stereo signals (just the left operates
for mono paths), and a gain reduction bargraph
that splits to show compression in the top half and
expansion in the bottom.

The channel strip audio meters are switchable
between input, output, track send and return.
They can also be configured to display line-in and
line-out, split between left and right bargraphs.
Each meter can be locally or globally switched
PPM, VU or Peak and an overload bar is included
for PPM and VU selections.

Below each meter is an alpha window that
displays the associated I-O port, or alternatively
can show user bit information, track IDs, machine
IDs and so on. At the top of the meter panel is an
additional indicator section that identifies the
channel or group being metered.

Above the master section of the desk are four
meter panels that can be individually assigned
from Logicator controls below to meter main
outputs, aux send levels, external machine inputs
and so on. Assignments can also be selectively
monitored if the EXT button is accessed on the LS
Select panel.

Surround panning

Surround panning facilities are included in
Logic 2, and any mono group may be designated
as one of the following: Mono, Left, Right, Front,
Left, Centre, Front Right, Surround Mono,
Surround Left, Surround Right. This enables the
console to be configured for any type of
multichannel film format.

Depending on the type of film group that has
been created, the available panning controls from
routed signal paths will change accordingly. Each
input path is equipped with three panning

controls (LCR, FB< and LR) and a divergence
control.

Optionally available is a twin joystick panner
module that features recessed joystick (to avoid
accidental movement) with LED matrix displays
showing pan position. The system is fully
automated and can control any number of
assigned paths simultaneously.

In the near future AMS-Neve will be releasing a
film record control panel which will allow
simultaneous record in-out and bus tape switching
for 32 machine tracks arranged in four banks of
eight. Also a monitor matrix control panel which
will facilitate the control of a fully configurable
loudspeaker monitor matrix with up to
128 monitor sources.

Ganging
A VCA-style grouping system is available for
faders and cuts. The systems operates with
Master (Grandmaster), Submasters, and Slaves
thus allowing group nesting. Gangs are displayed
in two ways, firstly the path alpha displays will
alternate between the path name and gang status
to identify a selected group, and secondly, there is
a permanent colour-coded display from the
tricolour LED within the Gan button—red:
Master, green: Slave, amber: Submaster.

At the moment gangs are limited to faders and
cuts, but other channel functions should also be
included in the near future.

Automation

The console is fully dynamically automated and all
controls on the channel apart from solo and PFL
respond to automation. Throughout the channel
strip, MODE buttons are distributed which relate to

AIWA HHB 1 PRO. PROFESSIONAL,

The HHB 1 Pro is supplied complete with an XIR splitter lead for the balanced XLR mic. input. For failsafe operation, a “Key Hold" switch disables front panel epnirols. Counter
functions include “Program Time”, “Absolute Time" and “Tape Countes”. The unit can simultaneously accommodte ten dry cell bateries and a rechageable battery, exten ‘ing; power-
up time to up to 4 hours. The HHB 1 PRO is also available as part of "The Kit", along with Sony ECM979 microphone and accessories in a steel reinforced flight case.

A BATTERY OF FEATURES AND A CHOICE OF BATTERIES

PORTABLE DAT

The Aiwa HHB 1 Pro - well known as a
“Best Buy” low eost professional
portable DAT recorder — packs an
uncompromising list of features into a
rugged, compact design. Facilities like
dry cell and rechargeable battery power,
a mulii-voltage power supply, AES/EBU
digital /O and a unique - non SCMS -
copy prohibil-free SPDIF digital 1/0,
balanced mic./line inputs and

illuminated LCD display, a wired remote

contirol and full indexing facilities.
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the Logicator controls, function ON-OFF button,
fader, and mute. These buttons are used to assign
automation status to specific local controls;
alternatively status can be set globally for the
whole console or parts of it—that is faders, cuts,
Logicators and switches, and routing—or on a
channel-by-channel basis.

The usual selection of statuses are incorporated
and depending on selection status will be
indicated by tricolour LEDs in the MODE buttons
—green: Read, red: Write, amber: Trim, and off:
Isolate. Other statuses such as Takeover (causes
touch-sensitive non-switch control to enter write
from read on touch), and Autotakeover (causes a
control in write to return to the previous read
value on release at a specified rate) are indicated
by flashing green and red LEDs respectively.

Automated mixing on a console where all the
controls can switch to write as soon as they are
touched, could be viewed as a risky business
especially with a number of people involved in a
mix. To guard against accidents and unintentional
updates, individual controls of groups of controls
may be ‘armed’ while others remain locked in
read; also a ‘Play Safe’ mode has been included
that can be used to rehearse moves in a similar
way to Isolate although it allows Takeover and
Autotakeover to be monitored.

Trim status currently applies to fadars only,
and there are three variations—Touch Inhibit
Trim, Takeover Trim, and Autotakeover Trim.
Touch Inhibit Trim will input a relative trim value
at the entry point before the tape has gone into
play; once playing the fader will not respond to
new moves. Takeover Trim will cause the fader to
change from read to trim once the fader is
touched, on release it will remain at the new offset
position to the end of the mix or, alternatively, by

pressing TAKEOVER again it will null to the
previous position at a predesignated ramp rate.
Autotakeover Trim operates in the same way as
Takeover Trim except that on release the fader
automatically nulls to its previous position. As yet
there is no null indicator for manual level
matching.

A Touch To End facility is also included that
causes any control that has been touched during
the pass to be written to the end of the mix when
the tape stops, additionally there is a TO END
button that has the same effect for all controls
switched to write.

Off-line functions such as editing switch-mute
events and trimming dynamic data are catered for
in an EDL-type display that lists events relevant
to their time code positions.

Mixes are either saved manually using the KEEP
button or automatically using the Autosave
function which stores every modified pass unless
the UNDO button is pressed to abort the current
pass. Mixes are stored in a hierarchical fashion as
Passes under a Mix, which in turn belongs to a
Title which is part of a Project.

Mixes can be merged, spliced, copied back into
themselves and so on. A graphic display shows the
mixes being edited rather like crossfade editing on
an AudioFile and allows the edit transition time to
be set independently for each section.

The system supports Snapshots which may
instantly be set to the console via a group of
assignable RECALL buttons. The system can be
used to set scene changes, build up mix presets, or
as a convenient method of resetting master
console status—that is Record, Overdub, or Mix. A
crossfade time can be added to dissolve one
snapshot into another.

The automation computer also provides full

machine control and display for up to four
machines, using either ES Bus or Sony P2 protocol
via RS422. Record enable links from the console
are soon to be implemented.

Conclusion

The Logic series of consoles have already proven
themselves as something of a success story, and
AMS-Neve have been working very hard to give
existing and potential clients the features they
want.

Logic 2 is an an extremely versatile and
adaptable product, not only can it be personalised
to suit individual preferences, but it can be
configured for just about any operation whether it
be music recording, broadcast, post, or theatre
sound. The console’s soft architecture and
processing capabilities should also go a long way
to ‘future proofing’ the design.

Although in the past Logic consoles have been
more prevalent in the postproduction and
broadcast sectors, we are now beginning to see
their entry into the music recording studio. It will
probably take a little time for the music industry
to accept this radically new technology, but once it
does and the advantages are fully realised, Logic 2
has every chance of becoming a very familiar sight
in recording studios throughout the world. H
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114 dB, 60Hz - 20kHz 117 dB, 50 Hz - 20 kHz 122 dB, 50 Hz - 20 kHz 125 dB, 45 Hz - 20 kHz
Broadcast/Music All applications Console Top Music Film/Broadcast/Music
Reference Monitor Nearfield Monitor Nearfield Main Monitor Midfield Main Monitor
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123dB. 40 Hz - 20 kHz 130dB, 35 Hz - 20 kHz System. 35 Hz Bass for all 120 dB, 40 Hz - 20 kHz
Film/Broadcast/Music Modular Main Monitor small and mid sized Ultra accurate Reference
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Korea: Saetong Corporation; Tel. (2) 783 6551 Fax: (2) 784 2788 Malaysia: Meteor Sound; Tel.(03) 291 6559 Fax: (C3) 292 2560
Norway: Lydconsult: Tel. (09) 190381 Fax:(09) 191334 Portugal: Valentim de Carvalho; Tel. (01) 443 5667 Fax: (01) 443 2195
Singapore: Electronics and Engineering; Tel. 223 5873 Fax: 225 3709 Spain: SGT S.A.; Tel. (091) 383 21 60 Fax: (09-) 383 99 16
Sweden: TonKraft Import AB: Tel. (031) 13 49 50 Fax: (031) 11 34 72 Taiwan: KHS Ltd.. Tel. (02) 709 1266 Fax: (02) 704 5524
UK:Stirling Audio: Tel. (071) 624 6000 Fax: (071) 372 6370 USA: Group One Ltd.; Tel. (516) 249 3660 Fax: (518) 420 1863
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‘the Neve name, products
and heritage are extremely

Zenon Schoepe in
conversation with
AMS-Neve MD
Mark Crabtree

verybody had been watching the saga of

Neve and AMS since the two were

placed together beneath the umbrella of

Austrian giant Siemens. Interest rose to
fever pitch when both UK companies announced
apparently competing top-end digital consoles
—AMS’ Logic 2 and Neve’s Capricorn. But the
final twist was left to Siemens Chairman Hans
Haider who, at the AES Convention in Vienna last
year, remarked that Neve and AMS would merge
before the end of 1992.

October saw the plans realised with closure and
heavy redundancies at Neve’s newly christened
HQ in Litlington, Hertfordshire and centralisation
of the new operation—tentatively called
AMS-Neve ple—at AMS’s HQ in Burnley
supported by the Neve manufacturing facility in
Kelso, Scotland and the AMS sales office in
London. To the top of the pile rose former AMS
MD Mark Crabtree, reporting to Chairman
Haider. Non-executive directors include former
Neve MD Laci Nester-Smith, Patrick Robson (MD
of former Neve owners ESE prior to the Siemens
buy out), and Jurgen Gehrels of Siemens plc.
Further down the tree of command, Carl Lynch
(originally from Calrec) is looking after the R&D
side, which is what he used to do for AMS, while
John de Jong (who worked at Neve for several
years before moving to AMS) is in charge of the
service operation. Frank Massam, who joined
AMS at around the time of the Siemens

acquisition, is in charge of Sales and Marketing
while Ronnie Stephenson continues to run the
manufacturing operation in Kelso, and Dave Allen
continues to run the manufacturing operation at
Burnley.

‘Kelso is set up to be an efficient
volume-manufacturing base.’ explains Crabtree.
‘In Burnley we will do first-offs of products and
the final stages of commissioning and assembly of
the bigger, very complicated products.

‘We are trying to move the manufacturing to
where virtually everything is built to order. It’s
something we've always done with AMS digital
products. We are able to reduce decision time to
delivery.’

Many have viewed the outcome of the merger
with cynicism, regarding the ‘Crabtree surrounded
by AMS men’ scenario as unhealthy. Crabtree

safe with us’

replies: ‘When you merge two companies with
200 miles between them, then, depending on the
geography—never mind any other pros and cons
—you are going to find that there are a limited
number of people who really want to move. By just
choosing one of those sites, one of those companies
will be less well-represented than the other at the
structural level. To some extent this has
happened.’

He also counters comments that the merger has
been a sad day for Neve: ‘I don't see it that way. If
you take my part in this then I'm a product man
—Rupert Neve was a product man—and that
product emphasis is something that I will be
supporting very strongly. Perhaps more strongly
than has been the case in the Siemens
stewardship to date.

‘It is terribly sad that in such a situation you
have to lose people that you'd rather not lose, but
my personal feeling is that we will actually come
out stronger from this than if we had been left
alone. Neve is the name and the faces that the
market recognises. The product specialists are all
still here. I think it’s an incarnation of Neve that
is being wept over rather than Neve itself.

‘There is obviously a large degree of nostalgia
for Neve and the feeling that this is an institution
that we mustn't tinker with. [ sense that and all I
can say is that the Neve name, products and
heritage are extremely safe with us. And because
it has gone this way and not the other, I am going
to be watched like a hawk. Even if [ didn’t have
my heart in it, which I do, then there is no way
that I could not favour the Neve side over the
AMS side.

Change have also occurred in the sales team P>

DIFF RENT
STROKES
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which is built up of AMS-Neve staff and
empowered to sell either.

Crabtree refuses to acknowledge that the
AMS-Neve ‘war’ prior to the merger harmed both
parties: ‘There are sales people on both sides who
had many opportunities to have sold the other
product. Now they can.

‘The one thing it did do was sharpen up both
sides, certainly the R&D teams were very
motivated to try and produce the better produce
—and both products won. The sales people were
really quite gentlemanly about it, although they
were competing for business. I don’t know how
much better, or different, or worse it might have
been if we'd done this two years ago. If we had, we
might only have ended up with one digital desk
and I think, looking back on it that that, would
have been a disadvantage.’

Crabtree sees his role in the new company as
continuing to keep his hands on product lines and
developments through chairing regular Product
Design Control Group meetings for each product.
These comprise representatives from the
marketing, R&D, manufacturing and
service.departments.

‘We are forming equivalent groups of people
and formalising what happened informally at
Neve or formally in a different way at Neve.That
is how products keep their individual characters
because the people in these groups are the DNA
running through.’

Crabtree also maintains that a demarcation
between Neve and AMS products will survive
(‘The products have not only functional differences
but also character differences. Expect it to
continue’). However, he disagrees with the notion
that the merger with its shock announcement at
AES Vienna was handled clumsily.

‘I'm not sure whether it’s possible to handle
anything perfectly. I think the very positive saving
grace is that we've at least provided
entertainment for a large number of people in the
industry. But having done that, the two companies
have learnt each other’s strengths and weaknesses
at first hand and in the eyes of the customer. That
will be very good for the future position of the
business. In some ways it’s a rather brutal form of
market research.’

Much attention has been paid to the conflicting
nature of the digital consoles of AMS and Neve,
what would Crabtree say are the complimentary
aspects of the two companies?

‘Neve has an extremely long history in
providing the best recording consoles that you can
get your hands on,” he replies. ‘There is great
respect for the Neve name and with Capricorn
that tradition continues. In Neve you have a set of
people who fully understand music recording with
complimentary areas in broadcast and some
postproduction with the VRP.

‘On the AMS side what we do is take technology
and an application, and try to put the two
together, producing innovative solutions to
problems. AMS's history is in control of the
process. If you take AudioFile, rather than say “we
are trying to copy a tape machine” we said “this is
what we're trying to do, these are the building
bricks we have to do it with, then why don’t we do
it this way around?”

‘When we looked at digital console
requirements, from AMS it came from “we are
able to capture the sound with a microphone, we
can put reverb on from one of our units, we can
record and edit it on an AudioFile but we can’t
mix it". We expanded our envelope of coverage by
building a mixing console. We added into the
picture at that point Calrec Audio to bring in the
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ergonomic design skills. The thrust of Logic 2 was
that it was designed to be a general-purpose
console but we saw its applicability and the
payback to the customer in the areas mainly of
postproduction where you're dealing with a lot of
manipulation and control.

‘Capricorn has taken a more traditional
approach: “let us produce something which takes
the VR another n steps further”. The original
intention was to fulfil the music recording market
because that is where Neve is very strong—Flying
Faders, the Neve sound—replicating and
substantially improving on the VR was the
motivation behind the Capricorn.

It could be argued that, bearing in mind the
current size and health of the recording studio
market, such a focussed and targeted product was
a little misguided.

‘That’s a question I can’t really answer,
responds Crabtree, ‘because the decisions go back
along way and I wasn't involved. Despite the fact
that Capricorn is an iteration of the VR, it still
has much broader appeal than just music.
Nowhere have we ever said that Capricorn is just
a music recording console; it’s finding a lot of sales
in broadcast.’

Is that an area where Logic 2 has not
penetrated well?

‘I think you'll find that Logic  and 2 have.
We've sold a Logic 2 to Yorkshire Television, for

‘Nowhere have we
ever said that
Capricorn is just a
music recording

console; it’s finding
a lot of sales in
broadcast’

example. But this is where the “is this a broadcast
or postproduction environment?” question comes
up. We're currently going through our market
studies again and the old-fashioned barriers
between music production, postproduction and
broadcast are breaking down.

Is that because of the flexibility of digital desks?

‘It’s the flexibility of the desk and market
imperatives. Filling a music recording studio with
music recording is good but people these days
want a second string to their bow, they want to be
able to do music to picture. Capricorn immediately
spreads into music for picture by the addition of
an analogue monitoring section. Several
purchasers are using Capricorn for film work.’

But this is using analogue electronics,
meanwhile AMS-Neve are adding panning
joysticks to the Logic 2—surely an addition which
would benefit the Capricorn .

‘If you look at the architecture of the two
consoles,’ Crabtree observes, ‘we built Logic 2 as a
modular system—the control surface has quad
modules which you can plug-in in any dimension
or order. Therefore it’s very easy and quick for us
to develop another quad panel for a specific
purpose and that takes advantage of the
transputer architecture where you can have one
link going out of this panel. The software is
written in such a way that you just have to define
what a panel is interested in, in terms of signals
from the system, and what outputs a panel has
that are of interest to the system. You can write a
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few lines of code and you have a panel that can
control anything and everything. That was
because we were treading into an unknown area
with a digital console and we left as many options
open as possible. It’s one of our hobbies.

‘From Capricorn’s point of view, a lot of
research was put into an assignable control
surface which reaches in quite a few directions.
That maps into the processing which is built using
ASICs. It’s a large architecture console built with
ASICs which is another very good way of going
about it—you can define your word length, you
can build algorithms into silicon, and so on which
has a different set of advantages from the Logic.’

It sounds as if Crabtree is suggesting that
Capricorn is not an easily-upgraded system.

‘It will replicate virtually any architecture of
mixing desk you want,’ he maintains, ‘but for the
more exotic aspects of postproduction work—we're
talking to people not only about surround sound
but up and down—the flexibility of Logic and the
development that is already complete lends itself
very closely to that. Over and above that, there is
the major advantage that the architecture of Logic
is the same as the architecture of AudioFile.
AudioFile links in, which gives you the ability to
do event-based automation where you can take
any bit of audio and it’s got full dynamic
automation attached to it. And wherever you put
it that event, the automation will follow. We will
be delivering the first in the new year.

‘That type of knitted-together system isn’t
readily possible with Capricorn. Therefore, by
definition, to integrate hard-disk recording and
editing with mixing capability where you need it
most in postproduction, then the Logic has
advantages. If you're recording and you want to
bring each instrument up to the centre section and
get it absolutely right and you want a fader for
most things, then Capricorn is very good. If you
want automation that you can use at a relatively
straightforward level but takes you into the
depths of event-based automation, then you can go
with Logic 2 and AudioFile. If you want something
that’s familiar to Flying Faders users—and there
are an awful lot of those—then Capricorn is very
good for you.’

Is Crabtree’s implication that Capricorn will
stay pretty much as it is, and will not be developed
in the same way that Logic 2 has?

‘There is no point converging the two, otherwise
we end up with one product. There are distinct
attractions, as our customer base is proving, to
both products Capricorn will continue to be
developed, Logic will continue to be developed.’

Turning his attention to the development of the
Capricorn, Crabtree highlights the software

‘The architecture is designed to be a very
powerful platform and there will be continuing
software effort for the foreseeable future as people
begin to understand its capabilities and we listen
to their requirements. Those requirements will be
incorporated where it’s of interest to a large
number of people.’

What Crabtree is suggesting is that AMS-Neve
are not interested in pushing the two desks
further apart and certainly not interested in
bringing them closer together—as much as the
situation remains within the company’s control.

‘The two will approach to a degree, there is no
way that can not happen. We are not proposing to
push them further apart because there is a
significant amount of market perception—apart
from people who just want to poke a finger at us
and say “what are you going to do about these
consoles?” It's good fun to create a soap opera but
at the end of the day both products are selling >
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very well.’

One question of considerable interest to the
console market is whether or not AMS-Neve
intend to continue developing analogue

‘We intend to keep a very strong analogue
presence,’ confirms Crabtree. ‘Because despite the
fact that, even within Neve several years ago,
there was the distinct belief that analogue would
be dead by 1990, that’s far from being the case.
There is a great interest in analogue consoles. The
55 Series broadcast console is being extremely
successful internationally. We take great care to
keep that capability and harness that capability in
the analogue field—it’s a major part of Neve’s
business.’

With the AMS-Neve merger came redundancies
and transferral of staff. What is the size of the
remaining Capricorn R&D team?

‘We're still developing that situation,’ Crabtree
responds. ‘There is still a relatively large number
of people at Litlington working on the project. We
have an agreement from a number that they will
transfer here, others are making their minds up.
At the same time we have shadow teams of very
good staff from Burnley for people (at Litlington)
who are really not prepared to move but whose
knowledge we need.

‘Capricorn’s been developed by a core team and
as the project has gone through its various phases
this team has been supported by contractors to a
large degree.’

Is the use of contractors different to the work
done by AMS?

Yes, we use only AMS people. That will be the
pattern of the future. Using contractors is not a
process of development I particularly like because
you lose some continuity. I prefer to have it in
house, we have a fairly large team and we do what

\

we can rather than say “at this point we need six
more people” who come in, document their work,
and then go.

‘So, as the hardware platform for Capricorn is
being completed, those contractors are going, or
have gone, since the early part of this year. That
has nothing to do with the merger, it’s a planned
phase out because at the height of such a project
the amount of resources it consumes is enormous
and you clearly can’t keep that up on several
parallel projects at once. From its height its now
probably half to two-thirds the size.

‘I don’t know the exact number of Capricorn

‘even within Neve
several years ago,
there was the

distinct belief that
analogue would be
dead by 1990’

people we'll end up with but I expect it will be a
team which will be comparable or slightly smaller
in size to the Logic team because the Capricorn
team is not faced with event-based automation.’

Are the technologies of the two companies close
enough to share resources?

‘It will start to be shared. The AudioFile has an
MTI multitrack interface box and in the days
when we were in competition with Neve, we were
moderately amused by the fact that they were
relying on MADI to appear. This ability to

interface to digital machines we saw as very
important to studios because they’re not going to
buy a new Sony MADI digital multitrack if they've
already got an old one. Our interface was in the
plans from the beginning. I think Neve got to this
stage expecting Studer to do a MADI board and
it's only really because Capricorn’s a little bit late
that there are any MADI interfaces on tape
machines at all. Our MTI box can interface to
Capricorn.

‘As time goes on we will need time-code readers,
machine-controller ports and already commonality
is emerging between the two products and as we
go through the periodic upgrades of cards within
the systems we will design one card for both.’

With so much of the audio performance of a
piece of equipment dependent upon the choice of
its convertors, the question has to be raised
regarding those used in Neve’s Capricorn and
AMS' Logic consoles. Are AMS moving towards
using the same convertors as Neve?

‘At the moment we are in the position of having
a choice. There are pros and cons to each. We'll
obviously make it possible for those to be
interchangeable and as new convertor technology
becomes available we will design one convertor for
both products.’

Following the merger of these two major
players in the pro audio field, it is clear that the
market forces and technologies concerned have to
be held in a very delicate balance. It is equally
clear that this balancing act is one with which
Mark Crabtree is likely to become very familiar
indeed. W

AMS-Neve, Billington Road, Burnley, Lancs
BBI11 5ES, UK. Tel: 0282 457011.
Fax: 0282 39542,

We have moved.

Our European Headquarters
have transferred from London to:

Dolby Laboratories Inc.
Wootton Bassett
Wiltshire SN4 8QJ

Tel: 0793-842100

Fax: 0793-842101
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STUDIO CONDENSER
) MICROPHONE

Audio Technica is still in ifs infancy in the
professional markel, and nol having
encountered it before, the 4033
Transformerless Capacitor Studio
Microphone came as a very
pleasant surprise. Iis Styling is
distinctive and elegant, the finish

is excellent, and the cal’s cradle,
again Supplied as standard, is
simple and effective and balances
the microphone very well
Everything about the microphone
looks and feels sturdy and
professional

Once again the facilities are Simple;
the only switches are for the high
pass filter and the pad, and the polar
paltern is cardioid.

shown with

But the biggest Reprinted from optional shock
surprise was the W mount AT8441
sound. On

everything ! iried SNQMUK,NP

mncluding a February 1992

Steinway grand

the output was virtually indistinguishable from
that of the 414 — open, transparent and clean,
quiet and free of colouration. The main
difference was in the sensitivity — the 4033 is
few dB more Sensitive than the 414

If this is an example of what Audio Technica has
to offer, | await further developmens with
interest. A variable-pattern microphone with the
sound of the 4033 would be a very useful addition
to the arsenal indeed. As it stands, | can't imagine
it will be long before this microphone is a

much more familiar sight 99

Other Models in the
Pure Condenser Series inglude

Complete Set (4051E + 4900-48)
AT 4031 Fixed Charged Condenser Shot Gun (385mm long)
QOmnidirectional Element Shiot Gun (232mm iong)
Unidirectionai Element Pre Amplifier

Hyper Cardioid Element Complete Field Production Mixer

(haudio-technica.

INNOVATION PRECISION INTEGRITY

Technica House. Royal London Industrial Estate, Old Lane,Leeds LS11 8AG
Tel, 0532 771441 Fax. 0532 704836

B2 MR APRs

AES

200-WL

/|

® High density 2
on 19”7 x 1U.

* NEW AT AES

® 3 year warranty

® Gold plated double contact systems

x 48 Jacks

GHIELMETTI

Data Precision Ltd
Byfleet Business Centre
46-50 Chertsey Road
Byfleet, Surrey KT14 7AP
Tel: 0932 353879

Fax: 0932 34244t

Kommunikationstechnik-AG
Industriestrasse 6

CH4562 Biberist
Switzerland

Telefon + 41 65 31 1111
Telefax + 41 65 32 3427

MODEL: MC-66

The Unighe

~ One-Hand

Stand

One of the most innovative mic
stands on the market, It's Unique
clutch system allows for single
handed height adjustment —
nothing could be simpler or
quicker. The legs fold up along
the shaft making the One Hand
Stand extraordinarily compact.

Height: 40" - 66" (102 — 167¢cm)
Weight: 3Ibs (1.4Kg)

The Ultimate range of innovative
support systems are lightweight,
strong and virtually indestructable.
Contact us for o full colour brochure,

ULTINIATE"

Distributed by HW International
3-5 Eden Grove London N7 8EQ Tel: 071-607 2717
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Off to a flying start—the Fairlight MFX2
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After the success of
the CMI, Fairlight
failed. Now they
have returned with
an astute move into

audio-for-video with
the MFX2

he name Fairlight has been closely
associated with music sampling and
sequencing for some time. The
Australian company was formed in 1978
by Kim Ryrie & Peter Vogel who launched one of
the world’s first sampling-sequencing systems,
namely the CMI Series I. Around seven years ago
the Series III was launched and to this was added
8-channel hard disk recording capabilities. In
1988, amidst a blaze of publicity, the company
went into receivership. However, from the ashes, a
new streamlined company called Fairlight ESP
was formed by Ryrie & Amber Communications.
The latter consists of a group of companies who
are involved in the manufacture and distribution
of professional audio and video equipment.
Fairlight ESP launched a disk-based recording
and editing system called MFX I in 1990. The
system was aimed at audio-for-video post and
supported eight continuous channels from: one
hard disk, with 16 simultaneous channels possible

FAIRLIGHT MFX2

depending on the duration of the cues involved.
MFX 2 was launched in April 1992. This supports
a new SCSI called ‘turbo SCSI’ which allows
16 continuous channels to be replayed from one
hard disk. It also has improved high-definition
graphics and supports Fairlight's new DSP carg.
Having been relatively successful in their home
territories, the company were in a position to
concentrate more effort on overseas markets. They
have established service centres in both the UK
and Germany and appointed John Lancken as
International Sales Manager and John McDiarmid
as European Sales Manager.

The MFX2

The system supports the use of both hard and
optical disc and allows simultaneous replay up to
16 continuous channels from hard disk or up to
eight from optical. Each pair of output channels
requires a dual channel card. The minimum
number of cards supplied is three (giving a
6-channel system) and the maximum number is
eight (giving a 16-channel system).

The system hardware is divided into three rack
units. The digital-card cage contains all
processing, turbo SCSI channel cards, system
RAM and graphics controller. The analogue card
cage provides 24 balanced analogue outputs
(including output router) as standard, either

www americanradiohistorvy com

two analogue or two digital inputs and MIDI and
SMPTE interfaces. The disk drive unit supports a
floppy drive, Exabyte tape-streamer and up to six
drives which can be chained to provide additional
recording time. Using the Fujitsu 1.9Gb drive, this
can amount to a total of 35 hours.

The user interface consists of a colour monitor
and a custom-designed controller which has the
appearance of a rather large alphanumeric
keyboard. On the left of the controller are alpha
keys and functions keys which can store up to
45 macros (a macro remembers a series of
operations and carries them out when it is
activated). Above these are 24 track-select keys.
At the centre of the controller are keys for edit
menu selection, mute and solo and numeric keys.

At the top right is an LED display with five soft
keys underneath, the functions of which will
depend on which edit menu has been selected.
Beneath these are transport control keys and a jog
wheel, and to the right of the wheel are keys for
JUMP, MASTER SELECT, EDIT RANGE, UNDO, MACHINE
CONTROL and zooM functions. To the right of the
LED display are keys for TRANSPORT MODE, SELECT
MARKS AND RANGES, AUTO-RECORD and SET MARKS
AND LOOPS. There is no mouse—all operations are
achieved by pressing keys on the controller and-or
moving the jog wheel.

For the main display, the standard colour
monitor supplied is a 14-inch high-resolution »
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NEC Multisync 3FG. However, the system will
support any RGB monitor since some customers
prefer larger monitors such as those
manufactured by Barco.

Recording

There is one main screen for recording and
editing. This consists of a track display which will
show from 1 track to all 24 tracks displayed
horizontally across the screen. The fewer the
number of tracks displayed, the larger their size.
Any of the 24 tracks can be armed for recording by
selecting the Arm menu and then selecting the
TRACK key. Selected (or active) tracks are
highlighted in pink, whereas inactive tracks are
blue. The system supports sampling rates of
44.1kHz and 48kHz and a maximum of two
independent mono tracks or one stereo track can
be recorded simultaneously. The source may be
digital or analogue and analogue signals can be
attenuated by the user. The input can be
monitored, there are on-screen level meters and
the system draws a waveform in real time while
recording is taking place.

A feature which is particularly useful for
dialogue replacement is the ‘record again’
function. This allows up to 4096 drop-ins to be
recorded at the same location, stacking one on top
of the other and automatically incrementing the
take number each time. A Take display at the top
of the screen lists the takes along with other
useful information such as durations, location,
whether mono or stereo and whether borrowed
from another project or not. Stacked takes are
listed vertically, with the last take appearing at
the top of the stack.

Other useful recording features include ‘record
pre-time’ which will record a handle of up to
20 frames before the RECORD key is pressed,
‘record clip’ which performs a recording of the
same duration as a selected clip and ‘record to
head’, which automatically drops in at the start of
a selected clip but will drop out only when
manually told to do so.

Editing
Each track has a fixed output and can contain up

to 99 clips. Clips are displayed as coloured blocks,
each containing a waveform and if a clip of a

selected track is located under the vertical ‘play

|

head’ its colour is changed. A track may not only
contain clips sequentially, but, as already
mentioned, may contain clips which are stacked
on top of each other, although only the top clip will
be replayed. However, any clip lower in the stack
can be brought to the top by selecting it from the
Take display.

The amount of time displayed on screen can be
compressed or expanded very quickly and this also
affects the the jog wheel, which moves across the
audio at a rate proportional to how much time is
displayed. Up to 1000 marks can be stored and
appear as small markers in the Timebase display
above the tracks. A mark display can also be
called up which appears at the top of the screen
and lists marks vertically along with the mark
number, position and name or description. Marks
can be quickly located by using the jump key. This
will jump according to a variety of parameters

‘the jog wheel has
two scrub modes,
one of which

imitates
conventional
reel-rocking’

such as to marks, to in and out points, by a
user-defined amount, by name or to fade points.

The system will perform cut-and-paste-type
operations and has one layer of undo. Clips can be
defined using the ‘cut head’ function. This deletes
the remaining audio from the current location to
the start of the take, while the ‘cut tail’ function
will do the same but to the end of the take. Should
some of this deleted audio be required at some
point, the trim function can be used reveal as
much as required.

Simple butt edits can be achieved quickly by
using the Jump key to locate in or out points rather
than scrolling through using the jog wheel. If a
crossfade is required, it is performed in real time

. by setting a fade out and a fade in. This will, of

course, take two channels for a mono crossfade,
_however there is the option to internally mixdown

a region and the JUMP key can be used to quickly
locate fade start and end points in order to isolate
the crossfade for a mixdown to a single channel
clip. Currently, the only level control is clip-based,
static and single stage.

The system allows any clip to be freely allocated
to any of the 24 tracks and also allows any
combination of tracks to be selected for global (or
region) editing for all edit modes except one.
Furthermore, there is a function for quickly
selecting a group of tracks and tracks can be
soloed or muted. The user can also take
advantage of the macro facility for performing
global edits. For example, a region across a group
of tracks could be deleted and a macro then used
to automatically place a fade on all clips at either
end of the region boundary.

Sync to video

A Sony 9-pin RS422 interface is used to control an
external VTR such as a U-Matic. By selecting the
‘master’ mode, the system will control the U-Matic
using the MFX 2 transport controls and-or the jog
wheel while acquiring time code via the RS422
and locking within one second. Time code values
can be grabbed and used to place clips or to give a
clip an offset. In addition, a useful feature for ADR
is the ability to set up a loop for both the VIR and
the audio.

It is interesting to note that the jog wheel has
two scrub modes, one of which imitates
conventional ‘reel-rocking’. The other maintains
original pitch by looping a frame’s worth of audio
at whichever frame rate is being used and can be
nudged back or forth by as little as /uth of a
frame. Fairlight argue that is, in fact, a more
useful way of finding an edit point than by
conventional scrubbing because the audio remains
intelligible, even in freeze frame. Furthermore,
the audio will scrub backwards along with the
picture as well as forwards.

Other special

features

Using the new 96000 DSP card, the system will
perform time compression-expansion from
50%—-200%. This range may seem extreme, but the
system performs the process in the frequency
rather than time domain. The user can either »

Superchase —
Perfect Machine -
Film ++ -

New -

(Hall 15.1 Stand E5)

Revision 4.11 Software — for the ES.Lock 1.11 Synchroniser
The fastest synchroniser gets even faster
Instant positioning and jogging for digital editors

Enhanced film handling

ES.Lock — Machine control systems with a developing future

at Berlin

( N

AUDIO KINETICS

Tel: +44 (0)81 953 8118 Fax: +44 (0)81 953 1118
Audio Kinetics UK Limited, Kinetic Centre, Theobald Street, Borehamwood, Hertfordshire WD6 4PJ
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NOW You HEAR IT

Buz=x=. Ssss...

NOWYOUDONT,

INTRODUCING DINR', REAL-TIME NOISE REMOVAL SOFTWARE FOR DIGIDESIGN’S
Pro TooLs", Sounp TooLs IT', AND PROMASTER 20°

Soomatie, ol v Temer i} et e Sl il

DiGITAL RECORDING AND EDITING SYSTEMS. D l N R.
Digidesign Intelligent Noise Reduction software makes You'll be amazed at how cffective DINR is at making what goes
broadband noise and hum literally disappear from your recordings, into your workstation come out sounding even better. And if
whatever the source. Analog tape hiss, pickup or preamp hum, you've looked at other digital noise removal systems, you'll be
ventilation or other ambient noise — you name it. even more amazed at DINR's price.
DINR's proprictary intelligent noise modeling technology actually So make noise do a vanishing act. For more information call your
leams the noise and removes it for you in real time. There’s no local dealer listed below.

guessing, no waiting, and virtually no audio coloration.

APPLE CLNTER GEAsLow, Scotiand TeL 041-266.3250 Syco Sysrim L -Lonbon . 071625 6070 H H H

THE SYNTHESIZER COMIANY,-LONDON TeL 071-258.3464 S¥STEAMS WORKSHOMSTIROMEIRE I 0691638550 i = desi L= L

THA T HED COTTAGT Aubio,-HIRTRORDSIaRE TEL 0223-207979 SoHo SauNDHOUSE TURNKEY-LoNDON TeL 071-379 5148 1360 WiwLow Roa  Meto Park, CA 94025 « 415.688.0600
5 .688.

SOUND CONTROU-DUNTERMUNE, Fit, Scotiasn
Trr OBOO-5252(43, 1 REFPHUNE San Franasco = Los AnGeirs » New Youk © Circaco * Nassvae © Pasrs

IANR requues Sound Designer 1 sttware {version 2.5 hughery which is incuded with Sound Toots [} and ProMascer 20 anid s svaalahle scpazately tox Pru Traols © 1994 Dimudessgn tnc. All Ieatares and apeyshications subiec € 1 change withous nutice All trademarks are the Ppersy of thees resiestivs bulders
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Operational ease has been one of Fairlight’s highest priorities

set a percentage or specify a duration and can
process a mono or a stereo track. The examples
given during the demonstration were of music and
although compressed and expanded by more than
is usually recommended with time domain
processes, still sounded good. There were
noticeable effects at the extreme ends of the
range, but these could be useful for sound design
purposes.

EDL conforming is supported and was
developed in conjunction with an Australian
company called DigitEyes (who manufacture the
Shotlister EDL management system). The EDL
option is called MFX Interface and runs on an
external IBM PC. This takes control of the MFX
console and drives the system through the
conform process. The list can be sorted for the
most efficient conform and has a variety of
recording and conforming options.

Work is organised in projects and a list of all
projects can be called up on screen. There is no
specific library structure, however Fairlight

Future plans
include sound

design features,
clip reversal and
harmonising

suggest that projects can be created which are
specially organised for library purposes and since
two projects can be open simultaneously, clips can
be quickly borrowed or copied from another
project. This would involve copying either from the
other project’s take list or from the track display,
where related sounds could be arranged
sequentially along the same track and quickly
auditioned by stepping through.

In addition, the take list can be searched
alphabetically, auditioned and the selected clip
(whether from the take list or track display) will
be automatically placed at the cursor time on the
selected track in the working project. The
difference between borrowing and copying is that
borrowing uses the one clip for both projects
whereas copying actually records another copy of
the clip onto disk, so that if the project copied from
(and thus its clips) is deleted, the required clips
from that project are not suddenly missing from

36 Studio Sound, February 1993

the current one.

Once the disk is full, the user may wish to
archive its contents. There is, however, the facility
for disposing of unwanted audio (such as clips
which are not used, tops and tails, etc) in order to
create more space for further recording. The
system uses high speed 8mm Exabyte
tape-streamer for backup at five times faster than
real time and allows selective project loading.
Alternatively, optical disc can be used for backup
and-or as the working medium, which may be
helpful for applications which have a high turn
around of work such as advertising.

Future plans include a number of sound design
features, clip reversal and harmonising. In
addition, the ability to increase the level of a clip
will be introduced as well as varispeed and a gate
function. This will allow clips to be generated
automatically with user-defined thresholds and
handle lengths. There will also be a global replace
function and the facility for printing dub charts.
Plans this year also include the ability to support
24 channels with 24 inputs and outputs with the
choice of analogue or digital [-O.

Conclusion

The MFX2 offers comprehensive and quick control
and includes many useful features. In addition the
synchronisation and control over external
machines has been carefully thought out, is highly
sophisticated, yet simple to operate. The display is
easy to understand and the use of colour makes it
obvious whether a track or a region has been
selected. However, due to the range of control
features available, the user interface may take
some time to fully master and although the use of
macros is particularly helpful for functions such as
automatically imposing fades, this particular
requirement would not be necessary if the system
supported a default crossfade feature.
Nonetheless, the system terminology and
operation has obviously been aimed at providing
sound-to-picture editors with familiar concepts
and the addition of the DSP and MFX Interface
options should further increase the system’s
appeal to the high-end audio post market.

Fairlight ESP Pty Ltd, 30 Bay Street,
Broadway, Sydney, Australia 2007.

Tel: +61 2 212 6111. Fax: +61 2 281 5503.

UK: Fairlight ESP Europe Ltd, Whiteposts, High
St, Barley, Nr Royston, Herts SG8 8HY.

Tel: 0763 849 090.
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Australia:
Austria:
Belgium:

CIS:

Czechoslovakia:
Denmark:
Finland:
France
Greece:
Holland:
Hong Kong:
Hungary:
Indonesia:
Israel:

Italy:

Japan:
Korea:
Norway:
Poland:
Portugal:
Singapore:
Spain:

South Africa:

Sudafrika (Botswana):

Sweden:
Switzerland:
Taiwain:

Thailand:

United Kingdom:

USA:

Audio & Recording
006123169935

Kuhnl Wurzer GmbH
0043732668125

Mills Music
003238289230
Muiston Ltd

Uber Compu - Musik
0896516094

Da Distribution ApS
004531682811

Ms Audiotron 5
0035805664644

Sound Studio Technique
0033142815047

Production Sound
003016424459

Ampco Audio Products Bv
003130414500

Jolly Sound
008523620202

Best Studio Technika Kft
003611561953

Kirana Yudha Teknik
0062213806222

R.B.X. International Ltd
009723298251

Texim S.R.L.
003939957518

All Access
0081524435537

Sion Corporation
008225653565

LYD Systemer A-S
00472710710

International Musical Instr
00487132874

Estudio 15
003513623755

Swee Lee Company
008225653565

Keyson S.A.
003433405512

Eltron Lid
0027117870355

Bop Recording Studios
0027140843186

Luthman Scandinavia AB
004686404242

Sinec AG
004164413747

Taisheng Trading Corp
0088625313802

Beh Ngiep Seng
00662222528|

Shuttlesound
081-640 9600

Samson Technologies Inc
0015169323810
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THEY DO
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THEY DOIT

BETTER.

THEY DO IT

FOR LESS.

A simple message that is not often easy to back up.
But Behringer’s European reputation for excellence
in signal processing gives these words new meaning.

Consider for a moment our latest interactive pro-
cessors, conceived and engineered to deliver trans-
parent performance for studio and live applications.

COMPOSER The Composer functions.as a studio
grade, automatic and manual controlled stereo
Compressor, Expander, Gate and Peak Limiter. The
automatic mode offers program-dependent
attack/release times for inaudible processing.

Unigue Interactive Knee Control circuitry combines
the musicality of soft knee compression with com-
prehensive hard knee control. Special Interactive Gain
Control Peak Limiter circuitry enables simultaneous
Clipper and Program limiter functions while serving
as a zero attack, distortion-free absolute gain
threshold.

INTELLIGATE The Intelligate is an Expander/Gate/
Ducker with Ultra Transient Response circuitry for
instantaneous attack. Proprietary high performance
Class A VCAs provide exceptional audio quality. Precise
key filters permit frequency-sensitive keying.

Like the Composer, the intelligate includes Interact-
ive Ratio Control Expander circuitry to eliminate
“chatter” on or around threshold. Both units feature
servo-balanced Neutrik 1/4" and XLR inputs and
outputs, precise metering and a 5 year
warranty.

Behringer. When you listen, the
message becomes clear.

THE PERFECT EAR.

BE‘H‘RINGER Specialized Stadio Equipment Ltd.

Otto-Brepner-StraBe 4, D-4156 Willich | o Tel: (0) 21 54/42 85 2| « Fax: (0) 21 54/42 85 23
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facilities of the main FCS-926 unit but no front
panel controls. As many as 16 slaves can be
controlled from a single main unit, and each slave
has 50 user-programmable memory slots.

@ calrec Audio: booth 5.2D1. Sabine
Feedback Exterminator DSP controlled
processor which automatically locates
feedback frequencies and assigns to
them a digital notch filter. @ CRL: booth 5.1L3.

ASSETT, a menu-based quality control system
that stores excerpts from the digital master and
compares the frequency content with audio
cassette copies. ICE, an embedded coding system
designed for automatic broadcast performance
accounting and for keeping tabs on material in
studio and duplication situations. @ Circuit
Research: booth B-22. Real-time Event
Sequencer, designed to provide up to 200 events
over a seven-day period, with each event

consisting of as many as eight contact closures.

® DDA: booth G3. New product to be

announced. Also Profile 24-track VCA

and switch automated console. Forum

Composer entry level 24-track console.
Forum PA and Forum Matrix sound reinforcement
consoles. @ DigiDesign: booth R-24. Version of
Pro Tools 4-16-track tapeless system with
improved interface. Pro Master 20-bit system,
Session 8 Integrated recorder, editor and mixer.
Alesis ADAT integrated system. @ Digigram:
booth K8. Digital audio transmission through
ISDN and PC-based workstations, now extended
with Version 3 Xtrack and a low cost PC
workstation. @ Doremi: booth B-25. Random
access video playback from hard disk or M-O
cartridge. From the system control panel, the
operator can replay, shuttle and locate video in
sync with the edited audio tracks. @ Drawmer:
booth 2-L.2. L441 Quad Auto Compressor-limiter
contains four discrete audio channels with
switchable hard or soft knee.

@ Eventide: booth M-08.
DSP4000 Ultra-Harmoniser,
with facility to create effects
algorithms by linking modular
effects building blocks. As many as eight
harmonies simultaneously, or four harmonies and
stereo reverb. @ Focusrite: booth M-05. ‘Cost
concious’ Euroconsole, in 40 or 48-input frame
sizes. Same control and circuit layouts as Studio
Console but starting around £165,000. Also Red
Range of signal processors. @ Fostex: booth
5.1g1. D10 professional DAT recorder with cueing
and editing functions for less than £2,000.
Two-machine editing can be accomplished with a

“"" PRESENTING

THE

LEXICON 3001l

LUL RYIn SIZE

1% ¥oCY

300 pianar erseers sysiem

The Lexicon 300 - a unique digital effects processor with analogue and digital inputs and outputs,

time code automation, and that magnificent Lexicon sound.

exicon

She Aol aned Seionce ﬂ/’-’/muu/

With more features than any other digital effects processor, the Lexicon 300 delivers precise
delay and stereo pitch shifting, as well as stunning reverb and ambience. It automates sound
changes with SMPTE/EBU timecode. And it inputs and outputs analogue, as well as consumer and
professional digital formats. Whether the source is a CD player, DAT recorder, or open reel
digital deck - the 300 locks on to the incoming signal.

Like the rest of the Lexicon family, from the economical LXP-1 to the industry standard
480L, the 300 provides that world renowned Lexicon sound.

For more information on the 300, or any other
Lexicon product, contact:

Stirling

Kimberley Road, London NW7 6SF « 071 624 6000
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pair of D10 recorders without external computer
or controller. Each machine has a RAM buffer and
scrub control for fast location of cue and edit
points. @ FM Acoustics: booth 2-H3. ClassAmp
M-1 microphone preamplifier; FM214 precision
balanced line driver and FM 216 precision line
level interface.

|

Lab Gruppen SS 1300 amplifier

@ Genelec: booth R-08. 10384
three-way system for flush mounting or
reestanding use. 10324 two-way active
system is based on the existing 1031A
nearfield but with extended bass response and
increased SPL. @ Girardin: booth 5.2K4. Mixing
console CS890-892 for radio production.
CS192-CS276 television control room system,
available with 18 to 36 channels, between six and
12 sends, four to eight auxiliary mixes , multitrack
inputs and outputs, plus the option of bargraph
metering on every channel. @ Gorgy Timing:
booth H-14. Silent clocks with LED readout
options including radio synchronisation,
stopwatch, time signals, thermometer and outputs
for ASCII and standardised binary. @ GTC: booth
2-D3. Latest update to the Digitron
Magneto-Optical Disc recorder, specifically

orientated to lipsync recording.

O Harrison: booth 2-D1. MPC
automated, assignable console
for motion picture sound mixing
with up to 256 channels with
analogue or digital signal paths. Audio housed in
separate rack, work surface can be configured for
operation by one, two or three people. Series 10
console is now showing as Series 10B. @ Institut
Fur Rundfunktechnik: room R56. First
demonstrations of MUSICAM Surround 3-2
format reproduction. Worldwide standard is based
on percetual coding and is intended for
applications including professional recording,
computer-based multimedia, telecomms,

broadcasting and consumer recording.

( Lab Gruppen: booth B-26. Power
amplifiers and a 24-bit digital crossover,
581300 amplifier has DC rail voltage
derived from switch-mode power supply:
the magnetic energy in the ferrite transformer is
controlled with a pulse-width processor and
magnetic flux windings. Said to maintain output
between 180V and 260V AC. @ Lexicon: booth
2-C1. NuVerb for DigiDesign’s TDM standard for
Mac-based workstations. A NuBus Card which has
two DSP processors that can run together, or be
separated into two independent mono devices, or
cascaded for multiprocessor setups. Many of the

settings are based on the Lexicon 224XL, »

E==C

Focusrite
(3]

O

FocusTite

g\

Focusrite Red Box processors

The Otari DTR-90 is the most professional
DAT recorder on the market, and as the
official Otari dealer we can give you the
straight facts on just how good itis.
We'lltell you all about its 4-head config-
uration, its individual channel record, its
removable front panel for remote opera-

tion and its timecode facility. And we'll

back it up with the best after-sales support

www americanradiohistorv com

Stirling Audio Systems Ltd
Kimbertey Road

London NW6 7SF

Tel: 071624 6000

Fax: 071 3726370
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Bok Clearmountain

“I need mon
no matter where | go. With KRK .
M there are no surprises — I'm

g exactly what’s going to tape,

a while enjoying the experience!”
FNM""M (T TFFF
j HEAR A DEMO TODAY

For Your Nearest Dealer Call

¥ THE EUROPEAN OFFICE: '
44 (0) 296 661 748 ¥,
1997 NOMINEZ
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PCM-70 and 480L. @ LyndKraft: booth Q3.
Tube-Tech valve 2-channel compressor-limiter
with claimed frequency response of 5hz-50kHz
-3dB, said to replicate Fairchild 670.

@ Klark-Teknik: booth

B-04. Major new product

to be announced.

(@ Marantz: booth
B-04. PMD-740 four-track personal studio;
CDR-610 Orange-Red book CD recorder; DCC
recorder; digital two-channel real-time de-clicker
and scratch suppressor. @ Meyer Sound: booth
R-34. UPL-2 bi-amped active design uses a 10-inch
woofer with a 1-inch high frequency driver coupled
to a symmetrical 60° horn. The HF driver is a
patented design with a titanium dome and a silk
suspension. MSL-2A high powered bi-amped
system based on a proprietary 15-inch woofer and
a 70" HF horn with a 2-inch throat. MP.S Series 3
consists of MP.S 305 compact system with a 5-inch
LF driver and a piezo HF device; MP.S 355 with
two 5-inch drivers: designed to be used with the
MP.S 355 with two 5-inch drivers: design to be
used with the MP.S 3 Control Electronics Unit.

 Nexo: booth R23. PS10,

smallest speakers in range.

Can be combined with PS

TD Controller and LSub
500. @ Omniphonics: booth 2-L1. Audio Resolver
preamp with level matching, balancing and stereo
matrix for Audiophile switching and dubbing.
 Otari: booth 5.1F1, Concept I music and
production console, a digitally-controlled system
with automation. Uses a symmetrical dual-path
architecture with 4-band equalisation and 100mm
fader for each path. Dynamic automation will
control both channel faders and mutes, allowing
96 automated channels in a 48-module frame.
Diskmix VCA automation is standard, with
moving fader option available soon.

® Penny & Giles: booth B-06.
‘Cost-effective’ conductive plastic fader
designed for life-span of one million
operations. @ Philips: booth 5.1P3.
DCC mastering and duplication. DCC editor
includes a wide range of PQ editing facilities and
improved user interface. QC machines including
prerecorded and blank verification of pancakes
and cassettes. In-cassette duplicators and text

Pro Master Launch

Version 2 of Pro Tools is an integrated
application in which tracking, editing, mixing
and automation are performed in one computer
window. Systems may have from four to 16
channels.

Digidesign are also launching Pro Master, a
20-bit version of Pro Tools, for mastering. The
manufacturer is also shipping the Session 8
system for the PC computer platform. This
8-track system includes digital recording,
editing, mixing and track bouncing.

Digidesign Manager of Marketing
Communications, Mark Wilcox, says: ‘We refer
to it as our studio in a box because, for the first
time, the interface gives you the ability to patch
in your effects and inserts, and route them all in
software’.

Digidesign are also developing a system to
integrate the Alesis ADAT digital eight-track.
Booth R-24. B
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All you'll ever

need natape.

J
A
. GRAND MASTER .

ENGINEERED TO EXCEED all expectations, Ampex 499 Grand Master Gold

delivers low print through and the lowest noise, lowest distortion, and highest output of any
high-performance analog mastering tape. Not to mention superior mechanical characteristics
to ensure problem-free tape handling on today’s high-end transports.
ALL WITH THE legendary consistency you’ve come to expect from Ampex Grand
Master 456. And all backed by the industry’s most highly acclaimed service and support.
SO IF WHAT you really need is performance, and then some, go with Ampex.

Grand Master 456 and 499 Grand Master Gold.

AMPEX

A MASTER OF ENGINEERING

Ampex Recording Media International Acre Road Reading. Berkshire RG2 OQR, England (44) 0734 875200 © 1991 Ampex Corporation
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range and a 28mm soft
dome tweeter. The ‘usable
frequency response’ is
20Hz-20KHz. &
Publison: booth 2-D2.
Infernal Workstation 1600
enhancements including
new remote control with
alphanumeric keyboard,
VTR control, reel
scrubbing, tablet and pen,
plus a wide selection of
function-specific keys.
Autoconforming from VIR
and DAT; biphase

Soundtracs Jade console

synchronisation; optional

controllers for premanufacture verification.

® Pro Monitor Co: booth 5.1K2. New MBI
transmission line monitor with removable
sub-baffle which can be rctated for horizontal or
vertical mounting. A 310mm radial chassis bass
driver is coupled with a 75mm fabric dome mid-

mixing desk with moving
faders and parametric controls for internal DSP;
utilities including auto backup of the edit list with
associated sound sources. Also: new machine,
Oceane—stand-alone optical recorder for low-cost
recording prior to Infernal Workstation editing
and mixing.

As tough
as the road

44 Studio Sound, February 1993

www americanradiohistorv com

Choice is the Theme

In addition to a 24-output Spectra working in
conjunction with a 4-player Logic I console,
AMS-Neve will have a system linked to a
Pioneer Laserdisc recorder.

Product Manager for postpro systems, Doug
Ford, says: ‘If the customer needs random
access video, the machine is available; if not,
they can use a U-Matic or Betacam. Choice is
the theme. We have a range of different
products that can be bolted together to suit
specific applications.’ Booth A2-A3. R

® Revox: booth H-08. UK developed

on-air studio package with an all-in

price of £20,000 including furniture;

MB16 broadcast console; two C221
professional CD players; C115 cassette deck; a
pair of NF Mk I monitor speakers; two M3500
mics; PRIIBV tape machine; power amp,
turntable; two cart machines; telephone hybrid;
clock; mic stand; cables and connectors. New radio
automation system with as many as 256 CDC100
changers holding 100 CDs each.

® Solid State Logic: booth 5.2P1.
Ultimation facilities added to G-Series
automation including 15 Software Groups
which enable any channel fader to act as
master; Cut events can now be created off-line;
Insert Mixing allows moves to be inserted into the
current mix without destroying subsequent moves.
Consoles include SL4000 with wraparound wings.
First european AES showing of Scenaria all-
digital editor, multitrack recorder and mixer with
random access video. Screensound and SoundNet.
@ Sonic Solutions: booth B-17. Range of digital
editing workstations with Sonic Net FDDI
networking. NoNoise restoration system. @ Sony:
booth 4.1A1. DMX-S6000 digital audio mixing
console for postproduction and sweetening in
frame sizes of 24-64 modules. Five studio and two
portable DAT machines and edit controllers.
@ Soundcraft: booth 4.2A4. New automated
console to be announced. Complete range of
existing consoles. @ Soundtracs: booth 2-F3.
Solo Logic console with VCA fader automation and
machine control. Jade console with 24-group buses
and parametric FdB equalisation.

® TC Electronic: booth

9-QL. M5000 digital audio

mainframe which can be

fitted with four DSP or
A-D-D-A modules. Programs include reverb,
ambience, pitch shift, chorus, flanging and delay.
® Yamaha: booth R-27. DMC-1000 digital mixer
with new Version 2.0 software and Project
Manager software. Version 2.0 software for DR-8
8-track recorder; Version 3.0 software for DMR-8
recorder and mixer. SPX990 effects processor with
20-bit A-D-D-A conversion. B

EXHIBITION TIMES

Tuesday ....ccooovvvvvevrininnnne 9.30am to 6.00pm
Wednesday ... 9.30am to 6.00pm
Thursday ....... 9.30am to 6.00pm
Friday ......cccooveenecninnns 9.30am to 2.00pm
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Hear Tomorrow

Digital Audio Mainframe

everb and much, much more! Leading edge technology (at a cost half what you might

expect), engineered to deliver legendary TC Electronic guality, the M5000 is a

software-based digital signal processor capable of interfacing with your world the way
you want it to: AES/EBU, SPDIF, optical 1/0; analog 1/0; real time MIDI; SMPTE; serial
remote; standard BAM card slot; optional 3.5" floppy drive, SCSI interface, and LAN port;
slots for up to four totally independent true stereo DSP cards—all in @ 2U 13" rack unit.

Algorithms include reverb as only TC Electronic could do it, pitch/harmony effects, and
unmatchable chorus/flange/delay effects. Other algorithms are already under development by
TC Electronic and third party programmers. Since the M3000 is software based, updating or
adding new algorithms is as simple as loading in a RAM card or floppy disk.

Thanks to its open architecture, software-based design, and over-the-top specification, the
M5000 will never be obsolete. A dream machine today, the M3000 has many futures—this

is just the beginning!

OF DENMARK

t.c.electronic - urummoocos |

Technology for today and tomorrow. I— — —

International Head Office DENMARK: Phone:(+45) 86 26 28 00 Fax:(+45) 86 26 29 28
AUSTRALIA: (03) 428 9797 AUSTRIA: (222) 6071 17 BELGIUM: (0)11 281458 CANADA: (514) 738 3000 CHILE: (2) 231 2356
ENGLAND: 0631 658 550 FINLAND: [3) 0-532 055 FRANCE: (1) 48 47 45 26 GERMANY: 052 313 2972
GREECE: 8837 629 HOLLAND: 30 414500 HONG KONG: 3 620202 ISRAEL: (0) 3 5441113 ITALY: (O) 2-5084 278
JAPAN: (O] 3 332 3211 KOREA: (02) 741-0831 NORWAY: (2) 710710 PORTUGAL: (1) 4754348 SINGAPORE: /48 £333
SPAIN: (33) 796 31 00 SWEDEN: (+45) 86 26 28 00 SWITZERLAND: 033/872656
TAIWAN: 2 7192388 U.S.A.: (B05) 373-1828 Fax: (805) 379-2648
www americanradiohistorv com
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Studio N showing the Nagra T-audio TC, SoundStation SIGMA and Amek Angela

tudio L’Equipe is a Belgian film and video sound
company which now occupies two buildings in Brussels
both of which are not far from the RTBF radio ‘city’ in
the Evere district. Andre and Phillipe Bosman are the

directors of this company and a number of affiliated companies.
Some of these share the same buildings with L'Equipe and they
offer a wide range of postproduction facilities including laser
subtitling, 3D effects, colour correction and duplication. Two of
these companies are based in Paris.

L’Equipe was established in the 1950s by Andre Bosman
(Senior), the father of the present directors, and it began life as
an audio facility. Bosman was something of a pioneer and his
background in mechanical engineering put him in good stead
when it came to equipping the studio. Equipment was not as
readily available as it is now, and if he needed something that
was either prohibitively expensive or had not yet been
invented, he simply manufactured his own. This tradition
continues to the present day and the ‘team’ of 25 includes two
equipment makers, one who specialises in mechanical
engineering and one who deals with the electronics. Let me
make it clear that we are not talking about biscuit tins and
circuits from Practical Wireless here — there are, for example,
no less than 15 shiny Set Mag machines that have been made

Peter Ridsdale visits a
Belgian film and
video studio complex
with a fascination for
customised equipment

46 Studio Sound, February 1993

to a very high spec by these two
gentlemen. Had [ been told that
they were expensive Swiss or
Swedish machines, I would have
been none the wiser. It is asif a
recording studio decided not to
buy an Otari or a Mitsubishi
multitrack but rather to make one
themselves.

The original audio facility soon
acquired a film department and
Bosman continued to keep up

with technological developments. His sons Andre and Phillipe
eventually joined the business and Andre (Junior) in particular,
shared his fathers passion for mechanical construction. When
the video revolution occurred in the late 1970s L’Equipe was
ready for it and began to specialise in the transfer of film to
video largely at the instigation of the second generation. The
house next door to the original building in the Rue Colonel
Bourg was occupied as the business expanded, and today the
mother building resembles a technological warren in which
state-of-the-art video equipment rubs shoulders with antique
film machinery. Just when you think that you have seen
everything, yet another video den is revealed on yet another
level. The new building is a complete contrast in that it has
been custom built as a studio domain. It is modern, comfortable
and as they say in Brussels, tres chic.

The opening of this new studio suite was something of a
champagne-flavoured event, with the Mayor of Brussels and the
Minister of Culture among the distinguished guests. Signs of
nervousness could be detected among the staff at the thought of
cheery glass-toting dignitaries, on the knife edge of sobriety,
looming near the brand, spanking, new G-series SSL 5556
console in the auditorium studio (Studio F). Fortunately, the
evening was a great success and passed without the chagrin of
liquor in the mixer.

The 40-channel console is configured for film use in that its
EQ pots are at the bottom of the panel below the routing
switches and the pan pots. It has moving faders and Total
Reset. The auditorium was designed by Emanuel Mohino to
simulate aural conditions in regular cinema salons. If only the
fleapits that I frequent could match up to this Platonic
conception of a movie-house — one with a JBL THX monitoring
system with 30 channels of Dolby SR and no coughing,
spluttering or crackling of extra-loud sweet wrappers designed
especially for the cinema. It is possible in Studio F to mix in
SR-D mode with a variety of speaker configurations. One of

www americanradiohistorvy com
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be custom made so that each car door slam, engine revving or
distant police siren fits in with the dialogue and the mood of the
film. The precise second that the sound begins, its volume and
its EQ are as critical to him as the layering of musical events
would be for any music engineer. He eschews the use of ready
made CD sound effects and is engaged in building up his own
library of sounds.

Studio F is used exclusively for mixing. Studio 2 in the
mother building is where the recording of Foley, sound effects
and overdubbing takes place. This auditorium studio has been
in use for over 20 years and has variable acoustics achieved by
movable heavy curtains around the walls. Inset into the floor in
front of the 32-channel Amek console are various different
surfaces for recording of footsteps — dry leaves, concrete,
gravel, parquet, squeaky floorboards. The Foley artist
resembles a super-clean bag lady when she arrives with the flea
markets of Brussels. As the studio is only used for recording the
console has not been computerised. There are two 35mm
recorders, one of which has Dolby SR and which can handle
16mm as well, and a bewildering variety of Set Mags in all the

o | possible frame and track configurations (26 altogether). There

these, using all six digital channels, would consist of front left,
right, centre and subwoofer and with left and right surround
channels at the back. A moving display along the bottom of the
screen enables the engineer to see forthcoming audio events
before they arrive.

The projection from for Studio F contains not only a
Magnatech projector but also a Sony Dash 3324 multitrack and
the aforementioned Set Mags. For those readers who are not
familiar with film equipment, let me explain that, like a
projector, the Set Mag unwinds sprocketed film of either the
16mm or 35mm variety, but unlike a projector it is only
concerned with the soundtrack — the French word, defileur
(unwinder) is much more descriptive. One machine may have
all the birdsong for outdoor scenes, another all the footsteps
(Foley in film jargon), other machines will have voices, music
and special effects. Of these 15 machines five are monophonic,
eight of them have three tracks and two have four, giving a
total of 37 tracks. This is, of course, in addition to the 32 tracks
on the Sony machine and L’Equipe consider this to be sufficient
for the European market. Only films like Terminator 2 might
need to use more and there are indeed film sound studios in the
States with up to 30 machines. At the head of this phalanx of
filmic hardware is an off-the-shelf item; an Albrecht machine
which is described by Yves Bradfer, the Studio Manager, as the
Rolls Royce of unwinders.

The music for the film does not take up that many tracks on
the Set Mags as the multitracking is realised, for instance, in
the composers studio and delivered as a stereo master.
Separate machines will, of course, be used when one piece of
music cross-fades with another but that still leaves a lot of
tracks for sound effects. Bradfer explains that if, for example, a
bit of traffic atmosphere was needed for a film it would not be
simply a matter of putting up a microphone in the centre of
Brussels and recording half-an-hour of background noise that
would do for all the outdoor shots in the film. Each scene has to

is a Barco projector for U-Matic low-
band video work and two film
projectors, one of them a Magna Tech
which can be operated at high speed.
Studio 3, in the same building, is a
video mixing studio which is also used
for recording voice-overs. It has a
Sounderaft 2400 console with 20 inputs
and an analogue Otari MTR 90 (16
tracks). Video mixing can be done on
1-inch, Beta SP and U-Matic with Q-
lock synchronisation and there is also
an MWA 3-track perforated film
recorder.

Back in the new building, Studio N
(for numerique) offers a similar set of
possibilities, the main difference being
that it is digital. It is equipped with the
8-track DAR Sigma SoundStation with
an optical disc and has the excellent
Amek Angela 16-input mixer. Mixing
can be direct to the master or onto
synchronisable DAT, and there is also a
Nagra T-audio TC which is something
of a rarity these days. The voice-over
cabin does not resemble the usual
converted broom cupboard and has
been designed to make the reader feel
comfortable and relaxed. The mics are Neumann U87A:.

To say that Belgium’s linguistic divide is a great problem for
the country is an understatement. Quite apart from the
political and social rancour that it causes, it means that
everything has to be done twice. Some people — printers,
sign-writers and translators, for instance, benefit indirectly
from the system and so does the film and TV industry. Foreign
films have to have two sets of subtitles and commercials have to
be dubbed in both French and Flemish for the different TV
channels. This means that at least when it comes to
commercials Studio I’Equipe automatically attracts twice as
much work as would an American or British counterpart. It
also seems to get a lot of subtitling work. Nearly all the films I
saw while [ was in Belgium were subtitled by LTI (Laser Titre
Industrie) which is one of the affiliated companies mentioned
earlier. The method for the affiliated company in Paris who now
hold the worldwide patent for it.

As this is Studio Sound and not Studio Image, [ will not go
into too much detail concerning the more visually-orientated P

The opening of
this new studio
suite was
something of a
champagne-
flavoured event,

with the Mayor of
Brussels and the
Minister of
Culture among
the distinguished
guests
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Studio L’Equipe’s home-made Set Mag machines—DASH machine from Sony

facilities at the Rue Colonel Bourg. There are two digital Kadenza video mixer, a Kaleidoscope effects generator and a
‘telecinemas’, one of which is equipped with the Rank Ursa computerised paintbox with 13s of animation memory.The
system. This system is designed to treat all the broadcast video  complementary Regie 2 is geared towards Betacam SP editing
formats including D1. The Leonardo colour corrector is used in  although it is also possible to work with the 1-inch format.
this room as opposed to the closely related Da Vinci which is L’Equipe also provide an extensive duplication service for all
used in the Rank MK 3 room. The second telecinema also has video formats and each copy is individually checked. I

‘Wet Gate’, a process that is used in film laboratories to

eliminate scratches and white spots on the film. Regie I is a Studio L’Equipe, Rue Colonel Bourg, 92 Colonel

digital editing suite with a Harriet system which in conjunction ~ Bourgstraat, Bruxelles, 1040 Brussels.

with DI enables an unlimited number of generations. Thereisa Tel: +02 735 0040 Fax: +02 733 1568.

--“-m-@

-‘V"me ——

A2 - Audio Test & Service System

BT He COMELETE

. Full Dual Channel
- Communicates with PC

- Multifunctional DSP generator SEE US AT
- One key - one function STAND 2E3
- Storable, large graphics display and printouts AES BERLIN
G D usAne e e @ INTIE U TIRIK

Tel 075/ 29666 Tel 908 /901 9488 Tel071/792 8188 Tel 01/ 7340400

Fax 075/ 25393 Fax 908 / 9019608 Fax 071792 8187 Fax 01/734389 CONNECTING THE WORLD

WWW amerlcanradlohlstorv com
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'FASTER

DT EREE

- Dedicated controller with "hard"
buttons for all edit commands

“3 - Integrated machine control with Audio

" - Freeze Frame
RS =) O R O R = - Keystroke Macros for automating
LA - WEER G G | complextasks
IDEEE I | e | - Non-destructive Editing across multiple
= <? #FF | tracks with crossfades and level control
[ Cilelda - Selective backup and restore at 5 times

S — | speed to 8 mm tape

FRIENDLIER

- High resolution low-stress graphics

- Scrolling waveform display onall visible
tracks

- UNDOtoggle for A/B edits

- Instantaneous Zoom from 8 hours down to 6
frames across the screen

- EDL Conform with listoptimisation

- Frequency domain time compression

FAIRLIGHT

WORLD'S FASTEST AUDIO EDITOR

-Dub chart printing
- Multiple take ADR software

24 tracks with individual balanced outputs - 16 track continuous playback from one hard drive - Up
to 20 hours of hard disk storage - 8 track continuous playback from magneto-optical drives -
Optional sampling and MiDI sequencing package

® °
EUROPEAN SALES OFFICE: Phone +44 763 849090 Fax +44 763 849090
UK SERVICE CENTRE: Phone +44 727 43667 Fax +44 727 43674

EUROPEAN SERVICE CENTRE: Phone +49 30 452 1627 Fax +49 30 451 9501
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© GUNTHER KUTSCH
SCHUREN, 12, D-6670 ST
INGBERT, GERMANY
TELEPHONE (06894) 4717
and 4727
FAX (06894) 383379

STUDIO EQUIPMENT FOR SALE

SSI. 4072 G series, bargraphs, 72 channels fitted, total recall, remote
patchbay.

SSI. 4048 E series, bargraphs, patchbay left, producer right.

SSL 4056 E series, VU-Meters, 48 channels fitted, patchbay left,
producer right.

MCI 636 36 channels, automation, perfect condition.
PCM 1610 — SONY complete System.
SOUNDCRAFT 600 24/24 patchbay/stand.

Mitsubishi 2 track digital.

SUMMIT AUDIO TLA 100 — compr.
SUMMIT AUDIO EQP 100 - tube equ.
SUMMIT AUDIO EQF 100 - four band equ.

Various SSI. — channels/G Series/E series.

AKAI DD 1000 optical recorder.
AKAI' S 1100 Ex-Demo.

Alesis ADAT - 8 track digital recorder.

LYREC 532 + autolocator/24 track.

STUDIO MEGNETICS + autolocatorfex-Demo/24 track.
OTARI MX - 80, Ex-Demolvery good price.

SONY 3348 — 48 track digital = 2.000 hrs. on the clock.
AKAI - ADAM 12 track digital recorder + locator/VU-bridge.

STUDER A - 80/24 track MK II/MK III headblock.
STUDER A - 800/24 track + loc/remote.

LEXICON 480 + Larc/Ex-Demo.
BASE signal processor.

Many of the items mentioned above are exhibition models.
Offer is not obliging! All items are subject to prior sale!
If you have any questions, please contact Mr Kutsch.

@ 8inputchannels, mono ® M/S switch in each channel
or stereo @ Penny & Giles long scale

@ 4 auxiliaries, with returns faders

@ 2band equalizer in each @ 2 stereo instruments
channel e DC or AC powered

@ Pre fader listening and ® Weight 9.8 kg
channel on switches e Fitsina 19" rack

-] ! :
P.0.Box 115 - N-1380 Heggedal - Norway
Tel. +4727977 30-Fax +47 27961 54 - Telex 79207 SAN

- 0.1-6MHz -~
5 BVp—p MAX R
G [ TINL O
IMPEDANCE TRANS.
BCJ-XJ-TR

DIGITAL AUDIO IMPEDANCE TRANSFORMERS

BCJ-XJ-TR: BNC - XLR (3 socket) and BCJ-XP-TR: BNC - XLR (3 pin). Impedance Transformers for conversion of 2-channel digital
audio signals between balanced 110 ohm (microphone type cable)} and unbalanced 75 ohm (video type cable) resulting in longer
possible cable runs and thus allowing the distrubution of digital audio signals such as D1, D2, and AES/EBU over a larger area.

f/FUTURE FILM DEVELIOPMENTS

NATIONAL & INTERNATIONAL SALES : COUNTER SALES & COLLECTIONS
11 The Green, Brill, Aylesbury, HP18 SRU 112-114 Wardour Street, London, W1V 3LP
Tel: 0844 238444, Fax: 0844 238106 Tel: 071 434 3344. Fax: 071 437 9354
Tix: 837896 BRILL G Tix: 21624 ALLOFFD G
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WORKING WITHIN

THE BIT BUDGEI

——T—————

With data reduction
systems becoming
an integral part of
certain digital
systems, Francis
Rumsey looks at the
possibilities and
likely implications
of their use in
professional sound
recording

o

=

here is no question about it:

data-reduced audio and video are going

to be major features of the future both in

professional and consumer fields. This is
a mixture of blessing and curse, and it will
definitely be up to the end user to determine
whether it ends up more one than the other. It
will be a blessing because data reduction brings
with it a number of benefits such as better
cost-effectiveness in storage, and may make the
transmission of digital sound and picture signals
commercially and operationally viable; it will be a
curse because it may take away forever what
might be considered the one overriding merit of
linear digital systems — that being signal-chain
transparency. The latter ‘curse’, though, requires
some discussion, since we are quickly moving
away from the time when all linear digital audio
systems were 16-bit, 44.1kHz, and did not process
the sound in any way, towards a time where even
linear PCM will have been through digital signal
processing (DSP) of some sort, thus potentially
having had its sound quality affected.

It is possible that ‘transparent’ linear PCM will
turn out to have been a passing phenomenon of
the early days of digital audio and video, and that
mature digital systems, in order to be cost and
spectrum-efficient, may almost all adopt some
form of data reduction. In such a world it will no
longer necessarily be true that keeping a signal in
the digital domain throughout the production
process ensures that quality is maintained. The
result of this will be a reopening of the debate over
subjective quality, which has taken slightly more
of a back seat in recent years. It is not true that

data reduction will be principally a feature of
consumer systems such as MiniDisc and DCC — if
the video world is anything to go by there will
soon be a number of professional recording
products on the market which use it. Provided
that the professional is aware of the trade-offs
involved, it is possible to take advantage of the
benefits of such technology without incurring too
many of the drawbacks.

The trade-off

Data reduction systems, as used in audio and
video, rely both on exploiting perceptual
phenomena such as masking, and on conventional
data compression techniques as used in many
computer systems. These principles were
described in some detail in the article ‘Aural
Fibre’, July 1992, Studio Sound, and thus will not
be included in any detail here.

It is sufficient to say that, although such
systems may not be fully ‘transparent’ in that the
data which comes out is not the same as that
which went in, they aim to pass the original signal
with as little subjective degradation as possible.
Just how far this is achievable depends on how
much data reduction is attempted, and herein lies
the trade-off, As the data rate is reduced, the
quantising noise and distortion is allowed to rise
in each of the narrow frequency bands into which
the signal has been split, the intention being that
this will always be kept beneath the threshold at
which you can hear it, taking into account the
characteristics of the audio signal at the time. A
complex model of the human hearing process is
used to estimate this threshold, and this is
updated once every so-many milliseconds to model
the nature of the changing signal. A very high
listening level is assumed in the model (usually
around 130dB), since this is the worst case. At
lower listening levels the ear’s sensitivity is poorer
at the extremes of the spectrum, and thus the
masking effect should be better.

The data reduction systems which we are
considering work to meet a fixed and known target
data rate, and thus the allocation of ‘bits to bands’
is really a form of short-term balancing of the it
budget’, placing resources where they are needed
most. Continuing to use the financial analogy,
when there is a lot of money around
(corresponding to a high bit rate) it is relatively
easy to ensure that enough money is allocated to
each worthy cause (each frequency band), but as
the amount of money becomes smaller (lower bit
rates) one has to be either cleverer at balancing
the budget or more selective about where best to
use the money, working on the basis of putting the
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money where it is needed most and withdrawing it
where it will have the least damaging effects. The
data reduction systems which are best at
balancing the budget at low bit rates (such as ISO
Layer 3) use very involved ‘accounting procedures’
to achieve good sound quality, but just as good
accountants are expensive and their methods
complex, so are such coders. It also takes longer to
work out an effective strategy to allocate the
budget when there is not much money, and this
translates to a longer coding delay in very low
bit-rate coders.

Without wishing to take this analogy too much
further, there is one further parallel worth
making, being that as the amount of money is
reduced something eventually has to give. It is not
possible to continue to supply the same quality of
goods beyond a certain point, and economies must
be made. Eventually people begin to notice, and
the aim is to make the economies in such places
that the consumers will not complain too much.

The problem of judging the appropriate
trade-off between data rate and sound quality will
soon be the end-user’s problem, since all sorts of
products will be on the market offering seemingly
amazing numbers of channels or hours of
recording time at ridiculous prices. It is not a new
problem to the engineer, since sound quality has
always depended to some extent on economics, but
people have begun to get used to assigning sound
quality a lower level of importance when choosing
digital equipment for the simple reason that one
16-bit linear digital recorder has sounded much
the same as any other, leading choice to be based
more on format, features and robustness. (In case
I offend those who would say that sound quality is
still top of the list, I would add that, of course, it
may be considered very important but when
choosing between two digital audio recorders
operating at the same rate and resolution any
difference in sound quality is normally entirely
due to the quality of convertor design and the
ability of the system to provide a stable clock to
the convertor, rather than being anything to do
with differences in the way the data is handled.)

Back to analogue?

It is interesting to consider that what we may
witness with data-reduced digital signals in the
years to come represents a return to the problems
of the days of analogue audio. By this I mean that
it will become important again to assess whether a
particular recorder or broadcast product will give
the required sound quality both in the first
generation and after many generations, since this
will depend on the data reduction algorithm »
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'What does
our Groove
Tubes

Model One
tube mic
sound like?

"...the Model One has the sort
of ‘balls' that you'd expect from
such a product, with a somewhat
tighter bass and more expensive
top-end...it is not so much.a
copy of the old as a modern
version of the old."

Audio Media March 1992

"Subjectively, the mic produces
a warm. confident sound with
good top-end detail. .the
Grocve Tubes MD-1 comes over
rather larger than life..."

Home & Studio Recording February 1992

For a fraction of the price
of an "old"” tube mic, you
car: hear for yourself what
all the fuss is about,

. Groove Tubes
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T W) (818) 361-4500 FAX: (818) 365-9884
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NORWAY - Gulmoen Og Engh 47-2800-782
DENMARK - Musi¢ Partners 45-3537-2990
SPAIN - Panaiso 34-6588-9254

FINLAND - MS Audiotron 35-80566-6582
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and the accuracy of the psychoacoustic model used
to code the signal. Whereas with linear PCM one
may copy a signal digitally without losing quality
(provided that the source and destination operate
at the same resolution), with data-reduced signals
the subjective quality may become degraded by
copying. Whether or not it does in practice
depends on whether the coded signal is copied, or
whether the coded signal is converted back to
linear PCM first (see Fig.1). In order to allow
copying of the coded signal there will arise the
need for standard digital interfaces which handle
data-reduced audio, since current interfaces work
only with linear PCM. Alternatively, in recording
and editing systems based on computer storage
media, a simple copy of the compressed file
transmitted over a network to its destination
would have the desired result.

There are parallels here with analogue noise
reduction. Dolby noise reduction systems rely on
masking phenomena when processing an analogue
signal to reduce the subjective annoyance of noise.
Dolby A and SR treat the signal in a number of
frequency bands, relying on masking to hide the
noise where the signal is at a high level and only
processing those bands where the noise will not be
masked. If you copy a Dolby-encoded tape then
there is less loss of sound quality if you copy the
encoded signal, rather than decoding it and then
re-encoding it, since every stage of coding and
decoding may degrade the signal slightly.

The parallel with analogue noise reduction
should be investigated further, though, because
there is an important difference between the way
it is used in normal practice and the way in which
digital data reduction is used. On the surface it
could be said that the two have entirely opposite
effects, since the analogue noise reduction system
is used to make sound quality better, whereas
digital data reduction is taking a good signal and
perhaps making it slightly worse! This is because
analogue noise reduction is normally used without
changing the characteristics of the channel
(typically a tape track), and thus the processing
has the effect of improving quality, whereas the
aim of data reduction is to allow the use of lower
bandwidth channels and lower resolution
recording — in other words the processing is used
to maintain quality while allowing the use of a
poorer channel. A noise reduction system, though,
could be used simply to maintain sound quality
while allowing the use of a poorer analogue
channel, just like the digital system, so there is
really less difference between them than might
appear from a first look.

Although quality losses can be minimised by
ensuring that as few generations of coding and
decoding as possible are involved in the production
and transmission chain, there will inevitably be
stages at which the signal must be converted back
to linear PCM for processing. At the moment there
is very little postprocessing that one can do in the
data-reduced domain, since any operations like
filtering or effects would require entirely different
digital filters to those used on linear PCM signals,
but it is possible that such products may be
developed if a need is perceived, and this has
already been proposed, along with a suggestion
that considerable savings in DSP power could be
gained by operating on data-reduced signals.’ The
question of whether to convert a coded signal back
to linear PCM is similar to that of converting a
linear PCM signal back to analogue, since one has
to weigh up the need against the potential quality
reduction. If a certain process is only available in
another domain then there is really no alternative
to converting the signal.

www americanradiohistorvy com

Sound quality

The answer to the question, ‘Just how much will
sound quality be affected?, is almost as difficult as
the proverbial question, ‘How long is a piece of
string?’, since it depends on the data reduction
process used and by how much the data rate has
been reduced. The concept of ‘headroom’ is
important here, although it does not mean the
same thing as headroom in the conventional sense
(the number of dB between a reference level and
the peak recording level). Perhaps a different term
is more appropriate, ‘coding margin’, since it
refers to how far below the hearing threshold the
unwanted side effects of low bit-rate coding lie).

For example, in an [SO Layer 1 system
operating at the relatively high data rate of
192kbit/s per channel there is plenty of coding
margin in the case of nearly all audio signals that
one could throw at it. In other words, the
additional quantising noise products generated by
the coding process are a long way below the
masking threshold and in nearly all circumstances
will not be heard — therefore there could be said
to be a good coding margin. Each successive
generation of coding and decoding will gradually
raise the unwanted products in level until they
appear above the masking threshold, at which
point they will be heard. In a Layer 3 system
operating at 64kbit/s the noise is much closer to
the masking threshold and thus sound quality will
be noticeably affected after only a small number of
generations, and even in the first coded generation
may be audible.

Brandenburg ' has stated that so-called
‘noiseless’ or lossless coding may be used on audio
signals with a maximum benefit of around a factor
of two in data reduction, and in many cases less
than this. Such techniques would allow perfect
reconstruction of the signal but with a reduction
in data rate that might not be worth having. He
proposes that the better solution for professional
studio applications is more likely to be a
perceptual coding method, similar to the ISO
processes already described, but using a transform
coder with a greater coding margin and ‘perfect’
reconstruction of the spectral bands. Using such a
technique he claims that reductions in data rate of
a factor of four to six are quite realisable, while
still allowing sufficient margin for a number of
generations of coding-decoding and some
postprocessing without a noticeable degradation in
sound quality.

The moral of this story is that systems offering
large amounts of data reduction, say greater than
a factor of six, will be much more likely to show up
coding artifacts after copying and postprocessing
operations than systems offering only modest
reductions of say a factor of four. In current
terminology, then, systems operating at around
192kbit/s per channel or greater (provided that
they have been designed properly) will be most
suitable for professional recording applications.

Options and
temptations

For the professional looking to cut costs it may be
tempting to consider adopting consumer recording
systems such as the MiniDisc (MD) and the
Digital Compact Cassette (DCC) for original
recordings, just as consumer formats such as
R-DAT were adopted in the past. For speech this
might be acceptable, although such recordings
would normally have to be copied to another P
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Decode to
linear PCM

Data-reduced
source

Linear digital
interface (e.g. AES)

Data-reduced

Data-reduced interface

Re-encode

Data-reduced

source

destination

Layers 1 and 2 are based.
There are also a number of
broadcast cart machines

using computer disks or
even solid state memory
cartridges, from
companies such as 360
Systems (using Dolby
AC-2 coding) and

Data-reduced
destination

Barco-EMT (using
MUSICAM). Such systems
are not for production or
postproduction as such,
they are for a specific
purpose where a single
generation is the norm,
and where the sound
quality of the
data-compressed digital
cart is better than that of
the analogue magnetic

Fig.1: At (a) the data reduced source is decoded to linear PCM before being transferred via a
conventional interface, and quality will be affected. At (b) the data reduced information is transferred

without reconverting to linear PCM and no quality is lost

tape it replaces, and more

operationally flexible.
Digital audio

broadcasting (DAB) is the

format for editing, but for original high quality
music recording one would quickly find that side
effects became noticed, especially since the
recording might well have to be recoded for
release, and possibly on the other format. (No-one
knows yet what the effects of tandeming a DCC
codec pair and a MD codec pair would be.)

It is likely that semiprofessional recording
systems will begin to adopt data reduction — so
look out for budget 24-track machines offering an
hour of recording time on a Video 8 tape and
assess them with care. [t may be that the trade-off
between cost and sound quality will be acceptable
for some applications, but be clear about what you
actually want to do with such a machine first.

Be on your guard for data-reduced hard-disk or
optical disk editors, again offering large numbers
of tracks and long storage time from disks of only
modest size. Often the fact that they use data
reduction is hidden away in the specification
somewhere, where only the eagle-eyed may find it.
Again it will all come down to paying your money
and making your choice, but be sure that the
degree of data reduction used is not going to leave
you ‘up the creek without a paddle’ when it comes
to postprocessing, and check that the resolution of
editing is fine enough for your needs, since
data-reduced editors often only allow editing to
block resolution (24 ms in ISO Layer 2 and 3
systems).

Real benefits

The real gains from data reduction will come
where the trade-offs between cost and sound
quality are known and controlled, and where the
number of codec pairs in the signal chain can be
predicted. Unlike recording studios where sound
quality tends to be the top priority, the
broadcasting world has long been in the business
of working with trade-offs between bandwidth and
sound quality, since it is a feature of the
communications industry. If by using a data
reduction system more channels can be carried
down a given line with little or no change in sound
quality, then the system may well be adopted. If
the tried and tested but long-in-the-tooth cart
machine can be replaced by one using computer
disks with almost instant cueing, then all the
better. If all the day’s programmes can be archived
to a computer data cartridge with acceptable
sound quality, again there is a strong argument
for adoption.

These latter areas are the ones where data
reduction is being quickly adopted. Tandberg Data
recently launched the TDC 9200 series system for
archiving broadcast programmes onto computer
Y-inch cartridges (QICs), offering over 24 hours of
storage on a single 1Gb QIC. This system uses the
MUSICAM compression algorithm on which ISO

® Rack mounting frequency shifter for howel reduction in public address and
" sound reinforcement
® Mono version, box types and 5 Hz fixed shift boards Mark 5 also available

* PPM10 In-vision PPm and Charts # Twin Twin pointer PPM and Charts * Twin Twin Rack and Box
Units » Broadcast Monitor Receiver 150kHz-30MHz % Advanced Active Aerial * 10 Outlet Distribuiton
Amplifier * Peak Deviation Meter * PPM5 hybrid, PPM9 Microprocessor and PPM8 IEC/DIN —50/+6db
drives and movements * Broadcast Stereo Coders » Stereo Variable Emphasis Limiter 3

SURREY ELECTRONICS LTD, The Forge, Lucks Green, Cranleigh, Surrey GU6 7BG
Tel: 0483 275997 » Fax 0483 276477
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big application for which a
lot of this work has been done, and we should
begin to see services appearing in Europe by
around the end of 1995 or early 1996 if things go
to plan. Again one is dealing here with data
reduction used for the specific purpose of carrying
a lot of stereo channels in a small spectrum space,
and where the number of generations of coding
and decoding is known and controlled. Here ISO
Layer 2 coding is used at a rate of 128kbit/s per
channel, giving a sound quality better than that of
FM radio and with vastly improved immunity to
noise and interference.

The techniques will also be used widely in
digital surround sound for film (such as in the
Dolby SR-D format), and for the sound channels
accompanying digital HDTV transmissions. (In
passing it is worth noting that the BBC recently
demonstrated digital HDTV pictures compressed
by a factor of 45 times such that the picture could
be transmitted over a conventional 8MHz TV
channel with seemingly minor effects on picture
quality, although for the time being the coding for
seven seconds of video has to be done on the
mainframe computer overnight due to the amount
of processing involved!) Don't be surprised also if
you begin to see consumer video recorders with
surround sound digital recording using data
reduction, as a spin-off from Dolby’s AC-3
technology.

Professional music recording has yet to feel the
benefits of data reduction — although it may yet
do so. Provided that users are prepared to accept
relatively modest reductions in data rate it may be
that significant improvements in operational
flexibility and cost-performance ratio may result.
For example, even if the rate reduction were only
a factor of four, which would offer plenty of coding
margin and high sound quality, it would be
possible to turn a four-track optical disk recorder
into a 16-track optical disk recorder. Such
technology makes the concept of cost-effective
disk-based multitrack machines with plenty of
recording time a realistic proposition. Il
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lor the first time, DENON is offering

professional users the choice of drawer or
cartridge loading in the latest two CD players
from the company.
r—ﬁ?r*‘\\ While the CD cartridge has become very
= b 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
i professionals.
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4 Playback of recorded CD's
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O End of track preview
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DIGITAL AUDIO NETWORKING

THE COMPLETE SOLUTION!

The DSM100 Digital Audio Transceiver permits the
low cost transmission of professional quality stereo audio
hetween studios. Using both SW56 and ISDN digital
telephone lines your studio network can now operate
nationally or internationally - without compromising
audio quality!

The DSM100 offers:
+ Proven apt-X professional audio quality
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dCS 9008 Audio ADC
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with JP233
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Data Conversion Systems Limited
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24 Hour Contact: ++44 {0} 223 421910
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You 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 multicore to patchcords — all
designed to be better — Mogami is the cable
for every application.
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emember the Armchair Record Store, the

plan to use digital audio broadcasting

channels for piping scrambled music into

the home? Listeners pay to unscramble
the signal and record it on digital tape or blank
disc instead of going out to buy records from a
retail store. The same music is broadcast on more
than one channel, each running a few minutes
behind another to give people the chance to buy on
impulse after hearing a preview.

The television industry is now thinking along
similar lines. With digital video and data
compression, one analogue TV channel can carry
four or more digital TV channels of comparable
quality. Already there are plans for 500-channel
cable services. Stations cannot afford to put a
different programme on each channel, but they can
put the same film on several channels, each
delayed by a quarter of an hour. So viewers get an
Armchair Video Store.

Technically there are no long-term bars to
implementation. But ARS and AVS customers
would miss out on the artwork and liner notes that
come with retailed discs and tapes. Simple, says an
engineer friend I met in a record shop recently, as
soon as the customer downloads the material and
pays for it by account or credit card, the station
mails out the liner notes and artwork to arrive a
few days later for tucking into the jacket of
whatever blank medium was used to record the
programme material.

n the USA, Bose run an enormous mail order

outfit called Music Express which claims to

offer ‘all recordings currently available’ on
= CD, compact cassette and video cassette. It
would be very easy for someone like Music Express
to tie in with an ARS or AVS, and mail out liners
and artwork.

While the consumer market endlessly debates
the relative merits and demerits of MiniDisc and
DCC, professionals are locking into a debate on the
best way to get sound between digital editing
workstations. One way is by shanks’s pony—dump
data from magnetic fixed disc to removable
magnetic or magneto-optical disc (or even tape),
then carry it down the corridor, or put it on a bike.
The alternative is to send it by network wire, or
better, optical fibre. Sonic Solutions were early into
optical storage, but have gone for the network
option. Sonic’s Bob Doris calls the rejected option a
‘sneaker net’. But it’s horses for courses.

Networking will allow several people in different
parts of the same building, or in different
buildings, to work on the same sound recordings, at
the same time, without interfering with each other,
or altering the master recording. So several editors
can produce several versions of the same record,
and let the producer judge which is best. Film
studios can take sound effects from one store and
mix them with dialogue and music taken from
other stores.

But the option does not come cheap; Sonic’s
editing stations cost between $15,000 and $85,000,
depending on the number of sound channels to be
handled. NoNoise puts the price up to around
$90,000. Connecting the station to a SonicNet adds
around $6,000. It all makes sense if you are
planning to spread the net wide, with a large
number of workstation nodes, for instance round a

Are you sitting
comfortably? Then
prepare to buy
records and videos
from home and edit
Studio 1’s recordings
from Studio 3

studio complex. But it makes little sense in a small
operation where there is no need for two people to
work on the same material at the same time.

If you are planning ahead it may pay to
understand how technology like SonicNet works
and where it will surely lead in the future. The net
handles sound like computer text in an office
complex and shares it round a ring of optical fibre
which can stretch 200km, through
1000 workstations, each up to 2km apart. The
sound signals circulating in the ring are clones of
the original master recordings which remain
untouched, in stores round the ring. So each
workstation can reproduce sound from the same
store, completely out of sync with each other and
with different parts of the recording cut and spliced
to alter its playing time.

The network follows the FDDI, Fibre Distributed
DTA Interface, standard set by the computer
industry for high speed data transfer. Data
streams at 100Mb/s which is fast enough to carry
80 channels of CD-quality sound simultaneously.
FDDI works on the token ring principle. At any
given moment only one workstation is allocated an
electronic token which lets it transmit data into the
ring. So there can be no collision of data from
different stations. Other ring systems, such as
Ethernet, wait for collisions to occur and then
resend the corrupted data. This is acceptable for
text but may make the ring too slow for digital
audio. Because FDDI is an industry standard,
there are now three chip suppliers and prices are
falling. Bob Doris predicts that by the mid 1990s it
will cost only $1,000 to make an audio workstation
a net node.

All this ties in neatly with recent developments
in off-line video editing. These let a producer play

Networking audio
will allow different
people to work on
the same recordings
at the same time
without altering the
master recording
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around cheaply with edit points in programme
material by using only sub-broadcast-quality copies
of the source material. The final selected edit
points are marked with time-coded instructions. An
on-line editor then uses the time code instructions
to assemble the selected sections by copying them
from the source tape to programme master tape.

The time code instructions are stored on floppy
disk, or sent by wire between the off and on-line
systems.Until recently the off-line systems have
worked with tape. What the new systems, like Avid
and Lightworks do is store a working copy of the
source material either in solid state memory, or on
a magnetic or optical disk. The store is controlled
by a computer, either (as in the case of Avid) an
Apple Mac, or (as Lightworks) dedicated hardware.
The computer pulls sections of the recording out of
its memory of disks and displays them as moving
video on screen, either in a small window, or as a
full screen display. By using small windows, the
system can show a mosaic of picture sequences,
like a menu.

When broadcast-quality television pictures are
converted into digital code, the data stream runs at
over 200Mbits/s. Divide that by eight, and you get
the number of 25Mb/s. So drastic compression is
needed to get useful lengths of movie material on a
hard disc.

The MPEG (Moving Pictures Expert Group)
standard is used to bring Full Motion Video to
CD-I. MPEG compress the video signal by a factor
of over 160, to around 1.2Mb/s. The new systems do
not, however, use MPEG. Instead they use the
JPEG (Joint Photographic Experts Group)
standard for still-picture storage. This is because
the MPEG standard compresses moving video by
comparing each picture in the motion sequence
with the pictures which come before and after it.
This lets the coder throw away information, like
the still background behind a moving object, which
remains much the same through the sequence. But
this means that the decoder can only work by
comparing whole strings of pictures to rebuild the
information that was thrown away. So MPEG is no
use for applications where the user wants to zip
quickly through programme material, both
backwards and forwards, an display still pictures.
The decoder does not have the information it needs
to rebuild the picture. But a JPEG system treats
each picture as a still. It compresses the image by
comparing different parts of the same picture, and
throwing away information which remains the
same across the frame — like a wash of blue sky or
a white wall. The decoder just codes changes in the
one picture.

With any compression system, the greater the
ratio of compression, the greater the risk of picture
quality loss, but the more storage time you get
from a disc.

At one extreme each picture is compressed down
to around 5Kb, which—with stereo sound—allows
over an hour of storage per Gb of disk space. At the
other extreme, each picture gets 80Kb. The system
them manages only around ten minutes storage
per gigabyte, but quality can be good enough for
on-line editing.

All this is still well within the 100Mb/s capacity
of a fibre ring. So the day is not far off when one
ring can be used both for sound and picture
networking. W
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NEW

FQUIPAMENT FROM AUDIO WAREHOUSE

EQUIPMENT FROM AUDIO WAREHOUSE

CONSOLES (used) SONY
ALLEN & HEATH Sony PCM701 + C9 Betamax £550
= = = Allen & Heath Sabre 32 fr 24/16/16 £4,995 Sony PCM F1+ Betamax £550
Quality Audio for Professionals Alon & Hoath Systam 8 247116 £1250  SQUNDCRAFT
EK Soundcratt 760 MK3 24 track with remote. Just been

TLA produce top quality audio products that demand your attention.

Value for money + no-compromise design. Call for FREE brochure AMEK S oSl 2828 L eyl oues

serviced by Soundcraft VGC  £5.985

automalion ready. vgc £7,995 Soundcratt 760 2" 24 track MK2 with MK3 transport
Portable 4:2 Professional Mixer £1295 AMEK Mozart 56 frame. 48 ch. Super True Auto updates + autolocate. Just been serviced by
i POA Soundcraft £4.500
Rodabielmixeqfor fiIvidecland ENGIprofessionals. AMEK Mozart 56 frame, 40ch Super True Auto. POA 760 MK1 24 yrack with remote. private use  VGC  £2,995
TLA Power Amps from £575 AMEK BC2 1674 240 way p/ay, fitted 8 mano STUDER
Professional amps with optional plug-in signal processing. VCA Active & 8 stereo Inputs £9.995 Studer ABOO MK2 24 track £11,995
Crossover, Limiters and Remote Control. Also available ST1100 TU DA Studer ABO MK2 16 track, 15/30ips_Studer remote & auto

AMR24 36frame. 28channsls + MasterMix 2 automation Only 1,300 hours use IMMACULATE  £4,800

100watt stereo amp.

E. &OE.

All equipment is used unless otherwise stated & subject to availability. Prices exclude VAT .

POA Studer ABO MK2 with MK3 headbiock £7,995
TLA Mini Amp £299 DCM 232. 40 frame fitted 30 ch p/bay, Studer A827 24 track £19.995
Compact, robust high quality power amplifier. 2 x 200watts automation, private use POA Studer AB2 2 track sterea £295
. . FOSTEX STUDER SPARES
TLA Studio Furniture Fostex 350 8xa prvare use VGC  £235  Studer ABD MK2 16 track head block / £995
Two ranges of quality furniture McI TASCAM
i MC| 4008 40 channels POA Tascam ATR16 16track 1" VGC £3,995
?'ass'f :;ec"zgo EL‘?S st EVE Tascam 38 8 track with DBX £1,250
WO Classt T Neve 8128 32nputs + 4 tx returns POA  3M
Bal Mic/Line inputs Phantom power NEVE SPARES M7 24 track with remote, needs attention. As seen £2,500
337268 Routing Modules £100 3M M79 24 track with remote & XT24 private use.
33757 Routing Modules £100 Immaculate one of the last machines made £5.995
PPM meters with driver boards £50
Stereo PPM meters £150 16 TRACK PACKAGES (used)
VU meters £25 Fostex B16+ remote with
Neve PSU 's £100 Sounduacs MRX32/8/16 £3,995
RAINDIRK Fostex B16+ remote with
Senes 3 26 channel consolewith p/bay 70s Classic N 995 Soundtracs Solo 24 ch (new) £4,500
[l ] Raindirk Concord 28/28, p/oay 995 Tascam ATR16(used) with
i Concord 36/36. Pfoay Just serviced by Raindirk £2 995 Soundtracs Solo 24 ¢h (new) £8.500
g SOUNDCRAFT Studer ABO MK1 16 track with
200 8/4 frame fitted with 4 inputs & 4 groups £495 Soundcrait Series 2 24 input console £3,995
Mlx"‘g consoles Soundcraft TS24 coming soon POA 24 TRACK PACKAGES (used)
The Soundtracs name in synominous with console quality. We stock them ail from the low-cost Soundcraft T$12 32 fr. fitted 24 ch POA goundcrait iAA l)r(aaczl(/e; remote with
SOUNDTRACS oundcratt MR 16 £6,995
Solo 1o the stunning Jade Production Console. Call for FREE brochures Soundtiaus Quartz £8 + pibay 731555 e 0 A 3 T
Soundtracs Solo  From £2,805 to £4,320 Soundiracs Quartz 48, p/bay + Automation NEW  £19,995  Sounderaft 24 track + remote £8,995
16, 24 and 32 frame sizes available offering 48, 64 and 80 inputs.in remix. In-line format with the Soundtracs IL48/32 + p/bay NEW £17.995 Fostex G24S + Allen & Heath 28/16/24 £11.995
addition of 8 floating buses. Automated MIDI gutomamon for above ££3,995 AMEK Angeia 2& chaznne\s, D/bay,"i:/ummat»on with
p oundtracs {L.36/32 11,995 OTARI MTRS0 MK2 24 track + rem/auto £21,995
rn.unng onall ch_annel/monllor inputs. 4 band EQ Megas 32/24/24 only 2 months use. as new £7,500 AMEK Motzart 56 frame fitted 40 chs, auto, p/bay with
with 2 swept mids, 4 stereo FX returns with 2 Soundtracs CM4400 32/24 + pibay £3.995  OTARI MTRI0 MK2 24 track + rem/auto £49,950
band EQ You won't get better guality at this price. Soundtracs MRX32/8/16 £2.995
FME 24/4/2 compact high quality console NEW  £2,500  VARIOUS{used}
Soundtracs Megas .me EZ15I0]E1S 850 Soundtracs Solo Midi 16 ex demo £2,250 Aka S350 with expansion £950
Available in 5 frame sizes with 16 and 24 track STUDIOMASTER Akar AX73 keyboard £150
routing. Programmabie MID! muting and optional Studiomaster 16/8 £495  AKGTDU 8000 2-8 DDL £1.500
Tracmix |l automation system. Best mixer in class! Studiomaster Tracmix 32/12/24 £3.250 Aless.s HR18 £195
TASCAM AMS 1580 1in. 2 out £750
SoundtracsiJadey [kromie26:176t0/£43 631 Tascam MB00 32/16/32 + bantam Pfoay 32 inputs AMS DMXI15 80 chorus int £395
When pros like. Steve Lipson. Paul Fishman. 4 band eq, 8 aux busses + 32 monitors with 2 band eq, 8 Audio Architecture function junc. £95
Charlie Skarbeck, Stevie V and ICC studios all buy aux busses. All inputsfoutputs are balanced £4,995 Audio & Design Scamp rack fitted with
the same console - you KNOW its got 1o be good TRIDENT 4 rebis modules + psu £195
Series 80B 30/24/24 p/bay EQ on monwtors. VGC £14,995 Scamp Rack {empty) £50
TSM 32/24/24, Mosses & Mitchell bantam p/bay £8.995 Bel BF20 mono fianger £195
Bel BD8O mone DDL/Sampler £195
RECORDERS {used! BSS DPA502 Dual Mid: Gate £350

AMS AUDIOFILE BSS DPR402 2ch comp/im inc de esser (2 avail] £750ea
AMS AudioFile WANTED BSS DPR404 4ch comp/im inc de esser (2 avail! £750ea
- - CARTRIDGE TECHNOLOGY Canford Audio 20 pairs video paichbay with lcom £195
Now Avai Ia bl e in the U K - At La st ! Cartndge Technology CT1001 Series stereo replay cart C-LAR Notator SL POA
1 KRK Monitoring Systems from the USA are at last avaiable in the UK machines NEW Normal price £1.800 (3 units only} £495ea DOD R825 stereo compressor £95
' FOSTEX DOLBY PROFESSIONAL NOISE REDUCTION
g" ?, from Audio Warehouse Just check out the popular Model 7000 Fostex G248 itile use IMMACULATE  £4,995  Dolby-SR 2 Dolby 360 unnts fitted with SR cards ~ £936pr
KRK Model 9000 Fostex E16 immaculate WANTED Dolby 280 SR cards (4 avall.} £350ea
Sets new world=<lass standards for compact close field listening. The Fostex B16 with remote £1435  Dolby-AXP24 24 channel unit £1.995
9000's drivers are made from Keviar. The 9" woofer uses a Fostex M80 8 track £995 Dolby-SR XP24 24 channel unit £8.500
! us E2 2 track with CTC €385  Dolby-A M8H £750
COpper wire edge-wound voice coil for increased powenhandhng Fostex 4050 autolocaior £178 Dolby-A XP modutes (8 avaiiablel £150ea
while the Tweeter uses KRK's inverted dome design for very Fostex 4030 + remote £1.250 Dolby A & SR units WANTED
low distortion and exceilent off-axis response M) DRAWMER PROFESSIONAL SIGNAL PROCESSORS
MCi 24 track 2" remote. DC spooling motors Little use POA Drawmer DL221 sterec comp/lim £135
Some KRK users... ! JH110 2 track, 71/2-15-30ips. 1/4" & 1/2 " Hiblocks £1,500  NEW Drawmer DL221 stereo compfim €245
Billy Joel, Sting, The Plant Recording Studios, Paul Fishgan, Bob MITSUBISHI **Special Offer** NEW Drawmer LX20 dual exp/comp £175
Clearmountain. Konk Studios, MCA, Bruce Hornsby and more Mitsubishi X850 32 track digita Phone EMT 140 stereo echo plate £750
. Muitsubishi X880 NEW POA Eventide H3000SE £1,750
e OTARI Eventide H949 £295
Otari MTRI0 MK2 24 track + remote, choice of 2 POA Evenude H310 £195
Otari MX80 24 track with remote, COMING SOON POA Fostex 4011 VITC gen/read Character Inserter £450
Otar MTR12 1/4° TC + spare 1/2" head block £2,995  NEVE CLASSIC AUDIO
=- Ctan MTR12 1/4° £1.495 Neve 2 channel of classic 3 band eq, 1U high 19" rack
MANLEY Manley Valve Technology Mics Otan MX5050 MK2 2 track £495  mounting, mc/ine inputs. phantom power,
Audio WV i for these supel ; USA OTARI SPARES 240/110 volts from £1.295
DesiGuERs AEFERGACE sEes Grehousels Lot tNsouce Rerbicslfiormlie Otan MX80 audio card £250  Neve PPM meters + driver board £50ea
jeulan e Reference Series MX80 32 chan 2 * head block with 8 audio cards  £1.995  Neve VU meters £25ea
L S—— /- Regarded by some as some of the best mics in the Otan CB120B 10 memory time code autolocator Orban §74a stereo para eq £395
world. 3-micron GOLD diaphragms with black plate Ré‘:/’(;";(xec* MTR100 £495 P'ECHBE;?)( . 02 %t
N . way ype terminated to 2 x multiway
design FULL-GAINBLOCK electronics design Revox B77 £495  conmentors NEW  £95ea
CR3-A - A cost effective 48V FET mic for broadcast & general studio ROLAND PPM meters with driver boards
. : s Roland SBX80 VGC £a150 {Neve spec} 12 available £50ea
Baby Tube - Single triode tube. great for close miking SATURN REBIS RACK B x 201noise gates £395
| g S ** Special Offer** Saturn 624 24 track with remote. Roland TRE26 £195
months use 1 years warranty AS NEW £11.995 Roland JX8P + flcase £350

ALESIS

Alesis ADAT digital
In stock NOW at Audio Warehouse. Call for FREE brochure!

Part Exchange your existing multitrack recorder

Want 10 go digital? What will you do with your current multitrack? Don’t wait any longer. You won't
believe the super part exchange deals we've got waiting for you. Just call 0462 480009 and speak
10 our ADAT expert, Mr Steve Gunn.

NE

USED EQUIPMENT WANTED

CONSOLES. MULTITRACKS, OUTBOARD, COMPLETE STUDIO CLEARANCES UNDERTAKEN:

FOR A COMPLETE USED LIST BY POST

CALL 0462 490125 AND QUOTE YOU ADDRESS - We Il get a compiete updated used list out t0 you within 48 hours!l

DIAL-A-FAX 0336 413733

For a complete up to date Iist of our used and new equipment w th prices Please use our DIAL A FAX SERVICE
dial 0336 413733 on vour fax machine and press start when indicated {Calls @ 36p per min cheap rate 48p per min all other times}

TEL: 0462 480009
FAX: 0462 480035

TEVE
GUNN

U s E D TEL: 0462 490125 TONY
FAX: 0462 490126 LARKING

TONY LARKING professional sales ltd, LETCHWORTH,
For New equipment contact Steve Gunn 0462 480009 Fax 0462 480035
For Used equipment contact Tony Larking 0462 490125 Fax: 0462 490126

warenouse

U.K.s Largest stockist of new an used pro sudio equipment.
Delivery ranged warldwide.
o

PRICER

tony Inrkmg professnonal sale‘é
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s we find ourselves in the digital world

of the 1990s, the battle for the quality of

recorded music may well be decided by

factors other than technological
superiority. What happens in the home could
decide the future of the audio recording workplace.
Will home delivery centre on new, innovative music
responsive to the consumer? Or will some
compromise of old and new technologies and record
company back catalogue be accepted as ‘good
enough”?

The battle between Digital Compact Cassette
and MiniDisc may be the deciding engagement in
describing the direction of the audio industry. The
issue that is of such concern to the studio
community is the potential for record company
acceptance of a technologically inferior (to CD)
standard for recording and reproducing digital
audio; albeit in the home. This technology,
common, though in different implementation, to
both DCC and the MD, is that of data compression
necessary to reduce the storage space occupied by
the recorded signal.

It might be sufficient to say that the new
formats will be ‘good enough’. And every indication
is that for the home, the car and for recreation,
they will be very good indeed. The technology and
chips used to reduce the amount of data placed on
the recording medium for DCC operate with 24-bit
precision in 32 sub-bands. The MD system utilises
variable time segments and encoding driving a
200°C laser. Very sexy stuff. The new formats offer
to supply the portable digital audio needs of the
consumer better than anything else to date. But
will they be ‘good enough’ to justify their usage and
influence on other segments of the audio and
recording industry?

The encoding (and some other technologies) used
for these systems is not the same but, generically
speaking, there are more features in common than
not. Both DCC and MD digitise an incoming digital
signal; both then quantise again to code the signal
—Precision Adaptive Sub-band Coding (PASC) in
the case of DCC and Adaptive TRansform Acoustic
Coding (ATRAC) for MD. These protocols utilise
psychoacoustic masking techniques to remove
those portions of the recorded signal that will be
essentially inaudible. By not recording sounds that
would not be heard, the amount of data to be
recorded is reduced (by 75% for DCC and by 80%
for MD).

Much pro audio concern focuses on the limits
experienced by both systems in capturing all of the
information present at the input (analogue or
digital). The effect of increased quantisation noise
inherent in digital recording on reduced-size
formats is also of concern. Designers insist that
masking reduces audible quantisation artifacts to
levels equal to, or better than those on CD. The
possibility for synergistic degradation of signal
quality due to the multiplication of the
quantisation process in making multiple copies
using the same system also is of concern.

For many in the audio community, A&R
practices are also a cause for concern. Most feared
is an extension of the current ‘out-of-studio’
evaluation of a mix or session on home or in-car
equipment. It is controversial today even though it

The new music
formats: good
enough for the pros,
or just the public?

has become commonplace. Philips raised the
Pro-DCC flag at the 1992 San Francisco AES
convention—presumably to capture this studio
‘outboard’ marketplace—although several Philips’
reps in attendance were already discussing the
‘advantages’ of Pro-DCC.

Another side of the argument is presented by the
former owner of a successful recording complex:
“This could, and probably will, mean that each
studio will have to have DCC, MD, DAT and
Dolby S to provide tapes for clients. Each format
will have to be premastered to compensate for the
differences between systems and you will have the
same kind of psychology that dominates the
recording process, in that groups who have used
Dolby SR for their session will want to hear the
results on Dolby S rather than on DCC.

The threat voiced most often by those in the
record companies not directly connected to either
the Sony or Philips digital hardware formats (and
even some who are), is that the concomitant new
software technology could threaten CD. On the
other side of the equation, there is much energy
being expended in evolving a ‘downwardly-
compatible Super CD’. This would offer 20 to 24-bit
quality to enhance the quality of compact disc
without requiring new playback hardware.

The impact of new music formats to be stocked
by record retailers further exacerbates the problem
of insufficient stock held by the mall or high street
record retailer. The single most important change
in the population base (and audience) since World
War II is the aging of the baby-boomers, with their
median age approaching 40. Two-thirds of the
population controlling three-quarters of the
‘disposable’ income are over 30, with significant
percentages over 40, 50 and 60. Yet the majority of
new record releases are focused specifically on the
under-30s. The small stocks of CDs (4000-10,000
on average) carried by mall or high street record
chains who do 80% of the total retail business
mandate that about 80% of their CD titles focus on
their under-30s. They do not have the space to hold
in-depth stock.

It is curious to note that the current ratio of ‘old’
music to ‘new’ or previously unreleased music is
approximately 2:1. This means that for every
record or tape containing new material, two units

‘at least 50% of all
music sold during
1992 was a rerelease’

www americanradiohistorv com

of previously released material are made available.
Some critics think the ratio may be as high as 5:1
or even 10:1. In any case, the assumption in the
record retail industry is that at least 50% of all
music sold during 1992 was a rerelease. That
means the emergence of the two new formats
would most likely see ‘catalogue building’, similar
to that taking place on CD. The impact of existing
back-catalogue release and distribution on studio
time can be seen from the fact that the income
figure for all studios in 1977 derived from recording
projects was about 80% of the total billings for that
year. In 1977, the back catalogue was nowhere as
powerful a force as it is today. In 1992 by contrast,
the figure for recording project time as a
percentage of total billings has moved down to the
25% range.

The duplication industry also faces risks in
embracing one or both of the new formats before a
clear indication exists as to which format has the
legs to go the distance. DCC and MD
manufacturers would prefer duplicators to use
mass storage devices based on dynamic computer
memory rather than any kind of moving-tape
system. There also is significant disapproval of
duplicators using banks of single MD or DCC units
to produce copies—a method still used for copying
analogue cassettes and VHS video tapes. This
requires duplicators to make considerable
investment in duplicating plant for MD and in
equally expensive technology for DCC

Said one investment banker approached to fund
new facilities for DCC and MD technologies: ‘Tt is a
speculative investment at this time. If it were not
for the courage of a few independents and of the
CD system supporters Sony and Philips, plus the
Philips’ relationship with chemical giant Du Pont,
there would have been no successful introduction of
the CD. And there was only one system. With MD
and DCC competing, all that you have from an
investment point of view is a formula for potential
financial disaster if you pick the wrong system!

In the past, consumers have waited for a clear
choice. Nothing could be worse for the various
industries involved. The consumer electronics
market place would see no significant economies of
scale in production to lower retail prices. Record
labels would not be able to broaden their catalogue
for the new formats. Record retailers would have to
reduce stock of existing formats to carry software
for the new systems that would not move off the
shelves. Duplicators would have to accept the high
price of mass duplicating equipment for production
demands that might not justify the investment.
And the recording studio community would
continue to suffer from a frozen audio and record
industry.

The bottom line is that there can be no
compromise with quality or the consumer’s sense of
long-term stability. Consumer confusion over
analogue cassette, Dolby S, DAT, DCC, MD and
CD-R is not ‘good enough’. Let’s not lose sight of
what has been achieved with the analogue cassette;
a standard for the marketplace that has produced
sales of billions of units over the last 20 years. Let’s
support a similar digital standard of prosperity for
the recording industry. B
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ASCOM
MARKETING
ROUP

=L The Home Service tel (+44) 081-943 4949 fax (+ 44) 081-943 5155
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THIS
EQUAI.ISER

SEE YOU AT
AES

BUT DON'T TAKE OUR WORD

"! have found nothing which could not easily be sweetened with it,”
Studio Sound

"| feel that this unit has something genuinely different to offer”
Recording Musician

"There are a number of valid uses and the VITALIZER can fulfill them all”
Professional Sounds

"This is one high quality, great sounding unit. Check it out”  Mix Magazine

“The VITALIZER allows me to equ ullse sounds in a way that none of my existing

Manufactured by SPL (49) 2163 8761 fax (49) 2163 83028

equalisers come close fo matching.” Sound on Sound
“| found the VITALIZER virtually indispensable in fine-tuning my mixes.”
Audio Media

“The best such device | have ever had the pleasure of using.”
Home Studio & Recording

The VITALIZER is a powerful analogue equaliser specifically designed to be compatible with the way

the human ear perceives sound.

International marketing and UK sales

For details of your U.S.A. dealer, contact Sascom: (+1) 416 420-3946

© AUSTRAILIA A&R (61) 2-316 9935 @ CANADA: SASCOM (+1) 416-420 3946 ® FRANCE: (AS (+33) 8777 0000 « [TALY: GRISBY (+39) 828 9230

© JAPAN: TIMELORD (+81) 3-3721 4431 » NETHERLANDS: MASTERBLASTER (+03) 828 9230 » SINAPORE: TEAM 108 (65) 748 9333
© S KOREA: BANDO (+82) 2-784 6364 SPAIN: TWIN CAM (+34) 3-675 5011 @ USA: SASCOM (+1) 416 420 3946

The VITALIZER - first among equals
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DIVIDE AND CONQUER

Sam Wise charts
the mysteries of
the Yamaha D2040
digital channel
divider

he Yamaha D2040 is a self-contained

processing system for multiway

loudspeaker systems, contained in a

two-unit-high, rack or table-mounting,
steel enclosure. Internally, all operations are
performed in the digital domain, while inputs can
be either digital or analogue. Except for the
potential requirement for a '/s-octave or multiband
parametric equaliser at the front, for room
equalisation, everything is provided to align a
loudspeaker: including delay, electronic crossover,
two-band parametric equalisation, and a
compressor-limiter. The D2040 is not the first
digital loudspeaker processor, having been
preceded in the marketplace by the modular TOA
SAORI system. It is, however, cost-effective for
most applications, being less expensive than a
similarly equipped system using a digital delay
plus high quality crossover and some basic
equalisation. In addition, it matches an analogue
system in dynamic range.

The device is essentially stereo, with two
inputs, each having four outputs. Since each
output is electronically identical, this provides
quite a degree of versatility in operation. See the
block diagrams in Fig. 20. Though only two inputs
are provided, the related outputs can be
configured to provide four two-way outputs, or two
three-way outputs plus two additional full-range
or band-limited outputs, or two 4-way outputs.
This is very useful for sound reinforcement
systems as we have found on recent designs.

The D2040 is not only appropriate for sound
reinforcement. It is already in use for three and
four-way studio monitoring systems. In a well
designed room, with well designed monitors, even
extra equalisers are not likely to be required.

The main filter and equalisation effects are

LLL LT

travel. Here we found our fault. Two of the

quite useful. Fig.1 shows a typical four-band
crossover setup, while Figs.2 and 3 indicate the
capabilities of the two bands of parametric
equalisation in each channel. Virtually any
reasonable loudspeaker crossover system can be
implemented with the D2040.

Construction

On arrival, the D2040 appeared to have a fault.
From the left channel input, outputs 1 and 2 were
not properly operational. Suspecting internal
disorder caused by shipping, we examined the
unit’s interior. The top cover is easy to remove by
extracting only seven screws. The bottom cover is
similar. Internally, there is a steel front-to-rear
divider separating the power supply section from
the rest of the electronics, and providing stiffening
for the box.

The power supply is contained on one PCB,
with substantial filtering in evidence between the
mains power supply input and the switch-mode
power supply providing the internal DC power. It
looks like it is designed to meet the new
EMI-EMC regulations in the EEC. The mains
power lead is captive, and as reviewed the unit
has a fixed mains voltage of 240V, The chassis and
internal ground are connected to mains safety
earth. This did not produce any symptoms of earth
loops on our measurement or listening test setups.

A large PCB accessible from the top covers
virtually the entire remaining area of the unit.
This handles the A~D and most digitally related
functions. Removing the bottom cover reveals a
similarly large PCB with the D-A, analogue level
control, regulator ICs for the analogue circuitry
and output amplifiers.

At the front, there is another PCB with eight
motor-driven rotary level controls, a PCB for the
front-panel-mounted, channel-related switches,
and another for the display and master switch
section—this latter resembling many from other
Yamaha products. At the rear another PCB holds
the analogue output connectors.

Most PCBs are made of fibreglass for increased
strength and are thoroughly legended, easing
servicing. All wiring is very tidy, and connected by
multi-pin plugs and sockets. Servicing is easy,
while all PCBs are well braced to withstand

Yamaha D2040—used by Andy Munro in Air Lyndhurst’s Studio 1

connectors linking to the motorised level controls
were hanging off. Once these were pushed back
into place, they appeared to be well retained. We
can only suppose that they were left off or not
pushed fully home on assembly.

Operation

The front panel has five main sections. At the left
are the master switches, level meters and two-line
text display. To the right of this are four identical
sections, each controlling a stereo pair of outputs.
In each section, a cluster of four push-button
switches allows selection of the parameter of that
section which is to be adjusted. These are
self-explanatory, having no more than three menu
selections linked to each switch. Adjustment can
be made individually to either left or right outputs
as selected by master L and R switches. Pushing
both L and R together allows the stereo pair to be
identically set. The first switch allows adjustment
of PEQ (two-band parametric equaliser), and D.ATT
(control of internal digital attenuators from +6 to
-18dB). The next is LiMIT-COMP which controls
ratio, attack time, decay time, and threshold for
the compressor-limiter section. Below is
DELAY-POLARITY which is used to set the path delay
in 21pS steps and to invert the polarity. And last
is FILTER which sets the slope and frequency of the
crossover filters, along with the loss at the
selected frequency. Adjacent to the switches are a
pair of CLIP led indicators, detecting clipping in
the digital processing stages of the channel.

Below the channel-switch clusters are
individual mute switches and output level
attenuators for the left and right outputs. The
attenuators are motor driven and operate on the
analogue portion of the output, therefore they
reduce channel noise as they are turned down.

A FADER LINK switch in the master section of the
D2040, used together with the L and R switches
allows left, right or all channel gains to be altered
together by turning the channel 1 controls. Any
offsets in gain from channel to channel are
retained as gain is adjusted.

When any of the switches are selected, its
function is shown on the alphanumeric display,
and adjusted by selecting the correct
subparameter using left and right PARAMETER
cursor keys in the master section. Adjustment »
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is then made using the UP and DOWN cursor keys. titling for memory settings, software protect mode ~ Fi8:3: ll:?r.ametfxt-.ic fqua(lliser ation of
In use, these are not so nice as the BSS wheel, but ~ (which just prevents alteration due to fiddling but b_ac:;vlvihntl}?g 28R DIELL R e L I
neither is it quite as easy to get confused. is readily overridden), input source and emphasis
Filter adjustments are by numbers, and do not selection, second-meter-feet display of delay CMRR (aB)
give a graphics display of shape. For the purpose, settings, parameter copy, and finally RS485 port 40 =
that is good enough. addressing and baud rate selection. Parameter
The remaining control functions, all located in copy allows settings to be transferred between left S0 e |
the master section, are UTILITY and the MEMORY and right outputs or vice versa, within one output IS0
cluster of controls. UTILITY steps through a large channel only. [T
number of menu selections, being the ‘catch-all’ Operationally, the RS485 interface is somewhat -70 {miom
switch for everything not regularly accessed. It MIDI-like. Each D2040 has two address settings, g0
provides step control of output gains, 16-character  its own local address for receiving information, ’
M -90
MANUFACTURER'S SPECIFICATION ’ |
z el -10020 100 1% 10k 20k
Frequancy Hz)

Fig.4: Input Common Mode Rejection
Ratio

and a remote address to which its front panel
controls can send information. This allows one
D2040 to act as a master, controlling the detailed
settings of up to 31 other D2040s individually, in
groups, or all together. When recall of presets only
is required, 128 program-change numbers are
provided, which can be linked to select any of the
16 internal memories of the D2040. BULK

DUMP allows all internal settings of the D2040 to
be transferred to a remote device.

Electrically, RS485 is utterly different from
MIDI. This is a true serial bus system, where each
device can just sit on the bus. No loop-throughs
are required and therefore there can be no
build-up of delays. In addition, RS485 is a
balanced system and can run long distances given
that the correct cable is chosen. RS485 is the
underlying technology for twisted pair LAN
systems. Unfortunately, as implemented on the
D2040, there is no ‘multimaster’ communications
method provided. In real LANSs, software can
sense bus activity and avoid having messages

collide. For the D2040 no such system exists, so
bus control is crude, but definitely usable.

The MEMORY switches are easy to use, with UP
and DOWN cursor keys used to select a memory P>
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With the recent
technological advances in
the transmission and
distribution of broadcast
sound the accurate
monitoring of signal level
has never been more
critical.

RTW PPM 1130E

Already in service with
many U.K. broadcast
organisations, the RTW
PPM 1130E provides
precise indication of even
short transient peaks on a
clearly readable neon-
plasma display, designed to
BS Standards*.

Information on the
complete range of RTW
Peak Programme and
Phase Correlation Meters
is available, on request,

from Audio Design,

Tel: (0734) 844545

Specify the RTW PPM for portability... for value... in the studio...
1130E and improve your on air... with timecode... in the OB van...

peak viewing! the recorderieditor

*B.S. 55428 Part 9.

Lyree Manubaciuring /S, Box 123 (Milepar
DK-

HITHT T T

Austria: Tel 0223626123 Fax 02236 83223
Belgium: Tel 011 415278 Fax 011 491662
Finland: Tel 90 5664644 Fax 90 5666582
France: Tel 142815047 Fax 142858247
Germany: Tel 06171 4026 Fax 06171 4401
Greece: Tel 01 6475659 Fax 01 3639234
Italy: Tel 039 746815 Fax 039 743422
Netherlands: Tel 020 6141749 Fax 020 6140065
Norway: Tel 02797730 Fax 02796154
Portugal: Tel 01 836112 Fax 01 837481
Switzerland: Tel 01 8400144 Fax 01 8410726
Spain: Tel 91 2507877 Fax 91 4581093
Sweden: Tel 046 320370 Fax 046 320360
UK. Tel 0844 278866 Fax 0844 278810

TH I

I (
N AUDIO 1 DESIGN

Memo +40dB Reset Unit 3, Horseshoe Park,
Pangbourne, RG8 7JW, U.K.
Tel: (0734) 844545

Fax: (0734) 842604
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Fig.7: Tracking of output level
attenuators

number. The description of the contents as set up
in the utility mode, are shown on the
alphanumeric display. RECALL of 2 memory can
take up to 10 seconds, mainly waiting on the
motorised output attenuators to reach their new
positions, but the transition is smooth. A minor
software bug was noticed here. Pressing RECALL
without changing the memory number results in a
momentary alteration in system configuration,
temporarily affecting levels. Pressing STORE asks
for confirmation by another press before changing
memory contents.

There are only two rear-panel controls. Real
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BT
546 6T

‘fiddle’ protection is provided by a recessed
PROTECT switch. This has an Off position which
allows access to all functions; a Memory position
which allows front panel fiddling but prevents the
overwriting of memory; and a Key position which
locks the entire front panel and prevents external
control. In this position, the level controls will
automatically return to set positions if moved. The
other slide switch sets nominal output level
between +4 and -6dB. It actually reduces the level
by 9.6dB in the -6dB position, reducing output
noise by the same amount—therefore maintaining
dynamic range. This is a useful feature.

The stereo input meter is calibrated in dB
below clipping, and is virtually instantaneous
peak reading, displaying the correct level for a one
cycle burst of 4kHz.

Allin all, we found the unit easy to operate
without reading the manual. Only the RS485
information needed to be read before correct
operation could be made. The manual itself is
clear and concise.

Inputs and outputs

All analogue and digital audio inputs and outputs
are balanced and provided on XLR type
connectors, as are the remote control RS485
connections. Analogue input common mode
rejection is shown in Fig.4. Performance is good,
exceeding 75dB at 100Hz. The input clip indicator
illuminates at a steady-state level of 23.8dBu and
a clipping level for 0.3% THD is reached at
+23.9dBu, within measurement accuracy of the
specified +24dBm.

Bd.5

Maximum output level is +23.8dBm (600Q load)
or +24.9 into 100k at 1kHz, more than sufficient
and again meeting the specification.

Crosstalk was measured from each of the two
inputs to their respective channel-3 outputs, using
an 10kHz input level of +20dBu. The result is
crosstalk of -73dB from right to left and -79dB
from left to right. This figure is not specified but
should be adequate for all practical loudspeaker
applications.

Noise and
dynamic range

With all output volume attenuators set to
maximum, and digital gain set to zero, the
analogue input to output gain of the system is
0.1dB with a 100kQ load—in other words, unity
gain. Measuring noise band limited from 22Hz to
22kHz, RMS, unweighted, gives a result of
-88.9dBu with emphasis ON. With a maximum
output level of +23.8, this gives a dynamic range
of 112.7dB, an excellent performance.

Reducing the output level by 20dB using the
output attenuators gives a noise level of
-100.7dBu, retaining a dynamic range of over
100dB. This noise level is due to the output stage
alone, and does not decrease further as the output
level is reduced.

With a digital input of 0dBFS (0dB relative to
full scale), the output level is 23.1dBu. Reducing
this to the level at which many power amplifiers
reach maximum output, say +4dBu, by using the
output attenuators, results in an attenuator »
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Fig.8: A-D plus D-A convertor linearity error
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NO AUDIO TAPE HAS EVER
RATED SUCH INCREDIBLE
RESPONSE

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

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

“The performance is excellent. You can push it
very high indeed, vet it still retains the clarity
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 you can do is get the level right but 996 gives
you far more control over getting the sound right.
It’s the only tape I use now”.

- Chris Kimsey, producer.

“3M 996 knocks the spots off previous-generation
analogue. Recording multi-track at 30ips, with
noise reduction, 996 lets me achieve the kind of
warnmth that’s very hard to get with digital. And the
results are as super-quiet as digital, you just don't
know it's there - what vou put on vou get back”.

- 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 House,
Bracknell, Berhshire RG12 11U Tel: (0343) 858614 Fax  (1344) R58493

996

Audio

3M AUTHORISED AUDIO DEALERS:

ProTape

33 Windmill Street
London WIP IHH
Tel: 071 3230277

Stanley Producetions
{47 Wardour Strect
London W1V 3TRB
Tel: 0714390311

PMD. Magnetics

P.O. Box 19

Avenue Farm
Stratford-Upon-Avon
Warwickshire CV37 0Q)
Tel: 0789 268579

Sound & Video Services (UK) Ltd.

Sharsion Industrial Estate
Shentontield Road.
Manchester M22 4RW
Tel: 061 491 6660

Transco Mastering Services
7 Soho Square

London W1V 5D

Tel: 071 287 3563

P. F. Magnetics

14 Simpson Court

11 South Avenue
Clydebank Business Puark
Clydebank

Dumbarton G81 2NR
Tel: 041 952 8626

Orchid Video
The Latch House
7 Somerville Roud
St Andrews
Bristol BS7 YAD
Tel: 0272 245687

Mastering Tape |
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position of about halfway. With this setting, the
digital oscillator was turned off, and the residual
noise measured as above. The result is -100dBu
with emphasis ON, or -99dBu with emphasis OFF,
giving a typical dynamic range of 104dB, again an
excellent performance.

As mentioned above, the rear panel nominal
level switch gives a 10dB gain range adjustment
while maintaining the dynamic range.

66 Studio Sound, February 1993

/

{

Table 1 gives the full range of noise
measurements to international standdrds, while
Fig.b shows the noise spectrum from analogue
input to analogue output.

Channel phase and
level difference

An important quality of any crossover system is
matching between stereo channels. While it is
easier to match the electronic systems than it is
the two loudspeakers themselves, it is obviously
nice to know that the electronics are not
introducing any problems. In this respect, the
D2040 excels itself. Fig.6 shows a left to right
level and phase difference for channel 3. This is
set to crossover frequencies of 800Hz and 5kHz,
with 24dB/octave slopes. There is a constant phase
error of 0.4°, and a constant amplitude error of
0.03dB.

Introducing a nominally identical equaliser in
each channel, with a 6dB boost with Q of I at
1.6kHz, and a 6dB cut with Q of 7 at 3.2kHz, gives
the second result in Fig.6. Here, the channel
amplitude difference is within 0.02 dB, and phase
goes out by a maximum of 0.7° at 20kHz. This is
superb matching, undoubtedly better than any
analogue system could achieve. It is almost
impossible that anyone could hear a difference
between these outputs due to anything electronic.

Pot tracking

An unusual feature of the Yamaha D2040 is the
motorised output attenuator pots. These come
with an audio taper-track controlling the audio
level, and a linear track which is used to detect
and control the pot rotary position. A usual
problem with audio taper-tracks is that, though
they have the right control law relating position to
loudness for audio, they do not work very well
when supplied as offsetable, ganged, stereo pairs
such as was found on the Fostex PD2. Users will
often try to offset the controls to correct for a
channel imbalance, only to find that the offset is
not at all accurate when the pair of controls are
rotated together to adjust the overall level.
Yamaha make intelligent use of microprocessor
control to overcome this limitation. They have an
internal table or equation which relates the pot
position as measured by the linear track, to the dB
attenuation resulting from the audio track. A little
maths and now the pots can be made to track even
when offset. How well did they do? Well enough to
help a lot! Fig.7 shows the result, where typical
errors are +1dB over a 40dB range compared with
an expected 10dB or more error with mechanically
ganged and offset pots over a similar range. This
may not be perfect, but it is a good compromise.

Convertor

performance

The D2040 has two analogue inputs provided with
19-bit A-D convertors and an AES-EBU stereo
digital input. Selection of these is made from the
Utility menu selected by the UTILITY push button
on the front panel. Since the outputs are only
available analogue (which makes sense until
direct digital power amplifiers become freely
available), there are a further eight D-A
convertors at the outputs, having a specified 20-bit
resolution. In Fig.8, the results of a linearity test
can be seen. Using an analogue input signal, input
to output linearity is superb, being virtually error
free over a 120dB dynamic range. When a P>
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MIXING TO DAT?

Bernie Grundman and fellow engineers, Chris 'In our tests, the Apogee retained more of the

Beliman and Brian Gardner, have earned a . . .
. . ambience and definition... and was discernable all
reputation for excellence. At Bernie Grundman

Mastering a lol of mixes come in on DAT. And a lot the way to the end product, the CD. It brings forth

still come in on 1/2" analog. That's when the highest
maore of the information that was originally intended

quality analog - to - digital conversion is required.
for the CO consumer. We use Apogee's DA-1000E
When it came time 1o equip their studios with

reference A/D converters, Grundman, Beliman, and as our reference D/A converter, and now we've

Griifedaviilpreil TS bt dyilabls, installed an AD-500 in each of our mastering suites.

The unanimous winner...the Apogee AD-500. & : ] —Bernie Grundman

“It's the closest you can get to 1/2" analog."
—Frank Filipetti

"The exclusive Apogee soft limit' feature....just another reason why
I won't be caught mixing without my Apogee's!"
—Bob Clearmountain
“No one who listened to the test could tell the difference between the Apogee converters
and the straight wire."
—Roger Nichols, after holding a converter shoot oul.

APOGEE ELECTRO®NICS CORPORATION

M I X I N G O R M A S T E R I N G tr 7145 DONALD DOUGLAS LOOP SOUTH
PROFESSIONALS CHOOSE APOGEE, SANTA MONICA, CA 90405

PHONE (310) 915-1000 FAX (310) 391-6262
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Fig.15: THD Spectrum with 997Hz
analogue stimulus at +20dBu. Note
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Fig.14: As figure 13 but with 3982Hz
stimulus characteristics

Fig.16: As figure 15 but with 3982Hz
stimulus

digital input signal is used, as shown in Fig.9,
the results are not as good. This indicates possible
limitations in device trimming during production.
There are no visible adjustment facilities for the
A-D convertors, but three are provided for the

D-A convertors. It is likely, therefore, that errors
in A-D linearity are adjusted at the D-A stage.
When an analogue to analogue signal path is used,
this method creates no disadvantage. But, for
digital input signals there is a very minor

CS106+1
Professional Audio Mixer

“STUDIO-QUALITY SOUND,
ON LOCATION!"

See the CS106+1 at
AES-Berlin, Booth #S32,
Ambient Recording

® Jensen input and output transformers

¢ True ppm or vu analog metering.

s Mixer includes comprehensive location sound features.
® internal or external power — low consumption.
= Highest-quality components used throughout.

& Additional mono or stereo input channels available

Cooper Sound

* P&G slide faders. Systems
e Made in USA. San Juan Capistrano
CA 92675 USA

714/248-1361
FAX 714/248-5256

COOPEROSOUND

Ambient Recording
Munchen, Germany
089/651-8535

OS O NUSOC L ARUSGO

FAX 089/651-8558
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performance loss which may result. One may ask
whether linearity errors at signal levels of -100dB
are likely to be heard.

Fig.10 shows the modulation noise created by a
60Hz stimulus tone. If these curves are compared
to earlier reviews, it is clear that the overall noise
level is lower. However, the relative modulation
noise is not as good as the best convertors we have
seen and indicates some nonlinearities. The
overall level of these are so low that audibility is
not very likely, since they are masked by signals
60dB greater.

Distortion

Total harmonic distortion plus noise versus
frequency at a level 0.5dB below clipping is shown
in Fig.11. The peak in distortion shown at about
6.3kHz using the analogue inputs is genuine, and
appears identically on each output channel,
indicating an effect caused by the input circuitry.
This is marginally higher than specified at 1kHz.
When using digital inputs, the result is better,
rising to a maximum of 0.014% at 20kHz.

Using the analogue inputs, Fig.12 shows the
variation of THD+N with input signal amplitude.
The glitch in the curve at about +4dBu indicates
range switching around the A-D convertor,
similar to the BSS dynamic floating window
convertor used on their TCS804 delay unit. The
output D-A convertors showed a similar effect at
about 18dB below full scale. This also confirms the
variation seen in the linearity tests using various
dithering levels, indicating basic convertor
resolution at 16 to 17 bits with some sort of
ranging circuitry surrounding it. The output D-A
is a Burr-Brown device which is specified to
20 bits. Certainly the greatest benefit of these
early generation very high resolution convertors is
the resulting wide dynamic range. Absolute
accuracy has yet to be achieved at a marketable
price.

Finally, Fig.13 shows the distortion spectrum
via the digital inputs from a 997Hz tone, and
Fig.14 from a 3982Hz tone. The latter again
shows the increased distortion evident in the
upper mid-band, compared to lower frequencies.
Fig.15 shows the distortion spectrum from a
+23.0dB input 1kHz sinewave via the analogue
input. This shows a considerable amount of
nonharmonic products which would appear as
modulation noise if it was audible above the
stimulus tone. In Fig.16, the stimulus frequency
is raised to 3982Hz. The generally increased
distortion is again evident, with a burst of noise
surrounding the third harmonic at about 12kHz.
This again confirms deficiencies in the analogue to
digital convertor stage. Although this looks bad on
the graph, the actual levels mean that audibility is
unlikely. IMD tests are similarly good, with
0.001% for CCIR twin-tones at 10kHz, and 0.005%
for a SMPTE-type test.

Compressor action

The last process within the system to examine is
the compressor-limiter response. Here is where we
found some disappointment. Good quality
loudspeaker processing systems may incorporate a
limiter to protect the output device from
accidental overload. Alternatively, they
incorporate some analogue or digital memory and
are placed within the gain loop of the power
amplifier to sense that it is getting uncomfortable
or driving the loudspeaker into predefined danger
conditions. In practice, an overload is most
frequently caused by a temporary and unexpected
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Fig.19: Compressor-limiter dynamic
characteristics. Thresshold +5, attack
time 1.0ms, release time 0.015

feedback, but there are, of course, many other
possibilities, including an overeager sound mix
engineer. The processor is usually there to save
the loudspeakers from either overexcursion
(literally moving too far and tearing itself to
pieces) or overtemperature (resulting in a burnt
out voice-coil).

A good compressor may have a hard or soft
knee, but once the knee is reached things are
definitely controlled in an orderly manner. On
the D2040, something happens, but not as I
would personally like to see it happen. In Fig.17,
the slope is meant to be a constant 1:1, that is
after the threshold, no further increase in output
should occur as the input level increases. With
+15 as a threshold, there is almost no action at
all; reducing the threshold to +10, we get a slope,
with a total gain reduction at +20 of 5dB, but
certainly not a flat slope. When threshold is
wound down further to +5, something
approaching the expected response is achieved.
At a threshold of zero, the response is similar
again, but begins to rise again at levels above
+20. My opinion is that a device like this should
come with a hard knee characteristic,
particularly at higher compression ratios where
limiting is intended. Alternatively, Yamaha »
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YAMAHA D240 Block Schematic

while it makes its internal
adjustments. However, when the
output level faders are controlled,
they are silent in operation so the
audio path is preserved, and good
image position is maintained while
the levels are adjusted. Use of any

other controls in real time
produces an intermittent audible
effect, but nothing which will cause
any harm—the level just
temporarily drops. So, considering
that the D2040 is really a
presetable loudspeaker crossover
with optimised output level

adjustment, there are no side-

effects worth considering.
Listening via the analogue

inputs and their A-D convertors,

Fig.20: Block schematic for Yamaha D2040
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there is a change in the quality of
sibilants and the bass seems to
reduce in body compared to the
direct digital inputs. If we had
more time it would be interesting
to try to quantify these apparent
effects, since, though the ear is the
final arbiter, it is notoriously
fickle. Certainly, without a direct
comparison, it is unlikely that I
would be aware of any change in
quality due to the input convertors.

Summary

The Yamaha D2040 is a well-
designed and thought out addition

could make the knee characteristic selectable. On
a loudspeaker processor, I want to know exactly
where limiting will occur, to allow the loudest
sound levels while protecting my loudspeakers.

Slope adjustment is more correct, as shown in
Fig.18, where slopes range from 1:1 to limiting.
Dynamically, the unit also operates as required.
Fig.19 shows the response to a sinewave burst
input signal. Attack is fast enough to protect
loudspeakers from heating problems, while
overexcursion may still be possible, but at least
not repeatedly.

Unfortunately, there is no indication of
compressor operation at all, so to get an idea of
what is happening, further instrumentation is
required.

The sound

Unfortunately, we did not have a multiway
active-type loudspeaker in our lab at the time this
review was written. Therefore, we were unable to

compare alternative processors or crossovers. But
we were able to listen to the basic characteristics
of the device, convertors, dynamics and equalisers.
Initial listening tests were made using the digital
inputs direct from a CD digital output.

The compressor does its job, but when active
produces a stridency and thinning of the sound
when used with a full-range loudspeaker on the
output. This seems evident regardless of slope or
threshold settings. When the signal is below the
threshold, there is no audible effect. If the
compressor section is only used as loudspeaker
and power amplifier protection, there will be no
audible effect on the output signals.

Maximum signal delay is over 1.4 seconds, and,
of course, the left and right outputs from one
channel can be offset to produce some very strange
effects. However, as soon as left and right
parameters are linked and the delay or any other
setting (except output level) are changed, the left
and right outputs are made identical again.

When a memory is recalled, the unit mutes

to a relatively small collection of
adaptable loudspeaker processors. It will certainly
find use on systems installed for performing arts,
and also, if the loose connectors prove to be a
fluke, for hire company use, since many
loudspeaker configurations can be stored. When
driving larger and more complex systems, the
D2040 is very cost-effective.

As a crossover-processor for studio monitoring,
the requirements are sometimes more stringent
on sound quality. My guess is that any
imperfections in the D2040 will be inaudible
compared to other crossover-processors in use, so
many will find that the D2040 brings a significant
improvement to their systems at modest cost. l

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.

www americanradiohistorvy com

® KEYING

@ DUCKING
®DUAL STEREO
OPERATION

® ATTACK, HOLD
AND RELEASE

TELEPHONE

(0428) 658775

for Brochure & Mail Order information.
AUDIO MARKETING GROUP, 2 HIGH STREET, MASELMERE, SURREY, GU2T 3RJ FAX:

(0428) 858438


www.americanradiohistory.com

A E S

94th CONVENTION
B ERLIN

1993 March 16-19

ICC : International Congress Centre
Messedamm 22 - D 1000 Berlin 19



www.americanradiohistory.com

CLASSIFIEDS

Please call Peter Turberfield for
Rates & Details 44 (0) 71 620 3636
The attention of advertisers is drawn to
““The Business Advertisements
(Disclosure) Order 1977", which requires
that, all advertisements by persons who
seek to sell goods in the course of
business must make that fact clear.

All job advertisements are bound by the
Sex Discrimination Act 1975.

Advertisement copy must be clearly
printed in block capitals or typewritten
and addressed to: Peter Turberfield,
Studio Sound, Spotlight Publications
Limited, 8th Floor, Ludgate House,
245 Blackfriars Road, London
SE1 9UR.

F’%—‘_- ~Sepvices ————

Digital and analogue editing
mastering. Duplicating of any
format including

One-off CDs from £19.90
Also CD testing. custom wound
blanks and voice-over recording

Ref $8591, 13a Hamilton Way
London N3 1A

Tel: 081-346 0033

Fax: 081-346 0530

jbs records

MUSIC-SPEECH-DATA
REAL-TIME/HIGHER-SPEED Quality Cassette
Duplication snd Blapks from 1-10680. Compater prmied

Labale Sobo, V4 veal, Seny Belamax oo R-DAT recardeng
Fast Securiiy Dalivery servsce
FILTERBOMND LTD, ybs records div, FREEPOST
19 SADLERS WAY, HERTFORD, SG14 28R 0882-500101

(

———RenmaL

[ EUROPE AUDIO RENT ]
the no. 1 pro audio rent on the continent

We rent out analog and digital multitracks (4-8-
16-24 tracks), consoles, mics and all modern
outboard equipment. Also samplers, soundmodu-
les, DAT {with timecode), U-matic, synchronizers.

New: Sony 33248 - ring for our competitive prices

PHONE HOLLAND (31) 3465.70670 -+ OR Fax (31) 3465.72707

C G )

HIGH SPEED HIGH QUALITY LODP-BIN
DUPLICATING BY SAL TAPE SERVICES

[COLAY A
REEL F:lEl{‘-'lH

QuALITe
CASSFTTES
IEC

F! PCM DIGITAL

TAPELINE

Blank & Duplicated
Cassettes

New Tapematic Loop Bin
Duplication & Loading
High Spec Professional Bin
b Mastering

* 120 x Real Time Duplication
# Ferric & Chrome Cassette supplies
» Printing & Pachaging, cases & accessories,

FOR HIGH PERFORMANCE CASSETTES

CALL 061-344 5438

Tapeline, Unit 2, York Works, York Street
Audenshaw, Manchester M34 SHD

PRO AUDIO REPRESENTATIVE
REQUIRED

Due to our continued expansion programme, we
have a vacancy for a technically qualified
person with good communication skills to liise
with engineers and consultants in the broadcast
and studio market.

Area: Midlands/North of England/Scotland

Product range: AKG/Orban Optimod/DBX/
Apex/Carver

Please apply in writing enclosing c.v. to:
AKG ACOUSTICS PLC

VIENNA COURT, LAMMAS ROAD,

GODALMING, SURREY GU7 1JG

F————LmEacE ———
2 x 4 QUAD I AMPLIFIER with QCII control unit
(valve), 2 X electrostatic speakers. Nakamichi 582
cassette desk. Garrard 301 with 13” SME arm. All
working and good condition, will split. Tel: 9 am-5
pm 0586 627355.

ADAMS-SMITH USERS. Are you getting the best
from your system? Hardware/software sales/advice:
used equipment: John Didlock (0406) 22865, Fax:
(0406) 25299.

ForSacE

NS

L

and Recall

NEVE VR72 (1989) CONSOLE
with Flying Faders

OFFERS INVITED

Phone: 44-81-891-3903
or Fax: 44-81-891-5932
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nick ryan
The Old Barn,
Barden Road, Speldhurst, Sounds
tel: 0892 8451099 Kent, TN3 OLH fax: 0892 863485 incorporated

DDA DCM232. fitied full DDA auto

30 chs in 40 frame, 3 5 yrs old. immac.£26,500
DDA AMR24 28chs, auto, 1989, £25,000
DDA AMR24, 52 chs, Optifile, 1988, . £55,000
Trident 80B. 56 chs, 1989, immac,. £35,500
Trident Vector, 56 chs. auto, vig.c.. . CALL
Amek Mozart, 56 frame fitted 48 chs

patch. Superlrue auto, 1989, v.g.c.  £41,000
Amek Mozart, 56 frame fitted 40 chs,

patch, SuperTrue auto, 1989, v.g.c.  £37,500
Amek Mozart, 40 frame fitted 26 chs,

& 6 stereos, 1990, automatn.immac, £33,000
Amek Hendrix. 1991, 32 chs, auto... £26,500

Complete mobile truck. Amek 2520

Otari MTROO mikit+ Dolby XPA24, 1987 £52,000
Complete Cutting Room, DMM

VMS-80.all you need, ready to go.  £29,000
Studer Dyaxis. .5 hour stereo,

includes Mac IICX, latest software. . £12,750

Microphones, various, CALL
Westiake BBSM 10 monitors £1,300
AMS 15/80S, 9.2+3.2, harm, D glitch, £1,925
Dolby XP A 24 rack. £2,750
Dolby XP SR24 rack £8,650
Lexicon PCM70, digital reverb.. £995

TC 2290, multi FX unit (2 availiable). . CALL

WHETHER YOU ARE BUYING OR SELLING. CALL ME

Mitsubishi X-880, 1992 immaculate, . CALL
Sony 3324, 1987, low hrs. 2 available. CALL
Soundcraft 760 mkiit, rem & aufo,... CALL
Otari MTR 90 mklt. rem & auto...... CALL
Sony/MCI JH24. 1988, low hours..... CALL

SSL4040E+G computer, 1983, . £64,750
SSL6048E+G computer, 1984,.........£86,000
SSL 4056E+G computer, 1985, . CALL

SSL 4080G . 72 chs, Ultimation, 1992, CALL
Neve V3, 60 chs, Flying Faders, 1989, CALL

Neve 8108 48chs, auto, v.gc... .. CALL
Neve 8128, 32 chs, VCA automation CALL
Neve VRé0, 48 chs, 1991 . CALL

NEW PACKAGES COMING IN SHORTLY, CALL ME FOR THE MOST UP TO DATE INFORMATION

Vo

r 4

EAST MIDLANDS AUDIO

STUDER-REVOX
NEW AND USED SALES
SERVICE - SPARES

APPROVED CONVERSIONS
STUDER A62 B62 SPARES

STUDER ABO MKIi 16 TRACK 15/30IPS.................... £8,000
STUDER C37 STEREQ VALVE 7%/15IPS........... ............£1.000
STUDER B67 STERED THREE SPEED.........
STUDER B62 TWO TRACK 7%/18IPS.....
REVOX A700 THREE SPEED.........
REVOX A77 MK IV HIGH SPEED
REVOX B126FS CD PLAYER....
STUDER A725 CD PLAYER.........
REVOX B215 CASSETTE DECK...........
REVOX 8710 MK Il CASSETTE DECK..
REVDX €278 EIGHT TRACK (new).......
REVOX PRS3 BROADCAST HS. Ex dem..
REVOX PRS9 MK ui, HS. Ex Dem.......
REVDX €221 PRO CD PLAYER (New)
REVOX C279 SIX INTO TWO DESK (New)......
STUOER 0740 CO R RECDROER {New).......
STUDER A730 PRD CD PLAYER {New).
STUDER ABD7 MK Ii {New! from
STUDER D780 R DAT (New!.
REVOX PRSY MK il HS (New
REVOX B77 MK Il HS (New).. .
REVDX €274 FOUR CH (New) ..................................... fl 930
ALL PRICES PLUS VAT

1

Wit

Lockwood Audi)

Tel 0812207 4472 Fan: O81-207 3243
WE BUY AND SELL
NEW USED AND VINTAGE
SPEAKERS, DRIVERS,
CABINETS, PARTS
SPEAKER REPAIRS
The

Authorised w specialist

TEL 0246 275479
FAX 0246 550421

We can rediice your telecommunications
spend al no cosl to your company!

We can also advise on all aspects of your
nlu.mnmummumtﬁ

Through associales we can cut your energy
and phatocopying cosls.

We can also ofter a cost saving alternative to the
traditional computer maitenance contract.
Call Roger Gould now for a free, no |
obligation consultation. %

.
*
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S

Communications Management Services

CMS House, 46 Pheasant Wood Drive,
Thornton, Cleveleys, Lancs FY5 2AW

Vajor Credit Cards welcome
Imperial Studios, Maxwell Road,
Borehamwood, Herts WD6 1WE

THE CASSETTE DUPLICATING SPECIALISTS
Real time & high speed loop bin duplication,
printing & packaging. Blanks wound to length

TEL: 061-973 1884

FOR ALL YOUR RECORDING NEEDS
AMPEX - BASF - MAXELL - JVC
AUTHORISED NATIONAL DISTRIBUTOR

Spools, boxt.s bladcs )In ing and leader tape, Custom
v\oundu.wl es C labels, library cases and cards.
Bulk audio C-Os, u.\(,\ pancake. Broadcast cartridges.

Shentonticeld Road
,j\ h’ | Sturston Ind. Estate
AN gy Manchester M22 4RW
SOUND AND VOGO SERVICES 141 081191 6660

TeliFax: 0253 863552

BEAUTIFUL 24/48 TRACK, STUDIER API

STUDIO located on 50 acres in the Redwoods of

Northern California ncar Mendocino, 2% hours north
of San Francisco. New 4000 sq ft building with
kKitchen, 2 bedrooms, 2 baths. sateilite TV lounge,
2,500 sq ft of studio plus cabins. Commercial business
or ultimate private studio. Call (707) 937-0436.

FOR QUALITY, PRICE AND SERVICE

THE COMPLETE

SERVICE.....
.D'IR-E-C-T-

Compact Discs

Digital Cassette Duplication
Full Pre-Mastering

1630 with 32 Bit DSP
Editing, PQ Codeing
Restoration De Click

One off CDR's

Copy Masters
Print/Reprographs
Free Quotations

Make it with us
We make the hits

S5

MARKET LEADERS
= 081-446 3218 LONDON
= 0480 61880 CAMBRIDGE

QUALITY MASTERING AND DUPLICATION.
Audio/video post-production and synchronisation.
Worldwide video transfer and copying. and quantity.
While-you-wait service. 24 hours, 7 days a week.
GW.B.B. Audiovision 071-723 5190.

IVIE ANALYSER SERVICING & SALES. Contact:
Sound Products. PO Box 91, Newport, Gwent, NP9
IYP. Tel: 0633 252957. Fax: (633 252958.

NEW TAPE HEADS SUPPLIED FOR MOST
MAKLES, TAPE HEAD RE-LAPPING/RE-
PROFILING. Same day turn round. Head
technology. Il Britannia Way, Stanwell, Staines.
Middx. Tel: 0784 256046.

CASSETTE DUPLICATION — Second 0 Nonc.
Simon Stable Promotions. Lyree Loop-bijn. On-body
printing. Shrink-wrapping. Blanks wound to length.
Sample ape availuble. Tel: 0869 252831,
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AMEK . 18C
Aphex ..oBC
Audio Technica a2
Audi Kinetics 34
Ampex 43
Apogee 66
Audio Marketing Group 70
AES L7
Behringer 36 & a7
Coach 50
nd .68

Dynaudlo “Acousiics .26
Dolby 30
Digidesign .35
D&R Electronica as
Deltron ... . e e, 44
Data Conversion Systems .56
EAW 20
Fairlight a9
Future Film Developments .50
Ghielmetti . .32
HHB Communications 13, 24, 25
Hayden .55
Home Service .60
HW Inlternational L2
JBL 53
KRK . a2
Larking Professional Sales .58
Lexicon 22 & 23
Lyrec .63
am 65
Neulrik 48
NTP 15
Penny & Giles Lz
RTW .63
Soundcraft IFC
Sohd State Logic L..4
Sound Technology 68& 7
Studio Audio Video .10
Sennheiser 18
Studer 29
Stiring 40. 41, 56
L A e e A 50
Surrey 54
Scho 69
T. C Electronics 45
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y recent ‘Craft’ column

on the subject of studio

politics (the relationship

between engineer and
client) drew a lot of comment. Some
asked for the answers to the real-life
examples of potentially difficult
situations I used, but these are not
really that useful. Firstly, many do
not have answers—they were, in
retrospect, handled wrongly at the
time. Secondly, without knowing the
personalities involved, it would be
wrong to suggest solutions.

For example, look at one of the
simplest cases: the client whose
expensive multitrack session tape
was deposited down the side of the
multitrack when the take-up motor
died unnoticed at the start of a mix
session. The first action is to recover
the tape safely and inspect it. For this
you need several quiet minutes to
manually rewind it with great care.
How you gain this time depends on
the client’s personality. Some clients
might accept a motor failure on an
otherwise well-maintained machine
as a fact of life and help in recovering
the situation. Others might be more
like the client in this case—a
producer barely more than ‘a bad mix
away from a nervous breakdown’. It
would have been detrimental to
everyone and everything if he had
been openly informed of the facts.

The tape operator actually noticed
the problem as the tape neared the
end of the track and managed to pass
a note unnoticed to the engineer. The
engineer decided to remove the client
from the room on a very flimsy excuse
—something akin to a comedy farce,
like showing him a new coffee
machine. The tape was swiftly
rewound undamaged, and
maintenance called. When the client
and engineer returned, they found
the technician under the deck and
was told that the deck had not been
handling properly and—rather than
rigk the client’s tape—the tape
operator had called in the technician.
Result: praise all round. And while I
do not like the idea of deceit, there
are times when a distraction saves
much grief.

One of the most difficult sides of
engineering to acquire expertise in is
this relationship with clients in
general. How sympathetic should you
be to their indecision? Should you
insist that a certain sound is correct
for its situation or agree to try
alternatives and use up lots of studio
time? If the client is experienced
enough to know that you really
cannot fix everything in the mix, then
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How to handle the client
—or perhaps not

the correct position to take would be
somewhere between the two
extremes: ‘Okay, let’s just try one
more mic position’. In some cases,
being flexible can be construed as
inexperience, just as being ‘over
flexible’, certainly is.

When to call in the maintenance
team during a session is another
frequently misread sign. If you call
them at the first sign of trouble, then
you introduce frequent intrusions
from the creativity-dampening
multimeter and soldering iron; the
studio gets a bad reputation for
repair and you gain the reputation of
not being able to do anything without
calling in the technicians.

If you decide to take a good look at
a fault before calling for help then
you can be accused of time wasting,
again slowing the creative
atmosphere and generally working
against the session. A catastrophic
failure is one thing but it is probably
better to work around a smaller fault
until a session break.

Often it is the client’s wish to try
an undue range of experiments which
the engineer already knows will prove
stressful to both sides. The client will
not feel happy until he has explored
every possibility and the engineer
knows that in 24 hours time no one
will tell the difference. Over-long
sessions can prove stressful all round
unless the engineer is in-tune with
the client—everybody should be able
to handle an overdub session of this
type, but a six-month album session
requires a special sort of person.

Then comes the problem of the
degree to which you let the client get
involved in the engineering. While
there are cases when you wish they
would keep their fingers to
themselves, real involvement in EQ

selection for example can be very
helpful in the creative process.
However, anyone fiddling with
equipment when you are not aware of
it is trouble. The real problem is ‘idle
fingers’, and it is here that the studio
recreation room pays dividends.

On one occasion, I had to replay a
Yeinch mix on an old Telefunken
machine. It was one of those with the
built-in editing scissors that unfolded
swiftly and snipped the tape when an
‘innocent’ knob on the head block was
pushed lightly. The inevitable
happened in play mode and quite a
lot of damage was done to the tape.

A much-mentioned technique,
although I believe only in jest, is to
give the idle hands ‘dummy’ faders to
operate—faders with no signal
running through them. This is only
really to be considered in the same
sense as letting a novice drummer; in
on the ‘secret’ that real professionals
hit the kick drum by hand with a
boxing glove rather than the beater!
Far better is the use of spare hands to
keep a mix log of the musical
differences between takes. More
creative input can come from
operating a fader with a fine
adjustment capability on an existing
mix channel signal—split the signal
through two faders, one providing
most of the signal and the other
under idle fingers control having a
little gain and little damage
potential.

Some ideas of the client are
certainly worth indulging. If a
musical producer suggests recording
a particularly instrument in a specific
acoustic situation, they may be right
no matter how odd or inconvenient it
may seem. On helping the tape
operator carry some sessions tapes to
the tape store, the producer notices
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that the small room acting as the
short-term store is wood panel lined,
including ceiling and floor. Although
nothing was said at the time, the next
session was booked with the request
to record piano accordion in the tape
store. Despite the complaints of those
who had to move and replace the
tapes thinking it was a typically daft
idea, it wasn't. The effect was a
massively reinforced sound, thick and
almost a complete track by itself.

Less effective was the
non-musician producer charged with
producing a slightly country-tinged
album. He had spent days listening to
country albums for inspiration. The
day before the session he rang up
asking if we knew how to get the
‘Nashville Sound’, a perceived
separation between the instruments
giving a feeling of space and air
around the instruments. We promised
that we would consider what we had
to do to achieve what he wanted.
Discussions in the studio concluded
that the ‘secret’ was simple: great
sounding instruments, superb
musicians, sympathetic recording and
an intuitive approach to playing that
left musical space in the
orchestration, all adding up to an
‘airy’ quality.

The producer, however, was
convinced we were missing a trick
and [ think that there would have
been nothing we could have done to
change his mind about the feasibility
of his intentions. This studio was
below ground level and he had some
idea that you needed daylight to
make it work!

There comes a point, however, on a
stressful session that you have taken
about all that you can for a single
day. A story came to light about an
engineer who had just finished a
particularly difficult session having
worked a continuous 36 hours. He
was exhausted but there was no sign
of the clients doing anything other
than this at this very session. The
studio manager was unsympathetic
— the extra income was doubly
welcome in a period of slack bookings.
The engineer appeared the next day
far more cheerful and ready for his
session. The studio manager chuckled
thinking that it looked like the
engineer’s complaints had been
overcome. Even the engineer was
smiling as he sat behind the only
recently vacated board.

Only he knew that deep in the
machine room was a mains supply
timer switch sitting across one of the
console power supplies! B

ILLUSTRATION: CARL FLINT
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